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Preface 
A warm welcome to Greece, to Kos, Dodecanese, and to the 4th International Conference 
and Exhibition on Underwater Acoustic Measurements: Technologies and Results. 
The first two conferences in 2005 and 2007 were organized in Heraklion Crete, at the 
facilities of FO.R.T.H, and in 2009, we moved the 3rd UAM conference from Crete to 
Nafplion, Peloponnese in order to give the participants the opportunity to visit sites of 
ancient civilization in Peloponnese. 
All three conferences were indeed very successful in terms of high quality papers and 
number of participants. 
In the present Proceedings, there are 246 papers; among them a very large number of 
papers with significant contribution to the field. 
We have maintained the format of the third conference with 20-minute presentations for 
both invited and contributed papers, including time for questions. There is only one 
plenary session which enabled us to fit more papers in a 4-day conference. 
It is clear that the success of all four conferences is due to the efforts and hard work of the 
Structured Session Organizers and their invitees and we are grateful to them. 
We would also like to thank the Office of Naval Research Washington and Office of 
Naval Research Global for their continuous support in all three conferences.  
Finally, we would like to thank the Scientific Committee members for their helpful 
suggestions and advice. 
We would also like to make a preliminary announcement for the 5th International 
Conference and Exhibition on Underwater Acoustic Measurements: Technologies and 
Results during the last week of June 2013, to be held at a place somewhere in Greece to 
be decided later.  
 

John S. Papadakis and Leif Bjørnø 
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THE EFFECT OF LAYERING ON ACOUSTIC PROPAGATION 
OVER CALCARENITE SEABEDS 

Alec J Duncan a,   Licheng Lu b 

a Centre for Marine Science and Technology, Curtin University, Perth, Western Australia 
b Key Laboratory of Underwater Acoustic Environment, Institute of Acoustics, Chinese 
Academy of Sciences, Beijing, China 

Alec J Duncan, CMST, Curtin University, GPO Box U1987, Perth, Western Australia, 
6845.  A.Duncan@cmst.curtin.edu.au. 

Abstract: Calcarenite is a relatively soft limestone formed when sediments rich in calcium 
carbonate are exposed to fresh water during periods of low sea level, and has a shear 
speed that is typically slightly lower than that of seawater.  This results in acoustic 
propagation over sediment starved calcarenite seabeds, such as much of the Australian 
continental shelf, having some unusual properties.  Previous investigations have focused 
on uniform calcarenite seabeds with or without overlying unconsolidated sediment, 
however in practice these seabeds often comprise multiple layers of calcarenite with 
distinctly different properties.  The purpose of the work reported on in this paper was to 
investigate the effect that this layering has on acoustic propagation, with the ultimate 
application being to geoacoustic inversion of seabed properties from water-column 
acoustic measurements. 
 
Keywords: acoustic propagation, shallow water, elastic seabeds, geoacoustic inversion 
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1. INTRODUCTION 

Much of the Australian continental shelf consists of a soft limestone called calcarenite, 
overlain by a thin veneer of unconsolidated sediment [1]. In many locations the 
unconsolidated sediment is less than a metre thick, and it my be absent altogether. 

Calcarenite typically has a shear speed slightly less than the in-water sound speed 
leading to strong coupling between sound waves in the water column and shear waves in 
the seabed, which in turn leads to a very low reflection coefficient at grazing angles from 
just above zero to just below the seabed compressional wave critical angle (Fig. 1). 
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Figure 1.  Magnitude and phase of the reflection coefficient as a function of grazing 
angle for a notional calcarenite seabed. 

 

Previous work [2] has shown that, in shallow water, the sharp peak in the reflection 
coefficient curve at the critical angle (just over 50 in Figure 1) gives rise to narrow bands 
of low transmission loss at frequencies for which the grazing angle of a water column 
mode at the seabed corresponds to this peak.  Experimental data [2] shows some evidence 
for this phenomenon but generally has broader peaks than predicted by this simple model.  
This observation has motivated the current study which investigated the effect that 
layering in the calcarenite would have on the observed transmission loss and whether this 
could explain the observed broadening. 

2. THEORY 

For an isovelocity water column, the normal modes correspond to solutions of the 
following characteristic equation [3]: 
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where mzk ,  is the vertical component of the water column wave vector for mode m , 0h  
is the water depth,   is the phase of the seabed reflection coefficient, and 2,1m  is the 
mode number. 

To a first approximation, and in the absence of scattering losses, the modal attenuation 
is proportional to R1 , where R  is the magnitude of the seabed pressure reflection 
coefficient [4].  Acoustic energy that propagates to long range is therefore associated with 
modes that satisfy (1) at grazing angles for which R  is close to one.  For an elastic half-
space seabed the phase of the reflection coefficient is zero at the compressional wave 
critical angle,  10

1 /cos pc cc , which for calcarenite also corresponds to a peak in the 
reflection coefficient magnitude (Fig 1).  In this case the reflection coefficient curve is 
independent of frequency and it is straightforward to show that mode m  will have this 
grazing angle at a frequency given by: 
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where 0c  is the water column sound speed and 1pc  is the seabed compressional wave 
speed. 

For a seabed comprising several similar elastic layers the situation is more complicated.  
In the two-layer case there are two compressional wave critical angles, one corresponding 
to the upper layer compressional wave speed, and the other corresponding to that of the 
lower layer.  Between these two angles compressional waves penetrate the upper interface 
but are totally internally reflected from the lower interface.  In this angle range there is 
very little reflection loss at the lower interface due to compressional to shear-wave 
conversion because of the large mismatch between 1pc  and the shear speed in the lower 
layer, 2sc .  The result is that a high proportion of the incident acoustic energy that 
penetrates the upper interface ends up being transmitted back into the water where it 
interferes with the sound reflected directly from the seabed, giving rise to a series of peaks 
and troughs in the reflection coefficient vs. grazing angle curve.  (The shear wave in the 
top layer provides another mechanism by which acoustic energy can reappear at the 
seabed, however when the layer shear speeds are similar, as they are for calcarenite layers, 
there is a high reflection loss for shear waves at the lower interface.) 

To illustrate this effect, the program BOUNCE [5] was used to calculate reflection 
coefficient vs grazing angle curves for a two-layer elastic seabed with the parameters 
given in Table 1.  The results are plotted in Figure 2 and show that although the positions 
of reflection coefficient peaks and troughs are frequency dependent, the angular region 
containing the peaks is bounded by the two critical angles. 
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Layers Water  Layer 1 Layer 2 
Thickness (m) -- 10 ∞ 
Compressional wave speed (m/s) 1500 2400  2800 
Shear wave speed (m/s) -- 1200  1400 
Density (g/cm3) 1.024 2.4 2.4 
Compressional wave 
attenuation(dB/λ) 

0.0 0.1 0.1 

Shear wave attenuation(dB/λ) 0.0 0.2 0.2 

Table 1.  Two-layer seabed parameters  
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Figure 2.  Reflection coefficient magnitude vs. grazing angle for the two-layer 

calcarenite seabed specified in Table 1.  The different curves correspond to frequencies 
for which the upper layer has thickness of 0 wavelengths (blue solid), 0.83 wavelengths 

(red dotted), 2.50 wavelengths (green dashed), and 4.17 wavelengths (magenta dot-dash).  
Vertical dashed lines correspond to the compressional wave critical angles for the upper 
layer (51.3) and lower layer (57.6).  Lower plot is an expanded view of the upper plot. 

 
For the two-layer seabed, the frequency dependence of the reflection coefficient makes 

it difficult to determine the frequencies at which there will be modes with low attenuation, 
however as a first approximation the bounds of the band containing these frequencies can 
be estimated by using (2) for the upper bound and the same equation with 1pc  replaced by 

2pc  to determine the lower bound. 
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An analogous argument applies when the seabed consists of more than two elastic 
layers - the detail of the of the reflection coefficient curve becomes more and more 
complicated as further layers are added, but the boundaries of the angular region 
containing the low-loss peaks are ultimately determined by the critical angles 
corresponding to the lowest and highest compressional speed layers returning significant 
energy to the water column.  These critical angles then relate to the limits of the low 
transmission loss frequency bands through (2). 

3. APPLICATION TO GEOACOUSTIC INVERSION 

The above discussion suggests that if the upper frequency edge of one or more low 
transmission loss bands can be determined from measured data, then 1pc  can be estimated 
by rearranging (2).  For this to work, the thickness of the top layer would need to be at 
least a substantial proportion of a compressional wave wavelength.   

In a similar way, the lower frequency edges of the low transmission loss bands provide 
information about the highest speed layers that are returning significant energy to the 
water column, and again can be deterministically related to the compressional wave speed 
through (2).  Seabed attenuation increases with frequency, so the lower band edges 
corresponding to the higher order modes would be expected to be due to shallower layers 
than those corresponding to lower order modes which may provide a means of mapping 
layer sound speeds with depth. 

An initial study was carried out using signals recorded using a bottomed hydrophone 
during a commercial seismic survey off Dongara, Western Australia [2].  

Recorded signal spectra were calculated in 1 Hz bands, corrected for the source 
spectrum and cylindrical spreading, and then averaged over range.  The resulting spectrum 
is plotted in Figure 3 and shows sharply defined band edges for the peaks corresponding 
to the two lowest order modes. 

 

Figure 3.  Range averaged received signal spectrum. 
 

The sound speeds given in the figure were derived from the band edges corresponding 
to the lowest order mode.  The wavenumber integration model, SCOOTER [5] was then 
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used to reconstruct the transmission loss as a function of range assuming a two-layer 
seabed model with the measured compressional wave speeds, shear wave speeds equal to 
half of the corresponding compressional wave speeds, an assumed layer thickness of 
200m, and other parameters as per Table 1.  The modelled results are compared with 
measured data in Figure 4. 

 
Figure 4.  Measured (left) and modelled (right) transmission loss as a function of range 

and frequency.  Broken and solid horizontal lines are the lower and upper band edges 
computed using (2) and  the sound speeds given in Figure 3. 

4. CONCLUSIONS 

Layering in calcarenite seabeds appears to be able to explain the line broadening 
observed in experimental data, but this does not rule out the possibility that other effects, 
such as variations in water depth, may also contribute.  The physical insight that this study 
has provided opens up the possibility of directly determining some seabed properties that 
may then be used to constrain more conventional geoacoustic inversions. 
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SEAFLOOR INVERSION FOR SHALLOW OCEANS USING 
BROADBAND ACOUSTIC DATA 

Adrian D. Jonesa, and Paul A. Clarkea 
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Adrian D. Jones, Maritime Operations Division, DSTO Edinburgh, P.O. Box 1500, 
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adrian.jones@dsto.defence.gov.au 

Abstract: A method is described by which the spectral statistics of transmission in a 
shallow ocean may be linked, directly, to an assumed description of the seafloor 
reflectivity, thereby providing an inversion technique which may be shown to be quite 
robust.  The technique is quite general in that the source waveform may be either 
impulsive or quasi-continuous.  The product of the inversion is the slope, F dB/radian, of 
the bottom loss versus grazing angle function, which is assumed linear for small grazing 
angles.  The technique is reviewed briefly, and examples of its application are shown, in 
which comparisons are made between measurements of transmission loss and calculations 
which are based on the inverted parameter.  Results from the technique are compared to 
an alternative derivation of the bottom loss slope F, in which a best-fit value is obtained 
by matching the known features of transmission.  It is shown how the technique may be 
applied across a broad frequency range, so that estimates of broadband transmission may 
be made.  Potential limitations of the technique are discussed. 

Keywords: seafloor inversion, bottom loss, shallow ocean 
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1. INTRODUCTION 

Few present inversion techniques lend themselves to rapid application due to the 
complexity of the measurement process, the number of sensors required, or the signal 
processing involved.  Recently, Prior and Harrison [1] described a method for the 
determination of seafloor reflection loss, in a form equivalent to a bottom loss versus 
grazing angle parameter, F radiandB .  This was similar to the earlier published method 
of Smith [2], this being referenced by Prior and Harrison.  A technique for which much of 
the theory is similar had been devised by Jones et al., independently, and limited 
descriptions (e.g. [3]) had been made of this method and its application, although full 
details had not been published until recently [4]. 

An essential feature of the methods of Prior and Harrison and Smith (and Jones et al.) is 
that the acoustic impulse response of a shallow ocean is used to determine the bottom loss 
parameter F by using the impulse decay rate.  A rapid determination is envisaged.  The 
method of Jones et al. includes the ability to determine the same parameter from a certain 
spectral statistic of the frequency transfer function.  This determination may be made 
using an acoustic impulse, but any broadband source will suffice, including coherent 
swept tones and random signals.  An enticing aspect of such a rapid determination of the 
bottom loss parameter F is that the ability to carry out phase coherent transmission 
predictions is available using a complementary determination of reflection phase [5]. 

2. IMPULSE DECAY FOR SHALLOW OCEAN 

The impulse response of a shallow ocean may be determined by considering the 
statistics of the multi-path transmission.  This is relatively straight-forward for an 
isovelocity ocean, especially if a number of assumptions are made.  For example, all 
differences in path length are assumed small relative to range, but are assumed sufficiently 
great for corresponding arrivals in each of the 4 families to be different in length such that 
the phase difference between them is in excess of 2.  The former assumption implies that 
spherical spreading loss along any shallow angle arrival is very close to the spreading loss 
along the direct path, and so, in the absence of boundary losses, the shallow angle arrivals 
all have near-equal amplitude.  The received, summed, multi-path intensity as a result of 
an impulse will then have a decay according to the temporal density of arrivals (i.e. the 
arrival rate) as a function of time.  As the arrival separation increases for higher order 
multi-paths, this decay is rapid at the start, and becomes slower with time.  The decay of 
intensity following an impulse, for an ocean with zero boundary loss, is shown to be [4]: 

  dB 4log5  timetointensity  received ofdecay 2Dtcrt w  (1) 

where r is the source to receiver horizontal range, m; cw is the speed of sound in 
seawater, m/s; t is time after the direct arrival, seconds; D is the ocean depth, m.  This 
expression may be termed the impulse decay due to “arrival-separation”. 

For a real ocean, boundary losses exist.  In what follows, it is assumed that the loss due 
to reflection at the seafloor dominates over surface reflection loss.  For small grazing 
angles , it is well established that the loss in dB on each bottom reflection may be 
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approximated as proportional to the grazing angle, e.g. as stated by Urick [6].  The bottom 
loss then becomes F dB, where the “bottom loss slope”, F dB/radian, is a single 
parameter which describes the seafloor.  For a shallow isovelocity ocean, it may be shown 
that the bottom loss  tB  for the ray arriving at time t is DtFctB w)(  dB.  The total 
impulse decay may be regarded as the sum of the “arrival-separation” and bottom losses as 

   DtFcDtcrt ww   4log5  timedecay tointensity  2  dB. (2) 

For many practical situations, the acoustic intensity response to an impulse is 
dominated by the bottom loss and, hence, the decay may be assumed to be exponential. 

3. SPECTRAL STATISTICS OF SHALLOW WATER INTERFERENCE FIELD 

As shown by Schroeder [7] in regard to room acoustics, for a transmission environment 
with an intensity impulse decay function which is exponential, the spectral autocorrelation 
function of the received sound pressure amplitude may be expressed as 

    2211 ffp   (3) 

where f , the key statistic in relation to this work, is the frequency displacement (Hz) 
for a specified de-correlation, and  is the time in seconds for the sound intensity impulse 
response to decay by e1 , that is, by 4.34 dB. 

By nominating a value of correlation coefficient  fp  , the associated value of f  

may be determined from (3) in terms of decay time , and thus in terms of ocean 
environmental parameters, by obtaining  from (2).  In this study, the value chosen for f  
is the frequency displacement at which the autocorrelation function falls to 0.5.  From (3), 

  21hf  Hz.  By obtaining a value for  from (2) for the case where the bottom loss 
term dominates,    Hz. 2010ln DFcf wh    This expression may now be inverted to 
obtain the bottom loss parameter F based on the spectral variability statistic hf , viz. 

.radiandB  3.27 wh cfDF   (4) 

4. APPLICATION TO SEAFLOOR INVERSION IN SHALLOW OCEANS 

In practical application, the key aspect is the determination of the spectral variability 
parameter, hf , based on received spectral data.  After Schroeder [7], the normalised 
spectral autocorrelation of the amplitude of the received sound pressure p is given by 

 
     

   
22

2

fpfp

fpffpfp
fp




 , 

 
(5) 
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where the autocorrelation is carried out on the zero-mean sound pressure modulus,  
   fpfp  .  A broadband source signal is required, e.g. an impulsive transient, swept 

tone, or random, so that data may be obtained for application of (5).  As the underlying 
temporal statistics represented by (2) are unrelated to source or receiver depth and 
virtually independent of source-to-receiver range, and as neither sound source nor receiver 
need to be calibrated for amplitude response, the measurement requirements are modest.  
Although not shown here, the spectral statistics represented by hf  have been found, 
through simulation, to be little changed by ocean refraction, for practical scenarios. 

This technique is demonstrated by at-sea trial data obtained along a Track A [3].  Here, 
impulse response data were obtained using a suitable receiver located at 18.3 m depth, 
while small explosives (Mk 64 SUS charges) were deployed from a ship as it moved away 
to a range of about 30 km.  Each SUS charge was set to detonate at 18.3 m depth.  Ocean 
depths were found to be uniform along the track, at about 60 m.  Bathythermograph 
recordings showed downward refraction, with a sound speed difference of about 5 m/s 
from the surface to the ocean bottom. 

The oceanic frequency response was obtained by using data from a SUS at 2.2 km 
range.  The section of the derived broadband spectrum to 800 Hz is shown in Fig. 1.  In 
order to obtain a true oceanic transfer function, the spectrum was based on the 40 ms of 
data which preceded the section of the signal containing the bubble pulses.  For this case, 
40 ms permitted inclusion of families of arrivals with up to 4 bottom bounces - sufficient 
for the oceanic transfer function to be defined. 

 
Fig.1: Spectrum from first 0.04 s of impulse, Track A, 2.2 km. 

 
The data shown in Fig. 1 were processed using (5) across each octave band and the 

derived spectral variability parameter value hf  was assumed to approximate that for the 
centre frequency of the band.  Next, values of F were inverted using (4), giving:  
6.6 dB/radian for 125 Hz octave band; 6.5 dB/radian for 250 Hz band; 8.5 dB/radian for 
500 Hz band.  Each value of F was then used as the input to a process that yielded a set of 
parameters for a fluid seabed which had an equivalent acoustic effect at shallow grazing 
angles.  These derived geoacoustic parameters were, in turn, used as inputs to the RAM 
model and used with ocean depth data and measured sound speed data to obtain long-
range Transmission Loss (TL) values.  For the sea trial, the wind speed was merely 1 or 2 
m/s and the height of the swell was effectively zero, hence the TL was modelled by 
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assuming that no loss from surface interactions occurred.  The predictions of TL obtained 
for 125 Hz are shown in Fig. 2 by a bold dashed line. 
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Fig.2: TL measured & predicted, Track A, 125 Hz. 

 
TL measurements obtained using the received SUS charge signals deployed at 

particular ranges during the trial are shown in Fig. 2 for the third octave band centred at 
125 Hz.  For ease of comparison, the predictions of TL based on the inverted values of F 
were obtained by averaging at 21 frequencies equispaced over the third octave.  Here, the 
single frequency data were averaged using incoherent summation at 100 m range intervals.  
Data in Fig. 2 show very good agreement between measured TL values and those 
predicted using the inverted seafloor reflectivity.  In order to illustrate the sensitivity of TL 
to seafloor reflectivity, alternate TL predictions were based on values of F of 3 dB/radian 
(too reflective) and 12 dB/radian (too absorptive).  Clearly, a correct description of 
seafloor reflectivity is critical to get accurate TL predictions at 125 Hz for this scenario. 

An alternative derivation of the bottom loss parameter F was carried out.  Here, a span 
of candidate values of F was postulated and a best-fit was obtained, using a least-squares 
process on dB values, between measured TL versus range data to 30 km and values of TL 
modelled using the candidate values.  The TL predictions for this work were obtained 
using the ORCA normal mode model, with the seafloor modelled as an equivalent fluid 
appropriate to the various values of bottom loss parameter F.  Data in Table 1 show that 
the inverted values of F, obtained through application of (5) and (4), are close to those 
obtained from matching TL data.  As shown in an earlier paper [4], TL for Track A 
becomes less sensitive to bottom loss at higher frequencies, hence the differences between 
“matched” and inverted values of F in the table are neither unexpected nor significant. 

 
 125 Hz 250 Hz 500 Hz 
Inversion using spectral variability 6.6 6.5 8.5 
Seafloor description from matching TL 6.0 9.6 12.4 

 
Table 1: Values of bottom loss parameter F dB/radian for Track A. 

A number of issues exist with the spectral variability technique, including:  (i) a linear 
variation of bottom loss with grazing angle is assumed; (ii) the received spectrum must 
have sufficient structure across an octave band for the correlation in (5) to be performed; 
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the technique returns the total boundary losses, and so sea surface and seafloor roughness 
effects may contaminate the determination of bottom loss parameter F. 

5. CONCLUSIONS 

A technique has been presented for the inversion of the seafloor reflectivity parameter, 
F dB/radian, for application to shallow ocean environments.  The theoretical derivation of 
the technique is presented, and the links to the impulse technique published by Smith, and 
Prior and Harrison are shown.  Inversion with the present technique is based on the 
spectral equivalent of the channel impulse response of the other, and is achieved through a 
frequency variability parameter, hf  Hz, as the key statistic of spectral variability for the  
channel.  In practice, any broadband signal may be used, including both quasi-continuous 
as well as impulsive, and the inversion may be achieved at a number of frequencies, 
typically at octave-separations, within a single measurement across a wide band.  It is 
believed that the inversion of the seafloor reflectivity parameter, using data received 
across a frequency band, presents an improvement in utility over the need to use an 
impulsive sound source. 

The practical application of the technique has been illustrated using at-sea data received 
from small explosive charges.  It is shown that Transmission Loss (TL) versus range, 
generated using the inverted data, is a good match to at-sea measurements.  It is also 
shown that a conventional matching of TL versus range, between measured data and 
predictions based on a best-fit approach, return a value of the seafloor reflectivity 
parameter F dB/radian which is similar to that obtained by the spectral variability-based 
inversion.  The use of the spectral variability inversion, however, has the clear advantage 
that it may be used with pressure data received at a single range point. 
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BOTTOM CHARACTERIZATION USING MOORED L-SHAPE 
ARRAY DATA 

Yong-Min Jiang, Ross Chapman 

Yong-Min Jiang, Viale San Bartolomeo 400, 19126 La Spezia, Italy, Italy 
jiang@nurc.nato.int 

Abstract: During the Shallow Water 06 (SW06) experiments in August 2006, an L-shape 
array was deployed on a sand ridge off the coast of the New Jersey continental shelf to 
study the bottom characterization at a close range. The L-shape array was anchored on 
the sea bottom, with the vertical leg of the array in the water column and the horizontal 
leg along the shelf. The experimental site was believed to be a thin layer of coarse sand on 
the top of the outer shelf seabed material. A circle measurement was designed to 
investigate the variability of the seabed properties in this area. This paper applies a multi-
step geoacoustic inversion scheme to the broad-band (1100 – 2900 Hz) acoustic data 
collected by the L-shape array. In order to determine the geoacoustic properties of the 
thin sand layer, both vertical and horizontal arrays’ data were analyzed in separate steps 
to determine the experimental geometry, the shape of the horizontal array and finally, the 
sound speed and layer thickness of the sand layer. It is shown that the horizontal line 
array has better resolvability of fine sub-bottom layer structure than the vertical line 
array. Variability of the sub-bottom structures is clearly observed from the circle area 
that was surveyed. [Work supported by ONR Ocean Acoustics.] 
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STUDIES ON THE EFFECT OF SHEAR ON COMPRESSIONAL 
WAVE DISPERSION 

Gopu R. Potty, James H. Miller 

Gopu Potty, Department of Ocean Engineering, Narragansett Bay Campus, University of 
Rhode Island, Narragansett, RI 02882, USA 
potty@egr.uri.edu 

Abstract: Results of a study to examine the effect of shear on compressional wave 
dispersion are presented. Modal arrival time data from different shallow water sites will 
be analyzed to examine the influence of shear. The modal travel times corresponding to 
the Airy Phase regions are extremely sensitive to shear. Simple inversion schemes will be 
developed to estimate the shear speed in the sediment by comparing theoretical 
predictions with experimental data. The estimated shear speeds will also be compared 
with shear speeds calculated from core data. Effect of shear on compressional wave 
attenuation will also be investigated. Synthetic data will be generated for elastic bottom, 
with different shear speeds, and this data will be inverted for compressional wave 
attenuation. One of the most promising approaches to estimate shear speed is to invert the 
relation between seismo-acoustic interface waves (Scholte waves) that travel along 
boundaries between media and shear wave speed. The propagation speed and attenuation 
of the Scholte wave are closely related to shear-wave speed and attenuation over a depth 
of 1-2 wavelengths into the seabed. A shear measurement system being developed at 
University of Rhode Island based on this concept will be presented. [Work supported by 
Office of Naval Research] 
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 ON THE USAGE OF THE PARTICLE VELOCITY FIELD FOR 
BOTTOM CHARACTERIZATION 

P. Felisbertoa, O. Rodrigueza, P. Santosa, S.M. Jesusa  

aInstitute for Systems and Robotics, University of Algarve, Campus de Gambelas, 8005-
139, Faro, Portugal  

Paulo Felisberto, Instituto Superior de Engenharia, Universidade do Algarve, Campus da 
Penha, 8005-139 Faro, Portugal, Fax. Nº +351 289 888 405, pfelis@ualg.pt 

Abstract: Vector sensors (VS) are devices that measure the vectorial particle velocity 
field. Compared with traditional hydrophone arrays that measure the acoustic pressure, 
systems based on VS present enhanced spatial filtering capabilities.  The feasibility of 
bottom characterization with a 4-element 40cm length vector sensor array (VSA) in a 
frequency band of 8-14 kHz was recently demonstrated by Santos et al. The study suggests 
that systems based on VS outperform traditional hydrophone arrays, when considered in 
geoacoustic parameter estimation.  Vector sensor data can improve the resolution of the 
estimators, moreover the highest resolution of the estimates were achieved with the 
vertical particle velocity measurements alone. Bearing in mind that actually VS are not 
widely available, the present work shows through simulations that using a narrow band 
signal and a vertical array which elements are pairs of hydrophones one can  estimate the 
vertical particle field and attain a resolution for the bottom parameters  similar to that 
obtained by a VSA. Based on a normal mode description of the pressure and particle 
velocity field, the resolution gain achieved by a linear estimator based on the vertical 
component only,  is compared with similar estimators based on the pressure or  on the 
horizontal component. Using simulations for different shallow water typical scenarios, we 
point out sensible values for the number of sensors, inter sensor spacing for system design 
as well as preferred equipment location for best results. 
This work is a contribution to the design of a compact array of hydrophones that takes 
advantage of the higher sensitivity of the vertical particle velocity field for geoacoustic 
parameter estimation. 

Keywords: particle velocity, vector sensors, geoacoustic estimation. 
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INTRODUCTION  

The particle velocity is the gradient of the pressure, thus it is a vectorial field. A device 
that measures the particle velocity exhibits intrinsic spatial filtering properties that have 
been explored to improve direction of arrival estimates or sea bottom characterization, 
among other applications [1].  Such device, which output is 3 streams with the orthogonal 
components of the particle velocity and very often includes also the pressure is known a 
vector sensor (VS). State-of-the-art VS devices are low size, operate over wide frequency 
bands of few Hz to several kHz and have large dynamic ranges. Santos et al. [1] used data 
acquired during the MAKAI’05 experiment by a vertical array of 4 such  vector sensors 
(VSA), spanning 40cm of the water column to perform geoacoustic parameter estimation 
with signals in the ten of kilohertz band. Although, the high frequency of the signals used, 
the few elements and the small aperture of the VSA, it was possible to estimate the 
sediment velocity, density and attenuation in line with the ground truth for the area. The 
estimates were obtained using an extension of the Bartlett processor to include particle 
velocity measurements. It was shown that the VSA measurements remarkably improve the 
resolution of the estimates, when compared with pressure only data of an array of similar 
characteristics (number of sensors, array aperture). Moreover, the highest resolution of the 
bottom parameters was achieved when the vertical component of the particle velocity was 
considered alone. Since, state-of-the-art VS are defence sensitive devices that are not 
commercially available, one can consider the usage of a vertical array, which elements are 
pairs of closely located hydrophones to explore the vertical particle velocity for 
geoacoustic parameter estimation. This work  presents a normal mode representation of 
the particle velocity field, which is used to discuss the potential gain provided by particle 
velocity measurements and settle rules to design a measurement system (frequency, source 
depth, sensor separation) for geoacoustic parameter estimation based on VS or 
alternatively in pairs of closely located hydrophones. The MAKAI’05 geometry was used 
for the simulations, where a bottom mounted source was transmitting to a surface 
suspended short aperture vertical array.  It is shown for the noise free case the 
performance achieved by vertical particle velocity sensors or pair of hydrophones are 
similar once hydrophone separation obeys the sampling rules applied to high order modal 
functions. In the presence of noise, herein simulated using the noise model proposed by 
Kuperman [2] extended to include the particle velocity field, the performance of  estimates 
based on the hydrophone pairs slightly degraded, however in the analyzed cases they 
perform generally better than those obtained using hydrophone arrays directly (i.e. without 
estimating the vertical particle velocity field).      

NORMAL MODE REPRESENTATION OF THE PARTICLE VELOCITY FIELD 

Consider an ocean waveguide with cylindrical symmetry characterized   by sound 
speed profile      and density     , then the acoustic pressure from a narrow band point 
source at depth    , emitting a signal of frequency   at a faraway point of depth   and 
range   can be written as sum of normal modes given by [3] 

           
 
 
 
 

      √   
∑              

      

√   

 
                                       (1)                                      
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where      is the source strength,   is the number of modal functions    and     is its 
respective horizontal wavenumbers. The horizontal wavenumbers     are ordered as 
   

     
        

 . The  -th modal function has   zeros and is characterized by the 
depth varying vertical wavenumber         being   (z)=    

     
     where      

      . Given a depth   the vertical wavenumber increases with mode number    i.e 
   

     
        

   
The particle velocity   and the pressure are related by,     

  

  
, thus the horizontal 

(  ) and the vertical (  ) components of the particle velocity can be written as   
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The horizontal component of the particle velocity becomes  
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                                         (3) 
 

where a term proportional to   √      is neglected. The  -th modal function in the 
horizontal particle velocity is weighted by√   , whereas in pressure is weighted by 
  √   . Since     decreases with increasing mode number, the contribution of lower 
modes is enhanced in horizontal particle velocity.  

The vertical component of the particle velocity is given by  
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   .                                          (4) 

 
It is well known that the derivative of a function acts as a high pass filter, with a linear 

increasing frequency response. Since, the vertical wavenumber     increases with mode 
number, the derivative of mode functions emphasizes the contribution of higher order 
modes to the vertical particle velocity.  

 
SIMULATIONS 
 

In this section is considered a simulation scenario based on MAKAI’05 experimental 
setup [1], which geometry is depicted in Fig. 1 left. The environment is modelled as range 
independent 104m water column over a sediment half-space.   The sound speed profile  
(MAKAI ssp) is represented by the dashed line in Fig. 1 right, showing a relatively deep 
thermocline starting at depth 60m giving rise to a narrow acoustic channel bounded by the 
sea bottom. The source deployed at depth 98m and  the 30cm aperture VSA  at 79m 
(deepest sensor) are in this part of the water column. The receiver is 1830m distant from 
the source. In the forthcoming simulations is also considered an isovelocity (ISO ssp), 
1530m/s (Fig. 1 left solid line), equal to the water sound speed at water-bottom interface 
of the MAKAI ssp.  The bottom is modelled has a half-space.  
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Fig. 1 Baseline environment considered for simulations: geometry (left) and sound speed profiles –  ISO 

solid and MAKAI dashed line - (right).  
 
The simulations presented here were computed using the KRAKENC normal modes 

code to obtain the modal functions and the equations (1), (3), (4) to synthesize the 
pressure, horizontal and vertical particle velocity fields.  Fig. 2 shows the normalized 
pressure, radial and vertical particle velocity fields for a frequency of 13kHz, the MAKAI 
ssp, a bottom speed of 1575m/s, density of 1.5 and an attenuation of 0.6dB/ . 

 

Fig. 2 Pressure, horizontal (Vr) and vertical (Vz) particle velocity fields for the MAKAI sound speed 
profile 

 
One can observe that pressure and the horizontal particle velocity field (Fig. 1 left and 

middle) show similar interference patterns, which are related to lower order modes 
(energy with low propagation angles and remarkable influence of the shape of the sound 
speed profile). In the vertical particle velocity field (Fig 1. right), one can see that the 
contribution of higher order modes is highlighted (energy with high propagation angles). 
The number of modes and their propagation parameters are strongly influenced by the 
bottom characteristics, mainly bottom sound speed, thus one can expect that estimates of 
bottom parameters based on the vertical particle velocity will show higher resolution than 
similar estimates based on the pressure (or horizontal) particle velocity field.  This 
behaviour is presented in Fig. 3, that shows the correlation between replicas computed by 
the propagation model considering a frequency of 13kHz for varying bottom 
compressional speed between 1535m/s and 1800m/s, assuming a fixed bottom speed of  
1750m/s.  The sound speed considered is the MAKAI – left column and ISO right.  The 
array spans 30cm of the water column, but different equidistant type of sensors were 
considered: 16 hydrophones (black curve), 4 hydrophones (dotted curve), 4 horizontal 
velocity sensors (blue curve), 4 vertical velocity sensor (red line) and 4 pairs of 2-cm 
vertically separated hydrophones. For this last configuration the correlation is on the 
pressure difference in hydrophone pairs in order to explore the vertical particle velocity 
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field using pressure measurements. The 2-cm separation between hydrophones in a pair 
was considered in order to adequately sample the high order modes.   

  

Fig. 3 Replica correlation for varying bottom sound speed (fixed value 1750m/s): MAKAI ssp (right), 
ISO ssp (left) 

 
The results show that in all considered situations the highest resolution is obtained 

using the vertical particle velocity field, either through vertical velocity sensors or 
hydrophone pairs. The curves based on pressure sensors and radial velocity sensors are 
similar, as expected from equations (1) and (3). Since in this noiseless cases, the high 
order modes are adequately sampled (Nyquist theorem) by the 4 hydrophone 
configuration, the oversampling obtained by the 16 hydrophone configuration does not 
improves the resolution. The curves also suggest that sound speed profile has influence in 
the resolution of the estimators; the worst case is observed for the isovelocity sound speed 
profile since the energy spreads over the whole water column.  Conversely, the source 
depth also influences the resolution and side lobe level, what is illustrated in Fig. 4 left for 
the MAKAI ssp, where one notices an increased side lobe height when the source is in the 
thermocline layer or above (red curves refer to vertical particle velocity, black curves to 
pressure difference). In Fig. 4 the “true” value of bottom sound speed is 1750m/s. 

  

Fig.4 Replica correlation dependence on source depth (left) and signal frequency (right): red lines refer 
to vertical particle velocity, black lines refer to pressure difference. 

 
The frequency of the source has influence on the resolution and side lobe height, as can 

be seen in Fig. 4 right (red curves refer to vertical particle measurements, black curves to 
pressure difference) for the baseline scenario presented in Fig. 1. The number of modes 
decreases with frequency, thus one notices a significant increasing of side lobe level for 
the lower frequency. For the higher and middle frequency the shape of the curves are 
close, what suggests that there is a frequency range where enhanced bottom parameters 
estimates based on vertical particle velocity are attainable. This was also noticed for the 
other considered environmental scenarios (not shown).  The curves presented for the 
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noiseless cases showed that results obtained from directly measurements of the vertical 
particle velocity or by the pressure difference from pair of hydrophones are similar.  

 At the considered frequencies the surface generated ambient noise is a concern. Using 
the ambient noise model proposed by Kuperman et al. [2] adapted for particle velocity it 
was noticed that the estimator based in pressure difference is more sensitive to noise 
(increased sidelobe/mainlobe height) than that based on direct measurements of the 
particle velocity. Anyway, at a lower SNR as 0dB the estimates based in pressure 
difference is much better than those obtained using pressure directly. Moreover, an higher  
SNR can be easily accomplished with a controlled signal source.  The sensitivity on 
bottom density and attenuation parameters is in general greater for the vertical particle 
velocity field than for pressure (not shown). As mentioned above the results shown herein 
were obtained using a normal mode model, however those simulations were replicated 
using the ray tracing model TRACEO [1] with similar results. 
 
CONCLUSIONS 
 
This paper considered a representation of the vertical and horizontal particle velocity using 
a normal mode formulation. Based on this model it was discussed the improvements in 
resolution of bottom parameters that are achieved when vertical particle velocity is used. 
The qualitative analysis and simulations presented herein suggest that the advantage of the 
vertical particle velocity for bottom characterization shown in [1], for real data acquired 
during the MAKAI’05 can be verified in other environments.  This advantage is related to 
high frequency modes, thus depends on factors that cannot be controlled by the user 
(sound speed profile), but also remarkably on the setup of the measurement system 
(frequency band of the source, sensor spacing, source/receiver depth). Moreover, it was 
shown that estimates based on vertical particle velocity field obtained by the difference of 
pressure from close located hydrophones improve the estimates of the bottom parameters. 
This work is a contribution for the development of a short vertical array of pairs of 
hydrophones to characterize the sea bottom. 
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 SEABED PROBING USING AN AUTONOMOUS UNDERWATER 
VEHICLE 

Peter L. Nielsen, Charles W. Holland 
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Abstract: In 2009 the CLUTTER'09 experiment was conducted on the Malta Plateau, 
south of Sicily, as part of a collaborative effort between NURC and the partners in the 
CLUTTER Joint Research Project. One of the main objectives of this experiment was to 
evaluate a newly NURC developed sound source and line array towed behind an 
Autonomous Underwater Vehicle (AUV) for characterizing the seabed geoacoustic and 
scattering properties. The complete system was deployed for the first time during 
CLUTTER‟09 in an area known to be benign from previous sea trials. The advantage of 
using an AUV sonar system is the ability to perform surveys close to the seabed and to 
focus on scattering features at finer scales than possible using traditional surface vessel 
towed low-frequency active sonar systems. It is hypothesized that an environmental 
characterization at these finer scales is important to further understand the impact of the 
spatial varying seabed properties on sound propagation, reverberation and possibly 
clutter. The mission prepared for the AUV was to follow a straight line track at heights of 
124 and 134 m above the seabed. The sound source transmitted 1-s chirps at a rate of 2 s 
in the frequency band 800-3500 Hz, and the signals were received on the 32-element line 
array with 1.05 m hydrophone spacing. A bottom moored vertical array was also acquired 
the data as the AUV passed the array at close range. Traditional Matched-field inversion 
is applied to infer the geoacoustic properties of the seabed by inverting multiple acoustic 
data received on both the towed horizontal and moored vertical arrays. The results are 
compared for consistency between the towed and moored array data inversions and to 
independent findings from previous experiments.[Supported by NURC, ONR Ocean 
Acoustics and the CLUTTER JRP partners] 
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 MODAL DEPTH FUNCTION ESTIMATION OVER A PARTIAL 
SPANNING VLA 

J. Bonnel, B. Nicolas, J.I. Mars 
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Abstract: Modal propagation in shallow water is characterized by a set of frequency 
dependent modal depth functions. Estimation of modal depth function is an interesting 
problem when no a priori knowledge of the environment is available. Classical mode 
estimation methods rely on SVD decomposition of the field. This imposes, between others, 
that the reception VLA perfectly spans the full water column. To overcome these 
limitations, this paper suggests using a low-frequency impulsive source. In this case, 
modal contribution can be separated in the time-frequency domain using appropriated 
signal processing tools known as warping. Once the modes are separated, modal depth 
function estimation becomes trivial and can be carried out over a partial water column 
spanning array. Unlike classical modal depth function estimation method, our algorithm 
is not frequency averaged and allows mode estimation at any given frequency excited by 
the source. The proposed method is validated on realistic noisy simulations. 
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 MODELING THE EFFECTS OF BOUNDARY ROUGHNESS ON 
TRANSMISSION LOSS MEASUREMENTS IN SHALLOW WATER 

WAVEGUIDES USING FINITE ELEMENTS 
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aApplied Research Laboratories, The University of Texas at Austin, 10000 Burnet Road, 
Austin, TX, USA 78758 

Marcia Isakson, misakson@arlut.utexas.edu, 01(512)835-3790, Applied Research 
Laboratories, The University of Texas at Austin, 10000 Burnet Road, Austin, TX, USA 
78758 

Abstract: Finite elements (FE) provide a method of calculating transmission loss in a 
shallow water waveguide through the discretization of the Helmholtz equation over the 
domain.  Finite element models have a fully customizable environment and approach an 
exact solution as the mesh density increases.  Until recently, these models were confined 
to two dimensions due to the overwhelming computational load of three dimensional 
models of significant size.  However, an approach in which the longitudinal dimension is 
considered invariant is possible since the model can be decomposed into Fourier 
components in the out of plane direction.   These components are computed using a time 
harmonic FE model and assembled into a three-dimensional solution.  In this manner, FE 
models can be compared with experimental measurements.  In this study, FE models are 
computed for longitudinally invariant shallow water waveguides with and without 
interface roughness.  The transmission loss is found to increase with increasing interface 
roughness RMS height.  The behaviour of the calculated transmission loss from a 
waveguide with rough boundaries is compared to that of a waveguide with different values 
of the sediment attenuation to quantify the extent to which interface scattering can mimic 
the effect of increased sediment attenuation. 

Keywords: Acoustic Propagation, Scattering, Finite Element Modelling 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 29 -



 

1. INTRODUCTION  

An understanding of the propagation of acoustic waves in shallow water waveguides is 
crucial to sonar operations and acoustic communications in littoral waters.  Characterizing 
the bottom sediment is important to developing a predictive model of propagation.  
Recently, inversions of propagation measurements over sands have challenged the historic 
description of attenuation in which attenuation varies linearly with frequency [1]. 
However, it is difficult to determine the role of interface scattering in the observed losses.  
Although there are many methods to predict acoustic propagation in shallow water 
waveguides including ray theory, coupled modes and parabolic equations, the finite 
element method is perhaps the best suited to model the effects of range dependent 
bathymetry and interface roughness scattering since the domains are fully customizable. 

Although the finite element method is fully customizable and approaches an exact 
solution as the discretization density increases, solutions in a fully 3D environment is not 
computationally viable for waveguides of appropriate size to compare with measurements.  
Therefore, a "2.5D" approach has been employed.  In this scheme, one dimension of the 
waveguide, in this case, the dimension perpendicular to the propagation path, is 
considered geometrically invariant.  By allowing one dimension to be geometrically 
invariant, the 3D Helmholtz equation can be reduced to a modified 2D equation using a 
Fourier-cosine transform.  Although the geometry is longitudinally invariant, the source 
maintains the correct 3D spherical spreading losses.  

In this paper, the general method of 2.5D computation will be presented.  Then the  
solution for a shallow waveguide with rough interfaces will be compared with that of a flat 
interface waveguide with different values of attenuation to determine the contribution of 
scattering loss on attenuation estimation. 

2. THEORY 

The finite element model is based on the acoustic Helmholtz equation.   Following the 
derivation in Reference [2], a 2.5D solution can be constructed as follows.   For a time 
harmonic acoustic problem, the pressure is determined with the 3D Helmholtz equation 
(Eq. 1) for a source located at (xo, yo, zo).  

 

2P + k2P = s()(x  xo )(y  yo )(z  zo )   
(1) 

Here P is the Fourier transform of the pressure field with respect to time, k is the 
acoustic wavenumber, k = / c(x, y, z)  where   is the radial acoustic frequency and c  is 
the sound speed which can vary as position along the waveguide.  The source can have a 
frequency spectrum of s() .  However, in this study we will only consider single 
frequency sources.   

If the sound speed is only a function of range, x and depth, z, and the source is placed at 
yo=0, the 3D wave equation can be reduced to: 
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(2) 

Where 

P(, x, y, z) = P(, x,ky , z)cos(kyx)
0



 dky   
(3) 

Or if the field is probed at y=0, the integral can be written discretely as 

P(, x,0, z) = P(, x,ky , z)ky   
(4) 

Here ky is the y-component of the wavenumber and P(, x,ky , z) is the doubly 
transformed field.  We have now determined a method of computing the 2.5D field from a 
series of 2D models.   

At this point, two parameters in the model must be addressed.  The first is the limits on 
the sum and the second is the discretization of the y-component of the wavenumber.  In 
order to determine these parameters it is helpful to consider the integrand, P(, x,ky , z) as 
a function of the out-of-plane wavenumber as shown in Fig. 1.   When the out-of-plane 
wavenumber is larger than one, the total wavenumber is complex. These evanescent 
modes only contribute at short ranges. Therefore, the limits of the sum in equation (4) 
were taken to be 0 to 1.2k. The sampling was chosen based on the projected magnitude of 
the integral and the structure of the integrand.  The magnitude of the integrand is related to 
the index of refraction at the seabed as it varies with wavenumber and becomes much 
larger as the difference between the out-of-plane wavenumber and the in-plane 
wavenumber approaches zero.   The structure of the integrand of equation 3 is much more 
complex as the ky  k( ) 0 due to the effects of many more propagating modes at these 
apparently high spatial frequencies. Therefore, a novel scheme was determined for 
evaluating the integral with a non-uniform out-of-plane wavenumber sampling.  The 
sampling scheme and integration are outside the scope of this paper but will be addressed 
in subsequent publications.   

 

 

Fig. 1: The value of the integrand for the 2.5D Fourier expansion. 
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3. MODELING 

The waveguide was chosen to conform to Problem III of the Office of Naval Research 
Reverberation Workshop [3].  The geo-acoustic parameters are given in Table I.  An 
example of a short range waveguide with a 2D pressure solution calculated for a frequency 
of 250 Hz using finite elements is shown in Fig. 2.  In the figure, the source is placed at 15 
m depth, but for all the calculations, a 25 m depth source was used.  The air/water 
interface is characterized by a Pierson-Moskowitz spectrum with a wind speed of 10 m/s.  
The sediment water interface is characterized by a modified power law spectrum in the 
following form with correlation length, l , and RMS roughness, h , given in Table I.  

P2D (Kx ,Ky ) =
h2l2

2(1+ Kx
2l2 + Ky

2 )3/2

P1D (Kx ) = P2D



 (Kx ,Ky )dKy

 

 
(5) 

The actual realizations used were provided by the ONR Reverberation Workshop [2]. 
Parameter Value  Units 
Water Sound Speed, c1  1500 (Iso-Velocity) m/s 
Water Density, 1  1024 kg/m3 
Water Attenuation, 1  Thorpe Attenuation   
Sediment Sound Speed, c2  1700 m/s 
Sediment Density, 2  2048 kg/m3 
Sediment Attenuation, 2  0.5 dB/m/kHz 
Waveguide Depth, H  50  m 
Source Depth 25 m 
Receiver Depth 25 m 
Bottom Roughness RMS Height, h  0.141  m 
Bottom Roughness Correlation Length, l  10 m 
Wind Speed 10 m/s 
Acoustic Frequency, f  200 Hz 
 

Table 1: Model parameters 
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Fig. 2: Two dimensional finite element solution for 250 m of the waveguide used in the 

simulation.  The source depth used in the simulation is 25 m instead of the 15 m source 
depth shown. 

4. RESULTS 

In order to verify the finite element solution, a flat interface propagation loss was 
calculated and compared with a solution from the OASES, a depth dependent Green’s 
function approach [4].  The results are shown in Fig. 3.  Note how although the finite 
element model matches the OASES results very well, at longer ranges there is an 
instability due to an inadequate sampling of the out-of plane wavenumber spectrum.  
However, even at 2 km, the fit is very accurate. 

 
Fig. 3: The transmission loss calculated for a flat interface waveguide using finite 

element model compared with the OASES model. The two models are shown on the left, 
and their differences on the right. 

 
In order to assess the effects of interface roughness, four models were considered.  A 

flat interface, and three models with rough interfaces.  The first model included the ONR 
Reverberation Workshop interface roughness as described above.  The next two models 
scaled the interface roughness by a factor of 2 and 3, respectively. Both the air/water 
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interface and the bottom roughnesses were scaled.  However, the waveguides are 
parameterized by the ratio of the RMS bottom roughness to the acoustic wavelength.  As 
the interface roughness increases, more energy is scattered out of the waveguide.  Shown 
in Fig. 4 is a comparison of the four models with varying degrees of interface roughness.  

 
Fig. 4: Transmission loss for waveguides with different degrees of interface roughness 

calculated using finite elements. 
 
As seen in the figure, the rougher interfaces correspond to more scattering loss into the 

bottom.  However, it is difficult to distinguish between this loss and attenuation loss in the 
sediment.  Shown in Fig. 5 is the flat interface transmission loss and a rough interface 
transmission loss compared with a flat interface OASES model with two different values 
of attenuation in the bottom.  The finite element models both have the same value 
attenuation in the sediment, 0.5 dB/m/kHz.  However, because of the difference in the 
scattering loss, the rougher sediment is more consistent with the much higher value of 
attenuation when compared to a flat interface model. 

 
Fig. 5: A comparison of finite element models for flat and rough interfaces with a flat 

interface OASES model at two different values of attenuation.   
 

To quantify this ambiguity, the finite element models were compared with flat interface 
models with increased attenuation and the differences between them were calculated. In 
Fig. 6 is shown the error between the flat interface model and the finite element models as 
a function of bottom attenuation.  As the roughness increases, the overall difference 
between the two models increases.  Also, the minimum of the error occurs at larger values 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 34 -



 

of attenuation for the rougher interface models indicating an ambiguity between interface 
roughness and sediment attenuation.  

 

 
Fig. 6: Calculated TL error when comparing rough interface finite element models to 

flat interface OASES models of varying values of bottom attenuation. 
 
In order to devise a method to resolve the ambiguity between interface roughness and 

sediment attenuation, the effects of range were considered.  As range increases, lower 
order modes dominate indicating very shallow grazing angles at the interfaces.  These low 
angles will be more affected by scattering than the interactions nearer to the source.  The 
minimum in the error was again calculated for each of the four waveguides, but instead of 
considering the entire 2 km, it was calculated as a function of range from the source.  The 
results are shown in Fig. 7.  As shown in the figure, the attenuation is best estimated 
nearest to the source when comparing to a flat interface.  At further ranges, the 
contribution from scattering makes the comparison to a flat interface model inaccurate. 

 

 

Fig. 7: The value of attenuation at the minimum error as a function of RMS roughness 
and range. 

5. CONCLUSIONS 
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Finite element modelling of shallow water waveguides was calculated in 2.5 
dimensions by decomposing the 3D Helmholtz equation into 2D Fourier components in 
the out-of-plane direction.  This assumes a longitudinally invariant geometry, but retains 
the spherical spreading of the source.  The resulting integral was evaluated by considering 
its magnitude and structure with respect to the value of the out-of-plane wavenumber.   

Four different waveguides were considered in order to assess the effects of scattering 
loss on attenuation inversion.  The waveguides consisted of a flat interface waveguide, a 
waveguide with rough interfaces characterized by the ONR Reverberation Workshop, and 
two waveguides in which those interfaces were scaled by factors of 2 and 3, respectively.  
Although both interfaces were scaled, the waveguides were parameterized by the bottom 
interface RMS height with respect to an acoustic wavelength.  When compared to flat 
interface models, it was found that over a 2 km range, the roughest interface scattering 
loss was most consistent with a value of attenuation 0.5 dB/m/kHz higher than the 
modelled attenuation.  It was also found that the values for attenuation were most accurate 
when the models were compared at shorter ranges. 

This work indicates that the inversion of propagation loss in shallow water waveguides 
for sediment attenuation will be inaccurate if a flat interface forward model were used 
even for moderate values of interface roughness.  The most accurate inversions will 
require a full description of interface scattering in the forward model. 
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Abstract: Geoacoustic inversion techniques are an attractive means for estimating 
physical properties of underwater environments. These techniques aim, at least partly, at 
a substitution of the costly methods of probing the seabottom by grab samples or cores. 
However, geoacoustic inversion comes at the price of high computational efforts. 
Especially, in cases in which large numbers of parameters need to be inverted for, finding 
the best fit between the measurements and a predicted model requires hundreds of 
iterations. Efficient global optimization tools exist that help reducing these efforts. One of 
these methods is the differential evolution method, which is employed in this paper. Beside 
the time needed for the optimization, another issue is the computational effort needed for 
establishing the forward model. It highly depends on the number and magnitude of 
frequencies employed. In general, high frequency calculations are more computational 
intensive. It is therefore investigated, for a given soft-layer bottom model, which 
frequencies are beneficial for the estimation of seabottom parameters and which 
frequencies only increase the computational time. Employed are frequencies in the bands 
of 300–800Hz (low-frequency) and 800–1600Hz (mid-frequency) for creating broad-band 
signals. Both, signals composed of tones at discrete frequencies (multi-tones) and 
frequency modulated waveforms (chirps) are compared. These signals are observed at a 
4-element vertical line array. The measurements were performed during the Maritime 
Rapid Environmental Assessment / Blue Planet (MREA/BP'07) experiments [Le Gac & 
Hermand, 2007], which were carried out in the Mediterranean Sea in 2007, to address 
novel concepts of characterizing the continental shelf environment. The data originate 
from a shallow-water location, west of Italy and south-east of Elba Island, which is known 
to be composed of very fine grained sediments and an underlying silty clay bottom. 
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Keywords: geoacoustic inversion, broad-band, seabottom classification, frequency 
dependence 

1. INTRODUCTION  

The knowledge of physical properties of the underwater environment is essential for 
many disciplines, ranging from coastal engineering to shallow-water naval operations. 
Since direct measurement involves a range of time- and cost-intensive techniques, 
inverting environmental features from acoustic measurements has become highly 
attractive.  

Measuring set-ups that are currently used, such as sparse drifting arrays [1-3], allow for 
fast applications at sea, where they can cover large areas without the need of a dedicated 
ship to sail. Typically, a larger frequency range is employed to compensate for the lack in 
spatial information these sparse systems have to deal with [4]. For this purpose, multi-
frequency geoacoustic inversion methods are available [3-6]. They can be divided into 
spatially and frequency coherent approaches. Here, both types are applied to a range 
independent shallow water scenario with soft sediments. The aim is to investigate the 
effect of reducing the numbers of frequencies or restricting the frequency range, in order 
to reduce the computational costs. Both, a lower frequency range and a lower number of 
frequencies are computationally favourable. On the other hand, higher frequencies might 
resolve different environmental parameters, and a too small number of frequencies might 
result in inaccurate or incorrect parameter value estimates. Both choices are application 
related and might differ for sediment classification purposes and precise sonar 
performance tests. 

For the current analysis, active acoustic data obtained by a sparse drifting hydrophone 
array are considered. They are taken at a site in the Mediterranean Sea, west of Italy and 
south-east of Elba, which is well-known from a set of experiments, such as the Yellow 
Shark experiments [4, 6]. The present data originate from the Maritime Rapid 
Environmental Assessment / Blue Planet (MREA/BP’07) experiment, carried out in spring 
2007. These data are matched with a standard normal mode propagation model, 
resembling the acoustic field, by applying the efficient differential evolution method. 

This paper is organized as follows. First, a brief description of the MREA/BP’07 sea 
trial and the dataset is given in section 2. In section 3, the geoacoustic inversion process is 
described in theory, before results, obtained at a single location, are compared for different 
signal types and frequency bands in section 4. Finally, the results are summarized and are 
embedded in the context of the research project in section 5. 

2. THE MREA/BP’07 TRIAL 

With the aim of addressing novel concepts of rapidly characterizing the underwater 
environment, the MREA/BP’07 sea trial was performed in the spring of 2007. This trial is 
documented in [1, 7]. The trial area is located in the Mediterranean Sea, west of Italy, and 
south-east of Elba Island, as documented in Fig. 1.  
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Fig.1: Overview of the active geoacoustic inversion runs (yellow lines) in the 
MREA/BP’07 area. For the inversion considered in this paper, the source is stationary at 
position ST3 and the receiving VLA started its drifting towards the source at position ST7. 
 

From a hydrographical survey that was carried out simultaneously, water depths in this 
region are known to range from 5 m to 120 m over an area of several kilometers. Local 
variations are rather small, which slopes below 1o. Seismic measurements during the same 
experiment revealed a stratified structure of the seabottom, consisting of a sediment layer 
of 5-50m depth that covers the subbottom. Former experiments, such as the Yellow Shark 
experiments in 1994 [4, 6], provide information about the local sediment composition. 
Fine grained materials, mainly clay composites, can be found throughout the entire area. 

For the current research on the performance of geoacoustic inversion, we focus on a 
single active acoustic run, located in an area with almost constant environmental 
conditions, allowing us to choose a range independent environmental model. The locations 
of all active acoustic runs performed during the MREA/BP’07 are shown in Fig. 1. 
Considered is a measurement configuration that includes a stationary source, located at 
position ST3, and a drifting receiver array, launched at position ST7. Both positions are 
approximately 1.8 km apart. Water depths at these locations are about 110 m and a rather 
small 7-m sediment layer, consisting of clay, is covering a silty-clay bottom. This is 
documented by core samples, described in the appendix of [6].  

The receiving unit is a vertical line array (VLA), composed of four 5-m spaced 
hydrophones, with the shallowest one placed at 20 m depth. This VLA was drifting 
towards the NATO’s NRV Leonardo, which was carrying a low- (300-800 Hz) and mid-
frequency (800-1600 Hz) source at approximately 90 m depth. These sources sent 
predefined sequences of acoustic signals, including signals composed of tones at discrete 
frequencies (multi-tones) and frequency modulated waveforms (chirps) in both bands. The 
multi-tones consist of 32 frequencies, of which 20 in the low-frequency range and 12 in 
the mid-frequency range. The chirps are sampled at 1-Hz steps. However, in order to 
increase the computational performance, 2-, 10-, and 20-Hz steps are investigated. 
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3. THE INVERSION METHOD AND PROPAGATION MODEL  

Geoacoustic inversion is based on finding an optimal match between the measured and 
the modeled acoustic field, resulting in a parameter combination that is descriptive for the 
environment. Often, large numbers of parameters are needed to describe both the source-
receiver geometry and the environmental features that influence the sound propagation. 
Here, both the source-receiver geometry and the environment are inverted simultaneously. 
For the description of the environment a range independent 3-layer model is employed, 
consisting of the water column and a stratified sediment layer on top of a subbottom. 
Environmental parameters considered are the sound speed, attenuation, and density of the 
sediment and subbottom as well as the water depth and sediment thickness. Since most 
relations between these parameters and the acoustic field are non-linear, the search space 
is likely to contain local optima. Inverting for these parameters, therefore, requires an 
efficient global optimization approach. For this reason, the differential evolution (DE) 
method is applied as described in [8], in order to find the best match between the model 
and measurements in an iterative process. 

For the MREA/BP’07 experiment, an optimal setting of DE has been chosen according 
to synthetic inversion results [9]. It involves 12800 forward calculations of the acoustic 
field, which were found to be necessary for convergence. 

The fitness of a parameter value combination is characterized by an energy function. 
Several energy functions are suggested in literature [10, 11]. Most associate a better fit 
with lower energy. Their major difference is whether they treat the data coherent in the 
spatial or frequency domain. For multi-tones, which do not contain frequency coherent 
information, generally, a standard Bartlett processor [5] is chosen, such as here. For 
frequency modulated waveforms the relative magnitudes and phase, in general, are known. 
Therefore, frequency coherent processing is applied to the chirp signals, according to [11]. 

The model chosen for calculating the acoustic field per frequency f is a standard normal 
modes model. Normal modes solve the wave equation through eigenvalue decomposition. 
The computational complexity of the eigenvalue decomposition, in general, is cubic with 
the number of eigenvalues [12]. This number of eigenvalues is directly related to the 
number of normal modes Nm, or eigenvectors. In turn, Nm is related to the frequency and 
the environmental conditions, as described in [13]. 
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Here, HW and HS are the water depth and sediment thickness, respectively. Further, c is 
the sound speed averaged over the water column and sediment layer, and cb is the sound 
speed of the sub bottom. Since a range independent environment is assumed, variations in 
NM will be dominated by frequency changes. For the frequency ranges considered, the 
number of modes ranges between 9 and 26 for the low-frequencies and can reach up to 
114 for the mid-frequencies. 
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4. RESULTS  

In the scope of the MREA project, it is investigated to what extent the efficiency of the 
geoacoustic inversion can be increased within the accuracy limits of its applications, by 
either reducing the number of frequencies accounted for or by employing low frequencies 
only. Both, chirps and multi-tones in the two frequency bands of 300-800 Hz and 800-
1600 Hz are considered for this analysis. The inverted parameters, which are introduced in 
Sec. 3 and are presented in the following, have been averaged over approximately 50 m (3 
sequences of signals), in order to reduce variations that occur due to the limited number of 
observations (4 hydrophones) and imperfectness in the environmental model. Since, per 
signal type, different numbers of signals are available in a single sequence, the amount of 
data involved in the averaging process varies. In total, averaging incorporates 3 multi-
tones, 6 low-frequency chirps, or 9 mid-frequency chirps. 

For studying the effect of reducing the number of frequencies, we first investigate the 
low-frequency chirp signals, since they employ the lowest number of normal modes (see 
Eq. 1). These signals in the band of 300-800 Hz are selected at 2 Hz, 10 Hz, and 20 Hz 
intervals, thus accounting for 250, 50 and 25 frequencies for establishing the acoustic 
field, respectively. The estimated environmental parameters are presented in Fig. 2.  

 

 
 

Fig.2: Averaged environmental parameters (from left to right and top to bottom: water 
depth, sediment thickness, sound speed of the sediment and subbottom, density of the 

sediment and subbottom, and attenuation of the sediment and subbottom) between 
locations ST3 and ST7 estimated by geoacoustic inversion of the 300-800 Hz chirp 

signals, sampled at 2 Hz (dots), 10 Hz (black line), and 20 Hz (red line).  
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Here, the averaged results of the 2-Hz sampling are considered as reference. They are 
plotted as colored dots, with the color indicating the energy of the best fit. Results of the 
inversions with 10- and 20-Hz sampling are given as black and red lines, respectively. It 
can be seen that the results are comparable for all three sampling rates and for most of the 
estimated parameters. However, less sensitive parameters, such as densities, benefit from a 
larger number of frequencies. Still, inaccuracies in the results obtained from the 10- and 
20-Hz sampled signals lie within a single standard deviation (not shown) of the 2-Hz 
sampled estimates, which is assumed to be sufficient for sediment classification purposes. 
For other applications that require more accurate results, fast inversions based on 20-Hz 
sampling can provide limits for the search range, which in turn can reduce the 
computational time of the inversions when applied to a larger amount of frequencies. 

 
The following comparison of the low-frequency results to mid-frequency results is 

meant to provide information on the additional value of the mid-frequency inversions. The 
800-1600 Hz mid-frequency chirps have been sampled at 10-Hz intervals, thus employing 
80 frequencies. The results, which have also been averaged over three sequences, thus 
approximately 50 m, are presented by the black lines in Fig. 3. Again, the results of the 
inverted 2-Hz sampled low-frequency chirps (colored dots, taken from Fig.2) are given as 
reference.   

 

 
 

Fig.3: Comparison between averaged geoacoustic inversion results from low-frequency 
chirps, sampled at 2 Hz (dots) to those obtained from either mid-frequency chirps, 

sampled at 10 Hz (black line) or 32-frequency multi-tones (red line). The results are 
averaged over approximately 50 m. 
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Clearly, deviations between the low- and mid-frequency results are observed in all 
parameters. Causes for these deviations can be manifold and have to be further 
investigated. We assume this behavior to be due to the possible malfunctioning of the mid-
frequency source. Especially, density estimates of the sediment (s) and subbottom (b), 
which in general should be higher for the subbottom, give rise to the assumption of 
erroneous mid-frequency signals. Also the sparseness of the sampling might influence the 
results. However, averaging applied to the mid-frequency signals involves more signals 
than the averaging applied to the low-frequency signals.  

A further comparison with the multi-tone inversions (Fig. 3, red lines), which contain 
both low- and mid-frequency information, confirms deviations in the inversion results, 
when employing mid-frequency signals. Here, however, deviations might also be due to 
differences in processing strategies, either frequency or spatial coherent, and due to the 
different amount of signals included in the averaging process, which are twice as much for 
the low-frequency chirps. 

From these results an additional value of the mid-frequency inversions can neither be 
confirmed nor rejected. 

5. CONCLUSION  

Geoacoustic inversions have been carried out for signals in the low- (300-800 Hz) and 
mid-frequency range (800-1600 Hz) at different sampling rates. In general, accounting for 
more frequencies increases the accuracy of the inversions. The required accuracy, 
however, depends on the application. The following conclusions are based on the aim of 
mapping sediment classes. For the low-frequency chirps it is found that the number of 
frequencies could at least be reduced by a factor of 10, compared to the original sampling 
of 1 Hz. Still, this sampling rate corresponds to 50 times 12800 forward calculations of the 
acoustic field during the optimization process, with each employing 9 to 26 normal modes. 

For some parameter estimates, such as the sediment thickness and sound speed in the 
subbottom, even a reduction to 25 low-frequencies is feasible. Other parameters, however, 
benefit from additional frequencies taken into account. In applications that require an 
increased accuracy, accounting for these 25 frequencies only might be a suitable setting 
for preliminary inversions. From this, a number of parameters can be fixed and search 
ranges for the remaining parameters can be reduced, before being included in a more 
accurate second inversion step, only inverting for those parameters that require a higher 
frequency resolution. 

Inversions of both the mid-frequency chirps and the multi-tones, which cover the entire 
frequency range, show deviant behavior for all inverted parameters. Since both inversions 
involve signals from the mid-frequency source, it is hypothesized that this behavior is 
related to a possible unknown directivity of the source. This has to be further investigated. 
Conclusions regarding a possible additional value of mid-frequency inversions is, 
therefore, not possible at this stage. 

Frequency incoherent inversions of multi-tone signals, in general, would be preferable 
in terms of computational time. However, disagreement that is observed in the inversion 
results obtained from the chirps and the multi-tones might also be caused by the use of 
different energy functions; the multi-tones are processed spatially coherent, whereas the 
chirps are processed frequency coherent and account for source characteristics. 
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Abstract: In 2009, Ministry of Education, Culture, Sports, Science and Technology 
(MEXT) started the survey system development for hydrothermal deposit. We proposed the 
Vertical Cable Seismic (VCS), the reflection seismic survey with vertical cable above 
seabottom. VCS has the following advantages for hydrothermal deposit survey. 
 
(1) VCS is an effective high-resolution 3D seismic survey within limited area. 
(2) It achieves high-resolution image because the sensors are closely located to the target. 
(3) It avoids the coupling problems between sensor and seabottom that cause serious 
damage of seismic data quality.   
(4) Various types of marine source are applicable with the VCS such as sea-surface 
source (air gun, water gun etc.), deep-towed or ocean bottom sources. 
 
Our first experiment of 2D/3D VCS surveys has been carried out in Lake Biwa, JAPAN, in 
November 2009. The 2D VCS data processing follows the walk-away VSP, including wave 
field separation and depth migration. Seismic Interferometry technique is also applied. 
The results give much clearer image than the conventional surface seismic. Prestack depth 
migration is applied to 3D data to obtain good quality 3D depth volume. Uncertainty of 
the source/receiver poisons in water causes the serious problem of the imaging. We used 
several transducer/transponder to estimate sensor positions. The VCS seismic records 
themselves can also provide sensor position using the first break of each trace and we 
calibrate the positions. 
 

Keywords: Vertical Cable Seismic, Hydrothermal Exploration, High-resolution Seismic 
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1. INTORDUCTION  

Hydrothermal vents are commonly found near volcanically active places, areas where 
tectonic plates are moving apart, ocean basins, and hotspots. Potential deposits of lead-
zinc-copper sulphide are generated by cooling hot water around the vents. There are about 
ten hydrothermal deposits found around the water depth of 1000m along the Izu-
Ogasawara Arc and the Okinawa-Trough in Japan. The water depths of the hydrothermal 
deposits are from 700m to 1600m, which is rather shallow in the world. That is because 
the development of the hydrothermal deposits has great advantage in Japan. 

But the deposits often exist in very thin layer and spatially limited area surrounded by 
complex seabottom feature like volcanic caldera. Some hydrothermal vents form roughly 
cylindrical chimney structures. In these circumstances, it is difficult to evaluate the deposit 
resource efficiently using the conventional exploration techniques, such as marine seismic 
or electromagnetic method. In 2009, Ministry of Education, Culture, Sports, Science and 
Technology (MEXT) of Japan started the system development program for the 
hydrothermal deposit survey. 

We have proposed the reflection seismic survey with vertical cable recording geometry, 
which is named as VCS (Vertical Cable Seismic). The features of the VCS are suitable for 
the hydrothermal deposit exploration.  As a feasibility study of this technique, we carried 
out the first experiment of 2D/3D VCS survey in Lake Biwa, in November 2009. The 
results from the experiment indicate that the VCS performs well for high-resolution 
imaging. It is concluded that the VCS is effective and continue to develop the autonomous 
recording system available in actual ocean. 

In this paper, we overview the development of the VCS, discuss technical results 
obtained with this system, and present plans for enhancing the capabilities of the system. 

2. GENERAL CONCEPT OF VCS 

The VCS uses some hydrophone cables which stand vertically from ocean bottom. The 
hydrophones record the reflection of the acoustic waves shot with surface source, deep 
towed source or ocean bottom source. The general survey schema is illustrated in Fig. 1. 
The subsurface structure is imaged using the VCS reflection data like VSP (Vertical 
Seismic Profile). This data acquisition technique has been proved as an potential method 
for exploration of different types of 
prospects ([1] [2] [3] [4] [5]) especially for 
complex structure imaging due to the high 
data quality and full azimuthal coverage of 
target areas. It was limitedly used for oil 
exploration in the late 1990s, but does not 
yet have widespread use.   

For hydrothermal deposit area, the VCS 
has great advantages over the conventional 
seismic methods as follows: 

1. It achieves high-resolution 3D image in 
a limited area. Because hydrophone sensor is 
close to target, the Fresnel volume is smaller 
than MCS (Multi Channel Seismic) and the 

 
 

Fig. 1 Survey schema of VCS with surface-
towed source. 
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background noise level is significantly decreased. The target of hydrothermal deposit is 
within 1km x 1km around the depth of 1000m. The conventional 3D MCS with long 
streamers is not effective and the VCS is the good alternate to obtain the 3D image in the 
complex hydrothermal area. 

2. Ocean bottom condition is too rough to deploy ocean bottom sensors, such as OBC 
or OBS. Vertical cables are located on the seabottom, but the sensors are in water column 
and the coupling problems could be avoided. Reflection points are spread with the VCS 
geometry and we can image the very shallow interface. The vertical hydrophone array can 
separate the wave field to upgoing (reflection) and downgoing wave (direct wave and 
ghost). It also distinguishes the scattered waves in complex feature in hydrothermal area. 

3. Various types of marine sources are applicable with the VCS such as sea-surface 
source (air gun, water gun etc.), deep-towed and ocean bottom source according to the 
exploration target. 

3. EXPERIMENTS IN LAKE BIWA 

3.1. Data Acquisition Experiment 

The first VCS experiment has been carried out in November, 2009 in Lake Biwa. The 
experiment is the first step of the feasibility study of the VCS availability for high 
resolution 3D subsurface images. A 24 
channel hydrophone cable is used for this 
experiment. The cable is not stood 
vertically from the lake bottom, but it is 
hung down from the boat on the surface as 
shown in Fig.2. GI gun (30 cu. in) and 
water gun (10 cu. in) are adopted for 2D 
surveys. The shot interval is 10m and 2D 
line is 1.5km. For 3D survey, only GI gun 
is used. The shot line spacing is 20m and 
30 lines are set. The shot interval is also 
10m and each line length is 600m, 
therefore the 3D coverage area is 600m x 
600m. Sampling rate is 0.25msec and 
record length is 2sec. 

3.2. Field Data 

The field data are shown in Figs 3-4. Fig.3 shows the three successive shot records. The 
downgoing wave and upgoing wave is clearly recognised.  The direct wave and the 
multiple reflections from the surface are considered as downgoing wave and the 
reflection is upgoing. We can easily separate the wavefield in the data processing stage. 
Fig.4 shows the common receiver records of the top hydrophone.GI gun has more 
power and lower frequency content of seismic signals. It penetrates to the deeper part 
of the lake sediments and many reflectors can be recognized. Water gun has high 
frequency but only the reflection from the bottom is clearly recognized. 

Conventional MCS 
LINE54-2

Conventional MCS 
LINE54-8

Vertical cable

VCS 2D Survey

1500m

VCS 3D Survey

600mx600m

 
Fig.2 Survey map in Lake Biwa. Green line 
shows 2D shot line and orange rectangle area 
shows 3D shot area. A vertical cable is located 
in the centre. 
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4. DATA PROCESSING 

4.1. 2D/3D imaging 

The vertical cable is fixed to the bottom during recording unlike the towed streamer 
which follows the shooting boat. The vertical cable is kept under tension by an anchor 
at the bottom and syntactic foam buoys at the top. The cable is kept close to a vertical 
position(less than 3 degrees) using an anchor attached to the lower end of the cable. 
The VCS survey geometry is similar to 
walk-away VSP and the data processing 
follows VSP data processing, including 
wave field separation [7] and prestack 
depth migration (PSDM) [8]. The 2D 
depth section is shown in Fig 5(right) with 
the conventional surface seismic and the 
3D depth volume with the size of 500m x  
500m x 1000m is shown in Fig 6.  
The Seismic Interferometry (SI) technique 
is also applied for the 2D VCS data. It is 
one of the datuming techniques to 
synthesize virtual source records by 
crosscorrelating the seismograms. By 
applying the SI to the VCS common 
receiver records, the redatumed data are 
corresponding to the reflection survey 
data that the shot and receiver points are 
located at all original shot positions. Then, 
the redatumed seismic data can be 
processed based on the conventional CMP 
stacking technique. The SI imaging with 
the VCS survey data is a powerful 
technique to obtain the reflection profiles 
from just below the sea bottom. Fig 2 
(middle) shows the 2D section by SI. It 
provides the velocity information by 

 
Fig. 3 VCS shot record. (GI Gun) 

 

 
Fig. 4 Common Receiver Gather. 

(top hydrophone) 
 

2D  stack/migrated images

Conventional MCS

1.5km

Seismic Interferometry VSP Depth Migration
 

Fig. 5 2D seismic images. Left figure shows the 
stacked time section of conventional MCS, 
middle shows the VCS stack time section with 
SI and right shows the VCS prestack depth 
migrated section. 
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Fig.6 VCS 3D Prestack depth migrated volume. 
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stacking velocity analysis. These results give clearer image than the conventional 
surface seismic.  

4.2. Positioning 

Navigation and underwater positioning is crucial issue for the data processing, because 
high resolution imaging is requested for hydrothermal deposit survey. The positions of 
hydrophones are determined by slant-ranging(S/R) using the 7 transponders attached on 
the vertical cable. Moreover we verify the positions using the first break arrival time 
derived from seismic data. The differences between the positions from S/R and from 
the first break are less than 1m. The positions derived by the first break are considered 
to have enough accuracy for data processing. We also conclude that the vertical cable 
was kept under tension by an anchor at the bottom and syntactic foam buoys at the top. 

5. DEVELOPMENT PLAN 

Based on the experiment in Lake Biwa, we have developed two vertical cables with 8 
hydrophones (interval 10m), which are autonomous recording systems at ocean bottom 
shown in Fig.7. 

The system features has the following 
features. 
(1) Autonomous recording system on 

seabottom with 8 hydrophones. The 
sampling rate is 10 kHz. The high 
accuracy rubidium clock is devised in 
the system. 

(2) Acoustic positioning system 
(transponder). After deployment of the 
vertical cable, we measure its position 
with acoustic positioning survey. the 

(3) Tandem-type reliable acoustic 
releaser. After recording on 
seabottom, the acoustic signal is 
transmitted from the sea surface and 
the anchor should be released to 
recover the vertical cable. 

(4) Some peripheral devises: inclinometer 
to monitor the attitude of the vertical 
cable. 

(5) On board deployment/recovery 
control system with underwater 
acoustic modem. 

(6) Maximum operational water depth is 
2000m. 

The system performance test to establish the way of deployment/recovery and examine 
the position through the current flow was carried out in December, 2010. A cruise to the 

 
 

Fig. 7 Autonomous VCS recording system. 
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hydrothermal area in Okinawa Trough with deep-towed source has been carried out in 
February, 2011. A cruise with ocean bottom source survey will be planned in the actual 
hydrothermal area in Oct. 2011. 

6. CONCLUSION AND DISCUSSION 

Through the feasibility study with Lake Biwa experiment, the VCS is applicable for 
hydrothermal exploration, because it gives high resolution 3D images. The VSP data 
processing can be adopted as well as seismic interferometry to obtain the subsurface 
images. 

We found that one of the crucial problems is positioning. In case of shooting on sea 
surface, GPS navigation system are available, but in case of deep-towed source the 
accuracy of shot position with SSBL/USBL is not sufficient for the high-resolution 
processing. We described in section 4, the shot points can be calculated using the first 
break of the VCS data. Once VCS locations are estimated by the acoustic slant ranging, 
we calculate accurately underwater shot positions using multiple VCS records. Totally 
four sets of VCS is planed for the experiment in 2011 and we will verify such approach. 
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Abstract: Reverberation is a problem for active sonar operating in shallow waters, 
reducing detection probabilities and introducing false alarms. Within the European 
Defence Agency project Rumble-2, a demonstrator system has been developed for 
”through the sensor” measurement of the bottom parameters needed to predict active 
sonar detection performance. An operational low-frequency active sonar is used along 
with a real-time inversion method. The demonstrator is a self-contained unit that reads 
sonar data without interfering with the on-going sonar operation. Several sea trials have 
been performed demonstrating its good performance. The inversion results are consistent 
with ground truth. Moreover, similar results are obtained for trials in the same area with 
quite different environmental conditions. The demonstrator tool is based on several 
simplifying assumptions, such as range independence and a homogeneous half-space 
bottom. Off-line studies, made with a sediment layer, show that the effects of a range 
dependent bathymetry are small in the survey area. In addition, it is shown that inversion 
for a grain size parameter and utilization of regression formulas for sediment sound speed 
and absorption are useful for stabilizing some inversion parameters.  

Keywords: Reverberation, inversion, mean grain size, rapid environment assessment (REA).  
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1. INTRODUCTION 
  
Accurate seismo-acoustic parameters of the seabed are required to produce reliable 
predictions of active sonar detection ranges. The bottom parameters of main interest are 
sediment sound speed, density, and absorption, and the Lambert parameter (or some other 
measure of the back-scattering strength due to bottom roughness). Validated techniques 
are needed to estimate these parameters. This estimation should preferably be performed 
in real-time, to enable tactical support at on-going surveillance operations.  

The EDA (European Defence Agency) project Rumble-2 aims at developing such 
techniques. A frigate with a low-frequency towed-array active sonar system (Captas from 
Thales Underwater Systems) is used. The system operates with HFM (hyperbolic 
frequency modulation) pulses centred at about 1.5 kHz, and a triplet receiver array allows 
left-right discrimination. After beam-forming in the broad-side direction and matched 
filtering, the time series from each sonar ping is transferred to the inversion system. 
Global optimization methods are used to minimize a cost function representing the 
difference between observed and modelled reverberation time traces. Those bottom 
parameters that provide the best match are selected, displayed, and stored. As the ship 
moves on, more and more of the sea bottom is covered, and bottom charts can be 
displayed for the estimated parameters.  

A demonstrator system has been developed and successively used in several sea trials 
in the North Sea outside Norway. Using the estimated bottom parameters, current 
detection and counter-detection distances for the operation can be estimated with a 
standard sonar support system. “Through the sensor” REA (rapid environment 
assessment) capability is achieved, in the sense that the additional data processing does not 
interfere with the on-going surveillance sonar operation,.  

The plan of the paper is as follows. A brief description of two of the sea trials is given 
in Sec. 2. The inversion method and actual inversion results are presented in Secs. 3 and 4, 
respectively. These results have been produced off-line, relaxing several simplifying 
assumptions made in the demonstrator itself: actual bathymetry data are used, and 
sediment thickness is included as an additional parameter. Most importantly, however, a 
mean grain size parameter (Mz, in  units) is introduced to stabilize the inversion. 
Specifically, sediment sound speed, density, and absorption are determined as functions of 
Mz by known regression relations. Conclusions are formulated in the final Sec. 5.  

2. SEA TRIALS AND ENVIRONMENTAL INFORMATION 
 
Four sea trials have been performed, two of them, ST2 and ST4, in the North Sea west of 
Bergen. The measurement geometry was bistatic with a horizontal offset of about 500 m 
between the source and the receiver array. The source and receiver depths were about 110-
120 m during ST2, and 60-100 m during ST4.  

The Bergen area was extensively surveyed by FFI in 2003-2008. Single beam 
echosounder data at 38 kHz were collected and used to classify the seabed [1]. The classes 
were identified by taking bottom samples to range from mainly clay to sand with varying 
amounts of gravel [2], see Fig. 1. In  units, the mean grain size for sand typically varies 
between −1.0 and 4.0, while the grain size for silt is between 4.0 and 9.0.  

The trial area is relatively flat, with bottom depths between 260 and 320 m. ST2 was 
performed in June 2010, with a sound speed profile that was mildly downward refracting 
below a surface duct with a thermocline at depth 50 m. The environmental conditions 
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during ST4, performed in October 2010, were different, with an irregular sound speed 
profile and high wind speeds, for example.  

  
 

Fig.1: Classification of the Bergen area into four seabed types. The numbers indicate, in  
units, the median (not mean) grain size values, as measured from bottom samples [2].  

3. INVERSION METHOD 
 
A global optimization method, differential evolution, is used to determine the bottom 
parameters that provide the best match between the measured and modelled reverberation 
time traces. A fast ray model is used for the forward computations. The bottom parameters 
are the Lambert back-scattering parameter and a number of parameters that control the 
reflection coefficient at the bottom: sound speed c, density ρ, and attenuation α of the 
sediment as well as the underlying bedrock, and sediment thickness. Reverberation data do 
not constrain all these parameters to unique values, however. Nielsen and Harrison [3] 
combined reverberation and propagation data to stabilize the inversion, while van Vossen 
et al. [4] presented values of the reflection coefficient at a certain characteristic grazing 
angle (10o).  

The present paper uses another way to reduce the ambiguity problems. The mean grain 
size Mz is used as a common descriptive parameter. Relevant regression relations exist, 
that go back to work by Hamilton and Bachman. They are based on Mz, in  units, and 
they are depicted in Fig. 2. The relations are valid in the mid-frequency regime (1-10 
kHz), for the upper few metres of the seabed, and they can be found in Table 4.18 of [5]. 
The indices w and sed in Fig. 2 indicate the values in the water (just above the bottom) and 
in the sediment for the indicated parameter. The regression relations are here used as hard 
constraints (i.e., deterministic relations) at the inversion. In essence, each parameter triplet 
(csed, ρsed, αsed) is replaced with a single Mz parameter. An additional advantage is that 
ground truth values for the grain size are available. Mean grain size values could not be 
computed from the grab samples, but related median values are shown in Fig. 1.  

 

Mainly clay with some silt and varying amounts of sand
Mainly silt with some clay
A mixture of clay, silt and sand
Mainly sand with a mixture of clay, silt and gravel
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Fig.2: Regresson relations for sediment sound speed csed, density ρsed, and absorption αsed. The 

independent parameter is mean grain size Mz, in  units.  
 
The search region for Mz is taken as 0.0     <   Mz   <   9.0   .The Lambert parameter 

μ, for the back-scattering from the bottom, is also included in the inversion, with search 
interval [−40.0 dB, 10.0 dB]. A third inversion parameter is the sediment thickness h, with 
search interval [0.01 m, 25 m]. The part of the bottom below the sediment layer is 
modelled as a homogeneous half-space with sound speed 1950 m/s, density 2.1 g/cm3, and 
absorption 0.4 dB/wavelength. Its solid character is incorporated by using 600 m/s and 1.0 
dB/wavelength for shear-wave sound speed and absorption, respectively. Numerical 
experiments show that these half-space parameters are not very sensitive.  

4. INVERSION RESULTS 
 

 
 
Fig. 3:ST2 inversion results for mean grain size Mz in  units (left panel) and Lambert μ in dB 

(right panel). Each circle represents a port or starboard ping result, displaced 1 km from the track 
of the frigate. The ground truth bottom classification is also indicated, with brown, blue, and 

green for mainly sand, silt, and clay, respectively.  
 
The mean grain size Mz and Lambert μ results for ST2, performed in June, are shown 

in Fig. 3. Each track sailed by the frigate is represented twice, with port and starboard ping 
inversion results denoted by circles at about 1 km from the track. The panels of Fig. 3 also 
show relevant parts of the bottom classification from Fig. 1. As expected, low Mz values 
mainly occur in the sandy southern part, particularly for the beams looking south, which is 
consistent with the numerical values in Fig. 1. High Lambert μ values of about −13 dB 
appear in the sand, while low values of about −20 dB appear in the silty western part.  
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The results from ST4 are shown in Fig. 4. Despite the quite different environmental 
conditions, the main features from the ST2 results are repeated. Low Mz values appear for 
south- and east-looking beams in the sand, cf. the ground truth values in Fig. 1. The 
highest Lambert μ values appear in the south-east part where sand dominates.  

 

 
 

Fig. 4: Inversion results as in Fig. 3 but for ST4, performed in October.  
 
The inversion computations provided modelled reverberation time traces with very 

good fit to the measured ones. In general, the rms (root-mean-square) misfit is between 0.5 
and 1 dB. The third inversion parameter, sediment thickness h, typically varies between 2 
and 7 m. (Some larger values also appear for ST4, but they may be less certain because of 
a larger misfit.) The results presented have been produced with range-dependent 
computations, taking the actual bottom bathymetry into account. Range-independent 
computations give very similar results, however.  

 

 
 

Fig. 5: Distributions of the ST2 inversion results from Fig. 3, categorized by ground truth 
bottom type. The scale for the vertical axes is such that a uniform distribution would be 

represented with the value 1.  
 
The ST2 results of Fig. 3 are presented as distributions for each ground truth bottom 

type in Fig. 5. The Mz values range from about 4.0 to 9.0 (in  units), and the distributions 
for the three bottom types show interesting differences. Again, the lowest values are 
obtained for sand. Concerning the Lambert parameter, rather similar distributions are 
obtained for sand and clay, whereas the distribution for silt is shifted to lower values 
corresponding to less back-scattering. This is consistent with inversions reported in [4].  
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Fig. 5 also shows regions dominated by sand with higher Mz values, similar to those 
for the silt and clay regions. A possible reason is the limited resolution: each circle in Fig. 
3 actually represents an inversion carried out over a distance of up to 7.5 km 
(corresponding to a two-way traveltime of 10 s) from the frigate track. For example, the 
yellow circles at longitudes of about 4.5o, for beams to the north from the track at latitude 
60.05o, may appear because areas dominated by silt as well as clay are involved.  

Fig. 6 shows analogous distributions for the ST4 results. Except that the peak for sand 
at about 4.5   for Mz is less prominent, the agreement to Fig. 5 is satisfactory.  

 

 
 

Fig. 6: Distributions of the ST4 inversion results from Fig. 4, for the bottom types. 

5. CONCLUSIONS 
 

A demonstrator system has been developed for real-time estimation of bottom parameters 
using a low-frequency active sonar. Successful sea trials have been made in the North Sea, 
providing results consistent with ground truth under different environmental conditions. 
Extensive off-line inversions show  

 only small effects of bistatic geometry and varying bathymetry in the survey 
area, giving support to simplifying assumptions made in the demonstrator 

 potential for utilizing empirical regression relations to replace sediment sound 
speed, density, and absorption by a mean grain size Mz parameter at inversion.  
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 GEOACOUSTIC INVERSION USING AMBIENT NOISE AND 
REVERBERATION DATA 

J.R. Wu, E.C. Shang, L. Ma, J.L, Zhang 

J.R. Wu, No.21, BeiSiHuan XiLu, Haidian District, Beijing, China, 100190, China 
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Abstract: A new energy-flux model of waveguide reverberation based on Perturbation 
theory has been developed recently. There are only three environmental parameters (P, Q, 
M) in the new reverberation model. It has clear physical picture and it is satisfied the 
waveguide constraint without any adjustable parameters. It is shown that the 
contributions of parameter P and Q are mutual compensated (coupled) for a fixed 
reverberation data, therefore it is hard to extract both of them simultaneously. Therefore, 
ambient noise data of “Qingdao-2007 experiment” in Yellow sea shallow water area was 
used to extract Q firstly. Then, parameters P and M at different frequencies were extracted 
from the reverberation data at the same experiment area. Finally, the frequency 
dependency of the three environmental parameters was concluded. 
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 BEAMFORMING APPROACHES FOR ESTIMATING SEABED 
PROPERTIES FROM AMBIENT NOISE 

Martin Siderius, Lanfranco Muzi 

Martin Siderius, 1900 SW 4th Ave., Suite 160-11, Portland OR, 97201, United States 
siderius@pdx.edu 

Abstract: In recent years, the feasibility of using ocean ambient noise to estimate the 
seabed bottom loss and layering has been shown. One technique (Harrison and Simons, J. 
Acoust. Soc. Am, Vol. 112 no. 4, 2002) uses a vertical array of hydrophones to steer 
beams towards the surface and towards the seabed and by averaging the noise from the 
surface and comparing with noise from the seabed the losses due to the bottom can be 
determined (i.e. a bottom loss curve is estimated). The beamforming is an important 
component of ocean noise processing and array length and hydrophone spacing determine 
the usable frequency band and quality of estimates. To minimize these beamforming 
effects high-resolution adaptive beamforming (ABF) techniques were applied to both 
measured and simulated ambient noise data. In this presentation, results of the 
application of ABF to both synthetic and measured ambient noise data will be presented 
and compared with conventional beamforming (CBF) for bottom loss and seabed 
layering. Results show that in some cases ABF techniques produce excellent results, 
whereas other cases show surprisingly poor performance. 
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 ACOUSTIC INVERSION WITH BROADBAND MFP FOR SEABED 
CHARACTERIZATION IN OAEX'10 EXPERIMENT 
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Federal University of Rio de Janeiro (UFRJ) , Technology Centre, Ilha do Fundão, Rio de 
Janeiro/RJ, Brazil 
Université libre de Bruxelles (U.L.B.), Av. Franklin D. Roosevelt, 50 CP 194/5, 1050 
Brussels, Belgium 

Lussac Prestes Maia, Centro de Apoio a Sistemas Operativos (CASOP), Ilha de Mocanguê, 
s/n, Niterói/RJ, Brazil, maia@casop.mar.mil.br, Fax 0-55-22-26229063 

Abstract: Acoustic inversion techniques are often used to characterize portions of the marine 
environment or the seabed. Matched field methods as, e.g., the well known conventional 
“matched field processing” (MFP) or the “model based matched filter” (MBMF), are able to 
estimate the best fit from the correlation of modelled acoustic pressure fields with the field 
measured in an array of hydrophones in the first case, or with the impulsive response in time-
domain in the second case. The results of the whole process show estimations of physical 
parameters that could represent the seabed (attenuations, densities, sound speeds), the water 
column (sound speed profile, depth) or the geometries (receiver depth, source depth, source-
receiver range). The technique can be tuned and applied to geoacoustic inversion, acoustic 
tomography or passive source localization. The present work proposes to present the analysis 
and results of MFP inversion with broadband data recorded on a 8-hydrophones array 
during the geoacoustic run of the Ocean Acoustic Exploration 2010 experiment (OAEx'10) 
nearby Arraial do Cabo city, off the south-east coast of Brazil. The analysed acoustic signals 
are multi-tones over the frequency band 250 Hz--1000 Hz emitted by a source positioned at 
700-m from the receivers, in a environment considered range-independent. Normal modes 
model, space-coherent Bartlett cost function and genetic algorithm optimization are used to 
estimate the best replica field and the physical parameters from seabed, producing results in 
reasonable agreement with previous geophysical ground truth from this brazilian site. 
 
Keywords: Acoustic inversion, matched field processing, normal modes model, genetic 
algorithm. 
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1. INTRODUCTION 

In underwater acoustics, the propagation of sound at sea is a process whose complexity is 
given by the wide diversity of phenomena and properties occurring in the environment. 
Particularly in shallow water, the interaction of the sound energy with the bottom greatly 
affects the behaviour of the acoustic waves, being the compressional speeds, densities and 
attenuations the main properties that influence the interference caused by this boundary 
condition. Acoustic inversion [1, 2, 3] enables to estimate those geophysical parameters and, 
in addition, can also estimate geometric parameters like, e.g., source-receiver range, source 
depth and receiver depth, among others. 

Inversion processes correlate modelled fields of acoustic pressure data with observed field 
recorded in one array of hydrophones, exploiting frequency and/or space diversity of the 
propagation. Matched Field Processing (MFP) with multiple frequencies [3, 4] is used in the 
present work to invert geoacoustic and geometric parameters. Conventional MFP involves a 
linear processor to analyze discrete and sparse frequency signals emitted by a source and 
received on a vertical array to sample sufficient data for the representation of the water 
column. Continuous waveform (CW) can be used covering a large bandwidth. The signal is 
divided using overlap and analyzed so that the mean of the segments yields a stronger 
estimation of the correlation matrix. 

 

 
 
Fig.1: OAEx'10 experiment site. The acoustic run transect (blue line) is placed on the core 

(red triangle) number 9, near the 40-m isobath. 
 

This article presents results of Bartlett MFP acoustic inversion applied to real data 
collected in one of the acoustic runs of the campaign Ocean Acoustic Inversion 2010 
(OAEx'10). Since those underwater acoustic measurements were done near over the isobath 
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of 40-m in a reasonable homogeneous environment and short range transect, the site is 
considered range-independent, i.e., its physical parameters are expected not to vary 
significantly along the distance between the source and the receiver. A vertical array 
composed by 8-hydrophones is used to record the acoustic data. The processor involves 
frequency domain normal mode model for approach the Green's function of the channel, 
using SAGA [5] and SNAP [6] packages. Some earlier geophysical data was recorded in the 
site of the experiment, giving some ground truth for seabed. The results and this ground true 
are compared, showing reasonable agreement. The remainders parts of this work are 
presented: Section 2 describes briefly the OAEx'10 experiment, the characteristics of the 
equipment used and the environment. Section 3 shows the processing applied to solve the 
inverse problem. Section 4 presents the results and the conclusion is showed in Sec. 5. 

2. OAEX'10 EXPERIMENT 

The Ocean Acoustic Exploration 2010 (OAEx'10) was a multidisciplinary campaign done 
in November 2010 off the southeast coast of state of Rio de Janeiro, nearby Arraial do Cabo 
city, which aimed record data for acoustic and oceanographic experiments. Sequences of CW 
signals and linearly frequency modulated (LFM) signals were emitted by a source for 
acoustic inversion purpose. Here the CW signals are inverted for geoacoustic characterization 
using geometric physical parameters focalization [3, 4].  

The fig. 2 illustrates the OAEx’10 experiment. The research vessel “Aspirante Moura” and 
the boat “Guarapari”, both belonging to the Brazilian Navy, participated to the sea trial 
deploying the source and the array of hydrophones, respectively. Equipments as CTD, 
echobatimeter, GPS and hydrostatic pressure sensor were employed during the experiment. 
Earlier seismic profiles and grab samples from the seabed were displayed. This work has 
focus on the data acquired on November 20, 2010, during the active acoustic measurements 
on the site of core number 9. 

 

 
Fig.2:  OAEx'10 experiment. The sketch shows positions and configurations for ships and 

equipments during the acoustic measurements on the core#9 site. 
 

     The R/V “Aspirante Moura” deployed a source at 10-m depth emitting sequences of 
signals to a vertical array of 8 hydrophones 3-m equally spaced from 4-m to 25-m depth 
deployed from the boat “Guarapari”, which was positioned at 700-m range from the source. 
A sequence of signals was repeated every minute during 10 minutes, consisting of one multi-
tone CW signal (250 Hz--1000 Hz) followed by one LFM signal (250 Hz--2000 Hz), as the 
spectrogram shows in the figure 3. The CW signals of the nine first sequences are 
independently inverted in this work. 
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Fig.3: Sequence of CW and LFM signals emitted every minute, during 10 minutes. 
Spectrogram of the acoustic data recorded on the deepest hydrophone during the 6th 
sequence. 
 

In the moments just before and just after the acoustic measurements, CTD was employed 
to obtain water sound speed profile aiming correctly characterize the water column in the a 
priori  settings for the acoustic model. Hydrostatic pressure data was available from a pressure 
gauge positioned joint to the acoustic source, which was set to 10-m depth. This data was 
collected one day before the acoustic measurements analyzed here, because of restrictions on 
the availability of the pressure gauge for November 20. In spite of this, the data was useful 
for initial assessment of the influence of environment on the source position. The fig.4 shows 
that the water column produces downward behaviour in sound rays mainly until 16-m depth. 
After this depth the sound speed profile is approximately constant. Also, one can see from the 
histogram aside that source depth is very near to the planned position of 10-m depth. 

 

 
 

 

Fig.4: Water sound speed profile collected from CTD just before the acoustic measurements 
on core#9 site (left). Histogram of the hydrostatic pressure data collected from pressure 
gauge positioned joint to the source set to 10-m depth in November 19, 2010 (right). 
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3. MFP INVERSION PROCESSING  
 
     The conventional MFP uses frequency domain approach to correlate the received signal 
with predicted signals for the channel, which are given by the product between the 
transmitted signal and a predicted transfer function of the medium.  Since huge search space 
are generated in the ocean acoustic inversion processing, local search is not sufficient to solve 
the problem and global optimization as, e.g., simulated annealing or genetic algorithm, is 
required. 
     Consider represents the shallow water environment as a waveguide horizontally stratified, 
linear and invariant in time. Then, place in it a vertical array and a source emitting signal 

s(t). Representing the impulsive response by the vector (t)h
r

 and additive noise by (t)u
r

, the 
received signals on the hydrophones will be expressed by the convolution 

(t)u +τ)s(τ)dτ(th=(t)x
T

∫ −
0

rrr
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 The processor estimates the predicted vector of parameters that maximizes the cost 
function. The multidimensionality of the problem causes a huge search space, which is 
optimized here with a genetic algorithm [7]. 

4. RESULTS 

To reach the results presented in this paper, the genetic algorithm was used with 40 
parallel populations of 100 members, with a maximum of 4500 forward propagation calls per 
population, meaning that a total of 180000 calls are made during the optimization process. 
The consequent huge computational cost requires the use of good computational power 
aiming reach results in a reasonable time. The HYDRA cluster [8] was used for this purpose.  

The figure 5 shows results for the signal emitted in the 5-th sequence, presenting a 
posteriori probability distributions (PPD) of the physical parameters inverted. The 
geoacoustic parameters inverted above are the following: sediment depth (thickness of 
sediment layer); compressional sound speed (C-s) at the lower point of the sediment layer, 
considering that it was imposed gradient of 14.0 −s for sediment speed in the a priori 
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environment; sediment attenuation (Att-s); sediment density (Rho-s); compressional sound 
speed of the bottom (C-b); bottom attenuation (At-b) and bottom density (Rho-b). The follow 
geometric parameters are simultaneously inverted: source depth (SD); receiver depth (RD); 
source-receiver range (SRR); water depth and array tilt (distance of the lower hydrophone to 
the vertical line planned to position the array). It is advantageous invert geometric parameters 
together with the geoacoustic ones, in a focalisation process, aiming to avoid biases that 
could be introduced by wrong a priori settings. 

 

 
 

 

 

 

 

 

  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig.5: PPD for the physical parameters inverted with the CW signal from the 5-th sequence. 
 

The high dimensionality involved (12) makes the results not suitable for a direct graphic 
display. Because of this, they are presented in the form of its one-dimensional marginal 
distributions (1-D marginal PPD) of each physical parameter computed from the replica 
populations synthesized during the global optimization. One can see also indicated on the 
graphs the optimal values “maximum a posteriori”, “maximum likelihood” and “mean 
marginal PPD” [5]. 

     The evolution of inversion results for the 9 processed pings emitted at an interval of one 
minute are presented in the figure 6, aiming to show the degree of stability reached. The 
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“mean marginal PPD” criterion is used for this plotting. The inverted source-receiver range is 
stable and close to the a priori data from the respective GPS positions of the source and the 
array. However, most of the parameters show rapid variations. Noise on the acoustic data and 
modeling inaccuracy could explain these variations. It can be noted that the geometric 
parameters are well determined, while most geoacoustic parameters show less stability. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.6: Evolution of results of acoustic inversion for nine sequences of CW signals. 

5. CONCLUSION 
 
     In this work acoustic inversion with Bartlett MFP and genetic algorithm is applied to CW 
signals (250 Hz—1000 Hz) transmitted at one-minute interval and received on array 
composed by eight hydrophones. Since the acoustic measurements are done in an 
environment considered range independent – near over the 40-m isobath and with source-
receiver range of 700-m – becomes suitable to use the normal modes model. The nine signals 
are inverted independently and optimized with a genetic algorithm, using SAGA [5] and 
SNAP [6] for the synthesis of replica fields. Intensive statistics is required by this complex 
multidimensional problem, involving careful tune of settings for good modeling as well as 
observed data of good quality, aiming that the algorithms produce good and meaningful 
results.  

     From the result figures one can see that the inverted geoacoustic parameters show some 
instability, higher than the geometric parameters. It is expected, considering that the 
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complexity involved in the resolution of seabed characterization problem is greater than for 
the resolution of the geometric parameters.  Moreover, it is remarkable that the short 
propagation range results in a weaker interaction with the sea bottom. In spite of this, the 
inversion provides a good estimation of the physical parameters in the area of the experiment, 
showing results consistent with the ground truth (not showed) from earlier assessment with 
cores and shallow seismic. This research confirms the suitability of the well known 
incoherent-in-frequency Bartlett MFP to reach reasonable results for acoustic inversion with 
broadband signals recorded on sparse hydrophone array. 
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Abstract: Mines, located on the sea floor, pose a threat to shipping.  To locate such mines, 
autonomous underwater vehicles (AUVs) equipped with synthetic aperture sonar (SAS) 
systems scan the sea floor producing an acoustic image of the sea floor. Such systems 
generate huge amounts of data. We propose the use of a pre-segmentation stage, in which 
a target specific kernel is employed to extract regions of interest (ROI) from this data. 
This allows online processing of the acquired data, and reduces the amount of data re-
quiring storage and processing in the form of segmentation and classification algorithms. 
This is of particular interest for AUVs with their limited resources.    
 
Keywords: synthetic aperture sonar, mine hunting, real time systems, image processing, 
pre-segmentation.      
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1. INTRODUCTION  

Consider an AUV equipped with a sidescan sonar system travelling at 3 m/s with a ground 
range of 150 m in both port and starboard directions. Such a system will scan 900 m²/s of 
sea floor. If one pixel resolves 25 mm × 25 mm of sea floor, and the received data is com-
plex, 2.8 mega pixels require storing. If each pixel component is stored as type double, 
46.08 Mbytes of storage are required per second. Hence for a mission of one hour 
165.9 GByte of data require storage and processing. This example illustrates the need for a 
method to reduce the amount of data, for which computationally intensive algorithms are 
run, if an online processing is to be achieved.  

2. SONAR IMAGING 

In sonar imaging, a target located on the sea floor is observed as a highlight due to the 
high backscattering of the targets surface. This is followed by a shadow region which is 
the result of the targets acoustic shielding. The direction of the shadow is given by the 
direction of insonification. The shadow length varies with the sonar systems flight height, 
hf and the elevation angle α as depicted in Fig.1. Furthermore, the shadow length increases 
with increasing ground range, within the respective beam width.    
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Fig.1: Left: Setup of a sidescan sonar mounted on an AUV, and reverberation level of a 
target located on the sea floor [1]. Right: probability density functions of regions of inter-
est. 

The graph depicted at the bottom of Fig.1 shows the reverberation level as a function of 
range. We distinguish three types of reverberation levels. These are (1) highlight, (2) 
shadow and (3) background reverberation. The probability density functions (pdf) of these 
regions are exemplarily plotted in the graph to the right where pdf models were fitted to 
the data. We see that the highlight and shadow regions strongly differ in their statistical 
mean and variance. Furthermore the statistical differences between the two background 
types can be observed. In this paper we test SAS image regions for compliance with a cer-
tain statistic, under adherence of geometric constraints given by the target of interest, 
which is verified by means of a kernel.  
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3. TARGET SHAPE AND DIMENSION 

In this paper we focus on the identification of cylinder mines which are cylindrically 
shaped mines of dimensions ≈ 30 cm × 150 cm.   

                        
(a)      (b) 

                        
(c)      (d) 

Fig.2: (a) and (b) SAS images of cylinder mines located on sea floor. Note the varying 
shape of the shadow region (dark region) as a response to a change in orientation as well 
as the variations in sea floor roughness when comparing figure (a) with figure (b). Fig-
ures (c) and (d) show kernels enclosing the characteristic regions. 

As seen in Fig. 2, the optimum kernel, i.e. the kernel best enclosing the regions of interest, 
changes with the orientation of the mine. To avoid using a large number of kernels to cater 
for an arbitrary orientation of the mine, we propose the use of a kernel as depicted in 
Fig. 3. Here the field marked Z samples the highlight, Y the shadow and X1 to X4 sample 
the background.  
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            (a)     (b) 

Fig.3: (a) Kernel allowing an arbitrary orientation of cylinder mines. (b) Three targets 
marked A, B & C arbitrarily orientated and there resultant shadows (shaded regions to 
the left). If we rotate the target around a central axis the shadow endpoints will follow the 
contour of a circle. The regions marked Z and Y are highlight and shadow regions that 
occur for all orientations of the target. X1 to X4 sample the background and are placed 
outside the region in which the highlight and shadow may occur. 

In the case that the mine is located on an inclination, or when the sea floor exhibits large 
ripples, the shadow may be shortened. To accommodate these cases, the field Y may be 
shortened and moved in the direction of Z slightly. The tradeoff accompanying this modi-
fication is the worse coverage of shadow regions for targets approaching the orientation A 
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(see Fig. 3 (b)). The kernel propagates across the image pixel by pixel statistically evaluat-
ing the regions enclosed by the fields.  

4. TEST STATISTICS   

In section 2 we showed that the regions of interest differ in there statistical moments. To 
quantify these differences, statistical tests such as the Welch-test, F-test and T-test are 
employed. The F-test is used to compare the variances of two random variables while the 
T-test and Welch-test are used to compare the mean values of two random variables. The 
random variables utilized by these tests are given by the enclosed regions of our kernel. 
Hence the samples enclosed in the fields X1,…,X4 comprise the random variable X, and 
similarly for the fields Y and Z.  

4.1. F-Test 

For normally distributed random variables X and Y the F-test decided between  
H0 : σX

2 = σY
2  versus  H1 : σX

2 > σY
2, ( σX

2 < σY
2, σX

2 ≠ σY
2)  

and is therefore used to identify differences in the variance of two populations, where the 
test statistic is defined by the ratio of their corresponding sample variances 

2

2
X

Y

SF
S

  (1) 

Even though the prerequisites for this test to be optimal are not completely satisfied, (since 
our random variables are not normally distributed), it is attractive since the required mo-
ments can be determined with low computational effort by employing summed area tables 
(see section 5). Appropriate thresholding of the result F allows us to decide between one 
of multiple hypotheses as will be seen in section 6. 

4.2. T-Test & Welch-Test 

To quantify differences in mean, the T-test and Welch-test are employed. The T-test as-
sumes normally distributed random samples of equal variance, while the Welch test allows 
random variables of unequal variances. The Welch-test can therefore be viewed as a ro-
bustified version of the T-test. For the T-test, the test-statistic is given by   

2 2( 1) ( 1) 1 1
2

X Y

X Yt
m S n S

m n m n




    
 

   

,  
(2) 

where 2 2,  and  S ,SX YX Y  denote the sample means and sample variances while m and n denote 
the size of the population of the corresponding random variables X and Y. The Welch-test 
is given by    
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(3) 

Applying appropriate thresholding to the realizations of the test statistics allows us to de-
cide between different hypotheses. Recall that the T-test requires the random variables to 
have a homogeneous variance, while the Welch-test should be chosen in the case that the 
random variables are of heterogeneous variances. Hence we exploit the F-test prior to per-
forming the T-test or Welch-test to decide which of these two tests should be utilized.  

5. INTEGRAL IMAGES 

The statistical tests presented above require sample moments of first and second order. To 
efficiently and rapidly calculate these moments, integral images (Viola et al [3]) or 
summed area tables (Crow [4]) are employed. This method allows the rapid summation of 
subregions in an image I(x,y). The integral image denoted by II(X,Y) contains at the loca-
tion (X,Y) the sum of all pixel values above and to the left of this pixel. The integral image 
and the corresponding squared integral image are given by 

 
22

1 1 1 1
( , ) ( , ) and ( , ) ( , )

X Y X Y

x y x y
II X Y I x y II X Y I x y

   

       (4) 

from which the sample mean and sample variance can easily be computed. Fig. 4 illus-
trates the integral image approach. Here the pixel L1 contains the sum of all pixel values 
found in the blue subregion (top left square), and similarly L2, L3 & L4 contain the sum of 
all pixels located in the red, green and black subregions. The sum of all pixels located in 
subregion A is given by: A = L4 – L2 – L3 +L1, where the regions L2 and L3 are subtracted 
from the larger subregion expressed by L4. We add L1 to this since it was subtracted twice.  

 

 
 
 
 
 
 
Fig.4: Example illustrating the calculation of the sum of all pixels located in subregion A 
by employing the integral image approach.  

6. THRESHOLDING & TEST EVALUATION 
To correctly place thresholds on the realizations of the test statistics, the following proce-
dure was employed. In the first stage, samples corresponding to the characteristic regions, 
i.e. highlight, shadow, rough and smooth background, were extracted from the raw image 
data. Density functions were fitted to this data and the parameters specifying these densi-
ties were used to generate N realizations of equal density. In this way we obtain N realiza-
tions of sample data corresponding to a characteristic region. These realizations are of 

A 

L2 L1 

L3 L4 
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length equal to the field size which they enclose in the kernel. A combination of two of 
these data sets was fed into the test statistic resulting in N test realizations for each of the 
three tests. A new density function was fitted to the resultant test realizations. This allows 
us to assign a test result, with a certain probability, to a specific field combination (class) 
as can be seen in Fig. 5 which depicts the fitted pdfs for each of the three tests and for all 
possible field combinations. We use a hard decision rule to evaluate these pdfs where the 
class exhibiting the maximum value is chosen. To verify the existence of a target, the fol-
lowing conditions need to be fulfilled.  
1. The test result obtained from the highlight (Y) & shadow (Z) kernel field combination 

must correspond to the highlight shadow class. This condition must be met by a min-
imum of two tests.   

2. In the case that the above condition is true, the field combination X1,…,X4 & Y must 
correspond to the class background (rough or smooth) and shadow while the fields 
X1,…,X4 & Z must correspond to the class background (rough or smooth) and high-
light. In both cases, the background type is required to be the same.   
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  (c.1)     (c.2) 
Fig. 5: Resultant density functions of each of the three statistical tests for all combinations 
of characteristic regions for one specific mask dimension. (a) T-test, (b) Welch-test, (c.1) 
F-test range 0 to 30, and (c.2) F-test range 0 to 2, enlargement of boxed region in (c.1). 
Notice the good separability between the test results obtained for the highlight-shadow 
combination and all other combinations for the F-test as seen in figure (c.1).   

7. RESULTS  

The procedure described above is applied to SAS image data. In the case that the above 
conditions are met (points 1 & 2 in section 6) the image pixel, located under the centre of 
the kernels Z field, is marked. If these markings occur in a close vicinity, i.e. are bounding 
pixels, they are clustered. Knowledge about our target size, in conjunction, with the 
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knowledge that for a cylindrically shaped object, about ¼ of the diameter will reverberate 
in the direction of the source, allows us to place a lower and upper threshold on the cluster 
size. Clusters which fulfil this constraint are identified as targets. Fig. 6 shows a typical 
result. Light coloured regions are points where the test statistic of the image regions corre-
sponded to a target (points 1 & 2 are met). Via the thresholds placed on the cluster size we 
extract the potential targets from the image. In Fig. 6 the extracted targets are boxed.  

 
Fig.6: A typical result obtained by the above procedure. Notice the correct detection of 
cylinder mines under varying background roughness (smooth & rough), when comparing 
the target in the top left-hand corner to the target located on the rough sea floor. Fur-
thermore, the orientation independency is validated when comparing the top two targets 
of the figure.   
 

8. CONCLUSION & OUTLOOK 
The above proposed method delivers pleasing results for the most common encountered 
scenarios. It must be remembered that this is a pre-segmentation algorithm, with the aim 
of identifying regions of interest, thereby reducing the amount of data requiring further 
investigation, and is not aimed at correctly classifying cylinder mines. Future work in-
cludes incorporation of fuzzy-logic or Neural Networks to better the fusion of test results, 
thereby replacing the hard decision rule with a soft-decision rule.  
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Abstract: Autonomous underwater vehicles equipped with high-resolution synthetic 
aperture sonar (SAS), and automatic target recognition (ATR) algorithms show great 
potential for the task of search, classify and map. The level of detail recorded by the sonar 
is typically on the order of hundreds of pixels on an underwater object, valuable for 
improving classification performance. However, a weakness that is still not under control 
is the object aspect angle, which when unfavourable causes misclassification leading to 
significantly increased false alarm rates. The natural solution to this problem is to view 
the object from more than one direction. For this approach, referred to as multi-view 
ATR, different sonar views are collected, associated, registered and combined. The 
registration is not trivial, because sonar resolution surpasses object localisation 
accuracy. The registration approach proposed here is model based. Image templates from 
a database of objects are matched to the single-view images, which generates both a 
matching score and optimal registration shift for each object. Model-based registration is 
shown to be a robust technique, enabling automatic multi-view SAS image fusion. 

Keywords: Synthetic aperture sonar, detection, classification, mine hunting 

1. INTRODUCTION 

Underwater robots will play an increasingly important role in the hunting and 
neutralization of sea mines.  In particular the task of search, classify and map can be 
conducted by autonomous underwater vehicles (AUVs) equipped with high-resolution 
sonar rather than personnel on vessels. The automatic classification performance of these 
systems is currently being improved significantly. Despite this improvement, excessive 
false alarm rates for complex seabeds are considered the primary remaining issue. A 
known effective approach to the high false alarm rate problem is to collect and combine 
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different sonar views of a potential target. In order for this to be successful the different 
views need to be associated robustly. This stage typically reduces the relative position 
error of the different views to object size, i.e., from several meters to about a meter. 
Different approaches have been studied that can obtain the result. For this article the 
detector described in [1] following by a simple association algorithm based on geo-
information of the detections is employed of which an example is shown in Fig. 1. The 
scheme proved to perform adequately as long as the typical distance between contacts 
detected is less than the relative navigation error. Techniques such as simultaneous 
localisation and mapping (SLAM) [2] and association using multiple contacts [3] can be 
applied to ensure correct contact association even in harsher environments.  

 
Fig.1: Detection map of a MUSCLE AUV mission, with colours corresponding to 

detection score. The views (see line between contact and AUV) of one object are collected. 
The single-views are preferably fused at image level, providing an unambiguous multi-

view image that is valuable in the decision process. A result of a cylinder of about two 
meters long and half a meter diameter in Fig. 2 shows that the multi-view image is more 
conclusive and moreover less dependent on aspect angle. Previously fusion of the different 
views using the single-view classifier output was investigated [4][5]. It is not known yet 
which approach performs best, or even if there is value in using both approaches. 

 
Fig.2: Two single-view images and two multi-view images of a cylindrical object. 

The multi-view image can furthermore produce new features that lead to better 
classification. Co-registration of the single-view images with pixel accuracy is crucial and 
not trivial, primarily due to inadequate underwater positioning. The registration approach 
proposed here is model based. Image templates are matched to the single-view images, 
which generates both a matching score and optimal registration (2D shift) for each object. 
The template matching approach is well known for mine classification with sonar [6], and 
has been often employed in single view automatic target recognition (ATR) systems. 
Consequently one best matching multi-view image is created for each object. In this paper 
the results of this multi-view registration technique are shown using experimental 
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synthetic aperture sonar data collected with the MUSCLE AUV. It is also demonstrated 
that the obtained matching scores are a robust way to identify the correct multi-view 
image, i.e., the one actually corresponding to the target in the image. Multi-view image 
classification was previously shown to significantly suppress false alarm rate, but only 
after robust image registration [7]. It is concluded that model-based registration is a robust 
technique that enables automatic multi-view SAS image fusion.  

The paper is organised as follows. First the template matching applied to the single 
views is explained in Section 2, followed by the registration that is described and tested on 
real data in Section 3. Section 4 concludes on the findings in the article.  

2. TEMPLATE MATCHING 

The case that is studied in this paper is the most south western target that was deployed 
and surveyed on 29 April 2008 during the Colossus 2 trial conducted by the NATO 
Undersea Research Centre off the coast of Latvia. The target is a two-meter long cylinder 
sitting on a flat sandy seabed. Its location relative to other detected objects is shown with 
the circles in Fig. 2, and the lines indicate where the AUV was. After the simple contact 
association algorithm we obtain nine views of the object from the complete AUV mission 
(a lawnmower pattern which was designed to see all objects from different angles). A 
view is included when it is within 15 m of the centre point of the cloud of detections for 
this particular object. In the top row of Fig. 3 it can be seen that the single-view images 
differ a great deal, both in nature and in quality. The second image, for instance, contains 
some grating lobes and shadow fill-in, and the third and fourth image are rather unclear 
due to the unfavourable aspect. This unfavourable effect is especially evident in the first 
image of Fig. 1, which highlights only certain features like a shackle, cable pieces and the 
end cap of the cylinder, and makes it difficult to classify it as a cylinder.  

 
Fig.3: Top row: single views of around 3 by 7 m associated with the object of interest. 

Middle row: cylinder templates matching best with top row, assuming relative aspects 
from the AUV compass. Bottom row: corresponding 2D correlation surfaces. 

The single-view images are now first matched with templates. In general, it is 
obviously not known a priori that the image contains a cylinder, but the idea here is to 
repeat this process for a set of targets. In addition it is not known a priori what the 
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orientation of the object is. Therefore, we also have to repeat the process for a set of 
potential orientation angles. Nevertheless, an important piece of information that is 
available and valuable is the relative aspect angle. The difference in aspect angle between 
the different single-views are measured via the heading sensor of the AUV (much less 
than a degree), which is typically much better than required for the fusion (a few degrees). 
The templates are generated with the model SIGMAS [8], which generates the signature of 
an object based on the sonar characteristics and geometry. For the templates in the middle 
row of Fig. 3 a cylinder was assumed sitting on a sandy seabed, with range taken from the 
top row SAS images (between 40 and 150 m) and the measured value of the AUV altitude 
(about 13 m). Each SAS image is subsequently matched with its corresponding template, 
following a 2D correlation. Due to image pixel statistics and the fact the real SAS images 
contain ropes and shackles, the resulting correlation coefficients in practice do not 
supersede 0.8. The bottom row shows the correlation result for the example. The views 
with a high highlight-to-reverberation give a higher and narrower peak, which indicates a 
better match. If the correlation peak is exactly in the origin, it means that image and 
template are aligned. If not the peak position provides the 2D shift between SAS image 
snippet and template. It is this shift that is the crux of the model-based registration. With 
these 2D shifts that are corresponding to the template object, each view can be registered 
to the hypothesised object. Continuing with this assumption the best possible cylinder is 
created from the views and this process is repeated for the other objects in the database. 

As mentioned in the beginning of this section, the correlation processing has to be 
repeated for several orientation angles. The result for this example is shown in Fig. 4 for 
orientations between 0 and 180 sampled every degree. The correlation peak for each of the 
nine views is shown with the dotted lines, which results in curves that have a maximum at 
approximately the same angle, viz. the correct orientation of the cylindrical object. The 
width of the peak is around 20 degrees, and is wider for the views that see the cylinder 
from end-fire. This corresponds well with the findings described in [9]. For symmetric 
shapes, such as a sphere or a truncated cone, this step in the processing can be disregarded. 
However, for asymmetric target shapes the process is still straightforward. For each target 
shape in the database the peak values can be plotted versus orientation angle (dotted lines 
in Fig. 4), after which the average can be calculated (solid line). The peak of this curve is 
then taken as the best match, which simply leads to the best matching templates (the 
middle row of Fig. 3). In this way we already obtain a multi-view score, i.e., the peak of 
the solid line in Fig. 4, which can be used directly as a classification clue. It tells us how 
much the best possible cylinder generated from the single views actually looks like a 
cylinder. However, this is one multi-view score. It does not yet fully exploit the fused 
multi-view image, as will be explained Section 3. 
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Fig.4: Peak value of 2D cross-correlation of the nine SAS image snippets for several 

cylinder template orientation angles. 

3. REGISTRATION OF MULTIPLE VIEWS 

In the previous section the methodology to obtain the information necessary for 
registration of the different views was explained and demonstrated on one real data 
example with a cylinder. The reason why one has to go through a complicated registration 
was explained in [7]. All the information required is now available: image orientation 
from the compass in the AUV, and both shift in range and cross-range from the 2D 
correlation. Shifting and rotating all the views results in true north SAS image snippets 
with the origin centred on the centre of the object used for the templates. For the example 
of the nine views on the cylinder this registration result is visualised in Fig. 5.  

 

 

 
Fig. 5: Nine views of the cylinder rotated and shifted after the model-based registration 

using a cylinder template at its best matching aspect. 
The correct template object, i.e., the one that truly corresponds to the image, is 

generally not known. However, if the procedure is simply repeated for several objects, the 
best possible multi-view image for each of those suspected targets will be produced. It is 
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hoped that the correct object matches best. It should also be noted that even if the object in 
the image is not in the database, the final result will still be reasonably close. After 
repeating this calculation for the wedge, the truncated cone, the cylinder and the sphere, 
the resulting best multi-view reconstructions become the bottom row of Fig. 6 after 
incoherent image fusion as described in [7].  

 

 

Fig.6: The best possible multi-view reconstruction based on the images collected of the 
cylinder matched with the four objects of interest. 

It is clear from Fig. 6 that even after optimal shifting and matching, the best possible 
image for the wedge, truncated cone and sphere do not resemble the image that one would 
expect from such a target. The cylinder, although not perfect, looks very much like an 
image one would expect from a cylinder. There are tiny artefacts visible for the rope and 
the shackle, but those are not really supposed to be solved, because the template was not 
prepared with those.  

 

 

 
Fig.7: Target shapes (top row) and corresponding best reconstructed multi-view SAS 
images, deployed on a muddy seabed (middle row) and sandy seabed (bottom row). 

After this test case the procedure was automated and run for trial data that was obtained 
during the Colossus 2 trial conducted by NURC off the coast of Latvia in 2009. The two 
experiments that were analysed here were on the same target set, which were deployed on 
a muddy seabed in the first experiment, and on a sandy seabed in the second experiment, 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 84 -



 

visible in the bottom row. The target-highlight-to-reverberation ratio was noticeably 
higher in the case of mud. The computation to generate the multiple views was fully 
automated, which is a requirement due to its role in the autonomous MCM system. No 
tuning parameters exist in the computation, and views were automatically selected from an 
automated detector [1], and corresponding geo-referenced information. The number in the 
multi-view images in Fig. 7 corresponds to the number of views that were fused. The 
overall result is considered promising for a number of reasons. The computation is already 
very robust and generates reliable results. When observing these results it can be 
concluded that the multi-view images indeed look like the objects that were imaged. Even 
if the rock was not in the database, this ‘difficult’ target still resembles the rock. The 
disadvantageous aspect and range dependence (present for single-view images) is 
removed, and images of all the cylinders are indeed very similar and ideal for 
classification. 

The images also directly provide strong classification features, viz. the individual 
matching scores from the single-view images. The normalised average of these values was 
used to determine which object is the correct one. Fig. 8 shows all the average matching 
scores. For example, the first image of the middle row in Fig. 7 corresponds to the square 
in Fig. 8, which is the highest match, 1.5 standard deviations higher than the average other 
matches. So it is rather safe to say that middle row, image number 1, is a cylinder. 

              muddy seabed                                              sandy seabed 

 
Fig.8: Classification scores for four template shapes, cylinder (square), wedge 

(triangle right), truncated cone (triangle up) and sphere (circle).  
 

The results plotted in Fig. 8 are encouraging. The cylinder is always correctly selected, 
and the rock was classified as a truncated cone, because there was no rock in the database. 
It should be noted that the classification feature discussed here, the average of the single-
view matching scores, does not fully use the potential of multi-view analysis yet. The 
actual multi-view image fits everything together into one image, which should in theory 
look very much like the object it corresponds to. Model-based matching based on the 
actual multi-view images and multi-view templates is currently being investigated and 
shows an even higher performance gain. The other important issue that deserves attention 
is value of multiple views in situations that are far more complex than the ones in this 
paper, because this is where multi-view performance gain is needed the most. It was found 
that underwater positioning is an important variable here, due to the fact that which view 
belongs to which object becomes more and more ambiguous when detection rate rises. 
Better navigation, mosaicking techniques and SLAM are expected to help here. 
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4. CONCLUSION 

In this paper a new method for multi-view SAS image registration was described and 
demonstrated on data collected at sea with an AUV. The method proved successful on real 
data, is automated and is promising for multi-view classification methods. The next step in 
the multi-view classification is to use this multi-view image and extract classification 
features from it directly, which is expected to be much more powerful than fusion of 
single-view features as used so far. 
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Abstract: With the development of new underwater autonomous vehicles (UAV) equipped 
with side-scan sonars (SSS) or synthetic aperture sonars (SAS), the use of computers in 
facilitating and automating (or semi-automating) image processing and analysis has 
become necessary. In particular, computer algorithms for the extraction of acoustic mine 
signatures (i.e., echo and shadow) are a key component in assisting and automating 
demining tasks. Such algorithms have to deal with multiplicative speckle noise, which is 
present in the SSS and SAS images due to the coherent nature of scattering phenomena. In 
this paper, we analyze two signal processing approaches, sonar image despleckilng and 
sonar image segmentation, in order to facilitate discrimination of scene targets and 
automatic target recognition (ATR). These approaches are applied to real SAS high 
resolution (HR) data collected by NATO Underwater Research Center (NURC) during the 
COLOSSUS measurement campaign. A combination of both approaches results in an 
improvement of extracted features. 

Keywords: Automatic target recognition, despeckling, feature extraction, segmentation, 
synthetic aperture sonar 
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In high-resolution (HR) sonar imagery, three kinds of regions can be visualized: echo, 
shadow, and sea-bottom reverberation. The echo is caused by the reflection of the acoustic 
wave on an object while the shadow zone corresponds to a lack of acoustic reverberation 
behind this object. For this reason, the detection of each object located on the sea-bottom 
and its classification (as wreck, rock, man-made object, etc.) are generally based on the 
extraction and the identification of its associated cast shadow and echo [1]. The remaining 
information constitutes so-called sea-bottom reverberation, which corresponds to the 
reflection of the acoustic wave on the background. Additionally, sonar waves can interfere 
constructively or destructively to produce light and dark pixels known as speckle noise. 
Speckle noise is commonly observed in sonar sensing systems. This noise in sonar data 
degrades severely image quality and can affect adversely image interpretation; hence its 
suppression is very important. Thus, before any classification step, one must apply first 
algorithms for despeckling the sonar image. After reducing this granular noise and 
improving the signal to noise ratio (SNR), segmentation algorithms can be applied to 
exploit information coming from shadow and echo areas. 

In this paper, we deal with these two signal processing approaches, sonar image 
despleckling and sonar image segmentation, in order to facilitate discrimination of scene 
targets and automatic target recognition. Many methods that reduce speckle noise while 
preserving texture and detail for radar applications have been adapted for SAS and 
presented in the literature [2-8]. In a previous work, the authors carried out a comparison 
of different despeckling methods and considered different indexes and criteria for 
performance evaluation [9]. Here we propose to use anisotropic diffusion and Kuan filter 
to improve image quality before applying segmentation algorithms. In a second step, three 
segmentation methodologies are employed: hard thresholding, morphological filtering and 
fuzzy sets [10,11]. Finally, an analysis of the combination of despeckling with 
segmentation is carried out. The procedure is applied to real HR SAS images collected by 
NATO Underwater Research Center (NURC) using the MUSCLE SAS during the 
COLOSSUS and CATHARSIS campaigns. A clear improvement in the detection of 
acoustic mine signatures is obtained by the combination of the two steps, considering each 
despeckling algorithm with each of the proposed segmentation approaches.  

The rest of this paper is organized as follows. Section II and III present, respectively, 
the algorithms used for despeckling and segmenting SAS HR images. Data used to 
validate the methodologies and some results are presented and analyzed in Section IV. 
Finally, conclusion and direction of future work are given in Section V. 

2. SPECKLE FILTERING 

Like the light from a laser, the waves emitted by active sensors travel in phase and 
interact minimally on their way to the target area. After interaction with the target area, 
these waves are no longer in phase because of the different distances they travel from 
targets, or single versus multiple bounce scattering. Once out of phase, sonar waves can 
interact to produce light and dark pixels known as speckle noise [12]. Speckle noise in 
sonar data is assumed to have multiplicative error model and must be reduced before the 
data can be utilized, otherwise the noise is incorporated into and degrades the image 
quality. Ideally, speckle noise in sonar images must be completely removed. However, in 
practice it can be reduced significantly. 

Speckle filtering techniques consist of moving a kernel over each pixel in the image, 
applying a mathematical calculation using the pixel values under the kernel and replacing 
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the central pixel with the calculated value. The kernel is moved along the image one pixel 
at a time until the entire image has been covered. By applying the filter a smoothing effect 
is achieved and the visual appearance of the speckle is reduced. 

The Kuan filter is an adaptive filter. In general, adaptive filters follow the following 
equation: 

IkkIR )1(  ,  
(1) 

where R is the filtered value, I is the measured (original) value, I is the mean value of 
the kernel around the pixel of interest and k is the filter gain. 

For the Kuan filter, the gain k takes the form [3]:    
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where   is the global variation coefficient (ratio between the standard deviation and 
the mean value of the image) and   is the local variation coefficient (ratio between the 
standard deviation and the mean value of the kernel). 

The anisotropic diffusion filter used here is based on the Perona-Malik algorithm [4]. 
Generally speaking, anisotropic diffusion filters are based on the diffusion equation 
applied iteratively: 
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where div and   are the divergence and gradient operators, respectively, and d(u,v,t) is 
the diffusion tensor function. The latter takes the following form for the Perona-Malik 
approach (where   is the diffusion threshold [4]): 
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3. SEGMENTATION ALGORITHMS  

The purpose of an image segmentation algorithm is to divide an image into its 
component regions, i.e., objects and background. The first segmentation approach 
considered in this paper is hard thresholding which is a basic approach to threshold the  
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(a) 

 
(b) 

Fig.1: Extraction of (a) the echo and (b) the shadow of a manta-like target on muddy 
sea-floot. Comparison is done between the original data (on top of each image) and 

despeckled data (bottom) by using the best performing despeckling algorithm (out of the 
two proposed) and the three segmentation approaches proposed. 

 
image intensities such that all pixels below a level α are part of a segment (i.e., they are 

set to the value 1) while other pixels are not (i.e, they are set to the value 0). The threshold 
is chosen using a cumulative distribution function technique, where a certain percentage of 
the image is considered to be a region (shadow or echo) and the rest being background. 

The second approach is morphological filtering. It is defined by two actions, opening 
and closing, which are based on two operators, erosion and dilatation. Considering a 
structure S and a kernel k, the erosion of S by k can be understood by the collection of 
points reached by the centre of k when the centre of k moves inside S. The dilatation of S 
by k can be understood by the collection of points covered by k when the centre of k 
moves inside S. The opening of S by k is obtained by the erosion of S by k followed by 
dilatation of the resulting structure by k. The closing of S by k is obtained by the dilatation 
of S by k followed by erosion of the resulting structure by k.   

The last approach consider in this work is fuzzy sets. In fuzzy sets, the degree of 
membership  A   to a segment A is generalized to the unit interval [0,1], with large values 
denoting a higher degree of membership. We use the iterative approach described in [14], 
where the degree of membership of a given pixel to the shadow (or echo) class is defined 
by two membership functions, i.e. i , related to the pixel’s intensity, and c , related to the 
pixel’s connectivity to other pixels in the class. 
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(a) 

 
(b) 

Fig.2: Extraction of (a) the echo and (b) the shadow of a cylinder-like target on sand 
sea-floor. Comparison is done between the original data (on top of each image) and 

despeckled data (bottom) by using the best performing despeckling algorithm (out of the 
two proposed) and the three segmentation approaches proposed. 

 

4. RESULTS 

SAS HR images form NURC COLLOSSUS and CHATARSIS data bases are analyzed 
using the algorithms described before. These data were collected using the 300 kHz SAS 
MUSCLE . Figures 1 and 2 show some results obtained for a manta-like target and a 
cylinder-like target disposed on muddy and sand sea-floor, respectively.  Note that we talk 
about mine-like objects since we do not have access to the ground-truth. A comparison is 
drawn between the results of applying the segmentation approach to the original (noisy) 
data (in top of the images) and to the despeckled data (at the bottom of the images). 
Results are shown for extraction of the echo and the shadow classes. One can observe 
better results for all three segmentation algorithms considered here, even for hard 
thresholding, after applying despeckiling (Kuan or anisotropic diffusion filter). The 
selection of the best despeckling algorithm is base on the criteria studied by the authors in 
a previous work (peak SNR (PSNR), speckle suppression index (SSI), image detail 
preserving coefficient (IDPC [9]). The combination of both approaches (despeckling and 
segmentation) also helps improving the parameters optimization for the segmentation 
algorithms. A first visual analysis of the best results (bottom of the images) can lead us to 
state that morphological filtering and fuzzy sets have similar performances. A deep study 
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needs to be conducted in order to determine which segmentation algorithm (in 
combination with the best despeckling algorithm) performs the best. 

5. CONCLUSIONS  

Using results from previous work, we proposed here two despeckling algorithms to be 
combined with segmentation approaches in order to improve the extraction of acoustic 
characteristics of sea-bottom objects. A clear enhancement of the extracted classes (i.e., 
echo and shadow) after segmentation is achieved for the denoised data. Deep analysis 
needs to be done in order to determine which segmentation algorithm perform the best and 
this will be the direction of the future work. 
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Abstract: Analyzing SAS data a common approach is to use optical pattern recognition 
methods. Considering that SAS imaging and SAR imaging are closely related coherent 
formation procedures, this article presents a selection of SAR specific image exploitation 
methods that are also expedient for SAS processing. These are constant false alarm rate 
detectors utilizing the coherent speckle statistics. Furthermore, a SAR simulation  
valuable for mission planning, the identification of SAR object features, or generating 
training data for classifiers is introduced. A sophisticated classification method is shown 
taking multi class problems with robust rejection into account. CoVAmCoh is a region 
classification scheme using interferometric pairs of SAR images. It is useful for image 
interpretation purposes. Finally, we discuss the practical applicability of the methods 
taking SAS specifics into account. 

Keywords: SAR-principle, automatic target recognition, CFAR-detectors, support vector 
machine, interferometry 
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1. INTRODUCTION 

SAR and SAS image data have many characteristic properties in common. This is due 
to the raw data processing that basically follows the same lines for both sensor types. 
Especially the speckle statistics due to the coherent imaging is the same for both. Thus 
many algorithms developed originally for SAR image exploitation can be used for SAS 
images. Section 2 gives a short introduction to the common image generation principle. 
Section 3 deals with SAR-specific image exploitation algorithms used in target 
recognition processing chains. One of the most striking classes of SAR-specific operators 
is the class of CFAR (constant false alarm rate) detectors. Contrary to optical algorithms 
that usually assume a Gaussian distribution of gray-scale values, this class of operators 
uses the fact that the statistics of SAR and SAS images is dominated by speckle. This 
leads to universally applicable thresholds, which is in sharp contrast to the optical case. 
Then the use of SAR simulation for target recognition and the classification of targets 
using support vector machines (SVM), specifically the SVM21 developed at Fraunhofer 
IOSB Ettlingen, are discussed. SAR simulators are very useful for a multitude of purposes, 
one possibly in the future being the simulation of training data for classifiers. The SVM21, 
on the other hand, has already been successfully used to classify vehicles in SAR data 
using features that can also be found in SAS data. Finally, a scheme for region 
classification using interferometric pairs of SAR images (CoVAmCoh) is presented that 
also makes extensive use of the specific properties of SAR images that are present in SAS 
images as well. In Section 4 a discussion takes place and conclusions are drawn. 

2. COHERENT IMAGING – THE SAR PRINCIPLE 

The main idea behind SAR is the usage of radar waves to create images of a scene, thus 
becoming independent of daylight and weather conditions, since the radar sensor is an 
active illuminator and since radar waves can penetrate clouds and even rain. For remote 
sensing applications it is necessary to fit the radar system on a moving platform such as an 
airplane or a satellite. This severely limits the size of the radar antennas that can be used, 
which in turn leads to a very poor image resolution in flight direction (azimuth). This 
problem is overcome by usage of the SAR principle. The main idea is to illuminate the 
scene many times from different positions in the flight path. Any object in the scene is 
thus imaged many times from different positions. The main idea is to use the knowledge 
about the flight path and the positions these images were taken to synthetically create a 
large antenna and thus a high resolution in azimuth. In fact it can be shown that for SAR 
systems the azimuth resolution depends only on the width of the antenna, while for real 
aperture radars the azimuth resolution depends also on the wavelength and the distance to 
the sensor. 

Being a radar system, SAR mainly measures distances from the radar antenna. This has 
severe consequences on the images produced. Some of the effects encountered in SAR 
images shall be discussed shortly. One of the most striking effects in SAR images is the 
foreshortening. This is demonstrated in Fig. 1 (a): Since the top of the Mount St. Helens 
volcano depicted in the (simulated) SAR image is closer to the sensor than its base, the 
volcano seems to tilt towards the sensor (above). The extreme case of this effect can be 
seen in Fig.1 (b) showing a part of Golden Gate Bridge in San Francisco. Since the top of 
the pylons is closer to the sensor than their base, they are imaged upside down. This is 
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called layover effect. Fig. 1 (b) also shows another very prominent SAR-specific effect: 
The front side of the bridge and the water surface are at a right angle. It can be shown that 
all the energy reflected from the water to the front of the bridge body and then back to the 
sensor (or the other way round) in one azimuth line travels the same distance and is thus 
mapped to a bright point in the SAR image. These form the bright line observed below the 
main bridge structure. This is called a corner line. Fig. 1 (a) also shows the geometrical 
effect of shadowing, which is caused by the same effects as in the optical case. An 
overview of SAR imaging can be found in [1] and [2]. 

 

  
 

Fig.1: a) Simulated SAR image of Mount St. Helens volcano; b) Golden Gate Bridge in 
TerraSAR-X image; TerraSAR-X image courtesy of Infoterra GmbH. 

3. SAR SPECIFIC IMAGE EXPLOITATION METHODS 

Analyzing SAR imagery one can use the whole set of methods known in optical pattern 
recognition. Moreover it is possible to develop specific techniques due to the  SAR 
phenomena mentioned in Section 2. In the following a selection of SAR typical algorithms 
is presented. 

3.1. CFAR Detectors 

SAR is a coherent imaging process. As any pixel in the image contains contributions 
from many different small scattering centers on the ground that are coherently added, the 
image is distorted by a multiplicative “noise” called speckle. While for many image 
interpretation tasks this is a big problem, CFAR detectors make use of the fact that for 
SAR images the statistics is very well known. The gray values of single-look amplitude 
SAR images are always Rayleigh-distributed, while those of intensity images show an 
exponential distribution. 

This can be made use of using quotient detectors such as the edge detector according to 
Touzi ([3]). Fig. 2 shows the main idea: A quadratic window centered at the pixel of 
interest is split in two regions that are supposed to be homogeneous except for the speckle. 
For both of these the mean value is calculated. The detection result of the Touzi detector is 
then the quotient of these two mean values. 

The main idea behind constant false alarm rate (CFAR) detectors is that, knowing the 
SAR statistics, one can calculate the statistical distribution of the detector results given the 
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quotient of the mean values. This leads to a one-parameter family of statistical 
distributions with the quotient of the mean values as only parameter. Then, considering the 
case that both regions are homogeneous with same mean value, i.e. there should be no 
edge between them, the corresponding distribution function can be integrated up to a 
certain value, e.g. 0.95. The gray value at which this occurs is then taken as threshold for 
edge detection. The main importance of this comes from the fact that this threshold is 
universal for all SAR images, since it only depends on the presence of speckle. Also, the 
interpretation of this threshold is that (in our example) the probability of wrongly 
detecting an edge pixel between two homogeneous regions with same mean value only 
due to the speckle is less than 5%. This is in sharp contrast to the case of optical images, 
which are assumed to be normally distributed. 

 

Region 1
μ1

x0

Region 2
μ2

d

Region 1
μ1

x0

Region 2
μ2

d       
Fig.2: Basic idea of edge detector (Touzi, left) and line detector (Tupin, right). 

 
Another example of a CFAR detector is the line detector of Tupin ([4]). In fact, this is a 

combination of two Touzi edge detectors introducing a third region in the window with 
width d. Then, Touzi edge detections are performed for region 1 vs. region 2 and region 1 
vs. region 3. If both detections hint at an edge, a line of width d is detected. 

3.2. Simulation of SAR Images 

For many purposes such as mission planning, the identification of relevant object 
features for feature extraction algorithms or the classification of objects in SAR images it 
is necessary to be able to view a scene from many different aspect angles. Since this 
usually is not feasible with real SAR systems, simulations can be a valuable tool. A 
comparison of SAR simulations is given in [5]. 

The simulation developed at IOSB is used to create processed SAR images. This makes 
the use of raytracing techniques possible and is much faster than simulating raw data 
images. One of the main features is the simulation of both amplitude and phase. This 
makes possible a very detailed raytracing of the scene and subsequent downsampling of 
the scene to the final pixel resolution, which is quite close to how real SAR systems record 
raw data. It also enables the simulation of interferometric image pairs. In order to simulate 
specular reflections, raytracing is not enough, as can be seen from the dihedral corner 
reflectors. Raytracing would lead to the specular reflections observed in optical images. 
To overcome this for specularly reflected energy the simulator features a very simple 
version of an actual SAR raw data processor. For details of the simulation process see [6]. 
Fig. 3 (a) shows an example of a simulated scene of Golden Gate Bridge, while in Fig. 3 
(b) the corresponding section of the TerraSAR-X image is shown. Fig. 4 gives two 
examples for the creation of training data for classification. It depicts a Russian T72 tank 
from two different aspect angles. 
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Fig.3: (a) Simulated image of Golden Gate Bridge in SAR geometry; (b) TerraSAR-X 
image of Golden Gate Bridge in ground geometry; TerraSAR-X image courtesy of 

Infoterra GmbH. 
 

      
 

Fig.4: Russian T72 tank, (a) 45° aspect angle; (b) 90° aspect angle. 

3.3. Object classification in SAR images using Support Vector Machines 

Target classification in SAR scenarios is one of the main ATR tasks (automatic target 
recognition). In extended scenarios in a first step regions of interest are screened for target 
hypotheses. Hence, a usual processing chain consists of that screening process followed by 
a data pre-processing, and a high-performance classifier. The screening method should 
provide all desired targets whereas the number of false object hints is of lower interest. 
Concerning the high FAR it follows that the quality of the classification step depends 
significantly on the classifier’s capability to reject non-trained and clutter objects. To set 
up such a classifier it is possible to define the right features discriminating the given 
classes and enable the classifier to reject undesired objects. But we prefer a featureless 
classification. Therefore the system has to deal directly with SAR chips – small image 
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sections around the target hints. The support vector machine SVM21 developed at 
Fraunhofer IOSB Ettlingen is designed to cope with these requirements. 

The support vector machine SVM21 is depicted schematically in Fig. 5. At first, class 
discrimination is realized by using 2-class SVMs in a pre-classification step. Class 
membership assessment is then achieved by 1-class SVMs. Lastly a maximum decision 
combiner determines the final classification enabling an easy to handle reject criterion. 

 

Maximum

Decision
LabelSample

C1

C2

C3

Cn

1-Class SVMs

2-Class SVMs

D1:2

D1:n

D2:3

D2:n

Dn-1:n

Maximum

Decision
LabelSample

C1

C2

C3

Cn

C1

C2

C3

Cn

1-Class SVMs

2-Class SVMs

D1:2

D1:n

D2:3

D2:n

Dn-1:n

D1:2

D1:n

D2:3

D2:n

Dn-1:n

 
 

Fig.5: Classification scheme SVM21 with 2-class SVMs for class discriminating feature 
determination, 1-class SVMs for membership assessment, and a maximum decision 

combiner. 
 

The SVM21 has been tested successfully for diverse real SAR ATR problems with up 
to ten target classes, multiple confusion classes and background clutter in large scenes. 
Also IR object classification or acoustic signal classification were applied. The most 
advantageous characteristic is the possibility to waive features. One conclusion is that the 
SVM21 is independent of an explicitly given target aspect angle. The classification 
scheme can be adapted via the kernel parameters of the first two stages and the threshold 
of the last one. For this reason, the trade-off between generalization and granularity of 
clustering is controlled for classes or between targets and reject domain, respectively. For 
more details we refer to [7] and [8]. 

3.4. Interferometric methods 

SAR being a coherent imaging system, both amplitude and phase of the signal can be 
exploited. The following, so called CoVAmCoh method is a SAR-specific method for 
visualization of interferometric SAR image pairs. It can also be used to deduce rough 
classifications for different image areas. The method is based on the RGB visualization of 
three layers derived from the interferometric image pair. The red layer is the Coefficient 
of Variation (CoV), which is the quotient of standard deviation and mean of the gray 
values in a window. This can be seen as a measure of homogeneity or spatial variance. 
Since homogeneous regions in SAR images with fully developed speckle always show a 
Rayleigh distribution (resp. an exponential distribution for intensity images), for 
homogeneous regions the CoV is always approximately 0.5236 (resp. 1). The green layer 
is Am, the sum of the amplitudes of the two images. The blue layer is, again, very specific 
to coherent imaging systems. It is the Coherence between the two images, which gives a 
measure for temporal stability. Fig. 6 shows an example of a CoVAmCoh processed scene 
of Frankfurt airport (Germany). More details are given in [9]. 
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Fig. 6: CoVAmCoh visualization of Frankfurt airport using a TerraSAR-X interferometric 
image pair, TerraSAR-X images courtesy of Infoterra GmbH. 

Details: Sewage plant, Airport terminal, Interchange. 
 
The following Tab. 1 gives an interpretation of the additive color mixing. 

 

lakes, runwaysareas of no returnlowlowlowblack

lamp poles, fencespersistent (local) scattererhighhighhighwhite

moving objectslocal changes of bright backscatteringlowhighhighyellow

street borderspersistent (local) scatterer of low returnhighlowhighmagenta

building roofspersistent areas of high returnhighhighlowcyan

sports fields, flat roofspersistent areas of low returnhighlowlowblue

forest, dense bushesareas of volume scattererlowhighlowgreen

small shadowslocal changes of low returnlowlowhighred

ExamplesCovAmCoh-CharacteristicCohAmCoVColor

lakes, runwaysareas of no returnlowlowlowblack

lamp poles, fencespersistent (local) scattererhighhighhighwhite

moving objectslocal changes of bright backscatteringlowhighhighyellow

street borderspersistent (local) scatterer of low returnhighlowhighmagenta

building roofspersistent areas of high returnhighhighlowcyan

sports fields, flat roofspersistent areas of low returnhighlowlowblue

forest, dense bushesareas of volume scattererlowhighlowgreen

small shadowslocal changes of low returnlowlowhighred

ExamplesCovAmCoh-CharacteristicCohAmCoVColor

 
 

Tab 1: Overwiev of significant CoVAmCoh colors and their interpretation 

4. CONCLUSION 

A common way of analyzing SAS or SAR image data is to utilize methods from optical 
pattern recognition. Optical algorithms base upon the assumption that gray values in the 
image layers are Gaussian distributed. They cannot utilize the phase information. The 
presented techniques mostly use the whole information and are made to deal with coherent 
imaging products. CFAR detectors are suitable for SAR and SAS in common. No further 
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adaption is required. The simulation of SAS images can be a valuable tool for planning, 
training, and computing of test data. It should be designed to reproduce established SAS 
systems. Furthermore damping and reflections have to be modified in the simulation 
procedure. The classification scheme SVM21 can be used as it is. The classification of the 
sea bed applying a SAS CoVAmCoh method is the most challenging part. Interferometric 
SAS imaging is already applicable. The accurate spatial fusion of temporally different 
interferometric SAS images is a challenge. Highly precise inertial navigation systems 
combined with image based matching is an approved approach in other research areas.  
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Abstract: Template matching has proven to be an effective method for classification of 
seafloor objects in high-resolution sonar images. It deals with the immense variation in 
the target response by comparing an image to a large collection of templates (i.e., 
possible sonar responses). However, the number of templates that can be used in a 
practical system is limited so that every possible response cannot be covered by templates. 
The performance of the method depends also on the similarity metric used to compare the 
image and the template. 
 This paper considers several properties of the correlation coefficient when it is used as 
similarity metric for comparing sonar responses. In particular, we show that it does not 
produce the best results if it is computed from the whole image. Better performance can be 
obtained if the correlation coefficient is computed separately for the echo and the shadow, 
and the average is used as a metric.  
 We consider also methods for dealing with weak/missing object echoes and shadows. 
These issues occur frequently in sonar images, but are usually not covered by the 
templates. We evaluate the methods on real sonar data and report their performance. 

Keywords: Template Matching, Correlation, Classification, Automatic Target 
Recognition, Side Scan Sonar 
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1. INTRODUCTION  

The main challenge in classification of seafloor objects in high-resolution sonar images is 
the huge variation in the sonar response caused by factors such as the target type and 
orientation, observation geometry and the underwater environment.  Template matching 
has proven to be an effective method for coping with this variation [1,2,3,4]. In this 
approach templates are simulated from 3D models of the target and the scene. By varying 
simulator parameters, a large set of templates that cover all possible variations of the sonar 
response, can be created. An unclassified object response can then be compared to the 
templates and assigned to the class of the closest matching template.  

However, there are some practical limitations to this approach. Both creation and 
matching of templates are very computational intensive tasks, and it is often necessary to 
restrict the parameters and parameter values that may be used. Some effects or distortions 
may also be computationally demanding or difficult to simulate such as multipath effects 
in shallow waters. The performance of the method depends also on the similarity metric 
used to compare images and templates. Hence, template matching is not entirely robust.  

In paper, we discuss and examine methods for making template matching more robust. 
We start with a discussion of the most frequently used similarity metric – the correlation 
coefficient. We find that the performance can be improved by computing the correlation 
separately for the echo and the shadow and using the average of these correlations as a 
metric. We consider also methods for dealing with missing or weak object echoes and 
shadows (some examples are shown in Fig. 1). These issues occur quite often in sonar 
images and reduce the performance since a target missing either part does not match well 
with a template. We evaluate the methods and report their performance. 

2. METHODS 

2.1. Presumptions 

The discussion in the next section depends on the pre-processing of the data. Thus, we 
provide a summary of our approach. Prior to a comparison between an image and a 
template, we normalize and log-transform both so that the background pixels have values 
around 0. The shadow pixels have values below 0. The values of the (object) echo pixels 
will normally be above 0, but may be 0 or negative on hard rocky seafloors where the 
backscatter strength of the seabed may be larger than that of 

Fig. 1: Sonar images of a cylinder – with both echo and shadow (left), missing echo 
(middle), missing shadow (right). 

Echo Shadow 
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the target.  
The background is also removed as it may reduce the classification performance [2]. 

This is done by segmenting both the image and the template so that they are divided into 
echo, shadow and background regions. The similarity score is then computed over the 
union of the echo and shadow pixels from both the image and the template. We denote the 
union of the echo pixels from the template and the image as E and the union of the shadow 
pixels as S. In case of a conflict between the template and the image (i.e., a pixel 
belonging to the echo in one and the shadow in the other) the pixels are assigned 
according to their status in the template so that E and S are disjoint. 

2.2. The correlation coefficient 

The correlation coefficient is a popular metric for measuring how similar an image is to a 
template. It is defined as:  
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This metric does not require that image and template values have the same origin and 
scale.  Instead, it shifts the pixel values so that the means i and t  are aligned and scales 
the values according to the standard deviations. The alignment of the means has, however, 
an unwanted effect when background is removed and either the echo or the shadow is 
missing. In the latter case, the image area corresponding to the template shadow will 
consist of background pixels. These pixels will become negative after subtraction of the 
mean and will thus correlate well with template shadow pixels that are also negative.  

However, as both the image and the template are already normalized, it is not really 
necessary to align the means, and this problem can easily be avoided by not subtracting 
the means from pixel values. We will, therefore, use the following correlation score: 
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One may also compute the correlation separately for the echo and the shadow as:  
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From these definitions, one may derive a relationship between the combined echo and 
shadow correlation and the separate echo and shadow correlations (when E and S are 
disjoint):  

Shadow
Both,TBoth,I

Shadow,TShadow,I
Echo

Both,TBoth,I

Echo,TEcho,I
Both SE

S
SE

E










 













  (5) 

This equation indicates that ρBoth is a weighted sum of ρEcho and ρShadow where both the 
number of pixels in and the standard deviations of the echo and the shadow determine how 
ρEcho and ρShadow is weighted.  This has certain consequences: 
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1. The shadow length and thus the number of shadow pixels increases with the 
range and decreases with the altitude. ρShadow will consequently contribute more 
to ρBoth at far range than at close range and more on a low altitude than on a high 
altitude. 

2. The score depends on the contrast between the echo and the background and the 
contrast between the shadow and the background. A weak or missing shadow 
(echo) will be weighted down relative to the echo (shadow) and contribute less 
to the score.  

3. The weights do not necessarily sum to 1. Hence, the ρBoth is not a weighted 
average of ρEcho and ρShadow and may become lower than both ρEcho and ρShadow if 
the weights for the template and the image are different. 

These properties may be beneficial under some circumstances, but it not evident that 
they improve the discriminative ability. For example, the weighting by the standard 
deviations may be an advantage when the shadow of an actual target is weak or missing 
since a low shadow correlation will have less impact on ρBoth. Still, if a non-target has no 
shadow, it may be an important clue and ignoring it may result in a false positive 
classification. This can be avoided if the weights are removed. One possible metric is the 
average of the echo and shadow correlation: 

)(
2
1

ShadowEchoAvg    (6) 

A similar score has also been considered by [5]. In section 3.1, we show experimental 
results in favour of this score. It expects, however, that image has both an echo and a 
shadow, and it will assign a low score to an image if any part is missing. In the next 
sections, we consider how such issues can be dealt with. 

2.3. Dealing with weak or missing echoes 

The backscatter from the target is usually assumed to be stronger than the backscatter of 
the seafloor. However, on a hard rocky seafloor this might not be true. The target echo 
may thus look more like a shadow or may be indiscernible from the seafloor. This depends 
on acoustical impedances of the target and the seafloor. It may be further complicated by 
the geometry of the target since a pixel value is the sum of all backscatter at certain 
distance in vertical plane. So if the target backscatter is weak, a pixel that would ordinary 
belong to the echo may have the strength of the seafloor.  

As the template echoes are stronger than the seafloor, they will not correlate well with 
an image echo that is weaker or of similar strength as seafloor. One could try to solve this 
problem by creating a set of templates with different seafloor strength and comparing an 
image against all possible seafloors. However, this would be very computational 
demanding and could create many false positives. The best solution would probably be an 
adaptive template matching approach [6] where the seafloor strength was measured and 
used as input for simulating the needed templates. However, this requires a calibrated 
sonar, which may not be available.  

Instead, we try to rectify the echo by shifting the pixel values of the template echo. This 
is done by computing the average difference between the template and image pixels in the 
echo area and the subtracting this difference from the template echo pixels. This may 
correct the problem for echoes weaker than the seafloor. However, if the image area 
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corresponding to the template echo is of the same strength as the seafloor, the correlation 
may still be low. In this case, one could ignore the echo, but this may introduce many false 
positives as one does not know whether there should be an echo in the image or not. The 
seafloor strength should be compared to the theoretical target strength in this case to 
determine if an echo should exist. As the seafloor strength is not available we cannot make 
this comparison.  

2.4. Dealing with missing shadows  

The shadow becomes weaker and finally disappears as the range increases. This effect is 
due to transmission loss and additive noise in the sonar. The shadow is only visible if the 
backscatter from the seafloor is stronger than the additive noise, but the strength of the 
seafloor is reduced by the transmission loss as the range increases. In shallow waters, 
multipath effects (where sound may travel indirectly by the surface) may increase the 
noise level so that shadow disappears at an even closer range. In both cases, the template 
shadow will not correlate well with the image. The missing shadow may thus cause a 
target to be misclassified.  

One way to deal with this problem is to weight down the shadow correlation and focus 
more on the echo correlation when the shadow is weak. This can be achieved with a 
weighted average of the echo and shadow correlation defined as: 

ShadowEchoWeighted se
s

se
e







  (7) 

where the weights e and s determine the importance of the echo and shadow. These can be 
defined in several ways. One approach would be to use the coherence from an 
interferometric sonar [7,8] as a shadow weight. In this paper, we try two different 
methods. In the first method, we use the absolute value of the image means in echo and 
shadow areas. This is quite similar to ρBoth, but we avoid the other properties of that 
metric. The second approach uses a fuzzy-set like score. This score, which call goodRange 
(GR) specifies if a good shadow can be expected at a certain range. In our case, if we 
define GR(r) equal to 1 if r < ad, 0 if r > bd, and (bd – r)/((b-a)d) otherwise. Here, r is the 
target range, d is the target depth and a and b are two constants. This score is used in ρEcho 
by setting s = GR(r) and e = 1.  

3. RESULTS 

We use two data sets in our analysis. These were collected with a HISAS 1030 on a 
HUGIN 1000 AUV at three locations on the Norwegian coast. The first dataset was 
created by merging data from two of the locations. One of these contained a lot of 
scattered debris, while the other had very little clutter. The backscatter from the seafloor 
was weaker than that of the targets in both cases. The depth was approx 190 m and 70 m 
in the two locations so that multipath noise was not an issue. The second dataset was 
collected in a location with a hard rocky bottom where an object echo could be weaker 
than the seafloor. The depth varied between 10 m and 40 m with most objects at 
approximately 20 m. Multipath noise was a considerable problem, and the data included 
also a scree with a many rocks. Cylinder and truncated cone targets were deployed as test 
objects in all locations. 
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3.1. Comparison of correlation scores 

We compared the performance of the correlation scores discussed in section 2.2. The 
results for the first data set are shown in Fig. 2. The plot for the truncated cone shows that 
the performance could be improved if the means was not aligned, and it could be 
improved even further by using the average of the echo and the shadow correlation. This 
agrees well with the discussion in section 2.2. For the cylinder the results were more 
mixed, and it was not clear that any score was better. One reason was that several of the 
cylinder images had artifacts where an echo oriented along the track was combined with 
the real echo and interfered with the shadow. Several cylinder observations were also 
strongly defocused. ρAvg was more sensitive to these effects and ranked these observations 
lower. When these observations were removed (as shown subplot insert into Fig. 2a), it 
became more evident that the standard correlation coefficient gave the worst performance, 
and the average had the best. However, the difference in performance was quite small. 

For the second dataset, it was more evident that ρAvg gave the best performance for the 
cylinder as shown in Fig. 3a. However, it gave the worst performance for the truncated 
cone (Fig. 3b). The reason was that the echo of the truncated cone was more affected by 
the hard seabed and was often weaker than or indiscernible from the seabed.  

3.2. Missing echoes 

To compensate for the hard seabed in the second data set, we tried to shift the echo values. 
This improved the performance for both the cylinder and the truncated cone as shown in 
Fig. 3c and d. However, many clutter objects still received a higher score than the highest 
scoring truncated cone as the shifting process did not increase the echo correlation enough. 
As the echo correlation was still lower than the shadow correlation for these targets, we 
tried to weight the echo and shadow correlation as in equation 7. The absolute values of 
the means in the echo and shadow areas were used at as weights and the weights were 
only applied if the shifting improved the echo correlation score. We prevented also 
weighting for cylinders if the short end was facing the sonar in the best matching template.  
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Fig. 2:The performance on data set 1 for the cylinder (a) and the truncated cone (b). The 
performance after removal of the images with artifacts or defocus is shown inserted into 
the first plot. 
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Fig. 3: Performance on data set 2 for the cylinder (a,c,e) and the truncated cone (b,d,f). 

This increased the truncated cone performance, but many of the actual targets still 
received a low score as their echoes were indistinguishable from seabed. The ability to 
classify cylinders was reduced in this case, but this reduction was very small. 

3.3. Missing shadows 

The second data set was also plagued by multipath noise. Many of cylinders were missing 
the shadow. We applied the weighting scheme as described in section 2.4. However, both 
methods performed actually worse than the ρAvg (Fig. 3e and f). More clutter objects than 

a) b) 

c) d) 

e) f) 
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targets received a higher score with these methods. Thus, we tried to remove these objects 
by restricting the mean weighting. The weighting was not applied to for cylinders if the 
long side of object was almost parallel to the track of the AUV. This reduced the score for 
many clutter objects that were defocused and stretched out along the track and gave a 
somewhat better performance than ρAvg. For the truncated cone we tried to applied several 
other criteria. However, none of them gave a better performance than the unweighted 
score ρAvg.  

4. CONCLUSIONS 

Several properties of the correlation coefficient have been discussed in this paper. We 
have shown that better performance can be achieved if the template and image means are 
not aligned and the implicit weighting is removed. The resulting score, ρAvg, discriminates 
better, but it is also more sensitive to distortions such as defocus, artifacts, missing echoes 
and missing shadows. However, these issues are problematic for any score. Better results 
will most likely be obtained by adjusting for the distortions than using an unspecific 
similarity metric that does not separate between good and distorted images. Such an 
unspecific metric will most likely assign a high score to some non-targets as well.  

We have shown that it is possible to adjust the templates for weak image echoes. This 
method works well, but the current approach does not cope with echoes that are 
indiscernible from the seabed. Information about the seabed backscatter may help in this 
situation, but this requires that the sonar has been calibrated. 

We were also able to correct for missing cylinder shadows, but our approach did not 
work well for truncated cones. It might help to supplement the correlation with additional 
features in this case. However, the echo of a truncated cone is quite small and similar to 
echoes of many rocks. It may thus be difficult to separate truncated cones from rocks 
using only the echo. 
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Abstract: The proposed paper is about the description of textured areas in synthetic aperture
sonar images. The texture descriptors come from the recursive interferometric representation of
signals. This representation originates from a scattering operator that iterates over a wavelet
transform and a modulus operator. This representation is invariant to translations and Lipschitz
continuous relatively to deformations up to a log factor. A scattering metric can be derived
from the scattering operator and used to quantify the similarity between signals. The scattering
metric was used with a simple classifier to classify synthetic aperture sonar images with respect
to the types of sea bottom.

Keywords: sonar imagery, sonar image classification and segmentation, recursive interferom-
etry, scattering operators, wavelet transform.
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1. INTRODUCTION

Autonomous underwater vehicles are often used along with sonar imagery techniques in
order to perform surveys of the sea bottom since, among all the forms of radiations, acoustic
waves propagate the best in water [1]. Surveys of the sea bottom are traditionally performed
with the help of side-looking or synthetic aperture sonars because they provide high resolution
acoustic images of wide areas of the sea bottom. Sonar images are fundamentally made of
natural or man-made objects and several types of backgrounds. The backgrounds are typically
flat areas made of various types of sediments, areas with sand ripples, complex rocky areas,
cluttered areas, which correspond by some means to a ‘random’ distribution of small rocks,
and areas with vegetation, as illustrated in Fig. 1. One of the objectives behind surveys of the
sea bottom is the classification of sonar images with respect to the sea bottom types. Various
approaches have been used for that purpose in the past thirty years. All rely on the extraction of
descriptors of the sea bottom followed by a supervised or an unsupervised image classification.
Some descriptors originate from the power spectrum [2], fractal analysis [3, 4] and spatial
point processes [4]. The classification of side looking sonar images is achieved in [5] using the
first order statistics of the intensity of the acoustic signals scattered off the sea bottom. When
sonar images present strong textured areas, such as areas with vegetation or complex rocks
formations, the aforementioned descriptors are not powerful enough to sufficiently differentiate
the types of sea bottom. Work on texture analysis outside the field of sonar image imagery has
lead to a broad range of texture descriptors and yet there is not any descriptor that outperforms
the others [6]. The texture descriptors that have mainly been used in sonar imagery are the grey
level co-occurrence matrices [7] and several types of wavelet decompositions [8, 9].

This paper is concerned with the supervised classification of synthetic aperture sonar images
with descriptors that originate from the recursive interferometric representation of signals [10].
These descriptors are of interest for texture recognition because they are invariant to translations
and stable to local deformations. Section 2 reviews the recursive interferometric representation
of signals and section 3 presents its application to the classification of synthetic aperture sonar
images.

Fig. 1: Examples of types of sea bottom from a high frequency side looking sonar image. From
left to right, a flat seabed, sand ripples, a cluttered area with small rocks, seaweed and rocks.

2. THE RECURSIVE INTERFEROMETRIC REPRESENTATION OF SIGNALS

A sonar image often present strong textured areas, such as areas with vegetation, complex
rock formations and sand ripples. The textured areas are non-uniform in appearance but rather
suffer from small local deformations because of the randomness of the sea bottom and because
of the sonar image’s acquisition process. The recursive interferometric representation of signals
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provides a signal representation that is invariant to global translations and specifically stable to
local deformations [10]. This representation is based on a scattering operator that iterates over
a wavelet transform and a modulus operator. A wavelet transform alone provides a signal rep-
resentation stable to local deformations as long as the maximum amplitude of the deformations
is small with respect to the scales of the wavelet transform [10, section 2.3]. The low-frequency
content of a signal is hence more stable to local deformations than its high-frequency content.
The scattering operator provides stability to the signal representation with the help of a modulus
operator that maps the high-frequency content of the signal into lower frequency interferences.

A Littlewood-Paley wavelet transform of a two-dimensional signal f ! L2(R2) projects f
over a finite family of wavelets ψγ with γ ! Γ, which are scaled by a factor 2 j with j an integer,
and translated by a continuous variable x ! R2. Each wavelet ψγ acts as a band-pass filter with
spatial orientation γ. The projection of f over the scaled and translated wavelets is essentially
a convolution so that the wavelet coefficients at scale j are

Wj,γ f (x) = f !ψ j,γ(x) with ψ j,γ(x) = 2"2 jψγ(2 jx). (1)

The wavelet coefficients are calculated at all scales j # J where J is a pre-defined coarsest scale.
The wavelet coefficients do not capture the lowest frequency content of f , which is otherwise
captured with the help of a low-pass filter φ that averages f at the coarsest scale J. The resulting
average coefficient is

AJ f (x) = f !φJ(x) with φJ(x) = 2"2Jφ(2Jx). (2)

φ has to be a real function but ψγ can be a complex. The wavelets ψγ used in the recursive in-
terferometric representations of signals are complex functions whose frequency content mostly
lies in one half of the frequency plane. The ‘complete’ wavelet transform of f at scale J is

W̄J f = {AJ f = f !φJ}${Wj,γ f = f !Wj,γ / γ ! Γ , j ! {0, . . . ,J}}. (3)

In order to simplify the notations, we define as in [10] the set Λ= {0, . . . ,J}%Γ and denote
by λ = ( j,γ) the elements of Λ. The elements of Λ are therefore pairs of scales and spatial
orientations. The translation invariance needed for texture recognition is obtained by removing
the complex phase of the wavelet coefficients Wλ f with a modulus operator. One defines

Uλ f = |Wλ f |= | f !ψλ | for any λ ! Λ. (4)

The effect of the modulus operator is to reveal frequency intervals, which are called first order
interferences. Consider indeed a pair λ of scale and spatial orientation and suppose that f is a
sum of sinusoids of the form f (x) = ∑n an cos(wnx). The wavelet coefficient Wλ f is given by
Wλ f (x) = ∑n cn exp(iwnx) with cn = anψ̂λ(wn)/2 since ψλ is a complex wavelet. The modulus
of Wλ f is therefore

Uλ f (x) =

!

∑
n
|cn|

2+∑
k &=n

cnck cos
"

(wn"wk)x+αλ,n,k
#

$1/2

. (5)

The effect of the modulus operator is to transform the sum of sinusoids beating at the frequen-
cies wn into a sum of sinusoids beating at the lower frequency intervals wn "wk with a phase
shift. As a result, Uλ f is more stable than Wλ f to local deformations. The frequency intervals
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wn "wk are called first order interferences. The average coefficient AJ f already carries low
frequencies and does not undergo a modulus operator. The resulting wavelet modulus operator
at scale J is

ŪJ f = {AJ f = f !φJ}${Uλ f = | f !ψλ | / λ ! Λ}. (6)
Consider two pairs of scales and spatial orientations λ= ( j,γ) and λ' = ( j',γ') with j < j' #

J. Uλ f and Uλ' f are both low-frequency signals and yet Uλ f carries higher frequencies than
Uλ' f because j < j'. As a result, the frequency content of Uλ f is potentially more unstable than
the one of Uλ' f . The scattering operator at scale J provides stability to the representation of f
iterating over the wavelet modulus operator ŪJ . The scattering operator reveals therefore inter-
ferences of increasing order, namely ‘interferences of interferences’, calculated along wavelet
paths. A wavelet path p of length n is defined as p = {λ1, . . . ,λn} ! Λn, which is a succession
of pairs of scales and spatial orientations as illustrated in Fig. 2. Note that the successive scales
of the wavelet path need not be in a strictly increasing order. The scattering operator at scale J
calculated along path p is defined as

SJ(p) f =

%

AJ
n

∏
k=1

Uλk

&

f = ( | · · · |
'()*

n times

f !ψλ1|!ψλ2| · · ·!ψλn | )!φJ. (7)

A scattering operator calculated along a path of length n reveals therefore interferences of order
n. The resulting scattering metric for any f and g in L2(R2) is obtained with a summation along
all paths of a given length n. One has

(SJ f "SJg(2 =∑
p
(SJ(p) f "SJ(p)g(2. (8)

This metric is asymptotically translation invariant and Lipschitz continuous with respect to de-
formations for appropriate ψγ and φ [10]. The classification of synthetic aperture sonar images
with respect to the sea bottom types was performed with ψγ and φ of [11] that originate from
complex Gabor functions, and whose spectrums are depicted in Fig. 2.

3. SUPPERVISED SEA BOTTOM CLASSIFICATION

The classification of sonar images with respect to the sea bottom types has been performed
in many ways. As an example, a Markov random field is used in [9]. In this paper, the em-
phasis is on the investigation of scattering operators to classify sonar images rather than on the
classification scheme itself. To this end, we have used a simple supervised classifier based on a
scattering metric. The classification is supervised in the sense that, for each available synthetic
aperture sonar image, we manually selected one training sample from each type of sea bottom
present in that sonar image. We then used the scattering metric to classify the rest of the image.
Note that the training samples vary from image to image. Examples of classified sonar images
are presented in Fig. 3. Most of the types of seabed are well classified apart from the top-left
part of the bottom-left image, which is a flat area classified as an area with sand ripples.

4. CONCLUSION

In this paper, we presented the recursive interferometric representation of signals and its
applicability to the classification of synthetic aperture sonar images. This representation origi-
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Fig. 2: Left. Example of a wavelet path p = {λ1, . . . ,λ4} of length 4. Two scales j1 and j2
with j1 < j2 and three spatial orientations γa, γb and γc are considered. The frequency

response of the ψλk are denoted by circles in the (ω1,ω2) plane.
Right. Spectrum of the complex band-pass filters ψλ and the low-pass filter φJ of [11] with

J = 3. The circles denote the filters’ half-magnitude profiles in the ( f1, f2) plane. The
band-pass filters are depicted for one orientation γ= 0 and three scales j = 0,1,2 from right

to left. Recall that λ= ( j,γ) and f = w/2π.

nates from a scattering operator, and is translation invariant as well as invariant to local defor-
mations. This is of interest for the recognition of textures in sonar images due to non-uniformity
in the appearance of the textures. The classification results obtained with a simple classifier
suggest that the recursive interferometric representation of signals could be an alternative to
the recurrently used co-occurrence matrices and wavelet transforms.
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Fig. 3: Examples of classified sonar images. In the colorbar next to the classification maps,
SR stands for ‘sand ripples’, FL for ‘flat’ and RO for ‘complex rock formations’.
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Abstract: This paper focuses on a possible performance gain for classification by 
applying fusion. This paper starts with a brief description of two new 2½D Model based 
classification techniques, which directly optimize the model parameters in the sense that 
differences between the object models and the image data are minimized. One 
optimization criterion uses a contour matching approach. The calculated contours of the 
object models are matched to the measured contours of the object-shadow pairs in the 
acoustic images. The latter is determined by a “statistical snake”-approach . A second 
optimization criterion minimizes an a posteriori-function to segment the image based on 
statistical properties in three regions defined by the 2½D Models. The three variations of 
the 2½D Model classification approach, the original template matching algorithm, the 
presented “Contour Matching” and a “Contour Matching applied directly to the image” 
method deliver the input for fusing classification results based on the same SAS data set. 
Multi aspect fusion using a single method and results from different crossings under 
various aspect angles of the same area of the seabed are also presented. We focus 
especially on the question which arrangement of aspect angles provides the best results 
under the restriction of using only a small number (2 or 3) of crossings. All applied 
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algorithms are briefly discussed and test results based on measured high resolution SAS 
data provided by NURC are presented. 

Keywords: Mine Hunting, Computer Aided Detection (CAD), Computer Aided 
Classification (CAC), Classification, Fusion 

1. INTRODUCTION 

In the last decades many research activities 
have taken place in the area of Automated 
Target Recognition (ATR) systems, and 
especially classification (see e.g. [1], [2], [3], 
[4], [5]). The development of such systems has 
started with operator based mine hunting 
systems and shifted then to computer aided 
detection (CAD) and computer aided 
classification (CAC) systems which constitute 
the basis for an ATR system. These systems 
are mostly working on processing chains 
similar to our system, involving pre-
processing, screening, reduction of false 
positives and classification (Fig. 1). In order to 
assess the performance of our system we 
carried out two studies. 

A systematic approach for performance 
evaluation of various fusion methods in the 
screening process is outlined in [6]. In this 
paper we focus on fusion techniques for the 
classification task. In a previous publication 
[7], we introduced our 2½D Model based 
classification algorithm, which has been 
implemented. In this paper we introduce and 
present results from two additional 
classification methods, “Contour Matching” 
and “Contour Matching applied directly to the 
image”. Furthermore, we also investigate 
multi-pass datasets (containing different aspect 
angles) to increase the classification 
performance by fusion. 

This paper is organized as follows: In the 
next Section we briefly describe the classification algorithms. In Section 3, the fusion 
strategy is outlined. Detailed information about the data analysis process and its results are 
given in Section 4. 

 

Fig.1: Processing steps of an ATR 
system: Import sonar data, pre-

processing, screening, false alarm 
reduction and classification. 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 116 -



 

2. CLASSIFICATION ALGORITHMS 

Three classification algorithms are implemented in our image processing system. These 
algorithms are based on “Template Matching (TM)”, “Contour Matching (CM)” and 
“Contour Matching applied direct to the Image (CMdI)”. All three algorithms will be 
briefly described in the following sections. 

2.1. Template Matching (TM) Based 

The TM based algorithm presented in [7] uses simplified 2½D object models to 
generate templates. These templates used for matching are generated for each detected 
Region of Interest (ROI) anew to reduce the amount of needed templates. Since the 
shadow length of each object can be calculated from information collected during the 
screening process, only templates which comply with the estimated shadow length values, 
have to be generated. All templates are then cross correlated with all ROIs. Each template 
thereby produces a correlation map. In this map the translation correlating best with the 
ROI is chosen as correlation factor for this template. From all templates belonging to the 
same object class the highest correlation factor is chosen as the correlation factor of this 
object class. 

After having determined the feature vectors for classification given by the correlation 
factors for each object class, the final classification in this study is done with a 
Probabilistic Neural Network (PNN) algorithm. This classifier is trained with data 
generated by only using the 2½D object models. To sort out false alarms, a false positive 
class was added via the PNN algorithm. For further details of the classification process see 
[7]. Single view classification results based on this method are given in Fig. 2 (top left). 

2.2. Contour Matching (CM) Based 

The recently implemented CM based algorithm tries to match the contours of an object 
in a detected ROI with the contours of given 2½D object models. To this end, the object 
and shadow contours for all ROI must be extracted from the sonar image. The coupled 
statistical snake algorithm (see [8]), which was designed to find object / shadow pairs in 
sonar images, was used for this task. The contour information of the object and the 
shadow are then extracted from the converged snakes. The contour information is used to 
optimize the parameters of the 2½D object models in an iterative process to a point for 
which the object and shadow contours in the ROI and the model fits best. This process is 
started once for each of the object classes to produce a CM value. 

With these CM values the objects are assigned to an object class. As with the TM based 
method, no false positives class is defined. This problem again is solved using a PNN. 
Single view classification results based on this method are presented in Fig. 2 (top right). 

2.3. Contour Matching directly applied to the Image (CMdI) Based 

The CMdI is quite similar to the CM based algorithm. However, in contrast to the 
previous method the 2½D object model is optimized directly on the acoustic image data of 
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the ROI without using an extracted contour. The parameters describing the contour of each 
model are optimized based on the sonar image in an iterative process similar to the 
statistical snake optimization process described in [8, 9] by minimizing the a posteriori 
function based on a Gaussian noise model. The resulting parameters for each 2½D object 
model are used to define templates to calculate a correlation value for each 2½D object 
model. These correlation values are then used similar to the TM classification method to 
make the final decision.  

Single view classification results based on this method are shown in Fig. 2 (bottom 
middle). 

 

 
 

Fig.2: Single view classification result for TM (top left), CM (top right) and CMdI 
(bottom middle) (CC = Correct Classified and CaT = Classified as Target). 

 

3. FUSION STRATEGY: K OUT OF N VOTING 

To increase the performance by fusion we have considered two fusion approaches, 
algorithm fusion and multi-pass fusion. The two fusion approaches are schematically 
shown in Fig. 3. 

The K out of N Voting is a fusion method which does not need prior information about 
the fused classification results. This fusion algorithm makes its decision based on how 
often each class occurs in the inputs of the fusion center. If a class occurs equal or greater 
than K  times in the inputs, this class is considered as a correct class. If all classes occur 
less than K  times or if the decision which class is the most often occurred is not clear, it 
will assign the false positive class. 
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Fig.3: Considered fusion cases: Fusing different classification algorithms (left) and fusing 

results in a multi-pass (multi aspect) framework (right). 

4. EXPERIMENTAL RESULTS 

To estimate the possible performance of the presented fusion strategies, analyses were 
performed based on measured SAS image data. This data was provided to us by the 
NATO Undersea Research Centre (NURC) and collected by their MUSCLE AUV system 
[10]. This data includes SAS image information of different object shapes laid out on the 
seafloor. These objects are scanned under different aspect angles and at different distances 
from the sonar. 

From this data two test datasets were formed. The data set used for testing algorithm 
fusion contains all data, while the multi-pass dataset contains only the portion of the data 
which provided multiple aspects for each object (see Fig. 5 (bottom)). 

4.1. Algorithm Fusion 

In the first test scenario the classification results from the previously described 
classification methods are fused by a 2 out of 3 voting fusion strategy. For this the single 
view classification results of the three single classification methods, the TM, CM and 
CMdI based method, are directly passed to the fusion center to produce the final fusion 
result. 

 
 

Fig.4: Algorithm Fusion results for single view classification. 
(CC = Correct Classified and CaT = Classified as Target) 
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The fusion result (black) is compared to the results of the single classification methods 
(blue, green, cyan) and shown as ROC curves in Fig. 4. Given are the classification results 
for two cases: a) each target is classified correctly (CC) and b) man made targets and false 
positives are separated correctly (CaT). 

 
For the considered dataset the results indicate that only compared to the CM and CMdI 

algorithm a performance gain can be observed. In comparison with the best algorithm 
(TM) the fusion results show a significant degradation. 

4.2. Multi Aspect Fusion 

In the second test scenario we have fused the classification results of the same object, 
detected under different aspect angles, and classified with TM classifier to improve the 
overall classification performance. The assignment of contact data belonging to the same 
object, but recorded during different passes, is achieved by geometrical mapping of the 
objects and nearest neighbor association. 

First, classification is carried out for a single aspect angle (black). Next the K out of N 
voting fusion strategy is performed. Results of fusing three aspect angles with a 2 out of 3 
voting strategy are shown as ROC curves in Fig. 5 (left). Similar results are obtained for 
fusion of five aspect angles with a 3 out of 5 voting strategy, which are shown in Fig. 5 
(right). 

The results indicate that performance gain is a function of the covered surface area of 
an object. The results are significantly better in cases, where as much uncorrelated surface 
area of an object as possible is collected by the incorporated views. Also a comparison of 
the two plots in Fig. 3 indicating that the performance gain in cases where the covered 
object surface is limited can be enhanced by using more correlated views. Another result 
is that in cases of using a fully covered object surface area the fusion gain by using more 
aspect angles is limited. 

 

 

 

 

 

Fig.5: Multi aspect fusion results for different combinations of aspect angles. 
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5. CONCLUSION 

We have presented the result of applying a voting fusion strategy to two different 
classification scenarios: (i) the single pass algorithm fusion (ii) the multi-pass 
classification. Both fusion strategies were tested on SAS data. 

The results for algorithm fusion indicate that the chosen voting fusion strategy is not 
effective for the given data, because the fusion results are significantly worse than the TM 
classifier used as input. 

 The multi-pass fusion gives much better results. For all tests carried out we get a 
significant increase in performance. An important result is that the performance gain is 
more dependent on the surface area covered by the aspect angles used than on the number 
of aspect angles used. 

6. ACKNOWLEDGEMENTS 

In recent years the Research Department of WTD 71 has investigated image processing 
methods for object detection and classification in conventional side scan sonar and 
synthetic aperture sonar images in cooperation with the FU-Berlin and Fraunhofer IOSB 
(former FGAN-FOM). The purpose of these activities was to implement computer aided 
detection and classification methods in order to investigate and improve these algorithms 
and to test all implemented algorithms based on measured image data. The authors would 
like to thank NURC for providing the SAS data from the COLOSSUS 2 sea trial in the 
Baltic Sea with the MUSCLE system.  

REFERENCES 

[1] V. Myers and J. Fawcett, “A Template Matching Procedure for Automatic Target 
Recognition in Synthetic Aperture Sonar Imagery”, IEEE Signal Processing Letters, volume 
17(No. 7), pp. pages, 2010. 

[2] J. A. Fawcett, A. Crawford, D. Hopkin, M. Couillard, V. Myers, Benoit Zerr, 
“Computer-aided classification of the Citadel Trial sidescan sonar images”, Defence R&D 
Canada, TM 2007-162, 2007. 

[3] B. Zerr, B. Stage, A. Guerrero, “Automatic Target Classification using sidescan sonar 
images of different orientations”, SACLANTCEN Memorandum, 1997. 

[4] C.M. Ciany and J. Huang, “Computer Aided Detection/Computer Aided Classification and 
Data Fusion Algorithms for Automated Detection and Classification of Underwater Mines”, 
in Proc. MT/IEEE Oceans Conf. and Exhibition, volume 1, pp. 277-284, 2000. 

[5] J. Groen, E. Coiras, J. Del Rio Vera and B. Evans, “Model-based sea mine classification 
with synthetic aperture sonar”, IET Radar Sonar Navig, volume 4, lss. 1, pp. 62-73, 2010. 

[6] F. Langner, W. Jans, C. Knauer and W. Middelmann, Benefit for Screening by 
Automated Acoustic Data Fusion, Proceedings of the Underwater Acoustic Measurements: 
Technologies & Results UAM 2011, Kos, Greece, 20 – 24 June 2011. 

[7] F. Langner, C. Knauer, W. Jans and A. Ebert, Performance gain by fusing classification 
results for different aspect angles in SAS side scan images, Proceedings of the European 
Conference on Underwater Acoustics ECUA 2010,Istanbul, Turky, 5 – 9 July 2010 

[8] S. Reed, Y. Petillot and J. Bell, An Automated Approach to the Detection and Extraction of 
Mine Features in Sidescan Sonar, IEEE Journal Oceanic Eng., volume 28(1), pp. 90-106, 
2003. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 121 -



 

[9] C. Chesnaud, P. Refregier and V. Boulet, “Statistical region snake-based segmentation 
adapted to different physical noise models”, IEEE Trans. Pattern anal. Machine Intell., vol. 
21, pp. 1145-1157, 1999. 

[10] A. Bellettini and M. Pinto, “Design and experimental results of a 300kHz synthetic aperture 
sonar optimized for shallow-water operations”, IEEE Journal Oceanic Eng., volume 34, pp. 
285-293, 2009. 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 122 -



 

 AUTOMATIC TARGET RECOGNITION FOR AN AUTONOMOUS 
UNDERWATER VEHICLE (AUV) SIDESCAN SONAR IN COMPLEX 

ENVIRONMENTS 

John Fawcett 

DRDC Atlantic, PO Box 1012, Dartmouth, N.S., Canada, B2Y 3Z7 
 

John Fawcett, PO Box 1012, Dartmouth, N.S., Canada B2Y 3Z7, Fax: (902)-426-9654 
email: john.fawcett@drdc-rddc.gc.ca  

Abstract: In this paper the automated detection and classification of mine-like objects in 
sidescan (Marine Sonics) data is investigated. In particular, 4 different sites are 
considered involving sidescan sonar data collected by Australian, New Zealand, and  
NATO Undersea Research Centre (NURC) REMUS AUVs. Twelve different automated 
detection methods are proposed and their individual and fused performances are 
investigated.  The different data sets contain different types of seabeds including relatively 
featureless, very-rippled, pock-marked, and cluttered seabeds. The performances of the 
detectors are also considered with respect to the different sites. After a detection/fusion 
process, the extracted small sonar images (mugshots) are further classified using 
template-matching. Examples of the template-matching are given. 
 

Keywords: sidescan, ATR, autonomous  
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1. INTRODUCTION 

Automatic Target Recognition (ATR) methods are important in the development of  
autonomous adaptive behaviour that exploits target information. Any Autonomous 
Underwater Vehicle (AUV) behaviour dependent upon the detection and possible 
classification of seabed objects will rely heavily upon the ATR performance. Ideally the 
ATR should work with a high probability of detection yet not produce a prohibitively 
large number of false alarms. Over the last several years DRDC Atlantic has worked on 
the development of ATR methods for sidescan sonar data (e.g., [1]-[2]). Most of that work 
utilized data collected with the DRDC Atlantic Klein 5500 sidescan sonar, often with the 
DRDC Atlantic semi-submersible vehicle DORADO. Much of this ATR analysis 
considered trials’ data in regions of relatively featureless seabeds [1] or assumed that the 
preliminary detection phase has already been carried out (perhaps, manually [2]) and 
concentrated upon the classification phase. 

In this paper we consider data collected with different REMUS AUVs with Marine 
Sonics (900 kHz) side scan sonars. The data comes from 4 different sites: 2 near La 
Spezia, Italy [3], one from Australian trials [4], and data collected off Panama City, 
Florida from a New Zealand REMUS. Different complex seabed sites are considered 
where the seabed features can cause false alarms and produce highlights and shadows 
which interfere with those of a mine-like or manmade object. In addition, the sonar itself 
may have beampattern variations or surface reflections which can cause further 
complications. The end-to-end problem of preliminary detection(s), fusion, and template 
classification is considered. In addition, the seabeds considered are quite varied and 
present challenges to the detection and classification processes.  

ATR methods with REMUS/Marine Sonics data have been considered by other authors 
[3-7]. In [7] trained detection methods are utilized with a data set of synthetic target 
images inserted into real Remus Marine Sonics images. In the approach of this paper, we 
consider fairly simple detectors and a classification method (template matching) which 
requires no training (except perhaps to define a threshold). Our data sets include a number 
of  dummy mine-like or manmade objects: wedge-shapes, truncated-cones, cylinders of 
different sizes, and other objects. The intent of the detection phase was to detect almost all 
of these objects while still trying to minimize the number of false alarms. 

In this paper, we first describe the data sets and show some example images. The 
preprocessing of this data (normalization, removal or mitigation of surface reflections, etc) 
is described. Then the twelve detection methods are very briefly described.  Our simple 
fusion approach is also described. Some example images of the detection/fusion process 
are given. Finally, the template-matching procedure is described. The performance of the 
detection process for the data set is analyzed. First, the small images extracted about the 
detection points were manually inspected by the author and classed as mine-like or clutter. 
On the basis of this labelling, the performance of the various detectors was investigated by 
varying the thresholds of the detectors' outputs and Receiver Operating Characteristic 
(ROC) curves are generated. These curves are shown for different detectors and for the 
different sites of the data. A subset of the mugshots are then used with the template-
classifier. Examples of the resulting template matches are shown. 
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2.    DATA SETS AND PREPROCESSING 

A REMUS/Marine Sonic data set was constructed from a composite of 900-kHz 
Marine Sonic Data taken from the NURC AUVPET2007 trial [3] and also from New 
Zealand and Australian [4] data. The New Zealand and Australia data consists of sonar 
files which were selected as their positions were fairly close to nominal dummy target 
positions or were manually determined to contain dummy targets. In total there are 646 
files considered: 459 from the NURC data (this is only a subset of the entire NURC 
dataset) and 147.5 (this is an equivalent number as we did not analyze the starboard 
channels from some of the files) from the Australia/New Zealand data. Due to the relative 
size of the Australia/New Zealand data set, we considered it as one set. The sonar data 
from the NURC Remus was somewhat different than that of the Australian and New 
Zealand Remuses as it exhibited stronger nearfield beampattern effects. As well, the 
reflection from the water/air surface was more pronounced.  Of the 459 NURC files, 193 
are from Site D and 266 are from Site A. The Site A files contain images with significant 
sand ripples. Most of the data was obtained with a 30m range setting but in the AUS/NZ 
data there are number of 20m-range files and one at a 40m setting. Some example images 
are shown in Fig.1. The beampattern and surface reflection effects can be observed. 

 
               (a)                                           (b)                                              (c) 

   

Fig.1: Example sonar images from: (a) Site D – NURC data; (b) Australia/New 
Zealand data, and (c) Site A – NURC data 

        
In Fig.2  we show the results of some of the pre-processing steps. For the NURC data, the 
location of the surface reflection is predicted from the depth and a window is defined 
about this location. Within this window, a pixel amplitude is replaced by a ping-dependant 
local median value if it exceeds a threshold. The normalizing factors are computed along 
constant grazing angle curves as the altitude of the AUV changes. Two representative 
curves are shown in Fig.2a. (this is the starboard side of the image from Fig.1 – Site A, 
with the top/bottom orientation reversed for MATLAB) Also in this figure, the vertical red 
lines indicate a region of rapid heading change. In these regions (and also in regions about 
the surface reflection for the NURC data) the outputs from the detectors will be set to 
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zero. The resulting normalized image is shown in Fig.2b. For some of the detectors, the 
image is re-binned into 5 values [-1,-0.5,0.,0.5,1] (deep shadow to high highlight). This re-
binned image is shown in Fig.2c. The presence of significant sand ripples can cause false 
alarms for automated detectors due to their sequence of highlight and shadow regions. In 
[6] and [8] Fourier-equalization  and Dual Tree Complex Wavelet methods are used to 
reduce the effects of the ripple fields. Our approach is to form segmented images after 
Fourier filtering [6] and also after a simple version of wavelet filtering, (we use the 
software from [9] for the wavelets) . 

 
For example, a new re-binned image is formed from the image of Fig.2c by requiring that 
for its shadow regions the same pixel values in the Fourier-filtered image also have a 
relatively small amplitude as well. Thus in Fig.2d it can be seen that many of the shadow 
regions in Fig.2c have been eliminated; however, the shadow region corresponding to the 
target is still present. 
 
 

 
 (a) 

 
(b) 

  

  
(c) (d) 

Fig.2: (a) the unnormalized data showing 2 representative normalization-integration 
curves and regions of large course changes (b) normalized image (c) re-binned data (-1,-
.5, 0, .5, 1) and (d) rebinning after Fourier filtering The mine-like object is indicated by 

the yellow arrows 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 126 -



 

3 AUTOMATED DETECTORS AND SIMPLE POSITIONAL FUSION             

 
Twelve detectors are considered in this paper. Some of them are similar to those 

considered in [1]. They include matched-filters, statistical tests, and highlight and shadow 
detectors and were typically implemented in terms of the outputs from two-dimensional 
filters. Most of the methods utilized the sonar images after normalization. In addition, the 
filter outputs are often normalized by a term involving their average (over positive values) 
background value. The various detector output images are each thresholded and the 
resulting regions are region-labelled with the pixel locations of the maximum detector 
value within the region designating the detection locations. The local density of detections 
by a detector in a 60 x 60 pixel region is computed and the threshold is increased for 
values greater than one. Finally, a set of detections, for each detector, is produced for each 
sonar file (port and starboard considered separately). The position fusion algorithm is 
simple. The detectors are each considered in turn and if a detection position is sufficiently 
close in proximity to a previously associated detection D then this detection is consider 
associated with detection D. If it is not associated with any previous associations, it is 
considered a new detection. The number of detectors associated with a detection is 
monitored and for this paper only detections associated with 4 or more detectors are 
considered. The requirement of 4 detections provided a significant reduction in the 
number of false alarms over a single detector, with the loss of only a very few mine-like 
detections. The position of the fused detection is that of the first detector which found it. 
An example sonar image with the individual detections and the fused detections is shown 
in Fig.3. One can see that there are many individual detections  (we have set the thresholds 
quite low) and a few fused detections. There tend to be some spurious  detections towards 
the boundaries of the image – for the analysis of this paper, only fused detections with 
detection coordinates in the range for along-track 32 < j < 970 and across-track km < k < 
426 (km is computed in terms of the median altitude of a file) are considered for further 
analysis. A mugshot 64 x 128 in size is extracted around the detection point. As well, the 
maximum values of all the detectors in a    9 (along-track) x  59 window centred at the 
detection point are determined. The overall detection rate of this method was high: there 
were only a few cases of mine-like objects  not detected that we had visually determined. 
The fusion rule has the nice feature that it lowers the false alarm rates from the individual 
detectors; on the other hand, there are cases where a particular combination of detectors 
will detect an object while some detectors will not. The advantages of detector fusion has 
been previously described by other authors [10]. 

 For the total data set there are 5795 valid detections and extracted mugshots. The 
mugshots were manually examined and flagged as mine-like or clutter. The designation of 
mine-like was often very clear but there were cases of some objects where the choice was 
more subjective.  The breakdown of the detections is: NURC Site A, 230 mine-like, 2209 
clutter, NURC Site D, 335 mine-like, 1694 clutter, AUS/NZ, 150 mine-like, 1177 clutter. 
For NURC Site A many of the clutter events were due to ripples. The AUS/NZ data 
contained images with boulder fields and these contributed the majority of the clutter 
events. In this case, many of the clutter events were quite mine-like in appearance and thus 
are difficult to discriminate against. From the numbers of clutter events at the sites, it can 
be seen that the false alarm rate is quite high at this stage. Since we have saved values of 
the individual detectors, we can investigate if there are further improvements in 
performance from varying the thresholds of any of the 12 values.  In Fig.3 we show the 
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ROC curves for only 2 of these detectors, a matched filter detector (solid line) and the 
lacunarity detector (dashed line) for the 3 sites individually and for the total data set. As 
can be seen, the performance of the lacunarity detector is better than that of the matched 
filter for all the data sets.  In particular it gives very good performance at NURC Site A – 
the rippled site. We emphasize that these are the performances of these 2 detectors after a 
first detection phase which required the agreement of  at least 4 of the detectors. This 
means, for example, that some of the false alarms of these detectors have already been 
eliminated. We have also considered linear combinations of 2 of these features (Fisher 
disciminant analysis) [10]. In the case of the lacunarity detector there was no advantage in 
combining it with another feature. Some of the other detectors could be significantly 
improved by combining them with another. The prefiltered matched filters (Wavelet, 
Fourier) also performed better than Detector 1 for Site A but not as well as the lacunarity 
detector. 

For the next stage of analysis, we now consider only the original detections with 
lacunarity  L > 0.325  For the total data set this reduces the number of targets to 651 or 
91% of the original number and the number of clutter objects is significantly reduced to 
528 or 10% of the original number. The associated mugshots are then used by the 
template-matching algorithm. The method is briefly described as follows. First a library of 
templates is computed using ray-tracing for detection of ranges [2,…,30]m (increment of 
2m) and at different aspect angles (100 increment) for the wedge-shaped target and 4 
different-sized cylinders. For the truncated-cone shape, only a single aspect is required. 
The along-track spacing used was 12cm. Some of the New Zealand data was at a 20 m 
range setting and the AUV went slower in this case. We used an along-track spacing of 8 
cm in this case resulting in larger templates. The mugshot is re-binned  into the values 
using the same basic approach as was described previously for the sonar file. Let us denote 
this new mugshot as the matrix M. For a given range of detection, the appropriate set of 
templates are considered – templates from the previous discrete range-index and the 
subsequent index are also considered. As well, for the truncated-cone and wedge-shapes, 
we also considered versions which are elongated or shrunk by a factor of 20%. The 
templates are such that their shadow values are equal to negative one and the highlight 
values are positive but usually less than one.  In addition, the template is augmented by 7 
rows and 10 columns of zeros before and after the extent of the bounding box of the 
template. Let us denote the augmented template as T and TZ   = 1 where T=0. Then the 
generalized cross-correlation is defined as: C= M * T /(1+5(|M|* TZ)) where * denotes 
cross-correlation and T and   TZ are normalized to have unit L1 norm. In Fig.4 we show the 
25 best matches and their corresponding determined templates for the data. As can be 
seen, the matches are very reasonable and, in general, good template matches were 
obtained. The aspect of the  template is an automatic result of this method.  There do 
remain some seabed features which yield fairly high template match values. Although the 
template matches may visually appear reasonable, they are not always correct in their 
classification. For example, the truncated cones are often classed as wedge-shapes, 
illustrating the fact that without a sufficient pixel resolution, 2 different targets can 
visually appear very similar, and due to the surrounding seabed features, the variable 
speed of the AUV, and other reasons, an incorrect template-match may result. 

4 SUMMARY 

This paper has considered a diverse set of Marine Sonics sonar images. The seabed was 
often complex and there were sonar-related (beam effects, surface reflection) issues to 
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contend with. This resulted in a large number of false alarms. We processed the data with 
12 detectors. Using a simple detector fusion followed by a lacunarity threshold, we were 
able to reduce the number of false alarms significantly. The ATR performance did depend 
upon the seabed type. The best overall performance (in terms of the ROC curves) was for 
the case of the relatively featureless seabed of NURC Site D and with the appropriate 
detector (Lacunarity) the rippled seabed of NURC Site A. The poorest overall 
performance was for the Australia/New Zealand data which had  the most mine-like 
clutter.  The mugshots corresponding to the remaining detections were then further 
processed using template-matching. This procedure gave, in general, visually reasonable 
matches to the imagery.  

 

 
 

  

Fig.3 (left) showing individual detections and fused detections (yellow circles) (middle) a 
zoom of one of the fused detections (right) the ROC curves for the matched filter and 

lacunarity features after the fused detections for the different sets of data  

                             (a)                                                                           (b) 

  

Fig.4 (a) showing the top 25 mugshots and(b) the corresponding determined templates. 
The vertical axis for each image is along-track and the horizontal axis across-track 
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Abstract: Classification of three-dimensional targets using two-dimensional sensor 
information is a standard problem in sonar processing. Improvements of the classification 
performances are generally reached by improving the sensor's resolution and/or by 
considering multiple views of a target. Enhancement of the sensor's resolution considering 
single view information can improve the ability of a specific classifier to discriminate 
against different targets. However, if the target is located in a complex environment, its 
signature can be altered by a phenomenon of occlusion and this method does not 
necessarily lead to better classification performances. The use of multiple perspectives 
offers an interesting alternative to solve this problem. The main objective of this study is 
to increase the rate of correct classification, and to minimize the classification time, using 
a fusion of multi-view information by replacing the current strategy (for which the number 
and orientation of the views are defined a priori) by an adaptive approach. The discussed 
adaptive approach is based on the result of a primary single view classification step and 
uses the already acquired information to either stop the classification task if the 
classification result is unambiguous or define the best direction for the next view (the most 
discriminative) if the classification remains ambiguous. Classification steps are performed 
using a measure of similarity between the value of a computed (extracted) features vector 
and a set of different model-issued possibilities. The developed algorithm has been tested 
on a large set of simulated data (simulation of 900 kHz REMUS-100 images). The results 
were then compared to a single view and multi-aspect classifier that uses a predefined 
angular (azimuth) step. 
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1. INTRODUCTION 

The recognition of targets defined by a three-dimensional shape, with sensors 
producing a two-dimensional information is a problem inherent in processing imaging 
sensors such as radars, sonars or optical imaging systems. In these three areas it is possible 
to tackle the following two approaches, the improvement of the resolution of the sensor 
and the use of multiple points of view. 

The improvement in resolution increases the discrimination capacity of the sensor and 
can improve the recognition of a target with a single view. However, if the target is placed 
in a complex environment, its signature can be altered by a phenomenon of occlusion. In 
such case, the resolution improvement does not systematically translate into a better 
recognition of the target. The use of multiple points of view offer an interesting alternative 
to the resolution of this problem by relying on the fusion of the information retrieved in 
each view of the target. 

The main objective of this study aims to increase the rate of good classifications by 
replacing the current strategy for which the number and orientation of the views are 
defined a priori, by an adaptive approach. This adaptive approach is from the views 
already acquired and if classification remains ambiguous, to determine the best direction 
for the next view. 

2. SONAR DATA 

The target system for this study is the REMUS-100 AUV operated by the Belgian Navy 
and equipped with 900 kHz MARINE SONIC sidescan sonar. The features of the mission 
planning tool allow for multiple aspect acquisition with predefined heading for each view. 
As the adaptive behavior is not easily achievable with the current planning tools, a sonar 
data simulator [1] using principles described in [2] has been upgraded to generate AUV 
sonar data to the algorithm. Figure 1 shows examples of AUV missions and Figure 2 
allow for comparison between the actual image and the simulation of a concrete block. As 
the first version of the classification algorithm mainly relies on shadow analysis, a very 
crude approach, based on diffusion has been used to model echoes. 

 
 

         
 

Fig.1: Example of simulated AUV missions. Dark blue indicates when sonar is turned 
on. Left: detection mission. Right: predefined multiple aspect classification mission. 
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 Fig.2: Example of simulation of a concrete cube. Top: actual image from Belgian navy 
target data base, Bottom: simulated image.  

3. PREPROCESSING AND FEATURES EXTRACTION 

Considering that the detection stage provides a small image (snippet) of the target and 
its close surroundings, the first processing stage follows a standard approach consisting in 
segmenting the image in homogeneous regions belonging to a set of three classes 
{shadow, highlight,  reverberation} and selecting the largest shadow region and, if 
existing, the closest  region. Once the shadow and highlight regions have been defined, 
geometrical and statistical features are extracted. The main features can be divided in three 
sets. The first set contains features extracted from the shadow region:  

 the area; 
 the across-track length; 
 the elongation; 
 the roundness. 

The second set contains features extracted from the shadow profile, which is an 
estimate of the object’s height for each sonar beam intersecting the shadow region: 

 the standard deviation of the shadow profile divided by the mean shadow 
length; 

 height-width ratio of the shadow profile.  

The third set contains features extracted from the ellipse which best fits the shadow 
region: 

 the ratio of the shadow area to the ellipse area; 
 the length of the major axis of the ellipse; 
 the length of the minor axis of the ellipse; 
 the ratio of the length of the major axis to the length of the minor axis. 

A comprehensive list of features extracted from shadow and highlight region can be 
found in [3]. 
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4. POLAR REPRESENTATION OF FEATURES 

The extraction of descriptive parameters (features) to classify objects on their acoustic 
signatures has been presented in the previous paragraph. The aspect dependency is 
generally displayed by a curve expressing the value of the feature as a function of the 
azimuth angle. The polar representation, commonly used in underwater acoustics and 
radar to express directivity functions, seems a promising formalism for the representation 
of the aspect dependency of the descriptive features. An example is presented in Figure 3 
for three types of targets: a manta like shape, a cylinder and a “cheval de frise” (an anti 
landing device widely used in the Atlantic wall during the WW2). ”. When the feature is 
invariant with aspect, the representation is a circle, as can be seen for the manta shape. 
The ambiguities can be deduced from the intersection between the curves; the blue curve 
shows intersections with red and green ones, indicating that for several aspects, the 
shadow area is similar for the cylinder and the other shapes. A convenient property of the 
polar representation is that the 2 periodicity of the feature is implicitly taken into 
account. Finally, the aspect dependence of the feature can be considered as a 2D curve and 
be approximated by Fourier descriptors [4] when, for example, seeking for an analytic 
solution the best second aspect. Figure 4 shows the approximation of aspect dependency 
polar curve with 5 and 30 coefficients.   

        
Fig.3: Polar representation of the aspect dependence of the “shadow area” feature 

        
Fig.4: Fourier descriptors approximation of the polar representation  
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5. CLASSIFICATION/FUSION METHODOLOGY 

5.1. Overview 

The diagram in Figure 5 shows the processing flow for classification/fusion using two 
views. Once the first view has been collected, regions of interest are selected by image 
segmentation. A vector of descriptive features is extracted from the region of interest. 
Then a classification is proposed and the ambiguities of this classification allow for the 
definition of the orientation of the second view. The same processing is applied to the 
second view and results from the two views are fused to propose the final classification.  

 

 
 

Fig. 5: the classification/fusion methodology 
 

The information extracted from the two views can be fused at different fusion levels 
and with different methods. The fusion levels are: 

 the data fusion (low-level fusion) is the fusion of information directly at the 
sensor output. This corresponds to the beam data or the sonar image data. 

 the fusion of characteristics (mid-level fusion) is the fusion of information 
extracted from data obtained directly from the sensor output. This corresponds 
to the features extracted in the shadow or highlight regions; 

 the decision fusion (high level fusion) is to merge information corresponding to 
the formulation of hypotheses derived from an expert or a system (e.g. a 
classifier). 

In this paper, a simple voting approach has been used to fuse the results from the two 
views. However, potential improvement can result from the use of more complex fusion 
methods as Bayesian inference, fuzzy logic or evidential reasoning. A detailed description 
can be found in [5]. 
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5.2. Target classification algorithm  

The step in classification is to consider separately the features computed in the shadow 
region of the target acoustic signature. We can consider, for example, the HWR feature 
defined by the Height/Width Ratio of the target shadow. In Figure 6, the red, green and 
blue curves represent the HWR feature as a function of aspect orientation (azimuth) for the 
manta shape, the “cheval de frise” and the cylinder, respectively. The HWR feature is 
computed on the mug shot of the detected target. As the orientation of the target is 
unknown, the HWR feature is represented as a circle (cyan color).    

 

 
 

Fig. 6: HWR feature for the target to classify (cyan) and the reference targets (red: 
manta shape, green; “cheval de fries”, blue: cylinder)  

 
As it can be seen in Figure 6, the target can be a cylinder when the cyan circle is close 

to the blue curve. The target can also be a “cheval de frise” for other orientations, as the 
cyan circle get close to the green curve. The target cannot be a manta shape as the red 
curve does not intersect the cyan circle.  

 

        
Fig. 7: Orientations (azimuth) for which the target can be classified as a cylinder (left) 

or as a “cheval de frise” (right)  
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The orientation (azimuth) of the target leading to a classification as cylinder or as a 
“cheval de frise” are highlighted in Figure 7, left and right, respectively. The highlighted 
parts of the curve define angular sectors for which a classification is ambiguous but 
possible, either cylinder or “cheval de frise”. 

 
 All the features describing the target are processed in the same way, giving sets of 

angular sectors for a possible classification. These angular sectors are fused using a voting 
function. If a single class is winning the election, the classification is unambiguous and 
there is no need for a second view. If the result shows that two or more classes can be 
assigned to the target, an adaptive algorithm defines the best orientation for the second 
view. 

 
The determination of the orientation of the second view is based on maximization of 

the difference between the polar representation the features of the ambiguous classes. 
Features are processed one by one to refine the possible angular sectors for the second 
view. 

5.3. Classification performance 

A database of about 8.000 objects with varying orientations as been generated using the 
sonar image simulator. To take a probability of mine occurrence in agreement with actual 
operational area, 75% of the simulated objects are stones and rocks (Non-Mine, Mine-Like 
bottom objects). 

The performance assessment considers three configurations: 

 Single view, called mono-view 
 Two views making a predefined angle of 90°, called multi-view (90 deg)  
 Two views with an adaptive selection of the second orientation, called multi-

view (adaptive) 

The comparison is based on the ROC (Receiver Operating Characteristics) and more 
precisely on the area under the ROC curve (AUC) which expresses the probability that the 
classifier gives a better rank to a positive element than to a negative element, both chosen 
arbitrary in the database. The ROC curves for the three configurations are shown in Fig. 8. 
The quantitative results, given by the AUC are summarized in Table 1.  

 
Classifier AUC (%) 
Mono-view 82.96 
Multi-view 
(90°) 

91.48 

Multi-view 
(adaptative) 

97.44 

Table 1: Classification performance comparison for  the 3 configurations  
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Fig. 8: ROC curves for the 3 configurations 

 

6. CONCLUSION  

Adaptive approach to define the orientation second view shows better results than using 
a predefined angle of 90° between the two views. The approach is interesting as the 
classification can be done on the first view, resulting from the detection mission. If no 
additional view is required, the AUV can proceed on the detection mission. If an 
additional view is required, the AUV will have to perform the task on-board and modify 
its mission plan. Before going further in the algorithm refinement, the next experimental 
step will be to assess the performance with an actual vehicle. The method can easily be 
extended for different sensor types and a fleet of several AUV’s, with non necessarily the 
same AUV acquiring all the views.   

REFERENCES 

[1] J. M. Bell et L. M. Linnett, Simulation and analysis of synthetic sidescan sonar 
images”, IEE Proceedings -Radar, Sonar and Navigation, vol. 144, n. 4, pp. 219–226, 
1997 

[2] B. Zerr, A. Stage, et A. Guerrero, Automatic target classification using multiple 
sidescan sonar images of different orientations,  Saclant Undersea Research Center 
Memorandum SM 309, 1997 

[3] M. Couillard, J. A. Fawcett, V. Myers, et M. Davison, Support vector machines for 
classification of underwater targets in sidescan sonar imagery, Defence Research and 
Development Canada, Technical Memorandum DRDC Atlantic TM 2008-190, 
November 2008. 

[4] I. Quidu, J. Ph. Malkasse, Classification de mines sous-marines à partir de l’image 
sonar brute : caractérisation du contour de l’ombre portée par algorithme génétique, 
Traitement du Signal, vol. 20, n. 1, September 2003. 

[5] C. Leroy, Reconnaissance automatique de mines marines par classification multi-
aspect adaptative , Projet de fin d’études, ENSTA Bretagne, Septembre 2010 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 138 -



 

 BENEFIT FOR SCREENING BY AUTOMATED ACOUSTIC DATA 
FUSION 

Florian Langnera, Wolfgang Jansb, Christian Knauerc, Wolfgang Middelmannd 

aFreie Universität Berlin, Institut für Informatik, Takustr. 9, 14195 Berlin, Germany. 
b Bundeswehr Technical Center for Ships and Naval Weapons, Naval Technology and 
Research (WTD 71), Research Department for Underwater Acoustics and Marine 
Geophysics (FWG), Klausdorfer Weg 2-24, 24148 Kiel, Germany. 
cUniversität Bayreuth, Institut für Angewandte Informatik VI, 95440 Bayreuth, Germany. 
dFraunhofer Institute of Optronics, System Technologies and Image Exploitation (IOSB), 
 Gutleuthausstraße 1, 76275 Ettlingen, Germany. 

Wolfgang Jans, 
Research Department for Underwater Acoustics and Marine Geophysics of WTD 71 
Klausdorfer Weg 2-24, 24148 Kiel, Germany 
fax: +49 431 607-4150 
phone: +49 431 607-4278 
e-mail: WolfgangJans@bwb.org 

Abstract: Currently operator based image analysis is often applied to side scan sonar 
data. Current research activities aim at replacing this operator based approach by using 
fully automated image processing techniques. Recent studies have shown that this 
automated image processing benefits from a higher resolution of the acoustic data. 
Especially for the classification task the use of high–resolution synthetic aperture sonar 
(SAS) image data is favorable in order to achieve a high classification probability while at 
the same time keeping the false alarm rate tolerable. To implement further improvements 
for automated image processing, fusion schemes are considered to be essential. This 
paper starts with a brief overview of our Computer Aided Detection / Computer Aided 
Classification (CAD/CAC) software, currently under development. This system comprises 
the complete processing chain starting with collected side scan sonar data. It includes 
pre-processing of the acoustic data as well as different algorithms for screening, false 
alarm reduction and classification. In this paper we focus on fusion strategies for 
screening. We proceed in two steps: First we analyze single and fusion results for different 
screening algorithms based on the same test data sets in order to determine the fusion 
gain and to select the screening method performing best. Then we use the best single 
algorithm to analyze the fusion gain for multi-pass data which contains different aspect 
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angles on the target. For the first step the results of up to five screening algorithms are 
combined for conventional as well as synthetic aperture sonar image data. The second 
step is carried out using multi-pass synthetic aperture sonar image data. In this context 
questions on how the number of crossings and how the difference in aspect angle 
influences the outcome for fusion are addressed. All applied algorithms are briefly 
discussed and test results are presented. In the same session we also discuss fusion 
strategies for classification. The high resolution synthetic aperture sonar image data were 
kindly provided by NURC. 

Keywords: Computer aided detection (CAD), computer aided classification (CAC), data 
fusion, side scan sonar 

1. INTRODUCTION 

The image processing system under development at WTD 71 consists of several 
processing steps including pre-processing, screening (detection), reduction of false 
positives and classification [1], [2], [3]. We have recently complemented our activities by 
addressing special image processing issues such as the influence of image resolution [4], 
edge preserving filtering [5] or the fusion of multi aspect angle results [6] on the outcome 
of the entire processing chain. Our goal is to make the image processing software more 
robust and to enhance it to an automatic target recognition (ATR) system.  

These studies have shown, for example, that automated image processing benefits from 
a higher resolution of the image data [4], [6]. Especially for the classification task the use 
of high–resolution synthetic aperture sonar image data is favorable in order to achieve a 
high classification probability while keeping the false alarm rate tolerable. In addition, the 
studies indicate that fusion is a promising strategy to further increase the probability of 
detection and decrease the number of false positives. Therefore, this study focuses on the 
investigation of fusion strategies for screening. A second paper [7] focuses on fusion 
strategies for classification. 

The article is organized as follows: Section 2 gives a brief overview of our current 
computer aided detection and classification (CAD/CAC) software and addresses briefly 
the screening algorithms used for the study. Section 3 introduces examined fusion 
schemes. Section 4 describes the fusion tests performed for conventional side scan sonar 
(SSS) and synthetic aperture sonar (SAS) data and gives the results. We proceed in two 
steps: First, we analyze single and fusion results for different screening algorithms based 
on the same sets of test data. Then we use the best single screening algorithm to analyze 
the fusion gain for multi-pass data containing different aspect angles on the target. In 
Section 5 the results are discussed. 

2. SCREENING ALGORITHMS 

The object detection and classification process is divided into several processing steps 
starting with pre-processing, screening for regions of interest (object detection), reduction 
of false positives, object classification up to and including fusion of detection and 
classification results for different algorithms. 
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Pre-processing includes the normalization, enhancing and denoising of the images, 
corrections for distortions and geo-referencing. For most sub-steps different algorithms are 
available.     

 
During the next processing step Regions of Interest (ROIs), which may be caused by an 

isolated object on the seafloor, are identified by a single or several combined screening 
algorithms. I.e. details of an image are selected that potentially contain a single object [3]. 
Since we wanted to use the same set of algorithms for SSS and SAS data, we decided to 
implement several relatively simple algorithms, which will be introduced further on.  

Due to, for example, speckle noise and bottom features (e.g. ripples, stones, …) any 
screening algorithm marks in addition to ROIs which contain objects a significant number 
of ROIs without objects. The later are so called false positives. The number of these false 
positives needs to be minimized during a third processing step. Since our implemented 
algorithms for this task work on single ROIs, which represent only a small fraction of the 
original image, a single or a combination of CPU-intensive algorithms can be used for 
this. 

In order to describe the entire processing chain, then the remaining ROIs are classified. 
This is a challenging processing step since the required resolution for classification is 
higher than for detection and the response from an object lying on the seafloor may vary 
significantly depending on object position, sonar design / sonar parameters and 
environmental factors (e.g. ripple, vegetation) [3]. The two main steps of this classification 
process are feature extraction and association of these features to a certain class of objects.  

2.1. Segmentation Based Detector 

First, our segmentation based screening detector performs a threshold segmentation. 
According to Eq. (1), acoustic image data is turned pixel by pixel into a three-level image 
by using two clip-levels (or threshold values). As a result pixels with high amplitude 
values (likely object pixels) are changed into level 1 pixels, pixels with medium amplitude 
values (likely background pixels) into level 0 pixels and pixels with low amplitude values 
(likely shadow pixels) into level -1 pixels.  

 
 
 















otherwise0
,if1
,if1

, 2

1

tjix
tjix

jis  

 
(1) 

Then the resolution of the resulting three-level image is degraded to improve the 
segmentation result and lower the computational load for downstream processing. This is 
done by transforming patches of n x m pixels in x and y direction into a new single three-
level pixel. The level for this new pixel is determined by the pixel level which represents 
the majority in the original three-level patch. 

For object detection the algorithm searches for highlight areas (1) followed by shadow 
areas (-1). This can be done very quickly by sliding two rectangular masks over the 
segmented image. During this process the number of high level pixels for the first mask 
and the number of low level pixels for the second mask is counted for each position and 
divided by the number of mask pixels. Finally, these two weighted sums are correlated and 
object – shadow pairs are detected by a simple threshold detector. 
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An example of a segmented SAS image is shown in Fig. 1 (left). Red represents level 1 

or likely highlight pixel, blue level -1 or likely shadow pixel and green level 0 or 
background pixel. The result of the object - shadow pair detection process is shown in Fig. 
1 (right) indicating 5 possible objects in this scene.  

 
   

  
Fig.1: SAS image (left) after segmentation: Red equals level 1 (likely highlight pixel), 

blue -1 (likely shadow pixel) and green 0 (background pixel). Correlation and threshold 
detection results (right) for object – shadow pairs indicating 5 possible objects. 

2.2. Statistical Detector 

A second screening algorithm uses statistical properties of overlapping windows in an 
acoustic image. This method was utilized for object detection by Jans, Myers and 
Midtgaard and Engström [8A, 8B, 8C]. 

For this screening method the acoustic image is smoothed by a low pass filter and then 
divided into small overlapping windows. The size of the sliding window should be large 
enough to cover a single man made object and provide meaningful statistical values, but 
small enough to get a reasonable object position. For each sliding window two statistical 
properties, the normalized standard deviation (Coefficient of Variation, CoV) value and 
the maximum value within the window, are calculated. These two values are fed to a 
threshold detector for object detection. 

An example for the local statistical properties in a SAS image is shown in Fig. 2. On 
the left side the CoV of each sliding window and on the right side the maximum value of 
each window are displayed. 

 

  
Fig.2: SAS image: Calculated CoV of each window (left) and maximum value of each 

window (right). 
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2.3. Template Detector 

The template based screening algorithm uses two rectangular masks placed in a row to 
model the typical object-shadow structure produced by a side scan sonar [6]. The detection 
criterion is based on the averaged gray level value in both masks. As an object indicator 
the difference and / or the quotient of these two averaged values are calculated. In both 
cases a high indicator value should be a hint of a higher probability that an object is 
present at a certain position. For the final decision on object detection again a threshold 
detector is used. 

An example for the color coded object indication (decision) function for template 
matching is shown in Fig. 3. On the left, the difference between the averaged object and 
the shadow mask values and on the right the quotient of these values are displayed. 

 

  
Fig.3: SAS image: Color coded object indication (decision) function for template 

matching based on the difference between the object and the shadow mask values (left); 
quotient of these values (right). 

3. FUSION STRATEGIES 

 We consider a fusion process that combines screening results from various screening 
algorithms (Fig. 4 – left) and results in a multi-view framework, where a set of acoustic 
images for different aspect angles are screened by a single algorithm and fused afterwards 
(Fig. 4 – right). The fusion strategies used are described below.  

Considered fusion cases: Fusing different screening results 1,2, … 5 for the same test 
data sets (left) and fusing multi–pass (multi aspect) data screened with the same algorithm 
(right). Different fusion algorithms (method 1, 2, 3) are  used in both cases. 
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Our approach can be viewed as a de-centralized detection scheme, where a set of local 

detectors is used to compile individual decisions u1, ...,uN. The decisions from all systems 
are then forwarded to a fusion center which compiles the overall decision. An alternative 
to a de-centralized detection scheme is a centralized scheme, where a set of images is 
fused to a common reference image by a single detector. The latter yields the best possible 
detection result, as raw data is transmitted to a central detector [9, and References therein].  

3.1. Optimal Data Fusion 

In 1986 Z. Chair and P. K. Varshney [10] have published an optimal data fusion rule (f 
in equation (3)) for multiple detection systems. u1, ...,uN mark the individual decisions, 
where 1 corresponds to object detected and -1 to no object present. Weight factors a1, ...,aN 
are calculated based on the estimated probability-density distribution of the image 
background and the present targets. P(H0) is the probability for the hypothesis “target is 
absent” and P(H1) for the hypothesis “target is present”; PMi and PFi denote depending on 
the sensor i the  probabilities of miss for each detection and of false alarm, respectively. 
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3.2. Equally Weighted Fusion 

For the equally weighted fusion strategy all individual decisions u1, ...,uN independent 
of the decision value (1, 0, -1) are added. A positive fusion decision f1 = 1 is adopted, if 
the resulting sum is positive. Otherwise the fusion decision is f0 = -1, i.e. no objects 
present. This fusion approach is especially suited for cases where no prior knowledge 
about statistical properties for the local sensors (screening algorithm) is given.  
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3.3. K out of N Fusion 
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The K out of N fusion scheme (voting) is a second approach which does not require 
any statistical information. In this case only positive local detection decisions u1, ...,uN are 
totaled up and compared with a minimum number of necessary sensors K out of N. Only if 
this threshold number K is reached or exceeded, a positive decision f1 = 1 is taken. 
Otherwise the decision will be f0 = -1.  
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4. TESTS 

In order to determine the performance of the fusion schemes, tests based on SAS and 
SSS data were carried out. SAS data recorded in the Eastern Baltic Sea with the MUSCLE 
System [11] were provided by the NATO Undersea Research Centre (NURC). This data 
set includes proud man made objects of different shape, which were surveyed from 
different aspect angles. SSS data were recorded with the Benthos C3D Sonar in the 
Western Baltic Sea.  

In a first step five screening algorithms were applied to the SSS and SAS data. These 
algorithms are the segmentation based screening detector (see 2.1), two statistical 
detectors based on the normalized local standard deviation and the local maximum value 
(see 2.2) and two template based algorithms using the difference and quotient of averaged 
gray level values for an object and a shadow mask (see 2.3). As a result the frequency of 
appearance of a target (man made objects) and false targets (e.g. bottom clutter) as a 
function of a decision parameter, which is specific for each algorithm, is derived. For 
example, for the statistical detectors this decision parameter is the normalized local 
standard deviation or the local maximum value. In Fig. 5 the results for all single 
screening algorithms for SSS as well as SAS data are shown. The frequency of appearance 
is based on ca. 140 man made objects of different shape dispersed over ca. 8 km² of 
recorded image data for the SSS system and on ca. 200 man made objects of different 
shape scattered over ca. 6 km² for the SAS system. 

The ROC curves reporting the percentage of detected man made objects versus number 
of false detections (caused e.g. by clutter) for single screening algorithms are calculated by 
introducing a threshold and passing this threshold value through the range of the decision 
parameter. These results are presented in Fig. 6 for SSS and SAS data. 

We consider two different cases for data fusion (see Section 3). First we analyze single 
and fusion results for different screening algorithms based on the same test data sets in 
order to determine the fusion gain and to select the best performing screening method. 
Then we use the best single algorithm to analyze the fusion gain for multi-pass data which 
contains different aspect angles on the target (see Fig. 4).  

In order to calculate fusion results for different screening algorithms according to Fig. 4 
(left) the results for the five single screening algorithms are fused in a second step for a set 
of given threshold parameters according to the methods described in Section 3. This fusion 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 145 -



 

is done pixelwise. As a result, ROC curves for the three investigated fusion schemes are 
derived and plotted in Fig. 6.  

 To calculate the fusion results for different aspect angles according to Fig. 4 (right), 
screening results for different aspect angles are fused. In this case only the segmentation 
based detector (see 2.1) was used for screening and fusion was done object by object. As a 
result, ROC curves for the two considered fusion schemes were derived for SAS data (see 
Fig. 7). The optimal data fusion approach (see 3.1) was not considered, since this approach 
requires statistical information. The required probability of misdetection and of false 
detection depends on the sensor and also on the aspect angle and results in an expensive 
application. The graphs shown are based on ca. 160 man made objects of different shape 
dispersed over ca. 5 km² of recorded image data for the SAS system. 

4.1. Results 

Fig. 5 shows the relative frequency of occurence of man made objects (red curve) and 
false targets (blue curve) as a function of the decision parameter for (from left to right) the 
segmentation based screening detector (SB) (see 2.1), the statistical detector utilizing the 
normalized local standard deviation (SW-I) and local maximum (SW-II) (see 2.2) and the 
template based screening detector utilizing the difference (TB-Diff.) and quotient (TB-
Quot.) of averaged gray level values for an object and a shadow mask. The first row gives 
the results for conventional SSS data and the second row for high resolution SAS data. 

 
       a) Side Scan Data 
 SB detector SW–I detector SW–II detector TB-Diff. detector TB-Quot. detector 

 
        
b) SAS Data 
 SB detector SW–I detector SW–II detector TB-Diff. detector TB-Quot. detector 

 
Fig.5: Relative frequency of occurrence of man made objects (red) and false targets 

(blue) as a function of the decision parameter for (from left to right) the segmentation 
based screening detector (SB) (see 2.1), the statistical detector utilizing the normalized 
local standard deviation value (SW - I) and local maximum value (SW - II) (see 2.2) and 
the template based screening detector utilizing the difference(TB-Diff.) and quotient (TB-
Quot.) of averaged gray level values for an object and a shadow mask. The first row gives 

the results for conventional SSS data and the second row for high resolution SAS data. 
 
The results presented in Fig. 5 indicate for the given data sets that the capability to 

differentiate between targets (red) and false targets (e.g. noise, bottom clutter) (blue) for a 
chosen threshold value (dotted line) may depend on image resolution since the overlap of 
the blue and red curves is different for some screening depending on the type of data (SAS 
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or SSS), but also on the applied screening approach. For example, in case of both template 
based detectors (two graphs to the left) the distribution for targets and false targets (e.g. 
noise, bottom clutter) are well separated independent of the type of data. On the other 
hand the segmentation based detector (graph to the right) produces a spike in the target 
distribution, which overlaps with the noise and clutter distribution for SSS data. This spike 
in the target distribution is not visible in the results for SAS data. Therefore, the capability 
of the segmentation based detector to differentiate clearly benefits from higher image data 
resolution. The same can be observed for the statistical detectors. 

Comparing the capability to differentiate for the different screening algorithms the 
statistical detectors seem to produce the biggest overlap between the blue and the red 
curve. This overlap is smaller for the template based detectors and the segmentation based 
detector. Thus, the statistical detectors should produce less satisfying ROC curves. 

 

4.1.1. Fusing Results for Different Screening Algorithm 

Fig. 6 shows the ROC curves for the single screening detectors for SAS data (left) and 
SSS data (right). Note that six symbols are distributed over each ROC curves indicating 
calculated values. Values in-between are interpolated. These symbols also illustrate how 
the probability of detection and false alarm rate differ between different approaches.  

Fig.6: Detected Targets vs. number of false targets for five single screening algorithms 
and three fusion schemes (ROC curves) for SAS (left) and SSS (right) data. (Single 

Screening Detectors: Segmentation based (SB) (black), statistical based (SW - I and SW - 
II) (pink) and template based (red). Fusion results: Chair and Varshney method (OF), 

Equally Weighted (EW) and K out of N with K = 4 and N = 5) 
 
The magenta curves in the left graph correspond to the results for the statistical 

detectors applied to SAS data. They show the highest false alarm rate for a given 
probability of detection per km². Better results with lower false alarm rates for SAS data 
are produced by the template based screening detectors (red) and the best results are 
created by the segmentation based screening detector (black). For probabilities of 
detection below 80% fusion results for the presented fusion schemes (green, cyan and 
yellow) outperform the results of this particular screening method. Only for higher 
probabilities of detection, fusion increases the probability of detection (or reduces the false 
alarm rate).  
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Another interesting result is that SAS data (left) produce for the considered data sets 
more false alarms per km² than SSS data (right). It may not be unreasonable to assume that 
the significantly higher number of pixels in a SAS image is responsible for this difference. 
Apart from that the results for SAS and SSS data are more or less similar. 

4.1.2. Fusing Results for Different Aspect Angles  

The ROC curves for fusing the results in a multi-pass framework are considered here. 
A set of acoustic images of the same scene and different aspect angles are screened by a 
single algorithm – the segmentation based detector – and fused afterwards.  

In Fig. 7 the multi aspect fusion results combining the outcome for two (left), three 
(middle) and four (right) SAS data sets for different combinations of aspect angles are 
displayed. The normalized number of detected targets versus number of false targets per 
square kilometer are shown using equally weighted fusion and K out of N fusion (voting). 
For comparison the corresponding curve for segment based screening based on a single 
data set (one aspect angle) is plotted (black) as well.  

It can be clearly seen that fusing results for different aspect angles by applying equally 
weighted or K out of N fusion improves the results much more than fusing results for 
different screening algorithms compared to the outcome of a single screening detector.  

Furthermore, K out of N fusion using 2 out of 2, 3 out of 3 and 4 out of 4 produces 
better results compared to equally weighted fusion. In both cases results get better by 
combining the screening outcome for more aspect angles, even though the difference 
between using three and four aspect angles seems to be not that significant. The selected 
combination of several aspect angles has minor influence on the results. Taken into 
account that the number of objects in all data sets was only about 160, deviations may 
occur.  

 

Fig.7: Multi aspect fusion outcome combining results for two (left), three (middle) and 
four (right) SAS data sets with different aspect angles. The normalized number of detected 
targets vs. number of false targets per square kilometer (ROC Curves) are shown for two 
fusion schemes (blue, red) and for segment based screening (black). (Fusion approaches: 

EW = Equally Weighted, NK = N out of K (voting)). 

5. CONCLUSION AND OUTLOOK 

We have presented a first study examining a fusion process that combines screening 
results from various screening algorithms and results in a multi-view framework, where a 
set of acoustic images for different aspect angles are screened by a single algorithm and 
fused afterwards. 
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A comparison of the probability distribution of man made targets and false targets (e.g. 
caused by noise or clutter) reveals that the result for some screening algorithms depend on 
image resolution, while for others they do not. The best screening results using SAS data 
were achieved for the segmentation based screening detector.  

Fusing the outcome of single screening algorithms for the same data set does not 
improve the performance of the screening stage significantly for the considered 
algorithms. This is in contrast to fusing the screening results for several data sets 
representing the same area surveyed under different aspect angles. In the multi-aspect case 
a significant gain can be obtained by fusing.  

 
The presented study is a first step to investigate the potential of data fusion for the 

screening stage in a processing chain for automatic image analysis. This work needs to be 
expanded with respect to, for example, probability based fusion schemes.  
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Abstract: This paper presents first results on multi-view object classification where the 
object is passed only once. The idea is to combine a transducer with a wide beam width 
with appropriate multi-beam signal processing on the receiver side. Depending on the 
transducers beam width an object will be visible in the insonified area for several 
successive pings during the pass. Since the sonar system moves with each ping the object 
is "seen" under slightly different aspect angles during the pass so that different views of 
the same object are obtained. The aspect variation of the object and therefore the possible 
benefit of multi-view target classification strongly depends on the specific sonar system 
and object type.  
We investigate the gain of the single-pass multi-view concept in the context of target 
recognition by analyzing multi-view images of a cylindrical target generated from data 
collected with the ATLAS MCM side looking sonar demonstrator system. A brief 
description of the sonar system will be given together with a discussion of the correlation 
and contour based multi-view analysis of the data. 
 

Keywords: ATR, Multi-view, single-pass, classification 
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1. INTRODUCTION 

The detection and classification of man-made objects is still a challenging task. The 
situation improved considerably with the development of high resolution side scan sonar 
systems that deliver high quality images of the sea bottom so that standard image 
processing is applicable in order to support the operator or even to analyse the image 
automatically.  However, in side scan sonar images the appearance of an object shows 
strong variability due to noise and orientation relative to the sensor system. Under 
suboptimal conditions a rock may look like a mine or vice versa. Moreover, object-like 
signatures in sonar images occur quite often caused by (electronic) artefacts of the 
gathering system, bottom micro structures or inhomogenities in the water column. All 
these effects have impact on object recognition performance.  

One way to improve the classification capability is the use of multiple views (or 
aspects) of the same object. The core idea behind this is the more different views of the 
same object are available the higher the probabilities to have an image with an optimal 
aspect for robust object recognition (e.g. think of a cylindrical object in end-fire and 
broadside configuration relative to the sonar). Most of the recent work on this is based on 
output-fusion of single aspect classification results where different methods for 
classification and fusion are used, e.g. in [1] all aspects of the test object are correlated 
with all available training shapes and the one with the highest maximum correlation, 
termed affinity measure, is used for classification. Langner et al. [2] also use model based 
classification where all single views of one object are first classified using cross 
correlation and an adjacent heuristic fusion approach to determine the object type. Zerr et 
al. [3] introduced an adaptive approach using Dempster-Shafer theory and quite recently 
Fawcett et al. [4] compared different approaches, mainly also Dempster-Shafer related, for 
fusing single aspect information. All report a performance gain in terms of robust 
classification especially when there are many distinguished views available. However, to 
obtain multiple views of an object one needs in general several time consuming missions. 
In addition to that the so called data association problem arises, where the different 
recorded views have to be assigned to the “right“ object which might turn out to be a 
difficult task, especially for automatic procedures, due to drifts in positional accuracy and 
ambiguities in cluttered environments.  

In this paper we report first results on a single-pass multi-view classification approach 
that utilizes the advantages of multi-aspect classification and avoids the above mentioned 
disadvantages. The idea is to use sonar systems with a wide horizontal transmitter beam  
width where an object will be visible within this beam for several successive pings. 
Therefore multiple aspects of the object can be recorded passing it only once. Ideally there 
is no need for further missions and the associations of the different aspects to one object 
are trivial. However, compared to the standard multi-view procedure the single-pass 
approach provides a limited range of aspect angles. If and how these slightly different 
views can improve the object recognition performance is one goal of this study. The data 
set used in this study was recorded with our experimental MCM side looking sonar 
system.   

The paper begins with a brief description of the sensor system and the gathered sonar 
data. Section 3 is devoted to the concept and first results of the single-pass multi-view 
object recognition approach. Section 4 concludes this paper. 
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2. SENSOR SYSTEM AND DATA 

In 2009 and 2010 sea trials have been carried out with the ATLAS MCM-SLS antenna 
mounted on the SeaOtter MKII AUV system demonstrator [Fig. 1]. The MCM SLS 
antenna is an adaptation of the ATLAS hull mounted IMCMS Antenna for use in the 
SeaOtter autonomous underwater vehicle (AUV). The receiver antenna consists of several 
modules of individual receivers each. The receiver modules can be combined to a linear 
receiver array of maximum 2 m. The antenna mounting unit is designed for realisation of 
different receiver antenna designs. The lower dummy panels can be equipped with 
receiver blocks for interferometric antennas. Two transmitters with two different 
frequency bands are fitted to the antenna equipment. The tilt angle of the total antenna 
system (receivers and transmitters) is mechanically adjustable. Only the right side of the 
system was equipped with active elements.  
   

 

Fig.1: ATLAS MCM SLS Demonstrator System  
 
Sea trials have been performed in three different shallow and very shallow water areas 

of the Baltic Sea in cooperation with the Research Department for Underwater Acoustics 
and Marine Geophysics of WTD71 (FWG). An overview of the region of interest is shown 
in figure 2. The image was generated using traditional single beam configuration in HF 
mode. The cylinder shaped object of interest is located in the lower half in the centre of 
the image. The angle between broadside of the cylinder and along track direction is 
roughly 80 degrees and the cross track distance is approximately 26 m. Up to 31 different 
images of the cylinder have been generated from this scene using a sector beam width of 
about 30 degrees.  

 

Dummy panel 

Receiver modules 

Transmitter 
modules (HF,VHF) 

Connecting cable 
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Fig.2: Overview of the scene with cylinder shaped object of interest. The sonar image was 
generated in standard single beam configuration using HF mode 
 

Figure 3 shows three different snapshots of the object giving a first impression how the 
appearance of the cylinder evolves during the pass. In the left image the relative position 
of the cylinder correspond more or less to an end-fire configuration where usually only the 
strong return of one cap with a small and weak shadow cast can be seen. The first 10 to 12 
images (counted from left to right) are like this (not shown here). All following images (13 
to 31) show a good visible highlight of the facing side of the cylinder which becomes 
stronger when moving to right. The image in the middle of figure 3 (view no. 15) depicts 
the traditional cross range beam image. Moreover, the corresponding shadow gets bigger 
and more distinct from the background the more the object is on the right side of the sector 
beam. 

3. CONCEPT AND FIRST RESULTS 

Aim of this study is to investigate the possible benefits of using multiple views of an 
object that stem from one single pass only. To analyze the impact to the slightly different 
views on the classification performance first a similar approach as in [1] and [2] is used. 
All different single views are analyzed separately in terms of feature extraction where the 
“best” feature is chosen to determine the outcome.  

One common approach is to compute the correlation between a model template and the 
image and use the correlation coefficient as feature. Figure 4 shows exemplarily for one 
simple template the coefficients for the single views (other simple templates show the 
same trends). In general, starting with the first view, the coefficients increase till it reaches 
its maximum 0.64 at view no. 26 and falls off rapidly again.  This general trend is 
consistent with the fact that the more the object is located on the right side of the sector 
beam the better the highlight-shadow structure is visible. Note that the correlation 
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coefficient for the perpendicular beam (view no. 15) is about 0.56 which is far less than 
the maximum so that the effect in using multiple views is evident here. 

 

Fig.3: Sector beam image of the cylindrical object for three different ping periods. Shown 
are the views no. 2, 15 and 30. For discussion: see text 

  
A segmentation based method has also been applied on the single view images using an 

extension of the Active Contours without Edges model introduced by Chan and Vese [6]. 
From the extracted object boundary (the highlight) the affine invariant Fourier descriptors 
[7] are used as features for classification. These features are compared with those of an 
ideal 2D model of a cylinder by computing the Euclidian distances. The results of this 
simplest similarity measure are shown in figure 5. As in the correlation approach the 
similarity to the model class gets better when the object is on right side of the sector beam. 
The closest “score” is the view no. 29, also shown in figure 5. Again the multi-view effect 
is apparent. Just for comparison the Euclidian distances of two additional shapes and the 
cylinder are also shown in figure 5, where the red o-shaped marker corresponds to a circle 
and the red square-shaped marker corresponds to a square. Although the extracted 
contours are noisy and distorted this simple similarity measures still predicts clearly  the 
right basic shape of object which gives a first impression of the discrimination capability 
of the used features.   
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Fig.4: Normalized correlation coefficient between a simple template (inset in the upper 
left corner) and images of the different views. View no. 26 (see inset) achieves the 
highest correlation. 
 

 
Fig.5: Euclidian distance (arbitrary units) between the Fourier descriptors of one ideal 
cylinder and those of the different views of the object (blue squares). The black line 
indicates zero distance. View no. 29 (see insets) has the smallest distance to an ideal 
cylinder. Right inlay shows the extracted highlight/shadow contours of the object. The 
two red markers correspond to a circle (o-marker) and a square.  
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4. CONCLUSION AND FUTURE PROSPECTS 

We presented first results of a multi-view object recognition approach based on 
multiple recorded images of an object by passing it only once.  Compared to the traditional 
multi-aspect classification method several time consuming missions and the data 
association problem are avoided. On the other hand the single-pass method offers only a 
limited angle of distinct views. A simple image correlation and Level-Sets scheme was 
used to extract information for classification from the 31 single view images generated 
with our ATLAS MCM-SLS system.  Both methods have their best “feature sets” that 
correspond to a view to the far right side of the sector beam. Though no actual 
classification has been performed the impact of the multiple views are apparent through 
the corresponding features which will be verified in a future study. 

Also subject to future investigations is an image fusion based approach in which the 
goal is to generate an complete object from single views (similar to [5]). First steps using 
simple mean and max strategies for fusing highlight regions show encouraging results. 
However, due to the high noise level and the low resolution in the images the registrations 
of the right highlight parts turned out to be a real challenge. 
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Abstract: The capability and cost effectiveness that autonomous underwater vehicles (AUVs)
bring to mine countermeasure operations (MCM) has been widely demonstrated and accepted
in recent years. However, these operations still rely mainly on surface vessels, human operators
and divers. These current Navy forces are showing their limitations for modern MCM doctrine:
they are vulnerable, costly and slow to deploy. In this paper, we analyse the benefits and re-
quirements of heterogeneous fleets of AUVs for enabling fully integrated MCM operations. The
Ocean Systems Laboratory has a record of successful concept demonstrations at all the De-
tection, Classification, Identification, and Neutralisation (DCIN) stages of the MCM workflow.
Nevertheless, a demonstration showing all the multidisciplinary capabilities fully integrated in
a truly autonomous distributed sensing-decision-act loop has never been achieved.

In this paper, we describe the research and engineering challenges that we are facing.
Then, we introduce the existing research contributions in automatic target recognition, knowl-
edge distribution and decision making processes. This will allow us to overcome the research
challenges and to demonstrate its capability. We also propose a set of combined metrics to eval-
uate the performance improvement of the system over state-of-the-art approaches. We identify
a possible concept of operation scenario for a demonstration. Finally we present the results of
the fully integrated MCM mission conducted at the end of last year.

Keywords: Mine countermeasures, automatic target recognition, adaptive mission planning.
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1. INTRODUCTION

Mine countermeasures have been pushed toward a greater autonomy with the increasing
use of AUVs (autonomous underwater vehicles). In the last decades indeed, they have demon-
strated their capability and cost effectiveness for underwater operations such as survey, inspec-
tion and light intervention.

In this paper we propose a fully autonomous solution for the MCM context. Our approach
is based on multiple AUVs collaborating to achieve their objectives. High level of semantic
is used to describe the mission goals (search, classify, identify) and the vehicles can jointly
plan and execute these goals. An adaptive embedded planner is used to plan and coordinate
the actions of the vehicles. Integrating the ATR results into the planner allows multi-views
re-acquisition. An octagonal spiral pattern is introduced for the re-acquisition maximising the
number and the variety of views and minimising the mission time. We show this way that ATR
is intrinsically linked to the operational side of a MCM mission.

2. REQUIREMENT FOR AUTONOMOUS MCM MULTI-VEHICLES MISSIONS

The key for autonomy lies in the core of our proposed architecture. The three keystones are:
a distributed knowledge representation of the environment, an effective autonomous decision
making and automatic target recognition algorithm.

2.1. Distributed knowledge representation

As a mission progress, new information (such as targets position for ATR) is gathered by
vehicles and needs to be shared with others effectively. This information must also be placed
in context using the domain knowledge (Mine detection application). This is best achieved by
standardizing knowledge storage and transfer.

We present a novel semantic world model framework to combine sensor data with domain
knowledge [1, 2] based on JAUS. Our representation of the knowledge is based on ontologies.
They allow different embedded agents to communicate shared concepts whilst keeping sole
responsibility and awareness of the services that they provide. In the context of Mine detection,
it means that different combinations of acting / sensing / processing can provide the same
conceptual information and therefore the same capability.

2.2. Autonomous decision making

The challenges for providing autonomous mission planning for UUVs were clearly stated
by [3–5]. Our approach for autonomous decision making is motivated by the need of a service-
oriented architecture for multiple assets, a portable and extensible solution, a dynamic and un-
certain environment, and the requirement to maximise operability during mission. We propose
a novel approach for adaptive mission planning for UUVs operating in a dynamic and uncertain
discoverable mission environment [6]. We assume that the information provided by the knowl-
edge base is fully observable to the planner, i.e. the uncertainty arising from sensor limitations
is handled by the agents processing lower-level data, e.g. ATR. We also assume that the mis-
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sion environment is dynamic and uncertain, i.e. external events may occur and actions do not
always perform as expected. Under these assumptions, our approach implements a Bayesian
paradigm for prediction, measurement, and correction inside a sequential decision-theoretic
planning Markov decision process framework [7]. Based on a continuous reassessment of the
status of the mission environment, our approach provides a decision making loop capable of
adapting mission plans. Instead of solving a plan from initial state to goals like in classical AI
planning [8], it maintains a window of actions that it is believed can be performed from the
current state in order to improve a given utility function.

2.3. Automatic target recognition

This algorithm is critical to the performance of the system as it provides the essential link
between data and information. In our case the algorithm analyses sonar data and tries to iden-
tify potential targets of interest in the data. ATR has to be sufficiently accurate in the sense
that all targets have to be detected and that the false alarm rate must be sufficiently low to en-
able meaningful replanning. Many methods have been proposed to tackle this problem, from
model based [9, 10] to learning techniques [11, 12]. However these approaches suffer from
poor computational efficiency, making real-time on-board operation on low-power hardware
difficult.

We propose a new method for object detection in sonar imagery based on the Viola and
Jones boosted classifiers cascade [13]. Unlike most previously proposed approaches based on
a model of the target, our methods is based on in-situ learning of the target responses and the
local clutter. Learning the clutter is vitally important in complex terrains to reduce the false
alarm rates while maintaining high detection accuracy.

Coarse-to-fine search is a natural approach to achieve computational efficiency. Cascade
models, first popularised by Viola and Jones [14] explicitly use a sequence of classifiers with
increasing complexity to distinguish target from non-target image patches. This approach has
attracted our attention because of its ability to process images at video rate, yet achieving better
performances than the best published results in the sonar ATR field. Cascade classifiers rapidly
focus the attention of the algorithm on the few areas of interest, away from the background, and
concentrate the processing on these areas. This is achieved by rejecting as many negatives as
possible at the earliest stage possible. Two versions of this ATR algorithm have been developed
for the purpose of this trial, one for sidescan and the other one for forward looking.

3. TRIALS RESULTS

3.1. Integrated Field Trials

The performance of the system was evaluated on the Ocean Systems Laboratory platforms
(see Fig. 1) in a set of integrated in-water field trial demonstration days at Loch Earn, Scotland
(56◦23.1′ N,4◦12.0′ W) (see Fig. 2). Initially, the plan was to use the 3 platforms but only the
first two (Remus 100 and NessieV) were eventually used due to hardware problems with one
vehicle.

An area of approximately 300m by 300m was defined for inspection. The area contains
clutter on the seabed and several man-made objects, such as sunken rowing boats, anchors and
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Fig. 1: The Ocean Systems Laboratory platforms: REMUS 100 AUV, Nessie 5 AUV, and
Nessie 4 AUV.

Fig. 2: Loch Earn and operational area (highlighted red square) where the mission was
performed. The mission included surveying the area, finding targets (unknown number and

location) and identifying them.

other features such as sand ripples, submerged tree branches and rocks of different sizes.
Two targets were deployed in the area: a truncated-cone object (see Fig. 3, left) and a

cylindrical milk churn (see Fig. 3, right). These targets have similar dimensions and shape as
well known types of classical sea mines. A high level goal was assigned to platform collective:
survey, classify and map this area. The latter stage (intervention) was not included. The mission
was deemed complete when every possible target in the area had been identified and mapped
accurately. The various phases were assigned to the two available platforms based on their
capabilities:

• REMUS 100 AUV was assigned as a platform Type A for Detection and Classification.

• Nessie V AUV was a platform Type B for Identification.

For communication, all vehicles were equipped with a WHOI micro modem. The two
Nessie vehicles were also enhanced with the WHOI PSK coprocessor. This enabled high data
rates for up to 2000bytes/15s. For navigation, all platforms were equipped with navigation
systems aided by DVL sensors and a network of LBL transponders.

3.2. The baseline mission

A series of standard mine hunting missions were performed using only the REMUS 100
AUV. In these missions, a survey lawn-mower pattern was manually scripted providing a full
reconnaissance with the sidescan sensor of the designated area. The vehicle was recovered and,
after the data was analysed by the operator, a reacquisition daisy pattern was programmed to
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Fig. 3: Targets: truncated cone object and milk churn object deployed in the area of
operations. These targets have similar dimensions and shape as well known types of classical

sea mines.

collect high resolution data over the identified mine like objects. Fig. 4 (left) shows a joint
lawnmower and reacquisition pattern. Please note that a reacquisition pattern would be neces-
sary for each mine like objects. These missions were used as the baseline for reference of the
metrics. The data collected during these missions was also used to train the ATR algorithms.

3.3. Proposed approach

The proposed approach used two vehicles, the same REMUS 100, equipped with a guest
PC/104 1.4GHz payload computer where the services were installed and the hover capable
Nessie V vehicle. The two vehicles started their respective missions at the same time and RE-
MUS first performed an initial survey of the zone as REMUS is the only vehicle capable of
performing this service. The survey was not preprogrammed by the operator but calculated
on-line by the adaptive mission planning module. The ATR module was running live and the
vehicle was constantly identifying potential mine like objects. Once the survey was complete,
the REMUS vehicle performed a closer inspection of the potential targets using an octagonal
spiral motion around the target to maximise the number of viewpoints at different angles and
ranges on the targets. Compared to the classical daisy pattern, the number of views is max-
imised (from 12 possible views for the daisy pattern to 24 for the octagonal pattern). The time
for reacquisition is also reduced drastically (from 30 min. to 6 min.). The potential targets
where then ranked by order of priority and Nessie V was used to perform the identification of
the most likely target. It is important to not that Nessie V could have performed part of the
secondary inspection of the targets and indeed this was done in simulation. However, it was
not done during the final trials due to time constraints. Fig. 4 (right) shows the results of the
collaborative mission on the same area as the initial baseline mission.

The reacquisition pattern used enables many hits on the target by the ATR system which
enables to quickly disambiguate the false alarms from the real target as demonstrated in Fig. 5.
Fig. 6 shows the comparison in the number of hits on target and the time to perform a mission
for the baseline mission and our proposed approach. For the baseline mission, we assumed that
three potential targets where identified by the human operator reviewing the data. This number
of false alarm is in line with classical operator’s performances and our own evaluation of the
mission data.

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 163 -



Fig. 4: (left):State-of-the-art mission track with geo-referenced sidescan mosaic
over-imposed. (right) Mission results from our approach. The area identified by the operator

is described by the white polygon. The REMUS 100 AUV track is red and the Nessie V track is
green. The hits from the ATR module are shown in blue.

Fig. 5: (left) Series of target detections of the embedded ATR over sidescan data while
performing the octagon pattern with the REMUS 100 AUV over the truncated cone target

(centre). The maximum error in the localisation of the target was 8m. (right) 3D visualisation
of the trajectory of NESSIE V based on the USBL data. The AUV follows a spiral path around

the detected target.
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Fig. 6: The top figure represents the time required by the REMUS 100 vehicle to perform its
baseline mission (top) and the number of potential views or hits of the potential targets during
the survey and re-acquisition phases (bottom). The bottom figure represents the same mission

with our proposed approach.

4. CONCLUSION

By removing the operator from the decision making loop, we have shown that greater au-
tonomy than current approaches can be achieved. We have provided a solution that is robust,
mature and reproducible in simulation and in a real environment. This, in time, will increase
the operator’s trust in on-board mission planning. By allowing a description of mission in
‘what’ and not on ‘how-to’, the required operator training is reduced and the need for spe-
cific knowledge of each manufacturer’s platform is removed. We have shown that we have
increased the mission tempo, providing an approximate 50% reduction in overall mission time
from deployment to recovery.
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Abstract: This paper proposes a fast pre-segmentation algorithm based on matched filter-
ing employing integral images. It is suitable for identifying regions of interest (ROI) in 
sonar images, in particular the detection of anomalies on the sea floor with focus on 
proud ground mines. Mines placed on the sea floor are still a vast threat in civil and mili-
tary shipping. This potential risk is typically encountered by advanced sonar signal pro-
cessing techniques and time consuming manual evaluation of the sonar data by a human 
operator. Due to mission specific time constraints a computer aided or even autonomous 
analysis of the huge amount of data is desired. A fast pre-segmentation of regions of inter-
est (ROI) reduces not only the amount of data for the human operator and consecutive 
classification algorithms significantly; it also allows for a real time processing system 
applicable in autonomous underwater vehicles (AUV). 

Keywords: Sonar detection, synthetic aperture sonar, image segmentation, object segmen-
tation, real time systems 
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1. INTRODUCTION  

Advanced sonar signal processing techniques as e.g. synthetic aperture sonar (SAS) 
processing offer sea floor mapping with high, almost optical-like quality. In conjunction 
with autonomous underwater vehicles (AUV) such sonar systems collect data that result in 
images with constant resolution of a few centimetres together with a swath width up to 
hundred metres and more. After a several hours lasting mission the vast amount of record-
ed data represents a time consuming challenge for a human operator especially in terms of 
object recognition. To assist, or even replace the human operator completely, image pro-
cessing techniques are applied. Due to the huge amount of recorded data the direct appli-
cation of sophisticated segmentation algorithms is not feasible. Therefore a pre-
segmentation step that extracts ROI becomes mandatory. Hence, we propose a matched 
filtering approach based on integral images to cope with the high requirements concerning 
real-time processing and reliability.  

This paper shows in section 2 the potentials and limitations of matched filtering for pre-
segmentation, in section 3 the integral image approach is introduced, section 4 shows how 
integral images are used for matched filtering, section 5 gives some experimental results 
showing the performance gain obtained and finally section 6 concludes this paper.  

2. MATCHED FILTERING FOR ROI DETECTION 

In sonar imagery a target on the sea floor emerges with two characteristics. The first one is 
a prominent highlight which is actually the target itself, caused by a high backscattering of 
the transmitted acoustic wave field. The second one is the acoustic shadow caused by 
shielding the field and therefore dimming out the backscattering of the area located closely 
behind the target, cf. [1].  These two effects depend on different circumstances like the 
flight height (or height over ground) fh of the sonar system, distance d  to the target, tar-
get size, etc. In Figure 1 the general setup is summarized.  

 
 
 
 
 

 
 
 
 
 
 
 
 
 

 
Fig. 1: Usual underwater scenario with a target on the seafloor scanned by an AUV and 
the formation of a highlight shadow structure expressed with the normalized backscatter 
strength. 
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Figure 2(a) shows an example for a ROI of a SAS image containing a cylindrical target. 
To find such a ROI in a typical SAS image a matched filter can be applied.  
 

 
(a) (b) (c) (d) (e) (f) 

Fig. 2 : (a) shows a ROI (81 106 pixels, 2 m 2.7 m)  within a SAS image u(x,y) contain-
ing a cylinder, (b) exposes a filter mask m(x,y) with the corresponding values +1 for high-
light (bright grey), 0 for background (white) and -1 for shadow (dark grey), (c) the corre-
lation result v(x,y), in the range [0,1], (d) shows a ROI (81 126 pixels, 2 m   3.15 m) 
within a SAS image u(x,y) containing a cylinder, (e) exposes also a matched filter mask 
m(x,y) and (f) shows the correlation result v(x,y) of (d) with (e). 

 
One can observe in Figure 2(a) that the two regions, highlight and shadow, differ 

strongly in their pixel intensities (image range [0,255] , where 0 is blue and 255 is red). 
While the highlight pixel values are typically in the upper third of the intensity-level scale, 
the shadow is always located in the lower third. We also notice that there is a small stripe 
of background pixels located between highlight and shadow. This characteristic can be 
used to create a filter mask ( , )m x y , ( , ) {0,., 1} {0,., 1}m mx y N M    , that emphasizes 
regions with this particular topography, Figure 2(b) shows an example for a filter mask. 
Before applying the mask ( , )m x y  to the sonar image ( , )u x y  a pre-processing is neces-
sary, with ( , ) {0,., 1} {0,., 1}x y N M    . After setting the mean value of the image to 
zero 

1 1

0 0

1( , ) ( , ) ( , ) ,
N M

i j
u x y u x y u i j

NM

 

 

    (1) 

     the pixel values in shadow regions are predominantly negative, which leads to the in-
tended amplification of the filter action for the proposed mask. To weight the highlight 
and shadow regions with the same importance, the next processing step constitutes a nor-
malization to 1  and 1  respectively, by means of 
 

( , )  , if ( , ) 0
min( ( , )

( , )( , )  , if ( , ) 0.
max( ( , )

0  , elsewhere 

u x y u x y
u x y

u x yu x y u x y
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After scaling the image range the correlation of ( , )u x y  with ( , )m x y  is performed 
yielding the correlation result 
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 (3) 

 
where targets shaped similar to the filter mask ( , )m x y  are emphasized. ( , )x yU f f  is 

the Fourier transform of ( , )u x y  and ( , )x yM f f  the Fourier transform of the mask, respec-
tively. 

An example of a matched filter mask is exposed in Figure 2(b) where the filter mask 
parameters ( , , ,m m s hM N m m ) have been selected in accordance to the expected target di-
mensions, cf. Figure 2(a). The correlation result is shown in Figure 2(c) with a maximum 
value of 0.703, which indicates the correlation between mask and target. Another example 
for a ROI and a corresponding mask is depicted in Figure 2(d)-(e). The cylindrical target 
in Figure 2(d) is not parallel orientated to the sonar system which appears in the recorded 
image as an affine transformation. Using the mask given in Figure 2(b) for Figure 2(d) 
yields a correlation value of only 0.559. A more appropriate filter mask is shown in Figure 
2(e) and the correlation result in 2(f) with its maximum correlation of 0.687. 

Hence, the application of only one filter mask is not satisfactory. Therefore rather a cer-
tain bank of filter masks is necessary to cope with targets differing in shape, size and ori-
entation. To assure the real time feasibility of such a matched filter bank approach the fil-
tering process has to be accelerated. For this reason section 3 addresses the integral image 
representations to provide the basis for such an acceleration.  

3. INTEGRAL AND ROTATED INTEGRAL IMAGES 

Two-dimensional image features can be rapidly computed using an intermediate repre-
sentation known as the integral image by Viola et al. [2] or summed area tables by Crow 
[3]. The integral image denoted as ( , )II x y contains at location ( , )x y   the sum of all pixel 
values above and to the left of a given input image ( , )u x y  

,
( , ) ( , ).

x x y y
II x y u x y

  

    (4) 

The integral image ( , )II x y , given the image ( , )u x y , can be calculated with one pass 
over the image domain ranging from the top left corner at (0,0) to the bottom right 
( 1, 1)N M  by means of 

( , ) ( , 1) ( 1, ) ( , ) ( 1, 1),II x y II x y II x y u x y II x y         (5) 
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with ( , 1) ( 1, ) 0II x II y    . Having the integral image in mind, the sum of pixel val-
ues within a rectangular region of ( , )u x y aligned with the coordinate axis can be comput-
ed with four array references. To compute the sum over all pixel values contained in ar-
ea A of the size a b , ·a b  storage accesses and 1ab additions are necessary, while with 

( , )II x y  only 4 storage accesses and 3 additions are needed, following the equivalence 

4 1 2 3
, ( , )

1 2

3 4

( , ) ( , ) ( ) ,

with  ( 1, 1), ( , 1),
( 1, ), ,

 
  ( )
 

A
i j A x y

I x y u i j L L L L

L II x y L II x a y
L II x y b L II x a y b



    

     

     


 

(6) 

Depending on the application, this technique can reduce the computational burden tre-
mendously. In addition to areas aligned with the coordinate axis, we pursue the idea of 
”Rotated Summed Area Table” by Lienhart et al. in [4], where rectangular areas rotated 
by 45° are considered. In the style of our notation we call this second intermediate repre-
sentation “Rotated Integral Image”, ( , )RII x y . It can be calculated with two passes over 
all pixels. The first pass from left to right and top to bottom determines 

( , ) ( 1, 1) ( 1, 1) 
( , ) ( 2, 1),

RII x y RII x y RII x y
u x y RII x y

     

   
 (7) 

with ( 1, ) ( 2, ) ( , 1) 0.RII y RII y RII x      Followed by the second pass from right 
to left and bottom to top 

( , ) ( , ) ( 1, 1) ( 2, )RII x y RII x y RII x y RII x y      . (8) 

The calculation of the sum of pixel values in a rotated rectangular area is also easily 
done by referencing again four positions in ( , )RII x y  

4 1 2 3
( , ) ( , )

( , ) ( , ) ( ).
r

r

A r r r r
i j A x y

I x y u i j L L L L


      (9) 

For a detailed explanation we refer to [4]. The benefit of these methods is the constant 
time that is needed to calculate the sum of pixel values within an area independently of its 
size, since only four pixel references and three additions are necessary - if the intermediate 
representations are once calculated. 

4. MATCHED FILTERING WITH INTEGRAL IMAGES 

In the following we replace the correlation, cf. (3), in the image domain by a calcula-
tion in the integral image domain. In the image domain a filter mask is supposed to slide 
over the whole domain, addressing with the  centre pixel (reference pixel) all image pixels, 
as shown in Figure 3(a). Using the integral image, filtering equals addressing the eight 
reference points properly and sliding these points over the whole integral image domain, 
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indicated in Figure 3(b). This consideration is for one particular filter mask, changing the 
filter mask corresponds to a change in array references in the integral image domain. 

 

 
  

(a) ( , )II x y  (b) ( , )RII x y  

              
Fig. 3: Shows an area calculation for ( , )AI x y using the integral image (a) and (b) using 
the rotated integral image. The reference points for the areas are the very first pixel for 
each area respectively, where the origin is the upper left corner. 
 

To calculate the corresponding matched filter results we follow 

  1 4 2 3 1 4 2 3
1( , ) ( ) ( ) ,h h h h s s s s

m m

v x y L L L L L L L L
N M

         (10) 

where hjL and sjL ( {1,2,3,4}j  ) denote the four references for the highlight and shad-
ow mask respectively.  

5. EXPERIMENTS 

Section 4 shows two representations that replace the correlation in time or the multipli-
cation in the frequency domain by exploiting the integral image approach. Considering the 
application of a filter bank this method can decrease the computational burden significant-
ly. In order to use the ( , )II x y and the ( , )RII x y  we make in the first step an assessment 
whether the use of filter masks aligned with the coordinate axis or its 45° rotated version 
are reasonable. The second step yields experimental results for real data.  

 
A. Filtermasks 
 
Considering the distorted version of a cylindrical target in Figure 2(d) the question aris-

es if the intermediate representations with their limited angular range are sufficient to be 
applied for those targets. Therefore different filter masks were created in order to find the 
maximum correlation between 2(d) and those masks. The filter masks are shown in Figure 
4 (first row) sorted by their increasing computational complexity with the following prop-
erties: 
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 1( , )m u v  : mask orientations {0 ,90 }   
 2 ( , )m u v  : mask orientations {45 ,135 }   
 3( , )m u v  : highlight  mask orientations  {45 ,135 }   

                 shadow mask orientations  {0 ,90 }   
 4 ( , )m u v  : mask orientation [0 ,180 ]   
 5( , )m u v  : arbitrary shaped and orientated masks 

The second and third row of Figure 4 show ( , )iv x y ( {1,2,3,4,5}i  ) for Figure 2(d) and 
Figure 2(a) respectively. The intuitive expectation that 5( , )m u v is the best choice for Fig-
ure 2(d) is approved, as indicated by the maximum of ( , )iv x y underneath the image. 
Comparing 3( , )m u v  with 5( , )m u v , we notice that 3( , )m u v  yields almost the same maxi-
mum value as 5( , )m u v .  

 
 
 

 
 
 
 
 
 
 

 

1( , )m u v   2 ( , )m u v   3( , )m u v   4 ( , )m u v   5( , )m u v  

 
 
 

 

 
 
 

 
 
 
 
 
 

 
0.7209 0.6804 0.6847 0.6981 0.6539 

Fig. 4: First row shows the filter masks in ascending order with their computational load, 
second row shows the correlation result for Figure 2(d) with the corresponding correla-
tion coefficient below and the third row shows the correlation result for Figure 2(a) with 
the corresponding correlation coefficient below. 

 

0.559 0.607 0.646 0.614 0.647 
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To obtain a good balance between computational efficiency and significant ROI indica-

tions for rotated targets we choose masks of the type 3( , )m u v . This result was confirmed 
with additional experiments. From now on we apply only filter masks of the type 1( , )m u v  
and 3( , )m u v . With this approximation the computational burden for filtering is still calcu-
lating two intermediate representations and calculate for each single filter operation the 
sum over eight array references. 

 
B. Real Data 
 
After finding the balance between mask approximation, computational load and good 

ROI indication, we consider a real data application. The here used data set consists of 120 
sonar images covering  an area of 0.72 2km including 213 targets of different nature (main 
target types: cylinders, cones, wedged like targets). In this real data experiments the fol-
lowing key figures are considered:  

 Masks : number of used masks 
 tr : detection rate in percentage  
 fR : false alarms per target 
 ( ) ( )O cor O II : the ratio of needed basic operations using correlation to basic op-

erations using integral images 
 ( ) ( )O FFT O II : the ratio of needed basic operations using the Fourier transform 

to basic operations using integral images. We assume for the efficiency of the 
Fourier transform that the images are always of the size 2N . 

 o sA A : the ratio of the area of the original data set to the area of all detections af-
ter pre-segmentation. It shows the reduction in area requiring a post-processing. 

 

Masks  rt Rf ( ) ( )O cor O II  ( ) ( )O FFT O II  o sA A  

1 71 % 0.80 2.86 610  42.31 19.88 
2 84 % 0.75 3.05 610  37.63 13.49 
3 86 % 0.70 3.12 610  35.93 11.92 
4 91 % 0.65 3.16 610  35.05 10.26 
5 94 % 0.60 3.18 610  34.51 9.49 
6 98 % 0.55 3.19 610  34.15 8.91 
7 100 % 0.50 3.21 610  33.89 8.67 

Table 1:  Results for the overall performance using in the first row only one mask and in 
the seventh row seven masks. The grey results are not of interest because not all targets 
were found. 
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In Table 1 the results for the real data set are shown. Beginning with only one filter 
mask and missing 30 % of all targets, the detections rate increases with every added 
mask. Since the single filter masks are logical or related, with exclusion of multiple found 
regions, the false detection rate increases also. The computational load is severely re-
duced by using the integral image approach, shown in Table 1 column four to six consid-
ering 7 masks. 

 
C. Computational Load 
 
We give in addition to our experiments an assessment about the computational load and 

some remarks concerning the implementation. Figure 5 shows in (a) the number of basic 
operations for a fixed image size using an increasing number of masks which is similar to 
our setup. Figure 5(a) shows that the use of 20 filter masks with the integral image ap-
proach costs less then 50% of the calculations for one filter mask in the frequency domain. 
Figure 5(b) shows the number of basic operations over an increasing image size with a 
fixed amount of masks (seven masks). The intersection shows for how many image pixel 
the integral image approach performs better than the Fourier transform, namely for images 
bigger than 47·10 pixels. This size corresponds for the here used system to an area of 50 

2m and a recording time of about 0.1 seconds. 
 

(a)  (b)  (c) 

Fig. 5: (a) Overview for the needed basic operations vs. the number of masks, (b) vs. im-
age size in pixels with seven masks and (c) shows an efficient implementation scheme. 

 
In order to realize an efficient implementation for further real data applications, expect-

ing more or more complex target structures within, we propose a straight forward imple-
mentation. Equation (10) is split up into two parts, the highlight mask ( , )hm x y and the 
shadow mask ( , )sm x y . The general setup is shown in Figure 5(c), where II and RII are 
used as the input. The highlight masks 1,.,h hkm m  and shadow masks 1,.,s skm m  providing 
the correlation results 1,.,h hkv v  and 1,.,s skv v  respectively. The only difference between a 
highlight and a shadow mask is the sign, highlight masks have positive values while shad-
ow masks have negative values. The next operator jD  is a local shift operator and needed 
because all masks differ in their size and have therefore different reference points. To as-
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semble a complete filter mask result (cf. Figure 3) the partial filter mask results have to be 
added in conjunction with the reference points. After providing 2k correlation results, two 
partial filter results are addressed by two multiplexers and added to obtain the final corre-
lation result ( , )jv x y , with 2{1,., (2 )j k . With the use of two multiplexer followed by a 

multiplication with 1 , one can obtain up to 2(2 )k filter results by using only 2k  partial 
filter masks. In addition to this, this processing is perfectly suited for parallel computing. 

6. CONCLUSION 

We introduced a fast pre-segmentation method in order to reduce the computational 
load. We take the computational load for different kinds of masks into account and pro-
posed for distorted targets a simplified mask which needs only the integral image and the 
rotated integral image. For the real data experiments the algorithms outperforms the stand-
ard tool, the Fourier transform, for this application considerably.  Due to not severely in-
creasing computational complexity, additional filter masks with an appropriate fusion 
strategy can decrease the false alarm rate. This method is perfectly suited for the use on 
AUVs with SAS systems mounted. 

7. ACKNOWLEDGEMENTS  

The authors would like to thank the people from JRP on Detection & Classification 
from NURC for support and providing us with SAS images gathered by the MUSCLE 
system, as well as ATLAS UK for providing high quality SAS data collected with the 
VISION 600 system. 
 

REFERENCES 

[1] P. Blondel, The Handbook of Sidescan Sonar, Springer, 2009. 
[2] P. Viola, M. Jones, Robust real-time face detection, JICV 2001, vol. 57, pp. 137–154. 
[3] F.C. Crow, Summed-area tables for texture mapping, In Int. conf. on computer 

graphics and interactive techniques, pp.207-212, 1984. 
[4] R. Lienhart, J. Maydt, An extended set of haar-like features for rapid object detec-

tion, In IEEE ICIP 2002, pp.900-903. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 176 -



 

NEURO DECISION OF THE UNDERWATER OBJECTS  
CLASSIFICATION PROBLEM 

Andrey I. Mashoshin 

 
Concern Central Scientific and Research Institute "Elektropribor", JSC 

30, Malaya Posadskaya str., Saint Petersburg 197046, Russia 
fax (812) 232-33-76, e-mail: amashoshin@eprib.ru 

Abstract: The work comprises an attempt to answer the question if it is useful to solve the 
underwater object classification (UOC) problem with the help of neural methods. For answer 
this question two UOC problem solving methods were compared: the traditional method, 
based on the synthesis of optimal recognition algorithm, and neural method. The fulfilled 
investigation showed that using neural method the effective UOC algorithm can be created. 
But investigation also showed that to create effective neural UOC algorithm one must 
beforehand synthesize traditional optimal UOC algorithm and then with its help must teach 
the adaptive neural UOC algorithm.  
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1. INTRODUCTION 
 

The underwater objects classification (UOC), i.e. the recognition of the acoustic signal 
source type, is one of the most complicated problems in underwater acoustics. To solve this 
problem the different methods, algorithms and devices are developed. But the problem can't 
be considered as solved. 

This work comprises an attempt to answer the question if it is useful to solve the UOC 
problem with the help of neural method [1]. 

For answer this question two UOC problem solving methods were compared: the 
traditional method, based on the synthesis of optimal recognition algorithm, and neural 
method, concluded in teaching the perceptron using experimental data [2]. 
 
 
2. THE PROBLEM FORMULATION 
 

In the paper the neural decision of UOC problem is investigated applying to the sonobuoy 
aimed to detect and classify submarines and surface ships.  

The classification decision in the sonobuoy is based on the 7-member vector of the 
classification parameters (CP) that can be evaluated at the output of the sonobuoy receiving 
channel and carry information of the object class. 

This 7-member vector of the CP  i
ˆ tX  is transposed to the UOC algorithm input with 

some period t  at the moments it , i =0,1..., that follow the object detection time 0t . 
At every cycle the UOC algorithm must deliver one of 3 decisions: submarine (SM), 

surface ship (SS) and refuse of decision (RD). 
Therefore, the problem can be formalized as follows. 
It is known: 

1) 7-measured space of the CP which is determined with help of vectors 
        i 1 i 2 i M i

ˆ ˆ ˆ ˆt X t ,X t ,...,X t ,  M=7X , evaluated at moments  it . 
2) 3 elements variety of decision: 

 1 2 3SM; SS; RD       . 

3) The model of the CP vector  i
ˆ tX  construction is known. 

It is claimed: 
1) To design 2 types of UOC algorithms – traditional and neural. 
2) To compare the effectiveness of both algorithms. The effectiveness must be evaluated by 

means of average probability of true classification of SM and SS as a function of contact 
time. 
 
 

3. THE TRADITIONAL UOC ALGORITHM 
 

The traditional UOC algorithm takes in attention the following basic features of the 
solving problem [3]: 
1) The information containing in practically all of the CP depends on the hydro-acoustic 

and noise conditions. It leads to create the adaptive UOC algorithm. 
2) Practically all of the CP are mutual depended. It requires to create the UOC algorithm 

with the help of the mutual probability density. 
3) The different CP are evaluated during different time interval. It requires to create the 

dynamic UOC algorithm. 
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4) The UOC has the most interest at the maximum object distances (i.e. when signal-to-
noise ratio has very small values). In those conditions the information in every CP is low 
and the high effectiveness of the UOC can be obtained with use of all variety of the 
evaluated CP. 

The maximum plausible (MP) UOC algorithm at i -th decision cycle can be written as 
follows: 

  

  

opt a post opt i thresh

a post opt i thresh

ˆ,     if   P , t P
K

ˆrefuse,   if   P , t P

 



 
 



X

X
,   (1) 

where   a post opt i
ˆP , t X  is a posteriori probability that object belongs to the j -th class, 

which is calculated according the Bayes algorithm for equal hypotheses as follows: 

  
  

  

j

m

ˆ i/ ,
a post j i M

ˆ i/ ,
m 1

ˆg t
ˆP , t

ˆg t













X Γ

X Γ

X
X

X
    (2) 

 
m

ˆ / ,g
X Γ x  is conditioned (as depended on object class m  and vector Γ , containing the 

parameters of hydro-acoustic and noise conditions) probability density function (PDF) of the 
CP vector estimation. This PDF transforms to plausible sample function (PSF) when the no 
stochastic argument x  is changed to the CP vector estimation  i

ˆ tX ; 

threshP  - the threshold value of the a posteriori probability   a post opt i
ˆP , t X . 

The vector Γ  includes the following parameters of hydro-acoustic and noise conditions: 
 the sea depth; 
 the sound speed vertical distribution (SSVD); 
 the sea heaving and connecting with it angle-frequency dependence of the surface 

reflection coefficient; 
 bottom type and connecting with it the angle-frequency dependence of the bottom 

reflection coefficient; 
 the frequency dependence of the spatial fading coefficient; 
 signal-to-noise ratio (SNR). 

Viewing (1) and (2) we can see that the only non trivial operation when synthesis the 
optimal classification algorithm is the calculation of the CP vector estimation PDF 

 
m

ˆ / ,g
X Γ x . The synthesis of this PDF is complicated physical and mathematical problem. 

And it is the main reason of the complication of the UOC problem. In context of the article 
we may mention that the PDF  

m
ˆ / ,g

X Γ x  synthesis is equivalent to the neural classification 
algorithm education. 

To evaluate the effectiveness of considered traditional UOC algorithm the 80 signal 
samples of class SM and 40 signal samples of class SS  are used. Each signal sample includes 
CP vector estimation  i

ˆ tX  consisting of 7 CP estimations and vector Γ  estimation 
comprising 6 estimations of the parameters describing the hydro-acoustic and noise 
conditions of the experiment. 

The SM and SS average true classification probability as a function of the time from the 
detection moment is shown in figure 1 as a curve 1. 
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Fig.1. The SM and SS average true classification probability vs  
time from the detection moment 

 
 
 
4. THE NEURAL UOC ALGORITHM 
 

The neural UOC algorithm (perceptron) was created with 3-level network that was taught 
using the method of back errors propagation which widely used in pattern recognition [2]. 

The experiments with perceptron were conducted in 3 stages. 
At first stage the non adaptive perceptron taught using the experimental data was created. 

To teach this perceptron the 40 signal samples of class SM and 20 signal samples of class SS 
were used. The effectiveness evaluation of this perceptron was conducted with the help of the 
same samples as in the case of traditional UOC algorithm. Each signal sample included CP 
vector estimation  i

ˆ tX  consisting of 7 CP estimations. The teaching and control samples 
were not crossed. The calculated effectiveness of the perceptron, created at first stage, is 
shown in figure 1 as a curve 2. 

Due to low effectiveness of the perceptron, created at first stage, at second stage was 
created adaptive perceptron. It was achieved by use the input data including the estimations 
of two vectors – CP vector estimation  i

ˆ tX  and the vector Γ  estimation (total 13 
parameters). To teach and control the perceptron the same samples as at the first stage were 
used. The calculated effectiveness of the perceptron, created at second stage, is shown in 
figure 1 as a curve 3. 

The comparison of curves 1-3 at figure 1 shows that the perceptrons created at first and 
second stages lose the traditional UOC algorithm. The fulfilled analyses led to conclusion 
that the reason of this fact lays in low representation of the data used to teach the perceptron. 
Taking into consideration that in practice this problem takes place in the most cases, it was 
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voiced an idea to use to teach the perceptron, instead the experimental data, the data modeled 
according the PDF  

m
ˆ / ,g

X Γ x  by special simulator . 
According this idea at third stage the adaptive perceptron was taught with use of 500 

model data including CP vector  i
ˆ tX  and Γ  vector (total 13 parameters). The effectiveness 

evaluation of this perceptron was conducted with the help of the same samples as at previous 
stages. The calculated effectiveness of the perceptron, created at third stage, is shown in 
figure 1 as a curve 4. 

 
 

5. THE CONCLUSION 
 

The fulfilled investigation showed that using neural methods the effective UOC 
algorithm can be created. The advantage of neural UOC algorithm lays in cheap realization 
with the help of neural computer (neural chip).  

But investigation also showed that to create effective neural UOC algorithm one must 
beforehand synthesize traditional optimal UOC algorithm and then with its help must teach 
the adaptive neural UOC algorithm. And this fact must be considered when you chose the 
type of UOC algorithm. 
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Abstract: The detection, localization and tracking of surface vessels for monitoring 
purposes is of great interest in areas such as marine natural parks, where navigation is 
limited and should be controlled. Nowadays the presence of big-sized ships in an area of 
interest can be easily detected and accurately monitored either by radar or via AIS 
system. However, small vessels do not adopt the AIS system and some of them, in 
particular rubber boats, have very weak radar signature, hence may be missed by usual 
monitoring systems. In these cases an alternative useful surveillance method can be based 
on the detection of underwater acoustic noise radiated by vessels. The acoustic signatures 
of small- to mid-sized surface vessels (ranging from rubber boats to fishing boat and tugs) 
are much less investigated in literature than those of slow, big ships, and can be extremely 
diverse. This work describes a bench of detection methods optimized for small- and mid-
sized boats, and compares the preliminary results achieved by their application to a 
preliminary set of at-sea data. Acoustic noise was recorded in September 2010 by a single 
hydrophone located close to the seabed in very shallow waters in the coastal area of the 
Isle of Pianosa, in the National Park of Arcipelago Toscano, Italy. This work is partially 
funded by EU within the context of the ARGOMARINE Research Project. 
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1. INTRODUTION  

The detection, localization and tracking of surface vessels for monitoring purposes is of 
great interest in areas such as marine natural parks, where navigation is limited and should 
be controlled. Nowadays the presence of big-sized ships in an area of interest can be easily 
detected and accurately monitored either by radar or via AIS system, which is becoming 
more and more extensively used. However, small vessels do not adopt the AIS system and 
some of them, in particular rubber boats, have very weak radar signature, hence may be 
missed by usual monitoring systems. In these cases a complementary surveillance 
approach can be based on the analysis of underwater acoustic noise radiated by vessels.  

Noise radiated by big, slow ships, such as cargoes and tankers, has been extensively 
studied for many years: it is characterized by low frequency spectral content, with most of 
energy below 1 kHz, almost constant level below 100 Hz and a slope of 6dB/octave 
beyond, over which many spectral lines (fundamentals of few Hz and their harmonics) are 
superimposed, mainly due to blade rate, generator and diesel firing rate [1]. Source levels 
(SL) are generally high and range from 170 to 190 dB/1Pa @1m. The acoustic signatures 
of small- to mid-sized surface vessels (ranging from rubber boats to fishing boats and 
tugs) are much less investigated in literature, and can be extremely diverse; a general 
characterization may be the following: they commonly have lower levels that may range 
between 120 and 170 dB/1Pa @1m, and are characterized by a broader frequency 
content (up to several tens of kHz) and much higher fundamental frequencies (from 
hundreds of Hz up to 5-6 kHz). The spread of these characteristics makes the problem of 
classification quite complicated, and generally implies the need of selecting detection 
methods different from the conventional methods of ship acoustic detection, and 
customizing them for the particular problem.  

This work describes detection methods optimized for small- and mid-sized boats, and 
compares the preliminary results achieved by their application to a preliminary set of real 
at-sea data. Acoustic noise was recorded in September 2010 by a single hydrophone 
located close to the seabed in very shallow water in the coastal area of the Isle of Pianosa, 
in the Park of Arcipelago Toscano, Italy. Future plans include to conduct further 
measurements under controlled conditions and different environment, and to extend the 
measuring systems to a pair of sparse, volumetric arrays of hydrophones configured 
according to tetrahedral geometries and deployed on the seabed at a certain distance, in 
order to be able also to precisely localize and track over time the noise sources detected. 

2. ALGORITHMS FOR SURFACE VESSEL DETECTION 

The acoustic detection of surface vessels is addressed. The selection of the most 
appropriate detection algorithms is based on the statistical characterization of background 
noise and signals of interest, which can be assumed as stochastic processes. Statistical 
analysis includes the estimation of all the statistical moments up to the fourth order and of 
the data histogram, in order to determine whether the process is Gaussian or not, and to 
model its probability density function (pdf) in a proper way to obtain a good model-data 
comparison between histogram and pdf model (Fig. 1). The problem of detecting a surface 
vessel from single-hydrophone measurements is formalized in terms of a binary 
hypothesis testing problem. The signal radiated from a vessel is assumed to be affected by 
additive, statistically independent ambient noise. 
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Fig.1. Block diagram of statistical analysis of acoustic noise observations. 

The  recorded discrete time series of N samples of data )}({ kty  corresponds to pure 
ambient noise )}({ ktn  under the H0 hypothesis; it is the sum of the signal of interest 

)}({ kts  and noise under the hypothesis H1: 
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Both signal and noise are assumed stationary, zero-mean stochastic processes (at least 
over the N samples processed at once), and generally non Gaussian. As the problem is to 
detect any kind of unknown surface vessel in the area of measurement, no a-priori 
assumption about the signal shape or autocorrelation function can be made; hence, the 
approaches are limited to so-called anomaly detectors based on the computation of 
different variables, such as energy, or integrals of higher-order cumulants [2,3].  

Both low-frequency ambient noise (particularly if dominated by ship traffic) and vessel 
signatures are traditionally considered highly non Gaussian and non linear [2]. In 
particular, the dominant sources of noise radiated by merchant ships are of hydrodynamic 
and mechanical nature. Among hydrodynamic phenomena, propeller cavitation and flow 
noise are the major ones; both are non linear. Mechanical-born noise derives from blade 
rate and propulsion machinery; also in this case processes is generally non linear, with one 
fundamental frequency and several harmonics. Fast motor-boats are expected to be 
characterized by much louder contribution of cavitation (wide-band, high-frequency 
component) than slow, big ships, which radiate many families of low-frequency, loud 
spectral lines, mainly located below 1 kHz.  

Through second-order (i.e., Fourier) analysis only linear mechanisms can be studied, as 
supposed uncorrelation among harmonics implies suppression of phase information; 
whereas the major and most interesting property of the bispectrum, i.e., the third order 
cumulant, of a process is that it is nominally zero in the whole frequency domain if the 
process is Gaussian (hence linear). The bispectrum-based approach followed in this work 
derives from the detection test that Hinich proposed in [2], which works under the 
hypothesis of non-Gaussian signals in presence of non-Gaussian noise. Annex A.1 
provides the definition of bispectrum for a stationary process and the selected estimation 
method. A block diagram describing the detection scheme is shown in Fig. 2, which is 
based on the evaluation of two different test variables obtained from data processing. The 
decision test selected is a Generalized Likelihood Ratio Test (GLRT). A GLRT scheme is 
applied to the decision variable 2

BSP  based on bispectrum computation: 
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where ),(ˆ
21, ffB avy  and ),(ˆ

21, ffB avn  are consistent estimates of the bispectrum of the 
observed data and of pure ambient noise respectively; the frequency domain OAB, K and 
L are defined in Annex A.1; )( fS y is a consistent estimate of the observation’s power 

spectral density. The second GLRT test is on the decision variable 2
PS : 





N

k
nkPS ty

1

222 /)(  , (3) 

where 2
n is the noise variance. In both cases the decision is for H1 when the test variable 

overcomes a pre-defined threshold ( 2
,BSPcT  and 2

,PScT  respectively, which depend on a given 
probability of false alarm PFA=). Details on the statistical analysis of the tests are in [2]. 
The fusion among the decision tests results obtained on the different variables is 
considered, so that the final decision D can be taken between H0 and H1. 

 
Fig. 2. Block diagram of the proposed detection scheme. 

3. DESCRIPTION OF EXPERIMENTAL MEASUREMENTS AT SEA 

Preliminary acoustic measurements of ambient noise and passages of surface vessels 
were conducted in a very shallow water environment (water depth around 8 m) with a 
single hydrophone located at 1m of height from the seabed, about 30 m from shore in an 
area characterized by patches of sand and patches of posidonia and by a pretty peculiar 
wedge bathymetry which will be discussed in Section 4.  

The Power Spectral Density (PSD) function of two typical datasets (2-sec long each) 
are compared in Fig. 3, one in calm sea conditions (sea state between 1 and 2), the other 
one in bad sea conditions (sea state around 4); beyond 2 kHz the level difference is about 
10 dB at average, in good agreement with Wenz curves. Below 2 kHz the PSD is lower in 
bad than calm sea conditions, presumably due to the lack of ship traffic. Table 1 shows the 
statistical analysis of the two ambient noise datasets, compared to the noise radiated by a 
mid-sized vessel; the second and higher order parameters are computed in the bandwidth 
100Hz-18kHz. Evident deviation from Gaussianity is outlined by high values of kurtosis 
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(equal to 3 for Gaussian variables). The comparison between data histograms and related 
probability density function (pdf) models is shown in Fig. 4. The pdf model is the 
Asymmetric Generalized Gaussian (AGG) [4] based on the parameters estimated in Table 
1. Deviation from Gaussianity is confirmed by relatively peaked histogram shape. 
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Fig.3. PSD functions of ambient noise computed over 2-sec-long datasets under different 

weather conditions (estimated sea state in brackets). 
  

 Definition Calm sea Bad sea Vessel  
Variance }))({( 22

yky tyE    0.017 0.0015 0.006 

Skewness 33 /}))({( yyky tyEh   0.17 -0.05 -0.05 

Kurtosis 44 /}))({( yyky tyE    3.7 4.3 3.5 
 
Table 1: Statistical parameters: definition; values computed for three 2-sec-long data sets 

)}({ kty  over 100Hz - 18kHz bandwidth.  
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Fig. 4.  Comparison of data histogram and pdf of the data sets analyzed in Table 1. 
 
The hydrophone recorded the passage of various boats of different kinds, size and 

speed. The measurement bandwidth is from 100 Hz to 96 kHz; Figure 5 shows the 
spectrogram of passages of different vessels in the bandwidth below 20 kHz. All plots are 
characterized by intensity striation patterns which are typical of moving broadband 
sources and are due to constructive and destructive interferences of acoustic modes 
propagating in a shallow water environment [5]. The energy emitted by the mid-sized, 
slow vessel of Fig. 5(a) is limited to 5 kHz; the signature in Fig. 5(b) belongs to a faster 
boat with narrow spectral lines below 4 kHz but many fringes in the whole selected 
bandwidth. The signature in Fig. 5(c) belongs to a rubber boat accelerating and leaving in 
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very short time; it is characterized by spectral lines and intensity fringes in the bandwidth 
below 4 kHz, and by a diffuse broadband noise due to strong cavitation phenomenon. 

 

       (a) (b) (c) 

   

Fig. 5. Examples of acoustic noise measurements for different kinds of surface vessels. 
Spectrogram representation (dB re. 1Pa).  

4. DETECTION RESULTS AND DISCUSSION 

The decision variables 2
PS  and 2

BSP  are computed along the passage of a rubber boat 
(Fig. 6) and of a mid-sized vessel (Fig. 7) in the bands 100-800 Hz and 100-18000 Hz. 
The test thresholds are superimposed and identified by red dashed lines; PFA is set to 1%. 
When the variable overcomes the threshold a vessel is detected. In Fig. 6 the rubber boat 
switched on its engine very close to the hydrophone (at 276.5 min), left and stopped. 
Before its appearance an unknown bigger ship appeared in the surroundings, as 
emphasized in plots (a) and particularly (c) of Fig. 6, that is only in the lower part of the 
bandwidth. In the case of the mid-sized vessel the navigation data were available and 
could be used to estimate the detection range. Maximum detection range achieved is very 
limited. This is probably due to the peculiar bathymetry and to the specific location of the 
hydrophone at the top of a wedge, as confirmed by the simulation obtained at 500 Hz by 
Bellhop propagation modelling tool on the basis of bathymetric data of the area and 
assuming an effective sediment simulating a sand-posidonia mix (Fig. 8). If the noise 
source is beyond the step (i.e. at ranges bigger than 350m), most of sound is trapped in the 
deeper part of the waveguide and absorbed by the slope. As expected, bigger, slow vessels 
are better detected over low-frequency sub-band while fast, small boats over much broader 
bands. Bispectrum seems to provide generally higher signal excess and to allow detection 
for slightly longer time than the conventional energy test. 
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Fig. 6. Spectrum- (a)/(b) and bispectrum-based (c)/(d) test variables computed over two 
sub-bands while an unknown ship and a rubber boat pass in the area. 
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Fig. 7. Test variables detect a mid-sized vessel which approaches, manouvers and stops. 
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Fig. 8. Bellhop simulation when a noise source at 500 Hz is at the limit of the wedge. 
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A1.  BISPECTRUM DEFINITION AND ESTIMATION METHOD 

In the third order statistics, correlation among three time sample values is estimated. 
Bispectrum of a discrete, stationary stochastic process )}({ ktx  is defined as the double 
Fourier transform of the third order cumulant ),( kix ttc  [3]: 

 









i k

kikixx tftfjttcffB )}(2exp{),(),( 2121  ,  (4) 

with )}()()({),( kikix ttxttxtxEttc  . Due to its symmetry and periodicity properties, 
the bispectrum of a stationary process has a triangular principal domain OAB, which, 
given the frequency pair fj and fk, is defined by 

NT
kf

NT
jfNkjjkNj kj  ,;22;0;

2
0 , where T is the sampling period.  

The selected consistent estimator is computed by dividing the time series into K pieces, 
averaging the piecewise sample bispectra and finally doing bifrequency smoothing on a 
square of LxL samples around each bispectrum value of the principal domain [3]:  
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where ),(ˆ
21

)(
sr

k
x ffB  is the bispectrum estimator of the kth segment of the data time series. 
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 SONAR DETECTION AND TRACKING OF SEAFLOOR PIPELINES 
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Abstract: External inspection of seafloor pipelines is presently carried out with towed or 
remotely operated vehicles (ROV) operated from advanced offshore vessels, making it a 
time-consuming and complex activity. In co-operation with Kongsberg Maritime, FFI is 
developing a concept based on autonomous underwater vehicles (AUV) that has potential 
as a cost-effective augmentation of the ROV-based inspection. The concept was 
successfully demonstrated with a HUGIN 1000 AUV along a 30 km long section of an oil 
& gas pipeline on the western coast of Norway in February 2011. 
 
The AUV surveys the pipeline unaccompanied by the surface ship, which is then relieved 
to perform parallel inspection with ROV. The AUV must follow the pipeline within a 
cross-track range interval given by the sensor swaths. Preprogrammed mission paths may 
then be inadequate, in case of large prior uncertainties in pipe route and drift in vehicle 
position estimates. To ensure optimal pipe following, the pipeline should be automatically 
recognized in the sensor data and the vehicle path adjusted accordingly. This paper 
addresses the detection and tracking tasks when the AUV is travelling 50-100 meters to 
the side of the pipeline, imaging the pipeline and its surrounding seafloor with long-range, 
high resolution synthetic aperture sonar (SAS).  

Keywords: Sonar, Detection and Tracking, Pipeline Inspection, Autonomous Underwater 
Vehicle  
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1 INTRODUCTION 

Seafloor pipelines are critical infrastructure for transportation of oil and gas, and timely 
inspection is required to verify their integrity and determine the need for maintenance. 
Failures in these pipes may not only interrupt oil and gas distribution, but also cause 
severe harm to the environment. External inspection is today carried out with towed or 
remotely operated vehicles (ROV); the latter are typically rolled on top of the pipeline by 
specially designed wheels. These operations are conducted with large and advanced 
offshore vessels, making it a time-consuming and complex activity. The objective is to 
detect burial, exposure, free spans and buckling of the pipeline, as well as indications of 
damages due to third party activities, such as trawling, anchoring and debris near the 
pipeline.  

The use of autonomous underwater vehicles (AUV) holds potential as a cost-effective 
augmentation of the ROV-based pipeline inspection. AUVs are more stable platforms that 
can travel faster (typically 3-5 knots, compared to 1-2 knots for inspection ROVs), and 
they can perform their task without being closely followed by a large surface vessel. The 
AUV can be used to acquire pipeline status information in order to identify the sections 
that do not require more detailed inspection or intervention. The ROV efforts can then be 
focused on the specific locations where potentially hazardous conditions have been found. 
The two inspection systems can be operated in parallel from the same surface vessel, as 
the AUV only depends on the vessel for launching and retrieval. Alternatively, the AUV 
can be operated alone using a much smaller mother vessel. 

Traditional sensors for pipeline inspection are side-scan sonar (SSS), multi-beam echo 
sounder (MBES) and video camera. Pre-programmed mission paths may be inadequate for 
autonomous operations, as these sensors typically have a swath (or at least a “sweet spot”) 
that is narrower than the combined uncertainties of the vehicle navigation and the pipe-lay 
position. To ensure optimal pipe following, the pipeline must thus be detected and tracked 
in real time onboard the AUV, using data from the inspection sensor. The control system 
must then adjust the vehicle path accordingly. The tracking software must handle buried 
pipe sections, scenarios with multiple pipelines and a wide variety of seafloor 
environments; from soft, flat mud to hard, rocky seabed.  

This detection and tracking problem has previously been studied by others. In [1], pipe-
like shadow pixels were segmented in the SSS image. Straight line sections were then 
fitted to these pixels and statistically evaluated using a Bayesian approach. The method 
was later refined by applying a particle filter to track the shadow detections over time [2]. 
In [3], phase congruency and the Hough transform were used to detect shadows of 
seafloor cables in synthetic aperture sonar (SAS) imagery. 

Together with Kongsberg Maritime, FFI is developing a new concept for AUV-based 
pipeline inspection showing that sensor data quality and area coverage can be significantly 
improved by equipping the AUV with a high-resolution, interferometric SAS and a still 
image camera with a multiple light emitting diodes (LED) strobe [4]. The resulting system 
was first demonstrated on a 30 km long pipeline section in February 2011 in the Hjelte 
fjord outside Bergen, Norway.  

The proposed inspection concept is briefly described in chapter 2. The image products 
and detection and tracking algorithms for side-looking sonar are presented in chapters 3 
and 4, respectively. Chapter 5 presents the sea demonstration and the conclusions are 
given in chapter 6. 
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2 INSPECTION CONCEPT 

The inspection system is a HUGIN 1000 AUV equipped with HISAS 1030 SAS, 
EM3002 MBES and TileCam camera. The AUV is launched from a support vessel and 
programmed to follow a route 50-100 m to the side of the as-laid position of the pipeline. 
HISAS provides a constant-resolution SAS swath to each side of 150-200 metres, thus 
imaging the pipeline and its surrounding seafloor. Because of the wide sonar swath and 
the high navigation accuracy of HUGIN, prior knowledge about the pipeline position does 
not have to be very precise. The pipeline is detected and tracked in real time based on 
HISAS data together with prior position data. The results are used to update pipeline 
positions and adjust the vehicle path, if needed. 

The AUV can survey 20-30 nautical miles of the pipeline in this way, while the support 
ship performs other tasks (e.g., ROV based intervention on previously surveyed sections). 
HUGIN then turns 180 degrees and returns to the launch position. On the way back, it may 
travel directly above the pipeline, guided by the pipeline position data generated during 
the first half of the mission. The AUV reduces its altitude to 5-10 meters above the pipe 
and turns on its camera and LED strobe, to record high resolution optical imagery of the 
pipeline. In addition, the MBES will be used to generate bathymetry of the pipeline and its 
immediate surroundings. The data will be used to again track the pipeline in real time and 
adjust the AUV path as needed, to ensure optimal imaging geometry. 

Pipeline burial will be detected and mapped on the first half of the dive, so the AUV 
does not have to perform time consuming searches when passing over buried pipeline 
sections during the optical imaging phase. 

3 SONAR DATA PRODUCTS 

This paper focuses on pipeline detection and tracking in HISAS data, which can be 
processed into different image products, as illustrated in Fig. 1. The high-resolution SAS 
images are valuable for inspection, but not ideal for time-critical vehicle control, due to 
the inherent processing delay for broad-side SAS. To minimize tracking delay, it is 
beneficial to process the sonar data from each ping as soon as it has been recorded. We 
thus base the detection and tracking algorithms on the lower resolution dynamically 
focused SSS data (pixel spacing 52 cm x 6 cm), which is available in real time.  

 

 
 

Fig.1: Three different image products obtainable from processing of multi-element 
side-looking sonar data (e.g. HISAS 1030 data). 
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Fig. 2: Sector scan imagery of two pipelines at different aspect angles near maximum 

range (sonar range =185 m). 65 beams are generated within a 20-degree angular sector 
from single ping data. Standard side-scan sonar would give one beam along centre of 

sector as illustrated to the right of each sector scan image. 
Survey data from HISAS shows that pipelines can give very strong returns (due to 

specular reflection) when the AUV travels parallel to the pipeline, while the echo may be 
barely discernible at other aspects angles. The shadow still indicates the pipeline, but 
typically the response then must be tracked over longer time to provide a high-confidence 
track. HISAS ensonifies over a 20-30 degree range of azimuth angles, however, and 
beams can be formed in any direction within this swath. From just a single ping, it is thus 
possible to generate a sector scan image revealing the specular highlight of the pipeline, as 
long as it is within that ±10-15 degree sector from the AUV’s heading. Additionally, the 
pipeline and its shadow can robustly be detected from just a single ping, as its straight line 
response across the sector-scan image distinguishes it from e.g. pipe diameter sized rocks 
that cause spurious detections in single ping SSS data. 

4 SSS DETECTION AND TRACKING 

Our detection and tracking processing chain is outlined in Fig. 3. The single ping SSS 
backscatter is first filtered to reduce noise and then convolved with a deformable match 
filter mask to enhance pipe-like responses. The filter is adapted from automatic detection 
of seafloor mines in sonar imagery [5]. Both mines and pipes are protruding objects that 
can typically be distinguished from the surrounding seafloor in sonar images as a transient 
highlight closely followed by a dark shadow region. The highlight and shadow contrasts 
depend, however, on factors such as the object surface, seafloor reverberation, sensing 
geometry and level of multi-path signal and additive noise. The one-dimensional match 
filter mask consists of four adjacent regions of different lengths: pre-highlight, highlight, 
shadow and post-shadow. The average pixel values within the four regions (ypre, yhigh, yshad 
and ypost) are combined to an output pixel value, ymf, as:  
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Fig. 3: Pipeline detection and tracking processing steps. 

 
The filter outputs large ymf values when the pixels in the highlight region correspond to 

a sonar highlight and the pixels in the shadow region correspond to a sonar shadow. The 
contribution from excessive sized highlights and shadows is subdued by multiplying with 
the ratio of the post-shadow and pre-highlight values. The lengths of the four regions 
should reflect a typical pipeline response, and thus depend on sonar range and input pipe 
parameters, e.g. pipe diameter. Fig. 4 shows SSS images before and after enhancement. 

The enhanced data is then thresholded to produce detections. Pipelines can be 
distinguished from spurious false alarms (e.g. rocks) as consistent detections along an 
approximately straight line over many successive pings. This can be modelled as noisy 
observations of a point target moving with almost constant velocity. We can then estimate 
the state vector at ping k, xk, by the discrete Kalman filter with linear dynamic model [6]: 
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Here Fk is the state transition matrix, Bk is control input matrix, uk is the control vector, 
zk is the measurement vector and Hk is the measurement matrix. wk and vk denote mutually 
independent, zero-mean, Gaussian process and measurement noise. Our system is defined: 
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Here r is the track’s slant range and dTk is the time interval between pings k-1 and k. 
For each ping, new detection positions are compared with predicted positions of existing 
tracks. When a detection is associated a track, the track position is updated as a weighted 
sum of the predicted and measured positions. Each track has a log-likelihood score, LLk, 
which is the logarithm of the probability ratio between hypotheses H1 (track is a pipeline) 
and H0 (non-pipeline) given the observations up to ping k. The track’s log-likelihood score 
is updated for each ping depending on whether a new detection is associated to it [7]:  
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Fig. 4: Two 350m x 150m real time SSS images showing pipeline crossing and burial 

(top) and pipeline in rough terrain with free spans and burials (bottom). Original image 
(left), after enhancement (centre) and reported tracks imposed in green on original (right). 

 
Here Pd is the probability of detecting the pipeline in ping k (if it lies within swath) and 

ΔLLS and ΔLLK are two log-likelihood ratios calculated from the detection’s enhanced 
signal amplitude and kinematics (how well its position fits the track), respectively. When 
LL has reached a given threshold value, the full track is reported to the vehicle control 
system as a candidate pipeline. A track is deleted if its LL drops a given threshold below 
its obtained maximum value. This occurs if the track misses detections over multiple pings 
or the detected positions are inconsistent with straight line movement. 
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5 SEA DEMONSTRATION 

The proposed inspection concept was demonstrated with a HUGIN 1000 AUV on 
February 9th and 10th 2011 in the Hjelte fjord outside Bergen, Norway. A 30 km long 
section of a subsea pipeline going to the Mongstad oil refinery was inspected in an 8-hour, 
two-pass mission at a constant survey speed of 4 knots. The procedure was repeated the 
second day on a second, partly parallel pipeline of slightly smaller outer diameter.  

The mission plans were created using approximate pipeline positions from standard 
nautical charts (Fig. 5). The SSS detection and tracking software was implemented as a 
plug-in module in the standard HUGIN payload system. It was used during the first pass 
each day to provide updated pipeline positions in real time to the AUV guidance module, 
which then positioned the vehicle at optimal range for HISAS imaging. The whole process 
ran fully automated inside the AUV, and status data was transferred over acoustical links 
to the mother ship for monitoring (Fig. 5). Returning on the second pass, HUGIN followed 
on top of the pipeline tracks identified in the first pass at low altitude (4-7 m), recording 
high-resolution data with its optical camera and MBES.  

The inspection area proved to be very useful for system verification, as it offered a 
range of different environments and pipeline scenarios (Fig. 4). The tracker had to handle 
two adjacent and crossing pipelines, as well as multiple sections where the pipe was 
buried beneath piles of dumped pebbles. The seafloor conditions varied from smooth to 
cluttered and rough bathymetry introduced several free pipe spans in addition to large 
fluctuations in vehicle pitch angle. Water depth was 180-560 m.  

 

 
    Fig. 5: Left: Mission plan for February 9th 2011. Top right: HUGIN 1000 AUV. Bottom 

right: In-mission status display on mother vehicle, showing HUGIN path (orange line), 
pipeline detections on active track (red crosses) and prior pipeline positions (dotted line). 
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The operation was overall successful, as the AUV managed to keep the correct pipeline 
within the HISAS swath along the full pipeline length and record high quality inspection 
data. Pipeline track was quickly regained after fall-out due to burial, free spans or heavy 
vehicle manoeuvring. Improved robustness to vehicle manoeuvring is currently being 
developed. It was observed that detection performance is sensitive to sensor aspect angle 
and the use of real time sector scan imagery may thus improve robustness. Also, using the 
depth beneath the vehicle to estimate global positions of pipe tracks proved inaccurate on 
sloping seafloors. Real time swath bathymetry from e.g. HISAS should preferably be used.  

6 CONCLUSIONS AND FURTHER WORK  

Automated detection and tracking of seafloor pipelines based on real time side-scan 
sonar data has been developed and demonstrated with a HUGIN 1000 AUV on a 30 km 
long section of an oil & gas pipeline. The system performed well for varied seafloor 
environments and pipeline scenarios. The sea trials have provided valuable sensor data for 
further improvement of system robustness and for the development of a corresponding 
detection and tracking module for multi-beam echo sounder data.  
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Abstract: This work follows previous works on tracking of targets on Forward Looking 
Sonar images. A Kalman filter based on a process model of the vehicle was implemented 
considering two strong assumptions: firstly, the obstacle is fixed in relation to the world 
reference frame and secondly, it lies proud on the seabed. Consequently, Kalman filtering 
leads to a biased estimation of successive positions of an obstacle floating in the water 
column. Starting with this observation a new algorithm has been developed to allow a 
deferred estimation of the z-coordinate (along the absolute z-axis) of the obstacle related 
to the vehicle. This is performed offline by minimizing at each step of the sequence the 
root mean squared deviation (RMSD) between measured sonar positions and predicted 
positions, i.e. by minimizing the innovation values of the Kalman filtering. Results are 
given on real data recorded in March 2009 and April 2010 during sea trials organized by 
GESMA involving the Rapid Environment Assessment (REA) “Daurade” AUV with its 
BLUEVIEW P450 obstacle avoidance sonar. Tethered mines and other floating obstacles 
like plastic chains were laid. 
 
 
Keywords: Forward looking sonar images, AUV, Obstacle avoidance 
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1. INTRODUCTION 

This paper concerns obstacle avoidance issues by processing forward looking sonar 
(FLS) images and navigation data. In previous works, we first derived a process model in 
order to predict the motion of a ground target detected in a sonar image [1]. Then a 
Kalman filter based on this model was implemented in order to track an incoming obstacle 
by taking navigational data as inputs [2]. According to the assumed condition of a seafloor 
object, tracking of a tethered object in the water column is not performed especially well. 
Indeed the obstacle appears to be moving faster than the predicted positions. Here, this 
defect of the tracking procedure has been used offline to estimate the tether length. This is 
performed by minimizing the root mean squared deviation (RMSD) between measured 
sonar positions and positions predicted by means of a new version of our process model. 
This piece of information is of particular interest for obstacle avoidance but it is generally 
unavailable because of little or no sampling of the sonar data along the vertical axis. 

The paper is organized as follows. Section 2 describes sonar and navigational data 
used. Our process model and the derived tracking procedure are briefly recalled in section 
3. Then the method for a deferred estimation of the vertical position of a floating obstacle 
is presented in section 4. Some results on real data are showed in section 5. 

2. DATA DESCRIPTION 

The Daurade vehicle is a multi-purpose experimental AUV for Rapid Environment 
Assessment (REA) applications [3]. It has been developed in the context of a project 
conducted by SHOM (Service Hydrographique et Océanographique de la Marine) in 
cooperation with GESMA (Groupe d’Etudes Sous-Marines de l’Atlantique). The obstacle 
avoidance system is a Blueview P450 Forward Looking Sonar. The system can obtain a 
beamformed image over a 15° (vertical)  45° (horizontal) sector with an across-track 
sampling rate  equal to 0.18° and an along-track sampling rate d equal to 0.17m. The 
sensor looks straight ahead (see Fig.1). 

Data used in this paper have been collected by GESMA during two sea trials near Brest 
(France) in March 2009 and in April 2010. 

 

 
Fig.1: Configuration of the Blueview P450 FLS on DAURADE AUV 

 
The Daurade AUV is built by ECA company and uses the iXSea PHINS Inertial 

Navigation System that gives the vehicle orientation (roll, pitch and yaw) and its 
acceleration in relation to the world reference frame, i.e. the Euler angles   ,,  and 
their derivatives. The PHINS system is directly fed by other navigation sensors, namely a 
300kHz RDI DVL, a Paroscientific Depth Sensor and a WAAS GPS receiver, and it 

h 

15° 
7.5° 

dst 
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computes geographical position and speed of the vehicle using Kalman filtering. 

3. TRACKING PROCEDURE 

3.1. Process model 

The process model provides the sonar coordinates ),( d  of a detected object given the 
AUV motion. It is derived from two main sets of equations and their derivatives. 

The Euler rotation matrix Reuler is composed of three rotations that move the relative 
reference frame (Or, xr, yr, zr) (Or: centre of gravity of the vehicle, xr: in the direction of 
movement of the vehicle, yr: towards its right, zr: down) to the world reference frame (Oa, 
xa, ya, za) (Oa: centre of gravity of the Earth, xa: geographical North direction, ya: East 
direction, za: gravity direction). This allows deriving the first set that gives the relation 
between target positions (or speeds by differentiation) in the two reference frames: 

  raa mmp   ,,eulerR      (2) 
where  z
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y
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x
a ppp ,,ap  are the coordinates of the AUV (we assume that its location is 

coincident with all the other sensors) and  z
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x
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object in the world reference frame. 
The second set gives the localization of a seafloor target in the relative reference frame 

(see Fig. 2): 
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where  z
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x
r mmm ,,rm  are the coordinates of the seafloor target, h is the AUV altitude 

and   ,,  are the Euler angles that define the attitude of the vehicle. 
 

 
Fig.2: Operational configuration 

 
As explained in [1], the final expression for a moving object is a non linear function of 

its initial position and navigational data: 
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     ,,,,,,,,, rVdfd        (3) 
where  z

r
y
r

x
rr vvv ,,V  is the speed of the AUV in the relative reference frame. 

3.2. Kalman filtering 

3.2.1. Prediction stage 

The state vector is composed of the sonar coordinates, i.e.  Td x . The state 
equation (in the discreet domain) is based on the previous model such that: 

  1k1k1kk vuxx   ,f .     (4) 
where kx  is the state vector at the kth filtering step, 1ku   is the input vector at step k-1 

which is composed of navigational data and 1kv   stands for the white Gaussian state 
noise. 

The prediction stage computes the new state 1k/kx 
ˆ  given the previous one 11/kkx 

ˆ  
thanks to the above equation. Given the strong non linearity of the state function f , the 
computation of 1k/kx 

ˆ  is carried out by performing an unscented transform of 11/kkx 
ˆ  

[4]. 

3.2.2. Correction stage 

The correction stage is based on the following measurement equation: 
1kkk wxy  kH .       (5) 

where the measurement vector ky  is comprised of obstacle coordinates on the screen 
at step k, 1kw   stands for the white Gaussian measurement noise whose covariance matrix 

is 1kR  at step k-1, and    
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This stage corrects the predicted sonar coordinates 1k/kx 
ˆ  given the new measurement 

yk. After computing 1k/k1k/k xy   ˆˆ H  we can correct the state by applying the Kalman 
equations in the linear case this once: 
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The difference 1k/kkk yyυ  ˆ  is called innovation term and the associated 

covariance matrix is 

kR . The impact of this term is controlled by the Kalman filter gain 
Kk. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 202 -



 

4. LENGTH ESTIMATION OF A MINE TETHER 

An estimation of the z-coordinate of the obstacle can be achieved by minimizing at 
each step of the sequence the root mean squared deviation (RMSD) between measured 
sonar positions (deduced from measurements yk) and predicted positions. These predicted 
points only depend on the first measurement y0 and prediction given by a new process 
model derived from the previous one with a new parameter related to the z-coordinate. 

This new model is obtained by modifying the third equation of (1) in order to put the 
distance dst between the sonar and the target along the z-axis in the world reference frame 
in the place of the altitude h of the sonar. This leads to: 

st
z
r

y
r

x
r dmmm  .cos.cos.sin.cos.sin      (7) 

Doing this, the previous f function becomes a new function f~ . For different possible 
values of dst0, we compute all of the predicted positions as follows: 

 In the first step, the predicted sonar position is computed by taking into 

account the first measurement y0 such that: 00 yx H
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 For steps k greater than 0, we compute predicted sonar positions 
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Finally, we estimate the vertical distance from the sonar to the target as: 
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where N+1 is the number of pings used, and kk yx H


  for k>0. 
By noticing that   kkkkk υyyxx ~~~ HH


 , we can therefore say that the estimation 

consists in finding std̂  that minimizes the new innovation term kυ~  of a Kalman filter based 
on the new model. 

5. EXPERIMENTAL RESULTS 

In the following, we will call the experimental measurements those given by a 
detection algorithm based on a goodness-of-fit test and described in [2], and the theoretical 
measurements those we estimated visually. 

The Daurade sea trials in April 2010 were designed to assess the performance of the 
present method for estimating the length of the tether of a moored mine. Two tethered 
spherical targets were deployed: the rubber one with a tether of 15m and the steel one with 
a tether of 12m. Fig. 3 shows results concerning the first target. The top part of Fig. 3 
shows a sonar altitude about 15m and the RMSD minimisation that gives an estimated 
distance std̂  of 0.5m. That was exactly the case: GESMA was testing avoidance capability 
in the case of an obstacle in the direction of travel of the vehicle. In this case, the 
estimation was as good on experimental measurements as on theoretical measurements. 
Predicted points and measurements points are plotted in the bottom part of Fig. 3 in case 
of dst=0.5 that is to say when these two sets of points are close from each other. 

This task was more difficult for data gathered in March 2009 on a large obstacle shown 
in Fig. 4. Indeed, the estimated value std̂  (11m) based on experimental measurements 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 203 -



 

differs from estimated value (8m) based on theoretical measurements as shown in Fig. 5. 
This is probably due to noisy experimental measurements. Moreover, as the three Nokalon 
floats are not clearly visible, we can assume that the obstacle was pushed down by current 
forces. Under this assumption, the echo area does not represent the Nokalon floats nor the 
chains nor the bar but probably a mix of them that leads to a value of 8m between obstacle 
and sonar along the z-axis. 

 

 

 

Fig. 3  Relative obstacle altitude estimation 
Up: RMSD vs. dst  and sonar altitude vs. ping number 

Down: Predicted points (green) and measurements (blue) for dst=0.5 

 

0.5m 
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Fig. 4  Large obstacle in sight  
Up: Diagram of the obstacle  

Down: FLS image of this obstacle 

6. CONCLUSION 

This paper proposes an original mean for estimating the vertical position of an obstacle 
in the vertical axis. The estimation is achieved offline by minimizing, along the sonar 
image sequence, the innovation term of a Kalman filtering of the successive obstacle 
positions. This is an important piece of information to help the vehicle to revise its 
trajectory and to induce a good avoidance strategy. 

The method has been tested on real data supplied by the French organisation GESMA, 
a division of the French Ministry of Defense (DGA). 

Future work concerns the modification of the process model so as to make this 
estimation at the same time as the tracking. 
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Fig. 5  Relative obstacle altitude estimation for track shown on Fig. 4 
Up: RMSD vs. dst based on experimental measurements 
Down: RMSD vs. dst based on theoretical measurements 
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Abstract: Operational LFAS Systems include Classification Displays for operators. 
Applied in shallow water, although Automatic Target Tracking is also available in these 
systems, the operators ability to classify contacts and tracks is essential to reduce the 
number of false alarms and false tracks. The game changing capabilities of unmanned 
systems in terms of persistence and risk minimization can only be exploited if an 
automatic on-board classification technique is found in order to reduce the probability of 
false actions for the AUVs. The experience from many sonar field trials has shown that 
such real-time capable classification techniques have to be robust, because target echoes 
estimated at practical receiver-target distances depend on sonar system parameters and 
on the environment. Already foreseeing the concatenating of automatic classification and 
automatic tracking algorithms, in this paper we present a necessary initial step by 
investigating supervised track classification methods, meaning that the class membership 
of contacts are known a-priori and used as a training set. This a-priori knowledge has 
been generated by carefully analysing data from NURCs bi-/multi-static sonar field 
experiment GLINT 09 and GLINT 10. Two classification classes are defined: echoes from 
bottom structures (BS), and Generated Signals by echo-repeater or direct blasts (GS). The 
heuristic classification method proposed is a two-step algorithm: In a first step, using the 
Maximum Mean Discrepancy test on a fine bearing-range grid, we obtain the distribution 
of a distance measure d that quantifies the degree of dissimilarity between sets of 
normalized data snippets around real-time generated contact data. In a second step, we 
estimate the entropy of the d-distribution over the sequence of contacts forming the tracks, 
and use this entropy as a robust statistical feature. The estimated entropy values (as input 
for Hidden Markov Model, Naive Bayes, and Conditional Random Field classifiers) are 
used to discriminate between BS and GS tracks.  

Keywords: Multistatic Sonar, Track Classification, AUVs, MMD test, HMM, CRF 
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INTRODUCTION  

Within the NURCs CASW project [1], AUVs equipped with towed arrays are used as 
bi-static sonar receivers, activated by coherent narrow-band and broad-band sources of 
sound. The target state (position, heading and velocity) is an input parameter of the 
objective function used for an AUV optimum path planning. Tracking of a submarine is 
therefore only possible, if the submarine track is extracted from the received acoustic data. 

It is well understood that construction of robust classifiers cannot be done without 
considering robustness of features used by classifiers. For active multi-static sonar 
measurements this report proposes a new robust feature construction approach. The 
proposed feature is an extension of work carried out on classification of passive acoustical 
data [2]). This paper investigates the local and global structures of the proposed feature by 
using a number of different classification methods to the classification of tracks and the 
contacts associated to these tracks. 

PROBLEM FORMULATION AND APPROACH 

Let us assume that each of the multiple sources is pinging at every Δt seconds. As such, 
the search performed by the AUV receiving array at time kΔt (in the following text it will 
be referred as a slow time) will be referred to as a scan k. The result of each processed 
scan is a set of beam-formed, matched-filtered, and normalised values 

 

    [

         

   
         

], (1) 

estimated at ranges [     ]  (where c is sound velocity, and    is fast time such that 
          ) and beam-number [     ] grid. In this work we call detections (or 
contacts) such     , which values are higher or equal than a predefined threshold, and 
which have been estimated within some range and bearing gates as compared to the 
ground-truth range             and bearing      

      of a target or clutter object at a given 
time. That is the contacts should meet the following criteria         , |         

    |  

    , |         
    |       where    ,     , and      are user defined thresholds in dB, s, 

and deg respectively. 
     A single scan can have a set of zero or more detections   

  {    } where S is a subset 
of indexes of detections of a single scan. All detections across consecutive K scans 
   {   

     
      

 } that are determined to have been originated from one of the 
predefined ground-truth targets      are associated and referred to as a track. Each 
detection        

  has a set of snippets associated with it 

  ̂  {                        }, (2) 

Where 
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where    ̂   ̃   is a kernel function and  ̂  and  ̃  are normalized vectors of the TBW cells, 
and n and m correspond to the number of vectors in the respective two adjacent cells of the 
TB window. In this work we used the Gaussian radial basis function  
   ̂   ̃        ‖ ̂   ̃ ‖     , where    is a scaling parameter. 

 
Each of the sets of dissimilarity indexes of a single contact can be used to estimate a three-
bin histogram            , where    is the number of    values (counted either in 
{                  }   or in {                  }) falling within the r’th bin, and     . A 
probability mass functions (p.m.f.) in range and bearing directions can be estimated from 
the respective normalized histograms such that ∑           

  and ∑           
 . The 

entropies at constant bearing and varying range or at constant range and varying bearing 
can be then respectively estimated as     ∑           [      ]

  
 ,  and    

 ∑           [      ]
  
 . Finally, the entropy difference is given by         .  

 
In the following the entropy difference will be used as a discriminative feature x for 
classification of contacts extracted along ground-truth tracks. 

SETUP OF GLINT09 AND GLINT10 EXPERIMENTS AND EXTRACTION OF 
CONTACTS 

 
The experiments GLINT 09 and GLINT 10 were executed in the area south of Elba in 

a box of 10 by 5 km. All experiments during GLINT09 were bi-static. There was one bi-
static and two multi-static experiments during GLINT10 (this experiment is analysed also 
in [4]). A map showing the locations of sources, AUV, Echo-Repeater (ER) target, and the 
clutter points that were observed through the dominant part of the experiments is shown in 
Figure 3. While two sources were pinging in turns at 12 s interval, the AUV was towing a 
linear array of hydrophones that collected acoustical data which after pre-processing were 
used to estimate the ranges and bearings of contacts.  

All contacts of each scan were sorted in terms of SNR in a descending direction. 
Ranges and bearings of the topmost five contacts of each scan were compared to the 
respective ground truth range-bearing values estimated from the known bistatic geometry 
of source-receiver-target locations. Additionally ranges and bearings of sources relative to 
AUV were also estimated. All contacts that located within the ±150 m and ±10 degree 
range and bearing gates (at most one per object at a given scan) respectively were labelled 
according to the associated object (i.e. direct blast (DB), ER, or clutter (CL)), and were 
subject for estimation of    . All (>4500) values of extracted     were concatenated in 
the following order: DB, ER, and CL. The DB and ER formed Class 1 and CL 
corresponded to the Class 2. Each of the classes was divided into equal training (the first 
half of the experiment) and testing (the second half of the experiment) parts. 

CLASSIFICATION TOOLS  

NAIVE BAYES (NB) CLASSIFIER: A "naive" assumption that features   
{          } estimated along a single track of a given class   {   } are independent 
can be used to construct a NB classifier. Taking advantage of the controlled experiment, 
both for training and testing we can analyse independently feature series of equal length 
for both classes, and assume that a priori class probabilities are equal. Hence the 
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respective problem of track classification can be solved by using likelihoods of 
observations given by 

 

 

 
        ∏     |   

 
   , (4) 

 
     Hidden Markov Model (HMM) CLASSIFIER: Relaxing the assumption about the 
independency of feature values, estimated along a track, and using a first order Markov 
assumption, we can estimate the joint probability of features and classes 
 

           |       ∏     |    ∏     |      , (5) 
 
Here the track classification problem can be seen as a HMM decoding problem. In the 
decoding problem one has to find the              that maximizes the likelihood 
            |     where        . The elements of A represent transition 
probabilities from previous state      to current state   , and the elements of matrix B 
represent the observation likelihood of an observed feature label given the current state i. 
A solution to the decoding problem can be found by using Viterbi algorithm. 
     Undirected Graphical Model (UGM) CLASSIFIER [6]: Above we considered only the 
cases in where each of contact was associated each only with a single node. In addition to 
      estimated at nodes associated with contacts, we estimated additionally         and 
        shifted relatively the contacts in range direction. 
 

     |              |    
 

  
∏        

 
   ∏             

 
   , (6) 

Where    ∑ ∑ ∑ ∏  
  
    

 
   ∏  

  
         

 
         

. Here         and              
denote node and edge potentials respectively. A value of such potential is estimated as a 

Figure 3. Setup of GLINT 10. The tracks of AUVs are shown by the black lines, the tracks of Echo-
Repeater by the magenta and cyan lines, the position of two sources Atlas and Demus are shown by the yellow filled 
and yellow empty diamonds respectively, and the four clutter points  (BBN, Giglio, ClutterEast, ClutterWest) are 
shown by two stars and two circles respectively. The AUV's track on July 31 is shown by the solid black 
rectangular box in the right corner, the tracks of two AUVs during the 02-03 August runs are shown by the black 
dotted triangle, the ER position on July 31 is shown by the magenta diamond marker, and the ER track during of 
August 2nd is shown by the magenta dotted line running roughly in north-south direction, the ER track during 
August 3rd run is shown by the dotted cyan diamond, with the BBN target (blue star) placed inside the diamond. 
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marginal probability of an individual node or pair of nodes taking an individual state given 
by the respective one- and two-dimensional histograms.  
   The model described above is an UGM defined locally over the chain consisting from 
three nodes. Output of such model can then be combined in a track via the NB classifier 
 

     |      |              ∏    |    , (7) 
 
where prior probability of the track class can be estimated from                 . 
     Conditional Random Field (CRF) CLASSIFIER [5]: The classifiers considered above 
are called generative classifiers as they all estimate P(X,Y). In many situations one can 
benefit from assuming that features in X are deterministic, and that    |   can be 
estimated directly using observed x values. CRF is a probabilistic framework for labelling 
of structured data conditioned on measurement sequences. We carried out experiments 
with several CRF models. Here we present only the results of logistic regression. Thus for 
logistic regression we used a feature vector              where    and    stand for 
the respective features estimated at the nodes shifted relatively the contacts in range 
direction. 
 

    |   
   [∑       |   

   ]

∑    [∑        |   
   ]  

. (8) 

 
Here again, assuming independence of probabilities of tags of detections, and assuming 
that a track is a set of tags of single class, we obtain a track class using the NB model. 

RESULTS AND DISCUSSION 
      
     A three-bin histogram outlined earlier based on only three possible values of d can be 
only one of the following sets {1/3, 1/3, 1/3}, {1/3, 2/3, 0}, or {3/3, 0, 0}. The respective 
estimated entropy values form then a set {-1.0986, -0.6365, 0}, and hence ΔH = {   } = 
{−1.0986, −0.6365, −0.4621, 0, 0.4621, 0.6365, 1.0986}. We used test data to estimate the 
respective histograms of     distribution, which after proper normalisation made possible 
to estimate the probability mass functions (p.m.f.) given in Table 1. Note that a smoothing  
 
Table 1 Probability mass function values for the Target (y=1) and Clutter (y=2) classes. 

    |     0.0068 0.0589 0.0484 0.5473 0.1572 0.1204 0.0610 
    |          0.0302      0.8241 0.0327 0.1131      
 
factor     was used to replace 0 values required for the classifiers outlined above.  
     As expected from the visual inspection of range-bearing images, the Target exhibits 
higher anisotropy as compared to the Clutter classes i.e. in the latter the peak value 
occurring at       |     is higher as compared to the respective value in the Target 
class. Also the estimated p.m.f. values             |    ,             |    , 
and             |      were zero. Robustness of the estimated probabilities was 
tested by using the respective p.m.f. in the classifiers outlined above. We used the 
respective values directly in the NB, HMM, and indirectly in the UGM classifier [7]. 
Finally, since a smoothing factor used in HMM, and NB, the smoothing factors used 
UGM (not shown) were chosen empirically, for a consistent approach that would provide 
the required weights optimally searching over space of two classes, the CRF classification 
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probability (equation [5]) was optimized using the Matlab's unconstrained optimizer using 
a line search strategy [6,7]. 
     The transition probability from the state (class) 1 to state (class) 2 required in the HMM 
classifier, and between different values of    in the chain of three (  ) nodes of UGM 
classifier, were obtained by analysing time series of concatenated track data.  
     First, the HMM classifier was applied to the training and test data of GLINT 10  sets 
gave very accurate results showing no error for training and 0.01% error for test data. The 
HMM classifier trained on GLINT 10 data, was also tested on GLINT09 data. It classified 
correctly DB and clutter data and failed to classify ER data.  Further analysis was carried 
out using only GLINT10 data.  To explore classification accuracy of tracks of varying 
length, we carried out tests for the tracks with varying number of contacts with five point 
increments starting from 1 i.e. shortest track had only one contact. For each track length 
and for each tracks class, we conducted 2000 tests, each time picking randomly a starting 
scan k. The respective results are shown in Figure 4.  

 
Figure 4 Classification errors as a function of a number of contacts detected along a track. A. Results of training 
of CRF (magenta -o) and UGM classifiers (black -x). B. Results of testing of CRF (magenta -o), UGM (black -x), 
(blue -*) HMM, and NB (green -diamond) classifiers.   

While the CRF, UGM, and NB classifiers assume independency of all detections along a 
track, the HMMC uses the first order Markov assumption. Since in this work the tracks 
were constructed by stacking all contacts, failure to discriminate the tracks shorter than 20 
contacts by the HMMC can be explained by the dependence of transition probability 
values on sequence of stacking of contacts.  Satisfactory agreement of all other classifiers, 
which considering different node structure, and difference in estimating the observational 
probabilities, used different classifiers, demonstrates robustness of the proposed 
discriminative feature, which can be used for the development of real-time feature aided 
tracking systems. 
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Abstract: In this work we present our method for ship-hull inspection by using acoustical 
imaging. Ship-hull inspection is usually done in dirty harbour waters, which makes an acous-
tic-vision system more suitable than a camera-vision system. The wet-end of our acoustic-
vision system consists of a vertically positioned SONAR transmit and receive antenna, with 
128 equidistantly spaced transducer elements. Signals were recorded in a domain of interest 
ranging from 5 to 10 meters. For the SONAR pulse we use a high-frequency continuous wave 
pulse, with a carrier frequency of 1 MHz and a bandwidth of 125 kHz. We implemented dif-
ferent broad-band beam formers in time domain for near-field and far-field applications. 
Each measurement provides us with a 2D image slice. By moving the SONAR antenna, a 3D 
volume is covered by the successive 2D slices. In order to get the information about the sur-
face of the scanned object, we reconstruct the surface of interest by finding the location of the 
maximum value in each beam signal of the 2D slices. 3D image noise is removed from the 
surface by employing a threshold filtering technique. The overall outcome of the acoustical 
inspection system is the visualized reconstructed surface of the scanned object. 

Keywords: SONAR, acoustic imaging, 3D surface reconstruction, 3D visualization, threshold 
filtering. 
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1. INTRODUCTION AND RELATED WORK 

In this work we are focusing on creating a reconstructed surface of underwater targets by 
using range data which is obtained with an underwater acoustic imaging system [1]. We as-
sume that a vertically oriented SONAR antenna is attached to an underwater unmanned vehi-
cle (UUV) that is performing an underwater inspection mission (UIM) of subsea machinery. 
Recently, UIM becomes more popular due to a large scale development of remotely operating 
vehicles (ROV)s and autonomous underwater vehicles (AUV)s [3], [4], [5]. While ROVs are 
controlled by a technician at the dry end of the UIM, AUVs are performing the UIM autono-
mously [6]. These highly sophisticated robots are developed in order to carry out the physical 
work of the UIM and to prevent injuries of divers. Such inspection missions have a lower 
expense, when compared with the cost of a diving team performing the UIM [2]. Finally, the 
data is transferred to the dry end of the system where it is converted into a volumetric repre-
sentation. This data contains regions of interest in the ship hull such as holes, cracks and the 
presence of alienated objects, which we will refer to as targets. From volumetric data, 3D 
points are extracted, processed into a surface and are visualized for a human that is computer 
aided performing the UIM from a control unit. Surfaces are reconstructed from our simula-
tion environment and from the real experiment in a pool. We present our surface reconstruc-
tion results from the real-data measurement with a target placed on the bottom of a pool by 
taking into account several types of SONAR signal processing. 

2. ACOUSTIC IMAGING, SURFACE RECONSTRUCTION AND VISUALIZATION 

Acoustic echo contains information about the spatial volume occupation. It is recorded 
with a SONAR antenna and processed in order to reconstruct a 3D surface of the underwater 
environment, c.f. Fig. 1a. In this Section we briefly describe how a 2D SONAR image is cre-
ated and how the 3D surface is reconstructed and visualized on a monitor. Main goal of this 
paper is to explain the process of visualizing the 3D surface of a scanned object in order to 
detect surface defects or the presence of unknown objects. 

In this work we consider vertically positioned SONAR transmit/receive antenna, with 128 
equidistantly spaced transducer elements. For the SONAR pulse we use a high-frequency 
continuous wave pulse (CWP), with a carrier frequency of 1 MHz and a bandwidth of 125 
kHz. The CWP is recorded digitally with 𝑓𝑠 = 5 MHz sampling frequency and filtered with a 

 
 

   
  (a) (b) 

Fig. 1: Underwater surface reconstruction with AUV (a); Simulation results in MATLAB by 
using the surfl command (b). 
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narrow band-pass filter with a cut-off frequency 𝑓𝑐𝑢𝑡 −𝑜𝑓𝑓 ∈ {𝑓𝑐 − 𝐵 2 , 𝑓𝑐 + 𝐵/2}. In this 
work, the scattered CWP is stored on a hard-disk and is processed off-line. After band-pass 
filtering, the CWP is demodulated from band-pass to a base-band signal with the use of 
Quadrature Demodulation (QD) techniques [1]. The QD creates the complex envelope 𝑠(𝑡) 
of the recorded real signal 𝑠 (𝑡) recorded with an AD converter. The complex envelope repre-
sents a complex signal that possesses the same information content as the real signal requir-
ing a significantly reduced sampling frequency. It can be easily calculated using a Hilbert 
transformer as 

 𝑠 𝑡 = 𝐿𝑃↓   𝑠  𝑡 + 𝑗 ℋ 𝑠  𝑡    𝑒−𝑗𝜔𝑐𝑡  (1) 

where ℋ is a Hilbert transform, 𝜔𝑐 = 2𝜋𝑓𝑐  is the angular frequency, 𝑡 is time and 𝐿𝑃↓ is a 
low-pass filter with decimation (sub-sampling) with the decimation factor 𝑢 = 𝑓𝑠/(2.5𝐵) =
16. With 𝑚 = 1, … , 𝑀 channels and 𝑛 = 0, … , ⌈(𝑁 − 1)/𝑢⌉ time samples, (1) can be easily 
calculated in MATLAB by using the hilbert command and a subsequent multiplication with 
𝑒−𝑗𝜔𝑐𝑡 . After the QD and the subsampling, a 2D SONAR image is formed with the near-field 
time-domain Beam Forming (BF) method that creates a 2D image [1], [8]. The BF assigns a 
pixel value 𝛽𝑘 ,𝑛  to each location in space, c.f. Fig. 3, where 𝑘 = 1, … , 𝐾 is the number of ang-
les (beams) from 𝜗𝑚𝑖𝑛 = −22.5° to 𝜗𝑚𝑎𝑥 = 22.5° in steps of ∆𝜗 = 0.25°. The number of 
time samples 𝑁 also denotes discrete distances, since range and time are related as 𝑟 = ½ 𝑐 𝑡. 
The range from the antenna origin to the CWP’s spherical wave front 2D projection at a time 
sample 𝑛 is 𝑟𝑛 , while the range from a scattered CPW’s wave front to the 𝑚-th antenna ele-
ment is 𝑟𝑚 . For a k-th beam at an angle 𝜗𝑘  and the corresponding range 𝑟𝑛  at 𝑛-th time sa-
mple, to a polar coordinate (𝑟𝑛 , 𝜗𝑘) is assigned a beam sum 𝛽 𝑘 ,𝑛(𝑟𝑛 , 𝜗𝑘) value which is 

 𝛽𝑘 ,𝑛 𝑟𝑛 , 𝜗𝑘 =  𝑥𝑐 𝜏𝑘 ,𝑚 ,𝑛 𝑒
𝑗  𝜔𝑐  𝜏𝑘 ,𝑚 ,𝑛128

𝑚=1 ,        𝜏𝑘 ,𝑚 ,𝑛 =  
𝑟𝑛 +𝑟𝑘 ,𝑚 ,𝑛

𝑐
 (2) 

where 𝜏𝑘 ,𝑚 ,𝑛  is a time delay for scattering a CWP from (𝑟𝑛 , 𝜗𝑘) position to the 𝑚-th antenna 
element, 𝑥𝑐(𝜏𝑘 ,𝑚 ,𝑛) is the amplitude and 𝑒𝑗𝜔𝑐𝜏𝑘 ,𝑚 ,𝑛  is the phase of the recorded CWP at the 
𝑚-th channel and  𝑟𝑛 , 𝜗𝑘  position. 

 
 

 
 

Fig. 2: Calculation of a beam sum value that is assigned to a 2D image pixel (a); Optimal 
fitting of the antenna scanning region to the surface of interest (b). 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 217 -



 

2.1. Definition of Feasible Scanning Region for Planar Surfaces 

Let 𝑑𝑠 be the distance between the antenna origin and the surface of interest, perpendicular 
to the vertical 𝑧-axis along which the transducer elements are placed. With the assumption 
that the AUV is capable of maintaining a constant distance 𝑑𝑠 between the antenna and the 
planar surface under inspection, c.f. Fig. 5, a feasible scanning region is defined if the con-
straint (3) is satisfied. 

 𝑟𝑚𝑎𝑥 ≥ 𝑑𝑠
∗      ∧     𝑟𝑚𝑖𝑛 ≤ 𝑑𝑠 (3) 

Maximum surface height ℎ𝑠 and the beam length 𝑑𝑠
∗ at extreme angles ±𝜗𝑚𝑎𝑥  are two im-

portant scanning region property values, and are defined with Eq. (4) and (5). 

 𝑑𝑠
∗ = 𝑑𝑠/ cos 𝜗𝑚𝑎𝑥     (4) 

 ℎ𝑠 = 2 𝑑𝑠 tan 𝜗𝑚𝑎𝑥   (5) 

SONAR antenna memory constraint is defined with the maximum number of time samples 
𝑁 which correspond to the scanned range ∆𝑅 = 𝑟𝑚𝑎𝑥 − 𝑟𝑚𝑖𝑛 = ∆𝑡 𝑐/2, ranging from 𝑟𝑚𝑖𝑛  to 
𝑟𝑚𝑎𝑥 , as it is defined with Eq. (6) and (7). 

 ∆𝑡 = 𝑁 − 1 𝑇𝑠 (6) 
  𝑟𝑚𝑖𝑛 , 𝑟𝑚𝑎𝑥  =  𝑡0 , 𝑡0+∆𝑡 𝑐/2        (7) 

where ∆𝑡 is the total recording time, 𝑡0 is the time offset (time delay) after which the hard-
ware starts with recording of the scattered CWP. The extreme beam angle 𝜗𝑚𝑎𝑥  and the num-
ber of time samples 𝑁 are the two parameters, which define a feasible scanning region and 
are related with Eq. (8) that is derived from Eq. (3). 

 𝑑𝑠 + 1

2
 𝑐 𝑁 − 1 𝑇𝑠 ≥ 𝑑𝑠/ cos 𝜗𝑚𝑎𝑥  (8) 

One can determine if the parameters 𝜗𝑚𝑎𝑥  and 𝑁𝑚𝑖𝑛  are appropriate by comparing them 
with minimum required values, 𝜗𝑓  and 𝑁𝑓 , for defining a feasible scanning region, 

 𝜗𝑓 ≥ 𝑎𝑟𝑐𝑐𝑜𝑠  
𝑑𝑠

𝑑𝑠+1
2

 𝑐  𝑁−1 𝑇𝑠
 ,     (9) 

 𝑁𝑓 ≥   
2𝑑𝑠

𝑐𝑇𝑠
 

1

𝑐𝑜𝑠 𝜗𝑚𝑎𝑥
− 1 + 1  . (10) 

After the parameters 𝜗𝑚𝑎𝑥 ≥ 𝜗𝑓  and 𝑁 ≥ 𝑁𝑓  are chosen and the constraint (8) is satisfied, 
it is important to calculate an appropriate time offset parameter 𝑡0 in order to start and stop 
the recording of scattered CWP in an adequate moment. Eq. (11) is used to place the planar 
surface of interest in the middle of the feasible scanning region, c.f. Fig. 5. 

  𝑑𝑠 − 𝑟𝑚𝑖𝑛  =  𝑟𝑚𝑎𝑥 − 𝑑𝑠
∗ , (11) 

where 𝑟𝑚𝑖𝑛   and 𝑟𝑚𝑎𝑥  are given with Eq. (7) and represent the start and the end range of the 
scanning region. Eq. (11) ensures that the surface under inspection is inside and in the middle 
of the feasible scanning region. Subsequently, time samples are used in the best possible way, 
since the same number of time samples is used before and after the recorded scattering from 
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the surface. In other words, the recording period Δ𝑡 is long enough to record the scattering 
from the farthest point of the surface at the angle 𝜗 = 𝜗𝑚𝑎𝑥 , and that the time offset 𝑡0 is 
small enough to capture the scattering from the surface at angle 𝜗 = 0°. From (11) one can 
calculate that the optimal 𝑡0 parameter is defined by 

 𝑡0 =
𝑑𝑠

2 tan 2 𝜗𝑚𝑎𝑥 −𝑑𝑠
 𝛾𝑐  𝑁−1 𝑇𝑠+1

4
𝑐2 𝑁−1 2𝑇𝑠

2

𝑑𝑠
 𝑐 𝛾−1 −1

2
𝑐2 𝑁−1 𝑇𝑠

,     𝛾 =
1

cos 𝜗𝑚𝑎𝑥
,     tan2 𝜗𝑚𝑎𝑥 = 𝛾2 − 1.       (12) 

2.2. 3D Contour and 3D Surface Reconstruction and Visualization 

Volumetric 3D acoustic image (voxel matrix) is obtained by changing the antenna position 
in small increments and by successively putting 2D acoustic images (pixel matrix) together. 
The 2D pixel matrix is also denoted as a 3D slice, since a 3D position is assigned to each 2D 
pixel. Instead of storing the whole 3D voxel matrix, a 3D contour is extracted from each slice 
by finding a maximum beam sum value in each of the 𝑘 1D beams, c.f. Fig. 3a and e. In order 
to get a high resolution 3D surface, a lot of 3D contours are successively placed together, as it 
is illustrated in Fig. 3d. Furthermore, to obtain more samples characterizing the reconstructed 
surface, interpolation techniques are employed. In the first case, if the surface being scanned 
can be represented with a bijective contour functions, c.f. Fig. 3a, b and c, the interpolation of 
beam maximum values can be done in 1D. In the second case, if the surface has shadow re-
gions, i.e. if the contour representing it is not a bijective function, c.f. Fig. 3e, f and g, the 
interpolation must be in 2D. In this work we considered a real-data measurement of the first 
case surfaces, c.f. Fig. 3h. 

The visualization of 3D acoustical images is generally done by displaying its 2D projec-
tion on a 2D screen. Similar visualization issues are known with magnetic resonance imaging 
(MRI) data [8]. With MATLAB, one can display surfaces by using the surf or surfl command 
or the combination of isonormals, patch, isosurface and isocaps commands, as it is illustrated 
in Fig. 4. The BF1 and BF3 methods [1], [7], are used to reconstruct the surface of the pyra-
mid made of 5 cm diameter balls that placed on the bottom of a 6 m deep pool, c.f. Fig. 3h. 
The reconstructed 3D surface with far-field (FF) and near-field (NF) wave front assumptions 
is illustrated in Fig. 4. The NF assumption provided slightly more detailed image and 25 cm 
measured pyramid height, while the FF measured 20 cm pyramid height, c.f. Fig. 4e. 

 

 
 

Fig. 3: Finding a maximum in each beam for the 3D contour and 3D surface reconstruction. 
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2.3. Noise Filtering 

Measurement noise comes from many sources and some of them are caused by the device 
itself, relative movement of the vehicle, inhomogeneity of underwater media (bubbles, parti-
cles). We strive to reduce the noise by cancelling amplitudes 𝛽𝑘 ,𝑛  in each 𝑘-th beam, which 
are smaller than the threshold value 𝛽𝑡ℎ𝑟𝑒𝑠ℎ𝑜𝑙𝑑 = 𝛽𝑚𝑎𝑥 ∙10−𝑇𝑑𝐵 /20, where 𝛽𝑚𝑎𝑥  is the relative 
maximum absolute beam value and 𝑇𝑑𝐵  is the amplitude cancelling level in dB. Image de-
noising for the original real measurement data, c.f. Fig. 5f, is done by using 𝑇𝑑𝐵 ∈
 3, 5, 7, 9, 11  dB values. Denoising results are presented in Fig. 5a, b, c, d and e. 

 
Fig. 4: Reconstructed surface visualization with MATLAB command: surf (a and d); spline and 
surf (b and e), patch, isonormals, isocaps, isosurface (c and f); surfl (g and h). Beamforming is 

calculated with far-field assumption (a,b,c,g) and near-field assumption (d,e,f,h). 

 

 

Fig. 5: Beam denoising results with 𝑇𝑑𝐵 ∈ (3,5,7,9,11) dB (a - e); Original image (f). 
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3. DISSCUSSION AND CONCLUSION 

Acoustic vision uses sound waves to reconstruct a shape of an underwater environment. In 
order to get a high resolution reconstruction of 3D surfaces, 128 channels are used, what 
makes this task quite challenging due to its high computational load and high memory re-
quirements. In order to optimize the memory requirements, we presented a model for calcu-
lating the time offset that fits a planar surface into the middle of the scanning region, c.f. Fig. 
2.With properly adjusted time offset (12), simulation of a harbour wall-like surface is made 
as it is illustrated in Fig. 1b. When the 3D surface is reconstructed, one can easily display it 
by using MATLAB, as it is proposed in Section 2.2. Noise in the reconstructed surface is 
removed by applying thresholding technique. Filtering results show that the use of 7 or 9 dB 
is optimal for proposed filtering method, c.f. Fig. 5c and d. 
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 ACOUSTIC SCATTERING FROM A FINITE PLATE IMMERSED IN 
WATER IN LOW FREQUENCY: INFLUENCE OF LAMB WAVES A 
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Abstract: A lot of immersed objects are constituted from finite plates as blades of marine 
current turbines. In this presentation, the acoustic scattering from these finite plates is 
studied in low frequency. The aim of this study is to describe the influence of the Lamb 
waves A and S0 which are alone to propagate in the plate in the studied frequency band. 
The A wave has a phase velocity smaller than the water sound speed. It is not possible to 
generate this wave under a critical angle but this wave has a great influence on the 
acoustic scattering from a plate. To explain this phenomenon, a generation on the 
extremities of the plate is taken into account. The S0 wave has a phase velocity greater 
than the water sound speed, it is possible to generate this wave under a critical angle and 
then the influence of this wave would be possible only for this angle and yet its influence is 
appreciable for all angles as it will be shown identifying the resonances of this wave in a 
narrow plate. To illustrate these generation mechanisms, the acoustic scattering from a 
large finite plate excited by a short acoustic impulse is experimentally studied. The two 
generation types are observed and the various paths of the Lamb waves in the plate are 
taken into account to explain the observed echoes. 

Keywords: Acoustic scattering from plate, Lamb wave generations in a plate, Propagation 
of Lamb wave, A and S0 Lamb waves. 
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1. INTRODUCTION  

The aim of the study described in this paper is the first stage to check the good 
working and to detect defects, cracks or concretions, of a marine current turbine in situ. 
The propeller of a marine current turbine is made of a boss with several blades. In a 
previous paper [1], the acoustic scattering from a blade immersed in water is studied and 
to simply the problem the blade is a rectangular plate. It is excited by an acoustic impulse 
for various incidence angles in a horizontal plane perpendicular to the plate.  

In the explored low frequency domain, two types of Lamb waves can be observed 
when the plate takes place in air: the bending wave A0 or the antisymmetric Lamb wave 
and the compression wave or the symmetric Lamb wave S0 [2]. The theoretical 
propagations of the guided waves or the quasi-Lamb waves in an infinite thin plate 
immersed in water are studied. The case of the first bending wave is particularly 
considered [1] putting a bifurcation of the phase velocity dispersion curve in an obvious. 
The phase velocity of the A0 wave increases from zero to the velocity of the Rayleigh 
wave at the metal/vacuum interface. In water, the velocity dispersion curve of the A0 wave 
would cross the curve of the sound velocity in water that is not possible. A new wave 
replaces the A0 wave, the A wave with a phase velocity always smaller than the sound 
velocity in water. This phenomenon of coupling between two propagations has been 
previously observed in the case of spherical shells and in the case of cylindrical shells [3-
4]. To verify the theoretical results, an experiment is carried out to measure the acoustic 
scattering in relation to the reemission of the various guided waves from a large plate. This 
experiment allows us to turn one’s attention to the methods of the excitation of guided 
waves in the plate.  

2. A0, A AND S0 WAVES IN A PLATE IMMERSED IN WATER. 

To study the acoustic propagation in plates, it needs to know the phase velocity of the 
Lamb waves that propagates in an infinite plate of the thickness e immersed in water. The 
phase velocities VLamb of the antisymmetrical A and A0 waves and the symmetrical S0 
Lamb waves are obtained from the complex roots k solving respectively Eqs. (1) and (2) 
[2]. 
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with d = e/2, LambVk / , in the experiments e = 1.5mm LL Ck /  (CL is the velocity 
of the longitudinal wave in the plate),  TT Ck /  (CT is the velocity of the shear wave in 
the plate),  ww Ck /  (Cw is velocity of sound in water),  222

Lkkq  , 222
Tkks   

and 222
wkkr  . 
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The parameter values of the stainless steel used for the plate are: CL = 5790 m/s, CT =3100 
m/s and ss = 7900 kg/m3 and the parameter values of water are: CW = 1470 m/s, w = 1000 
kg/m3. Figure 1 presents the dispersion curves of the phase velocity of the symmetrical 
Lamb wave S0 in an infinite plate in vacuum (Fig. 1(A1)) and the plate in water (Fig. 
1(A2)). The value of this velocity is practically constant in the explored frequency domain 
and the water does not change this trajectory. The coupling between this wave and water is 
very weak. 
 
 
 
 
 
 

 

 
 
 
 
 

Fig. 1: (A1): phase velocity of symmetric Lamb wave S0 propagating in plate in vacuum; 
(A2) phase velocity of symmetric Lamb wave S0 propagating in plate in water. 

 
In the case of the antisymmetrical Lamb wave, the velocities are obtained from the 

complex roots k. Figure 2 (A1) (B1) presents respectively the real part and the imaginary 
part of the phase velocity when the infinite plate is immersed in water. In this case the 
phase velocity has two trajectories, a first trajectory with a phase velocity always smaller 
than the sound velocity in water; this wave is called A wave in this paper and a second 
trajectory with a phase velocity larger than the water sound velocity; this wave be called 
A0 wave. The imaginary part of the first trajectory is nil, no coupling exists between the A 
wave and water. The imaginary part of the second trajectory has a large value; a strong 
coupling exists between the A0 wave and water. Figure 2(A2) (B2) presents respectively 
the real part and the imaginary part of the phase velocity of  the antisymmetrical Lamb 
wave A0 in an infinite plate immersed in air with the physical parameters, Cw = 330 m/s, 
w = 1.23 kg/m3. One trajectory of the phase velocity (Fig. 2(A2)) is observed. The 
imaginary part (Fig. 2(B2)) has a great value only in low frequency around the sound 
velocity in air. Taking into account the results of the imaginary parts of the bending 
waves, only the A wave can form resonances on a finite plate because of the weak 
coupling with the surrounding fluid. 

In this study, short acoustic impulse is generated in the plate and in this case, the 
group velocity of these two Lamb waves A and S0 must be known to determine the flight 
time of the various echoes. Figure 3 shows us the trajectories of these group velocities in 
the frequency band considered. 
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Fig. 2:  (Ai): Phase velocity of antisymmetric Lamb waves A and A0, (Bi): imagnary part of 
the phase velocity of Lamb waves A and A0; i=1: fluid with water parameters, CW=1470 

m/s, =1000 kg/m3; i=2: fluid with air parameters CW=330 m/s, =1.23 kg/m3. 
 
 
 

 
 
 
 
 
 
 
 
 
 

Fig. 3: (A): Group velocity of S0 wave, (B): group velocity of A wave. 

3. EXPERIMENTAL RESULTS. 

3.1. Experimental setup 
 
The experimental arrangement is described in Fig. 4. The geometrical characteristics of 

the finite plate are: length LP = 32.2 cm, width lP = 32 cm and thickness e = 1.5 mm. The  
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physical characteristics used in the paper are indicated previously. The plate is immersed 
in the centre of a water-filled tank of 3 m diameter and 2 m height. The plate is insonified  

 
by an Olympus broadband transducer (V3507) with a central frequency equal to 200 kHz. 
This transducer turns around the plate and the measurements are made with an angular 
step 1° between 0° and 180°, but only the angular variation 0° - 90° will be drawn. The 
transducer is excited by a short impulse. After scattering by the plate, it detects the time 
echoes. A digital oscilloscope Lecroy records these signals and transfers them in hard disk 
of PC computer. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 4: Experimental setup 

3.2. Experimental results. 
 
Fig. 5(A) shows us the experimental time trajectories. These results are compared with 

the calculated flight times taking into account various propagations in water and in the 
plate. The calculated results are presented in Fig. 5(B). Echoes in relation to the 
extremities of the plate, sparkling lines, are detected. They are indicated by (E1) and (E2) 
and by continuous black arrows. The flight times of these two echoes as function of the 
incidence angle are obtained with the Eqs. 3: 
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Fig. 5: (A): time angular diagrams, (B): calculated positions of time echoes.  
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The others trajectories take into account propagations of Lamb waves A or S0. The 

indications in blue are in relation to the propagations of the Lamb wave A and the 
indications in red are in relation to the propagations of the Lamb wave S0. The Lamb wave 
A has a phase velocity smaller than the sound speed in water and only a generation at the 
extremities of the plate is possible. The group velocity used in the computation to 
determine the flight time is s/mCgr

A 2045 , group velocity corresponding to a frequency 
close to 200 kHz. The time echo trajectories indicated by the blue dotted arrows (1) (2) 
and (3) are obtained with   Eq. (4). The Lamb wave A is generated in the extremity B1, 
propagates in the plate with a reflection on the extremity B2 and from B1 radiates its 
energy in water. i indicates the path number B1B2B1. The time echo trajectories indicated 
by the blue dotted arrows (1’) and (2’) are obtained with   Eq. (5). The Lamb wave A is 
generated in the extremity B1 and propagates in the plate right up to B2 where it is radiated 
in water. These trajectories are well observed in the experimental Fig. 5(A). j is 
respectively equal to 1, 3, corresponding to the path number  B1B2. 
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The time echo trajectories indicated by the blue dotted arrows (1’’) and (2’’) are obtained 
with   Eq. (6). The Lamb wave A is generated at the extremity B2, propagates in the plate 
with a reflection on the extremity B1 and from B2 radiates its energy in water. i indicates 
the path number B2B1B2. 
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The indications in red colour are in relation to propagations of the Lamb wave S0 in the 
plate. This wave has a phase velocity greater than the sound speed in water. It is possible 
to generate it under a critical angle equal to 3516

0
.)C/Csin(a ph

Swc   (with the 
choosen origin of incidence angle 90-16.35 = 73.65°) with the phase velocity of S0 wave 

s/mC ph
S 5220

0
 but it is also possible to generate this wave at the extremities of the plate 

as observed for the wave A. The group velocity used in the computation to determine the 
flight time is s/mCgr

A 5220 , group velocity corresponding to a frequency close to 200 
kHz. In the last case, the phase velocity of the S0 wave is practically constant in the 
frequency band of the study, consequently its group velocity is practically constant and 
equal to the phase velocity. The echoes indicate by the red dotted arrows (1) and (2) are 
obtained with Eq. 4 , the echoes indicate by the red dotted arrows  (1’) (2’) are obtained 
with Eq. 5. All the echo trajectories are not drawn because they are not observed on the 
experimental diagram (Fig. 5(A)).  The echo trajectories indicated by small arrows (Fig. 
5(A)) and observed around an incidence angle 75° are obtained by a generation under the  
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critical angle (73.65°). The angular limitations are due to the possibility to insonify the 
plate under the critical angle. In experimental figure 5(B), others echoes are observed, all 
possible cases have been studied but it is not possible to give an explanation.  

4. CONCLUSION 

Theoretical study allows us to explain the origin of most experimental echoes observed 
by the acoustic scattering from a large plate. The excitations of Lamb waves at the 
extremities of the plate are highlighted. It allows us to explain the resonance modes of a 
small plate immersed in water and excited by an acoustic wave under all the incidence 
angles.  
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Abstract: During the last decade a lot of effort has been made on the ATR (automatic target
recognition) field. The main goal is the automatic detection / classification / identification of
objects of interest. The traditional approach comes from the analysis of acoustic images given
by sidescan or forward looking sonar systems. The main image processing methods used so
far are either model based, learning based or saliency based approaches. The introduction of
SAS (synthetic aperture sonar) increases drastically the resolution of the image, and by doing
so the probability of detection and classification. Going back to the main goal of ATR, one
can argue that the definition of an object of interest is ill-stated. Looking at the MCM (mine
countermeasure) context, the models of mines are not necessarily well known and new models
will come up with new shapes and new structures. The introduction of NEDs (non-ordinary
explosive device) moves the problem of ATR from looking for certain types of mines to looking
for man-made objects. In this paper we will discuss a generic method to describe and model
natural objects and man-made objects. In our approach natural objects are represented as 3D
volumes with rough fractal surfaces while man-made objects can be modeled by a 3D volume
with smooth geometrical shapes. As a consequence the backscattering echo from a man-made
object can be approximated by a finite number of scatterers. The SAS image formation results
from the integration of the echo over a continuous multi-view aspect. In this paper we study the
phase stability over the multi-views provided by a SAS system in order to differentiate between
a stable scatterer and a rough surface.

Keywords: ATR. raw SAS data analysis, Permanent scatterers.
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1. INTRODUCTION

Automatic target recognition (ATR) has raised more and more interest during the last
decade. Autonomous underwater vehicles (AUVs) indeed have reached a point of maturity
in terms of reliability and efficiency. And automatic survey missions have become standard
procedures.

In the mine countermeasure (MCM) context, target recognition involves usually three steps:
the detection of mine like objects (MLOs), the classification of these MLOs into two classes
(mines and non-mines) and finally the identification of the mine (to know which kind of mine it
is). Video imaging and electromagnetic distortion detectors have been used in MCM. But they
suffer serious limitations: the restricted field of view of video imaging makes it unsuitable for
large surveys and a new generation of underwater mines made of plastic make them invisible
to electromagnetic distortion detectors. So despite a high speckle noise, the main tool for ATR
remains the imaging sonar. With the introduction of AUVs as stable platforms (compared with
towfish sonar) and the rapid evolution of high definition sonar, sonar images have improved in
quality making image based ATR algorithms more and more robust.

Under the assumption that a mine is a rare event, some ATR algorithms use saliency (global
rarity) to detect them [1]. Adding the knowledge of the shapes of mines, model based ap-
proaches have been used [2, 3]. Finally supervised approaches using large datasets have been
demonstrated [4, 5]. The introduction of NEDs (non-ordinary explosive device) moves the
problem of ATR from looking for certain types of mines to looking for general man-made ob-
jects. With this particular scenario, model based approaches or supervised approaches break
down.

In this paper, we put forward models for man-made and natural objects and we propose an
algorithm to distinguish between the two using SAS data.

2. IMAGE FORMATION IN SAS

The principle of SAS is to artificially increase the length of the antenna thanks to the syn-
thetic aperture antenna algorithm in order to increase the cross range resolution. SAS systems
use broadband pulses (essentially chirps) in order to increase the range resolution.

Fig. 1: Multiview principle in the SAS data acquisition.

From the raw SAS data, two compression algorithms are performed to obtain the SAS
image. Let s(t,u) be the raw signal. t representing the time, and u the along track parameter.
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The first compression takes advantage of the broadband pulse used by SAS systems. This
compression is a range compression and is computed through a match filtering of the echo (see
Eq. 1).

sM(t,u) = s(t,u)∗ p∗(−t) (1)

where p(t) represents the SAS broadband pulse. Note that the incoming pulse is usually a
chirp, which maximizes the compression by match filtering.

As shown in Fig. 1, a point target is seen over several aspects due to the wide beamwidth of
SAS systems. Several algorithms can be used to obtain the cross-range resolution. We will be
using the backpropagation algorithm. Each pixel (x,y) in the resulting SAS image is computed
thanks to Eq. 2

f (x,y) =
∫

u
sM

[√
x2 +(y−u)2

c
, t

]
du (2)

where c represents the speed of sound in water and sM is the match filtered echo obtained in
Eq. 1. This compression technique takes advantage of the wide beamwidth of SAS system. A
single scatterer is represented in the raw SAS image as a parabola assuming the SAS system
flies along a linear track. The backpropagation algorithm sums coherently all the contributions
of the scatterer along this parabola.

In Eq. 2, the SAS image is computed using all the view angles provided by the data acqui-
sition. We define the sub-SAS images by restraining u to a certain window of view. Let Γ be
the half beamwidth of the SAS system. We define the sub-aperture angle U = [α1,α2], with
-Γ≤ α1 ≤ α2 ≤+Γ. The sub-SAS image is computed using:

fU(x,y) =
∫

u∈U
sM

[√
x2 +(y−u)2

c
, t

]
du (3)

3. MODELS AND DISCUSSIONS ON MAN-MADE AND NATURAL OBJECTS

3.1. Natural objects

In the late seventies, mathematicians such as Mandelbrot linked the symmetry patterns and
self-similarity found in nature to mathematical objects called fractals [6]. Fractals have been
used successfully to model realistic textures and heightmap terrains for example.

In this paper, we model the surface of natural objects by a fractal interface. And we suppose
that the resulting backscattering echo is the result of point scatterers densely present (several
per wavelength) on the fractal surface of the natural object.

3.2. Man-made objects

Coming from industrial processes, man-made objects tend to present very smooth surfaces
with simple geometry (plane, cylinder, sphere...). From an acoustic point of view, these simple
structures can be seen as mirrors and modelled by a focus point or virtual scatterer [7]. Another
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particularity of man-made objects are the sharp edges and local discontinuities such as bolts or
hooks. These structures create diffraction points which can be modeled as point scatterers.

In [8], we proposed a model for man-made object backscatter. In Fig. 2, we show two
examples of multiview echoes of two man-made objects (a cone and a cylinder). In these
two figures, scattering points can easily by tracked and backtracked to the actual geometry of
the object by using tomography techniques. The backscattering echo of these objects can be
modelled with a finite number of point scatterers (physical and virtual). Fig. 3 presents our
model for man-made objects: man-made objects can be modelled by a finite (and very limited)
number of point scatterers.

Fig. 2: Backscattering echo in the time domain through different look angles of (left) a
man-made cone and (right) a truncated cylinder

Fig. 3: Man-made object modelled with a finite number of point scatterers.
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Fig. 4: Picture of the library Francois Mitterand in Paris, France.

4. PERMANENT SCATTERERS IN SAR

Permanent Scatterers or Persistent Scatterers (PS) have been studied for several years in
the SAR (synthetic aperture radar) domain. They are stable scatterers in the landscape. They
are mainly part of man-made structures. The library Francois Mitterrand in Paris (France)
provides a classical example of Permanent Scatterers (PS). Fig. 4 gives a picture of the library.
Note that the building is formed around perfect 90◦ corners. These corners are cubic trihedrons
and represent a perfect reflector for EM waves. A direct consequence is the stability of the
backscattering wave relative to speckle noise. PS are of great importance in SAR images. A PS
on top of a building for example can be used to measure the building dilatation and compression
(few mm) through the seasons.

A parallel can be drawn between a PS in SAR and the model for man-made objects we
proposed in section 3. In the next section we present an algorithm to detect stable scatterers in
SAS.

5. RAW SAS ANALYSIS

In this section we propose an algorithm to determine if a point in the SAS image is, or is
not, a permanent scatterer by using the multiview aspect (intrinsic parameter of SAS data).

5.1. Auto-interferometric SAS

Let fU(α) be the sub-SAS image defined by U(α) = [α,α+Γ] with α ∈ [−Γ,0]. Let γ(n)
be the interferometric image between fU(−Γ) and fU(−Γ+nδα). γ(n) can be written:

γ(n) = fU(−Γ)× f ∗U(−Γ+nδα) (4)

Let Φ(n) be:
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Φ(n) = phase[γ(n)] (5)

We do not expect γ(n) to change drastically in amplitude. However the phase Φ is very
susceptible to changes, indeed Φ is proportional to 2π

λ
δR(n), where δR(n) is the path difference

between U(−Γ) and U(−Γ+nδα). So a path difference of one wavelength λ introduces a full
2π rotation of Φ.

Keeping this fact in mind and considering the models introduced in section 3, we expect
the phase ΦPS of a scattering point from a man-made object to vary smoothly and regularly.
Considering a fractal interface, we expect that the changes from one sub-SAS view to another
will introduce random and discontinuous changes in the phase.

As an example we have simulated SAS data for the two models from section 3. The
beamwidth of the SAS system has been set to 2Γ = 36◦, and the frequency band to [10 kHz -
50 kHz].
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Fig. 5: Phase variation between continuous sub-SAS images for (left) a point scatterer, and
(right) a fractal interface.

In Fig. 5, we plot the Φ(n) function for a point scatterer (Fig. 5 left) and a fractal interface
(Fig. 5 right). The phase variations of the two models match our expectations.

5.2. Regularity measurement

In order to quantify mathematically the statement made in section 5.1 about the phase varia-
tion, we need to measure the regularity of Φ. One way to measure the regularity of the function
Φ is by computing the total variation of its first derivative. The total variation of Φ′ is given by
the following equation:

TV [Φ′] =
∫

x
|Φ′′(x)|dx (6)

Using this metric, we measure on average more than 70 dB difference between a point
scatterer and a fractal interface with a standard variation σ of 8.5 dB.
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6. CONCLUSION

In conclusion we have presented two models highlighting a fundamental difference between
man-made objects and natural objects. The model for man-made objects is based on a finite set
of scattering points. The model for a natural object is based on a fractal representation of its
interface. We have developed an algorithm and a metric to distinguish between man-made and
natural scatterers using the intrinsic multiview of SAS images.
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Abstract: The multistatic sonar has been proven to be very effective especially in the 
shallow water through various experiments and simulations. The multistatic configuration 
provides different reverberation spatial distribution and different target aspects for 
receivers. Although the multistatic concept is simple and has long history, it is beneficial 
to analyze further from the classical sonar equation view point. 
One of the most important elements is the transmission loss in the sonar equation. In the 
uniform and isotropic oceanic environments and the traditional monostatic 
configurations, the transmission loss is isotropic and dependent just on ranges. However, 
in the multistatic configurations the transmission loss is dependent on the direction from a 
receiver. The transmission loss is usually notified as a function using transmitter 
parameters. New descriptions without transmitter parameters are shown in this 
presentation. 
The new descriptions are extensions of traditional transmission loss equations. If the 
distance between the transmitter and the receiver becomes zero, the new equations agree 
with the traditional monostatic transmission loss equation. They do not contain the target 
distance from the transmitter nor the target direction form the transmitter. 
On the other hand, it is very useful to estimate target detection probabilities on an oceanic 
map. For deriving the detection probabilities, the transmission loss must be mapped on 
the ocean. One of the most useful policies is mapping regions which have equal 
transmission loss. This region is actually a thin area  a curve  and it should be called 
iso-TL curve. The curve is a solution of the multistatic transmission loss equation 
mentioned above. If the transmission loss distribution is derived and the target strength is 
obtained, the target echo level is easily estimated using the sonar equation. 

Keywords: Transmission loss, Multistatis sonar, Propagation, Sonar equation 
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1. INTRODUCTION 

Various experiments and simulations have indicated that multistatic sonar systems are 
considerably effective especially in the shallow water. The multistatic configurations 
provide different reverberation spatial distributions and different target aspect responses 
for receivers. It is also important that receiving sonars are not sensed by other sonars 
including targets. Most of the fundamental aspects of the multistatic sonars had been 
elucidated, and the research interests are shifting to investigating the application feasibility 
including  target detections and trackings recently (e.g. [1]-[4]). A large number of time 
reversal methods which are recently paid attention should also be categorized as 
multistatic sonar systems (e.g. [5]-[9]).  A multistatic extension was shown to be effective 
for target detections by a monostatic time reversal sonar in our presentation [10]. 

Although the multistatic approach is simple and has long history, it is beneficial to 
make further analyses for more effective sonar operations. Numerous features are easily 
obtained by numerical simulations in sonar operation planning in advance. However, it is 
significant to speculate the multistatic sonar from the classical sonar equation view point. 

One of the most important elements is the transmission loss in the sonar equation, since 
it heavily affects target detection probabilities. In uniform and isotropic oceanic 
environments and in traditional monostatic configurations, the transmission loss is 
isotropic and dependent just on ranges. However, in the multistatic configurations, even if 
the target is located at the same range, transmission paths from the transmitter to the 
receivers are different for each direction. Therefore the transmission loss is dependent on 
the direction from a receiver. The transmission loss for a receiver is usually described by 
parameters including the transmitter and the target relative locations. It is useful if the 
transmission loss equation contains only receiver side parameters. 

On the other hand, it is very useful to estimate target detection probabilities on an 
oceanic map surrounding the receiver. For deriving the detection probabilities, the 
transmission loss must be mapped on the ocean. One of the most useful policies is 
mapping regions which have equal transmission loss. This region is actually thin  a curve 
 and it should be called iso-TL curve. Applying these distributions, detection coverage 
areas are estimated.  

Numerical simulations are more precise and they are very useful for estimating the 
coverage. However, numerical simulations consume much computing powers and they 
require detailed boundary conditions like sediment properties which are sometimes hard to 
obtain. Although the sonar equation viewpoint is a very rough approximation of the sound 
propagation processes, it is still an essential technique for quick looks in the sonar 
operations and experiments.  

The above new concept is explained in this paper. The multistatic transmission loss 
derivations and some examples are shown in the section II. It will be clear that the 
multistatic extension cause not a few modifications of the traditional transmission loss 
equation. After that the iso-TL curves are displayed in the section III. The curves are quite 
different from the monostatic case. These differences are not expectable without the new 
transmission loss equation. The detection coverage areas derived using these curves must 
be useful for planning sonar arrangements in the real sea operations. 
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2. MULTISTATIC TRANSMISSION LOSS 

The transmission loss is usually divided into the path from the transmitter to the target 
and from the target to the receiver in the multistatic case like the following echo level 
equation. 

TSTLTLSLEL  '  
Each term meaning is as follows. 

EL: the echo level. 
SL: the source level. 
TL: the transmission loss from the transmitter to the target. 
TL’: the transmission loss from the target to the receiver. 
TS: the target strength. 

In the monostatic case, the sound path is a roundtrip, therefore the echo level equation is 
TSTLSLEL  2  

It is convenient to introduce a new transmission loss definition which unifies the 
transmitting and receiving paths for comparing the monostatic and the multistatic cases. 
The new definitions are 'TLTLTLu   in the multistatic case and TLTLu 2  in the 
monostatic case. 

The new descriptions of the transmission loss explained in this section cover various 
conditions such that spherical spreading dominant, cylindrical spreading dominant and 
absorption dominant cases. They are extensions of traditional transmission loss equations. 
Concrete examples are derived and shown as figures in this section. 

2.1. Transmission Loss Equation Derivation 

The multistatic transmission loss equations are derived using a sonar configuration like 
Fig. 1 which locates the receiver on the center of the coordinate system. Each parameter is 
as follows. 

D: the transmitter distance from the receiver. 
r:  the target distance from the receiver. 
r’: the target distance from the transmitter. 
: the target direction from the receiver. 
: the transmitter direction from the receiver. 
’: the angle between the directions of the receiver and the target from the transmitter. 
 
 
 
 
 
 
 
 

 
Fig.1: Sonar configuration. 
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In the case that both losses from the transmitter and the target are spherical spreading 
dominant, the transmission loss uTL   is described as 

  22 cos2log10log20 DDrrrTLu       (1) 
from Fig. 1. 

This new equation is an extension of the traditional monostatic transmission loss 
equation: rTLTLu log402  , and more, it contains no transmitter view point parameters 
r’ and ’. It is clear that the multistatic transmission loss is dependent not only on the 
target distance but also on the transmitter distance and the angle between the transmitter 
and the target direction. In other words, the transmission loss is dependent on sonar 
arrangements. Although this parameter reduction is simple, the description must be helpful 
to overview transmission loss distribution around the receiver. 

2.2. Other Equation Examples 

The new view point is applicable to other conditions such that cylindrical spreading 
dominant and absorption dominant cases.  

In the case that both paths form the transmitter and the receiver are cylindrical 
spreading dominant, the TLu becomes 

  .cos2log5log10'log10log10 22 DDrrrrrTLu     (2) 
This is half of equation (1), similar with the relationship in the monstatic case. 

In the case that both of the paths are absorption dominant, if the absorption coefficient 
is , the equation becomes 

  22 cos2 DDrrrTLu   .     (3) 
This contains a linear term instead of logarithmic terms, which resembles to the 
monostatic case. The combinations of the absorption dominant and the spreading 
dominant cases are easily derived by adding this absorption dominant equation to the 
spreading dominant equations. These new equations agree with the traditional monostatic 
transmission loss equation as the distance between the transmitter and the receiver 
approaches zero. 

3. TRANSMISSION LOSS DISTRIBUTION 

The target detection coverage area is estimated using the sonar equation. One of the 
most complicated parts is the transmission loss. Hence the transmission loss distribution is 
analyzed at first. Using the transmission loss distributions, echo level distributions are 
easily described. 

3.1. Monostatic Transmission Loss Distribution 

Before considering multistatic cases, it is helpful to display the traditional monostatic 
case. In the monostatic case, Iso-TL curves are simply described by concentric circles 
centering on the sonar on the top view map. If the transmission loss is spherical spreading 
dominant, the equation becomes 40/10cr   with TLu=C, 
This equation does not contain direction dependent parts as a matter of course. 
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An example of the concentric circles is shown as a map in Fig. 2. The sonar is located 
on the origin of the coordinate system. Five TLu cases are plotted on the map. It should be 
noticed that this picture shows a new TL definition and not the traditional one way TL 
notation. 

Other propagation conditions produce similar concentric circles for iso-TL curves, 
since every transmission loss is isotropic in the monostatic case. 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.2: Iso-TL curve example for monostatic spherical dominant case. 

3.2. Spreading Dominant Multistatic Transmission Loss Distribution 

The iso-TL curves for the multistatic cases are solutions of the multistatic transmission 
loss equation mentioned in the previous section. In the case of spherical or cylindrical 
spreading dominant, the curves are solutions of quartic functions of the range as follow if 
the TLu=C. For the spherical dominant the equation becomes 

  10/2234 10cos2 CrDDrr   .      (4) 
from the equation (1). And for the cylindrical dominant, 

  5/2234 10cos2 CrDDrr   .      (5) 
from the equation (2). Although the equations are complicated, it is able to be solved 
analytically for example using Ferrari's method. The analytical solutions are important 
even if they are too complex to describe, because the analytical solutions indicate that the 
calculations are limited algorithm size and help us to estimate the computing time in 
advance in the sonar system design. 

Fig. 3. is an example of the spherical dominant case. The receiver is located on the 
origin of the coordinate system. The transmitter is located on the x axis with 1000 meters 
distance. All curves are drawn using plots by solution calculations with 10 degrees step. 
The curves are close to concentric circle centering on the receiver in the small TLu cases. 
And it seems that curves approaches to ellipse or circle in the larger TLu cases. It is 
noticeable that the curve becomes dumbbell shaped for the specific TLu. This means the 
TLu increases faster in the region located between the transmitter and the receiver than 
other regions. Moreover this region is close to the direct path. Therefore the detectability 
may significantly decrease in this region on the real sea. This tendency is hard to predict 
without the new solution. 
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Fig.3: Iso-TL curve example for multistatic spherical dominant case. 

3.3. Absorption Dominant Multistatic Transmission Loss Distribution 

In the case of absorption dominant, the curve becomes an ellipse which is the same 
shape as the multistatic sonar’s range sweeping curve. The solution is 

 


























cos2

2
2

DC

DC

r .       (6) 

from the equation (3). The solution is simple because the transmission loss is described 
linearly by ranges in the case of the absorption dissipation dominant, and every 
transmission equal point has the same path length from the transmitter to the receiver 
through the target. An example of this case is shown in Fig. 4. The receiver is also located 
on the origin and the transmitter is on the x axis of 1000 m distance. The curves are 
plotted at regular intervals because of the transmission loss linearity. 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.4: Iso-TL curve example for multistatic absorption dominant case. 
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3.4. Mixture of Spreading and Absorption 

The most probable case is the mixture of the spreading and absorption effects. The 
equation that should be solved is  

     CDDrrrDDrrr  2222 cos2cos2log10log20   (7) 
for TLu=C for example, which is the mixture of the spherical spreading and the absorption 
from equation (1) and (3). However, it is not able to reduce equation (7) to any 
polynomials of r, which means it requires numerical calculations for its solutions. 
Examples of iso-TL curves of equation (7) are drawn in Fig. 5 for =0.01 case. The most 
characteristic point is one of the curves is asymmetric dumbbell shaped. 
 
 
 
 
 
 
 
 
 
 
 

 
Fig.5: Iso-TL curve example for mixture of spreading and absorption. 

4. DETECTION COVERAGE 

After the transmission loss distribution is derived, the target echo level distribution is 
easily estimated using the sonar equation, if the TS is known by measurements or 
calculations. If the TS is isotropic, echo level distributions are similar with transmission 
loss distributions. Although most targets including vehicles and animals show direction 
dependency, it is useful to consider that the isotropic TS as the first approximation.  

In the noise dominant region, from the sonar equation, the detection threshold DT is 
described as AGNLELDT  . NL is the noise level and AG is the array gain. The 
noise level distribution is able to be estimated by measurements or modelled simply as 
uniform and isotropic distribution. The array gain is also measured or calculated based on 
the sonar array design. 

In the reverberation dominant region, from the sonar equation, the detection threshold 
DT becomes RLELDT  . RL is the reverberation level. It is difficult to estimate the 
reverberation level distribution without measurements. Among the three reverberation 
components, the volume reverberation is easy to model since it is usually isotropic and it 
decreases logarithmically. On the other hand, other components are more complicated. It 
is able to estimate, if the environments are simply modelled like as a flat seafloor with no 
inclination. 

After building all terms in the sonar equation, the detection threshold distribution is 
able to be completed. Displaying the detection threshold distribution must be very helpful 
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for sonar operations and reliability confirmation of target detections. This type of 
approximate estimation helps us to view the whole acoustical environments before 
carrying out elaborate numerical simulations. 

5. SUMMARY 

A new definition is introduced for the transmission loss in the multistatic 
configurations. A few examples were shown as multistatic transmission losses. They are 
slightly complicated extensions of the monostatic transmission loss equations. By these 
equations iso-TL curves were derived and drawn as figures. Some solutions are 
analytically solved for spherical, cylindrical and absorption dominant environments, but 
some solutions need numerical calculation for mixtures of these conditions. Analytically 
solved situations are sufficient for the most cases for lower frequencies. It became clear 
that the curves are not simple circles or ellipses if the spreading is dominant or it is 
accompanied by the absorption. This is a new knowledge brought by the new transmission 
loss equations. The iso-TL curves will contribute to estimate the detection coverage maps. 
Although other terms in the sonar equations require more investigation especially for the 
reverberation levels, iso-TL mappings must be useful for multistatic sonar operations. 
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Abstract: Underwater target classification is mainly based on the analysis of geometrical 
properties of the acoustic shadows. The new generation of imaging sonar provides a more 
accurate description of the acoustic wave scattered by the targets. Therefore, combining the 
analysis of shadows and echoes is a promising way to improve automated target 
classification. Efficient and reliable schemes for automated target classification rely on a 
model based learning instead of only using experimental samples of target acoustic signature 
to train the classifier. With this approach, a good performance level in classification can be 
obtained if the modeling of the target acoustic signature is accurate enough. 
This paper mainly focuses on the first phase of the classification method consisting in 
precisely modeling the acoustic signature of the targets. As imaging sonars operate at high 
or very high frequency, from 400 kHz to 2 MHz, typically, the core of the model is based on 
acoustical ray-tracing. Several phenomena have been considered to increase the realism of 
the acoustic signature (multi-path propagation, interaction with the surrounding seabed, 
edge diffraction, etc.). 
To assess the consistency of the results, spherical and cylindrical objects have been modeled. 
Then, to train the classifier, a data base is created using manmade objects of more complex 
shapes and natural objects. These modeled acoustic signatures are then compared with high 
resolution images provided by actual sonars, to demonstrate the quality of the model. 

Keywords: Image Simulation, HF Sidescan Sonar, Acoustical Ray Tracing, Sonel Mapping 
and Roussian Roulette 
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INTRODUCTION 

The simulation of a side-scan sonar process requires the modeling of any underlying 
physical process that influences the image formation. Such a tool is especially attractive for 
automatic target detection and classification needs by the creation of relevant acoustic 
signatures, essential for training the learning algorithms. 

This paper presents the Sonar Image Simulator (SIS) relying on acoustical ray tracing 
techniques and taking into account complicated underwater physical process (multipath 
sound propagation, edge diffraction, scattering from the seabed and target characteristics). 
Such treatment is known to be very complex when using deterministic method in order to 
obtain an exact modelling for all these processes. When there is no need to such exact 
simulation and an approached simulation can be considered sufficient to reach a comparable 
result in object recognition, furthermore this approach will result in a considerable time gain. 
We propose to use a stochastic method to select the type of interaction between the ray and 
surfaces dealing with multipath and diffraction effects. The proposed method is a Monte 
Carlo method, named “Sonel Mapping”, based on “Roussian Roulette” strategy and has been 
used to model complex environment in Room acoustic. 

The SIS modeling is based on the assumption that the wavelength is small compared to the 
size of the target (HF). This allows to limit the computation to the rigid part of the acoustic 
response. 

1. APPROACHES TO SONAR SIMULATION 

Several approaches can be used in sonar simulation, but one of the most widely used is: 
ray tracing, a high frequency approximation which estimates the signal response by emitting 
acoustic rays from the sound source and tracing them through the scene while recording their 
interaction with any objects/surfaces [2] [5] to compute the contribution of each ray. Normal 
mode techniques present an alternative to rays and coupled modes, which provide an 
approximation to the wave equation, are accurate but computationally demanding and 
parabolic equations. Frequency domain model measures and expresses the Fourier transform 
of the sound pressure in terms of the Fourier transform of the acoustic pulse emitted initially. 
This approach is used in the simulators SIMONA [8] and SIGMAS [4] by NURC (NATO 
Undersea Research Center). Finite difference model gives a direct solution of the wave 
equation in the time domain [6], it can be used for all geometries (Sonar monostatic, bistatic, 
with mobile or static antenna) but it requires high computational cost to get good accuracy. 
Finite element and boundary element models are more complex to implement but generate 
stable and accurate results similar to finite difference but with lower computational costs. 
Rasterization allows fast image synthesis compared to other techniques such as ray tracing 
but it does not include a calculation of shadow. 

The solution implemented in SIS to simulate the side-scan sonar mechanism is to form a 
highly directional channel and to move the sonar perpendicularly to the emission direction; 
then the area is explored by sector. The method fits all sonar geometries (side-scan, sediment, 
sounder…) since it basically models a collection of sonar beams.  
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2. MODEL 

2.1. Propagation Model 

SIS is based on the ray theory which is a high-frequency approximation for wave 
propagation. In order to develop a realistic but sufficiently fast modelling some assumptions 
have been made. The sound speed in water is supposed to be constant which means that 
acoustic path will be a straight line. The acoustic source is assumed to be a monopole and has 
no dimension [4] and all objects in the scene are assumed to be discretized into triangular 
facets determined by 3 vertexes and a normal vector N. We have chosen triangle facet shape 
since any surface can be tessellated into a continuous collection of triangles. The approach 
used to solve scattering problems is to decompose objects into a number of primitive 
elements, as the scattering from primitive is simple to model [10]. In literature, two common 
primitive types are usually used: point and facet-scatterers. For example, the scattering model 
SIMONA [8] uses points to approximate the scene, while SWAT and Bell scattering models 
[17] [1] use facets.  

For smooth objects, the facet-based model is more efficient than the point-based model. 
The point model approximates the surfaces using infinitesimal points and many scattering 
primitives are required so it may cause computational problems. In the other hand, point 
model has less physical basis than the facet-based models. However, the efficiency of the 
facet model is comparable to the point model for rough objects that is why it is more 
adequate to use rough facets instead of smooth facets. For a rough object, this results in fewer 
scattering primitives and increased efficiency [10]. 

2.2. Scattering / Reverberation  Model 

Target scattering Model 

The principle of geometrical optics and physics is used to model the process of echo 
formation. According to Freedman theory [7] in the case of small wavelengths (HF), the echo 
is formed by a number of discrete pulses, each a replica of the transmitted pulse delayed and 
attenuated. The signal can be written as an analytic function of time and hence it is just 
placed at the correct time sample with corresponding phase and the proper attenuation. Signal 
calculation can be done in the time or frequency domain used for example by SIMONA [8]. 
Since the transmit function is known analytically the calculation is achieved in time domain, 
by direct addition to the time series of the analytical formula. The backscattered signal is 
formulated with the travel time Tar as follow: 

arpulsepr TtTttrectKRjaEtE  000 );,,()).(exp(.)(   (1) 

rect : Rectangular window equal to 1 over a period pulseT  from t=t0. 

0E  : Source level (in dB) 

p  : Phase 

K  : Wavenumber  
R : The distance travelled by the wave between the transducer and the target (in m) 
a  : Total attenuation value suffered by the signal during its propagation 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 249 -



 

The expression of attenuation a is based on the backscattering coefficient for a finite 
surface demonstrated by Urick [18] (page. 304). 

The loss of acoustic energy due to the propagation through the media can be considered as 
the sum of spreading and absorption loss. The spreading loss or divergence loss is a 
geometrical effect representing the loss of energy as the wave spreads outward from the 
source. The absorption loss is a frequency dependent loss related to the conversion of energy 
to heat by the non-ideal medium [2]. Spreading and absorption losses are considered as the 
main cause of the lack of uniformity in terms of distance. A correction is often applied to the 
signal in order to reduce the difference in signal amplitude between the beginning and the end 
of the scope by using the TVG (Time Varying Gain).  

In order to produce simulated images as realistic as possible, SIS also applies a 
multiplicative noise to the acquired data so that the resulting simulated images have the 
granular appearance of real sonar images corrupted by speckle.  

For our simulation purposes, we deal with rigid surfaces, which mean the reflectivity R of 
targets is set to 1 and elastic effects do not play a role. This is the approach used by SIGMAS 
[4]. The amount of energy scattered back is reflected both in the specular direction and 
diffused over a range of angles. Smoother is the surface, greater is the reflection of energy in 
the specular direction. For a perfect smooth surface, the total amount of energy is specularly 
reflected.  

Seabed reverberation Model 

A sea-bottom truth is required to define the environment in which the virtual sonar will 
operate. Two main methods to obtain a sea-bottom truth; either a real height map acquired 
during at-sea trials or a simulated bathymetric map obtained principally by fractal models 
which are able to provide complex and realistic natural scenes [2] [5]. It’s common to use 
Gaussian height-distribution with a particular correlation function to model roughness, 
typically Gaussian or exponential. This is due to its simplicity compared with a fractal model 
[10]. 

In SIS, a real height map of a rippled sea-bottom has been employed. Two elements 
influence the backscattered energy, the type of relief and sea-bottom sediment nature termed 
macro and micro-relief. The terrain is represented by triangular facets. The point of 
intersection, if it exists, between the ray and the triangular facet is calculated, a further check 
of visibility is also performed. The whole scene is composed of triangular facets 
distinguished only by the characteristics of the object (attenuation coefficient, reflectivity and 
diffusion coefficient) to which they belong (sediment for seabed or material/beton for 
targets). So SIS uses the same generic method to compute backscattering from target and 
seabed and the unique difference in the labored equation (1) is the total attenuation 
coefficient for each of them (sediment or material). The a term will be multiplied by the 
absorption coefficient μ known as Lambert parameter when recording reverberation. 

2.3. Multipath propagation and diffraction  

It is experimentally well-known that echoes from object located near the seabed is 
different in shape and amplitude from echoes of the same object in free water, these 
differences are due to the presence of boundaries. These effects are known as multipath 
effects. Different solutions have been proposed to model multipath effects; the simplest 
method is to suppose that seabed is reflecting and flat [16]. In this method only geometrical 
specular paths are considered in addition to the direct path (primary path) with different level 
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of reflections. Furthermore, the method does not retain paths involving the target many times 
because the associated specular reflections on the seabed will happen at large grazing angles 
where reflection coefficients are lower  that’s why the Kervern [16] suppose their 
contribution negligible and retain only four important. 

A recursive ray-tracing technique is employed to model the higher orders of scattering. It 
consists to trace rays from each visible scatterer to the other scatterers in the scene. Rays are 
then traced from the scatterers that are visible to the secondary scattering source back to the 
sonar. Recursive ray-tracing has a high computational cost with order NM calculations 
required for a scene of N scatterers and for M orders of multiple scattering [10]. The author 
considers operating frequencies are high enough that diffraction around the edges of objects 
can be ignored. 

Other method consists to calculate the diffuse energy backscattered along the direct ray 
path using Lambert’s law [1]. The ray is then traced from the point of intersection in the 
specular direction to determine if it intersects another part of the scene. The procedure is then 
repeated iteratively for each ray to trace any number of specular reflections and to check 
intersections with scene. 

Typical solutions to model multipath effects include emitting several new rays at each 
intersection point; a ray incident on a surface may be reflected both specularly and diffusely, 
be refracted and diffracted. These approaches can lead to exponential running times and the 
algorithm can quickly become computationally intractable. 

Rather than using such deterministic strategies and following all generated rays until they 
leave the scene or become sufficiently reduced in power, probabilistic techniques typically 
Russian roulette strategy [9] can be applied instead. Russian roulette ensures the path length 
of each acoustic ray is kept at a manageable size while allowing paths of arbitrary size to be 
explored [15]. Another problem associated with deterministic approaches is how to terminate 
a sound ray. One of the simplest solutions is based on the number of times a ray has been 
reflected and terminating the ray once its reflection count has exceeded some predefined 
threshold value. Another approach is to evaluate the amount of energy the ray has lost after 
each interaction [1]. This second approach is more representative of the real world whereby 
the termination of a ray is determined by its energy content and not the number of times it has 
been reflected.  

Sonel Mapping and Russian Roulette Strategy 

Sonel mapping is a Monte-Carlo-based acoustical modeling technique capable of 
modeling specular and diffuse reflections, refraction, absorption and diffraction in a simple 
manner [11], by using a stochastic technique to remove unimportant sonels (rays) and focuses 
the effort on important ones (Russian roulette strategy) [12] to determine the type of 
interaction between a sound and any surfaces it may encounter, at a reasonable computational 
time when compared to deterministic approaches. Only one type of interaction is chosen 
probabilistically based upon characteristics of the surface (specular reflection / absorption / 
diffusion coefficients). Sonel mapping is composed of two stages: sonel tracing stage and 
acoustical rendering stage [13] [14] [15]. 

SIS uses a modified sonel mapping method which reduces the two stages in a unique stage 
since the model only considers the monostatic configuration for transmitter and receiver. 

A second modification consists on the way to terminate sound ray. The original sonel 
mapping method uses Roussian roulette strategy to terminate ray, despite other deterministic 
method using termination criterion based on energy can be used. This method consists on 
terminating a ray when the loss of energy exceeds some threshold value (40 dB) [1]. This 
alternative is more suitable to represent real world.  
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The third modification concerns the way to treat diffraction case: original sonel mapping 
method selects just one direction within the hemisphere surrounding the interaction point p 
resulting in a limitation of the diffraction effects. As an attempt to correct this drawback, SIS 
considers several diffraction directions instead of a single one. 

3. EXPERIMENTS AND RESULTS 

All models discussed in the previous section are combined to simulate side-scan sonar 
images with a reasonable degree of realism. The scene is restricted to a parallelepiped of 70m 
in length (across track axis) and 20m in width (along track axis) and 30m in height. The water 
depth is 30m and celerity is supposed constant c= 1500 m/s. Considering an orthonormal 
basis R(Oxyz), the sonar has a constant altitude above the seabed (Hs-s = 5m) through the 
simulation, and after receiving the response of emitted ping it takes a step forward deltax as 
the navigation is performed along the x-axis. The ping duration Tpulse is 0.3ms, the transmit 
signal is a chirp which runs in a frequency band of 10 KHz, with center frequency of 100 
KHz. The sonar forms beams perpendicular to its movement axis. Schematic representation 
and 3D capture of the complete simulation geometry are depicted in Fig. 1 and Fig. 2, 
respectively.  

 Three targets are used in this set of trials: spherical rigid target, cylindrical rigid target and 
artificial reef target. These targets are positioned at an across-track distance of 20m, which 
results in a target range of 20.6m. The radius of the spherical target is 0.5m, that of the 
cylindrical target is 0.3m and its length is 2m. The cylinder is moored with main axis 0.5 m 
above the seabed. 

Artificial reef target is a geometrical model of an artificial reef called « amas de cubes » 
[3] is composed of 6 cubic holes, each side equal to 1.73m, four constitute the basis and the 
two other are located above. The sea-bottom consists of fine sand.  

Simulated images 

Fig. 3 and Fig. 4 present the resulting image for a cylinder without and with multipath 
respectively. It is clear that target response in Fig. 4 has additional components; a second 
echo that arrives slightly after the primary direct path is the major part of this additional 

 
  

Fig 1: Simulation geometry: schematic 
representation 

 

Fig 2: 3D scene mesh capture 
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contribution. The second echo, due to multipath, has a lower level than the first one, which 
may be the result of the sonel mapping approximation. In principle, the level of multipath 
echo should be higher when only specular reflections are considered. An illustration of the 
target response with (dotted blue curve) and without (solid red curve) multipath reflections is 
shown in Fig. 5. 

 
 
 
 

 

 
 

 
 

Fig 3: Intensity 
image Simulated 

without multipath of 
cylindrical target on 
fine sandy  seabed 

Fig 4: Intensity image 
simulated with 
multipath of 

cylindrical target on 
fine sandy seabed 

Fig 5: Response of cylindrical 
target with multipath 

as dotted line and without 
multipath as a continuous 

The first arrival path is the same (direct path) and the second arrival is 4.6 dB lower, and it 
is perceived at a distance of 0.3m from the first one. The third arrival is the last visible 
multipath, because higher order paths are quickly attenuated due to propagation loss. 
Reflections from sea surface, located at 30m above the seabed, have no apparent effect; their 
contributions are delayed due to longer travel time. Different situations with and without 
multipath and diffraction effects for cylinder are showed bellow and more simulated sonar 
images for cylinder, sphere and artificial reef have been model to start building the target 
classification data base. 

 COMPARISON AND FUTURE WORK 
Targets responses presented in previous section lead to conclude that multipath is an 
important feature in the way it provides additional signal contribution from the targets and 
allows a best representation of the acoustic target signature which is an important element to 
improve automated classification. Furthermore the most important advantage of the method 
proposed here consists on achieving simulation in a reasonable computational cost, this goal 
has been reached since the execution cost for a simulation with multipath takes around 6 
times the cost required for the same simulation without multipath. This can be improved by 
using a combination of both energetic and stochastic termination criterion for rays to exploit 
the benefits of each one. In fact, termination criterion based on energy could be used to 
accurately model the early and most important portion of the impulse response while Russian 
roulette could be used to model the latter portion since it is typically approximated as 
exponentially decaying noise. This work will be extended to better represent real situations 
and model more complicated objects such as artificial reefs. Further adaptation of Sonel 
Mapping method to match requirements of high frequency underwater acoustic modelling 
will be studied. 
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Abstract: In underwater acoustics, detection of buried objects in sediments (cables, 
mines,…) is a complex problem. One reason is that acoustic attenuation in these 
sediments increases with frequency. To ensure sufficient penetration depth in marine 
sediments, low frequencies have to be used, implying a low resolution. A solution 
proposed to solve this problem is the parametric emission based on the nonlinear 
properties of the propagation medium. This method can generate a low frequency wave 
from two directional high frequencies beams. The parametric propagation is simulated in 
seawater and marine sediments. The model developed is based on the fractional-step 
numerical method introduced by Christopher and Parker [1]. In this method, the normal 
particle velocity is calculated plane by plane from the surface of the transducer to a 
specified distance. The effects of nonlinearity, attenuation and diffraction are calculated 
independently for each spatial step. Moreover, to reduce the number of spatial steps, a 
second order operator splitting scheme is used. The diffraction computation is based on a 
method of angular spectrum in the frequency domain where the field across a source 
plane is described by a spatial frequency distribution. To improve code stability, the 
effects of nonlinearity and attenuation are calculated and associated in shorter 
propagation substeps. At the interface between water and marine sediments, the 
transmission conditions are applied. Several tests have been carried out in different 
configurations (changing the primary frequencies, the parametric frequency, the source 
geometry, the inclination of the source with the interface, the focal distance,…). The 3D 
velocity field is calculated in each case, thereby allowing to know the directivity of the 
source, the velocity amplitude in sediments and the performance. 

Keywords: nonlinear acoustics, parametric emission, buried objects, fractional-step, 
3D field 
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1. INTRODUCTION 

In order to detect buried objects in marine sediments, low frequency has to be used, 
implying a low resolution. A solution to solve this problem is the parametric emission. 
The aim of this work is to present a numerical model to simulate a parametric propagation 
in seawater and marine sediments. This model is based on the fractional-step numerical 
method introduced by Christopher and Parker [1]. In this method, the normal particle 
velocity is calculated plane by plane from the source to a specified distance. The effects of 
nonlinearity, attenuation and diffraction are calculated independently for each spatial step. 
Moreover, to reduce the number of spatial steps a second order operator splitting scheme 
is used. The present paper is organized as follows: first, the principle of the model is 
described, then, its application with the parametric emission is presented and last, few 
results are showed. 

2. NUMERICAL MODELING 

Numerical modeling proposed for nonlinear propagation is a frequency domain 
approach based on the Burgers equation and the angular spectrum method. This method is 
a numerical solution of Burgers equation taking into account the effects of nonlinearity, 
diffraction and attenuation with a split-step operator. Over sufficiently small steps, these 
effects can be treated independently. Knowing the normal velocity field for a plane z , the 
particle velocity profile   at position zz   is [2] : 

  zLLLzzz DNA   ˆˆˆ)()( ,  
(1) 

where DNA LLL ˆ and ˆ ,ˆ  are respectively the attenuation operator, the nonlinear operator and 
the diffraction operator. 

 The propagation modeling is divided into three steps [2]: diffraction over substep 2
z , 

nonlinearity and attenuation over z , and second diffraction over substep 2
z . 

Moreover, to improve the stability of the code, the calculation of the nonlinearity and 
attenuation on the distance z  is divided into several sub-steps. 

2.1. Nonlinear and attenuation operators 

To model nonlinear propagation, the wave is decomposed into different harmonic 
components : 
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nezyx    and ),,( zyxn  are respectively the complex amplitude and 
the phase of the nth harmonic )(  nn   at the point ),,( zyx . 
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Thereafter, to simplify notations, it is implied that n  and n  systematically depend in 
x , y  and z . 

Integration of expressions (1) and (2) in the Burgers equation gives [3] : 
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with *
n  the complex conjugate of n ,   and 0c  respectively the nonlinearity coefficient 

and the celerity of the medium, and n  the attenuation coefficient (in Np.m-1) defined by 
the François-Garrison model [4] for the frequency nf . 

2.2. Diffraction operator 

The diffraction algorithm is based on the angular spectrum method which is a 
frequency approach where the field of a source plane is described by a spatial frequencies' 
distribution. The 2D Fourier transform of the velocity field received at depth z  is 

)),,,((),,,( 2 nzyxnzkkV nDyxn F . 
At the depth zz  , the velocity field from this source can be calculated by [5] : 
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where H is the transfer function : 
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where 
0cn
nk 

  is the wave number at the frequency nf , yx kk  and  are the wave number 
components in the ),( yx  plane. 

2.3. Sediment influence 

Sediments are considered as an homogeneous fluid with characteristics different from 
those of seawater. At the water/sediment interface, the algorithm automatically handles the 
refraction between the two media, but the velocity transmission coefficient T  depending 
on the incidence angle at the interface has to be included. It is applied in the spatial 
frequency domain :   )],,(),,,([),,,( 1
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where s  and sc  are respectively the sediment's density and celerity, and 0  is the 
seawater's density. 

Beyond the interface, the nonlinear propagation algorithm in sediments is the same as 
in seawater with specific characteristic parameters s , sc , sz  and ns  instead of  , 0c , 

z  and n  respectively. 

3. PARAMETRIC EMISSION 

In the case of a parametric emission, two high frequency waves 
1hf  and 

2hf  are emitted 
in order to generate a wave at beating frequency 

12 hhl fff   (with 
12 hh ff  ) by 

nonlinear interactions. 
The parametric ratio p  is defined as the ratio between the average of primary 

frequencies over parametric frequency : 
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In order to avoid creating even lower frequencies than lf  by interactions between 
harmonics, parametric ratio is a half-integer : 1

2 np  with n  as a non-zero integer [6]. In 
this case, 

1hf  and 
2hf are multiples of the parametric frequency : lh fpf )( 2

1
1

  and 

lh fpf )( 2
1

2
 . To numerically model a parametric emission, the previously described 

code is used. At the source's surface, the velocity profile is initialized : 
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 . If needed, a phase shift 

 0
2220 sin)0,,(  xdyxkzyx fnn   can be introduced to take into account both a 

focalization at a distance fd  and an inclination of the source with an incidence angle 0 . 

4. RESULTS 

Simulations were performed with the following acoustic properties : -1
0 m.s 1520c  

and -3
0 kg.m 1025  for the water, -1m.s 1660sc  and -3kg.m 1600s  for the 

sediment. The amplitude of the acoustic velocity at the source is constant for each primary 
wave. Tests were conducted for different primary frequencies hf  and parametric 
frequencies lf . We also considered several water depths between the source and the 
sediment from 1 to 6 meters. 
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(a)                                                                      (b)      

Fig.1: Velocity field (m.s-1) : 
(a) for a depth of 6 m and a parametric frequency of 15 kHz 
(b) for a depth of 3 m and a parametric frequency of 50 kHz. 

 

 
(a)                                                                             (b) 

Fig.2: (a) Velocity field (m.s-1) for a depth of 1 m and a parametric frequency of 
15 kHz. (b) Axial propagation curves for depths of 1 m (─) and 6 m (---) for a parametric 

frequency of 15 kHz. 
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Figure (1a) shows the normal velocity field obtained for a parametric frequency of 
15 kHz with a parametric ratio of 6.5 and a 6 m water height. For the frequency involved, 
attenuation is quite low and the parametric wave is generated through the entire water 
column. And despite high nonlinearity, velocity quickly decreases in the sediment. For a 
parametric frequency of 50 kHz (Fig.1b), as expected, maximal values of the parametric 
waves increase with frequency. Nevertheless, the growth of the parametric wave takes 
place only on the first meter due to attenuation. 

 
Figure (2a) presents the velocity field obtained for a parametric frequency of 15 kHz 

for a depth of 1 m. In this case, the value is higher in the first 20 cm of the sediments. As 
shown in figure (2b) with the axial propagation curves, when the source is 1 m above the 
sediments, their nonlinearity implies an increase in the parametric amplitude on the first 
20 cm. But this one decreases quickly with the attenuation. 

5. CONCLUSION 

A parametric acoustic emission has been simulated in seawater and marine sediments 
with a numerical model based on a fractional-step method. The normal velocity is 
calculated plane by plane from the source considering the effects of nonlinearity, 
attenuation and diffraction. Simulations show that this numerical model gives results in 
concordance with the theory and that primary frequencies have to be optimal : if they are 
too low, the nonlinear effects do not create a sufficient level of parametric wave, and if 
they are too high, the attenuation will prevent any significant level on sediment surface. 

Simulations were also performed with different focalizations but did not give 
significant differences in sediments. 
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Abstract: In the present paper a methodological scheme bringing together common 
Acoustic Classification Systems (ACS) and a promising data decomposition approach 
called Independent Component Analysis (ICA), is demonstrated regarding its suitability 
for detecting small targets in SSS imageries. Usually in the first stages of an ACS, a large 
number of features are extracted from distinct windows throughout the whole image and 
their dimensionality is reduced by common data decomposition techniques, such as 
Principal Component Analysis (PCA), prior to unsupervised classification. However, in 
the target detection issue, data decomposition should point towards finding components 
that represent sub-ordinary image anomalies (i.e. small targets) rather than dominant 
information. ICA has proven to be a suitable model for separating targets from 
background and this study represents a demonstration of its applicability regarding Side-
Scan Sonar (SSS) images. The present study attempts to build a fully automated target 
detection approach that combines feature extraction, ICA and unsupervised classification 
techniques. The suitability of the proposed approach has been validated by comparing its 
performance to the equivalent of common ACS approaches, using a large data-set of 
ground-truthed targets in real SSS imagery. The method exhibited unquestionable 
superiority indicating that ICA may be worth further investigation by ATR system 
researchers and developers. 

 
Keywords: side-scan sonar, target, detection, acoustic classification system, texture, 

SonarClass, principal component analysis, independent component analysis  
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1. INTRODUCTION  

Although many Automatic Target Recognition (ATR) systems have been developed 
and their bibliography has been classified [7,8,13], the present approach aims to test the 
potentiality of using common and widely used feature-based image classification 
approaches against small target detection in SSS images by combining them with powerful 
data mining techniques. Conventional Acoustic Classification Systems (ACS) start by 
extracting numerous texture descriptives from distinct image neighbourhoods throughout 
the image to form large Feature Vectors (FVs). In view of the FVs‟ high dimensionality, 
prior to unsupervised classification a component analysis technique, usually Principal 
Component Analysis (PCA), is performed to decompose them into a few un-correlated 
features that explain the majority of the image‟s variance. However, small targets belong 
to subordinary image information and do not contribute significantly to the total 
information variance of the SSS image. Furthermore, targets tend to be independent image 
characteristics rather than un-correlated ones. In this study a newly available technique, 
called Independent Component Analysis (ICA), that decomposes the FVs into independent 
sources, is tested against its ability to separate SSS images into targets and background 
and lead to accurate target extraction.  

The proposed methodological scheme consists of the following stages: 1) windowed 
feature extraction, 2) Independent Component Analysis (ICA), 3) selection of certain 
components that enhance image windows that include potential targets, 4) selection of the 
number of classes that the selected components need to be clustered into so that they are 
optimally separated in the Euclidean space, 5) unsupervised classification and 6) selection 
of the class or classes that most probably correspond to areas containing potential targets. 
The above stages are schematically presented in Fig.1 and are included in the SonarClass 
Matlab ACS [5,6] that is available through the www.fakiris-geomarine-softwares.com web 
site. Coupling the proposed methodological scheme with a target segmentation, 
quantification and classification system applied exclusively to the areas where potential 
targets have been detected, can lead to a complete, effective and computationally non-
consuming ATR system. 

 

 
 

Fig.1: Overview of the proposed methodological scheme for automatic target detection 
in SSS imageries using feature based acoustic classification and ICA. IC6 and IC8 

correspond to the 6th and 8th Independent Components of the FVs.  

2. FEATURE EXTRACTION 

SonarClass utilizes three feature extraction algorithms, namely first order grey-level 
statistics, Grey Level Co-occurrence Matrices (GLCMs) and 2D power spectrum 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 262 -

http://www.fakiris-geomarine-softwares.com/


 

specifications, leading to a total number of 11 texture descriptives (FVs). The first order 
statistics provide information about the variability of grey-levels inside each image 
window and the following 4 features are considered: 1) Grey Mean, 2) Standard Deviation 
and 3) Kurtosis, which are elementary statistics that describe the reflectivity intenseness, 
contrast and the difference between the target‟s grey levels distribution from the normal 
(Gaussian) one respectively and 4) the 3rd order Invariant Moment which is a measure 
based on central moments that is invariant to translation, rotation and scale changes of the 
image [11].  

Due to the highly textured appearance of sonar images, texture analysis techniques 
become natural choices for sidescan sonar image analysis. GLCMs are among the 
methodologies that have generally been used for textural analysis and image classification.  
Statistics over GLCMs are very powerful texture descriptors and are used in many 
software applications for swath sonar image classification such as the TexAn [2] and the 
QTC SIDEVIEWTM [12]. SonarClass software calculates 5 GLCM properties out of the 11 
that Haralick [9] first described, namely: 1) Contrast, 2) Correlation, 3) Energy, 4) 
Entropy and 5) Homogeneity.  

The 2D Fourier spectrum descriptives are 1) Directionality and 2) texture spacing. They 
are based on Bajcsy and Lieberman [1] approach according to which the power spectrum 
of a square image is expressed in a polar coordinate system [S(r,θ)] of radius r versus 
angle θ and decompressed into two independent one-dimensional functions of r [Sr(θ)] 
and θ [Sθ(r)]. Peaks in the Sr(θ) mean directional texture while peaks in the Sθ(r) mean 
periodical texture. Analyzing Sr(θ) and Sθ(r) for a fixed value of r and θ yields the 
behaviour of the spectrum along a circle centred on its origin or a cross section passing 
through its origin. Fakiris and Papatheodorou [5] have suggested a simplified 
computational approach for Bajcsy and Lieberman descriptors for the needs of the 
SonarClass. 

In the case of the proposed methodological scheme where the detection of potential 
targets in SSS images is considered, the image windows from which the features are 
extracted must have dimensions that equal the maximum expected from the targets to be 
detected. They should also be sliding, with an offset half the size of the image window, to 
ensure that the biggest portion of any target will be included in just a single image 
window.  

Important key features of SonarClass are that: (i) the combination of parameters that 
provide the highest between-classes discrimination power is automatically identified 
through an iterative optimization procedure that makes use of cluster validation indexes 
and a set of training samples and (ii) the offset (d) and theta (θ) parameters, that greatly 
control the GLCM efficiency, are automatically calibrated through the same optimization 
procedure [5]. For the needs of the proposed approach the calibration stage is optional and 
might be used to find the optimal d and θ GLCM parameters, if there is the presence of a 
set of ground-truthed SSS image targets. 

3. INDEPENDENT COMPONENT ANALYSIS  

The purpose of using a component analysis technique is to transform the high-
dimensional FVs into low-dimensional components so that the difference between the 
targets and the background becomes maximized. PCA is an ordinary feature reduction 
method in ACS [12]. It decorrelates the FVs so that all the features‟ information can be 
projected into a few (usually 3) components and reduce data quantity. However, small 
targets might not show up from the surrounding background of the highest variance after 
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conventional PCA processing, as they belong to subordinary information. A probable 
solution would be to find which principal component or combination of components (out 
of the 11 available ones in our case) correspond to the contribution of the targets to the 
FVs‟ variance. Normally these principal components will be the ones contributing in the 
smallest amount to the total variance of the feature space.  

A more sophisticated multivariate data analysis method (also referred to as a „project 
pursuit‟ or a „blind source separation‟ technique), is the ICA. ICA assumes that the 
observed multivariate data, typically given as a large database of samples, are linear or 
non-linear mixtures of some unknown non-gaussian and mutually independent latent 
variables called independent components, that need to be determined. ICA can be seen as 
an extension of PCA and Factor Analysis (FA) but it is a much richer technique, capable 
of finding the sources of data variability when these classical methods fail completely. 
ICA has been successfully used in a variety of studies for target detection in hyperspectral 
imagery [3,15]. Its potentiality lies in the fact that small targets in a natural background 
can be seen as independent anomalies in the image scene and so they are included in one 
or two of the independent components in the ICA model.  

However there is still the problem of the automatic selection of the independent 
components that reflect the targets‟ contribution to the FVs. A common practice to 
determine the optimal components for target detection is to rank them according to their 
kurtosis and use the ones with the higher values [15]. The Kurtosis value of the 
components that emphasize targets should be far larger than that of components reflecting 
larger scale seafloor characteristics (e.g. seafloor dynamics, morphology or 
sedimentology). The hierarchical cluster analysis (using the correlation coefficient) and 
dendrogram interpretation is proposed as an additional way to obtain further insight into 
the interrelation between the generated components and toward judging which 
components are the proper ones in the context of target detection (Fig.2).  

4. UNSUPERVISED CLASSIFICATION OF POTENTIAL TARGETS  

After the components highlighting the targets‟ contribution to the FVs have been 
determined, unsupervised classification is performed so that the reduced feature space is 
partitioned in meaningful clusters. Although simple thresholding techniques could 
possibly detect the targets, using unsupervised classification is more robust especially 
when more than one component have been selected. After ICA, generating just a few 
clusters should be enough to ensure that at least one of them will correspond to areas that 
include potential targets. SonarClass ACS software provides a large list of available 
unsupervised classification algorithms, including Gaussian Mixture Models (Bayesian), k-
means, k-medoids, Fuzzy C-means, Fuzzy Gustafson-Kessel and Fuzzy Gath-Geva 
classifiers. Bayesian and k-means classifier are the ones more often used in  ACSs [12,14] 
because the former has a statistical background that allows the calculation of posterior 
probabilities for each class and the latter is the least computationally expensive.  

A main drawback of unsupervised classification is that the number of classes must be 
a-priori determined manually. This can lead to overestimation or underestimation of the 
number of clusters with the former being the preferred case which is then combined with a 
cluster rejection-merging procedure. However, the use of cluster validation indexes that 
quantify the discrimination of the specified data clusters in the Euclidean space is a 
common practice among statisticians towards determining the optimal number of classes 
[4]. Specifically, the FVs are repetitively clustered (using a certain classificator) by 
sequentially increasing the number of clusters, then the validation index is estimated for 
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each attempt and finally the number of clusters providing the maximum discrimination 
between the clusters is determined (Fig. 2). Although many cluster validation indexes are 
available in SonarClass software, the Davies-Bouldi index is proposed due to its 
computational speed and effectiveness. 

 

 
 

Fig.2: Details of the proposed automatic  target detection system that concern: a) 
choosing the optimal combination of components, b) choosing the optimal number of 
classes and c) selecting the class that most probably correspond to seafloor targets. 
 
After the FVs have been clustered into the specified number of acoustic classes, the 

question is which class or classes refer to image windows containing potential targets. An 
obvious solution would be to visualize their spatial distribution in conjunction with the 
SSS imagery and visually judge which ones correspond to image windows with targets, 
but this does not conform to the aspect of completely automated detection of potential 
targets. Tian [14] performed hierarchical analysis on the posterior probabilities of the 
generated classes in order to detect the most uncorrelated ones and associate them to SSS 
targets (coral reefs in this case). The proposed methodology is not limited to using 
Bayesian classifiers exclusively and thus the above approach is not always feasible. 
Instead, the following approach is proposed as an alternative: the class occupying the least 
area (smallest number of raster cells) in the sonar image can be safely considered as the 
“potential targets” class (Fig. 2). Besides, visualizing the frequency of raster cells for each 
class towards judging which classes are meaningful and which should be merged with 
others or ignored is a documented practice [10]. 

5. VALIDATION OF THE PROPOSED SYSTEM 

The validation of the proposed system was performed by examining its performance to 
accurately detect numerous ground-truthed SSS targets and by comparing it to other 
common feature-based acoustic classification procedures. The dataset that has been used 
for the validation of the proposed system was collected from Igoumenitsa‟s Harbour, NE 
Greece (Fig. 3) and consists of 7 geo-referenced and geometrically corrected SSS images 
of 7 cm pixel sizing and the locations of 85 targets. These targets had first been visually 
detected in the SSS imagery and they were then ground-truthed, ensuring that all visually 
detectable targets are indeed man-made targets. The feature based acoustic classification 
schemes followed to classify the available SSS data are presented in Table 1. The 
accuracy rate for each experiment was estimated on the basis of comparing the number of 
occurrences between the areas classified as “potential targets” and the ground truthed 
targets (AR). The amount of the classified potential targets that do not eventually 
correspond to a real target is also provided as an indicator of the misclassification rate 
(MCR). 
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In general, the validation results in Table 1 show that the proposed methodological 
scheme (6th) outperformed the others as it has the higher AR and the minimum MCR. 
Additionally, by using ICA, the targets‟ information is concentrated on just a couple of 
independent components that need no more than 3 classes to be optimally separated in the 
Euclidean space.  

 
Fig.3: Map showing Igoumenitsa’s harbour, NE Greece, whose SSS imagery has been 
used for the validation of the proposed automatic target detection system. Visually 

detected and ground-truthed targets are indicated with white circles. 
 
Classification scheme 1 consists of feature selection and calibration using the 

SonarClass‟s dedicated module (see section 2) and supervised classification using image 
samples from a set of randomly selected ground-truthed targets. It exhibits low AR and 
low MCR, indicating that although supervised classification can lead to relatively few 
misclassifications, only those targets that have almost the same characteristics as the 
training set are going to be detected. The validation results of schemes 2 and 3 indicate 
that unsupervised classification without a preceding data decomposition/reduction stage, 
leads to the requirement of a large number of classes to be considered, which in turn 
reduces the system‟s accuracy and reliability.  

 
Acoustic Classification schemes (details)      Accuracy statistics 

 Features 
Used 

Reduction 
Method 

Components 
considered Classifier No of 

Classes  AR MCR 

1 Corr, Std - - Discriminant -  28% 33% 
2 Corr, Std - - Bayessian 6  56% 67% 
3 All - - K-means 10  62% 65% 
4 All PCA 1,2,3 Bayessian 9  54% 70% 
5 All PCA 8,11 Bayessian 8  72% 51% 
6 All ICA 6,8 Bayessian 3  77% 13% 

Table 1: Details and accuracy statistics for the 6 classification procedures considered 
for the validation of the proposed target detection system. Scheme 6 corresponds to the 
proposed approach utilizing ICA and component selection prior to classification. AR is 

the amount of the ground-truthed targets that were detected by the system while the MCR 
is the amount of classified regions that were not related to a ground-truthed target.     
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The 4th scheme reflects the most widely used procedure in the literature that includes 
PCA to reduce the FVs to the 3 major principal components and unsupervised 
classification. This scheme performed even worse than the 2nd and 3rd ones, confirming 
that targets are subordinary image information that cannot be captured in the first few 
components using PCA. However, the 5th approach that concerns PCA instead of ICA in 
the proposed approach is the second more successful one, giving adequate results and 
indicating that appropriate component selection is essential after any kind of component 
analysis towards successful target detection. Fig 4 shows that although many targets lying 
on a uniform background were detected by all the tested approaches, the detection of 
targets lying on a background with higher variability was only feasible by the ones 
utilizing component analysis coupled with component selection while very small targets 
were exclusively detected by the proposed scheme that makes use of ICA. 

 

 
 

 

Fig.4: Examples of ground -truthed SSS targets used for the validation of the proposed 
methodology, that were detected (I) by all the available classification schemes (see Table 
1) and II) by (a) only the 5th and 6th classification schemes or b) exclusively the proposed. 

6. CONCLUSIONS 

In this paper, an attempt to detect targets in SSS imagery by coupling traditional feature 
based ACS and Independent Component Analysis has been presented and validated. The 
core of the suggested system consists of a windowed feature extraction stage followed by 
a well validated approach in anomaly detection and blind source separation studies, called 
ICA, prior to unsupervised classification. ICA is a powerful data decomposition/reduction 
technique able to separate the image information (i.e. feature vectors) into anomalies (i.e. 
targets) and background. An efficient technique based on the kurtosis of the independent 
components is proposed so that only those independent components that emphasize targets 
are used, leading to more accurate and unbiased classification results. The validation of 
the proposed approach was conducted on the basis of comparing its effectiveness to detect 
numerous ground truthed targets against other more common approaches in ACS. The 
proposed methodological scheme outperformed all other approaches and although 
coupling PCA with the same component selection criterion has also proved to be a 
satisfactory approach, the superiority of utilizing ICA is still evident. Despite 
methodological and computational improvements that the presented system may need, it 
represents a fair demonstration of applying ICA towards the extraction of targets from 
SSS images and it signifies that it may worth further attention by ATR system researchers 
and developers.  

 
(I) 

 
(II) 
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Abstract: For an array with linear geometry the effective aperture and therefore the 

beamwidth of a conventional beamformer depends on the steering direction. Robust 

adaptive beamformer approaches can provide control over the beamwidth by considering 

steering vectors from an uncertainty set defined by additional parameters.  

In this paper the appropriate choice of this uncertainty set for a generic linear array, 

depending on the steering direction and frequency, will be investigated. The objective here 

is to obtain a well defined beamwidth for broadband panorama beamforming for a 

general linear array. To this end, an effective description of the uncertainty sets for 

different frequency bands and steering directions will be considered. The results are 

evaluated using simulated data. 

Keywords: Adaptive beamforming, robust beamforming 

 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 273 -



 

1. MOTIVATION  

One application of spatial filtering, i.e., beamforming, is the passive surveillance of a 

given angular and frequency range with a limited amount of resources. Adaptive 

beamformer algorithms as the Robust Capon Beamformer (RCB) [1] have the benefit of a 

high sensitivity and good source separation. An advantage of the RCB is the fact, that the 

effective beamwidth can be adjusted, if steering vector mismatches are not dominant. This 

allows for an even coverage of an angular range (panorama) with a limited number of 

filters (beams). In this work we focus on the choice of the uncertainty parameter of the 

RCB to obtain such an even coverage, i.e., a uniform effective beamwidth over a range of 

frequencies and steering directions for a general uniform linear array. 

In the following, spatial filter in the frequency domain are considered. The response of 

the array (comprising N  sensors) to an impinging plane wave (wave number, directionα ) 

is quantified by the N -dimensional steering vector a . 

 

2. ROBUST ADAPTIVE BEAMFORMING 

In contrast to conventional beamforming, e.g., using a delay-sum beamformer, adaptive 

approaches employ variable filter characteristics [2]. The actual choice of the filter 

coefficients depends on the input data and thus on the scenario at hand. This feature allows 

to reduce the impact of side lobes and to improve the selectivity for adjacent sources. In 

order to achieve this improvement, the adaptive methods rely on additional assumptions 

depending on the particular algorithm. Algorithms as, e.g., MVDR or MUSIC expect the 

signals of different sources to be uncorrelated [3]. In general, the array geometry, speed of 

propagation and frequency are assumed to be known exactly. If these assumptions are not 

met, the performance of adaptive beamformers can be significantly worse than that of 

fixed spatial filters. 

To avoid such a breakdown, robust adaptive beamformer have been developed. An 

example for such an algorithm is the Robust Capon Beamformer (RCB) proposed by Li, 

Stoica et al.[1]. Similar to the Capon (or MPDR) beamformer [4], the power received by 

the RCB is minimised with the constraint of an undisturbed reception of signals 

corresponding to a steering vector a
�

. In addition, the RCB steering vector a
�

 itself is 

obtained from an uncertainty region 0( ( ))αa
�

U  around the classical steering vector 0( )αa . 

This is done in such a way, that the output power is maximised. Technically, a
�

 is obtained 

from 

* 1

0 min  , ( ( )),T α− ∈
a

a R a a a
�

� � �
U   

(1) 

where R  denotes the covariance matrix. The RCB power estimate is then given by 
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Fig.1: Values of ε  to obtain a beamwidth of 3.75°  as function of bearing and 

frequency. The array axis points in direction 0°  and 180°  (endfire condition). Left: 

Contour plot of ε . Right: Maximal ε  (steering direction orthogonal to the array) as 

function of the frequency. Three example frequencies are marked by red lines. 

 

 

2

* 1

1
.

T
σ

−
∝

Ra a
� �  

 

(2) 

In practical applications the uncertainty region can be chosen as an ellipsoid, in the 

simplest case as a sphere with radius ε  centred at 0( )αa . 

0 0( ( )) : ( ( ), ).α α=a aU E ε   

(3) 

The parameter ε  then controls the robustness against all types of deviations of the true 

steering vector with respect to the assumed one. In applications where this mismatch is 

negligible, the definition of the uncertainty region can be used to adjust the effective 

beamwidth of the RCB to a value of choice. In this case, a value of ε  is used, that is 

higher than the value necessary to obtain robustness against array mismatches. To perform 

this adjustment, the effective beamwidth as function of ε  has to be known. The effective 

beamwidth depends not only on ε  but also on the frequency, speed of propagation, array 

geometry and steering direction 0α . In the following we give a closed form expression for 

the choice of ε  for a general uniform linear array to achieve an even coverage of a 

panorama. 

3. CHOICE OF THE UNCERTAINTY REGION 

The steering vector of a uniform linear array can be expressed component-wise by  

( )( , , ) exp 2 sin , (0, , ) .
2

m

f N
a f c i mL m N

c
α π α

 
= = … − 

 
 

 

(4) 
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Fig.2: Sector of the narrow band spectra for three frequencies. Top: Delay-sum 

beamformer for a single beam of a cw source ( 0 dB ), Bottom: RCB for different bearings 

(blue lines) of a cw source ( 0 dB ). 

 

 

Here L  is the distance between adjacent sensors, c  the velocity of propagation, f  the 

frequency and α  the steering direction. The directivity pattern of the sensors is assumed 

to be omnidirectional. 

In order to adjust the uncertainty parameter ε  to the effective beamwidth 2ϕ , the 

steering vectors in Eq.(4) for 0 0[ , ]α α ϕ α ϕ∈ − +  should all lie within 0( ( ), )αaE ε , while 

the steering vectors for all other choices of α  should lie outside. It should be noted, that 

ϕ  can not be made arbitrarily large for this to be possible. The mismatch between 

assumed steering vector (Eq.(4)) and true steering vector is considered to be significantly 

smaller than the difference due to the finite beamwidth. 

As we are interested in the radius of the sphere that includes all steering vectors within 

a sector of width 2ϕ  around the steering angle 0α , the radius is given by 

22

0 0 0
| |

( , , ) max ( , ) ( , ) .f f f
β ϕ

α ϕ α α β
≤

= − +a aε    

(5) 
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Since the steering vector a  is a smooth function of α , the maximum in Eq.(5) will be 

obtained for β ϕ= ± . For a general linear array the expression for the radius then reduces 

to 

( )
2

/2
2

0 0 0

/2

( , , , , ) exp 2 sin exp 2 sin .
N

m N

f f
f N L i Lm i Lm

c c
α ϕ π α π α ϕ

=−

   
= − +   

   
∑ε

 

 

(6) 

Expansion of ( )0sin α ϕ+  at 0α , 

i.e., ( ) ( ) ( ) ( ) 3

0 0 0 0

1
sin sin cos sin ( )

2
α ϕ α ϕ α ϕ α ϕ+ ≈ + − +O  yields 

2
/2

2

0 0 0

/2

1
( , , , , ) 1 exp 2 cos sin

2

N

m N

f
f N L i Lm

c
α ϕ π ϕ α ϕ α

=−

  
≈ − −  

  
∑ε  

 

(7) 

/2

0 0

/2

1
2 1 cos 2 cos sin .

2

N

m N

f
Lm

c
π ϕ α ϕ α

=−

   
= − −   

   
∑  

 

(8) 

The sum over the cosine term gives the periodic sinc function, i.e. 

sin( / 2)
cos( ) : psinc( )

sin( / 2)

Nx
mx x

N x
= = ∑ . Using this definition, the radius of the 

uncertainty sphere for the steering vector of a uniform linear array is 

2

0 0 0

1
( , , , , ) 2 1 2 cos sinps nc

2
i .

f
f N L N L

c
α ϕ π ϕ α ϕ α

   
= − −   

   
ε  

 

(9) 

From Eq.(9) it can be seen that ε  is maximal for steering directions perpendicular to 

the array ( 0°9α = ). In this configuration the effective aperture is maximal also. 

For directions parallel to the array ('endfire', 0°α = ) ε  vanishes. As a consequence, the 

steering vector mismatch which is always present to some extent will become relevant 

when approaching the endfire domain. This results in a breakdown of the constant 

beamwidth below a certain value of α . The value of ε  is monotonically increasing with 

the frequency. Therefore, the breakdown angle decreases with increasing frequency. 

 

4. NUMERICAL EXAMPLE  

We choose a uniform linear array with 21  sensors, a sampling frequency of 4096 Hz  

and a sensor spacing of 36 cm , as an example for a numerical simulation. The speed of 

propagation is 1480
m

s
. This configuration is motivated by underwater applications.  
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Fig.3: Contour-plot of the beam spectra in the vicinity of source bearing 0β =  for 

three frequencies. Top: Without array mismatch. Centred: Array mismatch of 20 %  of 

the inter-sensor distance ( 0.36 m ). Bottom: Array mismatch of 30%  of the inter-sensor 

distance ( 0.36 m ). The contour lines indicate signal levels with 1 dB  level spacing. The 

black bars illustrate the  beamwidth of 3.75° . Close to 0β =  (endfire) the beampatterns 

become broadened and distorted. 
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The aspired beamwidth is set to 3.75° . The corresponding values for ε  as a function of 

frequency f  and steering direction α  are displayed in Fig.(1). The array axis points in 

direction 0°  and 180°  (endfire condition). On the left side, a contour plot of ε  is shown. 

On the right, the maximal values for ε , i.e., the values for the steering direction orthogonal 

to the array is displayed as a function of the frequency. Three example frequencies are 

marked by red lines. 

In the simulation, a plane wave, i.e. a source emitting a cw signal in the far field, at a 

fixed bearing is used. The ambient noise is modelled as white and Gaussian, the SNR is 

0 dB . The integration period, used in the estimation of the covariance matrix, is 2.5 s . 

In order to illustrate the characteristics of the traditional delay-sum beamformer, the 

corresponding spatial spectra are displayed for three sample frequencies and a source 

bearing of 0°6β =  in Fig.(2), top. In addition, the aspired beamwidth of 3.75°  is 

visualised. In this configuration, the delay-sum beamformer shows a very poor spatial 

separation, prominent side lobes and a low SNR. 

In Fig.(2), lower subfigure, the results from the RCB for the same array and frequencies 

are displayed. Here an overlay of seven source bearings 

{0 ,15 ,30 , 45° ° ° ° °,60 ,75 }° °,90β =  is presented. The aspired beamwidth is 3.75°  and 

covers the complete panorama with 96  beams. To illustrate the beamwidth the sector of a 

single beam is hatched. The comparison with the upper subfigure (results from delay-sum 

beamformer) shows that the RCB allows for a very good spatial separation between 

different beams, even for low frequencies. Within a beam the gain is nearly constant. 

Further, the SNR of 30 dB≈  and the absence of side lobes are highly appreciated 

features. For sufficiently small steering angles (close to endfire) the SNR of the RCB 

breaks down and the width as well as the centre direction of the beam becomes distorted. 

The breakdown can be quantified by the limiting angle 0β , i.e., the angle, for which the 

degrading of the effective RCB beampattern becomes significant. In order to evaluate the 

relation between array mismatch and limiting angle a synthetic array mismatch is 

introduced. It is given as a random error on the sensor positions in three dimensions. This 

error is Gaussian distributed with zero mean and standard deviationσ . In the following we 

quantify the array mismatch by σ  in units of the array spacing ( 0.36 m ). 

In Fig.(3), the spatial spectra for three sample frequencies and three array mismatches 

are presented as contour plots. The contour lines indicate levels with 1 dB relative spacing, 

the black bars illustrate the beamwidth of 3.75° . In the present configuration, dependency 

of the limiting angle from the array mismatch is small. The limiting angle can be 

approximately estimated to 0 0°1β ≈ . While the results for an array mismatch of 20 %  

are still comparable to those of the undisturbed array, those for a mismatch of 30 %  show 

degradation of the signal for all source bearings and frequencies homogenously. This 

homogenous breakdown is due to the fact that both, the influence of array deformations as 

well as that of the finite beamwidth, depends on the steering direction and frequency in a 

similar way. 

Furthermore, the synthetic array mismatch is of a special type, namely Gaussian with 

zero mean. For a quantitative evaluation, the array mismatch has to be measured in the 

steering vector norm, i.e., 

2

: ( ) ( ) .α α= −a a��ε  
 

(10) 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 279 -



 

Here, a�  denotes the disturbed steering vector and �ε  the measure for the array mismatch. 

The exact form of �ε  depends on the type of the array deformation. To employ the RCB to 

adjust the beamwidth, the condition 

� �ε ε   

(11) 

should be satisfied. 

 

5. CONCLUSIONS  

Using the RCB, a complete coverage of a panorama with a limited number of beams 

can be achieved. Simultaneously, the separation of sources is improved significantly. For a 

uniform linear array the adjustment of the beamwidth has a particular simple form as 

given in this paper. This leads to a well defined and equalised effective beamwidth for a 

broad range of steering directions and frequencies. Furthermore, the required accuracy of 

the array parameters to obtain this performance can be estimated, see Eq.(11). In parts, this 

required accuracy can be influenced by the choice of the number of beams. A lower 

number of beams (ε  high) allows for a larger array mismatch.  

 

 

 

REFERENCES 

[1] Jian Li, Petre Stoica, Robust Adaptive Beamforming, Wiley, 2006. 

[2] M. Viberg, H. Krim, Two decades of statistical array processing, In Signal, Systems 

& Computers, Pacific Grove, CA , USA, 1, pp. pages775-777, 1997. 

[3] H. Van Trees, Optimum Array processing (Detection, Estimation, and Modulation 

Theory, Part IV), New York: Wiley-Interscience, 2002. 

[4] J. Capon, High resolution frequency-wave number spectrum analysis, In Proceedings 

of IEEE, address, Proceedings Editor(s), 57, 1408-1418, 1969. 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 280 -



A LOW COMPLEXITY ADAPTIVE BEAMFORMER
FOR ACTIVE SONAR IMAGING

J.I.Buskenesa, A.Austenga, C.-I.C.Nilsena

aDept. of Informatics, P.Box 1080 Blindern, N-0316 OSLO

Contact author: Jo Inge Buskenes
Dept. of Informatics, Univ. of Oslo, P.Box 1080 Blindern, N-0316 OSLO
joibu@ifi.uio.no

Abstract: The angular resolution and contrast in active sonar images depend on the beam-
former's ability to receive signals from directions of interest, while suppressing noise and inter-
ference emanating from other directions. For sonar arrays, this is achieved by applying weights
to the array channels.

While classical beamformers use predefined windows, adaptive beamformers estimate the
optimal window by analytical evaluation of the data. The minimum variance (MV) beamformer,
for instance, calculates the set of weights that minimises the variance of the beamformer's out-
put.

We have implemented a Low Complexity Adaptive (LCA) beamformer, which adaptively se-
lects a window from a predefined set. The set is comprised of windows that are typical solutions
found by the Minimum Variance method. The LCA beamformer was tested using simulated and
experimental data from the Kongsberg Maritime HISAS 1030 sonar. On a simulated scene with
speckle, highlight and shadow, the beamformer offered better lateral edge definition compared
to the MV beamformer, and speckle intensity and shape comparable to DAS and MV beamform-
ers. These results were verified by the experimental data.

An attactive trait of the LCA is its low computational complexity; while the MV beamformer
is of O(M3), the LCA method is of O(MW ), with M being the number of channels and W the
number of windows. We made the LCA perform like the MV method using a well designed set
of 30 windows. Hence, unless the array is very small, the proposed method will perform like
the MV beamformer or better, and at a fraction of the computational cost.

Keywords: Beamforming, Capon, Minimum variance, Low Complexity, Sonar
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1. INTRODUCTION

In active sonar array imaging, an acoustic wave is transmitted and the received echoes are
usually recorded using an array of sensors. Each of these may be independently delayed and
weighted such that signals emanating from directions of interest are added constructively, while
noise and interference from other directions add destructively. Additionally, a window may be
applied to the sensor channels to further adjust the arrays spatial response. This process is
known as beamforming.

Traditional beamformers such as Delay-and-Sum (DAS) weight the sensors using a prede-
fined window. However, since the optimal spatial response is likely to change with time, it
is often preferred to use beamformers that continously adapt the weights to the dynamic data.
This usually involves solving some optimization problem.

The Minimum Variance (MV) beamformer selects the window that minimizes the beam-
former's output power [1]. It has recently been investigated for active sonar imaging in e.g. [2],
and in ultrasound imaging in e.g. [3]. We suggest using a Low Complexity Adaptive (LCA)
beamformer, which for each pixel applies a set of predefined windows and selects one of them
based on the MV criterion. Using the LCA beamformer results in increased robustness and
improved edge definition compared to the MV and DAS beamformers.

2. BACKGROUND

The MV beamformer computes the window coefficients by estimating and inverting a spatial
covariance matrix. For improved estimation accuracy the data is averaged in space or time, or
both. In addition, a certain amount of diagonal loading is often added to the covariance matrix
before inversion. These actions, while leading to statistical robustness, tend to deteriorate the
beamformer's performance. Also, the inversion of the covariance matrix has a computational
complexity of O(M3), where M is the number of elements. The computational burden makes
the MV beamformer for large arrays less attractive, and sometimes even infeasible.

Based on the proposed method by Synnevåg [4], we have implemented the LCA beamformer
that keeps the minimum variance optimisation criterion but reduces the solution space to a
discrete set of predefined windows. This reduces the computational complexity to O(MW ),
where W is the number of windows in the set. We use the Kaiser window function because
it allows us to design a wide range of windows with different mainlobe widths and sidelobe
suppression by adjusting the tradeoff parameter β [5]. In addition we apply steering to each of
the windows and constrain the window design to ensure unit gain in the look direction.

The following will show that the proposed method performs similarly to or better than the
MV method.

3. EXPERIMENTAL SETUP

For the LCA to performwell it is important to let it have a diverse selection ofwindows to choose
from. This selection is based on observations of the solutions found by theMV beamformer. We
obtained good results in our experiments by letting the LCA beamformer select among 5 Kaiser
windows with uniformly distributed β 's in the range [0.05, 0.5] and a rectangular window. Each
window was steered in 5 different directions, uniformly distributed within 80% of the mainlobe
width of the rectangular window, which is the most narrow. This adds to a total of 30 windows.

To make the choice of window less susceptible to pixel value uncertainties, the LCA beam-
former was set to apply the most frequently selected window in an 11 pixel range region to the
center pixel in that region. In physical terms, this is a region of approximately 20 cm. The MV
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Fig. 1: A simulated circular object buried in speckle is imaged from above.
Top:
Bottom:

Image of a single speckle realisation.
Mean image of 100 speckle realisations.
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Fig. 2: Lateral cut in the mean image at range 41.1m (highlight) and 44.5m (shadow).

beamformer estimated the covariance matrix as described in [3] by averaging over 16 subarrays
and 11 range pixels, and applying 3% diagonal loading.

4. RESULTS AND DISCUSSION

We have tested the beamformers using data aquired by the Kongsberg Maritime HISAS1030
sonar [6], and on simulations of the same sonar with 100 realisations of speckle.

The simulations contained a few highlighted cylindric regions with 2m diameter and a con-
stant intensity 15.4 dB over the average speckle level. We focused on an object centered at 41m
range and -3 degrees azimuth angle. The images produced by the LCA, MV and unweighted
DAS for a single speckle realisation and a mean image of all 100 realisations are shown in
Fig. 1. Each image was normalised by their respective speckle level, and the dynamic range
was clamped at {-30, 15} dB. The physical extent of the of the simulated object was superim-
posed for reference.

In Fig. 1 we observe that both the adaptive beamformers produce images with a more clearly
defined shadow. The edges are sharper and the shadow more distinct. This is because the
adaptive beamformers have better sidelobe suppression, and thus allow less signal energy to
leak from the speckle region into the shadow region. The same effects can also be observed
laterally around the highlight region of the mean image; DAS is more prone to smear energy
into the speckle region than the adaptive beamformers are.

Fig. 2 displays two lateral cuts in the mean image, one through the highlight at 41.1m
range and one through the shadow at 44.5m range. Each cut was computed as the mean of
a 40 cm range band centered at the respective ranges. The transition region between highlight
and shadow is shortest for the LCA, which is advantageous since it results in a more accurate
representation of the object size. The slightly inferior performance of the MV beamformer is
due to the subarray averaging, which makes the effective array smaller [3].
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Fig. 3: HISAS sidescan sonar (SSS) image of the shipwreck Holmengraa.

By studying the LCA performance on the 100 speckle realisations, we found the choice
of window to be highly dependent on the phenomena being imaged. In speckle regions LCA
favored narrow spatial responses with minor steering, while wide and fully steered responses
were often selected in shadow regions. There was also a clear distinction between the responses
selected in sidelobe regions and in speckle regions.

A sidescan image of the 1500 dwt oil tanker wreck Holmengraa is shown in Fig. 3. It is about
68m long and 9m wide, and lies on a slanted seabed at 77m depth [7]. The sidescan image
was created using data from the HISAS 1030 sonar, which is rather unsuited for this purpose
because of its large opening angle. This, and the fact that the wreck was imaged at a range of
about 105m makes the image quality poor, but sufficient to compare our beamformers.

In the Holmengraa image we note again that the LCA produces a cleaner shadow and better
edge definition. The MV method performed almost identically to LCA in this case, and was
omitted.

5. CONCLUSION

The LCAmethod performs similar to theMVmethod, but at a fraction of the computational cost.
The key to achieve this success lies in the design of the window set. Windows that yield vagely
steered narrow responses are preferred in speckle regions, while wide and steered responses are
typically preferred in highlight and shadow regions. A window set of 6 different responses each
steered in 5 different directions proved sufficient in our experiment to match the performance
of the MV beamformer.

The tendency of the LCA to perform similarly to the MV beamformer seems to indicate that
a full solution space is rarely needed in real world scenarios.
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Abstract: The effective range of a sonar depends on the environment in which it is operating.
In an environment with high background noise or considerable multipath, the signal-to-noise
ratio (SNR) is low and the range limited. Multipath propagation is often severe in shallow wa-
ters. In this work we increase the interferometric coherence and hence the useful imaging range
by suppressing multipath signals using a low complexity adaptive (LCA) beamformer. We use
data from the NATO Undersea Research Centre (NURC) collected during the MASAI02 trial.
In our analysis we select a sub-set of the 256 available elements and create an interferometer
with 2 and 3 elements in each receiver array. Our results show a consistent improvement in the
interferometric coherence when using adaptive LCA beamforming as opposed to conventional
beamforming. This implies an improvement in the SNR and an increase in the useful imaging
range. The greatest improvements are observed when the prediction model indicates that there
are strong multipath signals arriving from an angle well separable from the direct return.

Keywords: Multipath reduction, Interferometry, Adaptive beamforming
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1. INTRODUCTION

In shallow water environments, the performance of side scan sonar and synthetic aperture sonar
(SAS) is often degraded because of multipath propagation [1]. The multipath signals interfere
with the direct return causing the signal-to-noise ratio (SNR) to drop.

An interferometric sonar uses the phase difference between two vertically displaced re-
ceivers to estimate the relative depth of the seafloor. In the presence of multipath, the depth
estimates may be unreliable since the assumption of a single echo arriving at each range sam-
ple is violated. In this study the aim is to improve interferometric sonar performance by re-
ducing the multipath interference at each receiver array through adaptive beamforming. The
beamformed output from the two receivers can then be used to compute the interferogram. An
estimate of the SNR in a single ping can be derived from the interferometric coherence between
the time series received at the two receivers [2, 3]. Based on this relation we use the interfero-
metric coherence as a performance metric when evaluating the different beamformers’ ability
to suppress interfering multipath signals. Focusing on the use of small receiver arrays suitable
for mounting on a towed platform, we conclude that the low complexity adaptive (LCA) beam-
former presented in [4] gives a consistent improvement in the coherence and an increase in the
effective sonar range.

2. EXPERIMENTAL SETUP

This study is based on sonar data collected by NATO Undersea Research Centre (NURC) in
2002 [5]. The data was collected in an area near La Spezia, Italy, where the water depth was
about 20 m. In the experiment, a 100 kHz sonar was mounted on a 10.7 m high tower resting on
the seafloor. The sonar array consisted of 256 vertically displaced elements with λ/2 spacing,
with the 64 center elements forming a fully programmable transmitter. The transmitted pulse
was a linear FM chirp with a bandwidth of 10 kHz. Further details about the Multi Aspect
Synthetic Aperture sonar Imaging (MASAI) system can be found in [6].

We use a subset of the available receivers, creating an interferometric array with 2-3 ele-
ments in each receiving array. The receiving arrays are separated by a baseline of 9 λ. The
transmitted beam used in this study is a narrow beam focused at medium range. Figure 1
illustrates the sonar geometry.

Fig. 1: Sonar geometry.
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Fig. 2: Top: Beamformed image of the direct return and multipaths as a function of slant
range and direction of arrival. Bottom: Modeled intensity of the direct return, ’B’, and the

most significant multipaths.

3. MULTIPATH PREDICTION

For bottom imaging applications the SNR can be expressed as the ratio between the desired
direct return and the sum of all multipath contributions and background noise. Each multipath
describes a round-trip propagation from the transmitter into the medium and back to the re-
ceiver. We have used the sonar performance model described in [7] to estimate the contribution
of each multipath.

Figure 2 (top) shows a beamformed image created using data from the experimental setting
described in Section 2. The image was constructed by steering the receive beam consecutively
in directions between -45 and 45 degrees relative to the horizontal, creating an image of the
desired direct echo from the seafloor as well as the multipath signals. A 100-element receiver
array was used to create the beamformed image. The direct return and the most significant
predicted multipaths are indicated by solid lines on top of the beamformed image in Fig. 2 (top).
The predicted intensity of each multipath as a function of range is shown in Fig. 2 (bottom). We
have adopted the same naming convention for multipaths as in [5], combining the letter ’b’ for
bottom scatterings and ’s’ for surface scatterings, using lowercase letters for specular reflections
and an uppercase letter for the single non-specular scattering. The dominating multipath for
the entire imaging range is the one labeled ’Bs’. As the name indicates, it has a path which
is reflected off the seafloor, up to the sea surface and back toward the receiver. It arrives with
an angle well separable from that of the direct return. Depending on the beamwidth of the
receiver, it may still interfere significantly with the direct return, particularly at far range.
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4. RECEIVE BEAMFORMING

The conventional delay-and-sum (DAS) beamformer applies a delay to each receiver element
to steer the beam in a given direction [8]. A set of pre-defined sensor weights are applied
before coherently combining the signals from each sensor. Adaptive beamformers use the
statistics of the received data to compute a set of weights which are optimal in some sense, for
each image pixel. They are generally computationally intensive and require techniques such as
spatial smoothing for robustness. The minimum variance (MV) beamformer [9] is well known
for its high resolution and interference suppression capabilities. However, the need for spatial
smoothing when applied to an active imaging system [10] makes it sub-optimal when using
a receiver array with very few elements. The spatial smoothing step requires at least three
receiver elements.

In [4], Synnevåg et. al propose a simple and robust adaptive beamformer; the low complexity
adaptive beamformer (LCA), where the sensor weights are chosen from a set of P pre-defined
complex windows instead of allowing full adaptivity. The LCA is based on the same criterion
as the MV beamformer, choosing the window function w that minimizes the cost function:

min
p

E
{
|wpy[n]|2

}
, (1)

where y is the output from the receiver array after pre-steering using a time delay. In prac-
tice, Eq. 1 can be estimated by minimizing |wH

p y| for each range and steering angle. Each
window function is normalized such that the sum of the weights equals 1, ensuring a distor-
tionless response in the steering direction. To avoid rapid variations in the choice of window
functions, we use an observation period of one pulse length. The optimal window will not vary
considerably during such a short period since the directions of arrival of the direct return and
multipaths are slowly varying. For each range sample, we apply the window function which is
most frequently chosen within the observation period.

A key step in the LCA beamformer is choosing a sensible set of pre-defined window func-
tions. We use rectangular and Hanning windows, and allow windows with an asymmetrical
response as the ones often chosen by the MV beamformer. These windows are created by shift-
ing the response by ϕ, i.e., multiplying the window function w by ejϕ. The maximum shift is
limited to one sixth of the mainlobe width. Table 1 lists the set of pre-defined windows we have
chosen, ’BW’ denoting the two-sided -3 dB width of the beampattern of a rectangular window.

Table 1: Pre-defined window functions.

Type Steering angle, ϕ

Rectangular 0, ±1/6 BW, ±1/12 BW, ±1/24 BW, ±1/48 BW
Hanning 0 ±1/6 BW, ±1/12 BW, ±1/24 BW, ±1/48 BW

5. RESULTS

Figure 3 (upper plot) shows the measured interferometric coherence when using two elements
in each receiver array and beamforming toward the seafloor. The point where the coherence
drops below 2/3 is defined as the maximum achievable range and marked by a solid horizontal
line. The conventional un-weighted and Hanning-weighted DAS beamformers overlap in the
two-element case. They both drop below the 2/3 mark at 75 meters where there is a dip in
the coherence, and again at 105 meters. The LCA beamformer displays an over-all higher
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Fig. 3: Interferometric coherence for the different beamformers using two (upper plot) and
three (lower plot) elements in each receiving array.

coherence because of its ability to suppress multipath interference. It drops below the 2/3 mark
for the first time at 120 meters.

In Fig. 3 (lower plot), we show the corresponding results when using three elements in each
receiver array. The coherence has improved for all beamformers as a result of the narrower re-
ceiver response and increased array gain of using three instead of two elements in each receiver.
The Hanning-weighted DAS beamformer performs poorly compared to the other beamformers
because of its wide response. Although the un-weighted DAS has higher sidelobe levels, it
is preferred because of its relatively narrow response. The LCA beamformer outperforms the
conventional beamformers because of its ability to choose between a set of window functions.
In this setting, the LCA beamformer typically chooses rectangular windows (i.e., equal weight-
ing over all receivers), steered to one side in order to suppress interfering multipaths. The
interfering multipath in this case is ’Bs’, as indicated by Fig. 2 (bottom). Although it arrives
at an angle which is well separable from the direct return, it interferes with the direct return
because of the wide response of the 2- and 3- element receivers.

Beamforming toward the sea floor requires a priori information about the water depth. We
extract this information from the beamformed image in Fig. 2 (top). For real-time interfero-
metric measurements, the local depth may be estimated using data from the previous ping.
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6. CONCLUSIONS

We conclude that the adaptive LCA beamformer can be used to improve the interferometric
coherence and hence the useful imaging range, for small receiver arrays in a shallow water en-
vironment. The increase in performance depends on the amount of multipath and the direction
from which it is arriving. In challenging environments, a small improvement in the coherence
may imply a significant increase in the achievable imaging range.
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Abstract: Wavefront curvature ranging is a method that consists of an 
 estimation of the radius of curvature of a wavefront that is assumed to 
 be circular. It is usually done by estimating the relative phase of the signal 
 as a function of location on the array. The quality of the range estimate is, 
 among other things, a function of the ratio of the range to the physical 
 aperture of the array. The greater the range being estimated, the longer 
 the array aperture required. Thus, the term “short” in the title means short 
 in comparison to the range. In this paper, we exploit the fact that the array 
is moving, which allows an effectively longer aperture to be synthesized. 
The Doppler incurred by the array motion allows range information not 
exploited in the conventional approach to provide a coherent recursive 
estimation of the range. The algorithm is based on an unscented Kalman 
filter. Simulated results for the narrowband case are shown and a  
framework for the broadband case is developed. 
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1. MOTIVATION  
Consider a hydrophone (receiver) moving at speed v in the positive x direction in a 
two dimensional x-y Cartesian coordinate system, and a source emitting a signal with 
radian frequency s  located in the first quadrant at an angle  from the y axis, as shown 

in Fig. 1. The receiver will then see the (Doppler shifted) observed frequency 0 , where 

 

scv  ]sin)/(1[0   
(1)

 
Thus, if s  were known a priori, the bearing of the source could be estimated with a 

single hydrophone, that is, with a zero physical aperture. 
 
The precision of the estimate will improve with time, since for small   (near 
broadside) and a processing time of T, 
 

  ]1)/)[(/(sin 0 svc   
(2)

 
and the value of 0   is known to an accuracy of T/2 . This “bandwidth” translates into a 

“beamwidth” of '/1 L , where we have set       + and 0    0  +  0  = 0  

+ T/2  and solved for   to first order. Note that we still need a (synthetic) aperture of 
vTL ' . 

 
Thus, with a single moving hydrophone, we can get a bearing estimate of the pure tone 
source. This constitutes a plausibility argument for our claim that the conventional 
beamformer, which assumes that the array is stationary, can be improved upon by 
including the motion in the processor. However, this will require that there be a joint 
estimate of the source frequency and the bearing. 

2. ARRAY AND SIGNAL MODELS  
Consider the configuration shown in Fig. 1. Here, a line array of N point receiver elements 
is moving in the +x direction with speed v. The narrow-band source, which is radiating at 
radian frequency s  is located at sx  and sy , and is moving with speeds sx and sy .  The 

signal arriving at the nth element from the narrowband source is given as 
 

))]((exp[ 0 ttias nnn                
(3)

 
where t is the time and )(tn is the time delay associated with the nth element. The crux of 

the problem lies in the following development leading to )(tn . 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 294 -



 

When t=0, the range to the 1st element is taken as a reference and the time delay for the 
nth element then follows as 
 

  cRtRt nn /))0()(()( 1         
(4)

 
 
with  
 
    

22)])1[(()( ssn yvtdnxtR   
(5)

 
 

The inclusion of the array speed, v, is critical to the passive synthetic aperture effect [1], 
since it introduces the array motion, in the form of the Doppler, into Equation 1 via the 
time delay. In order to exploit this effect however, the source frequency must be known. 
This means that we must treat the problem as a joint estimation of not only the source 
coordinates, but of the source frequency as well. 

3. ALGORITHM 
For a straight-line constant-speed model for the source, the state equations are given by 
 

)1()(  tAXtX                  
(6)

 
             
with 
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The measurement equations now follow from substitution of Equation 5 into Equation 4 
and the result into Equation 3, which, for the case of 0 yx  , we rewrite symbolically as 
 

),,( 0ssn yxfs                   
(9)

 
or from Equation 5, 
 

)]([)( tXCtZ                   
(10)

 
with 
 

T
NsssZ ][ 21                   

(11)
 
 
                               

             
Fig. 1.  Array and source configuration.  R is the range to the first element and the bearing   
is measured from broadside. 
 

We approach this joint estimation problem by using a Kalman filter.  Since we have a 
nonlinear signal model, the linear Kalman filter cannot be used. The unscented [2, 3, 4] 
Kalman filter (UKF), which is valid in the Gaussian case, is used here. 
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R 

SOURCE AT   Xs Ys  
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4. NUMERICAL EXAMPLES 
 
Consider a six-element line array on the x-axis of a Cartesian coordinate system, with the 
first element (n=1) at the origin at t=0. The element spacing is d=7.5 meters, which 
constitutes half-wavelength spacing for the frequency of the source, which is 100 Hz. The 
signal is simulated in MATLAB. The noise is Gaussian. For this example we assume that 
the source is stationary and that the array is moving in the +x direction at 10 m/sec. The 
coordinates of the source are mxs 100 , mys 1000 . This means that the range is 

approximately 1 km at t=0. The UKF was initiated with initial values of mxs 50 , 

mys 500  and Hzs 2.100 . The array has an aperture of 37.5 meters and has an 

acoustic length of 2.5 wavelengths. The range-to-aperture ratio is 27. 
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Fig. 2. The left plot is the bearing in degrees, the center plot is the range and the right  
plot is the source frequency. The signal-to noise ratio for this case is -6 dB at the 
hydrophone level.  
 
In Fig. 2 where the signal-to noise ratio is -6 dB, it can be seen that the range converged in 
20 seconds. In this time, the array traces out a distance of 200 meters. Thus we see that the 
effect of the synthetic aperture is significant. At a range of 1000 meters, the synthetic 
aperture spans an angle of 0.2 radians, or about 11degrees, whereas the physical aperture 
spans only about 2 degrees.  
 
In Fig. 3, the results for a signal-to-noise of -10 dB, the results are somewhat degraded, 
but still informative.  Here there appears to be a large bias in the range estimate but the 
bearing estimate is still excellent. 
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Fig.3. This figure is the same as Fig. 2. except that the signal-to noise ratio for this case is 
-10 dB at the hydrophone level.  

5. BROADBAND CASE 
These results are for a deterministic narrow-band signal. A more realistic demonstration 
would be for a random broadband signal. Some progress has been made for this case. The 
difficulty here is that if one desires to do the processing with a Kalman filter in the time 
domain, it would require a parallel set of processors equal to the number of spectral lines 
desired. As a compromise, a sequence of FFTs can be used, from which an “average” 
phase can be computed. The beamformer algorithm can then be based on a sequence of 
these phase estimates in time, as a set of preprocessed measurements. 
 
This average phase is computed as 
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Here n labels the hydrophone, m is the frequency index and 1  is the lowest spectral 

frequency. This approach has already been successfully used for bearing estimation using 
real data [5] and performed extremely well.  
 

6. CONCLUSIONS 
It has been shown how model-based processing can significantly improve the performance 
of a towed array. By including the wavefront curvature and the array motion in the signal 
model, the effective length of the array can be increased and the range and bearing of a 
target emitting an acoustic signal can be estimated. The inclusion of the array motion in 
the signal enables the algorithm to exploit the bearing information inherent in the Doppler, 
thereby increasing the array gain, and allowing the path of the array traced out by its 
motion to be effectively used in the range estimation. One could think of the range 
estimation as a form of coherent triangulation, thereby outperforming a conventional 
triangulation, which is based on two or more bearing estimates that are combined 
incoherently. 
 
It should be noted that although we included the source speeds sx and sy in the state 

vector, they did not converge to a solution in the 60 seconds allowed. We presume that 
these parameters suffer from poor observability in the selected scenario.  
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 EXPLOITATION OF INVARIANCE STRUCTURE IN TOWED 
HORIZONTAL LINE ARRAYS 

Lisa M. Zurk 

Lisa M. Zurk, 1900 SW Fourth Ave, Suite 160-17, Portland, OR, United States 
zurkl@pdx.edu 

Abstract: The waveguide invariance concept has been used to explain the structure 
observed in time-frequency spectrograms for moving sources in ocean channels. The 
appearance of striations is due to the constructive and destructive addition of propagating 
modes. Under the assumption of a waveguide invariant, the locations of the intensity 
maxima are roughly independent of the exact parameters of the ocean channel. In this 
presentation the waveguide invariant concept is extended to explain striations observed in 
the frequency structure across phones of a towed horizontal line array (HLA). The 
aperture of an HLA provides exposure to the range dependent structure of the 
propagating field, with intensity maxima again predicted by the invariance formulation. 
The advantage of using an HLA to obtain striation information is that the features can be 
produced with a single snapshot of data, instead of requiring a time history. This is 
particularly beneficial to invariance processing of active sonar data, which has discrete 
pings separated by long intervals of time.  Depending on the sonar frequency, 
conventional HLA narrow-band beamforming may obscure the appearance of the 
striations. For higher frequencies, an alternate approach for active sonar is to utilize an 
invariance beamformer to coherently combine phones in a fashion corresponding to the 
invariance prediction. Examples of the invariance structure and beamforming for a towed 
HLA operating in a deep ocean environment are presented and discussed. 
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 BENEFIT OF TWO-DIMENSIONAL APERTURE IN MATCHED 
FIELD PROCESSING 

Paul Hursky, Ahmad T. Abawi, Michael B. Porter 

Paul Hursky, 3366 North Torrey Pines Court, Suite 310, La Jolla, CA 92037, United 
States 
paul.hursky@hlsresearch.com 

Abstract: Using the near-orthogonality of normal modes over the water column enables, 
vertical arrays provide the capability to separate the normal modes prior to beamforming, 
providing estimates of range and depth. However, if there are multiple sources, some  
much louder than others, the horizontal aperture's ability to form nulls in azimuth begins 
to outweight the benefits of vertical aperture. We will present simulation results 
comparing various combinations of horizontal and vertical apertures and evaluate their 
ability to both resolve source range and depth and to cope with a loud interfering source 
in an adaptive matched field processing context, where the loud source hides other  
sources if conventional Bartlett (i.e. non-adaptive) MFP is used.  
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 BAYESIAN TRACKING OF MULTIPLE ACOUSTIC SOURCES 
WITH OCEAN ENVIRONMENTAL UNCERTAINTIES 

Stan Dosso, Michael Wilmut 

Stan Dosso, School of Earth and Ocean Sciences, University of Victoria, Victoria B.C. 
Canada V8W 3P6 
sdosso@uvic.ca 

Abstract: This paper considers matched-field tracking of multiple acoustic sources in 
shallow water when properties of the environment are poorly known. A Bayesian 
formulation is developed in which water-column and seabed parameters, noise statistics, 
and locations and complex strengths (amplitudes and phases) of multiple sources are 
treated as unknown random variables constrained by acoustic data and prior information. 
Markov-chain Monte Carlo methods are applied to integrate the posterior probability 
density (PPD) over the nuisance parameters to extract marginal probability distributions 
over range and depth for each source. In particular, Metropolis-Hastings sampling in a 
principal-component space is applied to environmental parameters, and Gibbs sampling 
to source locations. Closed-form maximum-likelihood expressions for source strengths 
and noise variance at each frequency are applied to sample these parameters implicitly, 
substantially reducing the dimensionality of the inversion. The result is a time-ordered 
sequence of joint marginal probability distributions for the range and depth of each 
source, from which optimal track estimates and uncertainties are obtained. Marginal 
PPDs for source strength are also of interest to investigate to what extent source spectra 
can be resolved.  
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 PASSIVE SONAR TRACKING USING RECEIVED SIGNAL 
AMPLITUDE FLUCTUATIONS 

R. Lee Culvera,   Colin W. Jemmottb, Alexander W. Sella, Andrew T. Pyzdeka, and Brett E. 
Bissingera 

aApplied Research Laboratory, The Pennsylvania State University, PO Box 30, State 
College, PA 16804 
bApplied Operations Research, Solana Beach, CA 92075 

Contact Author: R. Lee Culver, Applied Research Laboratory, The Pennsylvania State 
University, PO Box 30, State College, PA USA 16804, Tel. 814 865-3383,  Fax. 814 863-
1841, rlc5@psu.edu 

Abstract: We present a passive sonar tracking algorithm that utilizes variations in the 
amplitude of the signal received from a source in motion.  The approach is model-based in 
that it employs an acoustic propagation computer program, and Bayesian in that prior 
knowledge is used to compute a posterior probability distribution function from which the 
target location is estimated. The algorithm is designed to be used on the continental shelf 
where the water is shallow (depth is less than 200 m).  Low acoustic frequencies (< 1 kHz) 
are preferable because they suffer less attenuation due to absorption and because the 
lower spatial frequency is more robust to data-model mismatch.  The method takes 
advantage of the multipath interference that occurs in shallow water, which causes a 
spatial interference pattern in the transmission loss (TL).  We have successfully applied 
the algorithm to two shallow water sites.  The current effort is to investigate how 
performance of the algorithm depends upon the quality or accuracy of the relevant 
parameters, including signal bandwidth, acoustic properties of the ocean bottom, and 
signal to noise ratio.  Work supported by the Office of Naval Research Undersea Signal 
Processing. 

Keywords: Passive sonar signal processing, tracking and source localization, Bayesian 
signal processing, model-based signal processing 
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1. INTRODUCTION  
A typical shallow water, passive sonar scenario involves a source radiating acoustic 

energy (perhaps unintentionally) and one or more hydrophones receiving the signal.  
Acoustic energy propagates along many paths, including ones with multiple reflections by 
the ocean surface and bottom, resulting in an acoustic field with a complex spatial 
interference pattern.  For example, the left panel of Figure 1 shows predicted amplitude 
loss for a source near the bottom in a 200 m deep environment.  If a receiver moves 
toward or away from the source at constant depth, spatial variability in the acoustic field 
will result in temporal amplitude modulation in the received signal.  The right panel of 
Figure 1 is a measurement of the amplitude fluctuations of two tonal signals transmitted 
during the SWellex-96 experiment discussed below.  Here however, the transmitter was 
moving through the water and the receiver was fixed. 

 
Figure 1: (left) Amplitude loss predicted using an acoustic propagation model for a 
200 Hz tonal source near the bottom in 200 m deep water. (right) A measurement of 

amplitude fluctuations at a fixed receiver for two signals transmitted by a source 
moving away at constant depth. 

 
Physics-based signal processing algorithms are ideally suited for passive sonar 

detection, classification, and localization in such complex environments. For example, 
many physics-based passive localization methods have been explored, using acoustic 
models as diverse as ray-based propagation [1], modal propagation [2], parabolic equation 
propagation [3], and appeals to basic physics [4].  Acoustic propagation modelling, a key 
element of the signal processing architecture described here, can aid in extraction of 
source location from the received acoustic signal. 

One method for incorporating acoustic propagation into signal processing is to use a 
best guess of acoustically important ocean environmental parameters, and assume that the 
resulting field exactly matches reality [6].  However, the model results are only as accurate 
as the environmental parameters put into them.  For a passive sonar system operating in a 
real ocean, factors such as sound speed inhomogeneities, uncertainty regarding the ocean 
sediment, and a lack of information about the source characteristics and dynamics lead to 
uncertainty in the received signal and can result in significant data-model mismatch [6]. 

The robustness of physics-based signal processing to data-model mismatch resulting 
from uncertain environmental parameters can be improved by including statistical 
knowledge of the environmental parameters.  A Bayesian approach incorporates 
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probabilistic knowledge about environmental, source and system characteristics into the 
signal processor as prior probability density functions (pdfs) in order to improve passive 
detection, classification and localization [7, 8]. 

2. BAYESIAN LOCALIZATION ALGORITHM 
Figure 2 shows a flowchart of the localization algorithm discussed in this paper.  The 

inputs are prior knowledge about the environment and source characteristics, in addition to 
the acoustic data itself.  The output of the algorithm is an estimate of source location.  

 
Figure 2: The Bayesian localization algorithm. 

 
An acoustic propagation model is run for a range of possible environments and the 

outputs for each range and depth cell are combined into probability distribution functions 
that indicate the relative likelihood of a particular transmission loss occurring.  The signal 
radiated by the source is a sinusoid at frequency 0f , with slowly time-varying and 
unknown amplitude [ ]SLA n  and phase  : 

 0[ ] [ ]cos 2SLv n A n f n       (1) 
where n is the discrete time index.  The received signal is modelled as 

   0[ ] [ ] cos 2 [ ] [ ]y n A n f n n W n   s     (2) 
The source parameters range [ ]r n , range rate [ ]r n , depth [ ]z n , and amplitude [ ]SLA n  have 
been gathered into a time-varying source state vector [ ]ns : 

 [ ] [ ] [ ] [ ] [ ] T
SLn r n r n z n A ns      (3) 

The received signal has a different amplitude and phase than that of the radiated signal and 
is corrupted by noise [ ]W n .  The frequency 0f  is also different due to Doppler shift.  The 
amplitude of the received signal in Eqn. (2) can be decomposed into the original source 
amplitude [ ]SLA n and the modulation induced by propagation through the channel [ ]x n : 

 [ ] [ ] [ ]SLA s n x n A n       (4) 
The received signals [ ]y n are basebanded, lowpass filtered and decimated to obtain [ ]x n , 
which is then fed to the localizer. 

As a source location changes, the amplitude modulation due to propagation also 
changes.  Amplitude modulation, expressed in dB, is called transmission loss (TL).  The 
slowly varying changes in amplitude are due to spreading and absorption.  More rapid 
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variations in amplitude are called fading because over time the received signals fade in 
and out.  The acoustic propagation model runs are combined to produce  [ ]| [ ], [ ]f x n r n z n , 
the pdf describing the relative likelihood of the amplitude modulation for all source ranges 
and depths.  This is a primary input to the localization technique. 

The output of the localization framework is the posterior pdf of the source state vector 
associated with location k given all of the received signals [ ], [2], , [ ]x n x x n .  Here k is an 
index for discrete values of the state vector. The localization technique used to transform 
prior environmental and source knowledge and the received signal into a posterior pdf is a 
discretized version of Bayes’ rule [9, p. 13]: 

       
1

[ ]| [1], [ ] [ ]| [ ] [ ]| [ 1] [ 1] | [1], [ ]
K

k k k j j

j
f s n x x n f x n s n f s n s n f s n x x n



      (5) 

The result of Eqn. (5) is the posterior probability density of the time-varying source state 
vector for each location k given all of the data and prior information.  The algorithm uses 
Bayes' rule to combine source prior knowledge with acoustic model results and received 
data to estimate the source location. Because Eqn. (5) depends on predicted acoustic fields 
through  [ ]| [ ]kf x n s n , the physics of acoustic propagation are an integral part of the 
localization technique.  In fact, the signal that the localization technique exploits is the 
amplitude modulation of the received signal due to propagation effects x[n].  The resulting 
posterior pdf is a time evolving range-depth map of the relative likelihood of different 
source locations.  Because this framework explicitly accounts for uncertainty in 
transmission loss resulting from uncertainty in environmental parameter values, modelling 
error and noise, it should perform well in the face of data-model mismatch. 

3. LOCALIZATION EXAMPLES 
SWellEx-96.  The localization algorithm was applied to acoustic data from Event S5 

of the SWellEx-96 experiment1.  The acoustic data processed below are from sensor 1 of 
the south horizontal line array, HLA South.  Acoustic sources transmitting multiple 
continuous wave signals were towed away from the receive array at 9 and 54 m depth.  
The right panel of Figure 1 above shows a pair of received signals, one each from the 
shallow and deep sources.  Without propagation-induced amplitude modulation, the 
received signals would appear as solid red lines against a noise background.  However, as 
discussed above, source motion maps spatial variability into temporal amplitude 
variability at the receiver, causing the signal to fade in and out. 

The localization algorithm was run twice on the SWellEx-96 data, once with six tones 
from the shallow source and again with six tones from the deep source.  All of the tones 
were between 100 and 250 Hz.  Figure 3 shows the joint posterior pdf of source range 

[ ]r n  and depth [ ]z n  based on six tones radiated by the deep acoustic source.  The figure 
represents a two dimensional slice through the four dimensional state vector posterior pdf.  
The exact function being plotted is 

 [ ], [ ]| [ ], [ ], [1], [ ]SLf r n z n A n r n x x n      (6) 

where [ ]SLA n , [ ]r n  are the most likely values of source level and velocity, respectively. 
Figure 3 consists of six panels, each corresponding to a different time.  Perfect 

localization would result in the Xs being in the same location as the circles.  The distance 

                                                 
 
1 http://www.mpl.ucsd.edu/swellex96/index.htm 
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between the estimated and actual source location is localization error.  In addition, with 
perfect localization, the gray region (posterior probability density) should be compact.  
The prior distribution of the state vector is uniform, so a plot of the localization result at 
zero minutes (before data is taken) would be a solid gray background. 

 
Figure 3: Swellex-96 localization results for the deep source.  Note that there are 

many iterations between each result shown.  The gray scale is log probability density, 
with darker gray corresponding to higher probability density. The true location of 
the acoustic source is indicated by a red circle.  The peak of the range-depth joint 

posterior pdf is indicated with a red X in each frame.   
 
At eight minutes there is still significant ambiguity.  However, as time passes, the 

posterior pdf becomes grouped around the more likely values.  The depth is estimated 
accurately in all but the 16 minute panel.  For the results at 16, 24 and 33 minutes, the 
range of the source is estimated well.  At 41 and 49 minute the depth estimation remains 
quite good, while the range estimation error increases.  The reason for this is poor 
estimation of source velocity, which is discussed by Jemmott [10]. 

The range-depth localization accuracy is summarized in Table 1, which provides the 
percentage of time that the estimated depth or range is within a certain distance from the 
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true value. Depending upon how accurately source depth is desired, satisfactory 
performance may be achieved more than 80% of the time. 

 
Table 1: Swellex results 

 
An important consideration for any algorithm is performance as the signal to noise 

ratio (SNR) drops.  The effect of SNR on filter performance has been studied by adding 
uncorrelated noise from adjacent frequency bands to the bands containing the signals.  The 
noise from nearby ("guard") bands was verified to have similar statistics but be 
uncorrelated with noise in the bands containing signal.  The time-varying SNR for each 
frequency was taken as a 30 second average of the filtered, basebanded and squared 
signals divided by a similar quantity calculated for a nearby noise-only band. The initial 
value is the peak SNR for each frequency because the source range was opening.  Peak 
SNRs for the nine frequencies were (linearly) averaged and the result expressed in 
decibels.  The metric used to quantify filter performance change with SNR is an integral 
over an area of the marginalized posterior pdf (Eqn. 6) within a given range or depth of the 
correct location. The integrated probability was calculated for each time step, and the 
mean value over the entire record was taken as the performance metric. 

Error! Reference source not found. shows the localizer’s ability to determine depth; 
range estimation performance was very similar. In both cases, the filter performs well as 
long as the initial input SNR is 20 dB or greater.  Lower initial SNR causes a precipitous 
drop in performance.  When the SNR is reduced, noise fills in the troughs in received 
signal level such that the pattern of TL variation is more difficult to discern. It may be 
possible to include a noise distribution in the localization algorithm in order to reduce or at 
least predict the influence of noise on the processor.  This is an area of future work. 

2007 CALOPS.  The localization algorithm has also been applied to acoustic data 
from Run 1 North of the 2007 CALOPS experiment.  Run 1 North was similar to Event S5 
of the SWellEx-96 experiment except that a single source was towed below the surface (at 
60 m depth), away from a bottomed hydrophone array, along an iso-bath, and in shallow 
water (260m).  These data, however, present several challenges that did not exist during 
the SWellEx-96 experiment. 

The most formidable difficulty lies in the fact that although the towed source 
broadcasted five CW tones, they were only present for half of every two minute cycle (the 
other times were comprised of linear frequency sweeps).  Another difficulty was that the 
broadcasted tones in the CALOPS data differed in source level by as much as 15dB.  
Increasing the size of the state vector to include a different source level for each frequency 
would increase the dimension of the algorithm and make convergence much more difficult 
to achieve.  Thus the source level differences were ignored, but performance is not as 
good. 
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Figure 4: Probability of correct depth estimation as a function of peak SNR for 

the deep and shallow sources in the SWellex-96 experiment.  The numbers in the 
legend indicate the maximum error.  Range estimation performance was similar. 

 
For the CALOPS data, the acoustic propagation model was run for 800 range 

independent environments.  Water depth was varied from 253 to 263 meters to account for 
bathymetric variations along the source track.  Uncertainty in the upper sediment layer 
was accounted for by varying the layer thickness from one to four meters.  Finally, eight 
sound speed profiles were generated from XBT and CTD casts performed around the time 
of data collection.  The received data were taken from the beamformed output of the 125 
element, bottomed, horizontal line array (HLA).  The data were normalized to have an 
RMS value of one, as were the acoustic propagation model produced TL maps. 

The localization results for the first 36 minutes of the CALOPS Run 1 North are 
shown in Figure 5.  As before, the red x represents estimated source location, and the red 0 
represents true source location.  Although the source is tracked with reasonable accuracy 
for part of the time, the posterior pdf contain serious ambiguities in range and depth.  The 
frequency-dependent source levels and intermittent signal transmission are possible 
reasons for the poor performance, but environmental and other situational effects cannot 
yet be ruled out.  These effects will be the topic of future work. 
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Abstract- 
 

The Probabilistic Multi-hypothesis Tracking (PMHT) algorithm [1] is a batch type multi-target 
tracking algorithm based on the Expectation-Maximization (EM) method [2].  Unlike other 
popular batch methods the computational burden of PMHT grows linearly in the size of the 
batch, the number of clutter detections, and the number of targets tracked.  This is achieved by 
employing the independent assignment model for assigning measurements to tracks which gives 
rise to a different likelihood function that that used by the other methods.  Initial formulations of 
PMHT rigorously applied the EM method and showed that under the independent assignment 
model PMHT can be implemented as iteratively reweighted Kalman smoothers providing true 
multi-target tracking without exhaustive enumeration of data association hypotheses required by 
other methods (e.g., Multi-Hypothesis Tracking).  Unfortunately, Monte Carlo studies [3] of the 
single target in clutter tracking problem have shown that PMHT achieves little or no gain in 
track hold performance over established recursive tracking methods (e.g., Probabilistic Data 
Association Filtering).  These difficulties are due to the fact that PMHT does not compute an 
accurate estimate of the error covariance of the state estimates and that the EM method will 
often fail to converge to the global peak of the Likelihood function [4]. 

  The authors have modified the E-M based optimization method and significantly improved the 
convergence behavior using accurate approximations to the true error covariance matrices of 
the synthetic measurements and the state estimates.  This paper describes the reformulation of 
PMHT that allows the E-M based optimization method to adapt to the true error covariance of 
the synthetic measurements.  The convergence behavior of Adaptive PMHT is assessed with an 
appropriate simulation study.  Specifically, the Monte Carlo study in [3] is repeated to 
investigate the ability of Adaptive PMHT to hold track on a single constant velocity target in 
clutter with measurements from a monostatic active type sensor.   

 
Index Terms- Adaptive Probabilistic Multi-hypothesis Tracker, monostatic active sonar, batch 
target tracking, measurement error covariance, state estimate error covariance. 
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1.  INTRODUCTION 
 
Batch tracking algorithms (e.g., Multi-Hypothesis Tracking, MHT) are currently being 

developed and investigated for mono-static active sonar systems to improve overall tracking 
performance in general and track hold during contact maneuvers and temporary loss of detection 
in particular.  The cost of estimating a sequence of target states instead of just the current state 
(i.e., recursive tracking) is increased computational burden and for many batch algorithms the 
computational load increases factorially with the length of the batch.  The Probabilistic Multi-
Hypothesis Tracking (PMHT) algorithm considered here enjoys the advantage of having a 
computational load that grows linearly in the length of the batch, the number of contacts and the 
density of clutter.  This is true even if the targets tracked are in close proximity or crossing. 

Most methods exhibit combinatorial growth in their computational burden because they are 
based on the conventional assumption that each target generates at most one detection per scan 
per sensor which requires the enumeration of every possible sequence of detection to track 
assignments to determine the Maximum Likelihood estimate of target trajectory.  By contrast 
PMHT is based on a more flexible assignment model that allows for the possibility of more than 
one target detection.  Many schemes have been developed to control the computational burden of 
MHT type methods by limiting the selection of assignment sequences to the most likely [5].  
Such pruning methods, however, inevitably sacrifice any optimality property of the full 
algorithm.  The computational burden of any algorithm increases with batch size and therefore 
system designers will need to know the minimum batch size required to achieve the desired 
performance. 

The analysis presented here utilizes a sequential processing architecture where different types 
(e.g., frequency modulated FM and continuous wave CW) of measurements (i.e., clustered echo 
detections) in a single scan are sorted and used to update the track in sequential synchronized 
stages; no measurement fusion of any kind is employed.  Figure 1 illustrates the fundamental 
cycle of a multi-waveform tracking architecture that performs sequential updates to a set of 
tracks using synchronized measurements from two waveforms.  This approach performs more 
updates to the tracks per scan but handles missed detections by an individual waveform more 
gracefully. 

In this analysis an implementation of PMHT based on the centralized architecture depicted in 
figure 1 is used to evaluate track hold performance.  The PMHT algorithm is an adaptation of the 
Expectation-Maximization (EM) method [2] that is formulated to estimate batch state sequences 
of multiple maneuvering targets in clutter from active sonar detections.  EM is explicitly 
designed for estimation problems where the data is fundamentally incomplete.  In this 
application  the measurements contain no information on their origin (e.g., target or clutter).  The 
derivation of the original PMHT algorithm is well described in [1] and is based on the so called 
independent assignment model; each measurement has some non-zero prior probability of being 
from any one of the targets present independent of the origin of all the other measurements.  
Although this assignment model may seem inappropriate, real world active sonar data often 
exhibits multiple detections for targets due to multi-path propagation environments and when the 
processing over resolves the target.  The independent assignment model gives rise to a different 
likelihood function that the conventional assignment model and PMHT is an iterative procedure 
based on EM for optimizing that likelihood function. 
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Figure 1.  Centralized Multi-Sensor Tracking and Detection 
 

The advantage of the independent assignment model is that when it is used in conjunction with 
the Expectation Maximization method it avoids having to enumerate a large number of candidate 
measurement assignment hypotheses and instead only requires the calculation of the posterior 
probabilities that the r’th measurement at time t originated from target s as 
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             (1) 
where i is the prior probability that a measurement originated from the i’th target being tracked 
and M is number of targets.  Each iteration of PMHT uses these weights to form synthetic 
measurements (a.k.a., measurement centroids) which are then used in a simple Kalman smoother 
to obtain updated state estimates.  This process is iterated until a suitable convergence criteria is 
satisfied, typically less than 10 iterations.   

In practice, however, PMHT often fails to converge to the global maximum of the likelihood 
function; it often converges to a local maximum thereby returning inaccurate estimates of target 
state [4].  This phenomenon is caused by the lack of any error covariance information about the 
current state estimate in the weights calculation and by the use of a badly mismatched 
measurement error covariance in the Kalman smoother.  The authors have made three 
modifications to PMHT to improve convergence:  use a more accurate error covariance of the 
measurement centroids in the Kalman smoother,  and compute an accurate estimate of state error 
covariance, incorporate the state error covariance in the measurement gating stage and in the 
calculation of the association weights.  The key elements of these modifications are, of course, 
the accurate approximations of error covariance of the measurement centroids and the state 
estimates.  The derivation of these quantities is the subject of [7].  These modifications appear to 
have an annealing effect on the optimization of the likelihood function and much more reliable 
convergence to the global maximum has so far been observed.   
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The basic procedure of the Adaptive PMHT algorithm used in this study amounts to iterating 
the following four steps: 
 

1.  Compute the association weights, wstr, for each measurement and target at each time step in 
batch. 

2.   Using the weights compute a measurement centroid and effective error covariance matrix 
(a.k.a. the approximate true measurement error covariance) for each target at each time step 
in the batch. 

3.   Update the track (i.e., the batch sequence of state estimates) for each target with a Kalman 
smoother on the synthetic measurements and error covariance matrices. 

4. Compute the error covariance of the state estimates using the true measurement error 
covariance and the Kalman gains from step 3.  

 
2.  PURPOSE 

 
The purpose of the effort reported here is to assess the target tracking performance of Adaptive 

PMHT using simulated monostatic active sonar data sets based on the scenarios in [3].  This 
study investigates the estimation accuracy and the ability of Adaptive PMHT to hold track on 
constant velocity contact in clutter.  Situations involving temporary loss of detection (a.k.a., drop 
outs) are of particular interest.   

In order to focus on the track hold and estimation accuracy performance the tracking 
conditions are assumed to be ideal in most other respects:  independent and identically 
distributed zero mean measurement errors with known covariance.  The clutter is assumed to be 
uniformly distributed and the spatial density is assumed known.  The clutter level was varied 
across scenarios to investigate the effect of increasing clutter density on track hold and 
estimation accuracy, but the clutter density was always assumed known by the tracker.  The 
target process noise level was varied across the Monte Carlo runs to assess the effect of 
increasing process noise on tracking performance.  As for the target, the probability of detection 
was varied to simulate low, medium and high SNR contacts.  However, no amplitude 
information was modeled or used in any of the trackers analyzed.  This was done to focus the 
analysis on the ability of each algorithm to exploit geographic information in the measurements.  
Moreover, none of the simulated measurements contain a Doppler component, only position 
components; no measurements of Doppler were modeled.    
 

3.  THE SIMULATION 
 
The majority of the simulation runs used in this study exactly replicate a scenario from [3] 

depicted in figure 2; a monostatic situation with the source and receiver fixed at the origin and a 
single target heading away from the sensor at 13.8 knots on a North-East course.  The source 
pings every 30 seconds for a total of 30 pings.  In this study the target probability of detection 
was varied from 0.5 to 0.9.  The low value was chosen to simulate a minimally trackable target 
while the high value was chosen to simulate a very high SNR contact.  The target process noise 
standard deviation was also varied from a low value of 1.0e-04 yds/sec2 to a high value of 1.0e-
02 yds/sec2.  The low value models a nearly perfectly constant velocity target while the high 
value allows for some modest deviations from constant velocity over the 30 pings.  The clutter 
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density was varied from 1.0e-07 detections/yd2 (i.e., 0.1 clutter detection per square kiloyard) to 
1.0e-5.5 detections/yd2 (i.e., 3.2 clutter detection per square kiloyard).  The low value models the 
situation where there is almost no clutter and the high value models the extremely high clutter 
situation where there are on average 3.2 clutter detections in every square kiloyard.  The standard 
deviation of the measurement noise was 100 yds for each positional component.  200 Monte 
Carlo runs were created for each combination of target probability of detection, target process 
noise, and clutter density.   
 

 
 
Figure 2.  Plot of a single simulation run for the scenario from [3]. Source and receiver are at the 

origin and the target heads North-East at 13.8 knots.  Target detections are shown in red and 
clutter is shown in blue.  Low clutter density, high probability of target detection, and low 

process noise are illustrated in this plot. 
 

4.  RESULTS 
 
The performance metric considered here is track hold percentage; the percentage of runs out of 

200 where the tracker held contact for the entire 30 ping run.  A track is declared lost at time T if     
 

           222 42  mtrueesttrueest TTTT yyxx   

where m is the measurement noise for each component; 100 yds. 
The Adaptive PMHT algorithm with a batch size of 11 pings and the Probabilistic Data 

Association Filter (PDAF) [12] were applied to each of the Monte Carlo simulation data runs for 
each combination of clutter density, process noise, and probability of target detection and the 
track hold results were tabulated.  The PDAF algorithm was chosen for comparison because it is 
a popular recursive tracking algorithm that exhibited equivalent or better track hold performance 
against PMHT in [3].  The analysis of PDAF was repeated to confirm the earlier results and 
indeed the PDAF performance results reported here are statistically identical with those reported 
in [3].  
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All target tracks were initialized with the standard two-point initialization method using the 
first two target locations corrupted by random measurement noise.  For APMHT the track 
initialization formed the initial state estimate in the batch which was allowed to grow until it 
reached the maximum size of 11 pings and then shifted thereafter. 

Figure 3 is a plot of the first section of Table 1 showing the improvement in track hold 
achieved by Adaptive PMHT for the most challenging of all cases considered; the clutter density 
is very high (i.e., 3.2 clutter detections per square kiloyard), and the target process noise is high 
(0.01 yards per second squared).  Adaptive PMHT achieves over 30% increase in track hold 
percentage at all values for probability of target detection.  This improvement is most striking at 
the lowest value of target detection probability (0.5) where PDAF holds only 2% of targets.  The 
95% confidence limits depicted in figure 3 clearly reveal the statistical significance of these 
results.  Moreover, these confidence limits are typical of the other results in the following tables. 

 

 
 

Figure 3.  Monte Carlo simulation analysis showing Track Hold Percentages (bold lines) 
achieved by Adaptive PMHT and Probabilistic Data Association Filtering (PDAF) as a function 

of Target Detection Probability in heavy clutter (3.2  clutter detections per sq. km.) with 95% 
confidence limits (fine lines).  Adaptive PMHT achieves statistically significant higher track 

hold.  
 

Table 1 also gives the track hold percentages achieved by APMHT and PDAF for other 
combinations of clutter density, probability of target detection, and process noise level.  Taken 
together the first three sections of Table 1 clearly show that for the high process noise cases 
Adaptive PMHT achieves the greatest improvement in probability of track hold at low PD and 
high clutter; precisely the cases in need of improvement.  Although, the improvement in track 
hold decreases as PD increases and clutter density decreases, the track hold probability increases 
dramatically for both algorithms as expected.   The last three sections of Table 1 show the 
identical trends for the low process noise cases.  In fact, the track hold performances of both 
algorithms appear to be remarkably insensitive to the process noise level.  
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Track Hold Percentages 
 Clutter density =3.2 det./sq. kyd. p=0.01 

 PD=0.5 PD=0.7 PD=0.9 
PDAF 2 6 25 

APMHT 37 46 60 
 Clutter density =1.0 det./sq. kyd., p=0.01 

 PD=0.5 PD=0.7 PD=0.9 
PDAF 14 50 83 

APMHT 58 74 84 
 Clutter density =0.1 det./sq. kyd., p=0.01 

 PD=0.5 PD=0.7 PD=0.9 
PDAF 86 95 99 

APMHT 87 96 99 
 Clutter density =3.2 det./sq. kyd., p=0.0001 

 PD=0.5 PD=0.7 PD=0.9 
PDAF 2 10 27 

APMHT 37 49 57 
 Clutter density =1.0 det./sq. kyd., p=0.0001 

 PD=0.5 PD=0.7 PD=0.9 
PDAF 15 55 82 

APMHT 49 76 82 
 Clutter density =0.1 det./sq. kyd., p=0.0001 

 PD=0.5 PD=0.7 PD=0.9 
PDAF 90 95 99 

APMHT 88 93 99 
 

Table 1.  Monte Carlo simulation analysis showing Track Hold Percentages achieved by 
Adaptive PMHT and Probabilistic Data Association Filtering (PDAF) as a function of Target 

Detection for high clutter and high process noise.  Adaptive PMHT achieves significantly higher 
track hold at all values of PD. 

 
5.  CONCLUSIONS 

 
The results in the preceding section clearly show that Adaptive PMHT can achieve adequate to 

exceptional track hold performance at low values of target detection probability and high clutter 
density with a modest batch length.  Moreover, the track hold performance was robust to process 
noise.  Adaptive PMHT can provide the performance improvement of other more 
computationally intensive batch algorithms (e.g., Multi-Hypothesis Tracking [5]) 
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This study focused on the single scenario depicted in Figure 2.  The authors are also 
investigating other scenarios from [3] as well as some maneuvering and crossing target 
scenarios.  Those results will be provided in future publications.    

The results presented here clearly show that Adaptive PMHT provides at least competitive, 
and possibly impressive, mono-static tracking performance on simulated active sonar data. 
Adaptive PMHT can provide the performance improvement of other more computationally 
intensive batch algorithms (e.g., Multi-Hypothesis Tracking).  Moreover, Adaptive PMHT offers 
system flexibility; it can be implemented in either distributed or centralized architectures and 
combined with almost any measurement fusion scheme or track management logic.  Appropriate 
track initialization methods have been presented in [8], [9] and [11].  Adaptive PMHT is a viable 
multi-target tracking method and it should be considered for use in mono-static active sonar 
systems.  
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Abstract: A method is discussed for the detection and localization of persistent contacts. 
The method is suitable for very shallow water operations involving an autonomous vehicle 
with a mid-to-high frequency active forward-looking sonar. The method attempts to 
achieve the following goals: 1) accurately detect and localize only physical targets that 
exhibit persistent detectability over pings with a wavetrain that provides position and 
Doppler information. The method is therefore expected to successfully filter out detections 
from clutter. 2) exploit accurate on-board position and velocity information (from an INS-
DVL unit) while eliminating both the Ownship Doppler Correction step and fine bearing 
estimation to arrive at a physically unbiased 3D uncertainty region in location and a set 
of vectorial velocity options specific to each persistent detection. 3) Dead-reckon based on 
these position and velocity options to achieve deterministic data association across pings. 
This would lead to trackers that no longer require probabilistic data association methods. 
4) minimize dependence on user-selected design parameters. In-water results in 
unstructured scenarios are briefly discussed. 
 
Keywords: Automated detection and registration, Active Sonar, Surveillance, CFAR, 
Probability of Detection, False Alarm Reduction, Tracking 

1. INTRODUCTION  

AUV-based surveillance of a large area using active sonar is a difficult problem which 
has historically been approached in a specific manner. Spatial filtering, via beamforming, 
is followed by a matched filtering and detection stage. As sonar signals are bandlimited, 
sampling at just the Nyquist rate is sufficient for virtually perfect reconstruction. However, 
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detection is almost always performed on sampled data which can exhibit scalloping (SNR) 
loss. Detector thresholds and noise windows are selected for certain performance of 
Probability of Detection of known SNR contacts and Probability of False Alarm in 
Gaussian noise. The next step involves determining the location of every detection formed 
in each receive beam. A fine-bearing interpolation scheme, suitable for high SNR point 
targets in an isotropic Gaussian noise background, produces angle-of-arrival (AOA) 
estimates. However, such methods can result in biased estimates when operating in 
complex environments such as shallow water waveguides that support multipath or when 
dealing with low SNR contacts. These AOA estimates, along with time-delays translated 
to monostatic ranges, locate each detection relative to the platform. In shallow water, such 
estimates need to be adjusted when the combination of angles and ranges lead to non-
physical solutions. The need for adjustment calls into question the validity of the estimates 
themselves. These estimates are also used to determine a speed for the contact when a 
Doppler sensitive waveform such as a Continuous Wave (CW) burst is transmitted and 
detected. In this process the platform speed and sound speed are assumed exactly known 
and are used in some form of Ownship Doppler Correction. Doppler processing ultimately 
results in a single estimate of contact speed, with no knowledge of direction. The 
combination of these estimates, user-specified estimates of their accuracy and user-
selected association constants are subsequently used to cluster detections within a ping. 
These clusters are treated as independent from ping to ping. Rough knowledge of the 
platform kinematics is used to adjust cluster locations across pings. A probabilistic data 
association step, implicitly dependent on the quality of the location estimates and quality 
of platform position, is most commonly applied to collect “measurements” for tracking.  

 
Robust surveillance methods must a) minimize the occurrence of biased estimates and 

b) reduce the number of user-selected parameters present in the processing. The remainder 
of this paper is devoted to discussing such an approach. We attempt to replace point 
estimates with interval estimates. These interval estimates are formed without many of the 
common user-selected design parameters. Instead knowledge of the environmental 
uncertainties along with errors in platform kinematics and beam extents is directly used.  
Interval estimates can be readily appreciated as less biased than point estimates but appear 
to possess greater uncertainty. The question is one of accuracy versus precision. 
Specifically, an accurate estimate with poor precision (i.e. large variance) is preferred over 
one that may appear to possess a small variance (i.e. high precision) but has poor 
accuracy. We stress that the assumed smaller variance of the conventional approach is 
somewhat dubious. Preliminary results based on experiments from 2008 in Portland 
Harbour UK are provided. 

2.  FM AND CW PROCESSES  

A wavetrain consisting of a 2T second Continuous Wave (CW) waveform sandwiched 
between two identical T second Hyperbolic Frequency Modulated (HFM) waveforms is 
used in our experiments. The HFM waveform has an SNR advantage over the Linear 
Frequency Modulated (LFM) waveform when the contact has non-zero velocity [1]. The 
error in peak location is also virtually non-existent at speeds of interest. The center 
frequency of the CW waveform is set outside of the HFM band. 
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Figure 1: Processing Block Diagram  

 
 
Processing within a ping operates on the oversampled element time series. The ping 

records (denoted as ping#.mat in Figure 1) are first formed. Frequency domain 
beamforming is performed for an entire ping record - approximately 5-6 seconds in 
duration. Pitch and roll of the platform at time of transmission of each waveform is 
specifically considered to steer the receive beam set identically in space around the current 
heading. A large (17 x 9) beam set was selected to minimize spatial scalloping loss. Each 
beam possessed approximately a 5 beam width in both the azimuth and vertical 
directions. Seventeen azimuthal hypotheses covering a range of [-42.5,+42.5] coupled 
with nine vertical hypotheses covering a range of [-22.5,+22.5] were considered. 

 
Matched filtering - correlation with the transmitted replica for the HFM and DFT 

processing for the CW – is then performed. Both matched filtering processes step forward 
by a single sample to minimize scalloping loss. A maximum speed for contacts of interest 
along with knowledge of platform speed and heading was used to restrict the number of 
DFT bins of interest. The CW waveform duration is long enough to neglect scalloping loss 
due to DFT bin spacing.  

The ordered statistic constant false alarm rate (OS-CFAR) detector of Rohling [2] is 
used to declare threshold crossings in the beam time series. Benefits of the OS-CFAR 
detector include robustness against spiky clutter in the reference sample set. The reference 
window size is fixed and chosen along with a desired probability of false alarm (Pfa). 
Selection of independent and identically distributed (i.i.d.) samples was performed based 
on the bandwidth and sampling rate for the HFM case. In the CW case correlated samples 
were selected. However, the effect on Pfa regulation may not be severe [3].  The design 
Pfa, window size and beam set are among the few user-selected parameters used in this 
process.  

 
A requirement is imposed that both HFM waveforms needed to generate temporally 

consistent threshold crossings in order for a beam time series detection to be declared. The 
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location of the detection would then correspond to the location of the threshold crossing 
based on the first HFM waveform. Threshold crossings for the CW waveform can occur at 
various (sample number, DFT bin) pairs. The AUV platform, supplied by Atlas Elektronik 
UK, is equipped with a navigation grade Inertial Measurement Unit (IMU) and Doppler 
Velocity Logger (DVL). DVL interference, aliased into our band, is responsible for a large 
number of time-localized but frequency-spread threshold crossings. Methods are used to 
remove such clusters. Remaining threshold crossings are then associated together across 
frequency for a fixed sample. DFT bin information is preserved. Detections that overlap in 
sample number are associated.  

 
Detections in vertical beams for a fixed azimuthal hypothesis that overlap in sample 

number are associated.  These steps are performed separately for the HFM and CW 
processes (Figure 1). 

3.  FORMATION OF UNCERTAINTY REGIONS  

At this point we are left with a finite number of disjoint groups of threshold crossings 
(or detections) for each azimuthal hypothesis. A three dimensional uncertainty region 
(UR) for each group of threshold crossings is constructed by accounting for uncertainty in 
platform position, sound speed, angle of detection and the allowed geometric paths. The 
first step in this process is the development of a two dimensional region that describes the 
possible contact locations in the water column as well as down-range. The slow speed of 
the platform allows for the solution of a set of points in the (r,z) plane corresponding to a 
1) time-delay ( based on the sample number of the threshold crossing 2) sound speed 
(C), 3) platform depth (d) and 4) bottom depth (h) for a known vertical receive coverage. 
This coverage is specified by the specific vertical receive beams that were associated with 
the time series detection. A model that allows for at most a single bounce is reasonable for 
our frequency range and is used to determine the geometric paths. Specifically, only 
forward scattering from the surface or bottom is allowed (Figure 2). Direct path returns are 
also considered. The superposition of all such solutions form a set of possible locations in 
the (r,z) plane relative to a virtually stationary platform. The process is repeated for 
various values of (, C, d, h). The variation in C can be determined via local 
measurements. Knowledge of d along with error estimates are provided by the INS-DVL 
suite. Knowledge of h is derived from rough bathymetry. The superposition of these 
regions describes a 2D uncertainty region. As expected, down-range width of such regions 
is generally less in the HFM case due to the finer range resolution of the waveform.  

 
The Fine Bearing Estimation operation, reliable only for high SNR deep water contacts, 

is eliminated. Instead, all angles within the main lobe of the beam corresponding to the 
azimuthal hypothesis are valid AOAs. For each angle a bistatic solution, denoted by (x2, 
y2) in Figure 3, is determined for the mean time delay corresponding to the beam time-
series cluster and the (r,z) uncertainty region is placed at that point oriented along the 
vector corresponding to the receive angle (denoted as  in Figure 3). The position of the 
platform in the world reference frame at the time of transmission and reception (denoted 
as (x0, y0) and (x1, y1) in Figure 3) are explicitly used. The process is repeated to account 
for error in (x0, y0) and (x1, y1) based on info provided by the INS-DVL suite. This results 
in a 3D uncertainty region (UR). 
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Figure 2: Determination of (r,z) uncertainty 
 
   
     Conventional processing utilizes fine bearing estimates in both the vertical and 
azimuthal dimensions to provide a pair of angles assumed to correspond to the threshold 
crossing. These threshold crossings are then associated based on a set of user-selected 
association constants, or windows in range and angle. The process is necessarily 
somewhat adhoc as the bias and variance of the fine bearing estimates are implicitly only 
determinable under strict conditions on the nature of the contact's reflective properties and 
the noise assumptions. Fine bearing estimates, especially vertical angle estimates, are 
often highly variable. It is hypothesized that this is due to competing surface and bottom 
reverberation, i.e. components of the background “noise” that are difficult to model. In 
tactical scenarios the estimates can often be biased. The approach we take eliminates the 
need for association constants. In contrast with conventional approaches the influence of 
the designer is minimized.  
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Figure 3: Geometry of bistatic solution and contact velocity estimation 

 
 

We require that valid detections possess overlapping FM and CW URs. The 
intersection of these regions is declared as the final UR and corresponds to a cluster for a 
specific azimuthal hypothesis. The set of disjoint intersection URs are saved off in 
P#_int.mat (see Figure 1). Figure 4 overlays URs corresponding to detections from a 
stationary contact of opportunity in Portland Harbour, UK. Detections occur on 5 pings 
from a set of 7 contiguous pings. Pings 1,2,4,6 and 7 exhibited detections and the 
corresponding URs are labelled. The “ground truth” estimate of the contact is shown in the 
black square suggesting that the method can produce roughly unbiased (x,y) location 
estimates. 

4.  DETERMINISTIC DATA ASSOCIATION ACROSS PINGS  

The platform velocity vectors at the time of transmission and reception, denoted as 0v


 

and 1v


 in Figure 3, are defined with respect to a local North-East-Down (NED) coordinate 

system. Heading measurements, 0 and 1, are similarly referenced. As water depth is 
shallow (between 10 to 20 meters) contact motion is assumed to be constrained in the 
level plane defined by platform position at transmission and reception. Thus there exists a 
certain set of possible contact velocity vectors (with no vertical component) consistent 
with a specific detection frequency f  . This set of vectors is implicitly dependent on the 
actual position, speed and heading of the platform at the time of transmission and the 
contact (figure 3). The sound speed and angle of arrival as well as platform speed and 
heading at the time of reception are also required. 

 
Assume a CW of frequency f  was transmitted and consider a detection at f   as a 

result of the CW detection process. We can back-solve for Tv


 (or solve for Tv


 and ). At 

most two possible solutions result for each value of Tv


 between a 
minTv


 and 

maxTv


. The 
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process is repeated to account for uncertainty in platform kinematics, angle of arrival, and 
sound speed. 
 

 
 

Figure 4: URs corresponding to valid detections from contact of opportunity 
 
 

The solutions are obtained only when projecting (via Dead Reckoning) an intersection 
UR from ping i forward to the time associated with one from ping j. Figures 1 and 5 depict 
the case j = i+1. The projection and association step is performed in the “associate” block 
in Figure 1. Thus we need to keep track of all the CW detection frequencies f   associated 
with an intersection UR as well as some other quantities in order to project the UR 
forward to the appropriate time. The multiple frequencies increase the set of possible 
contact velocity vectors and therefore increase the surface area (in the horizontal plane) 
and volume of the projected UR.  

5.   FALSE ALARM REDUCTION ASSUMING PERSISTENT CONTACTS  

Let us assume that a physical contact present in the ensonified region automatically 
results in an FM-CW intersection UR. The larger volume of the projected UR implies that 
the contact’s UR formed on the current ping when projected to the time corresponding to 
the contact’s UR on the next ping should lead to overlap. Such contacts are denoted as 
persistent. This is tantamount to assuming certain detection for physical contacts. As has 
been seen in Figure 4 such an assumption is not always reasonable. The assumption does 
serves to rapidly reduce the number of false alerts as seen below.  

 
We can observe in Figure 5(c) that the number of persistent contacts reduces to 1 by 

ping 6 and 0 by ping 7. Note that the contact of opportunity was declared persistent until 
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ping 2 but was lost on ping 3 (see Figure 4). Methods for ranking associations across pings 
when the certain detection assumption has been relaxed are currently in development. 
These methods will allow the AUV to quantify the persistence of contacts such as the one 
in Figure 4. Associated URs can then be provided as measurements to a tracking scheme 
for improved localization.  

 

 
 

Figure 5: (a) AUV path and persistent URs (pings 1-2), (b) overlay with persistent URs 
(pings 1-4 shown in solid blue, pings 1-6 shown in solid red), (c) Number of URs over 

pings   
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Abstract: Multistatic Sonar Systems (MSS) based on manned or stationary systems 
provides necessary performance for Anti Submarine Warfare (ASW) surveillance 
operations. Sufficiently accurate sensor models are implemented in data fusion algorithms 
in order to exploit the added-value of the multiple aspects on the target. The logical 
follow-on is to use them to control the sensors, leading to an MSS based on AUVs [1,8]. 
This autonomous MSS has to cope with severe communication constraints, either as a 
direct result of the environment or for tactical reasons.  For example, covertness can 
assist in detecting smart targets when being obliged to evade a multistatic network of 
unknown topology. We focus on an important step towards a persistent and covert 
autonomous multistatic system which is to maintain navigation & timing accuracy 
onboard the receiving AUVs by using the active acoustic transmissions of the multistatic 
sources plus their echoes from the ensonified environment. Therefore, we combine 
navigation and tracking strategies in a two-step algorithm, called „Simultaneous 
Localisation and Tracking‟ (SLAT): First, we identify stationary contacts using available 
bistatic tracking & data fusion algorithms as well as „standard‟ navigational data from 
AUVs. The latter is gained from an inertial navigation system, Doppler velocity log (DVL) 
and depth sensor.  Then, we extent the Multihypothesis Tracking (MHT) to generate target 
tracks and state estimation of the sensors and the environment. We evaluate SLAT with 
data from the sea trial GLINT‟10 executed with NURC‟s AUVs and sensor arrays. The 
performance is measured by comparing localisation accuracy for an EchoRepeater (E/R) 
track. SLAT even works if the DVL data are not used! This means that SLAT can be used 
to realize a covert (non-emitting) receiving AUV which is able to maintain a sufficient 
self-localisation by utilising the acoustic transmissions and their echoes quasi as an 
“underwater-GPS”. 
Keywords: Multistatic Sonar, Multihypothesis Tracking, AUV Navigation 
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1.  MOTIVATION AND SETUP DESCRIPTION  

The main task of an AUV in the ASW application considered here is the localisation 
and tracking of objects of interest (targets) using multiple bistatic sonar data. To be able to 
perform this task, a precise knowledge of the position of the acoustic sources as well as of 
its own sonar sensor position and heading is mandatory. A suitable sonar sensor consists 
of several hydrophones oriented in a line building a linear array. Due to the length of the 
array, for example 10-20 m, it is usually towed by the AUV, resulting in a (potentially 
significant) difference between array and AUV position and heading. While the AUV state 
can be determined relatively well, there is no or only poor knowledge on the array position 
and, especially important for multistatic track fusion, on the array heading because it lacks 
of position sensors at all or of sensors of sufficient accuracy. Taking the AUV state instead 
of the array state in the tracking filter or using the poor array sensors leads to a decrease in 
target tracking accuracy. A first step towards an improved tracking accuracy is therefore 
building a motion model for the towed array depending on the motion of the AUV (see 
Sec. 1 B). Nevertheless, except for highly sophisticated models (probably strongly 
dependent on the actual type of array antenna), there is still room for improvement, e.g. 
for the heading angle of the array when the AUV manoeuvres. Inaccuracies in the target 
localization may also result from potential inaccuracies in the knowledge of the sources 
positions and an insufficient estimation of the errors due to an imprecise time 
synchronization between transmitting and receiving units, as described in [5]. 

 
A) Bistatic setup 
The bistatic measurement setup (Fig. 1) consists of the following parameters: 

1) target position q = (x, y)T  and source position s = (sx, sy)T 
2) receiver position o = (ox, oy)T  and orientation (heading)  
3) time synchronization errors between the clock of the receiver and the source t 
4) the propagation speed of sound in water cS 

We can express the measurement equations for the azimuth  and time of arrival   by 

tc/)||||(,
oy
ox

arctan
y

x 

















 Soqsq  

 
(1) 

where | · | denotes the Euclidian norm. Generally, only estimates of the parameters of 
the bistatic setup are available. The precision of these estimates is affected by the 
variability of the underwater sound channel (probabilistic features) and the modelling 
precisions. 
 

B) Modelling the relationship between AUV and receiving array 
     The array antenna is towed in short distance to the AUV. Thus, we model the antenna 
to follow the course of the AUV. The receiver position is thereby placed in the centre of 
the array as this is the reference position used in the beamforming algorithm. To calculate 
the receiver state (position and heading) we, first, determine the time that the AUV has 
needed to travel the distance between array centre and AUV, and, second, we use the 
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position and the heading of the AUV at the previous time. The assumed error in the 
receiver state is the error of the AUV state (provided by the navigation filter) plus some 
noise to capture model imprecision. 

 
Fig. 1 a) Bistatic Setup; sound from source at s is reflected by the target at q 

and received at o.  is the heading of the receiver relative to North. b) SLAT setup: 
Discover and utilize knowledge about the underwater environment. 

2. TECHNIQUES FOR AUV NAVIGATION AND TARGET TRACKING 

The implementation of an advanced navigation and tracking filter is based on well-
established methods for navigation and tracking. We shortly outline the principles in this 
section, for more details we refer to the documented literature. 

A) AUV navigation 
NURC‟s AUV navigation is based on an Inertial Measurement Unit (IMU), measuring 

3D accelerations and 3D rotation rates. Since every positioning and attitude determination 
based on an IMU only suffers from error propagation [2], aiding by additional navigation 
sensors has to be done. GPS positioning data, being a common choice for aiding IMUs in 
land or air vehicles, is not available for underwater applications. Here, integrating a 
Doppler velocity log (DVL) giving vehicle speed over ground is useful. Furthermore, by 
evaluation of pressure measurements the vehicle depth can be calculated. In our example 
(NURC‟s Ocean Explorer OEx), additional measurements for aiding the IMU are position 
(GPS, only on the surface), velocity (gained from DVL) and depth. Onboard the AUV a 
navigation filter is implemented to process the available measurement data and calculate 
an state estimate of the AUV [4]. To process the data offline and to incorporate the 
programming code in the tracking filter, we decided to implement our own navigation 
filter in Matlab. This navigation filter consists of an Error state space Kalman Filter in a 
closed-loop implementation [2], estimating the errors in the AUV state (position, velocity 
and attitude) as well as in the sensor biases, i.e. accelerometer, gyroscope, DVL and depth 
biases. To reduce computational effort, high rate IMU data (100 Hz) is processed in the 
prediction step only [3], not in the measurement update. No motion model is needed. 

B) Target Tracking 
The key task of tracking in multi-bistatic sonar systems is ensuring the multi-sensor 

fusion gain. The challenge lies thereby in handling a large number of false alarms and the 
measurement ambiguity due to poor localisation accuracy of a single bistatic 
measurement. Both issues make the task of data association difficult and accentuate the 
need for appropriate association tools, which was discussed in detail in [5]. We did show 
that it is possible to incorporate precise sonar sensor modelling into a Multihypothesis 
tracking framework and therefore improve the performance of the tracking approach. The 
multistatic concept discussed in [5] was based on stationary sources and receivers. In the 
current paper we want to discuss the potentials of using autonomous receivers. 
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Fig. 2:  Block diagrams of Open Loop SLAT (left) and Closed Loop SLAT (right) 

3. COMBINING NAVIGATION AND TRACKING 

Our overall goal is to introduce a self-correcting multistatic system, motivated by the 
need for high localisation performance and robustness. Therefore, we intend to improve 
the target localisation and tracking by improving the estimation of the aforementioned 
inaccuracies (see section 1). This is realised by incorporating acoustic sonar measurements 
of fixed clutter objects. Eq. (1) shows the multistatic measurement equations. Obviously, 
they do not only contain information about the target but also about the source (position s 
= (sx, sy)T ) and the receiver (position o = (ox, oy)T , bearing angle , and time offset t).  

A) OPEN Loop SLAT 
Obviously, we can use the measurement of the direct blast (direct path between source 

and receiver). This gives high estimation accuracy in timing, at least in cases the source 
positions are not too far off. The accuracy for bearing estimation is limited, and worst if 
the acoustic source is positioned in end-fire or in front of the receiving array. Therefore, 
additional source for information are necessary. Let us assume that the positions of some 
targets are known. These targets can be echoes of non-moving objects like wrecks or small 
islands. Knowing their positions (according to some given uncertainty) allows to correct 
the heading and position of the receiver, the positions of the acoustic sources and estimate 
the time offsets between transmitting and receiving units. However, in the multistatic 
sonar environment the key challenge is to handle imprecision of measurements and 
multiple false alarms. We need to know which measurements belong to the clutter targets, 
which is often not determinable from measurements of a single time scan. Choosing here a 
MHT-based approach gives us the possibility to try out different associations and decide 
later which association might has been the right one. 

 After correcting the unknown parameters, the target tracking, also based on a MHT, 
follows. We call this concept simultaneous localisation and tracking (SLAT). Our Open 
loop SLAT-MHT algorithm therefore consists of a setup estimation and a tracking block 
(see Fig. 2 left). 
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B) Closed Loop SLAT 
Extending the Open Loop SLAT concept explained in 3.A by allowing the updated 

AUV state to be fed back into the navigation filter leads to ‟Closed Loop SLAT‟, depicted 
in Fig. 2 right. Here, the corrected array positions estimated by the SLAT-MHT are 
transformed into an AUV position by an appropriate motion model between AUV and 
towed array (see 1 B). These position estimates can be fed back into the AUV navigation 
filter where they are aiding the IMU by treating them as position measurements. Since we 
use a multihypothesis target tracking, each hypothesis generates a different AUV position 
estimate, which must be processed separately. This results in multiple parallel navigation 
filters, with the number of filters depending on the actual number of hypothesis in the 
MHT.  

C) Extraction of clutter points 
Using knowledge about landmarks (here: known clutter points) to improve tracking or  

localisation performance is well established in robotics (see for example [6]) and often 
called ‟simultaneous localisation and mapping‟ (SLAM) in that context. While in SLAM 
localisation of the robot and exploration of the environment is done all together, we 
process a two step algorithm assuming that there is a first phase to explore the region of 
interest and to extract ‟landmarks‟. We call this phase „preparation‟. In the second phase, 
the localisation of the robot (here: AUV) and tracking of targets of interests is done 
simultaneously by exploiting given landmarks. This gives us a substantial difference to 
SLAM techniques. An important step towards robust localisation and tracking is to handle 
the association problem [7] for sonar measurements, which is done here by MHT. Adding 
an automatic classification hint for contacts [8] could further improve the performance of 
the MHT achieved so far.  

4.  RESULTS 

First, we describe the data set from the sea trial GLINT‟10. In the second subsection, 
results of applying the concepts developed in the previous sections are shown and 
discussed.  
     A) Description of the Experiment:  

GLINT‟10 experiment was executed in the Mediterranean Sea, South of Elba in August 
2010. 2 AUVs (called Groucho and Harpo) as well as 2 acoustic sources took part. The 
data set analyzed in this paper consists of two sub-experiments: “2nd August” and “3rd 
August”, respectively. Figure 3 shows the geometry of these two runs.  

The moored acoustic source DEMUS transmitted every 24 seconds a HFM signal with 
a bandwidth of 400 Hz at a centre frequency of 2800 Hz. Additionally, an Atlas MF 
source was operating in alternating ping timing, resulting in 12 seconds as overall ping 
repetition rate.  

The clutter objects selected in the first SLAT step are shown in Figure 4. A passive 
acoustic BBN reflector (a filled air hose) deployed during experiment was an ”artificial” 
clutter object.  

B) Multi-bistatic experiment results 
B.1 Preparation (Extraction of clutter points) 
For application of the MHT we use the best of our knowledge about the system 

parameters. AUV localisation is done with the help of navigational data generated from 
GPS (when surfaced), IMU, Doppler velocity log (DVL)  and depth sensor. 
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Fig. 3.  Geometry of the GLINT‟10 runs on Multistatic Sonar. Legend: Black lines: 
Navigational data from 2 AUVs travelling clockwise on the triangle shape pre-planned 
tracks. Blue triangles: Acoustic sources.  Red lines: EchoRepeater (E/R) target. Blue 

crosses:  3 stationary bottom targets  and stationary BBN target (nearby the E/R course) 
 
Furthermore, we exploit GPS data of the DEMUS source and of the research vessel 

Alliance deploying the ATLAS source. Since data recording and pulse trigger were not 
GPS synchronized, inter-ping timing were estimated from the difference of measured and 
expected arrival time corresponding to the direct blast (Figure 4, right, green line). 

By application of the MHT we identified three strong clutter targets as displayed in Fig. 
4 (left). These tracks were used to calculate expectation and covariance of the clutter 
points. The BBN target could not be extracted from an own track with this settings of the 
MHT (we only note some deviation of the E/R track in direction to the BBN, indicating  
multi-target interference). This shows that the BBN clutter target is much weaker than the 
other clutter targets, however we use the known position of the BBN target in SLAT. 

 
B.2 Setup Estimation 
The automatic estimation of the time offsets is displayed in Fig. 4 (right, blue line). It is 

compared to the calculation when using only direct blast measurements. We note a 
smoothing effect and correction for jumps during the AUV maneuvers. 

 
 

Fig. 4. Extraction of clutter points (red crosses) by MHT (left), Estimation of time 
offsets (right) 

 
 
 B.3 Multi-bistatic tracking with Open Loop SLAT 
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 In GLINT‟10 data an EchoRepeater (E/R) target was included in the experiments. 
Since its position is not used by SLAT, we can compare the E/R tracking performance of 
different approaches to evaluate performance of SLAT. We use the following criteria: the 
length of the track in pings and the position error averaged over the length of the track. 

Tab. 1 summarizes the results for the four data sets (2 runs, 2 AUVs). Comparing the 
standard results with the (Open Loop) SLAT approach, we achieve significant 
improvements of approx. 20 m in RMS position error for the Groucho Run and approx. 10 

m for Harpo. Worse performance for Harpo 
could be attributed to a missing clutter 
target, since the northern clutter target was 
not found in Harpo data sets. The full 
multistatic contact and track fusion has not 
been performed here, since the focus of this 
paper is on the validation of the covert (non-
communicating) operation of AUVs. 
Tab. 1. Perf. eval. for GLINT‟10 data sets 
 

B.4 Aiding navigation of the AUV with 
Closed Loop SLAT 
     As already mentioned, our goal is to 
realize a robust self-correcting multistatic 
system with high localisation performance. 
For evaluation of the robustness of the 

SLAT approach, we tested the behaviour when main AUV navigation sensors failed, that 
is we turned the DVL & depth measurement data off.  Fig. 5 (left) shows, that the 
navigation filter based on an unaided IMU soon leads to high localisation errors due to 
error propagation. In contrast, using for IMU aiding the array positions estimated by the 
SLAT-MHT results still in a sufficient AUV localisation when DVL data is dropped. (see 
Fig. 5 right). The availability and the capability to exploit echoes from bottom targets is 
essential to achieve a sufficient AUV localisation without DVL. 

5. SUMMARY, CONCLUSION, AND RECOMMENDATION 

We use data from the sea trial GLINT‟10 executed with NURC‟s AUVs and sensor 
arrays to test the SLAT approach. Performance measure is the localisation accuracy 
achieved for the moving Echo Repeater. We found that SLAT is robust against 
synchronisation errors. It even works if the DVL data inside the AUV are not used. 

SLAT can be used to realize a covert (non-emitting) receiving AUV, which utilises the 
acoustic transmissions and their echoes quasi as an “underwater-GPS”. 

Sensor & timing calibration have to be part of the preparation for autonomous 
operations. Biased heading sensors or asynchronous or non-stationary triggering of 
acoustic sources and registration processes are causing huge errors in tracking and data 
fusion steps, leading to wrong automatic decisions. The run geometries shown in figure 3 
could become part of a built-in test function for an autonomously operating AUV team. If 
bottom targets for the application of SLAT are available, the team could automatically 
calibrate its sensors and actuators, resulting in an accurate a-priori state information as a 
basis for afterwards started autonomous behaviours. 

 Track 
existence 
[pings] 

RMS  horz. 
position error [m] 

2nd Aug. Groucho max. 1160  
SLAT 1006 35.8 
Standard 967 53.8 

2nd Aug. Harpo max. 500  
SLAT 480 39.1 
Standard 480 53.8 

3rd Aug. Groucho max. 1160  
SLAT 1109 38.4 
Standard 1117 58.8 

3rd Aug. Harpo max. 1160  
SLAT 1035 46.5 
Standard 1036 55.3 
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Fig. 5. Without DVL and depth data long time AUV navigation is not possible (left). In 
spite of missing DVL and depth data Closed Loop SLAT enables sufficient AUV 

localisation during the whole run (right). DVL is turned off in the 1st circle when echoes of  
the clutter points are found in the acoustic data (black cross). 

ACKNOWLEDGEMENTS  
This work was made possible through collaboration between NURC, a NATO Research 
Centre and Fraunhofer FKIE (DEU). Many thanks to all members of NURC's CASW 
project and especially to all participants of the GLINT‟10 sea trial. 

REFERENCES 

[1] F.R. Martin-Lauzer, M. Stevenson, S. Jespers, F. Ehlers, Coalition of ASW 
Sensors, Defence Technology Asia, Singapore, March 2007. 

[2] P.D. Groves, Principles of GNSS, Inertial, and Multisensor Integrated navigation 
Systems, Artech House, 2008. 

[3] J. Wendel, Integrierte Navigationssysteme, Oldenbourg Verlag, 2007 (German 
language). 

[4] E. Bovio, D. Cecchi and F. Baralli, Autonomous underwater vehicles for scientific 
and naval operations, ELSEVIER Ann. Rev. in Control, vol. 30, p 117-130, 2006. 

[5] M. Daun and F. Ehlers, Tracking Algorithms for Multistatic Sonar Systems, 
EURASIP Journal on Advances in Signal Processing, volume 2010, 2010. 

[6] A. Mallios, P. Ridao, D. Ribas, F. Maurelli, Y. Petillot, EKF-SLAM for AUV 
navigation under probabilistic sonar scan-matching, Intelligent Robots and Systems 
(IROS), 2010 IEEE/RSJ International Conference on , vol., no., pp.4404-4411, 18-22 
Oct. 2010 

[7] D. Hähnel, W. Burgard, B. Wegbreit and S. Thrun, Towards Lazy Data 
Association in SLAM, Proc. of 11th Int. Symp. of Robotics Research (ISRR'03), 2003. 

[8] Richard Scott, GLINT in the eye: NURC explores novel autonomous concepts for 
future ASW, Janes Defence News Story, 14 Dec. 2009. 

[9] J. Sildam, F. Ehlers, 'Supervised Track Classification in Support of AUV decision 
making', UAM, Kos, 2011. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 338 -



 

SONAR  SIGNAL  PROCESSING  METHODS  FOR  THE  DETECTION 
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Abstract: Cavitation inception behind each blade of a rapidly rotating propeller generates 
intense continuous broadband sound underwater. This sound can be considered as an 
acoustic signal propagating in the underwater medium where it can be received by a single 
hydrophone located above the sea floor. Reflections of the sound from the boundaries of the 
shallow water medium result in multipath arrivals at the hydrophone. Interference between 
the direct path and multipath arrivals produces a Lloyd’s mirror pattern on the time-
frequency display of the hydrophone’s output. It is shown using real data that cepstral 
analysis of the output of a single hydrophone enables the multipath time delay to be 
measured, which in turn, enables the variation with time of the instantaneous range of a fast 
surface watercraft to be estimated during its transit past the sensor. Also, a nonlinear least 
squares approach is adopted to estimate the three motion parameters of the surface 
watercraft using the sequence of multipath delay measurements obtained during the 
watercraft’s transit. This type of approach is extended to the estimation of a complete set of 
five motion parameters that describe fully the trajectory of the watercraft’s transit, using the 
sequence of differential time-of-arrival measurements of the direct path signal at each pair of 
sensors that comprise a four-element line array. The rotating propeller of a fast surface 
watercraft also generates a wake of bubbles that persists for minutes. When the wake is 
insonified by high-frequency (HF) active sonar transmissions, wake echoes are observed 
which are composed of a multitude of reflections originating throughout the entire wake. 
Echolocation of the returned sonar signals provides a trace of the wake and hence the 
trajectory of the watercraft. The use of a monostatic HF high-resolution active sonar for the 
automatic detection, localization and tracking of a fast surface craft is reviewed. The HF 
sonar is then used to monitor the movements of underwater swimmers and dive boats during 
a night navigation training exercise. Sonar imagery capturing the dive boat wakes and the 
egress of two underwater swimmers in shallow waters adjacent to a naval base are 
presented. 
 
Keywords: cepstrum, sonar signal processing, source motion parameter estimation 
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1. INTRODUCTION  

 Surveillance systems can be used to monitor protected/controlled waters adjacent to naval 
bases, civilian port facilities and critical infrastructure installations (like oil refineries). The 
presence of underwater intruders and incursions by watercraft in these waters requires that 
security personnel be immediately alerted to their presence, location and track. Early warning 
increases the time available to complete the decision-making process and to initiate a reaction 
(countermeasure response) under the rules of engagement. Classification and intent determine 
whether a response is required by authorities. Both passive and active sonar systems can be 
used to monitor the underwater acoustic environment for incursions by rapidly moving 
watercraft and intrusions by underwater swimmers. The underwater acoustic environment 
characteristic of harbours and ports is variable in both space and time with high levels of 
clutter and background noise that can limit the effectiveness of surveillance systems. 
      In Section 2, passive sonar signal processing methods are applied to real data from a 
single hydrophone, then from an array of hydrophones, to observe the transit of a fast surface 
watercraft. The application of nonlinear least squares (NLS) methods to the observations 
enables the source motion parameters to be estimated. In Section 3, active sonar signal 
processing algorithms are applied to the hydrophone element data from the receiver array of a 
high frequency (HF), high resolution active sonar to generate sequences of sonar images so as 
to automate the detection and tracking of a small fast surface craft (via its wake) in a highly 
cluttered shallow water environment. This approach enables an operator in a monitoring 
facility to be warned of the presence of fast inshore craft in the sonar’s field of view. In 
Section 4, real data from the HF sonar’s receiver array are processed so as to observe the 
passage of underwater swimmers. 

2. PASSIVE SONAR PROCESSING OF UNDERWATER NOISE RADIATED BY A 
FAST SURFACE WATERCRAFT  

2.1. Single Hydrophone – Instantaneous Source Range Estimation 

  Propeller cavitation generates intense broadband underwater sound which is readily 
detected using a single hydrophone. Localisation information, notably the instantaneous 
range, can also be extracted automatically in real time from the output of the hydrophone. 
One way to achieve this is to implement the following passive sonar signal processing chain. 
The output of the hydrophone is sampled at 250 kHz and the digitized data are partitioned 
into non-overlapping blocks each containing 1024128  samples, which corresponds to a 
measurement window of 0.524 s. A short-time Fourier transform converts each block of data 

)(tx  from the time domain to the frequency domain: )( fX . The power spectrum 2|)(| fX  of 
each block is plotted as a function time to produce a spectrogram. Figure 1 shows the output 
spectrogram of the hydrophone during the transit of a fast surface watercraft, in this case, a 
rigid-hulled inflatable boat (RHIB). The radiated noise of the RHIB has frequency 
components throughout the sensor’s bandwidth: 20 Hz - 125 kHz. A prominent feature in the 
spectrogram is the Lloyd’s mirror pattern caused by the constructive-destructive interference 
between the direct path signal and a multipath signal (which arrives at the sensor after 
undergoing a reflection from the sea floor). The altitude rh  of the sensor is 1 m above the sea 
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floor, the altitude sh  of the source, which in this case is equal to the water depth wh , is 20 m, 

and the speed of sound propagation in water is 1520 m/s.  
 

125

0

100

50

0

75

25

30 60 90 120 150

fre
qu

en
cy

 (k
H

z)

time (s)

125

0

100

50

0

75

25

30 60 90 120 150

fre
qu

en
cy

 (k
H

z)

time (s)  
Fig. 1.  Output spectrogram of a hydrophone during the transit of a fast RHIB. 
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Fig. 2. Variation with time of the horizontal range of a transiting RHIB. 

Next, the power spectrum for each data block is transformed by first taking the logarithm 
and then applying an inverse Fourier transform to produce the power cepstrum 

}|)(|{log)( 21 fXC  . The variation with time of power cepstrum is referred to as the 
cepstrogram. The multipath delay estimate, which is given by the quefrency (time lag) where 
the peak of the power cepstrum occurs, is then extracted for each block of data. Given the 
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time delay b  in the arrival of the multipath signal relative to the arrival of the direct path 

signal, the instantaneous slant range of the source from the sensor is given by [1]: 
 2)(2 1 cchhR bbsrs    .                                                                                                 (1)                        

The variation with time of the estimate of the instantaneous horizontal range of the source 
2122 ])([ rss hhRd   is represented by a series of filled circles in Fig. 2.  

2.2. Single Hydrophone – Source Motion Parameter Estimation 

 A NLS method has been implemented previously for jet aircraft flight parameter 
estimation using acoustic multipath delay measurements from the output of a single 
microphone, which was located 0.55 m above ground level [2]. The source motion 
parameters of the jet were estimated for each transit by the least-squares fitting of a curve 
predicted by a model to the sequence of multipath delay observations. A similar approach is 
adopted for the present application, where the source is a RHIB, so  ws hh  20 m, and the 

hydrophone is 1 m above the sea floor ( rh  1 m). The model assumes that the broadband 
acoustic source travels with a constant speed in a constant direction during its transit past a 
single sensor. The model predicts the temporal variation of the multipath time delay and it is 
formulated in terms of a set of three source motion parameters:  cc dtv ,, , where v  is the 

constant source speed, ct  is the time when the source is at the closest point of approach 

(CPA) to the sensor and cd  is the horizontal range at CPA. In the multipath time delay 

model, the delay b  at time t is given by: 

}])()([])()({[)( 2122222122221

rsccrsccb hhdttvhhdttvct   .                 (2) 

 A NLS approach is adopted to determine the values of the source motion parameters that 
provide the best fit (in a least squares sense) of the model’s predicted temporal variation of 
the multipath delay to the observations. Mathematically, define the parameter vector 

T
cc dtv ],,[p , where the superscript T denotes vector transpose.  The NLS estimate of ,p  

denoted as T
cc dtv ]ˆ,ˆ,ˆ[ˆ p , is obtained by minimizing the cost function: 

 


K

k
kbkb ttF

1

2)],()(ˆ[)( pp  ,                                                                                          (3)  

where )(ˆ kb t  is the multipath delay estimate at time kt , ),( pkb t  is the corresponding 

predicted value using (2), for Kk 1 , and K is the total number of observations. The sum 
of the squared deviations of the multipath delay estimates from the corresponding predicted 
values is a minimum for the following values of the source motion parameters:  

64.10ˆ v m/s, 56.82ˆ ct s, and 49.33ˆ cd m. The solid line in Fig. 2 represents the predicted 

variation with time of the horizontal range of the source using these source motion parameter 
values. There is a good match between the prediction and the observations. 

 Note that for the in-air application, an additional source parameter, namely the source 
altitude sh  can be estimated by utilizing the retardation effect (i.e. the displacement of the 

source during the propagation of the emitted signal from the source to the sensor), which 
occurs when the source speed is not significantly less than the speed of sound propagation in 
the medium. For the present in-water application, since the source speed is much less than the 
speed of sound in the underwater medium, the retardation effect is negligible and so only 
three source motion parameters can be estimated. However, given the source is a surface 
watercraft, its altitude, which equals the known water depth, does not have to be estimated. 
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2.3. Array of Hydrophones - Source Motion Parameter Estimation 

 Another NLS method has been reported previously for estimating the source motion 
parameters of broadband acoustic sources (ground vehicles and aircraft) using differential 
time-of-arrival (DTOA) measurements of the direct path signal at pairs of microphones that 
comprise a ground-based planar array [3]. A similar method is applied here to provide 
estimates of a complete set of the RHIB’s motion parameters:  cscc zdtv ,,,, , where ct  is 

the time when the source is at CPA to the reference sensor located at the origin of a three-
dimensional Cartesian coordinate system, cd  and c  are the respective source horizontal 

range and azimuth at CPA, and sz  is the source altitude relative to the reference sensor. The 

source trajectory is fully specified by these five motion parameters. The method assumes that 
the source travels with a constant speed at a constant altitude in a constant direction over the 
time interval of interest. For the present application, the sensor array consists of four 
hydrophones distributed along a horizontal line with an intersensor spacing of 14 m at an 
altitude of 1 m above the sea floor. Hydrophone 1 is selected as the reference sensor, which is 
the same sensor used in Subsections 2.1 and 2.2. The DTOA is estimated for each of the 
hydrophone pairs: (2,1), (3,1) and (4,1) using a measurement window of 0.524 s over the 
same time frame (70-90 s) as the single sensor results above. Each data block from the 
reference sensor is cross-correlated with the corresponding data block from each of the other 
sensors using the phase transform prefiltering technique [3], which suppresses ambiguous 
peaks in the cross-correlation function caused by strong narrowband tonal components of the 
source signal. The generalized cross correlation processing is implemented in the frequency 
domain using the fast Fourier transform, with a spectral window from 20 Hz to 1200 Hz. The 
time lag corresponding to the peak of the cross-correlation function provides an estimate of 
the DTOA of the signal at a given hydrophone pair. Figure 3 shows the sequence of DTOA 
estimates (represented by the filled circles) for each of the hydrophone pairs: (2,1), (3,1) and 
(4,1). A NLS method is adopted to estimate the source motion parameters using the time 
sequences of DTOA estimates from the three hydrophone pairs.  
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Fig. 3.  Temporal variation of DTOA for each of the hydrophone pairs: (2,1), (3,1) and (4,1). 
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 Define the parameter vector T

cscc zdtv ],,,,[ q . The NLS estimate of ,q  denoted as 
T

cscc zdtv ]ˆ,ˆ,ˆ,ˆ,ˆ[ˆ q , is obtained by minimizing the cost function: 

  
 

M

m
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k
kmkm ttG
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2

11 ),()(ˆ)( qq  ,                                                                                   (4)  

where 4M  is the number of sensors , )(ˆ 1 km t  is the estimated DTOA of the source signal 

at sensors m and 1 at time kt , and ),(1 qkm t  is the corresponding predicted value obtained 

from the following mathematical representation of the model: 
)]()([)( 1

1

1 tRtRct mm   ,      Mm 2                                                              (5) 
212222

1 ])([)( scc zdttvtR  ,                                                                                (6) 
212

1
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where 2122

1 )( mmm yxd   is the separation distance between sensor m with coordinates 

)0,,( mm yx  and sensor 1 at the origin. Thus, parameter estimation is achieved by a NLS fit of 

the model’s prediction to the sequence of DTOA observations at selected pairs of sensors that 
comprise a four-element line array. The NLS fit is shown in  Fig. 3 as solid lines and the NLS 
estimate q̂  provides the following estimated values of the source motion parameters: 

70.10ˆ v m/s, 24.82ˆ c s, 55.34ˆ cd m, 57.21ˆ sz m, and  48.93ˆ
c . The source motion 

parameters  cc dv ,,  estimated using the multipath time delay method for a single 

hydrophone closely match those estimated using the DTOA method for an array of 
hydrophones with the differences being 0.06 m/s in the source speed, 0.32 s in the CPA time, 
and 1.06 m in the horizontal range at CPA. 

3. HF ACTIVE SONAR SIGNAL PROCESSING OF ECHOES RETURNED FROM 
THE WAKE OF A FAST SURFACE WATERCRAFT 

 High-frequency high-resolution active sonars are traditionally used for sea mine detection 
and localization. An experimental HF active sonar was attached to a wharf at a naval base. 
The sonar head was about 3 m below the surface and the water depth was about 7 m. The 
sonar consisted of a transmitter located just above the centre of a 2-m horizontally-oriented 
linear hydrophone array. A 4 ms long linear frequency modulated pulse with a centre 
frequency of 100 kHz was transmitted every 2 seconds. The transmit beam insonified a 90° 
wide sector centred on the broadside direction of the array, with a vertical beamwidth of 15° 
and a depression angle of 7.5° from the horizontal. There were 136 receive beams spanning 
the 90° sector. For the present application, the range resolution was increased to 1 m by 
integrating incoherently each receive beam signal over successive overlapping range 
windows. The maximum range of the sonar was set to 800 m. A sequence of sonar images for 
100 consecutive pings (corresponding to an overall observation period of 200 s) was 
generated to show the intrusion by a small high-speed surface craft. Figure 4 shows the sonar 
image for ping 61 during the craft’s ‘U’ turn. The craft’s wake is clearly observed in the 
sonar image. The clutter bounded by the craft’s wake is associated with the hulls of pleasure 
craft and the keels of moored yachts. There is a faint outline of a rocky outcrop beyond 480 
m between about 0° and 10°. The high-intensity vertical strip at a bearing of 7° is due to 
cavitation noise generated by the craft’s rapidly rotating propeller. Here, the sonar’s receiver 
array and processor act as a passive sonar with cavitation noise as the signal. This feature 
provides an immediate alert to the presence of the craft in the field of view of the sonar.  
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Fig. 4.  Sonar image for ping 61 as the fast surface watercraft continues its ‘U’ turn. 

The sonar echoes returned from the wake (bubbles) are processed to extract accurate range 
and bearing information to localize the source. For each ping, the measurement of the target’s 
polar position consists of two steps. First, the target bearing is estimated by finding the 
direction of arrival of the cavitation noise emitted by the craft. Then range measurements are 
extracted from the range profile at the estimated target bearing. The range profile is a 
constant-angle cut of the sonar image that provides the variation with range of the amplitude 
of the backscattered acoustic energy in the receive beam. The number of false alarms is 
reduced by range normalization and clutter map processing, which together with target 
position measurement, target detection/track initiation, and track maintenance, are described 
in detail elsewhere [4]. 

4. HIGH FREQUENCY ACTIVE SONAR PROCESSING OF ECHOES FROM 
DIVERS 

 The detection, localisation and tracking of underwater swimmers are performed routinely 
by the experimental HF sonar. A sequence of sonar images for 860 consecutive pings 
(corresponding to an overall observation period of 21 minutes and 30 seconds) is generated to 
show the egress of two underwater swimmers and the independent movements of two dive 
boats. The range setting of the sonar is 400 m and the underwater sound projector’s pulse 
repetition period is 1.5 s. One of the sonar images is shown in Fig. 5. The traces of two 
outbound underwater swimmers occur at ranges of about 280 m and 360 m on a bearing of 
about 20°. The prominence of the sonar returns from the underwater swimmers is attributed 
to the normalization of the sonar image and the high azimuth resolution of the sonar’s 2-m 
long receiver array. Two dive boat wakes are evident along a bearing of about 6° at ranges of 
about 150 m (along with a propeller cavitation noise event) and 210 m. Objects on the sea 
floor with bearings between 0° and 10° include a 20 m linear structure at a range of 61 m and 
two small acoustic sensing modules at ranges of 116 m and 163 m. In other sonar images, 
other small underwater objects are distinct, including a small retro reflector at 106 m, -2°; 
two small air-filled canisters at 275 m, 8° and 376 m, 12°; and a yacht marker at 281 m, 7°.  
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Fig. 5. Sonar image showing two divers at 280 m and 360 m on a bearing of about 20°. 

5. CONCLUSIONS  

The motion parameters of a fast surface watercraft can be estimated using either multipath 
delay measurements from a single hydrophone or DTOA measurements from multiple pairs 
of hydrophones. When used for harbour surveillance purposes, a HF high-resolution active 
sonar system is able to provide automatic detection and tracking of a fast inshore watercraft, 
even in a cluttered shallow water environment. Also, the HF active sonar can be adapted to 
monitor the underwater environment for the presence and location of underwater swimmers. 
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Abstract: In classification problems, the goal is often to maximize the probability of a true 
positive while satisfying a system design constraint on the number of false alarms. Current 
classifiers, which are based on minimizing classification error, achieve this goal indirectly by 
either shifting the bias of the resulting solution or via tuning of an asymmetry parameter. 
While these approaches may be used to satisfy a false alarm constraint, they may produce 
classifiers with suboptimal target classification performance at the desired operating point.  
We propose a large margin classifier that directly maximizes true positive classifications at a 
desired false alarm rate via the inclusion of an optimization constraint on the estimated 
probability of false alarms.  Unlike existing false alarm constrained classifiers (also called 
Neyman-Pearson or minimax classifiers) our approach allows the use of an arbitrary loss 
function and is applicable to nonlinear datasets that exhibit a high degree of class imbalance. 
Our technique achieves a robust solution in small-sample training scenarios via the use of 
tail-estimation techniques to predict the probability of false alarms when estimates based on 
training error may be unreliable. 

Keywords: classification, constrained false alarm rate, large margin classifiers 
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1. INTRODUCTION 

Classifiers for sonar systems are designed to help sort contacts of interest (targets) from 
other objects that may be in the water column (clutter).  The primary challenge with sonar 
systems is that the number of clutter objects is typically orders of magnitude larger than the 
number of target returns.  For example, in an active sonar system, wrecks, bathymetric 
features, shipping traffic, and even system noise all contribute to the clutter picture.  Thus 
when operating in highly cluttered environments, it is advantageous to fix the probability of 
misclassifying clutter at some very low percentage while maximizing the probability of 
detecting a target.  The difficulty in applying standard classifiers to such detection problems 
is that they are not designed to perform such an optimization.  Instead, most learning 
algorithms attempt to maximize classification accuracy across both classes without taking 
false alarm rate directly into account.  Furthermore, simply changing the classifier threshold 
to achieve a desired operating point can result in suboptimal performance [1].   

In many sonar applications data are expensive to collect, especially target data, so 
available datasets for classifier training can be limited.  Nonparametric classification 
techniques are well suited for these problems because they avoid estimating distributions 
directly, which can be problematic when sample sizes are small and data are high-
dimensional.  Furthermore, they avoid the need to assume a parametric distribution for the 
data which, in many cases, is not known.  Large-margin classification techniques based on 
structural risk minimization (SRM), in particular, provide good generalization performance 
when training data are scarce.  A major limitation of most SRM-based methods is that they 
do not produce class-conditional probabilities and hence cannot directly control the 
probability of false alarm (PFA).   

Some researchers have noted this problem and have proposed new classifier designs to 
account for this shortcoming.  Bounsiar et al proposed a constrained false alarm rate 
classification approach, but it was limited to using Parzen windows [2].  Scott et al proposed 
a large margin classification technique that used such constraints, but it only handled 0-1 loss 
functions [3].  Han et al extended the SRM work to convex loss functions, but did not 
provide a practical implementation that could be leveraged for detection applications [4].  
Others have addressed this problem by simultaneously adjusting the bias and weight vectors 
in a support vector machine (SVM) based on SRM, but this approach is fundamentally the 
same as changing the asymmetry (or prior probability) of targets versus clutter [1][5].  Thus, 
while there has been research that has begun to address this problem, a constrained PFA 
(CPFA) approach to SRM learning that can be leveraged for detection problems has not yet 
been proposed.  This paper presents an approach for CPFA learning for SRM classifiers 
along with a baseline implementation that builds upon Chappelle’s primal SVM solution [6].   

The paper is organized as follows.  In Section 2, a framework for CPFA classification and 
a baseline algorithm are presented. An experiment section follows that demonstrates the 
usefulness of the constrained classifier on active sonar returns from the Malta Plateau 
Database.  Lastly, a summary section describes future directions for this work.   

2. FRAMEWORK FOR CPFA CLASSIFICATION 

The goal of this research is to develop a framework for CPFA learning that can be utilized 
with various SRM-based classifier-learning algorithms.  The key components of this 
framework are 1) a learning objective function that encourages a learner to achieve a solution 
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that satisfies an explicitly specified PFA and 2) a means of estimating PFA based on train-set 
performance.  This section will cover the formulation of a CPFA objective term, introduce 
train-set PFA estimation techniques and present our baseline algorithm, which is based on the 
unconstrained primal SVM presented in [6].  

2.1. PFA-Constrained Learning Objective 

We will focus on the task of learning a binary classifier from training data   
*(     ) |   *     +          *  ++  where    are input feature vectors and    are 
the associated labels.  Let    denote the positive, or target, examples and    denote the 
negative, or clutter, examples in the training set.  In this paper, we will deal with linear 
classifiers, although the proposed approach is easily extendible to nonlinear kernel methods.  
In this setting, the learned classifier   will predict the label of an input feature vector as 
 ( )     (     ) where   and   are the classifier weight vector and bias, respectively.  

As stated, the goal of CPFA learning is to select a classifier that achieves some primary 
learning objective (e.g., maximizing the probability of correctly classifying target examples 
or minimizing overall classification error) while achieving a PFA no greater than  . One can 
imagine that the most straightforward way to accomplish this goal might be to simply add an 
explicit constraint into an arbitrary learner of the form   

     
 

|  |
∑  ( (  )   )

    

   (1) 

which requires that   |  |    where   is the indicator function and   is the number of 
misclassified clutter examples in the training set given classifier  .  This naïve approach is 
potentially problematic in two ways.  First, it relies on training error over the clutter examples 
as an estimate of PFA on test data.  This estimate of PFA is very likely to be optimistic given 
the risk of a high-capacity learner to overfit a finite training sample, especially if that sample 
is small and/or contains noise.  Second, achieving a learning objective while explicitly 
requiring an a priori unknown subset of the negative training examples to be correctly 
classified would require enumerating all possible solutions yielding   or fewer false alarms, 
which is intractable in most real-world problems. 

Our approach draws intuition from this naïve implementation but employs a loss function 
in place of the indicator function with more favorable optimization characteristics.  Like the 
naïve implementation, we seek to constrain PFA by encouraging correct classification of a 
subset of the negative training examples.  However, in our approach, this subset is iteratively 
determined via a CPFA projection from the classifier solution obtained at the     iteration of 
the learning algorithm.  The CPFA projection is a classifier of the form   ( )     (    

     ) where   and   are the classifier solution after   iterations and    is the minimum 
additional bias needed to achieve some train-set estimate of PFA, given that    and   are 
fixed.  The optimization routine iteratively decreases the learning objective function by 
adjusting   and   to achieve the primary learning objective while taking a partial step toward 
the CPFA projection, decreasing the estimated PFA.  In general, this approach will 
outperform simply shifting the bias of a pre-learned classifier because both the bias and 
weight vector are used to satisfy the PFA constraint; thus, the classifier can achieve better 
performance on target examples at the desired operating point.  Furthermore, this direct 
approach to constraining PFA may potentially outperform adjusting asymmetry weights to 
achieve a desired PFA, which addresses the problem indirectly.  Our proposed framework is 
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flexible in that the loss function by which the CPFA projection is implemented may be 
incorporated into a variety of learners and additionally, the CPFA projection may be 
computed using an arbitrary PFA estimation technique.  

Our proposed PFA constraint term is of the form 

    
 

|  |
∑  ( (  )  

 )   

    

 (2) 

where 

     ( ( )   )  {

            ( )   

 ( )       ( )    

            ( )    
   (3) 

 
The ramp loss   is a function of a given classifier solution and its corresponding CPFA 
projection and, as indicated in (2), is only evaluated over the set of negative examples.  
Specifically, negative examples that are correctly classified by   contribute 0 to the loss. 
Negative examples that lie between the current solution and its associated CPFA projection 
contribute linearly based on their classifier decision scores.  Finally, negative examples that 
lie beyond the projection contribute a fixed amount given by   .  By construction, the loss 
goes to 0 as the estimate of PFA approaches  .  Thus, this term encourages the learner to 
select a classifier that achieves its primary learning objective from among the subset of the 
hypothesis class that satisfies  .  Although our proposed loss function is not convex, we have 
observed that local minima achieved in practice provide improved detection performance at 
the desired operating point as compared to SVMs for which only bias shifts and asymmetry 
parameter tuning are employed. 

2.2. Estimating PFA via Tail Estimation 

Recall that the previously characterized naïve approach to constrained PFA classification 
directly utilizes the percentage of incorrectly classified negative examples as an estimate of 
expected PFA.  We present an alternate estimation technique based on tail-estimation that 
provides a more conservative estimate of PFA. 

Train-set PFA estimation is a natural extension of parametric classification, since the 
probability density functions (PDFs) of the data are directly estimated.  In that setting, the 
natural PFA estimator is the area under the clutter PDF that lies on the “wrong” side of the 
classifier decision boundary.  In large margin approaches, the classifier decision boundary is 
selected that maximizes some measure of the separation of the data classes, without directly 
estimating the data distributions. Drawing intuition from the nonparametric setting, we 
propose a PFA estimator based on estimating the tail of the distribution, not of the clutter data 
   directly, but of the classifier decision scores  * (  )|      + on those data.  Fitting an 
appropriate distribution to the decision scores enables the specification of a confidence 
interval, which allows for a more conservative PFA estimation.  The level of conservatism for 
a given confidence interval is based on the variability among the decision scores of 
misclassified clutter.  Our proposed tail-estimation technique utilizes the Kaplan-Meier 
method [7], a commonly used Cumulative Distribution Function (CDF) estimation technique 
used in various fields, to fit an empirical CDF to the clutter decision scores.  This KM-CDF 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 350 -



 

can be used to calculate the CPFA projection by selecting    such that the lower bound on the 
KM-CDF given by the (   )  confidence interval at    equals  .  The framework 
presented here can accommodate other existing train-set error measures including the    
estimate of cross-validation [8] and PAC-Bayes bounds [9], which will be tested in future 
experiments. 

2.3. Baseline CPFA Algorithm 

Our baseline CPFA algorithm is an extension of the primal SVM presented in [6].  Our 
learning objective has the following form: 

     (     )       ∑   (     (  ))
 

   

 
 

|  |
∑  ( (  )  

 )

    

 (4) 

where the first two terms are inherited from the objective in [6] (  is the set of points 
violating their class margin boundaries given  ) and the third term is the left-hand side of 
equation (2).  Here the PFA constraint is implemented implicitly via a simulated annealing 
approach where λ is a “warming” parameter.  The learning objective in (4) is initially 
optimized with  λ set to 0, which solves for the primal SVM solution.  If that solution does 
not achieve an estimated PFA equal to or less than   (resulting in a zero value for the 
constraint term), then λ is increased and another optimization is conducted, using the 
previously obtained solution as the initial guess for   and  .  This process is repeated until 
the optimization procedure produces an   that satisfies the PFA constraint.  In this baseline 
implementation, finding the minimum value of λ for which   is achieved will result in a 
classifier that achieves the minimum possible value for the first two terms in (4) while 
satisfying the PFA constraint.  To obtain a continuously differentiable loss, the current 
implementation utilizes the following sigmoid as a surrogate for the ramp loss given in (3) 

     ( ( )   )   ( ( )   )  
  

     (  (  
  

 ))

 
(5) 

Although the current implementation uses a stochastic search technique to optimize (4), 
future implementations will use gradient decent for added efficiency and more robust 
convergence properties. 

3. EXPERIMENTAL RESULTS 

We used data from the Malta Plateau Clutter Track Database [10] to test the efficacy of 
the proposed CPFA classifier on sonar signals.  The database contains active acoustic tracks 
from both low- and mid-frequency sonar systems fielded during the CLUTTER07 and 
BASE07 sea tests.  We focused our experiments on data collected using the Low Frequency 
Active System.  Across the two sea tests, 38 objects were tracked which include both man-
made (e.g., wrecks and surface traffic) and geophysical (e.g., bathymetric features) entities.  
Each track is comprised of multiple echoes from a single object.  Six features, based on those 
utilized by the Single Ping Classifier in the Echo Tracker Classifier system, were extracted 
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from each echo along each track to generate the training and test sets for our learning 
algorithm.  As stated in [10], this dataset does contain label noise which can degrade 
classification performance. 

For this experiment, we selected oil rigs as the target class with all other tracked objects 
forming the clutter class.  Since individual echoes along the same track tend to exhibit 
correlation, we split the training and test data at the track-level.  The first two tracks for each 
object were used to construct the training dataset with all remaining tracks held out as test 
data.  This yielded 3117 training examples (157 target, 2960 clutter) and 7875 test examples 
(2160 target, 5715 clutter).  

Fig. 1 depicts the experimental results using the proposed CPFA classifier as compared to 
the primal SVM.  The gray curve shows the envelope (upper bound) of all Receiver 
Operating Characteristic (ROC) curves achieved by sweeping the hyperparameters (    ) for 
the primal SVM.  The black curve shows the envelope of ROC curves achieved by sweeping 
the CPFA classifier hyperparameters (      ) using the same candidate values for   and 
   with candidate   values of 3%, 4%, 5%, and 6%.  Results indicate that the CPFA classifier 
is able to increase the probability of detection (PD) over the performance of the primal SVM 
at the desired PFA values.  Specifically, the CPFA classifier provides an average increase in 
PD of 4% over the range of PFA values from 3 to 6%; this improvement results in 86 
additional correct target classifications on average over this range of PFA.  Note that the 
primal SVM consistently outperforms the CPFA classifier for PFA values greater than 28%.  
As expected, the CPFA classifier has traded overall performance to obtain improved PD at 
low false alarm rates, which is important for applications such as active sonar.   

The colored points in Fig. 1 represent the test-set operating points achieved for each  
hyperparameter set (      ) tested.  For this experiment the KM-CDF PFA estimator was 
used with       (95% confidence).  As expected, the various clusters of operating points 
demonstrate empirically that the 95% KM-CDF estimator is conservatively biased.  The 
green circles, for example, represent the CPFA solutions for       .  In this case, all of the 
achieved operating points fall below a PFA of .03 on the test data.  In fact, nearly all of the 
solutions shown in Fig. 1 achieve operating points below the desired PFA except for a few 
outliers for the other   values of 4%, 5%, and 6%.  Since false positive classifications 
typically require investigation from a system operator, conservative PFA estimation can help 
to manage operator workload.   

Note that the colored points that cluster near the lower left-hand corner of the ROC curve 
represent solutions for which the KM-CDF estimator became unreliable, presumably due to 
lack of data support.  Since the training performance of these classifiers is comparable to the 
depicted test performance, there is little chance that these solutions would be selected using a 
reasonable model selection strategy.   

4. SUMMARY AND FUTURE WORK 

We have developed a framework for CPFA classification and demonstrated a CPFA 
classifier based on the primal SVM.  Using the Malta Plateau database, we have shown that 
our proposed CPFA classifier achieves improved PD over the primal SVM at an 
operationally significant range of operating points.  Additionally, we have shown that our 
proposed train-set PFA estimator based on tail estimation provides a conservatively biased 
estimate of PFA.  This is particularly important in detection systems, such as active and 
passive sonar systems, in which controlling the false alarm rate is critical for operator 
workload management.   
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There are many interesting directions in which this work can be expanded.  Future work 
will attempt to improve the efficiency of classifier training by using optimization techniques 
based on gradient decent.  Additionally, the proposed approach to CPFA learning will be 
used with baseline algorithms beyond the primal SVM.  Finally, additional tail-estimation 
techniques, such as those based on extreme value theory will be explored as well as alternate 
PFA estimators, such as     estimates and PAC-Bayes bounds.   

 

 
 

Fig. 1: ROC Performance of the CPFA Classifier versus a Standard Primal SVM 
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Abstract: Propeller cavitation noise in the high frequency regime is broadband and yet 
audibly rhythmic. The study of these processes are important because the shaft and blade 
rates, as well as other identifying features of the ship, can in principle be inferred from 
propeller noise modulation characteristics. Conventional wisdom has been that propeller 
noise is an amplitude modulation of a wide sense stationary random process carrier. We 
show here that this assumption is wrong and that propeller noise actually often has a 
time-dependent spectral shape in addition to amplitude modulation characteristics. 
Motivated by this, we model the ship’s propeller noise as a general periodically-
correlated (PC) random process which allows for time-dependent spectral characteristics 
in addition to amplitude modulation and then derive its maximum likelihood estimator 
under the weak signal assumption. The new estimator is demonstrated on actual merchant 
ship noise data. 
  

Keywords: DEMON processing, propeller cavitation noise, modulation estimation 
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1. INTRODUCTION  

The cavitation of marine propellers on surface ships is the most prevalent source of 
underwater noise in the oceans, with a spectrum typically ranging from 5 Hz to over 100 
kHz [1]. Physically, as the propeller blades rotate, they encounter non-uniformities in the 
wake in-flow and hydrostatic pressure that modulates the formation of cavitation at the 
shaft rate which consequently produces a periodic-like modulation of the radiated noise 
from the cavity collapses [2,3,4]. Additional modulation-like effects on propeller noise can 
be introduced by ship roll and pitch at higher sea states [5]. The study of these processes 
are important because the shaft and blade rates, as well as other identifying features of the 
ship, can in principle be inferred from propeller noise modulation characteristics. 
     Propeller cavitation noise in the high frequency regime is broadband and yet audibly 
rhythmic. In regards to estimating its modulation characteristics, no analytical models are 
available for the aggregate cavitation noise radiated by marine propellers. The modeling of 
noise from cavitation by theoretical means is extremely complex (numerical methods have 
great difficulty in accurately modeling the detailed propeller flow and cavitation boundary 
layers and non-linear cavitation dynamics) and consequently most prediction is done using 
model propellers operating in a cavitation tunnel [2,4]. Conventional wisdom has been that 
the radiated propeller noise )(nx  is a periodic amplitude modulation of a wide-sense 
stationary random process (AM-WSS) that is of the form 

)()()()( nwncnmnx           (1) 

where )(nm  is some deterministic modulation waveform, the carrier )(nc  is a WSS 
random process and )(nw  is an ambient noise component.  
     This model forms the basis of standard DEMON processing [6]. With )(nm  assumed to 

be periodic, it can be expanded in a Fourier series as 
k

nik
k eanm 0Re)(  . From the 

model (1) and the Fourier series expansion of )(nm , Lourens and du Preez [6] derived an 

approximate maximum likelihood estimator (MLE) for the modulation frequency 0  

under the assumptions that c(n) and w(n) are mutually uncorrelated as well as individually 
uncorrelated, Gaussian, with zero mean. They showed that when the modulated signal is 
weak relative to the ambient noise, the MLE for 0  reduces to a Fourier analysis of the 

magnitude-squared of the received data, that is, 
22 )()(  

n

nienxD  . 

     An important question is whether this commonly used AM-WSS model (1) is an 
accurate representation of real DEMON signals. Our literature searches suggest that model 
(1) is largely anecdotal in nature and is not based on physics or rigorous analysis of data.  
Although DEMON signals almost always have amplitude modulation-like characteristics, 
in [7] we recently discovered previously unobserved signal dynamics in commercial 
merchant ship noise recordings, namely acoustic frequency-dependent phase shifts in the 
modulator function that are incommensurate with a pure AM-WSS model. This is because 
at slow modulation rates the instantaneous power spectrum ),( nS  of a DEMON signal 

)()()( ncnmns   can be approximately factored into the product )()(),( 2  CnmnS   
where )(C  is the carrier power spectrum.  This implies that the modulator phase is fixed 
across acoustic frequency or equivalently its spectral shape is constant. This inconsistency 
is clearly seen in fig. 1 where we have plotted an estimate of the propeller noise 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 356 -



 

instantaneous power spectrum over one ~.5 second propeller shaft cycle (fundamental 
modulation frequency is about 2 Hz) obtained from an actual merchant ship noise 
recording [8] using the cyclic average-based time-frequency estimator 

2

1

2/

2/

2)ˆ(
1

),(ˆ  
 


K

k

N

Nm

mfiePknmx
K

fnS     
        (2) 

where P̂  is an estimate of the fundamental modulation period, here 5.ˆ P  seconds. The 
propeller noise spectral shape in fig. 1 is obviously strongly time-dependent and not 
constant. For instance, at 400-500 Hz the primary strong modulator pulse (centered 
roughly at .1 seconds) ends abruptly at .14 seconds whereas around 800 Hz it continues 
beyond .2 seconds.  

 

Fig. 1: Cyclic average estimate ),(ˆ ftS  of merchant ship DEMON signal time-frequency 
distribution plotted over one  ~.5 second shaft rate period using an integration time of 10 

seconds, K=19,  and a window size (N) of 37.5 ms. Color map is in dB. 
 
    Of course, the issue now arises as to what model is best suited for representing real ship 
DEMON signals. Motivated by the time-dependent spectral characteristics we have 
observed in merchant ship noise, we propose modeling ship propeller noise as a general 
periodically-correlated (PC) random process [9] which allows for periodically-varying 
covariance or spectral characteristics in addition to amplitude modulation. In the next 
section we review the properties of periodically correlated (PC) random processes and 
derive the maximum likelihood estimator (MLE) for the signal’s time-varying covariance 
function assuming a weak Gaussian PC signal embedded in white Gaussian noise. 
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2. MAXIMUM LIKELIHOOD ESTIMATION OF THE COVARIANCE 
FUNCTION FOR A GAUSSIAN PC RANDOM PROCESS 

2.1. Review of periodically correlated random processes 

From Gladyshev [9], a continuous time random process )(tx  is called periodically 

correlated (PC) if its covariance function  )()(),(   txtxEttR  satisfies 
),(),( TtTtRttR    for any t  and   where T  is the process period. This 

property also admits a Fourier series representation and parameterization of ),( ttR  as 





P

k

kti
k ettR

0

0)(Re),(   
        (3) 

where T/20    and the Fourier series expansion coefficients )( k  given by 

 
T ti

k dtettRT
0

0),(1)(  .  

2.2. Weak signal maximum likelihood estimator 

    Assume N  discrete time measurements  TTNxTxxx ))1(()()0(  


are obtained 

from a Gaussian PC signal embedded in additive white Gaussian noise of variance 2 . 
Using the covariance function Fourier series expansion (3), its covariance matrix can be 
represented as 

   
 


P

k

L
T

k
T

k kQkQIxxER
0 1

00 ),(),()(Re)0()](,[


 
   

        (4) 

where    
  
 NmekQ mTik

mm ,,1,),( )1(
,

0   and zero elsewhere. P  and L  are the 

number of harmonics and maximum number of non-zero correlation lags respectively of 
the covariance function. The maximum likelihood (ML) estimate [10] of the unknown 
covariance matrix parameters )(,0  k  is obtained by maximizing the log-likelihood 

function (LLF) 

T
kkk xxRtrRL


)](,[)](,[log))(,( 0

1
00             (5) 

with respect to the unknown parameters. Regrettably the LFF (5) is a highly non-linear 
function of the unknown parameters and difficult to solve. However, we now show that an 
approximate solution can be obtained when the signal is weak or equivalently as the white 
noise power 2 . 
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2.2.1. MLE for linear parameters conditioned on ω0 

    Let’s begin with the ML estimation of the linear parameters for the general case when 

 


M

m mmGaR
1 0 )(  assuming 0  is known. Anderson [11] showed that the linear 

parameter estimates na  are obtained from the non-linear solution of the likelihood 

equations MnxxRGRtrGRtr T
nn ,,1,0111 


  . These likelihood equations can be 

re-written as 

   MnxxRRGRtr T
n ,,1,011 


            (6) 

When the signal is weak, IR 21   and therefore (6) can be approximated as 

  MnxxGaGtr T

m mmn ,,1,0 


            (7) 

The coefficients ma  are now obtained by solving the set of linear simultaneous equations 

given by (7). However, if the nG  matrix basis are orthogonal, i.e., 0mnGGtr  for nm  , 

then the solutions decouple and 2/ m
T

mm GtrxxGtra


 . The ma  can be interpreted as the 

least-squares solution fit of the mG  to R . We now deduce from these results that the 

approximate ML estimates of the linear parameters  kk )(  conditioned on 0  must be 
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         (8) 

from the linear structure of (4) and using the asymptotic orthogonality of the Fourier basis.  
 

2.2.2.  MLE for fundamental modulation frequency ω0  

    Suppose we have found the ML estimate of the linear parameters, i.e., 


m mmGaIR )(ˆˆ)(ˆ

0
2

0   given 0 . This estimate can then be substituted back into 

(5) to eliminate the linear parameters and obtain the LLF solely as a function of 0 . 

Before doing the substitution, note that to first order, AtrAI log  and 

  AIAI  1 . Using these approximations for the log-determinant and matrix inverse 

in (5) and letting 2 , we obtain the following weak signal LLF approximation 
(ignoring constant terms) 
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observing that the left-hand term (log-determinant approximation) in the upper equation of 

(9) tends to a constant since only the DC component along the diagonal of )(ˆ
0R  

contributes to the trace (sinusoidal components sum to zero) as the record size becomes 
large. Plugging the mâ  (subsection 2.2.1) into (9), we observe that the sum involves terms 

of the form   22
/ m

T
m GtrxxGtr


 which are nothing but energy. From this we conclude that 

when the signal is weak and as N  the LLF becomes 
2

, 00 )|()( 



k kL . 

Therefore, the fundamental modulation frequency estimate is obtained from 

2

0
0

0)()(
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argˆ  
k m

mikemxmx





  
       (10) 

2.3. Summary of MLE and mapping to T-F distributions 

    The periodically correlated maximum likelihood covariance function estimate (PC-
MLE) is calculated by substituting (10) into (8) and then (8) into (3) from which we obtain 

the final estimate ),(ˆ ttR . An important observation from the above results is that the 
weak signal MLE covariance estimate is equivalently obtained by solving the non-linear 

least-squares fitting problem     
k m

mik
kk emxmx




2

0
0)(Re)()()(,min .     

    The covariance function estimate by itself is not very informative about a DEMON 
signal’s characteristics. It is much more insightful and intuitive to study its time-dependent 
spectral structure by mapping the covariance function estimate into a time-frequency 
distribution. As an example, one could calculate the stochastic Rihaczek distribution [12] 

  dettRtS ai
a   ),(ˆ),(ˆ  to obtain insights into the DEMON signals instantaneous 

acoustic spectral content as a function of time. Since the estimate ),(ˆ ttR  is periodic, 

we call ),(ˆ
atS   the PC-MLE time-frequency (T-F) distribution and demonstrate its 

usefulness in section 3. In the next subsection, however, we first discuss the relationship 
of the PC-MLE T-F distribution and the larger category of modulation spectral estimates. 

2.4. Relationship to the modulation spectrum 

    Motivated by the recent discoveries of the importance of modulation information in 
speech analysis and recognition, the concept of a modulation spectrum has been of much 
interest in the speech and audio processing communities (see Atlas and Shamma [13]). 
The modulation spectrum can be thought of as a two-dimensional decomposition or 
representation of a signal as a function of its acoustic frequency content versus modulation 
frequency content. One way of calculating a DEMON modulation spectrum is to take its 

stochastic Rihaczek spectrum ),(ˆ
atS   [12] and then Fourier transform it with respect to t  

to obtain the modulation spectral content of the acoustic power spectrum, i.e.,  

dtetS ti
ama

m   ),(ˆ),(ˆ  where a  and m  represent the acoustic and modulation 
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frequencies respectively. The maximum likelihood frequency estimate (10) can then be re-
written in terms of the modulation spectrum as 

2

0
0

0 ),(ˆmax
argˆ  

k
a

i
a dek a



 


  
       (11) 

which by application of Parseval’s theorem becomes 

 
k

aa dk 



2

0
0

0 ),(ˆmax
argˆ  

       (12) 

   This explicitly connects the maximum likelihood DEMON estimator to a Rihaczek-

based modulation spectrum. Additionally, the Rihaczek modulation spectrum ),(ˆ
ma   

is very illuminating since it provides direct insights into the modulation spectral content of 
the DEMON signal as a function of acoustic frequency. 

3. EXPERIMENTAL RESULTS 

    PC-MLE and the Rihaczek modulation spectrum are now demonstrated on actual commercial 
merchant ship noise data obtained from [8]. The data is first bandpass filtered to 300-1000 Hz.  A 
10 second integration time is used with a maximum correlation lag of 30 ms. A total of 10 
harmonics along with the fundamental were used in the Fourier series expansion of the covariance 
function (3) for PC-MLE. The Rihaczek modulation spectrum plotted in fig. 2a shows the acoustic 
frequency versus modulation frequency content of the signal, from which can be seen that the 
fundamental modulation frequency is approximately 2 Hz.  
    Fig. 2b shows the PC-MLE-based time-frequency distribution estimate plotted over one shaft 
period (about .5 sec) calculated from the PC-MLE covariance function estimate. Compared to the 
cyclic average-based T-F estimate shown in fig. 1, the PC-MLE Rihaczek distribution (fig. 2b) has 
much finer detail, but qualitatively agrees with the cyclic estimate. In addition, Fig. 2b reveals that 
this merchant ship noise has a time-dependent spectral shape that is obviously inconsistent with an 
AM-WSS model (1) from our earlier arguments. 
 

 
Fig. 2: Commercial merchant ship propeller noise data examples. Plot scale is in decibels. (a) 

Rihaczek-based modulation spectrum. (b) PC-MLE stochastic Rihaczek time-frequency 
distribution estimate. 
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4. CONCLUSIONS 

    In this paper we derived the MLE for a Gaussian periodically random process embedded in 
white noise Gaussian noise. This estimator compared to conventional amplitude modulation-only 
DEMON processing [6] can provide much more information about modulated random processes 
such as the noise radiated from cavitating marine propellers when they have a time-dependent 
spectral shape in addition to amplitude modulation characteristics. In regards to future work, the 
presence of statistical impropriety in a modulated processes analytical signal could potentially be 
exploited in a PC-MLE framework to provide new information about the modulation 
characteristics. Schreier et al. recently showed that conventional Hermitian statistics by themselves 
are not sufficient when the signal is improper and requires the measurement of the complementary 
statistics also [14]. This is new information about the modulation process not previously available 
from conventional real-valued or Hermitian processing. 
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Abstract: Low frequency underwater noise is often dominated by shipping sources.  Since 
many unknown sources may contribute, statistical distributions are employed to 
characterize noise.  These distributions are useful to determine the performance of signal 
processing algorithms for passive sonar.  The Shallow Water Acoustic Performance 
(SWAP) program deployed a high resolution array acoustic observatory on the bottom in 
shallow water off the east coast of Florida.  The site is near Fort Lauderdale and Miami, 
two of the busiest U.S. ports, and is characterized by extremely high shipping activity.  
However, the site also displays high transmission loss.  Statistics of the measurements 
from this site are compared with earlier data from a towed array in the Mediterranean, 
Atlantic, and Pacific.  A simple model for beam noise is derived from a Poisson 
distribution of ship locations, a fit to the local transmission loss and the assumption that 
the closest ship in each beam dominates.  This model predicts an inverse Weibull 
distribution.  Under different assumptions, Dyer predicted a gamma distribution for 
shipping noise on a low resolution sensor.  The generalized gamma distribution includes 
both the Weibull and gamma distributions as special cases.  The data are shown to fall 
between the gamma and inverse Weibull distributions, and match well with the 
generalized gamma.  Transmission loss is shown to be a significant factor in determining 
the heaviness of the upper tail of the noise distribution.  
 
Keywords: array, underwater noise, distribution, shipping 
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MEASUREMENT DESCRIPTION  

High resolution beam noise data were taken with the Shallow Water Acoustic 
Performance (SWAP) array in shallow water off the coast of Florida, near Port 
Everglades.  The array is fixed on the bottom about 15 km southeast of Port Everglades in 
water about 270 m deep.  Heavy shipping traffic transits from this port, and along the 
Florida coast.  The SWAP array consisted of 500 equally spaced elements.[1]  The data 
were collected nearly continuously for a year from September 2007 to September of 2008, 
however, the data analyzed here span 4 months from September to December 2007.  The 
hydrophone data were narrowband processed at 0.1 Hz resolution, and were power 
averaged over one minute at selected frequencies below the array design frequency.  The 
primary focus of this study is the azimuthal variation and longer term variations of noise.  
The one minute averaging was done to reduce short term fluctuations and provide more 
stable estimates of the noise values of interest. 

The distributions of beam noise and statistics of the SWAP data are compared with 
towed array data from deep water from a number of earlier data opportunities, processed 
in the same manner.  An extremely long single aperture array was towed in the Pacific, 
Atlantic and Mediterranean in 1991 and 1992.  Data were processing at several 
frequencies and with subapertures ranging in size from a single phone to 198 
hydrophones.  Data from another high resolution towed array with 198 phones spread over 
3 nested apertures were collected in the Gulf of Oman in 1993.  The earlier data sets 
displayed a remarkable uniformity in the shapes of the distributions.  Shape statistics, 
including the standard deviation and skewness had similar behaviour in all 4 deep 
environments.  This is remarkable because of the wide range of shipping densities and 
noise levels.  The Mediterranean Algerian Basin site had 20 dB louder noise levels than 
the isolated Pacific site 1300 km south of Hawaii.  In contrast, in the recent shallow water 
site off Florida, the distributions had a much shorter lower tail and a longer upper tail, 
leading to a significantly higher value of skewness. 

A CLOSEST SHIP NOISE MODEL 
      The model starts with the reasonable assumption that the noise in any one beam of a 
high resolution array is dominated by the noise from the closest ship in the main lobe of 
that beam.  The model considers only two effects to be the most significant, the range to 
the nearest ship and the transmission loss to that range.  The distribution is developed from 
the distribution of ranges to the nearest ship, given a random distribution of ships.  This 
simple beam noise distribution model could use any transmission loss model, but very 
simple analytic forms are considered here, to show the first order effects.  The model 
ignores a number of other factors that may also influence the noise distribution, including 
the variation of source level across different ships, fluctuations in transmission, and 
multipath interference effects on beamformer response.  Some of these effects are 
included in more sophisticated models. [2], [3] 
     To a good approximation, the number of ships in any area is given by the Poisson 
distribution based on the shipping density.  For a pie shaped sector area of a beam out to 
range r, the mean of the Poisson distribution, , is given by  

22r  , 
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where  is the shipping density,  is the beamwidth and r is the range to the ship.  The 
cumulative probability distribution for the range to the closest ship in a beam is found 
from the probability that there are no ships in the area closer. 

)2exp(1)exp(1)2/|0()()( 22 rrANPrRPrF    
     The received beam noise level, BN, is found from the sonar equation, BN=S0-TL, 
where S0 is the ship source level and TL is the transmission loss.  For the purposes of this 
simple model, the source level is assumed constant, recognizing however, that there are 
significant variations across different types of ships.  The cumulative distribution of beam 
noise is given by 

)2)(exp())((1)()( 2 brbrRPbBNPbF   , 
where r(b) is the range a ship must be at to have received beam noise level b.  For simple 
models of transmission loss, the sonar equation can be solved explicitly for the function 
r(b).  For example, take a common simple spreading form, TL=A+B log10(r), or in linear 
space, tl=(r/r0)m, where m=B/10 and r0 =10-A/10m.  In this case we have 

 mbSrbF 2
0

2
0 )/(5.0exp)(    

This is recognized as an inverse Weibull [4] distribution.  Also note that the only 
parameter that changes the shape of the distribution is the TL spreading factor m, all the 
other parameters merely shift the distribution up or down.  This effect may explain the 
independence of the shape of the deep water data distributions to shipping density.  It also 
suggests that the main difference between the shallow water case and the deep water case 
is primarily due to the more rapid increase in TL with range, not the difference in shipping 
density. 

 

THE GENERALIZED GAMMA MODEL AND DATA COMPARISON 

 

 
    
Fig 1: dB shape statistics plane showing attainable values for the gamma and Weibull 

distributions.  Data are observed to fall between these distributions, where the generalized 
gamma distribution is valid.  
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Dyer developed another simple model under differing assumptions for shipping noise 
that predicted a gamma distribution.[5]  The statistics of the data are shown in Fig.1 to fall 
between the inverse Weibull and gamma distribution statistics.   Real data thus exhibit 
properties that are influenced by the assumptions of both simple models.  The generalized 
gamma distribution contains both the inverse Weibull and gamma distributions as special 
cases, acting as a natural bridge between these two.[6]  Thus it may be appropriate to 
characterize beam noise data with a fit by a generalized gamma distribution.  Figure 1 
shows the measured data statistics compared with the attainable statistics for the two 
simple beam noise distribution models.  The data fall between these two, where the 
generalized gamma distribution is valid.  The simpler Weibull and gamma distributions 
have only two parameters, which cannot arbitrarily match the mean, standard deviation 
and skewness of a measured distribution.  Given a match to the mean, they are then 
limited to a one dimensional curve in the 2 dimensional shape space shown in figure 1.  
The generalized gamma distribution has 3 parameters, however, and thus can fit the 
statistics anywhere within the planar region shown.  (The generalized gamma skewness is 
limited to values in the range of [-2 2].) 

The cumulative distributions of deep water noise data from the Gulf of Oman in 1993 
are shown in figure 2 for 3 different sub aperture sizes.  The data are shown by the step 
function histograms, and are compared with generalized gamma distributions shown as 
solid curves.  Each generalized gamma distribution is not a best fit of all possible to these 
particular data.  Rather, each generalized gamma function is obtained by a best fit to the 
shape parameters of earlier deep water data collected in 1991-1992 in 3 other seas, for the 
same DI.  (These generalized gamma curves are shifted to best match the means of these 
specific data.)  The goodness of fit indicates the remarkable insensitivity of deep water 
data noise distribution shapes to location and environment.  The Gulf of Oman is a much 
more confined basin, but has heavy shipping. 

 

 
 

Fig.2.  Cumulative distribution of beam noise for  different apertures measured in the 
Gulf of Oman, compared with generalized gamma distributions matching earlier deep 

water data. Upper left DI=14 dB, lower left DI=20 dB, lower right DI=18 dB. 
 

A cumulative distribution of shallow water noise data from the Florida Coast is shown 
by a red curve in Figure 3.  A best fit generalized gamma distribution (blue) nearly 
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overlays the data.  These data have a more extended upper tail and flattened lower tail 
leading to a higher skewness than the earlier deep water data.  The deep water data were 
dominated entirely by shipping noise; there was no evidence of a wind dependent floor.  In 
the shallow water case, there was a wind dependent noise floor evident at nearly all 
frequencies.  Despite the high shipping density, the high transmission loss led to many 
beams that were free of nearby ships, and hence free of shipping noise.  The noise floor 
flattens the lower tail of the distribution, while the prevalence of a few very close ships 
extends the upper tail. 

 

 

 
Fig 3.  Cumulative distribution for shallow water data compared to a generalized 

gamma best fit.  The long upper tail and short lower tail lead to a large skewness. 

CONCLUSIONS 

The statistics and distributions of the beam noise were measured for a high resolution 
array in shallow water.  The site was characterized by high transmission loss and heavy 
shipping.  Distributions were observed to have significantly higher skewnesses than those 
from a number of earlier deep water observations.  A simple beam noise model was 
developed, under the assumption that the noise in each beam of a high resolution system is 
dominated by the closest ship in the main lobe of that beam.  The model distribution shape 
is insensitive to shipping density.  Only the mean of the distribution is shifted by 
parameters including shipping density and beam width.  The shape depends only on the 
TL spreading factor.  This is in qualitative agreement with the behaviour of the deep water 
data, which all came from near cylindrical spreading environments, and which all had 
similar distribution shapes.  The simple model suggests that a major source of the 
increased skewness in the shallow water is the spreading loss that is more rapidly decaying 
than cylindrical. 

More quantitative agreement with the measured distributions is obtained by fitting a 
generalized gamma distribution.  Two simple statistical models of shipping noise, under 
differing assumptions obtain gamma or inverse Weibull distributions.  The generalized 
gamma includes both the gamma and Weibull distributions as special cases, and spans the 
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range between them.  Good agreement is shown between data and the generalized gamma 
distribution in both the deep water and shallow water data. 
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Abstract: When compared with high frequency sonar systems, low frequency sonars,
while offering the benefit of increased detection range, come with some significant chal-
lenges. Specifically, high resolution image processing methods cannot be employed because
low transmit signal bandwidth offers too little resolution to produce images that have suf-
ficient detail to allow one to reliably distinguish between similar objects. Nonetheless,
it is feasible to estimate macro-scale geometric features (e.g. length, radius) using low
bandwidth transmit pulses and non-imaging techniques.

A number of phenomena are manifest when objects are interrogated with low-frequency
sonar. Among these is edge diffraction in which sharply angled facets of objects (“edges”)
act like independent, radiating point sources. We show that with appropriate post-processing
of these returns, the edges can be localized thus allowing object extent to be assessed.

In this paper, we describe our processing system, and then give results when this sys-
tem is applied to over 40 sequences of returns from a rail system mounted in a large
pool. In each sequence, a single solid, proud cylinder is insonified, and our system reports
an estimate of cylinder length and radius. While histograms of these estimates cluster
roughly around the true values, edge diffraction analysis can be coupled with other, inde-
pendent assessments of size to provide even more accurate estimates that are potentially
informative features on which to base classification procedures.

Keywords: classification, edge diffraction, low-frequency

1. INTRODUCTION

Low frequency sonar may be preferable when searching for objects located on the seafloor
because lower frequencies propagate longer distances, allowing a single platform to search
a given area more quickly compared to higher frequency regimes. Additionally, lower
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frequencies penetrate into the sediment of the bottom, facilitating detection of buried
objects in addition to proud ones. For these reasons, low-frequency sonar methods have
been of increasing interest among researchers [4, 3].

A key problem in the development of submerged object classifiers — whether high
or low frequency — is that they must be robust to a potentially wide range of mine
burial states, sediment types and variables like exact composition of steel and other
materials used to build mines, as well as changes in design specifics or tolerances. It has
traditionally been high frequency sonar that is used to estimate physical properties such
as length and width which is important in identifying an object. Physically motivated
features, such as measurements derived from edge diffraction effects, that can lead to the
determination of the dimensions of an object are desirable because the effect of these
variables is more easily assessed, and they also have an intuitive meaning for human
operators. Furthermore, the task of classifying a new object, one for which limited or
no training data may be present, will be readily facilitated when the features are based
upon the physical characteristics of the objects of interest.

The purpose of this work is to demonstrate that assessments of the physical size of
objects — traditionally made with high frequency sonar — may also be made using
robust, physics-based features derived using low frequencies. We focus on cylinders in
this work because many objects of interest on the sea bottom are roughly cylindrical.
Additionally, we will focus on cylinders whose radii and lengths are near the wavelengths
of the interrogating waves, meaning that the features we seek are close to the limit of what
can be resolved. Finally, although some of the techniques discussed may be applicable
to buried or partially buried objects, we address only the problem of estimating the
dimensions of proud objects in this paper.

The phenomenon of edge diffraction is manifest in all insonified objects having sharp
corners. In Section 2., we describe this phenomenon in detail and show how it can be
leveraged to determine object size. We then describe two different methods for extracting
object size information from this phenomenon, an approach utilizing a transform of the
spectrum, called the cepstrum (Section 2.1), and a beamforming approach (Section 2.2).
Section 3. gives performance in determining length and radii of cylinders, and this is
followed by a brief discussion in Section 4..

2. EDGE DIFFRACTION

When a sound wave is incident on an object, the sharp corners (“edges”) of that object
act as point sources which radiate energy in all directions — including back at the re-
ceiver. This is a manifestation of Huygens Principle. In a monostatic scenario, a properly
positioned transmitter/receiver can view three edges of a proud cylinder, and by detecting
the returns from each of these edges, an estimate may be made of the cylinder’s length
and radius. This is depicted in Figure 1 (left) for a sonar located at position S.

If the sonar system is mobile, the multiple observations of the object from different
aspects can be used jointly to greatly improve the cylinder size estimate. Figure 1 (right)
shows traces which might be developed after detection of the wavefronts from each of the
edges at each position of the sonar system S. There are a number of techniques which
may be used to estimate cylinder size from these traces. Below, we discuss two types of
such techniques.
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Fig. 1 : (left) Returns from three edges of a cylinder as observed by a monostatic sonar
positioned at location S. (right) Idealized plot of the traces produced by each edge af-
ter detecting the wavefronts as the source/receiver moves in a circular path around the
cylinder.

2.1 CEPSTRAL PROCESSING

For observation angles near broadside or end-on, significant returns from only two edges
will be visible in the data (note the left pane of Figure 1 if S is near broadside or end-on).
The result is that the received signal contains two copies of the reflected signal that are
scaled and shifted in time relative to each other. This can be modeled as

y(t) = x(t) + αx(t− τ) (1)

where y(t) is the observed signal, x(t) is the return from an edge, and α and τ are the
scale and shift parameters, respectively. The relative delay between the two copies, τ ,
is dependent upon the distance between the two edges and the angle of observation. To
find this relative delay, we may examine the autocorrelation function.

The transfer function of the system described in Eq. (1) is given by

H(ω) = 1 + αe−jωτ (2)

and the squared magnitude of Eq. (2) is

|H(ω)|2 = 1 + α2 + 2α cos(ωτ) (3)

We may then compute the autocorrelation function (via the Wiener–Khinchin theorem
[1]) as the inverse Fourier transform of Eq. (3), which is

Rhh(t) = (1 + α2)δ(0) + α (δ(t− τ) + δ(t+ τ)) (4)

In an ideal, noise-free scenario, we can see from Eq. (4) that the autocorrelation function
will have a peak at the delay between the two signals, τ . In real-world applications, how-
ever, the observed signal will be corrupted by noise and the channel response. Therefore,
for this application, we will use cepstral processing to detect τ .

Cepstral processing [2] is used with much success in speech processing because it en-
ables the easy separation of the source signal generated by the vocal chords from the
filtering performed by the vocal tract. The steps of cepstral processing are illustrated
in Figure 2 . Note, in particular, the similarity to the steps taken to compute the au-
tocorrelation, except that instead of computing the square of the absolute value of the
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spectrum, in cepstral processing one computes the natural logarithm of the absolute value
of the spectrum. The primary advantage of the cepstrum is that the channel response,
which is a multiplicative effect in the frequency domain, becomes an additive effect in the
cepstral domain The channel response may then be compensated for by a simple demean
operation. For the signal model given in Eq. (1), the cepstrum, like the autocorrelation
function, will have a peak at τ .

Fig. 2 : Block diagram of cepstral processing steps.

We have tested the effectiveness of the cepstral processing using finite element mod-
eling (FEM) of the response of an ideal aluminum cylinder in water In Figure 3 , we give
an example of the surface generated by cepstral processing (including demeaning) of the
FEM data for a cylinder of radius 0.1524 meters and length 1.524 meters at observation
angles from 0 degrees (end-on) to 90 degrees (broadside). The strong cepstral peaks
corresponding to τ are clear in the areas near end-on and broadside.

Fig. 3 : Cepstral delay-angle surface with areas of interest near end-on (0 degrees) and
broadside (90 degrees) shown in detail. The trajectories extracted by our processing are
shown by a white trace in the detailed areas.

The trajectories of the cepstral peaks through the delay-angle plane have been ex-
tracted automatically via a script that simply follows the ridge as it evolves through the
plane. In the example shown in Figure 3 , the trajectory returned by this script is shown
by a white trace running along the ridges in the areas of detail.

This processing was repeated for cylinders of various sizes, and the results are given
in Figure 4 . The trajectories extracted from the demeaned cepstra are plotted as solid
lines while the expected trajectories (calculated analytically from the known geometry
of the source, receiver, and edges) are plotted as dashed lines, and the curves show good
agreement. Note especially that the slope of the curves, that is, the rate of change of
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the delays with respect to the change in incidence angle, matches very well, even in cases
where the expected and computed trajectories show a constant offset.

Fig. 4 : Trajectories of peaks extracted (solid lines) from the cepstral delay-angle surface
corresponding to end-on (left) and broadside (right), compared to expected trajectories
(dashed lines) for variously-sized cylinders.

To further examine the relationship between slope of these trajectories and the size of
the object, we have fit a line to each delay curve using least-squares regression and plotted
the slope of each regressed line versus the distance between edges in Figure 5 . The plus
(+) symbol represents the edges at end-on, while the circle (#) symbol represents the
broadside edges. It is clear from this graph that the slope of the trajectory of the cepstral
peaks is a good indicator of the object’s size.

Fig. 5 : The relationship of the magnitude of the slope of the cepstral peaks and the distance
between cylinder edges. Plusses (+) correspond to end-on while circles (#) correspond
to broadside. The color of the symbol for each cylinder agrees with the lines plotted in
Figure 4.
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2.2 SYNTHETIC APERTURE APPROACHES

The movement of the sonar system, achieved either through mounting on a vehicle or
a rail system, creates a synthetic aperture which allows us to bring to bear synthetic
aperture sonar (SAS) techniques. Though typically utilized with high-frequency data to
produce detailed images, SAS can also prove fruitful in the lower-frequency domain to
provide low-resolution shape information. Suitable SAS algorithms, also widely used in
radar, include the ω-k process with its variants and delay-and-sum beamforming. For an
overview of these algorithms, see [5].

Though any of these algorithms might work equally well in our application, we have
chosen yet another technique which we will refer to as the method of overlapping circles.
Detection of a single return from a point scatterer — such as an object edge — gives us
a range to that scatterer and defines a circle (in a two-dimensional space) along which
the scatterer must be lie. Returns detected from two or more different locations permits
localization of the scatterer by calculating the point of overlap of the circles. In our work,
targets and sonar platforms are on or near the bottom, and thus, assuming a 2D space
would seem to sacrifice little accuracy.

To locate a cylinder, detection of three edges is necessary to define the length and
radius. This implies that three peaks (the wavefronts from three of the four edges)
must be detected in each returned time series. While this can prove challenging (due to
multipath, reverberation, clutter, the aspect angle in view and other factors), the points
of circle overlap computed over hundreds of receiver/transmitter positions cluster about
the actual edge locations while spurious edges have a lesser density of overlapping points.

This can be visualized using a two-dimensional histogram as shown in Figure 6 (left).
Several putative edges are selected with the aid of the marginal distributions (middle
of Figure 6 ). In actual fact, we use the maximum values taken across the range and
cross-range dimensions. All possible pairs of these putative edges are then taken as one
side of a cylinder, and a second side is constructed such that the three edges of each
putative cylinder maximize the likelihood of that cylinder computed from the histogram
normalized to be a probability density function. Of all the cylinders so constructed, the
radius, length and location of the most likely is chosen as the estimate of the shape and
position of the target.

Figure 6 (right) shows a typical result from the data set described in Section 3.. The
true position and length of the cylinder are well estimated while the radius is quite far off
from the correct value. This is likely because the resolution attainable at these frequencies
is inadequate to accurately assess this shorter dimension.

3. ESTIMATING CYLINDER DIMENSIONS FROM

FIELD DATA

The beamforming method we have just discussed for estimating cylinder radius and length
was tested using data collected in a large pond at the Naval Surface Warfare Center in
Panama City, Florida. Thirty-nine ping sequences were selected from among the data
with each sequence consisting of approximately 800 returns from a monostatic sonar
emitting at regularly spaced intervals along a 20 meter rail. Two solid aluminum target
cylinders (one large and one small) were positioned, in turns, in the center of the rail’s
cross range at a range of 10 m. The cylinders were proud, the bottom sandy, and no other
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Fig. 6 : (left to right) The two-dimensional histogram of circle overlap locations with
marginal distributions, putative edges selected from those marginals and the estimated
and true cylinder sizes and locations.

Fig. 7 : (Left side) Histograms of radius and length estimated for the 29 ping sequences
collected on the large, solid aluminum cylinder. The true values of these parameters
(0.1524 m. and 1.524 m. respectively) are shown by the green lines. (Right side)
Histograms of radius and length estimated for the 10 ping sequences collected on the
small, solid aluminum cylinder. The true values of these parameters are 0.1524 m. and
0.61 m. respectively.

objects or clutter were present during the insonification of each object. 29 sequences were
collected on the large cylinder, and 10 on the small. The low-frequency ping was swept
from 1 kHz up to 30 kHz.

Figure 7 (left) shows the result of estimating radius and length of the large cylinder
with the true values of these dimensions given by the green line. While the length
estimates cluster around the correct value, the radius is severely underestimated. (In
fact, most of the estimates of radius default to the minimum value set in the code of
0.05 m.) This is most likely due to the limits of resolution possible using a low-frequency
band. We see similar difficulties with the smaller cylinder (Figure 7 , right). The length
is fairly well estimated — albeit with some large outliers — while the radius is either
generally underestimated or defaults to the minimum.
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4. DISCUSSION

We have demonstrated two techniques which may be leveraged in the low-frequency
domain to provide features for classification or ascertaining object size. While these
provide useful information for characterizing submerged objects, there are a number of
avenues requiring future work.

The data evaluated thus far has come either from finite element models or from a
collection performed in a pool with a sandy bottom. In both cases, echoes were devoid
of returns from bottom scatterers or clutter objects. If present, such objects would be
detected as additional edges which would serve to confuse our existing algorithms. It is
possible that our existing algorithms could be made more robust in this case, and more
accurate in all cases, by considering the three dimensionality of the problem (rather than
essentially projecting down to two dimensions.) However, it is not our intent that these
algorithms be used in a stand-alone mode, but rather that they be deployed as part of
a suite of low-frequency features so that the sum of the parts is much stronger than
any single element. Therefore, additional testing using data with clutter, along with the
incorporation of other physics-based features, is needed.

It may be interesting to compare low- with high-frequency methods for obtaining
assessments of object size. Our expectation would be that high-frequency methods would
provide better estimates because of the superior resolution achievable. However we note
that even a very crude size estimate obtained at low frequencies may be valuable given the
potential for high sediment penetration and long range detection that cannot be matched
at high frequencies.
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Abstract: Joint estimation of the direction-of-arrivals (DOA) for several sources is 
performed by solving a system of observation equations. An observation equation is taken 
to mean a parametric dependence of the signal in the observation channel on the signal 
sources. A system of observation equations can be transformed either to a single equation, 
in the case that DOA are estimated in a single plane, or to a system of two equations, in 
the case that DOA are estimated in two planes. DOA of the signal sources are the roots of 
these equations.  

Keywords: joint estimation of DOA, system of equations, linear regression, antenna array. 
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1. INTRODUCTION. PROBLEM STATEMENT. 
 
Many hydroacoustic applications involve estimation of the direction-of-arrivals 

(DOA) for several sources, with the angular separation between them being less than the 
width of the antenna directivity patterns (DP). This problem is known to be solved by 
various methods [1-5]. Each of them has their own strengths and weaknesses. 

In this paper joint estimation of DOA for several sources is performed by solving a 
system of observation equations. The term ‘observation equation’ is used in reference to a 
parametric dependence of the observed signal on the source signals in the observation 
channel: 

       
Ns

nq,nf ,nt ns,nf ,nt nq,nf ns ns nq,nf ,nt
ns 1

u a g , n ;nq 1, Nq ;nf 1, Nf ;nt 1, Nt ,


       
 
(1)

where nq,nf ,ntu  is  an observed complex signal in the nq-th observation channel in the nf-th 

spectral reading of the nt-th time cycle of observation; ns,nf ,nta  is a complex amplitude of 

the signal from the  ns-th source in the nf-th spectral reading of the nt-th time cycle of 
observation;  nq,nf ns nsg ,   is  the value of the complex DP of the nq-th observation 

channel in the nf-th spectral reading in the direction of the ns-th source; ns ns,  is the 

DOA of the ns-th source in the spherical coordinate system; nq,nf ,ntn is the complex noise 

amplitude in the nq-th observation channel in the nf-th spectral reading of the nt-th time 
cycle of observation; Nq is the number of observation channels; Nf is the number of 
spectral readings; Nt is the number of observation time cycle; Ns is the number of sources.  

In (1) and further, 1, N  designates the index from 1 to N. 

Observation equations (1) form a system of equations, where the observed signals (u) 
are known, and the signal source parameters – the DOA  ,   and amplitudes (a), are 

unknown. 
The number of the known observations is 2 Nq Nf Nt   (‘2’ denotes that both the real 

and imaginary parts of the signal are observed simultaneously). The number of unknown 
parameters of source signals depends on the signal model. The paper considers wideband 
signals with an unknown spectrum. In this case the number of unknown parameters 
is  Ns 2 2 Nf Nt    . In order to estimate the source parameters, the number of unknown 

parameters must be less or equal to the number of known observations, i.e., the following 
inequality must be satisfied:  

 Ns 2 2 Nf Nt 2 Nq Nf Nt        . (2)

Problem statement. There is a system of equations (1), it is required to find the DOA 
for the sources:    ns ns, , ns 1, Ns   . 

Problem situation: 1. The number of sources is known; 2. Condition (2) is satisfied; 3. 
The signals from sources are uncorrelated.   
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The methods for determining the number of sources are considered in many 
publications, [6], for example. The algorithm for superresolution of uncorrelated signal 
sources is given in [7]. 

2. AN ALGORITHM FOR JOINT ESTIMATION OF DOA FOR SEVERAL 
SOURCES  

The system of equations (1) is quasi-linear, namely, it is linearly dependent on signal 
amplitudes (energy parameters) and nonlinearly dependent on DOA (non-energy 
parameters). In the absence of noise, this special feature of the system of equations (1) will 
cause the observed signals in each nf-th spectral reading to form linear regression, with its 
order equal to the number of sources (Ns): 

   
Ns

Ns k,nf ,nt k,ns,nf ns k 1,nf ,nt
ns 1

u h u ; k 1, Nq Ns ;nf 1, Nf  


       , 
(3)

where k,ns,nfh  are unknown  regression coefficients. 

In order to verify (3), it will suffice to substitute the expression for the observed signals 
from (1): 

   
Ns Ns Ns

ns,nf ,nt Ns k,nf ns ns ns,nf ,nt k,ns ,nf ns k 1,nf ns ns
ns 1 ns 1 ns 1

a g , a h g ,   
  

        
 

   , 
(4)

Equality (4) will hold true if the regression coefficients (h) satisfy the system of linear 
equations: 

 
   

     

Ns

Ns k,nf ns ns k,ns ,nf ns k 1,nf ns ns
ns 1

g , h g , ;

ns 1, Ns ;k 1, Nq Ns ;nf 1, Nf .

   


     

     


 (5)

In sonar, DP of the observation channels are linearly independent, which is why for 
each   k 1, Nq Ns     and  nf 1, Nf  the system of equations (5) always has a single 

solution. Therefore, the observed signals do form a linear regression of the Ns order 
described by (3). The number of independent solutions of the system of equations (5) is 

 Nf Nq Ns   

From (5) it follows that the DOA of sources are the roots of the system of two 
equations: 

     

     
 

Ns

k,ns,nf ns k 1,nf Ns k,nf
ns 1

Ns

k,ns,nf ns k 1,nf Ns k,nf
ns 1

h g , g , ;k 1, Nq Ns 1 ;

nf 1, Nf

h g , g , ;k 2, Nq Ns ;

  


  


            
          




. (6)
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As it follows from (6), there exist  Nq Ns 1 Nf    systems of equations, whose roots 

are the DOA of sources. If the number of the observation channels is Nq Ns 2   and the 
signals from the sources are narrowband (Nf=1), the number of equations (6) will be 1. If 
the DOA of sources is determined in a single plane, the system of equations (6) 
degenerates in one equation. 

In order to improve the accuracy in estimation of the DOA, equations (6) can be 
transformed into (7) by the linear DOA combination method: 

   

   

Nq Ns 1Nf Ns

k,nf Ns k,nf k,ns,nf ns k 1,nf
nf 1 k 1 ns 1

Nq NsNf Ns

k,nf Ns k,nf k,ns,nf ns k 1,nf
nf 1 k 2 ns 1

c g , h g , 0;

d g , h g , 0;

 

  
  



  
  

  
         

  


            

  

  
 (7)

where k,nf k,nfc ,d are arbitrary linearly independent coefficients.  

The DOA of the sources will be the roots of this equation. In order to determine the 

DOA, it is necessary to find the regression coefficients  k,ns,nfh  and form a system of 

equations (7). 
Linear regression (3) in each spectral reading can be considered as a system of 

 Nq Ns Nt  complex linear equations with regard to  Nq Ns Ns   unknown complex 

regression coefficients. In order to determine regression coefficients, the order of the 
system of equations should be higher or equal to the number of regression coefficients 
(Ns), i.e.,    Nq Ns Nt Nq Ns Ns      or Nt Ns . Let up represent (3) in matrix form. 
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(8)

In (8) and below in the text, the sign “т” designates an operation of transposition. The 
vectors of the regression coefficients are determined from equations (8): 

     1* *
k,nf Ns k,nfk,nf k,nf k,nfh U U U u ;nf 1, Nf ;k 1, Nq Ns .


       

 
 (9)

In (9) and below in the text, the sign “*” designates the Hermitian conjugate of 
matrices. Consequently, the stated problem has been solved: the observed signals (1) are 
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used to calculate the regression coefficients by formulas (9), and then the roots of the 
equation system (7) are determined, which are the sought DOA of the sources. 

 The observed signals form linear regression (3) only in the absence of noise. However, 
a noise is inherent in real conditions. As a result, the regression coefficients calculated by 
formulas (9) are determined with errors and, consequently, the DOA estimates, which are 
the solution to the equation system (7), will also be determined with errors. The error 
value depends on the signal-to-noise ratio and the angular separation between the sources. 
The equation system (7) is given by  Nq Ns 1 Nf   arbitrary coefficients; it represents a 

general solution to the stated problem. From the general equation (7), by selecting the 
coefficients k,nf k,nfc ,d , it is possible to separate out a particular equation, whose roots will 

have asymptotically  minimum error variance of the DOA estimate. The problem of 
optimal choice of coefficients is beyond the scope of this paper. 

DOA estimation in a single plane requires the solution of only one equation (7), which 
corresponds to a set of coefficients k,nfc .  

   
Nq NsNf Ns

k,nf Ns k,nf k,ns,nf ns k 1,nf
nf 1 k 1 ns 1

c g , h g , 0


  
  

         
 

   . 
(10)

The minimum number of observation channels required for DOA estimation in a single 
plane is Nq=Ns+1. In this case equation (10) is simplified: 

   
Nf Ns

nf Ns 1,nf ns,nf ns,nf
nf 1 ns 1

c g h g 0
 

      
 

  . 
(11)

3. CONCLUSION 

1. Joint estimation of DOA for several sources by solving a system of observation 
equations is reduced to solution of either one equation, if DOA is determined in a single 
plane or a system of two equations if DOA are determined in two planes. 

2. It is possible to show, that from the general equation derived for joint estimation of 
DOA of several sources it is possible to separate out a particular equation, which 
minimizes the DOA estimate variance of sources.  
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Abstract: The reciprocal sound transmission experiments were conducted in the central 
part (Aki-nada and the Kurushima Strait) of the Seto Inland Sea, Japan for elucidating the 
weak effect of the Kuroshio on mean current and temperature variation. In the Aki-nada 
experiment of range about 30 km, the range-averaged current and sound speed along the 
sound transmission line across the inland sea are determined from the travel time 
differences and mean travel times, respectively. The range-averaged sound speed was 
converted into temperature , using the standard sound speed formula. Besides the 
semidiurnal and diurnal tidal variations and the seasonal warming, the temperature data 
showed the sub-tidal variations of periods 5, 7 and 21 days which had never been reported 
in Aki-nada. In the Kurushima Strait experiment of range about 5 km, the along-strait 
volume transport showed the fortnightly variation in the range of (-17.569 ~ +17.928) x 
104 m3/s, resulting in the mean eastward transport of 0.727 x 104 m3/s. The 5-day and 7-
day spectral peaks for Aki-nada may cooperate to make one broad peak around 5-day in 
the Kurushima Strait. This 5-day temperature variation is propagated eastward through the 
strait with the phase velocity of 0.45 m/s. 
 

Keywords: coastal acoustic tomography, Seto Inland Sea, Kuroshio effect, mean 
current, sub-tidal temperature variation 
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1. INTRODUCTION  
The Seto Inland Sea is the biggest inland sea in Japan, surrounded by three Japanese 

main islands (Honshu, Kyushu and Shikoku). The east-west length, horizontal area and 
average depth of the sea are 450 km, 23,203 km2 and 38 m, respectively. The average area 
and depth provide the total volume of 881.714 km3.The Seto Inland Sea is connected to 
the Pacific Ocean through the Bungo Channel and Kii Channel, located on the 
southwestern and southeastern sides of the sea, respectively, and significantly affected by  
the Kuroshio, flowing off both the channels. Although the Kanmon Strait also makes an 
outlet to the Sea of Japan at the western edge of the inland sea, its effect to the inland sea 
may be negligible due to the narrowness of the strait. The near-surface water at the 
northern front of the Kuroshio enters into the Bungo Channel with the mean periodicity of 
10 days (warming season) and 8 days (cooling season) as the Kyucho (rapid tides) [1],[2]. 
Although the Kuroshio intrusions through the Bungo Channel may provide a significant 
influence in the overall environment of the Seto Inland Sea, their effect on the central part 
of the inland sea is little known in contrast with the Bungo Channel. 

The mean current, i.e., subtidal current, in the Seto Inland Sea has been studied as 
residual currents in various regions of the inland sea. The overall view of mean current 
was reported by Yanagi T and Higuchi [3], using the currentmeter data from the limited 
periods of a few days. However the data are not good enough to know the mean current as 
a long-term average. Recent observational data are acquired only in limited areas because 
of the difficulty of data acquisition under the crowded shipping traffic and fisheries 
activity [4],[5]. The observations are still limited in space and time to estimate the mean 
current and temperature variations over the inland sea. 

The coastal acoustic tomography system (CATS), which has been developed by 
Hiroshima University as an application of deep-sea acoustic tomography [6], and well 
operated in the coastal seas around Japan, greatly serves to solve the above observational 
problem [7]-[9]. The CATS is here applied to measure the mean current and temperature 
variations in the central regions (Aki-nada and the Kurushima Strait) of the Seto Inland 
Sea.  

2. EXPERIMENTS 
The reciprocal sound transmission experiments were carried out to measure the mean 

current and temperature variations at the central part (Aki-nada and the Kurushima Strait) 
of the Seto Inland Sea, Japan (Fig.1).  

In the Aki-nada experiment during March to May 2010, two coastal acoustic 
tomography systems (CATSs) were deployed at the acoustic stations T1 and T2, distanced 
by 30.17 km. The CATS was placed at the edge of breakwater which protects the fisheries 
port, and the 4 kHz acoustic transducer was suspended down by a rope in water 4m above 
the bottom in front of the offshore side of the breakwater and connected to the CATS via a 
cable (Fig.2). The power of CATS was supplied from the solar batteries of 12 V and 24 V. 
The mean floor depth is 8m at T1 and increased monotonically to 33 m at 15 km away 
from T1. The floor depth reaches a maximum of 49 m around 20 km from T1, and 
becomes shallower suddenly toward T2 of which the mean floor depth is 14 m. The floor 
depth is over 40m at the regions of 16-23 km and 25-28 km which is maintained as the 
main traffic route of the inland sea.  
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Fig.1: Location map of the experimental sites and the surrounding region with the 

bathymetric chart. T1 and T2 are the acoustic stations for Aki-nada and KR4, KR5 and 
KR6 for the Kurushima Strait. The solid lines connecting the stations show the 
transmission lines of travelling sound. The tide gauge stations Matsuyama and Imabari 
are shown with the star marks. The whole region of the Seto Inland Sea is shown in a 
shrinkage scale at upper right of the figure. 

 
In the Kurushima Strait experiment during July to August 2009, the range is 6.32 km 

for the station pair KR4-KR5 and 4.13 km for the station pair KR4-KR6. The reciprocal 
sound transmission data were obtained between both the station pairs. The floor depth for 
the mean sea level is 13 m at KR4 and increased rapidly to 57m at 1.5 km away from 
KR4. The floor depth is gradually decreased from 44 m at 2.5 km to 10m at KR5. For 
KR4-KR6 the floor depth forms a more simple distribution such that it is increased to 
about 60 m at the middle from about 10 m at the edge. 
    The same CATSs were used for both the Aki-nada and Kurushima Strait experiments. 
The transducer (ITC 2002A) is of the broad-band type with central frequency 4kHz and 
band width 1.4 kHz. The transducer works not only for sound transmission, but also for 
sound reception. The source level of the broad-band transducer is 192 dB re 1μPa at 1 m, 
and the average power consumption is 480 W during the sound transmission. In the Aki-
nada experiment, the transmitted signal was phase-modulated by the six periods (18.43 s) 
of the 12th order M sequence and released every 15 minutes at the synchronized timing 
from T1 and T2. The signal-to-noise ratio (SNR) of received signals is increased by 20 
log 1212  = 36 dB as the M sequence gain. The 6 repeat transmission is also devised to 
increase the SNR by 20 log 6 dB= 7.8 dB (N: repeat number) through an ensemble 
average. Furthermore the fluctuation of received data during the six repeat receptions 
provides a short-term accuracy of measurement under fixed environmental conditions. For 
the Kurushima Strait experiment , the 4kHz sound is phase-modulated by one period 
(0.768 s) of the 10th order M sequence and released every 4 minutes at a synchronized 
timing from KR4, KR5 and KR6. As a result, the M sequence gain reduces to 30 dB. The 
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4-min interval data were smoothed through an hourly moving average to increase the SNR 
of received signals by 20log 16 =12 dB. 

The SNR gain is attained by the cross-correlation of received signals with the M 
sequence, used in the transmission. The 3 cycles per digit was selected to transmit the 
phase-modulated sound from the broad-band transducer. The transmission of 4 kHz sound 
in the 3 cycles per digit requires the frequency band-width 4 kHz/3=1.3 kHz which the 
present transducer satisfies. The time resolution for multi arrivals (one-digit width of M 
sequence) is given 0.75 ms. The travel times are determined at a maximum correlation 
peak in each of the correlation waveforms, obtained every reception.  
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Fig.2: Schematic diagram of the field deployment system for the reciprocal sound 

transmission experiment, placed on the breakwater of the fisheries ports. 
 

The range-average velocity Vm and sound speed Cm between two acoustic stations may 
be estimated from the travel time difference t  and mean travel time tm, respectively, in 
the following formulation. 

mm VC
Lt


1     (1)               
mm VC

Lt


2      (2) 

where L denotes the station-to-station distance, and the t1 and t2 denote the travel times 
from T1 to T2 and from T2 to T1, respectively. By solving the coupled equations (1) and 
(2), we obtain  

                t
L

CV m
m 

2

2

             (3)                    
m

m t
LC              (4) 

From the above equations, it is understood that the effect of current and sound speed on 
the travel time is perfectly separated. 

In the Aki-nada experiment, the CTD casts were performed at a 5 km interval in March 
15 and May 12, 2010 along the sound transmission line T1-T2. The results were used not 
only as a comparison data for sound transmission measurement, but also as data for the 
range-independent ray tracing simulation. The results of the range-independent ray 
simulation for the March data are shown in Fig. 3(a). Sound is mainly travelling in the 
upper 20 m for the March data. In the Kurushima Strait experiment, The CTD casts were 
performed at a 0.5 km interval on July 15, 2009 along the sound transmission line KR4-
KR5. The result of ray simulation serves to know the depth range at which rays travel in a 
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vertical section, and is shown in Fig. 3(b). Sound travels, spanning almost all the vertical 
sections except the trough, placed at 1.0~1.5 km from KR4.  

Aki-nada

Kurushima Strait

 
Fig.3: Result of the range-independent ray simulation, performed by using the CTD data 

at (a) Aki-nada  on March 15, 2010 and at (b) the Kurushima Strait on July 15, 2009. 
The vertical profiles of sound speed (C) are shown at left of the figure. 

3. SOUND TRANSMISSION DATA 
The sound transmission was sporadically interrupted by environmental factors such as 

the hull of traffic ships, thermal stratification and coastal fronts. For the Aki-nada 
experiment, the correlation waveforms obtained at T1 during 11:00-13:00 of March 28, 
2010 are shown with the stack diagram as a typical case in Fig.4(a) in such a way that the 
transmission time is elapsed upward. In spite of the variability of correlation peak heights, 
the peaks for the third reception are most persistently traced with relatively larger heights.  
Thus the correlation waveforms for the third reception are magnified in the right panel of 
Fig.4(a). For the Kurushima Strait experiment, the typical correlation waveforms of 
acoustic signals travelling from KR5 to KR4 during 9:00 of July 7 to 9:00 of July 8 are 
shown in Fig.4(b) with the stack diagrams. Furthermore the stack diagrams for 5:00-6:00 
of July 8 are shown in a magnified scale at right of the figure. There is a big peak in each 
of correlation waveforms to indicate the arrival of travelling sound.  

The travel times are determined at the maximum peak point in each correlation 
waveform. Only the peak points with signal-to-noise ratios (SNRs) greater than 7 
(equivalent to dB= 20 log (7)= 16.9) are considered in the following travel time analyses 
to reduce the uncertainty of measurement. 

4. ENVIRONMENTAL DATA 
4.1 Temperature Variations in Aki-nada 

The hourly mean temperature data, obtained at T1 are shown with the time plot in Fig. 
5(a) after the linear interpolation for data lacking. The CTD temperature acquired in 

(a) 

(b) 
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1 2 3 4 5 6 3

 
Fig.4 (a) Stack diagrams of the correlation waveforms for the six M-sequence receptions, 

obtained at T1 during 11:00-13:00 of March 28, 2010. The third reception data is 
magnified in right of the figure. The order of repeat reception is indicated with the 
circled number at upper of the figure. (b) Stack diagram, obtained at KR 4 for the 
station pair KR4-KR5 during 9:00 of July 7 - 9:00 of July 8, 2009. The diagrams for 
5:00-6:00 of July 8 are shown in a magnified scale at right of the figure. The biggest 
peaks are pointed out with the red dot on the correlation waveforms.  

 
March and May 2010 are plotted with the dots in the figure, showing a good agreement 
with the sound transmission temperature. The difference between the T1 (less data 
lacking) and CTD data is 0.07ºC for the March data and 0.05ºC for the May data. The 
seasonal warming is prominent with the weak 10-20 days fluctuation in the range of  0.2
ºC. The seasonal warming with time scales greater than 30 days is subtracted from the 
hourly mean data to focus on the period range of one hour to 30 days. The specific time 
scales of temperature variation are here evaluated quantitatively by the power spectral 
density analysis, and the result is shown in Fig. 5(b). Besides the semidiurnal and diurnal 
tides,  spectral peaks are visible at 5, 7 and 21 days with significant energy levels. 

4.2 Transport and Temperature Variations in the Kurushima Strait 
The range-averaged currents V5 and V6 for the transmission lines KR4-KR5 and KR4-

KR6 are calculated for periods when the reciprocal data are successfully acquired to  
permit the estimate of travel time difference. The along-line currents (V5, V6) are 
converted into the east and north components of current (VE, VN) by the coordinate 
transformation. The volume transport through the strait is estimated as a product of the 
range-averaged current and vertical cross section area and shown in Fig.6. The hourly 
mean transport data vary in the range of (-17.569 ~ 17.928) x 104 m3/s, resulting in the 
fortnightly mean transport of 0.727 x 104 m3/s. The harmonic analyses for the four and 
eight major tidal constituents are applied to the hourly data of volume transport. The 

(a) 

(b) 
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volume transport through the strait is considerably underestimated through the harmonic 
analyses while the mean (residual) transports are almost the same for all the three cases. 

The statistical characteristics of the 5-day variation are here studied by the power 
spectral density analysis for the one-day to two-week band-pass filtered data (Fig.7). 
Besides the weak one-day and half-day peaks due to internal tides, a significant broad 
peak is visible around 5-day in both the figures for KR4-KR6 and KR4-KR5. The phase 
difference between both the transmission lines for the 5-day variation is estimated as -
0.065 radian (corresponds to -1.23 hour), respectively. This phase difference provides that 
the 5-day phenomenon is propagated eastwards from the west line KR4-KR6 to east line 
KR4-KR5 with the phase velocity of 0.45 m/s when the average distance for both the lines 
is put into 2 km in approximation. 

 

Fig.5 (a) Time plots of the range-averaged temperature for T1, re-edited through a linear 
interpolation for the period of data lacking. The red dots show the CTD data, obtained 
on March 15 and May 12. (b) Power spectral density diagram for the re-edited 
temperature data, processed through one-hour to 30-day band-pass filter. The period for 
the significant spectral peaks is shown with a downward arrow above the corresponding 
peak. 

Hourly mean
8 harmonics
4 harmonics

Q (mean)= 0.727 x 104 m3/s

 
Fig.6 Time plots of the hourly mean cross-line volume transport (red solid line) for the 

entire observational period, shown together with the volume transports for the four and 
eight major tidal constituents (blue and green solid lines, respectively) by the harmonic 
analysis. The fortnightly mean transport for the hourly data is shown with the 
horizontal, dashed lines, and its value is put at upper right of the figure. 
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Fig.7 Results of the power spectral density analyses for the one-day to two-week band-pass 
filtered data. The left and right panels are for KR4-KR5 and KR4-KR6, respectively. 

5. CONCLUSIONS 
The effect of the Kuroshio on the subsurface environment of the Seto Inland Sea, Japan 

was attempted to measure at the central parts (Aki-nada and the Kurushima Strait) of the 
inland sea. The long-term measurement of mean current and temperature variation over a 
wide region, extended from Honshu to Shikoku (the first and fourth biggest Japanese main 
island, respectively), was first realized by applying the reciprocal sound transmission 
technique which does not disturb shipping traffic and fisheries activity at all. The 
temperature variations of periods 5-7day were found in Aki-nada and the Kurushima Strait 
which have never been reported in the central part of the inland sea and is likely to be 
related to the temperature variations in the Bungo Channel in touch with the Kuroshio. It 
is imagined that the mean eastward volume transport of 0.727 x 104 m3/s through the strait 
is also caused by the Kuroshio intrusion in the Bungo Channel. 
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Abstract: Ocean acoustic tomography (OAT) is a powerful approach for observation of 
coastal water fluctuations. A precise estimation of travel time is essential for measuring 
ocean current using OAT. Generally, a reciprocal propagation sound waveforms that are 
transmitted at the same time are similar mutually, and it is considered that their 
correlation is high. However, we found that reciprocal sound waveforms sometimes 
become different in the continuous estimation of travel time difference. In this paper, we 
present the estimation results of the reciprocal transmissions stability. In coastal water, 
the acoustic characteristics of both surface and bottom are important determinants of the 
sound field. We estimate the variation of the stability of reciprocal propagated sound 
transmissions using Rice distribution. A low stability of the reciprocal propagated sound 
waveforms occurs at a certain rate.  These phenomena seem to occur when a tidal 
variation occurs. Results of transmitted sound variation are compared with estimated 
variations at deep ocean. We conclude that acoustic variations were strongly related to 
the tidal variation and sea surface variation in coastal water. Acoustic measurement 
accuracy of current velocity in coastal water is also estimated. 
 

Keywords: ocean acoustic tomography, coastal acoustic tomography, shallow water, Rice 
distribution 
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1. INTRODUCTION  

Ocean acoustic tomography (OAT) and coastal acoustic tomography (CAT) have been 
considered as a powerful approach for observation of mesoscale ocean fluctuations. The 
objective of the OAT and CAT are to estimate ocean physical parameters (temperature 
distribution, current variability, sediment structure) in wide areas using acoustic data 
analysis.  

Measurement of ocean currents by reciprocal sound transmission was successively 
carried out on a scale of 10-1000 km. However, the small-order and short-time currents 
are not precisely measured. The reason is that the travel time is measured by the daily 
average of reciprocal amplitudes because ocean fluctuations such as internal waves can 
split the basic ray path into micromultipaths, which then interfere at the receivers, 
sometimes destructively. In a series of publications [3]-[7], the authors and others have 
estimated travel times and the stability of acoustic reciprocal transmission in the 1999 and 
2000 OAT experiments.  

In bays and coastal waters, there is also a great demand for information on ocean 
structure in bays and coastal waters. Since sound is propagated with reflection at sea bed 
and sea surface in coastal water, it is important to estimate characteristics of acoustic 
propagation in shallow water. In this paper, we present estimation results of propagation 
stability in coastal waters using Rician probability density function distribution model 
which can be used to describe the relation of the coherent component and incoherent 
component.  

2. EXPERIMENTS 

We use the data of a reciprocal transmission experiment that was performed at Uchiura 
Bay in Numazu city, Japan from 11 to 18 on November. The transducers at seashore and 
off shore side were located at about 5m and 30m depth, respectively, shown in Fig. 1. A 
distance between the transducers was about 350m. In this experiment, M-sequence signal 
was used as transmitted signals. M-sequence code is a pseudo random code generated by 
shift-registers and exclusive-or logic. Degree-7 code with 127 digits consists of 7 shift 
registers. The sequence was repeated four times during each transmission. The transmitted 
signal is a periodic repetition of the 7th-order M-sequence signal with the following 
characteristics:  

a) carrier frequency f0 = 31.25 kHz, 
b) digit length = 2 cycles of 31.25 k Hz = 0.064 ms, 
c) sequence length L = 127 digits = 8.128 ms, and 
d) transmission length = 4 sequence periods = 32.512 ms. 
 
The 31.25 kHz M-sequence acoustic signals were transmitted every 20 s. Clocks at both 

sides were synchronized using GPS system. At H[h]: M[min]:00[s], 20[s] and 40[s], the 
transducer at offshore side transmitted the signal and at H[h]: M[min]:10[s], 30[s], 50[s], 
the transducer at seashore side transmitted the signal.  The received signal was sampled at 
250 kHz (eight times center frequency) . 
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Fig. 1 :   Configuration of transducers in Uchiura Bay. 
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Fig. 2: (a) received signal and (b) correlated signal of M-sequence signal. 

 
Figure 2(a) shows the received signal at November 17, 02:00:00. Figure 2(b) shows the 

cross-correlated signal with a M-sequence replica. A horizontal axis corresponds to travel 
time, and a vertical axis corresponds to the normalized amplitude. The predicted 
improvement of the signal-to-noise ratio for the Gaussian noise was 21 dB. The correlated 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 395 -



 

results are equivalent to the results when 4 sequences of a two-cycle pulse of 31.25 kHz 
are transmitted.  Signals of 1 and 1’ correspond with propagated signals of first sequence 
of signals. 2, 2’ are second sequence signals, 3, 3’ are third sequence signals and 4 is forth 
sequence signal, respectively. Signals of 1 consist of direct and surface reflected rays and 
signals of 1’ consist of surface and bottom reflected rays. The surface and bottom reflected 
ray of 1’ arrived after the direct ray and surface reflected ray of 2 of second sequence 
arrived.  

Figure 3 shows a two-dimensional plot of the amplitude of reciprocal signals of second 
sequence from November 11 to November 18.  Amplitudes were normalized using the 
maximum amplitude.  The signal to arrive first shown with a black arrow is the direct 
wave which propagates directly without reflections at surface and bottom. In this paper, 
we use direct rays shown with a black arrow to estimate the propagation stability. The 
travel times of direct and surface reflected rays increased periodically during one day.  
The biggest change of travel time happened from 15:00 to 0:00 midnight. It is because 
there were periodical decreases of the water temperature on a propagation path of the 
measurement sea area at that time that the travel times of rays increased. 
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3. ESTIMATION OF PROPAGATION STABILITY IN COASTAL WATERS 

In this section, we estimate the stability of propagated sound in coastal waters by using 
signal phase information. The sea, together with its boundaries, forms a remarkably 
complex medium for the propagation of sound.  In travelling through the sea, an 
underwater sound signal becomes weakened. Also the ambient noise of the sea often 
presents in the location of receiving array. Moreover a coherent signal component 
converts to the incoherent component due to the medium fluctuations. Therefore, the 
received signals are constructed from the weakened coherent travel signals and the 
incoherent component. Ambient noise and incoherent component have been found by the 
probability density analyses of data in one deep- and two shallow-water areas to have a 
Gaussian amplitude distribution at moderate depths. This is consistent with the view that 
the noise originates through a great many source of random amplitude and phase. The 
Rice statistics model is general enough so that the different signal-to-noise ratios (SNRs) 
signal may have different amplitude and phase distribution. In this analysis it is the 
consistency from signal included incoherent component that is important.  Depending on 
the manner in which there are both the true signal and ambient noise in the long-range of 
received signal, the Rice probability density function (PDF) may be used to describe the 
relation of the signal and incoherent component.  

Let A and   be the true amplitude and phase of a given complex single such that 
cosA   and sinA   represent the true real and imaginary value, respectively. 
In the presence of incoherent component, the probability distribution for V can be 

shown as 

2 2

02 2 2
( ) exp

2
( ) ( )V V A AVp V I

  


   

 
(1) 

where I0 is the modified zeroth order Bessel function of the first kind,   denotes the 
standard deviation of the Gaussian noise in the real and imaginary signals (both of which 
we assume to be equal) [5]. 

A special case of the Rician distribution is obtained when only incoherent component is 
present, A = 0. This is well known as the Rayleigh distribution and eq. (1) reduces to 

2

2 2
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The distribution of the phase deviation,      , is given by                                                                                         

2 2 2 2 2
2 2

/ 2 cos / 2
2 2

1( ) 1 cos 1 erf cos .
2 2 2

[ ( ) { ( )}]A AA Ap e e  


   

  

 


                                                                                                         

                                                                                                                          (3) 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 397 -



 

Figure 4 shows the distribution in the phase deviation, evaluated by eq. (3) for different 
values of SNR, / 2A  . Although the general expression of the distribution of   is 
complicated, the two limits of A, A=0 and A  , turn out to yield simple distributions. 

If there is only noise, A=0, eq. (3) reduces to 

if  1
( ) 2

0 otherwise
p



  
 


   

  



 

For a large SN ratio, A  , it is easily seen that the deviation in the phase angle,  , 
due to the incoherent component will be small. Equation (3) reduces to a zero mean 
Gaussian distribution. This result is not surprising because when the true signal is large, 
the noise component can be ignored. 

  

 
 

Fig. 4: Distribution of the phase noises for several signal-to-noise ratios. The SNR =0 
PDF is the Rayleigh PDF. 

   
Figure 5 shows the trajectories of correlated signals in complex plane at 11/16. The 

biggest change in trajectory plots happens at 16:00 and 18:00. Figure 6 (a) shows energy 
ratio 2 22 / A  which is a ratio, (incoherent component)/ (coherent component), and (b) 
travel time of propagated direct ray. High energy ratio 2 22 / A  corresponds to a high 
incoherent component. The larger ratio is observed from 11/16 16:00 to 20:00 which is 
consistent with the results shown in Fig. 5. It is because there were periodical decreases of 
the water temperature on a propagation path of the measurement sea area at that time due 
to a tidal effect. It is found that the rapid change of temperature in coastal water due to 
tidal effect causes the acoustic energy conversion to the incoherent components. 
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Fig.6 (a) Energy ratio of incoherent and coherent components (b) Travel time of direct ray 

-1 0 1
-1

0

1

Im
a
g
.

00 :00:10

-1 0 1
-1

0

1

2004/11/16 : T
S

02:00:10

-1 0 1
-1

0

1
04:00:10

-1 0 1
-1

0

1

Im
a
g
.

06 :00:10

-1 0 1
-1

0

1
08:00:10

-1 0 1
-1

0

1
10:00:10

-1 0 1
-1

0

1

Im
a
g
.

12 :00:10

-1 0 1
-1

0

1
14:00:10

-1 0 1
-1

0

1
16:00:10

-1 0 1
-1

0

1

Real

Im
a
g
.

18 :00:10

-1 0 1
-1

0

1

Real

20:00:10

-1 0 1
-1

0

1

Real

22:00:10

Fig.5 Trajectory of correlated signals in complex plane 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 399 -



 

4. CONCLUSION 

In this paper, we estimated the stability of propagated sound using data of a reciprocal 
acoustic transmission experiment in Uchiura Bay, Japan.  Rice distribution was used to 
estimate the stability of direct and surface reflected rays. The combination of the 
amplitude and phase information using Rice distribution is effective for propagated sound 
in coastal waters.  
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Abstract: Long-term measurement of salinity and flow rate has been carried out in a tidal 
estuary using Fluvial Acoustic Tomography System (FATS) with a couple of 30 kHz 
broad-band transducers. The FATS was deployed in the Ota Diversion Channel, Japan, 
nearly 9 km far from the mouth. The channel is a shallow tidal-forced river with a 
maximum tidal range of 4 m. The tides are primarily semidiurnal, but mixed with a 
diurnal component. By means of two acoustic stations installed on each side of the 
channel reciprocal sound transmission was performed. The procedure enables us to 
measure range–averaged sound speed and water velocity along a ray path. The salinity 
can be deduced from the mean sound speed, water temperature, and water depth using 
Medwin’s formula. The range-averaged salinity varied in the span of 0 to 30 for the 
observation period of 22 months. The salinity was significantly influenced by tides while 
the freshwater runoff was limited by an array of sluice gates that is located 270 m 
upstream of the observation site. The salinity variations showed a good correlation with 
seasonal variations of mean sea level and freshwater runoff. Through the observation 
mean sea level varied in a range of 0 to 0.45 m. The increasing tidal range constricted the 
saltwater intrusion. When all sluice gates were completely opened for flood events, the 
saltwater was flushed out. The follow-up saltwater intrusion at the observation site was 
found half a month after the gates were closed. 

Keywords: Salinity, stream flow, acoustic tomography, tidal estuary 
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1. INTRODUCTION  

Continuous measurements of salinity for long periods of time are crucial in studies of 
water resources and ecosystems in estuaries. Generally, the salinity is deduced from 
conductivity, temperature and depth (pressure) data. However, the long-term measurement 
of conductivity is usually very difficult because of bio-fouling and soiling of the 
conductivity sensor.  

In the present study, a fluvial acoustic tomography system (FATS) is developed 
and utilized to measure flow rate and salinity in the Ota River diversion channel with large 
changes of water depth and salinity. The FATS have advantages compared to competing 
techniques, namely accurate measurement of travel time using GPS clock, high signal-to-
noise ratio due to modulation by 10th order M-sequence [1]. 

2. EXPERIMENTAL SITE AND METHOD 

2.1. Study area 

A FATS experiment was carried out during 2009 to 2010 at the Ota diversion channel 
(Fig. 1 and 2). The Ota River bifurcates into two main branches at about 9 km upstream 
from the river mouth. The tidal limit in Ota River estuary is about 13 km upstream far 
from the mouth. River flow in this tidal compartment is characterized by the periodic 
intrusion of salt wedges. The tides are primarily semidiurnal, but mixed with a diurnal 
component. The tidal range at a spring tide can be as large as 4 m at the mouth. The 
discharge of the Ota River is monitored at the Yaguchi gauging station that is located at 12 
km upstream from the mouth. 

Freshwater runoff is usually limited by the Gion sluice gates that are located at the 
bifurcation place: 270 m upstream of the observation site. Only one sluice gate is opened 
slightly in order to make a cross-sectional area of stream is 32 m×0.3 m to spill the flow. 
The Ohsiba gates are located at the bifurcation place of another branch: the Old Ota River 
(Fig. 1).  Usually, the Ohsiba gates are opened completely. 

The experimental site was located at 246 m downstream from the Gion sluice gates as 
shown in Fig. 1. The Ota diversion channel at the site is 120 m wide and the water depth 
ranges from 0.3 m to 3 m by tide. The salt water in the Ota River can intrude to about 11 
km upstream from the mouth. 

A couple of broad-band transducers were installed diagonally across the channel as 
shown in Fig. 2. The central frequency of transducers was 30 kHz, angle between sound 
pass and stream direction θ was 30 degrees, and transducers were mounted at the height of 
0.2 m above the bottom. The altitudes of left and right transducers were 0.46 m and 0.7 
m, respectively. The sound pulses of the FAT system were simultaneously transmitted 
from the omni-directional transducers triggered every minute by a GPS clock. 

Water level was measured every hour near both transducers as well as the river mouth. 
Vertical distribution of water temperature and salinity were measured every 10 minutes by 
C-T sensors attached to the pier of the Gion Bridge (Fig. 2) 40 m far from the left bank.  
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Fig.1: Study area and experimental site. 
 
 
 

 
 

Fig.2: Schematic of measurement method. 
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2.2. Evaluating salinity from FATS raw data 

The reciprocal sound transmission that was performed between the two acoustic 
stations, located on both sides of the channel, enable us to measure range-averaged sound 
speed and current speed along the ray path. The salinity is also deduced from the mean 
sound speed, water temperature, and water depth from Medwin’s formula [2].  

The sound speed c is estimated by Medwin’s formula (Eq. (1)) as a function of 
temperature ( C)T  , salinity S, and depth D (m) in the ranges of  0 35 C,T    
 0 45S  , and 0 1 000D  m: 

2 4 31449.2 4.6 0.055 2.9 10 (1.34 0.01 )( 35) 0.016c T T T T S D         (1) 

The cross-sectional average salinity is estimated from the sound speed measured by the 
FATS and depth averaged water temperature data. The depth averaged water temperature 
is deduced from the C-T sensors attached to the pier of the Gion Bridge (Fig. 2). Namely, 
the temperature data is estimated as arithmetic mean value of temperatures from the C-T 
sensors under water. 

3. RESULTS AND DISCUSSIONS 

3.1. Time series of freshwater runoff, tidal range and water level at the mouth 

The salinity intrusion in estuaries can be influenced by many factors including 
freshwater runoff, tides, mean water depth, etc. In the present observation site, it seems 
that the main influencing factors are freshwater discharge (measured at the Yaguchi 
gauging station), tides and mean water depth. 

Figure 3 shows temporal variations of the Yaguchi discharge YQ , the tidal range Tr  
and the mean water level at the mouth mH  for January 2009 to November 2010. It is found 
that there were some flood events during the observation period as shown in Fig. 3(a). The 
Gion sluice gates are completely opened in case of 3400 /smYQ  . As shown in Fig. 3(b), 
the maximum tidal range at the mouth exceeds 4 m, while the minimum tidal range is 
about 0.3 m. Thus, the amplitude of tidal range is considerably large. 

In Fig. 3(c), the time series of mean sea level represented by a black line was subjected 
to a wavelet low-pass filter with a 2.8 days cut-off period, to yield the sub-tidal 
fluctuation. The red line shown in Fig. 3(c) denotes seasonal fluctuation that was subjected 
to a wavelet low-pass filter with cut-off period corresponding to 45 days.  

The amplitude of sub-tidal fluctuation shown by the black line is about 0.1 m. On the 
other hand, the seasonal variation (red line) implies that the mean sea level ranges from 0 
to 0.45 m (level 0 means the mean sea level of Tokyo Bay). The mean sea level is low 
during winter and high during summer–autumn through which water temperature reaches 
its peak. 
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Fig.3: Time series of (a) water discharge at Yaguchi gauging station, (b) tidal range 

and (c) mean sea level (the black and red lines denote sub-tidal: cut-off period of 2.8 days 
and seasonal: cut-off period of 45 days  fluctuations, respectively) at the mouth. 

 

3.2. Temporal variations of salinity for small freshwater runoff 

The details of variations of water level, flow rate and salinity are examined in this 
subsection. Figure 4 demonstrates temporal variations of water level and the results of 
FATS near the Gion sluice gates during Oct. 1-20, 2010. As shown in Fig. 4(a), the 
discharge at Yaguchi was small and only one sluice gate of the Gion was opened slightly 
for the above mentioned period.  

Although the flow rate is positive almost throughout the period (Fig. 4(c)), the 
maximum salinity is high as shown in Fig. 4(d) comparing to the salinity of Hiroshima 
Bay that is about 32.5. According to Fig. 4(d) there are significant salinity fluctuations for 
the limited freshwater runoff. The semi-diurnal change of salinity for neap tides is larger 
than that for spring tides. It results from the difference of tidal mixing, namely stronger 
tidal mixing (larger vertical eddy viscosity) for spring tide damps down the density current 
(salinity intrusion). The smallest oscillation of the salinity is observed in the spring tide 
with the peak of the Yaguchi discharge. 

Figure 5 shows the temporal variations of salinity, water level and flow rate for one day 
in the spring and neap tide. For the spring tide, the salinity peak lags the high water. 
Reason for the delay is inflow of seawater from the Old Ota River (Fig. 1). During the 
flood period of spring tide, the seawater flows upstream through the Ohshiba gates which 
are completely opened. The time differences between peaks of the water level and salinity 
are not found during the neap tide because the seawater cannot intrude upstream beyond 
the Ohshiba gates. 
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Fig.4: Temporal variations of (a) Yaguchi discharge, (b) water level, (c) water 
discharge, and (d) salinity at Gion for October 2010. 

 

 
 
Fig.5: Temporal variations of salinity, water level, flow rate at Gion for one day in the 

spring and neap tide. 
 

3.3. Long-term variations of salinity 

Figure 6 shows the long-term time series of the FATS data and the salinity GS  deduced 
from C-T sensors attached to the pier of the Gion Bridge. GS  is estimated as the arithmetic 
mean value of salinity from the C-T sensors under water, though the data from these 
sensors are not reliable as sometimes they show values exceeding from salinity in 
Hiroshima Bay (Fig. 6(c)). It seems that the incorrect data stems from soiled sensor 
electrodes. 

The observation includes 6 flood events, in which the Gion gates were completely 
opened, as shown in Fig. 6(a). From the long-term FATS data, we can examine the effects 
of the freshwater runoff, tides and mean sea level on the salinity, though the time series of 
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FATS contain some blank periods. When all sluice gates were completely opened for 
flood events, the saltwater is flushed out. The follow-up saltwater intrusion at the 
observation site is found after half a month of the gates closing. 

In order to examine the effects of freshwater runoff, tides and mean sea level on flow 
rate and salinity, multi-regression analyses for discharge and salinity fluctuations were 
performed. The regression expression is  

1 2 3Y my Q Tr H                                                                                                 (2) 

where y is the fluctuations of flow rate or salinity. 
The results of multi-regression analyses are summarized in Table 1. The sub-tidal 

fluctuations ,Q S  are analyzed for the limited freshwater runoff by the Gion gates. In the 

case of seasonal fluctuations ,Q S , data for whole observation period are used in the 
analyses. 

The standard partial regression coefficients of the tidal range and the mean sea level are 
negligible for the flow rate. The Yaguchi discharge is a dominant factor. From the results 
of the sub-tidal fluctuations of salinity S , it is clear that the Yaguchi discharge YQ  and the 
tidal range Tr depress the saltwater intrusion. Conversely, the increasing mean sea lever 

mH , which is averaged over 45 days, encourages the saltwater intrusion. From 

3 1 || 0./ 5   , it is found that the effect extent of the mean sea lever is about half of that of 
the Yaguchi discharge. 

 
Fig.6: Time series of (a) flow rate, (b) salinity of FATS, and (c) salinity from C-T 

sensors. The red and blue lines denote sub-tidal (cut-off period of 2.8 days) and seasonal 
(cut-off period of 45 days) fluctuations.  

 

 
Table 1: Results of multi-regression analysis for discharge and salinity fluctuations. 
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4. CONCLUSIONS  

The fluvial acoustic tomography system (FATS) applied to a shallow tidal estuary with 
periodic saltwater intrusion. The FATS composed of a couple of transducers, which are 
installed diagonally across the channel, was able to measure the cross-sectional mean 
velocity and salinity. For the long-term measurement of salinity, the FATS showed 
outstanding performance compared to the conventional measurement method of salinity. 

The salinity was significantly influenced by tides while the freshwater runoff was 
limited by an array of sluice gates that is located 270 m upstream of the observation site. 
The time series of salinity showed seasonal variations. Seasonal fluctuation of salinity 
extracted by passing the original data through a low-pass filter with 45-day cut-off period. 
The obtained variations show a good correlation with the seasonal variations of mean sea 
level and freshwater runoff. The mean sea level ranged from 0 to 0.45 m during the 
observation span. The increasing tidal range constricted the saltwater intrusion. When all 
sluice gates were completely opened for flood events, the saltwater was flushed out. The 
follow-up saltwater intrusion at the observation site was found half a month after the gates 
were cloed. 
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Abstract: Ocean internal waves (IWs) often occur at interfaces between water layers of 
different density, and sometimes internal solitary waves could be developed from internal 
wave due to the nonlinear effect, especially in the relatively shallow sea environment. The 
features of shallow water acoustic propagation depend on the nature of internal waves 
severely, and the effect of nonlinear internal wave on the characteristics of acoustic 
propagation is one recent focus of research. The acoustic remote sensing method is more 
useful and challenging issue to monitor internal waves. The mode coupling theory, which 
means the energy exchange between different acoustic normal modes due to the deviation of 
sound speed field caused by internal waves, could be applied to inverse the parameters of 
nonlinear internal waves, such as phase speed,etc.. While nonlinear internal waves move 
along the acoustic source-receiver path, some quasi-period perturbations appear in the 
normal mode amplitude series, and the IW moving-speed can be inversed from those 
variability information. The field experiment was taken place on August 9-12, 2010 to the 
east-south of the Qingdao(China) coast in the Yellow Sea, in which two sets of acoustic 
monitoring system, including a 750Hz source and 16-element receiver vertical array, were 
operated simultaneously. The inversion results are compared with the oceanographic data 
and numerical simulations to validate the feasibility and applicability of the above inversion 
methods. 

Keywords: Internal wave, acoustic propagation, mode coupling 
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 1. INTRODUCTION 

Internal waves often occur at interfaces between water layers of different density ,which is  
driven by the complex interplay among tidal currents, surface waves, abrupt topography, and 
wind blowing, etc[1][2]. Nonlinear internal waves(NLIWs) or internal solitary waves(ISWs) 
are also widely observed in the ocean, especially in the relatively shallow waters such as 
Yellow Sea, New Jersey coast, and son on.  

The effect of ISWs on the energy dissipation, sediment resuspension and coastal biological 
activities are always the research hot spot. Even Apel et al.[1] have reviewed the physics of 
generation and propagation of the NLIWs, many issues are still poorly understood. A number 
of observation techniques such as moored sensors, towed sensors and satellites remote 
sensing are applied to monitor the NLIWs. Yang et al.[3] applied the measurement of 
themistor moorings and X-band radar to estimate the bearing and speed of NLIWs. Liang[6] 
obtained an internal wave distribution map in the South China Sea by anglicizing SAR 
images. Acoustic measurement is one of effective methods to study the NLIWs. Inverted 
echo sounders[2] and ADCP[4] have been applied to infer the properties of  the NLIWs. Only 
sound can propagate over a long distance in water. Then acoustic remote sensing is quite an 
effective method to monitor the ocean environment over a wide area by using acoustic signal. 

Since Zhou et al.[5] first reported the anomalous, frequency-dependent transmission loss of 
sound was due to strong internal solitons. Many ocean acoustic transmission experiments 
have shown that the travelling sound can be greatly affected by shallow water internal waves. 
The result of SWARM’95 experiment, which was conducted off the New Jersey in 1995[6] 
showed the intensity fluctuation of about 7dB. The midfrequency acoustic data[3] obtained in 
the SW06 experiment show the increase acoustic intensity by approximately 5 dB due to the 
NLIWs. There are so many results show that the acoustic transmission variability had a 
strong correlation with internal solitons. By considering simple soliton model, Zhou et al[5] 
concluded that the anomalous transmission loss was due to strong acoustic mode coupling 
caused by an interaction between acoustic waves and internal waves (Resonant interaction). 
Rouseff [7] formulated the acoustic normal mode coupling equation, applicable to the shallow 
water internal wave propagation by considering one-way coupled mode. 

Following a brief description of the oceanographic data obtained during the field 
experiment performed near the Qingdao coast in the Yellow Sea, the acoustic normal mode 
coupling formula are introduced in section 3, and are validated by simulation results. The 
acoustic data and inversion results are presented in section 4 to clarify the validity of the 
present inversion approach. Finally section 4 is reserved for the conclusion and discussion. 

 2. OCEANOGRAPHIC OBSERVATION 

A field experiment composed of two sets of acoustic monitoring system were took place 
on August 9-12, 2010 to the east-south of the Qingdao(China) coast in the Yellow Sea( Fig. 
1). Each system included a 750Hz source and 16-element receiver vertical array, and were 
operated simultaneously. The thermistor chain was also attached with the acoustic vertical 
array to measure the temperature variation. The experiment area was located at the northern 
of Chaolian Island, where internal wave events occur frequently in the summer. It is a 
suitable position to study the relation between acoustic transmission and internal wave. 

Figure 2 shows the temperature observation which were performed the depth correction at 
both two stations. Two NLIWs packets were labelled asⅠandⅡ, respectively. The NLIWs 
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passed the St.A just before low tide phase, and passed the St.B about 1 hours after high tide 
phase. The NLIWs packet was weak near St.A, the perturbation of thermocline was about 4-
5m, but this perturbation was increase to 6-7m at St.B. 

 
Fig.1 Location of experiment area 

        
Fig. 2 Temperature variation for 30-h period from  Aug. 9-10, 2010 

The spectrum analysis is performed for 20℃ isotherm line at both stations. The 3-5 
minutes period appeared in both spectrums, which present the high frequency components of 
the NLIWs. The gradient index among high frequency band are -1.5 and -1.3 at St.A and 
St.B, respectively. The MS4 and M6 tidal components are stronger near St.B.    

3. MODEL OF ACOUSTIC COUPLING MODE 

By considering one-way coupling mode, Rouseff [7] formulated the acoustic normal mode 
coupling equation in the shallow water internal wave environment. Here we shall introduce the 
brief derivation of this mode coupling equation for the range-dependent environment. 

In the range-dependent situation where the NLIWs packet exists between a source and a 
receiver array, the traditional acoustic field expression is not applicable and must be extended. The 
region, where NLIWs packet exists, become range-dependent due to strong perturbation of sound 
speed profile. In order to obtain a range-dependent solution, the region is divided into some 
segments. The solution of acoustic fields can be constructed by considering the standard normal 
mode solution in each segment and the connectivity condition between the neighbouring segments. 

By assuming the shape of ISW is invariable and the ISW travels with a constant speed u, 
taking into account the orthogonal condition of normal modes and applying the mode 
filtering, the mth modal amplitude at time t is given by 
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In Eq.(1) the amplitude of mth mode is a linear summation of discrete signal components 
and their frequencies are the product of the wavenumber difference between two normal 
modes and the phase velocity of ISW. When an ISW crosses the region of acoustic 
propagation, the amplitude of each normal mode constructs a quasi-period oscillation and its 
period is related to the ISW phase velocity by Eq. (2). The phase velocity of ISW can be 
estimated from the multi-frequency oscillation of the amplitude time series for normal mode. 

In order to validate the above inversion scheme, The simulation is performed by using the FOR3d 
and Kraken code for the flat topography case. An ideal ISW chain composed of 3 waves of amplitude 
6m is added to a range independent sound profile file, which is mean profile of observation among 
8:00-20:00, Aug. 10, 2010.  The ideal ISW packet is translated from the source to receiver with a 
constant velocity of 0.3m/s. Initially the ISW packet is 3.0km away from the source.  

From the amplitude time series for the first 8 modes when a 750Hz source is located at depth 
13m (not shown here), the regular oscillation can be clearly seen from the amplitude time series 
of the first 3 modes, mode 5 and mode 7. The coupling between modes 1-3 occur stably. The 
associated inversion result of ISW according to Eq.(2) is presented in Table 1. The maximum 
error occurs between mode 1 and 2 pair, the minimum error occurs between mode 3 and 4 pair. 
Most inversion error are smaller than 10% and the phase velocity of ISW are quite accurately 
obtained. The inversed result is not accurate by considering the low order adjacent mode pair, it 
may be due to the multi-coupling. 

Table 1 Inversion results of the ISW phase velocity for the flat topography case. 
 Mode 1 Mode 2 Mode 3 Mode 4 Mode 5 Moe 6 Mode 7 

Mode 1 -- 0.325 0.234 0.277 0.288 0.279 0.297 
Mode 2 0.406 -- 0.283 0.318 0.318 0.271 0.304 
Mode 3 0.334 0.283 -- 0.296 0.306 0.267 0.309 
Mode 4 0.277 0.26 0.296 -- 0.318 0.254 0.28 
Mode 5 0.288 0.278 0.306 0.318 -- 0.253 0.311 
Mode 6 0.304 0.271 0.267 0.282 0.253 -- 0.395 
Mode 7 0.307 0.294 0.309 0.313 0.311 0.395 -- 

4. ACOUSTIC DATA AND INVERSION 

In the experiment each acoustic system included a 16-hydryphone array and a 750Hz 
transducer, the hydrophone are deployed more dense below 9m water depth in order to 
capture the lower normal modes perturbation caused by the NLIWs. The 9th order pseudo 
modulated signals were transmitted at source level of 176dB. The transducer was positioned 
at nominal depth 15m. The received signals were aligned after compensating for array tilt at 
first, then were applied pulse compression to increase SNR. The distance between two 
systems is about 6.7km. Sound transmission was performed every 1 minutes in order to 
capture the rapid perturbation of the NLIWs.  

On August 10, 2010, one NLIWs packet passed St.A and St. B at about 12:00 and 18:50 
CST, respectively. Therefore this period was chosen to validate  the feasibility of the above 
inversion method. A total of about 900 acoustic transmission were recorded at both systems. 
The arrival structure (not shown here) at St.A and St.B are quite different. At St.A, the 
arrived peaks appear obviously among the middle 9-23m depth, but at St.B, the structure is 
just opposite, the arrived peak can be found among the upper 7m layer and lower 20m layer. 
And there remain another feature, at St.A the multi-peaks can be clearly  distinguished, but at 
St. A, only one peak can be found in the arrival structure. When the NLIWs train locates  
between two acoustic systems, the acoustic reciprocal transmission can not be kept, even the 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 412 -



 

NLIWs are just at the middle position between two systems. The arrival structure is strong 
related to the direction of acoustic signal transmission and the NLIWs propagation. 

Because the inversion method is related to the variation of normal mode amplitude, the  
mode filtering are applied to the received signals, and the amplitude fluctuation of the first 6 
modes were presented in Fig. 3. At St.A, the amplitude variation of  mode 1 and 2 are strong, 
and their phases are almost reversal, the scales of the amplitude for the other 4 modes are 
almost same and remain some high frequency oscillations. When the NLIWs packet is close 
to the St.A or St.B, mode 1 is dominant; and when the NLIWs packet is among the middle 
positions, mode 1 become weak and mode 2 become dominant. At St.B, the amplitude 
fluctuation for all 6 modes are strong, especially for mode 3 and mode 5, whose phase are 
almost reversal. But mode 1 is always weak.  

 
Fig. 3 Amplitude time series of the first 6 modes at St.A(left) and St.B(right). 

The Short Time Fourier Transform(STFT) are applied to the amplitude time series of 
normal mode in order to check the oscillation information clearly. Figure 4 shows the STFT 
results of mode 4 and mode 6 at St.A. When the NLIWs move from St.A to St.B, some peaks 
become strong, which present the effect of the NLIWs on acoustic transmission. For mode 4, 
there are two dominant components, one appears obviously when the NLIWs are close to 
St.A; when the NLIWs pass the middle point and is near St.B, another component becomes 
strong. For mode 6, there are three dominant components, all of them are strong when the 
NLIWs are near St.B. One interesting feature is that the first 2 components are meld to one 
peak when the NLIWs just pass St.A or just locate before St.B. It can be seen that the normal 
mode coupling is modified according to the relative situation between the NLIWs and 
acoustic system by checking the variation of dominant component in the STFT result. 

  
Figure4 STFT results of mode 4(left) and mode 6 (right) at St. A 

 

Figure 5 Inversed phase velocity of the NLIWs by using the results of mode 4 and 6 at St. A 

By applying the STFT results of the amplitude series of normal mode 4 and 6 at St.A into  

Time Time 

Time Time 

Time 
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Eq.(2), the phase velocity of the NLIWs is inversed and shown in the Figure 5. The blue line 
is considered the mode 4 at St.A and mode 3 at St.B, the red dot-line is considered the mode 
6 at St.A and mode 5 at St.B. Before 15:00 CST, when the NLIWs is near St.A, the inversed 
velocity is among 0.2-0.3m/s. After 15:00 CST, both inversed velocity increase very much, 
especially for mode4 case. By considering the temperature measurement of thermistor chain, 
the period of the NLIWs move from St.A to St.B is about 7 hours, then the mean phase 
velocity of the NLIWs is about 0.26m/s, which is in agreement with the inversed velocity of 
the first half period.  The reason that the inversed velocity of the second half period deviate 
the mean value 0.26m/s may be due to the multi-coupling among normal modes. 

5 CONCLUSION AND DISCUSSION 

The inversion results by considering simulation result and field experiment measurement 
suggests that the phase velocity of the NLIWs can be inversed  by applying the proposed 
methods mentioned above. The inversed phase velocity of the NLIWs by applying acoustic 
transmission observation is in agreement with that calculated by considering thermistor data. 

The feasibility of the inversion method is destroyed if multi-coupling situation occurs, i.e. 
the energy is not transferred from mode n to mode m directly. Another feature must be taken 
care that the topography between two stations is almost flat in our experiment, it is not 
necessary to consider the mode coupling caused by the slope topography. But actually mode 
coupling cause by the topography and the NLIWs are combined together, it is necessary to 
distinguish each other by analysis whether the perturbation of observation is related to  the 
NLIWs or not.  

Further theoretical work, numerical simulation works and field experiment are required to 
understand the acoustic normal mode interaction caused by the environment variation,  
especially the sensitivity of acoustic mode coupling to internal wave parameters.  
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Abstract: The quest for raw computing power has shifted from increasing processor clock 
speeds to increasing the number of processing cores. Currently, mainstream CPUs can be 
purchased in dual-slot quad-core and hex-core configurations. On the other hand, graphic 
cards provide hundreds of processing cores. We will present our experiences 
implementing the split-step Fourier parabolic equation in NVIDIA's Compute Unified 
Device Architecture (CUDA) environment, showing how we have achieved a 10 times 
speedup relative to a multi-core CPU implementation, with a modest investment in 
programming effort. 

Keywords: Split-step Fourier parabolic equation, high-performance computing, general 
purpose graphic processing unit, CUDA. 

1. INTRODUCTION AND BACKGROUND  

We have implemented a split-step Fourier parabolic equation (PE) model on both off-
the-shelf central processing units (CPUs) and graphic processing units (GPUs), to assess 
what performance gains are realistically possible from GPUs and how accessible this new 
technology is for wider use in the underwater acoustics community. Of several GPU 
architectures, we focused on the NVIDIA architecture, because NVIDIA has been 
providing the best support for scientific applications, through its “Compute Unified 
Device Architecture” (CUDA) software. For example, CUDA provides building blocks 
such as FFTs and (subsets of) linear algebra components from BLAS and LAPACK, 
optimized for GPUs. 
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Although there have been various implementations of scientific applications on 
graphics hardware, including underwater acoustic modelling, widespread use of this 
technology has been hampered by the often extraordinary effort needed to program this 
hardware. Reference [1] describes a split-step Fourier PE implementation on GPUs prior 
to CUDA. 

We chose the split-step Fourier parabolic equation (PE) model (see Ref. [11]) over 
other formulations (e.g. see Refs. [2] and [3] or Refs. [4] and [5]), because we had 
convenient FFT implementations on both CPUs and GPUs. Alternative PE formulations 
rely upon tridiagonal matrix solvers, which are inherently recursive and thus require some 
effort to restructure into a parallel form - Ref. [6] discusses implementing cyclic reduction, 
recursive doubling, and partition methods on GPUs. The FFTW FFT implementation (see 
Ref. [7]) on CPUs served as a baseline for comparison. The FFTW library was run on 
multiple cores using the OpenMP standard. 

2. REVIEW OF ESSENTIAL HARDWARE FEATURES RELEVANT TO 
IMPLEMENTING APPLICATIONS ON GPUS 

The GPU hardware consists of hundreds of processing “cores” that are organized to 
execute “single instruction multiple thread” (SIMT) programs. Programming these cores 
in CUDA uses the C language with several GPU-specific extensions. Library functions are 
provided to allocate memory in the GPU, to transfer data in and out of the GPU, to 
synchronize the cores, and to manage user and system events (e.g. to measure run times). 
A program to be run on the GPU cores is called a kernel. All the cores run a single kernel 
at the same time. Alternative paths in conditional blocks, such as if statements, cannot run 
in parallel - each alternative path is run sequentially, using the subset of the cores for 
which each condition is satisfied (with the other cores forced to sit idle). Conditional code 
sections that produce alternative paths obviously degrade performance. 

Programming GPUs involves several types of memory, some of it “on-chip” (making it 
very fast for the cores to access), some of it “off-chip” (making it very slow for the cores 
to access). The different memories include: 1) global memory (off-chip, accessible to host 
and all cores, and throughout life of application), 2) local memory (off-chip, scoped to 
individual kernel, basically the spill over into off-chip memory when a kernel uses up its 
on-chip register memory), 3) constant memory (read-only memory, accessible to all 
threads, off-chip but cached, so can be fast), 4) texture memory (read-only memory, 
accessible to all threads, off-chip but cached and optimized for 2D locality, so can be fast; 
can provide hardware-assisted interpolation and handling of boundary crossings), 5) 
shared memory (accessible only to threads in the same block, on-chip and very fast, 
defined only for lifetime of kernel), and 6) register memory (local to each thread, on-chip 
and very fast, limited in size since each thread must have its own copy). 

The work is divided by the kernel among the cores (i.e. threads) based on each 
individual core's placement in an up-to-3-dimensional block, and the placement of its 
block in an up-to-2-dimensional grid (of blocks). The data being operated on is mapped to 
blocks and the grid, so each core's placement in its block and grid determines what data it 
processes. It is strangely liberating to not have to worry about multiply nested loops, and 
instead focus on data based on a single core's placement in what is essentially the data 
volume. One significance of the blocks is that all the threads belonging to a block have 
access to the same super-fast shared memory, so an effective paradigm is to copy blocks 
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of data from global memory into shared memory for threads in a given block, and then to 
work on it while it is in the fast, on-chip memory. 

Data transfers between the host and the GPU are 5-10 times slower than data transfers 
inside the GPU, so a promising GPU application will be suitably “arithmetically 
intensive”, meaning that it requires a lot of arithmetic to be performed relative to the 
amount of data that must be transferred from the host to the GPU (and back). This may 
suggest a higher-order algorithm that accepts higher computational load in exchange for 
larger grid step sizes (which reduce the amount of data to be transferred in and out of the 
GPU). Similarly, applications that must retain a lot of state information may exhaust the 
supply of register memory (exerting “register pressure”) and lead to spill over into the 
slow “local” memory (local to a thread, but physically distant, off-chip, and much slower 
to access). 

This paper only provides a brief glimpse of working with GPUs. Refs. [8], [9], [10], 
and [12] provide more detail. 

3. IMPLEMENTATION OF SPLIT-STEP FOURIER PARABOLIC 
EQUATION MODEL  
Reference [11] describes the split-step Fourier parabolic equation approach to 

modeling range-dependent wave propagation in the ocean. Ref. [13] provided us with a 
detailed implementation recipe to follow. We implemented several operator splittings, 
including                  (case I in Ref. [13]),          

 

 
       

 

 
  (case III in Ref [13], and 
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   ) is a differential operator. This differential operator is 
numerically evaluated by Fourier transforming the depth-dependent field, multiplying by 
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    operator in the    transform domain, and using an inverse 
Fourier transform to transform the expression back to the spatial   domain. Thus, the first 
two operator splittings require two FFTs, and the third requires four FFTs. We will present 
results using the third splitting. Our implementation solves for  ̃      

      

√ 
 in order to 

include the density change at the water-seabed interface (but does not handle variable 
density in the seabed). 

In the timing comparisons below, the CPU and GPU versions of the code perform the 
same operations, although some of the control structures had to be changed, using loops 
on the CPU to iterate over arrays, and using GPU kernels to specify the code to be 
executed on all GPU cores in parallel. The FFTs on the CPU were run in an OpenMP 
mode, which allowed multiple CPU cores to be used in parallel. The FFTs on the GPU 
were from the CUFFT library provided by NVIDIA with CUDA (see Ref. [15]). 

4. RESULTS 

Timing comparisons were performed on three range-dependent modelling cases: 1) a 
range-dependent Munk profile at 400 Hz in which the water column depth changes 
smoothly from 5 km to 4.5 km, 2) a case called the Dickins seamount at 230 Hz, and 3) 
upslope propagation in a wedge at 500 Hz.  
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Figure 1: Case m5rd, range-dependent Munk profile, source at 150 m depth, at 400 Hz, 

zmax=7000, dz=.854492, and fft_sz=16k. 
 

  
Figure 2: Case dickins, Dickins seamount, source at 18 m depth, at 230 Hz, 

zmax=4500, dz=.54931640625, and fft_sz=16k. 
 

  
Figure  3: Case w500, upslope propagation in an isovelocity wedge, source at 40  

m depth, at 500 Hz, zmax=200, dz=.0625, and fft_sz=6.4k. 

The following tables show the results of running the CPU and GPU versions of the 
three cases described above with varying numbers of cores or threads. The four systems 
on which the timing comparisons were performed have CPUs and GPUs with varying 
capabilities and vintages. The GFLOPs/sec numbers do not include all the calculations, 
only those associated with applying the two operators, as described above, so these 
numbers will be underestimates. Nevertheless, these measurements can be used to 
compare the CPU and GPU capabilities. 
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    Seconds   GFLOPs/sec   Ratio   No. threads 
   GPU   CPU   GPU   CPU     GPU   CPU 
 m5rd  
  

 36.19   486.57   10.57   0.79   13.44   128   4 
 36.01   529.34   10.63   0.72   14.70   256   8 

 dickins  
  

 10.65   91.34   11.23   1.31   8.58   128   4 
 10.6   104.82   11.28   1.14   9.89   256   8 

 w500  
  

 8.02   25.17   4.23   1.35   3.14   128   4 
 8.03   25.45   4.22   1.33   3.17   256   8 

Table  1: Laptop, Intel Core i7 Q 720  1.6 GHz, Quad core (4 cores, 8 threads), Q3 ‘09, 
GeForce GTS 360M (previous generation, mobile version), 96 cores, 1.32 GHz, CUDA  
4.0. 
 
    Seconds   GFLOPs/sec   Ratio   No. threads 
   GPU   CPU   GPU   CPU     GPU   CPU 
 m5rd  
  

 9.66   338.34   39.61   1.13   35.01   128   4 
 9.57   360.56   40.00   1.06   37.68   256   8 

 dickins  
  

 2.77   61.73   43.14   1.94   22.26   128   4 
 2.76   67.98   43.31   1.76   24.62   256   8 

 w500  
  

 2.94   16.95   11.52   2.00   5.76   128   4 
 2.94   18.06   11.52   1.88   6.13   256   8 

Table  2: Desktop, Intel Core 2 Q9550 2.83 GHz Quad core (4 cores, 4 threads), Q1 ‘08, 
GeForce GTX 460 (current generation), 336 cores, 1.35 GHz, CUDA 4.0. 

 
 

    Seconds   GFLOPs/sec   Ratio   No. threads 
   GPU   CPU   GPU   CPU     GPU   CPU 
 m5rd  
  

 9.34   310.89   40.98   1.23   33.29   128   4 
 9.25   336.18   41.37   1.14   36.34   256   8 

 dickins  
  

 2.71   57   44.20   2.10   21.06   128   4 
 2.69   64.93   44.39   1.84   24.10   256   8 

 w500  
  

 2.87   15.64   11.80   2.17   5.44   128   4 
 2.87   15.96   11.81   2.12   5.56   256   8 

Table  3: Desktop, Intel Core i7 950 3.07 GHz (4 cores, 8 threads), Q2 ‘09, GeForce GTX 
460 (current generation), 336 cores, 1.35 GHz, CUDA 4.0. 

 
 

    Seconds   GFLOPs/sec   Ratio   No. threads 
   GPU   CPU   GPU   CPU     GPU   CPU 
 m5rd  
  

 20.63   302.02   18.55   1.27   14.64   128   4 
 20.66   315.26   18.53   1.21   15.26   256   8 

 dickins  
  

 6.2   56.91   19.29   2.10   9.18   128   4 
 6.21   61.4   19.26   1.95   9.89   256   8 

 w500  
  

 6.45   16.23   5.26   2.09   2.52   128   4 
 6.47   15.27   5.24   2.22   2.36   256   8 

Table  4: Server, dual-slot Intel Xeon X5550  2.67 GHz, quad core (8 cores, 16 threads), 
Q1 ‘09, GeForce GTX 285 (prev. generation), 240 cores, 1.48 GHz, CUDA 3.2. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 419 -



 

5. SUMMARY AND DISCUSSION 

Our experimentation with multiple CPU cores did not inspire confidence. Even simple 
OpenMP examples were difficult to get working, if we got them working at all. We 
speculate that this is because the OpenMP standard is less clear about how it scopes 
program variables among its threads. In comparison, CUDA seems much more explicit in 
how memory is used, and where the various variables reside in the memory hierarchy. 
Having said that, we relied upon the FFTW library to provide the multi-core functionality, 
through OpenMP. Unfortunately, although monitoring the load on all the CPU cores 
showed very high loads (90-100%), the run times did not indicate much speedup. Thus, it 
is possible that our CPU timing measurements can be improved upon by using a different 
FFT library. 

Despite these misgivings, the GPU run times for the two deep water cases were 
consistently 20-35 times faster than the CPU versions, when the latest generation GPU 
was used, in Tables 2 and 3. Table 1 uses a previous-generation laptop GPU with less than 
a third of GPU cores, and Table 4 uses a previous generation desktop GPU with half the 
number of GPU cores. The runs for case w500, the shallow water wedge, involved a much 
less computationally intensive problem, using a smaller FFT size and range dependence 
over only roughly a third of the entire interval. 

The GPUs tested here were relatively inexpensive “gaming” boards with 1-2 GB of 
RAM. The cost of upgrading to the latest generation GPUs was roughly $250, and in some 
cases a new power supply to support the higher power load of these GPUs. The benefit of 
these GPUs does not rely upon having a latest generation computer (the desktop listed in 
Table 1 is roughly three years old). New generations of GPUs have been introduced 
roughly every 9 months. 

Using GPUs to accelerate wave propagation models for underwater acoustics looks 
very promising, with growing support for scientific computing. We expect that as a more 
complete repertoire of linear algebra components becomes available, that it will prove to 
be very valuable to develop GPU-based versions of the propagation models used in the 
underwater acoustics community today. In addition, the computational capability provided 
by GPUs will enable interesting new approaches to 3D modelling. 
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 ANALYSIS OF LONG TERM MEASUREMENTS OF VERY 
SHALLOW WATER SOUNDS, A PERSPECTIVE FOR COASTAL 

MONITORING 

V. Jaud, L. Di Iorio,  C. Gervaise, L. Chauvaud 

C. Gervaise, 2 rue Francois Verny, 29200 Brest, France, Metropolitan 
cedric.gervaise@ensta-bretagne.fr 

Abstract: Natural Marine Park of Iroise is a protected area West of Brittany with at its 
center the archipelago of Molene. This archipelago is a 77 km2 very shallow water area 
with 11 islands. The area hosts a rich biodiversity with a resident group school of 
bottlenose dolphins, harbor seals, endangered migrating bird species and a wide range of 
seafloor benthic communities. Passive acoustics has recently proven to be an efficient 
means to monitor polar areas, coral reefs and estuaries.  Here, we present promising 
results from a first attempt to monitor the ecosystem of the Molene archipelago with 
passive acoustics. Sound recordings were carried out in 2010 using two autonomous 
recorders, moored at 0.7m from the seafloor. Each device acquired sounds continuously 
for 11 days at a 32672 Hz sampling rate and with a 16 bit resolution.  
 
We processed the data with custom-made algorithms to build four 11-days time series: 
- Time series 1 :  dolphins whistles detection, 
- Time series 2 : range of whistle detection, 
- Time series 3 : short impulse detection in the 1kHz to 5 kHz bandwidth, 
- Time series 4: wide-band [1 kHz, 5 kHz] noise level. 
 
Time series 1 shows over 30 events with dolphin whistles that were detected at an average 
range of 420m. Time series 3 presents the daily occurrence of benthic impulses with twice 
as many impulses at nighttime than at daytime. Finally, time series 4 shows a clear daily 
repetition of the background noise level and a well established diel pattern with 3 maxima, 
the first one around 2 PM, the second around 8 PM and the last around 2 AM. These time 
series indicate that passive acoustics combined with specific algorithms enable to 
represent a wide range of abiotic and biotic marine sounds over time. We will discuss 
these results in terms of their ecological implications and the potential of acoustic ecology 
for the study and monitoring of marine habitats. 
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 A NEW SCHEME TO ESTIMATE THE NATURE OF SUPERFICIAL 
SEDIMENT WITH DOLPHIN WHISTLES 

C. Gervaise, A. Barazzutti, F. Dadouchi, C. Ioana, Y. Stephan 

C. Gervaise, 2 rue Francois Verny 29200 Brest, France 
cedric.gervaise@ensta-bretagne.fr 

Abstract: Three sessions of acoustics records were performed by our own in 2009 and 
2010 in Bay of Biscay and Ushant area. Autonomous recorders AURAL from Multi 
Electronique Inc. (http://www.multi-electronique.com/) were moored in shallow water 
(depth ~ 130 m) at a 85 m depth to acquire sounds at a 32672 Hz sampling rate and with a 
16 bit resolution. An exhaustive exploration of these data with a home-made whistles 
detector indicates that the 2009‟s records present many 2-hours patches filled with 
whistles from common or bottlenose dolphins whereas the 2010‟s records present only 
four 2-hour patches filled with whistles from Risso dolphins or pilot whales. A rapid 
inspection of ambient noise level and whistles source level reveals a detection range of 1 
kilometer for the whistles. This range together with water depth create a multipath 
structure resolved by a spectrogram representation. As a first contribution of the 
communication, an inversion scheme to exploit this chorus of whistles is proposed to 
estimate the superficial sediment nature. A first part of our inversion scheme exploits one 
whistle a) to estimate the position of the emitter thanks to multipath (direct, bottom 
reflected, surface reflected) relative times of arrival, b) to estimate the elevation angle of 
bottom reflected path, c) to estimate relative strength between bottom reflected and direct 
paths and then d) to estimate a set {elevation angle, coefficient of reflexion} for this 
whistle. A second part of our inversion scheme consists in stacking the sets {elevation 
angle, coefficient of reflexion} obtained for many whistles to build the reflective properties 
of the bottom and to estimate a bottom structure that fits well with the measurements. The 
second contribution of the communication is to investigate and present the features of the 
whistles (level, directivity, bandwidth, frequency modulation law) and ambient noise 
(spectrum level) that conditioned the performance of our inversion scheme.  The 
communication will ended by an attempt to apply our inversion scheme on the bay of 
Biscay and Ushant data. 
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MODELLING OF AMBIENT NOISE CREATED BY A SHIPPING 
LANE TO PREPARE PASSIVE INVERSION: APPLICATION TO 

USHANT 

C. Chaillouxa, B. Kindaa, J. Bonnela, C. Gervaisea, Y. Stephanb, J. Marsc, J.-P. Hermandd 

 

a Passive Acoustics, Pôle STIC, EA3876, ENSTA Bretagne, 2 Rue François Verny, 29200, 
Brest, France 
d SHOM, 13, rue du Chatellier, CS 92803,  29228 Brest Cedex 2, France 
c GIPSA-Lab, 961 rue de la Houille Blanche, BP 46, F - 38402 Saint Martin d'Hères 
cedex, France 
d Faculté des Sciences appliquées/école polytechnique, Université libre de Bruxelles 
(U.L.B.), av. F.D. Roosevelt 50 - CP 194/05, B-1050 Bruxelles 
 
Electronic address: cyril.chailloux@ensta-bretagne.fr 

Abstract: The Ushant thermal front is a seasonal phenomenon which occurs from May to 
October in a shallow water environment (100m) of the Iroise Sea (off the coast of the 
north-western France). It corresponds to the boundary separating a well mixed inner shelf 
water from an open sea stratified water. To determine the dynamic of the front -or more 
basically the presence of a stratified or homogeneous water column- the possibility to use 
a shipping lane as a continuous acoustic source is studied. The originality of this work is 
to use a single receiver. Simulation results of sounds radiated by a shipping lane in a 
shallow water environment are presented, both for stratified and homogeneous water 
column. The corresponding pressure fields show a mean level difference in the frequency 
band 50-300 Hz. This feature will be used in the future as an observable to differentiate 
both environments, and thus passively detect the Ushant thermal front.  
One of the issue to get the mean level offset is to record the shipping lane noise without 
isolated ship interferences. As a consequence, an optimum mooring position to track the 
thermal front is suggested by the analysis of the vessel traffic from AIS data (Automatic 
Identification System). 

Keywords: Passive acoustic inversion, ambient noise, shipping lane, thermal front, 
shallow water. 
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1. INTRODUCTION  
 
 Nowadays many facilities exist to understand the dynamic of the ocean, in 
particular on the coastal zones. Remote sensing data as SAR images can be interpreted to 
detect internal waves in shallow water, or Lagrangian drifter give the possibility to follow 
a specific coastal structure as eddies. Acoustical technologies are commonly deployed for 
the sub-bottom currents observation with ADCP sensor or for a wind observation through 
the ambient noise (WOTAN project) to estimate the wind speed from the energy of sound 
which is produced by the wind when it is propagating beneath the ocean surface [1]. In 
this study we investigate the use of a passive acoustic method to detect the Ushant front 
presence. Basically it consists in determining the stratified or homogeneous aspect of the 
water column from the analysis of an acoustic pressure field. Indeed, this field is greatly 
affected by the sound speed profile in the water column, and the latter suffers strong 
variations due to variations in temperature, salinity and density, characterizing the 
presence of a frontal zone as the Ushant thermal front [2]. 
 
 The originality of our work is to use a single sensor, and to consider the noise 
radiated by a traffic lane as a source of opportunity. Most of the time, passive tomography 
applied to environment monitoring is performed using vertical line arrays [3]. This paper 
presents only a preliminary study of the tomography in such a restrictive context. 
However, the final aim of our work will be to provide in situ data to overcome the lack of 
data necessary in coastal modelling. Indeed oceanic models in shallow water run mainly 
with an assimilation data process fed with satellite measurements of the sea surface 
temperature [4], which fails when a cloud cover occurs. The assimilation of acoustic 
measurements into ocean models was first suggested by [5] and [6] and evolves toward 
applications presented in [7] and [8]. 

 
 Coastal zones present a great interest for both environmental as well as war 
strategy fields. As a consequence, active acoustic systems present many drawbacks in this 
context: using active sonar contributes to the noisy pollution of the environment (dolphin 
colony living there), and secondly a main interest for defence applications is to use 
unobtrusive sensors. The passive tomography fulfils these tasks with the noise present in 
the ocean, and in particular the ability to use the ship noise as a source of opportunity has 
been already proved [9] [10] [11]. For this study, we consider the case of the Ushant 
traffic separation lane, with an average of 160 ships per day crossing this area. 
 
 The paper is organized in five sections: section II is dedicated to the Ushant 
front, its dynamic and the description of the traffic separation scheme. Section III presents 
an analysis of the propagation, simulation results, and proposes a basic tomography 
scheme. Section IV deals with complications arisen when considering real data, and 
operational application of the method. The last section concludes the paper and presents 
the outlooks of this work. 
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2.  THE USHANT FRONT AND THE USHANT TRAFFIC LANE 

 
 The Ushant tidal front is a seasonal phenomenon which occurs from May to 
October off northwestern France. The main tidal front -the external front (here referenced 
as the red line on the figure 1) - corresponds to the boundary between a cold homogeneous 
water (around 10-11°C in May) close to the coast and an open sea stratified water (13-
14°C in May). It is localized at the west of the Ushant island and the homogeneous layer 
spreads approximately in a range from 5°W to 6°W of longitude. Another front, close to 
the coast -the internal front (here referenced as the black line on figure 1) - spreads 
between the Pointe of Saint Mathieu and the Pointe du Raz. A typical situation of this 
period is presented in the figure 1 showing the structure of different fronts. Corresponding 
sound speed profiles describe a typical step for the stratified water column (represented by 
the blue line in figure 1-b), and a vertical line for the homogeneous water column 
(represented by the red dotted line in figure 1-b). 

 
 
         (a) AVHHR satellite measurement                 (b) Synthetic sound speed profiles 

             
                             

Figure 1. (a) AVHRR satellite measurement of the Sea Surface Temperature over the Ushant 
front area on the 22th of May 2007, 12h00. The external front corresponds to the red line, and the 
internal front to the black line. These lines separate homogeneous cold water in blue (11°C) from 
stratified water in green (13-14°C). The Ushant traffic separation scheme is marked out by two 

pink strips, northwestward of the Ushant island. (b) Synthetic sound speed profiles corresponding 
to homogeneous cold water (red dotted line) and stratified water (blue line) 

 
 The Ushant traffic separation scheme draws two main distinctive lanes 
(separated by the pink strips on Fig. 1-a), one upward nearest the coast, and one downward 
off the coast (and beyond the far-off pink strip). The ship traffic is constituted of an 
average of 160 ships a day. This traffic creates a heavy continuous source of noise, that 
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will be considered for our tomography scheme. However, it is interesting to point that all 
the traffic in the Ushant area is not concentrated on the two main lanes. This problem will 
be addressed in section IV.  

3. A SIMPLE TOMOGRAPHY SCHEME 
 

a. Modal propagation 

 In shallow water, at considered frequencies (f<1 kHz), the propagation is 
described by modal theory. Considering a point source at depth sz , the received pressure 
field at range r and depth z is [12]: 
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where S(f) is the source spectrum, )( sz =1 is the water density, m  are the modal 
depth functions, and rmk are the radial wavenumbers. The tomography scheme presented 
in next section is based upon modal consideration. 

b. Tomography scheme 

 Our problematic is to distinguish between homogeneous and stratified water 
columns (see Fig. 1) using a single receiver. In this restrictive context, only 
straightforward tomography method could be developed. As a first step, the opportunity to 
use only the received spectrum amplitude is investigated.  
 
 In a stratified water column, the first modes are trapped around the sound speed 
profile minimum. In our context, the first modes are trapped in the deeper part of the water 
column, and thus interact more with the seabed than in an homogeneous environment. 
This phenomenon implies that the pressure field recorded in the stratified environment is 
more attenuated than the pressure field recorded in an homogeneous environment. As an 
illustration, Fig. 2-a presents the spectrum simulated in environments using sound speed 
profiles presented in Fig. 1-b. Simulation configuration is the following: source depth at 6 
m, receiver depth at 90m, source/receiver range set at 30km, and source spectrum is flat. 
On the figure 2, one can see that the spectrum simulated in homogeneous water (in blue) is 
higher than the spectrum simulated in stratified water (in red) over the frequency band 0-
500Hz. Note that the source/receiver configuration used for this simulation corresponds to 
our passive application. Indeed, the ship noise considered as the source, is close from the 
surface, while the receiver is close to the bottom. According to our own experiments, it 
seems to be the best place in the Ushant area, affected by strong currents, to limit the 
anchoring vibrations, and thus noise. 
 
   To link the attenuation phenomenon to our tomography context, the noise radiated by an 
horizontal source line is also simulated. The closest distance (CPA) between the receiver 
and the line source is 30 km, while the other simulation parameters are the same than 
previously. Corresponding simulated spectrums are presented in Fig. 2-b. Results are 
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equivalent to those obtained with the point source, although the spectrum variations have 
been smoothed by the range integration. Over the frequency band 0-130 Hz, both 
spectrums, point source as well as line source, differ by more than 10 dB. As this 
frequency band is greatly excited by radiated ship noise, this amplitude difference could 
be used as an observable to distinguish both stratified and homogeneous environments.  
 
   However, considering ship noise as a source also brings complications. Indeed, the 
source level is unknown and may vary. Nevertheless, according to Wales et al [13], ship 
radiated noise follows a statistical distribution around a known model. The standard 
deviation around this model is 5 dB for frequency below 350 Hz. Consequently, stratified 
and homogeneous environment should be distinguishable for low frequency when the 
received spectrum difference is higher than the source variability.  
 
  To improve the spectrum difference, one can simply increase the range. However, range 
should not be too large, indeed, if the range is too large, Signal to Noise Ratio (SNR), 
which is critical in this passive context considerably decreases.  
  In this study, the traffic noise in the Ushant area is considered as a line source. Next 
section will present a traffic analysis, showing that this assumption is justified if the 
receiver position is well chosen.  

 

 
Figure 2. Simulated spectrum for homogeneous sound speed profile (blue) and statified sound 

speed profile (red). Figure (a) corresponds to a point source and Figure (b) corresponds to a line 
source. 
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4. TOWARD AN OPERATIONNAL APPLICATION 
 
To perform our operational tomography scheme, it is necessary to determine an 

optimum location for the receiver, allowing to record only shipping lane radiated sound, 
without any interference coming from a singular vessel. In this context, AIS data covering 
the period from March to August 2010, reveal the vessel distribution in this area (see 
figure 3).  Note that AIS data provide information about ship identity, status (anchoring, 
fishing, etc…), and position allowing the vessel trajectory reconstruction. 

In this experience, hydrophone characteristics allow to record ship radiated noise in 
the limit of 95 km for a 5 dB signal to noise ratio.  Under this assumption, cumulative ship 
distributions is estimated on a six months period in the Iroise Sea, covering a 47.5°N - 
49.5°N, 6.5°W-4.5°W limited area, as shown on figure 3. Density traffic is represented by 
the brightness scale. As a consequence, two parallel main lanes appear tagged with P, 
corresponding to the traffic separation scheme, while many vessels having a random 
trajectory, as fishing vessels, are cancelled. Secondary roads are tagged with S, and the 
two possible optimum receiver locations are tagged with R. R locations correspond to the 
centre of a one hour vessel free perimeter of 40 km, on a 24 hours period.  Nevertheless, 
as previously mentioned, a long range is more appropriated to distinguish in term of 
amplitude, both spectrums corresponding to stratified and homogeneous water. 
Consequently, the optimum receiver location is the top R position of the image on the 
figure 3.  In addition, the possibility to use a traffic shipping lane as a continuous line 
source is confirmed by AIS traffic statistics, showing on a 24 hours period, that the mean 
number of vessels per hour is constant, with approximately 50 vessels per hour. 

 

                  
Figure 3.  Shipping distribution in the Iroise Sea:  cumulative ship positions from March 
to August 2010, with main SST traffic tagged with P, secondary traffic lanes tagged with 

S, and optimum hydrophone positions tagged with R. 
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5. CONCLUSION 

In this paper we have presented theory, simulation results and data analysis that 
demonstrate that we can extract in operational conditions an observable, based on a 
passive acoustic analysis, to characterize the stratified or homogeneous aspect of the water 
column, and therefore the possibility to detect the presence of the Ushant thermal front. 
These results are conditioned by a particularly constraining framework which requires 
positioning the receiver in an optimum place, defined from a compromise between a far 
enough range to prevent interferences and an enough amplitude difference between 
stratified and homogeneous environment spectrum. In the future, we will deploy an 
autonomous hydrophone to get real acoustic data, allowing us to compare operational 
results with simulation.     
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INVERSION OF PLANKTON ACOUSTIC DATA USING THE L-
CURVE METHOD. 
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Abstract: Classification and size discrimination of plankton are crucial in bio-mass 
estimation. The forward problem of developing mathematical models for plankton has 
been given a considerable attention and attained a remarkable achievement. But, there 
are a few works published on the problem of inversion. Greenlaw (1983) suggested some 
inversion methods, and Lebourges (2004) published an inversion algorithm with inversion 
results. The inversion methods in general find a solution with minimum size keeping the 
residual minimum. To do this a parameter is to balance the size of the solution vector and 
the residual vector. There is no method to choose an optimum parameter. In this work we 
have used the L-curve method to find the optimum parameter value. The L-curve is a plot 
of the norm of the solution vector versus the norm of the residual vector, for all 
regularization parameters. In this paper we present simulated results and compare with 
measurements. 
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 A COASTAL ACOUSTIC TOMOGRAPHY EXPERIMENT FOR 
TIDAL CURRENT MEASUREMENT IN THE SANMEN BAY, CHINA 
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Bo Lia and Lijuan Xu 

Second Institute of Oceanography, State Oceanic Administration, 36 Baochubei Road, 
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Administration, 36 Baochubei Road, Hangzhou, 310012, China.  
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Abstract: The coastal acoustic tomography (CAT) experiment was successfully carried out 
during September 6 to 9, 2009 in the Sanmen Bay near the Taizhou city, China. Seven sets 
of CAT systems were set up around the bay for mapping the tidal currents using fishing 
boats anchored at the each station. During the CAT experiment, a downward looking 
ADCP (RDI 600-kHz) was deployed from an anchored boat inside the tomography 
domain and collected the data for comparing with the CAT data. A pseudo random signal, 
called the 10th order M sequence, was transmitted every 3 minutes from the broadband 
transducer of central frequency 5.0 kHz. The transmission signals were received by the 
transducer equipped at other six stations, except the transmitted station. An inverse 
analysis is adopted to reconstruct the tidal current distributions on the basis of the travel-
time difference data, obtained from the reciprocal sound transmission between the paired 
CAT systems. The north-westward tidal current with a maximum velocity of 1.03 m/s 
entered into the tomography site from the outside of the bay during the flood tide, while 
the south-eastward tidal current with a maximum velocity of 1.09 m/s went back to outside 
of the bay during the ebb tide. The horizontal distribution of tidal currents obtained from 
the inverse analysis is in rough agreement with that of the ADCP velocity smoothed 
though a 10-minute running means. The root mean square differences are 0.18 m/s both 
for the eastward and northward current velocities, respectively.  

Keywords: Coastal Acoustic Tomography experiment, tidal current, inverse analysis, 
Sanmen Bay 
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1. INTRODUCTION 

The coastal acoustic tomography (CAT) is proposed as an innovational technology to 
make a breakthrough for continuous environmental monitoring of bays, inland-seas and 
straits without disturbing shipping traffic, fishing and marine aqua-culture activities [1]. 

The CAT system has been developed by Hiroshima University and successfully applied 
to current structures measurement in coastal seas around Japan since 1995 [2-4]. However, 
until now only a few of CAT application experiments were carried out outside of Japan [5-
6]. This paper reports the coastal acoustic tomography experiment, which was attempted 
in the Sanmen Bay near the Taizhou city, China. 

2. EXPERIMENT SITE AND METHOD 

The tomography experiment with seven CAT systems was carried out during 
September 6-9, 2009 in the Sanmen Bay, near the Taizhou city, China (Fig.1). The 
Sanmen Bay is a semi-closed bay. Inside the bay, fishing is very active. The western part 
of the bay is connected with the Maotou Channel, Manshan Channel and the Jiantiao 
River.  The southern and south-eastern channels are the main gates connected with the 
outside of the bay.  The water depths of the bay are about 5-20 m. The maximum and 
minimum water depth is 21 m and 3 m inside the tomography domain, respectively. The 
area of the tomography domain is 10 km×10 km.  

Seven CAT systems numbered from C1 to C7 were set up, using the fishing boats, 
anchored at the periphery of the bay. The broadband transducer (Neptune T170) was set 
up down up to 3-5 m depth through a steel carcase from the boat while the major 
components of the system such as electronic housing, battery and GPS antenna were put 
on the boat. The 5 kHz sound, phase-modulated by the 10th order M sequence, was 
transmitted every 3 minutes from the broadband transducer. The M sequences with 
different codes were assigned for each of acoustic stations to resolve multi arrivals. One 
period of the M sequence was transmitted with the pulse width of 0.64 s. As a result, one 
station receives transmission signals from other six stations with resolvability.  

During the tomography experiment, a downward looking ADCP (RDI 600-kHz) was 
deployed from an anchored boat in nighttime inside the tomography domain to collect the 
current velocity data for comparing with the CAT data. A CTD cast was executed during 
the shipboard ADCP surveys. 

An inverse analysis developed using travel-time differences obtained from the 
reciprocal sound transmission between the paired CAT stations is adopted to reconstruct 
the tidal current distributions. The inverse domain is extended to 20×20 km which is twice 
the tomography domain. The relationship between the travel-time difference vector y and 
unknown velocity vector x may be expressed by the form [2]:  

 
y = E x + n,                                     (1), 

where x is the 23-element vector of Fourier function series, y the column vector of 
order 21 (the total numbers of station pair), used to simulate the velocity distributions, E 
the 21 × 23 matrix, estimated from the location data of seven CAT stations and n the noise 
vector which represent both the measurement error and other uncertainties in the model. 
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The inverse solution is obtained by the “tapered least squares” method described by 
Yamaoka et al. [2]. 

 

 
Fig.1: Location maps of the experimental site. The positions of the CAT stations C1-C7 

are shown with the solid circles. The thick solid lines connecting the CAT stations indicate 
the sound transmission lines. The square indicates the downward looking ADCP station. 

The interval of bathymetric contours is 5 m. 

3. RESULTS 

4.1 Received data 

Reciprocal sound transmissions were successfully performed along the 21 transmission 
lines. The received signals between C1–C2 are shown with the unit of signals-to-noise 
ratio (SNR) as a typical example in Fig.2a and b. The correlation waveform of received 
signal makes a sharp arrival peak with a large SNR. The maximum SNR reaches 3313 
(35dB) and 4183 (36dB) for C1→C2 and C2→C1 (Fig.2c), respectively. The travel time 
is determined at the peak point with the maximum SNR.  

The travel-time difference (δt) data between all station pairs showed the prominent 
semidiurnal oscillations, as seen with gray dots in Fig.3. The δt predicted by the harmonic 
analysis, which considers the 8 major tidal constituents of K1, M2, M3, M4, 2MK5, M6, 
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3MK7 and M8, traces the δt quite well (see the black line in Fig.3). The RMSDs (root 
mean square differences) between the raw δt and its predication for all station pairs varied 
between 0.21 (C6-C7) and 0.90 (C4-C6) ms. These RMSD values result in the velocity 
errors varied between 0.05 and -0.16 m/s, under the sound speed of 1500 m/s and the 
station-to-station distances for each station pair. The predicated δt is used in the inverse 
analysis to reconstruct the tidal current distribution. 
 

 

Fig.2:Correlation waveforms of signals-to-noise ratio between a) C2→C1 b) C1←C2, 
and c) typical correlation waveforms received at 20:30 of September 7, 2009. 

4.2 Inverse results 

The inverse results provide the continuous mapping of horizontal tidal current 
distributions at a 3-minute interval. The typical horizontal tidal current distributions are 
shown with the vector plots in Fig.4. The strong north-westward tidal currents with a 
maximum velocity of 1.03 m/s entered into the tomography site through the two channels 
at the south-eastern part of the bay during the flood tide (Figs.4a and e). On the other 
hand, the strong south-eastward tidal currents with a maximum velocity of 1.09 m/s 
flowed back during the ebb tide (Figs.4c and g). The tidal currents became weak in the 
transition phases from the flood to ebb and ebb to flood (Figs.4b, d, f and h).  
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Fig.3: Time plots of travel-time differences for all station pairs. The gray dots and black 
lines indicated the raw data and the predictions by the harmonic analysis, respectively. 
The rms between the gray dots and black lines and the correspond velocity error is also 

shown in each panel. 

4. EVALUATION OF THE INVERSE RESULTS 

The range-averaged current velocities (post-inversion result), obtained along all the 
transmission lines by the inverse analysis are shown in Fig.6, together with that (pre-
inversion result), obtained by substituting the travel-time difference data into the formula 
[4]   : 

2

(2)
2

m
m

cu t
L
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Fig.4: Horizontal current vectors with a one hour interval obtained from 18:00 of 
September 8 to 17:00 of September 9, 2009 by the inverse analysis. The tidal level is 

shown at the top-right corner in each panel. 

 

where Cm is the rang-averaged sound speed and L the range between each station pair. 
The post-inversion results showed a prominent semidiurnal oscillation and was in good 
agreement with the pre-inversion result with the RMSDs varied between 0.08 m/s and 
0.24 m/s (Fig.5).  

The horizontal distribution of tidal currents obtained from the inverse analysis is in 
rough agreement with that of the shipboard ADCP velocity, smoothed though a 10-minute 
running mean (Fig.6). The RMSDs are 0.18 m/s both for the eastward (u) and northward 
(v) current velocity, respectively. The square correlation coefficient is 0.95 for u and 0.96 
for v (Fig.7). 
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Fig.5: Time plots of the-range-averaged current velocity, estimated along the transmission 
lines. The rms between the gray dots and black lines and the correspond velocity error is 

also shown in each panel. 

 

 

Fig.6: Comparison of the CAT (red) and ADCP (blue) velocities obtained at station 
ADCP. Upward points the north. 
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Fig7: Correlation diagrams between CAT and ADCP velocities.  
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Abstract: The Brazil Current (BC) is perhaps the less studied subtropical boundary 
current of the world ocean. Within this region, the BC develops vigorous meanders and 
rings. A combination of numerical simulations and observational studies are important 
tools to unravel these phenomena. Direct current measurements are rare and usually too 
short to depict the mean, long term circulation patterns. Similarly, quasi-synoptic 
hydrographic data in the region is sparse. Acoustic waves are an efficient tool for 
covering large regions of the water column in a synoptic way. Acoustic tomography can 
be therefore useful to better predict through inversion for the effective sound speed field 
and its assimilation to a circulation model the oceanographic fields of interest 
(temperature, salinity, density). Such information is particularly important for 
initialization and data assimilation to regional models for which small and meso-scale 
processes are of fundamental interest. In this paper, a preliminary study of acoustic 
propagation modeling through two vertical sections off the Brazilian southeastern coast is 
presented. Actual hydrographic data from DEPROAS 2003 sea trial serve to construct the 
physical parameters that characterize these sections.  

Keywords: Brazil Current, Acoustic Tomography, Feature Models 
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1. INTRODUCTION  

 
The region off coast of southeastern Brazil (between 20°S and 28°S) is subject to a 

complex pattern of meso-scale currents. Prediction and monitoring of this geostrophic 
currents system are topics of interest for the scientific community, given its importance, 
for instance, on climate, on fishing and for oil industry [Sunyé & Servain, 1998; Lima et 
al., 2009]. 

However, for a integrated program of observational oceanography and numerical ocean 
modeling it is essential to develop an efficient system of synoptic data sampling. In this 
context, acoustics may provide additional source of data that supplements the other 
conventional methods (e.g., moorings, buoys, gliders, hydrographic cruises) to infer the 
physical state of the oceans, with the interesting advantage that acoustical methods are 
able to sample the water column over large distances on an effectively synoptic scale 
[Stéphan et al., 2010]. In addition, the operational feasibility of meso-scale currents 
monitoring (including fronts and meanders) may be enhanced by acoustics due to real-
time access to data, including time series, given the possibility of installing acoustic 
moorings close to shore. 

Thus acoustic tomography can be very useful in providing estimates for numerical 
model initialization and data assimilation as well as providing important information about 
the structure of mass (density), which is ultimately what determines the baroclinic 
geostrophic currents. 

Off the coast of southeastern Brazil, the Brazil Current (BC) takes place typically in the 
first 500 meters of the water colum, flowing towards the south/southwest [Evans & 
Signorini, 1985]. The BC denotes the western boundary current responsible for closing the 
South Atlantic subtropical gyre. At intermediate levels, between 500 m and 1300 m, 
approximately, a reversal in the flow occurs, and the water mass is carried by the 
Intermediate Western Boundary Current (IWBC) in the opposite direction 
(north/northeast) [Boebel et al., 1999]. Coupled with the complex currents reversal 
mechanism, this current system presents strong meso-scale activity associated with the 
meandering and eddy formation [Silveira et al., 2004; Calado et al., 2006]. 

Aiming to understand acoustic propagation in this current system this paper presents 
some preliminary results on low-frequency (80 Hz) sound propagation modeling through 
two vertical sections off the Brazilian southeastern coast, each with a different bathymetry 
and isopycnic structure, based on real oceanographic data collected in situ. 

 
 

2. DEPROAS 2003 DATA SET 

   
  This work involves a subset of the DEPROAS (‘‘Dinâmica do Ecossistema de 
Plataforma da Região Oeste do Atlântico Sul”, Ecosystem Dynamics of the Continental 
Shelf Region of the western South Atlantic) experiment conducted in the Austral Spring of 
2003. Hydrographic profiling was done with a Fallmouth CTD. The data were collected 
by the University of São Paulo aboard the R/V Prof. W. Besnard. 
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    The cruise consisted of five transects sampled between 22 and 29 September, 2003. 
These five transects are distributed on 60 stations in a region bounded on the north by 
Cabo Frio (23°S) and on the south by São Sebastião Island (25°S), as showed in Fig. 1. In 
this paper, only the two north transects are considered, referred as Transects 4 and 5 in the 
remaining of the paper. 

F
ig. 1 

- 
DE
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OAS 
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ng 
200
3 
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ogra
phic 
grid.  
Tra
nsec
ts 4 
and 
5 

cons
idered in this paper are highlighted in red. Each circle corresponds to a station where 

hydrographic data were collected. 
 

Figures 2 and 3 show the vertical slices of the baroclinic geostrophic velocity for the 
Transects 4 and 5, respectively. Spatial variations in density were used to calculate the 
baroclinic geostrophic velocity through the Dynamic Method [Sandström & Helland-
Hansen, 1903]. A level of zero motion at 500 m was established, since this is the 
characteristic thickness of the BC off southeastern Brazil [Evans & Signorini, 1985]. 
Maximum speeds of approximately 0.8 m s-1 were found for the BC in the two transects, 
while the IWBC is slightly more strong in Transect 5 (maximum speed of approximately 
0.2 m s-1) compared to Transect 4 (maximum speed of approximately 0.1 m s-1). 
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calculated with a level of zero motion set at a pressure of 500 dbar. 
 

Fig. 3 
– 

Transect 
5: 
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zero motion set at a pressure of  500 dbar. 
 
 

3. ACOUSTIC PROPAGATION THROUGH THE BRAZIL CURRENT 
 

    This first paper aims to study the characteristics of acoustic propagation through 
realistic BC sections constructed from the DEPROAS 2003 data. The acoustic propagation 
is modelled with BELLHOP ray model [Porter & Bucker, 1987] with a source frequency 
of 80 Hz. The source is placed at the same position as the hydrographic station closest to 
the coast at a depth of 5 m (0-km range, Figs. 4 and 5). The investigated range of 
propagation corresponds to the maximum distance between the hydrographic stations. 
    Figure 4 illustrates the acoustic propagation for Transect 4. The figure shows the 
density field overlaid by the acoustic propagation rays, the incoherent transmission loss 
overlaid by isopycnals, and the variations of transmission loss on the extremal vertical 
profile when the acoustic source position varies in the range from 0 km to 100 km. In the 
region of the continental shelf, rays propagate throughout the whole water column because 
of the cumulated effects of refraction and surface/bottom interaction. At the shelf break 
(about 40 km from the first station) the rays move away from the surface to follow the 
bathymetry. However, when the rays reach the minimum sound-speed region, part of the 
acoustical energy is trapped and propagates in the so-created channel. This channel is here 
located between 760-m and 1270-m depths, corresponding here to a range of density 
bounded by 27.1 kg m-3  and 27.5 kg m-3 approximately. 
    When the source is placed near the shelf break the transmission loss values are reduced, 
and the rays do not propagate exclusively in the channel (Fig. 4, bottom panel). 
    Figure 5 shows the same three panels for Transect 5. The channel is basically limited by 
the same isopycnals. Compared to Transect 4, the only major difference is that the range 
between the first station (inshore) and the shelf break is larger (about 70 km from the first 
station). Therefore, the acoustic rays propagate longer in relatively shallow waters, 
increasing consequently the number of surface and bottom interactions, resulting in higher 
transmission loss values compared to Transect 4. A surface duct also traps an important 
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part of the energy when the acoustic source is located between 45 km and 80 km, for 
Transect 

5.  
 

 
Fig. 4 – 
Transect 
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Fig. 5 – Transect 5:  Potential 
density overlapped by the rays 
(top panel), the transmission 
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loss field superimposed by isolines of potential density (central panel), and the 
transmission loss when the acoustic source position varies in the range from 0 km to 100 

km (bottom panel). 
 
 

4. CONCLUSION 
 

    This paper presents some preliminary results about the acoustic propagation modeling 
through two vertical sections off the Brazilian southeastern coast constructed from real 
oceanographic data measured during the DEPROAS 2003 sea trial. The simulations 
illustrate the interaction of the acoustic rays with the boundaries (surface and bottom) in 
the continental shelf region, occupying whole the water column. In the continental slope 
region, in the same portion of the water column occupied by IWBC, rays propagate 
through the duct of minimum sound speed and they do not interact anymore with the 
surface and bottom. 
   In combination with other sources of oceanographic data, acoustics can have a 
significant role in determining mass fields for initialization of numerical models and data 
assimilation as needed by an operational oceanography program. These topics will be 
investigated in the next phase of this work. 
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Abstract: In an oceanic waveguide, local sound speed variations induce acoustic path 
changes (angles, amplitudes, delays, etc...). Using vertical arrays in emission and reception 
and double beamforming, it is possible, for each path, to jointly track these changes in term 
of travel-time (τ), reception angle (θr) and emission angle (θe). 
In order to perform ocean acoustic tomography using these observables, we build sensitivity 
kernels which link the variations of these observables, measured after double beamforming, 
to sound speed variations. The construction of these kernels is made in two steps.  
A first order Born approximation of the Green's function is firstly used to derive the 
Helmholtz equation and obtain the link between the variations of the sound speed distribution 
and the variations of the received signal. 
Then, a first order Taylor development in the (t,θr,θe) signal space leads to a linear relation 
between the variations of the received signal and the variations of the measured travel-time, 
reception angle and emission angle of each acoustic path after double beamforming. 
This paper establishes the mathematical expression of sensitivity kernels and results obtained 
with synthetic data are shown and discussed. 
 
Keywords: Helmholtz equation, Beamforming, Born approximation, Green's function, 
Sensitivity kernel, Travel-time, Reception angle, Emission angle, Waveguide, Parabolic 
equation, Tomography, Ocean. 
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1. INTRODUCTION 

Ocean acoustic tomography has been introduced by Munk in 1979. It is based on the same 
philosophy as the bio-medical tomography: use redundant spatial information given by wave 
propagation to get slices of the propagation medium. In the ocean the multi-path propagation 
of acoustic waves is used to get images of the sound speed spatial distribution; itself closely 
linked to the spatial distribution of seawater temperature. 

 
Classical acoustic tomography uses travel times (TT) of acoustic waves along the different 

paths. Each travel time provides information on the sound speed along the raypath. 
Combining the sound speed information gathered on each raypath, it is then possible to 
estimate the sound speed distribution of the propagation medium [1]. 

In practice, if travel times of different paths are too close, interferences occur and it is then 
impossible to separate acoustic arrivals and measure their respective arrival times. To cope 
with this problem receive arrays combined with array processing have been used. However, 
even with this processing, it is sometimes hard to separate the first arrivals. That is why 
recently, double beamforming (DBF) techniques, based on source-receive arrays, have been 
developed in ocean tomography. Looking at the received signal in terms of travel times, 
directions-of-arrival and directions-of-departure is most of the time sufficient to separate the 
different acoustic arrivals. The travel times, but also new observables like angles, can be 
measured to be used in the tomography process. 

Another part of ocean acoustic tomography is to modelize the influence of sound speed 
variations on the acoustic propagation and consequently on the extracted observables. 
Originally, using ray theory, only sound speed perturbations located on a raypath were 
supposed to have an effect on its corresponding arrival. It has been shown that for low 
frequency signals, an acoustic arrival can be influenced by a celerity perturbation which is 
not on the raypath [2]. In this configuration, sensitivity kernels can be used to model the 
effects of sound speed variations on the extracted observables.  

 
In this paper, receive-source arrays and DBF are used to separate paths and to get two 

additional observables: Direction-of-arrival (DOA) and direction-of-departure (DOD). The 
associated sensitivity kernels, linking the observables to the sound speed variations, are 
established and results obtained on synthetic data are shown and discussed. 

2. SENSITIVITY KERNELS 
1. General Idea 

For a given acoustic arrival, sensitivity kernel

€ 

K r'( )  links the sound speed distribution 
variations

€ 

Δc r'( )  to the variations of the observables measured on the received signal after 
processing

€ 

Δτ,ΔΘr( and

€ 

ΔΘe ) . In our case, this relation is linear and given by the following 
formula: 

€ 

Δτ

ΔΘr

ΔΘe

⎡ 

⎣ 

⎢ 
⎢ 
⎢ 

⎤ 

⎦ 

⎥ 
⎥ 
⎥ 
= K r'( )Δc r'( )∫ dV r'( )              (1) 
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The expression of the sensitivity kernel will therefore depends on two different matters: 
the model taken for the acoustic propagation and the technique used to measure the 
observables. We first study how the acoustic propagation is modelized and allows to get 
information on variations of the sound speed distribution. Then we establish the link with the 
TT, DOA and DOD obtained through DBF. 

In the following, the variations are taken between a reference state where variables are 
indexed by 0, and a perturbed state where variables are indexed by the letter p. Variables 
representing the variations between the two states are preceded by Δ. 

2. The Green's Function 
Thanks to first order approximations of fluid mechanic and thermodynamic equations the 

acoustic propagation is described by the acoustic form of the d'Alembert equation. For 
harmonic waves, it can be simplified resulting in the Helmholtz equation. The Green's 
function is the solution of the non-homogenous Helmholtz equation for a punctual source 
located in r'. 

€ 

∇2 + ω 2

c0
2 r( )

⎡ 

⎣ 
⎢ 

⎤ 

⎦ 
⎥ G0 ω,r,r'( ) = δ r − r'( )                (2) 

 
where ω is the pulsation of the signal, r a point in the propagation medium, r' the source 
location,

€ 

c0 r( ) the sound speed distribution in the reference state at r, 

€ 

G0 ω,r,r'( )  the Green's 
function between the source at r' and a point at r and 

€ 

δ r − r'( )  the impulsive source at r'. 

The Green's function can be seen as an impulse response. Therefore, for a distribution of 
sources

€ 

S ω,re( )  corresponding to the source array, it is possible to write the acoustic field at 
the receivers thanks to the Green's function. This is made both in the reference and the 
perturbed state, and the variation of the received signal 

€ 

Δp t,rr,re( ) can be expressed as a 
function of the variations of the Green's function 

€ 

ΔG ω,rr,re( ): 

€ 

Δp t,rr,re( ) = 1
2π

Δ∫ G ω,rr,re( )S ω,re( )exp iωt( )dω              (3) 

3. The First Order Born Approximation 
In the ocean, local sound speed variations are usually bellow one percent. To get an 

expression of the perturbed Green's function, the hypothesis of small variations is made: 

€ 

Δc << c0 and 

€ 

ΔG << G0 . 
Under this assumption, the difference between the equation (2) and its equivalent for the 

perturbed state can be approximated by a first order development in

€ 

Δc /c0 and 

€ 

ΔG /G0 . This 
result is called first order Born approximation: 

€ 

∇2 + ω 2

c0
2 r( )

⎡ 

⎣ 
⎢ 

⎤ 

⎦ 
⎥ ΔG ω,r,r'( ) ≈ 2ω 2

c0
3 r( )

G0 ω,r,r'( )Δc r( )              (4) 

In this expression it is possible to consider that 

€ 

ΔG ω,r,r'( )  is the solution of the 
Helmholtz equation of the unperturbed medium for the source distribution 
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€ 

−2ω 2 /c0
3 r( ) ×G0 ω,r,r'( )Δc r( ) . Thus, the variation of the Green's function can be written as a 

function of the unperturbed Green's function between a source at

€ 

re and a receiver at 

€ 

rr : 

€ 

ΔG ω,rr,re( ) ≈ −2ω 2

c0
3 r'( )

G0 ω,rr,r'( )G0 ω,r',re( )Δc r'( )∫ dV r'( )            (5) 

At this step, combining equations 3 and 5, we obtain the link between the sound speed 
perturbations 

€ 

Δc r'( )  and the received signal variations 

€ 

Δp t,rr,re( ). 

4. Extraction of the Observables 

The goal of this part is to extract observables (travel-time, direction-of-arrival and 
direction-of-departure) using double beamforming (DBF) and link their variations to the 
received signal variations [3]. 

Invoking the spatial reciprocity principle, a time delay beamforming (delay and sum), is 
applied simultaneously on the source and receive arrays leading to a representation of the 
data with respect to their DOA, DOD and TT. From the recorded waveguide transfer 
matrix

€ 

p t,rr,re( )depending on the travel times, receiver position and source position, we 
obtain a new representation

€ 

p t,θ r,θ e( )  linked to a reference receiver and a reference source 
(resp. at 

€ 

rr0  and 

€ 

re0 ). 
The formulation obtained for the received signal variations is: 

€ 

Δp t,θ r,θ e( ) = 1
2π

Δ
n
∑

m
∑ P ω,rrm,ren( )exp iω t + Trm θ r( )+Ten θ e( )[ ]( )∫ dω            (6) 

where: 

€ 

ΔP ω,rrm,ren( )  is the Fourier transform at the frequency ω of the acoustic perturbation 
recorded on the receiver rrm for a source ren. 

€ 

Trm θ r( ) =
rrm − rr0( )sin θ r( )

c0 rr( )
is the delay applied to the mth receiver for a DOA

€ 

θ r . 

€ 

Ten θ e( ) =
ren − re0( )sin θ e( )

c0 re( )
is the delay applied to the nth source for a DOD 

€ 

θe . 

 These delay expressions are true only in the case of plane wave and if the sound speed along 
the source and receive arrays, respectively

€ 

c0 re( )and

€ 

c0 rr( ) , does not vary. 
 

After DBF, each maximum corresponds to an acoustic arrival and it is possible to extract 
its travel time 

€ 

τ , its direction of arrival 

€ 

Θr and its direction of departure 

€ 

Θe . 
In the reference state, partial derivatives are null at the maximum 

€ 

τ0,Θr0,Θe0( ): 

€ 

∂p0 τ0,Θr0 ,Θe0( )
∂t

= 0 ;
∂p0 τ0,Θr0,Θe0( )

∂θ r

= 0  and 

€ 

∂p0 τ0,Θr0 ,Θe0( )
∂θ e

= 0           (7) 

 
In the perturbed state, partial derivatives are also null at the maximum 

€ 

τp,Θrp,Θep( ). In 
order to introduce the observable perturbations, a first order Taylor development of the 
perturbed pressure signal is made around

€ 

τ0,Θr0,Θe0( ): 
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€ 

∂pp τ p,Θrp ,Θep( )
∂t

=
∂pp τ0,Θr0,Θe0( )

∂t
+ Δτ

∂2 pp τ0,Θr0,Θe0( )
∂t 2 +ΔΘr

∂2 pp τ0,Θr0,Θe0( )
∂θ r∂t

+ ΔΘe

∂2 pp τ0,Θr0,Θe0( )
∂θ e∂t

∂pp τ p,Θrp ,Θep( )
∂θ r

=
∂pp τ0,Θr0,Θe0( )

∂θ r

+ Δτ
∂2 pp τ0,Θr0,Θe0( )

∂t∂θ r

+ΔΘr

∂2 pp τ0,Θr0,Θe0( )
∂θ r

2 + ΔΘe

∂2 pp τ0,Θr0,Θe0( )
∂θ e∂θ r

∂pp τ p,Θrp ,Θep( )
∂θ e

=
∂pp τ0,Θr0,Θe0( )

∂θ e

+ Δτ
∂2 pp τ0,Θr0,Θe0( )

∂t∂θe

+ΔΘr

∂2 pp τ0,Θr0,Θe0( )
∂θ r∂θ e

+ ΔΘe

∂2 pp τ0,Θr0,Θe0( )
∂θe

2

⎧ 

⎨ 

⎪ 
⎪ 
⎪ 
⎪ 

⎩ 

⎪ 
⎪ 
⎪ 
⎪ 

 (8) 

In order to theoretically inverse the system and get clearer expressions of sensitivity kernels, 
the cross terms are considered to be null. In practice, the maximal error made on the 
sensitivity kernels when these terms are neglected is 5%. 
The system becomes then three independent differential equations that can be solved 
independently: 

€ 

Δτ =

−∂pp τ0,Θr0 ,Θe0( )
∂t

∂2 pp τ0,Θr0 ,Θe0( )
∂t 2

,

€ 

ΔΘr =

−∂pp τ0,Θr0 ,Θe0( )
∂θ r

∂2 pp τ0,Θr0 ,Θe0( )
∂θ r

2

 and 

€ 

ΔΘe =

−∂pp τ0,Θr0 ,Θe0( )
∂θe

∂2 pp τ0,Θr0 ,Θe0( )
∂θe

2

.         (9) 

 
In the equations above, we replace

€ 

pp t,θ r,θ e( ) by

€ 

p0 t,θ r,θ e( )+Δp t,θ r,θ e( ) . By using the 
equation 7, the first order derivatives of

€ 

p0 t,θ r,θ e( ) in 

€ 

τ0,Θr0,Θe0( )  are null. Then, under the 
assumption of small perturbations, we considered only terms with the lowest perturbation 
order. This leads to the following relations linking the observables to the signal after DBF: 

€ 

Δτ =

−∂Δp τ0,Θr0,Θe0( )
∂t

∂2 p0 τ0,Θr0,Θe0( )
∂t 2

,

€ 

ΔΘr =

−∂Δp τ0,Θr0,Θe0( )
∂θ r

∂2 p0 τ0,Θr0,Θe0( )
∂θ r

2

 and 

€ 

ΔΘe =

−∂Δp τ0,Θr0,Θe0( )
∂θ e

∂2 p0 τ0,Θr0,Θe0( )
∂θ e

2

.     (10) 

 
The combination of the equations 6 and 10 relates the observable perturbations, 

€ 

Δτ,ΔΘr and 

€ 

ΔΘe , to the received signal variations 

€ 

Δp t,θ r,θ e( ), which represents the signal 
processing part of the process. 

5. Expression of the Sensitivity Kernels 

The link between the observable variations and the sound speed variations can be 
established using successively the equations 3 and 5, which represent the physical model, and 
the equations 6 and 10, which correspond to the signal processing part. 

It comes out the following expressions of the travel-times, directions-of-arrival and 
directions-of-departure sensitivity kernels, respectively written 

€ 

KTT ,KDOA  and 

€ 

KDOD : 

€ 

KTT r'( ) =
1

2π
iω

∂2 p0 τ 0,Θr0,Θe0( )
∂t 2

Q ω,rrm,ren ,r'( )exp iω τ 0 + Trm Θr0( )+Ten Θe0( )[ ]( )
n
∑

m
∑∫ dω   (11) 
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€ 

KDOD r'( ) =
1

2π
iω ren − re0( )cos Θe0( )

c0 re( )
∂2 p0 τ 0,Θr0,Θe0( )

∂Θe
2

Q ω,rrm,ren ,r'( )exp iω τ 0 + Trm Θr0( )+Ten Θe0( )[ ]( )
n
∑

m
∑∫ dω  (12) 

 

€ 

KDOA r'( ) =
1

2π
iω rrm − rr0( )cos Θr0( )

c0 rr( )
∂2 p0 τ 0,Θr0,Θe0( )

∂Θr
2

Q ω,rrm,ren ,r'( )exp iω τ 0 + Trm Θr0( )+Ten Θe0( )[ ]( )
n
∑

m
∑∫ dω  (13) 

where 

€ 

Q ω,rrm,ren ,r'( ) = 2ω 2

c0
3 r'( )

G0 ω,rrm,r'( )G0 ω,r',ren( )S ω,ren( ) 

 
It can be noticed that the term 

€ 

Q ω,rrm,ren ,r'( )  is common to all the sensitivity kernels. This 
term can be seen like the influence of a diffracting point 

€ 

r'. 
 
The sensitivity kernel is also depending on the inverse of the bending of the arrival. TT 

sensitivity kernel depends on the inverse of the bending in time 

€ 

∂2 p0 τ0,Θr0,Θe0( ) /∂t 2[ ]
−1

; 
DOD sensitivity kernel depends on the inverse of the bending in emission angle 

€ 

∂2 p0 τ0,Θr0,Θe0( ) /∂Θe
2[ ]

−1
; and DOA sensitivity kernel depends on the inverse of the bending 

in reception angle

€ 

∂2 p0 τ0,Θr0,Θe0( ) /∂Θr
2[ ]

−1
. 

Another similarity can be noticed between these sensitivity kernels: the partial derivatives 
of the signal phase. For TT sensitivity kernels this term is represented by 

€ 

iω . For DOD and 
DOA sensitivity kernels these terms are respectively 

€ 

iω ren − re0( ) cos Θe0( ) /c0 re( )  and 

€ 

iω rrm − rr0( ) cos Θr0( ) /c0 rr( ) .  
Note that, in the case of the DOD (resp. DOA), there is an antisymmetry of the phase 

partial derivatives depending on the position of the considered source (resp. receiver) 
regarding the reference of the source array (resp. receiver array). This means that the 
influence of a perturbation will have opposite consequences whether it is located above or 
under the array reference. 

3. RESULTS ON SYNTHETIC DATA 

Examples of sensitivity kernels are computed thanks to simulations in an unbounded 
medium. Two vertical arrays of 30 m, made out of 61 hydrophones evenly spaced, are 
separated horizontally by 2000 m, in a propagation medium with a uniform sound speed of 
1500 m/s. 

The medium is parameterized by a cartesian system of coordinates where r is the range, y 
is the lateral dimension and z the depth (oriented downward). The plan containing the two 
arrays is y=0, the origin in range is taken at the source array and the z origin has been taken 
such that the middles of the arrays are located at 50 m.  

The Green's function in unbounded medium is used to model the signal propagation 
between two points 

€ 

r  and 

€ 

r' [4]: 
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€ 

G ω,r,r'( ) =
exp i

ω
c0

r − r'| |
⎛ 

⎝ 
⎜ 

⎞ 

⎠ 
⎟ 

4π r − r'| |
                    (14) 

 
This model generates the reference signal needed for the computation of the sensitivity 

kernels. The transmitted signal is a 3KHz central frequency, with a 2KHz bandwidth. At the 
end, one time series is obtained for every couple transmitter/receiver: 

€ 

p t,rr,re( ) . 
Note that in the implementation, all the terms of the Hessian matrix has been taken into 

account. The differential system inversion has been done numerically. 
 
Figures 1 and 2 show respectively the TT-sensitivity kernel in s.(m.s-1.m3)-1 and the DOD-

sensitivity kernels in deg.(m.s-1.m3)-1 . The DOA-sensitivity kernel is not shown here since it 
is the exact symmetry of the DOD sensitivity kernels with respect to the plan r = 1000 m. 

Figure 1 shows that TT sensitivity kernels have three plans of symmetry: r = 1000 m, y = 
0 m and z = 50 m. The area of maximal sensitivity is located in the vicinity of the raypath. 

 
DOD sensitivity kernel has one antisymmetry plan: z = 50 m (Fig. 2). The sensitivity is 

null on this plan which means that sound speed variations located at 50 m depth do not 
change the emission angle (Fig. 2-c). Areas of strong opposite sensitivity are found on each 
side of the raypath and fade away as we get far from the raypath. 

          
       (a)         (b) 

          
        (c)         (d) 

Fig 1: The figures a, b, and c represent slices of the TT sensitivity kernel respectively at 
constant lateral dimension, constant range and constant depth. The figure d is the 3D 
combination of the 3 previous ones. The TT sensitivity kernel is in s.(m.s-1.m3)-1. 
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We can note that TT and DOD sensitivity kernels contain complementary information. On 
the raypath the DOD sensitivity kernel is null whereas the TT sensitivity kernel is not. Close 
to the raypath, DOD sensitivity kernel allows to make the difference between perturbations 
located above or bellow the raypath which is not the case with TT sensitivity kernel. 

4. CONCLUSION AND PERSPECTIVES 

It has been demonstrated that directions-of-arrivals and directions-of-departure can be 
used jointly with travel times, as observables, to build sensitivity kernels. Such sensitivity 
kernels have been shown for unbounded medium synthetic data. The next steps will consist in 
establishing them in waveguides and use them to solve the inverse problem: get an image of 
sound speed variations from observables variations. 
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    (a)        (b) 

         
    (c)       (d) 

Fig 2: The figures a, b, and c represent slices of the DOD sensitivity kernel respectively at 
constant lateral dimension, constant range and constant depth. The figure d is the 3D 
combination of the 3 previous ones. The DOD sensitivity kernel is in deg.(m.s-1.m3)-1. 
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Abstract: Seven sets of shelf-contained type coastal acoustic tomography systems (CATs) 
were successfully deployed in Sammen Bay near the Taizhou city, China, during 
September 6 to 9, 2009 to measure tidal current structures at 3-min interval. An inverse 
model is developed to reconstruct the tidal current distributions using travel time 
differences obtained from the reciprocal sound transmission between the paired CAT 
stations. The basic difficulty of the classical scheme of the ocean acoustic tomography 
consists in the fact that the system of equations which relates the measured travel time 
variations with the ocean environment parameters subject to reconstruction is ill-posed 
problem. In order to obtain the current velocity, the stream function often is introduced, 
and then the unknown stream function can be approximated by a sum of basic functions. 
In previous many study, the stream function have been expended by truncated 
trigonometric. In this study, the acoustic ray travel time tomography algorithm based on 
Legendre polynomials and Tikhonov regularization technology for reconstruction of two-
dimensional flow field are constructed and tested using the CAT field observation data in 
Sanman bay, China. Variation of tidal current fields from food tide to ebb tide and tidal 
vortexes are well reconstructed. The horizontal distributions of tidal current obtained 
from inverse analysis based on Legendre polynomial are in good agreement with that of 
the inverse analysis based on Fourier series. The spatial averaged mean square difference 
(RMD) is 0.1997 m/s for the eastward current and 0.2115 m/s for the northward current 
respectively. The investigation suggests that the coastal acoustic tomography inverse 
method based on Legendre polynomials is a promising alternative method for the ocean 
acoustic tomography inverse problem. 

Keywords: Coast acoustic tomography, Legendre polynomials, Sanman bay, China, tides 
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1.  INTRODUCTION 

The continuous environmental monitoring in ocean is still one of the most difficult 
tasks to be performed up to date, especially around China where heavy shipping traffic 
and fishing is very active. The coastal acoustic tomography (CAT) is proposed to make a 
breakthrough for continuous environmental monitoring of bays, inland-seas and straits 
without disturbing shipping traffic, fishing active area. The innovational technology has 
been report by Hiroshima University [1-4] and the Second Institute of Oceanography, State 
Oceanic Administration [6]. The basic physical principle of ocean acoustic tomography is 
that sound speed fields and flow velocity fields can be retrieved by measuring the acoustic 
travel time (ray/mode). The difficulty of the classical scheme of the ocean acoustic 
tomography consists in the fact that the system of equations which relates the measured 
travel time variations with the ocean environment parameters subject to reconstruction is 
ill-posed problem. In order to obtain the current velocity, the stream function often is 
introduced, and then the unknown stream function can be approximated by a sum of basic 
functions. In previous many study, the stream function have been expended by truncated 
Fourier series [5]. Here, two problems will be proposed: one is that the selected Fourier 
series is incomplete; another is that the Fourier basis function is periodic function, the 
result from inversion will present spatially periodic, although a solved method is 
extending boundary in inverse analysis [5]. In this paper, the Legendre polynomials instead 
of Fourier series are used as base functions expansion in the CAT inverse problem. 

In this paper, the theory and algorithm of ray travel time tomography is given first. 
Next, the truncated total least squares algorithm is described. Then, Sanmen Bay field 
experiment is introduced, and the inverse results based on Legendre polynomials and 
Fourier series are compared. Finally, conclusions and discussion are present to conclude 
this paper. 

2. THEORY AND ALGORITHM  

Sound waves which propagate from the source to receiver are influenced by the sound 
speed C(x, y, z) and current velocity ),,( zyxu  in the intervening water. The two-way 
travel difference Δti for the reciprocal transmission between two acoustic stations is 
expressed by 

)1(22
00

2
0

2
0

 

 



ii

vdyudx
C

ds
C

nut iii


  

where + and - represents the positive/negative direction from one transceiver to another; 
C0(z) is the reference sound speed; n


 is the unit vector tangent to the ray. ),,( zyxu is the 

current velocity; ds is the increment of arc length measured along the ray; The path 
integrals iΓ0 are taken along the ray.  

The inverse problem is to determine the unknown depth-averaged velocity 
field ),,( zyxu from the travel time difference data Δti in equation (1). Here, the two-
dimensional vector field ),,( zyxu may be expressed by stream function ψ(x, y) and 
defined:  
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Furthermore, a basic idea is to assume that the unknown ψ(x, y) can be approximated 
by a sum of N+1 basis functions φn(x,y) :  

)3(),(),(),(
0




N

n
nnN yxφayxψyxψ  

In previous many study, the stream function ψ(x, y) have been expended by truncated 
Fourier series. However, the current fields in the ocean are not frequently spatially 
periodic. In order to overcome the essentially problem, we here shall expand ψ(x, y) using 
Legendre polynomial as basis function instead of Fourier series in present study. The 
Legendre polynomial may be expressed using Rodrigues' formula [7].  
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The Legendre polynomial satisfies the three-term recurrence relation, it is easy to write 
computing code to execute it. 
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For two dimensional problems, the basis function may be constructed by tensor 
product:  

)6(),,1,()()(),(, NlkyLxLyxL lklk   
It is worthy of noting that the Legendre polynomials are defined in interval [-1, 1], so a 

coordinate transform should be adopted to map physical domain [a, b] into computational 
domain [-1, 1]. 
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Then, the formulation (4) can be written: 

)9(),()()(),(
10 0

, 


 


NN

j
jj

N

k

N

l
lklk ηξLXηLξLaηξψ  

where N is the truncated number of the Legendre polynomials, and 
  ],,,,,[ 101111000100 yxxxyy NNNNNNj aaaaaaaaaXX   

and, )...]()(,...1,,[),( ηLζLηζηζP lkj   
    Substituting (9) into (1), one can obtain:  
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where θi is angle between the eastward x-axis and the i-th ray path.  Equation (10) can be 
rewritten in matrix form as 

)11(eAXY   
where Y is the travel time difference data vector, X is unknown coefficients, e denotes the 
observational error, and A is the transfer-matrix. 
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It is well known that the transfer matrix A is ill-conditioned and that the ocean acoustic 
tomography inverse problem can be characterized as discrete, ill-posed problem and the 
matrix A becomes singular. In order to obtain a stable solution, a regularization method is 
typically used. For example, Tikhonov regularization method [7]  

3. FIELD EXPERIMENT AND RECONSTRUCTED TIDAL CURRENT 
STUCTURES 

3.1 FIELD EXPERIMENT 

The reciprocal sound transmission experiment for current measurement by use of the 
coastal acoustic tomography systems has been carried out in Sanmen Bay near the 
Taizhou city, from during September 6 to 9, 2009. The Sanmen Bay is a semi-closed bay, 
where fishing is active. In this section, the ocean acoustic tomography field experiment is 
introduced. The detail field experiment method has been reported by Zhu et al. [12]. The 
inverse domain using Fourier method is extended to 20×20 km which is twice the 
tomography domain, which also is inverse domain using Legendre polynomial.  

3.2 Reconstructed tidal current structures 

The continuous mapping of horizontal tidal current are obtained from inverse method 
based on travel-time difference data at 3-minute interval. The vector plots are shown in 
Figure 2. Red arrowheads indicate the results from inverse method based on Legendre 
polynomial, and blue arrowheads are the results from inverse method based on Fourier 
series. The observation persists in a tidal period. The inverse results show the variability 
from ebb tide to flood tide. The strong southeastward tidal currents flows out bay during 
the ebb tide (Figs.3a and e). On the other hand, the strong northwestward tidal currents 
entered into the inside of bay (Figs.3c and g). The tidal currents are weak in the transition 
periods from the ebb to flood and flood to ebb (Figs. 3b, d, f, and h).  

Comparing the results from two inverse methods, the tidal current trend is agreed 
well, but some difference is obvious, especially in the boundary area (Figure 3).  Figure 4 
and 5 give spatial distribution of the root mean square difference (RMSD) for the eastward 
current and northward current, respectively. The distribution of RMSD for eastward 
component during the ebb tide is similar, and range of is RMSD 0.01 to 0.6 cm/s (Figs.3a 
and e). The southeast area and northwest area hold large error, and center area have 
smallest error. The distribution of RMSD for eastward component during the flood tide is 
also similar, and range of is RMSD 0.01 to 0.6 m/s (Figs.3c and g). The southeast area and 
northwest area hold large error, and center area have smallest error. The spatial averaged 
RMSD is 0.1997 m/s for the eastward current and 0.2115 m/s for the northward current 
respectively. 
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Figure.1. Distribution of horizontal current obtained from inverse method based on travel-time 
difference data (a) 21:00 of September 6, (b) 1:00, (c) 4:00, (d) 6:30, (e) 9:00, (f) 13:00, (g) 16:00 (h) 
19:30 of September 7. Blue (red) vector indicate the results from inverse method based on Fourier 
(Legendre polynomial). 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2. Distribution of the RMSE for the eastward current (unit：m/s) 
 

 

 

 

 

 

 

 

 
 
 
 
 
 

Figure 3. Distribution of the RMSE for the northward current (unit:m/s) 

(a) (b) (c) (d) 

(e) (f) (g) (h) 

(c) (d) (b) (a) 

(f) (e) (g) (h) 

(a) (b) (c) (d) 

(e) (f) (g) (h) 
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4. SUMMARY 

The acoustic ray travel time tomography algorithm base on Legendre polynomial and 
Tikhonov regularization technology for reconstruction of two-dimensional tidal flow field 
are developed, and is compared it with the Fourier series expanding method.  

The horizontal tidal current fields in Sanmen Bay near the Taizhou, China are 
reconstructed by the inverse analysis using the travel time difference data. The phase of 
tidal current transform from southeastward to northwestward, and then experience 
northwestward to southeastward. Comparing the results from two inverse methods, the 
tidal current trend is agreed well, but some difference is obvious, especially in the 
boundary area. The distribution of RMSE for eastward component during the flood tide is 
also similar, and range of is RMSE 0.01 to 0.6 m/s. The southeast area and northwest area 
hold large error, and center area have smallest error. The spatial averaged mean square 
error (RMS) is 0.1997 m/s for the eastward current and 0.2115 m/s for the northward 
current respectively. 
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 UPDATE ON THE STATUS OF THE ON-GOING RANGE-
DEPENDENT LOW FREQUENCY ACTIVE SONAR MODEL 
BENCHMARKING EFFORT: FROM CAMBRIDGE TO KOS 

Mario Zampolli, Michael A. Ainslie 

Mario Zampolli, PO Box 96864, 2509 JG The Hague, Netherlands 
mario.zampolli@tno.nl 

Abstract: In April 2010, a symposium in Memory of David Weston was held at Clare 
College in Cambridge (UK). International researchers from academia and research 
laboratories met to discuss two sets of test problems for sonar performance models, one 
aimed at understanding mammal echolocation sonar („Problem AI‟), and the other at 
benchmarking low frequency active sonar models („Problem A2‟) in range-dependent 
environments. Solutions for Problem A2 have been computed for selected test cases, and 
an international effort is under way for tackling the first range dependent scenario, which 
consists of two range independent sections joined by an upslope wedge, with a target in 
the shallow part of the waveguide and an active sonar in the deeper part, comprising an 
omnidirectional transmitter and a 65-element horizontal receiving array. The sonar 
parameters are based on those used for the ONR Reverberation Modeling Workshops of 
November 2006 and May 2008.  The status of the benchmarking effort is discussed, in 
view of the way forward in this effort, for which the need is perceived in several nations 
concerned with anti-submarine warfare (ASW) system performance prediction and 
mission planning. 
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 REAL-TIME SIMULATION OF REVERBERATION FOR MOVING 
PLATFORMS  

Kevin D. LePage 

NATO Undersea Research Centre, Viale San Bartolomeo 400, 19126 La Spezia (SP) Italy 

Kevin D. LePage, NURC, Viale San Bartolomeo 400, 19126 La Spezia (SP), Italy 
lepage@nurc.nato.int 

Abstract: The real-time simulation of element level time series for active sonar at mid- 
frequencies is presented for the moving platform scenario. Previous results for element 
level bistatic reverberation are generalized to include Doppler effects for the background 
reverberation. Simulation results are evaluated to show the effects of source-receiver 
motion for Doppler sensitive waveforms. Generalization of the approach to handle 
Doppler spread from sea-surface reverberation is also discussed. 

Keywords:  Doppler, stimulation, reverberation 
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1. INTRODUCTION  

The performance of underwater acoustic active sonars in the presence of reverberation 
when using Doppler sensitive waveforms for moving source, receiver, and target 
geometries is a subject of continued interest.  One of the methods by which to evaluate the 
performance of proposed systems is to test them on data generated by an acoustic 
stimulator capable of reproducing most of the salient features seen in real sonar data.  In 
previous work we have described a method of rapidly generating element level target and 
reverberation stimulations which are realistic enough to beamform and pass through the 
sonar signal processing chain [1].  In that work the scenario was considered to be fixed.  In 
this work we consider the modifications to the approach necessary to allow for a general 
moving geometry and the efficient simulation of the Doppler shift to the waveforms 
transmitted by a moving source, scattered by fixed environmental scatterers, and thence 
received by a moving receiver.  

2. THEORY 

The building block of the fast reverberation simulator described in [1] is the depth 
averaged expression for intensity developed by Harrison [2] and given by 

  1

/2
tan /

1
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2
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r H
I r R d
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    (1)

where R  is the bottom energy reflection coefficient and   is the grazing angle.  As given 
by Harrison, Eq. 1 may be used in a expression for bistatic reverberation, 
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where ss  is the bottom scattering strength as a function of grazing angle and bistatic angle 
  as shown in Fig. 1, and 1r  and 2r  are the distances of the scattering patch A  from the 

source and receiver, respectively.  
 
The size of the scattering patch itself is given by 
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Fig.1: Bistatic reverberation trajectory geometry. 
 
The power of Eqs. 1 and 2 lies in the near-linear behaviour of the log reflection 

coefficient for many types of bottoms, particularly fast halfspaces.  The approximation  

   2
expR     

(7)

turns out to be a surprisingly useful one, and this approximation along with the assumption 
that the scattering strength obeys Lambert’s law approximation,  

   /10
1 210 sin sin ,SS     

(8)

leads to the following expression for bistatic reverberation as a function of time and the 
grazing angle at the receiver: 
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The kernel of Eq. 9 may be interpreted as the bistatic reverberation intensity density per 
unit grazing angle at the receiver as a function of time t  and steering angle  : 

          2 2
1 22 1

1 2

10
, , , 1 exp , / 2 exp , / 2rev cI t S A t r t H r t H

r r H



       




    (10)

The bistatic intensity density is convolved over the resolution kernel of the receiving 
array to determine the intensity at each of the horizontal wavenumbers 

2 2m k N m N    , where 2 / 4k L N    , resolved by the array at the 
design frequency.  For a uniformly shaded array with uniform spacing, the resolution 
kernel is the magnitude square of a sinc function:   

      2, , , sinc cos cos / .
c

c

rev revI t m k d d I t kL m k k


 

       
 

    (11)

Individual realizations at the element level may then be synthesized by randomizing the 
square root of the N time-intensity functions, sampled at the desired sample frequency of 
the stimulation, propagating at the N wavenumbers resolved by the array and summing.  
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, , exp 2 / .
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m N

p t n x I t m k i mn N p t  


    (12)

Finally, revp  may be convolved with the desired source waveform to complete the 

synthesis of the simulated reverberation. Note that at this point Doppler has not yet been 
introduced. 

2.1. Introduction of Moving Platform Effects 

The introduction of Doppler into synthetic bistatic reverberation is most efficiently 
accomplished by resampling already stimulated reverb at a slightly different sampling rate 
that is dependent on the platform, source and target motion, the time t , and the individual  
wavenumbers resolved by the array.  Thus the Doppler must be introduced at the level of 
Eq. 11 before summing for the field received by each element.  To implement an efficient 
Doppler stimulator, we make the following approximations: 1) only for the purpose of 
computing the Doppler, the resolution kernel of the array is assumed to be a delta function 
in each steering direction m k  resolved by the array, 2) the Doppler spread caused by the 
different grazing angles present in the reverberation at any particular time and azimuth can 
be ignored (zero grazing angle assumption), 3) that the Doppler shift at the center 
frequency of the waveform is valid over the entire bandwidth of the waveform (narrow 
band approximation), and 4) that the source, receiver, and target motion remain constant 
during the time for which the reverberation is computed.  
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Under the above assumptions, it remains to compute for each scatterer trajectory 

   , , ,scat scatx t m k y t m k     resolved by the array (including ambiguous backbeams) 1) 

the inner product between the source and scatterer velocity vectors and the direction 
vector from the source to the scatterer, and 2) the inner products between the receiver and 
scatterer velocity vectors and the direction vector from the receiver to the scatterer. The 
direction vector between the source and the scatterer is 
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while the direction vector between the receiver and the scatterer is 
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where the components of scatx  are given by 
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with   being the nautical heading of the array axis CW from north (converted to radians). 
The velocity vectors of the source, scatterer, and receiver are denoted srcv , scatv , and 

rcvv respectively. The total closing velocities along the source-scatterer and receiver-

scatterer directions as a function of time and beams are then  

      
      

_ _

_ _

, , , ,

, , , .

src scat src scat src scat

rcv scat rcv scat rcv scat

V t m k t m k t m k

V t m k t m k t m k

  

  

  

  

e v v

e v v
 (17)

The total Doppler at f Hz for a background sound speed of c in each beam direction is 
then 

      _ _, , , .src scat rcv scat
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To introduce Doppler effects each waveform inside the summation in Eq. 12 is 
resampled at the variable sample interval  

      1
, 1 , / .sampt t m k f f t m k f 


    

(19)

3. RESULTS 

In Fig. 1 Doppler shift for fixed (non-moving) bottom reverberation caused by a source 
sailing east at 10 m/s and measured on a receiver sailing west at 10 m/s is shown for a 
waveform with a center frequency of 2.5 kHz and a source-receiver separation of 10 km 

 
 

 
 

Fig.1: Doppler shift at 2.5 kHz of stationary scatterers for a source and receiver 
separated by 10 km sailing away from each other each at a speed of 10 m/s. 

 
In Fig. 2 the left panel shows the reverberation intensity as a function of total range to 

the scatterers at each of the 33 beams resolved by a 32 element line array towed by the 
receiver in the westerly direction (forward and aft endfire are indistinguishable at the 
design frequency although physically one ambiguous endfire beam points directly towards 
the source (0 degrees) and one directly away from it (bearing 180 deg)). The right panel 
indicates the Doppler shift of each of these beams as a function of range.  Notice that the 
region of highest reverberation intensity near 0 deg also has the highest change in Doppler 
(zero at 0 degrees proper, but exceeding -30 Hz at early time on the adjacent beam). 
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Fig.2: Reverberation intensity in each beam for a 10 km source-receiver separation 

(left panel) and associated Doppler shift for a 20 m/s opening velocity at 2.5 kHz (right 
panel).  

 
In Fig. 3 the spectrogram of the reverberation simulation is shown for a single element 

(left) and for the broadside beam (right).  The single element shows the expected range of 
-30 to 0 Hz of Doppler spread at early time, reducing to a Doppler spread between -12 and 
0 Hz at late time, as indicated by Fig. 1, while the broadside beam shows the -17 to -10 Hz 
of Doppler spread associated with energy scattered from a non-moving bottom directly to 
the north and south of the receiver, as indicated by the results for Doppler spread in the 
right side of Fig. 2 at 90 deg. 

 

 
Fig.3: Spectrogram of reverberation showing Doppler spread for a single element (left 

hand panel) and the broadside (north-south) beam (right panel). 

4. SUMMARY AND CONCLUSIONS  

The Doppler spread of reverberation of a fixed, non-moving bottom caused by source 
and receiver motion may be easily introduced into previously fixed geometry simulations 
by introducing a time and angle varying resampling of the individual wavenumber 
components of the reverberation that are summed to synthesize the element level 
reverberation time series.  Results show that the method produces the expected Doppler 
spread on single elements in a horizontal array towed by a moving receiver, and that by 
beamforming the array one is able to resolve the time-varying Doppler in each direction 
resolved by the array.  This method of introducing Doppler spread into reverberation 
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simulations is very efficient, with the major difference that Fourier transforms to the time 
domain need to be performed for each wavenumber component rather than their sum, so 
that the different sample rate can be correctly applied to each component.  Several 
approximations have been made to achieve the efficiency of the algorithm.  The most 
limiting approximations are 1) that the Doppler shift applied to each wavenumber is the 
Doppler only at the maximum of the sinc function which represents the resolution function 
of the physical aperture, and 2) that the Doppler spread introduced by the vertical angle 
diversity of waveguide propagation is ignored.  

 
The method outlined in this paper may be modified to include more fidelity and realism 

through the introduction of a random element to the angle and time varying sample 
frequency that was derived here deterministically.  Reverberation from moving surfaces 
implies that for any scattering patch there is a range of Doppler spreads that are introduced 
by the various moving elements of, in the usual example, the free surface waves.  In 
current research we are investigating whether this Doppler spread may be interpreted as a 
Doppler probability density function which may be used to randomly perturb the 
deterministic time and angle dependent sample rate derived here.  This method also holds 
promise for allowing the effects of Doppler spread introduced by the vertical and 
horizontal angle diversity mentioned in the last paragraph to be similarly included. 
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Abstract: Describing the transmission of sonar signals in a surface ducted environment 
requires a model of surface reflection loss suited to small angles of incidence.  For mid-
frequencies and above (over about 1 kHz), however, the reflection of sound at the ocean 
surface is affected by a number of complex phenomena, each of which imply considerable 
modelling complexity.  These phenomena include: the complex sea surface shape; acoustic 
shadowing of parts of the surface to sound incident at small angles; diffraction of sound 
into the shadow zones; coherence of sound scattered at the specular angle and bubble 
formation from white-caps.  This paper shows recent work in which a model of roughness 
loss used by Williams et al. (JASA, 116, Oct. 2004) is incorporated with a model of 
refraction due to bubbles.  The paper also includes comparisons between loss results from 
the roughness modelling and loss values determined numerically from a PE model run 
with random replications of a roughened sea surface.  Also considered is the efficacy of 
simplifying the small-slope model of Williams et al., to enable more rapid computation.  In 
this work, attention is paid to the relativity of the coherent received signal versus the total 
signal including the diffuse component.  Also, the relevance of shadowing is investigated.  
These effects are demonstrated using deterministic modelling, by simulating the 
transmission of particular sonar pulses. 

Keywords: sonar models, surface loss, surface duct 
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1. INTRODUCTION 

There has been much work relating to surface acoustic reflection loss, however the 
subject persists as one for which there is no agreement on a complete solution.  Much of 
the earlier work (e.g. Marsh et al. [1]), plus more recent work (e.g. William et al. [2]), was 
focussed on descriptions of loss due to the roughness of the surface.  The added 
complication of shadowing of the surface had been expected to be relevant, due to the 
small incidence angles predicted at the surface for ducted transmission (as outlined in 
most standard texts) and the fact that sea surface slopes would exceed these angles for all 
but low sea states.  More recently, Ainslie [3, 4] showed the transformative effects of 
incorporating the result of wind-induced bubbles, both refractive effects due to the air 
fraction distribution near the surface, and the scattering effects.  In earlier work by the 
present authors [5], the refractive effects due to bubbles were also studied briefly.  Ray 
modelling showed that this refraction caused surface-ducted sound to be incident at the 
surface at a very small span of angles, so that a single angle could be assumed.  This paper 
shows further development of that analysis, and a simplification of the Williams et al. 
roughness model, but also shows the effect of modelling a ducted scenario with a wave-
type model, and that the simple conclusions drawn from ray modelling must be modified. 

2. SURFACE REFLECTION LOSS MODELS CONSIDERED 

The models considered in this study describe the coherent surface reflection coefficient 
at the specular angle, due to the roughness of a sea surface caused by wind action.  These 
include:  (i) the small-slope approximation (WSS) model of Williams et al. [2], for which 
the sea surface is assumed to have a Pierson-Moskowitz (PM) surface wave spectrum; (ii) 
the model presented by Ainslie [3, 4] which was based on the perturbation method of 
Brekhovskikh and Lysanov and (iii) the Kirchhoff model for a sea surface with a Gaussian 
distribution of surface heights (KA) (e.g. Lurton A.3.3 [6]).  Ainslie produced a model for 
each of PM and Neumann-Pierson surface wave spectra – the former is considered here. 

The KA model is usually expressed in terms of rms height h  of the sea surface.  By 

taking the well-known relation  25.19
3103.5 wh 

   (e.g. [5]) for a PM surface wave 
spectrum, where 5.19w  is wind speed at 19.5 m above sea level, reflection loss RL becomes 

  22
5.19 sin019.0 wcwfRL    dB, where f is cyclic frequency, Hz (1) 

Ainslie’s expression for the sound pressure reflection coefficient for a sea surface with 
a PM spectrum results in a reflection loss in dB as follows 

    sin106.2 3
5.19

237 wfRL   dB. (2) 

The algorithm for the Williams et al. WSS model (equation 14) of [2]) has been 
implemented by DSTO.  Although not shown here, in this work it has been established 
that the WSS function for small grazing angles 0  is   

2312.3 LKkRL , where 
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LK  is a surface wave-number expressing a correlation length and  25.19wBgK L  , 

wcfk  2 , 0081.0  and 74.0B  are parameters of the PM surface wave spectrum, 
g = 9.81 m/s2 is gravitational acceleration, and wc  m/s is sound speed in seawater.  The 
reflection loss for the WSS model for small angles is a linear function of grazing angle, as 

    3
5.19

2371079.2 wfRL   dB. (3) 

Clearly, for small  sin , the Ainslie model and the linear approximation to WSS are 
identical, apart from a small difference in the constant.  A typical comparison of the 
models is shown in Fig. 1, where the result from the Ainslie model is not shown due to its 
similarity to the linear approximation to the WSS model. 

 
Fig.1: Reflection Loss per bounce: solid line – WSS, dotted – Kirchhoff (KA), dashed – 

linear approximation to WSS; 7.5 m/s wind speed, 3000 Hz. 
 
At low angles, the linear approximation is close to the full WSS result, but at steeper 

angles the loss described by the full model rises more steeply.  Although not shown here, 
it has been found that the loss from the WSS model tends toward that from the KA model, 
when the result from (1) exceeds that from (3).  A reasonable approximation to the WSS 
model is then to take the maximum value of the linear approximation and the KA model. 

3. DETERMINISTIC MODELLING OF REFLECTION LOSS 

Values of coherent surface reflection loss were determined by the CMST at Curtin 
University through a numerical simulation of transmission [5] in an ocean with a sea 
surface boundary displaced vertically, and with a spatial correlation, such that the PM 
wave spectrum was satisfied.  The PE transmission code RAMSurf was used, which 
includes effects due to acoustic shadowing of segments of the sea surface and diffraction 
of sound into shadowed zones.  Surface ducted scenarios were devised so that the 
incidence angle at the surface was close to preferred nominal values.  For each scenario, 
the field was computed, first for a smooth surface, then with the surface described as 
rough, with, typically, 40 random replications of the rough sea surface, with the coherent 
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field determined for each.  The total loss of coherent transmission was determined by 
subtracting the mean of the coherent pressure fields p  obtained for the roughened 
surface from the field obtained with the smooth surface.  A loss per bounce was then 
determined.  A one-dimensional sea surface was described and transmission was simulated 
for cylindrical symmetry.  For some simulations, not shown in this paper, a loss 

appropriate to the received energy was determined, for which the rms pressure 
212p  

was obtained from the replications.  This enables the incoherent pressure, that is, the 

diffuse component, to be determined as 
2122






  pp . 

Fig. 2 shows loss values from the deterministic modelling compared with results from 
the KA and WSS models for 10 m/s wind speed at 3200 Hz.  The height of each rectangle 
in the figure represents a spread of ±2 standard deviations about the mean loss, whereas 
the width represents the span of angles over which the trapped beam of rays from the 
source impinges on the ocean surface.  It is apparent that the deterministic modelling is 
supportive of the WSS model.  There is little evidence of effects due to surface 
shadowing, for which loss values in excess of the WSS model would have been expected.  
Presumably, the shadow zones were fully insonified by diffraction of sound into them. 

 
Fig.2: Reflection Loss per bounce: blue – KA model, red dashed line – WSS model, 

deterministic; 10 m/s wind speed 5.19w , 3200 Hz, rms surface slope 6.3°. 

4. INCLUSION OF REFRACTION DUE TO WIND-INDUCED BUBBLES 

Ainslie’s [3, 4] simulations of surface reflection loss involved the incorporation of the 
Hall-Novarini model of bubble population, where this was a function of wind speed.  
Based on the resultant surface sound speed and a ray approximation, the effect of this 
model was found to be such that the angle of incidence at the surface for all surface-ducted 
energy is   23

5.191 0042.0 w , for wind speed of the order of 5 m/s or more.  
Simplification of the models of roughness loss described by (1), (2) and (3) become 
feasible by substituting for surface grazing angle with the above expression.  This results 
in the following expressions for the KA model and the linear approximation to the WSS: 
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For KA model   75.19
213105.1 wfRL    dB (4) 

For linear approximation to WSS model    29
5.19

2391016.1 wfRL    dB. (5) 

For a particular situation, the larger value from these two expressions would be used.  
The results from (5), for wind speed 5.19w  = 10.6 m/s (same as 10w  = 10 m/s), are similar 
to those shown in Ainslie’s fig. 8.2 [4], as the analyses are similar.  For some frequencies, 
however, the loss value from (4) exceeds that from (5), indicative of the increase of the 
KA model (and the WSS model) away from the linear approximation to the WSS model 
for relevant angles of surface incidence.  For the example in Fig. 1, this increase in RL for 
the WSS model from the linear form occurs at about 4° incidence. 

For the general case of non-ducted energy, the angle of incidence at the surface may be 

shown to be   2
2

3
5.19

5
1 1074.1   w , where 2  is the angle of incidence at the 

bottom of the bubble zone.  This leads to alternative forms of (4) and (5) (not shown) and 
thus to a model of RL which may be incorporated in a conventional ray model of 
transmission.  However, all these simplifications based on the ray approximation to 
transmission through the bubble zone are contingent upon the refraction in the bubble 
zone occurring in accord with sound speed variations as per Snell’s law. 

5. DETERMINISTIC MODELLING OF DUCTED TRANSMISSION 

Acoustic transmission for a surface ducted scenario was modelled by the CMST, using 
the deterministic modelling regime outlined in Section 3.  In this way the field was 
computed, first for a smooth surface, then with the surface described as rough, with 40 
random replications of the rough sea surface, and with the coherent field determined for 
each.  The ocean scenario was the same as that used previously by the authors [5]:  
isothermal surface duct over an infinitely deep isovelocity ocean; duct depth 64 m; source 
depth 18 m; frequency 3200 Hz.  Wind speed 5.19w  was set to 7.5 m/s, and the resultant 
variation in sound speed due to the wind-induced bubbles was based on the Hall-Novarini 
bubble population and distribution model, as outlined by Ainslie [3, 4].  These effects 
were confined to the top 3 m of the ocean, with most of the change in SSP occurring in the 
top metre.  Surface sound speed was about 5 m/s less for the ocean with bubbles than if it 
was assumed to be bubble-free.  At 3200 Hz the wavelength is 0.47 m, being of the order 
of the length over which most refraction occurs. 

Fig. 3 shows the component of transmission loss, TL , due to surface reflection, 
computed for the test scenario by: (i) the ray model Bellhop incorporating the WSS model 
of RL; (ii) the deterministic modelling method based on averaged received coherent 
pressure.  In each case the sound speed profile was based on isothermal water plus wind-
induced bubbles for wind speed 7.5 m/s.  The value TL  based on ray modelling is 
clearly much greater than that from the deterministic modelling, where the former is in 
accord with expectations of loss per bounce of 2.0 dB from the greater of (4) and (5), and 
a skip distance that was shown to be 6.3 km for a limiting ray and 3.7 km for a ray 
transmitted horizontally.  It is presumed that the wave effects represented by the 
deterministic modelling did not result in as much refraction in the bubble region as 
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described by simple rays, hence the grazing angle was less, and so the reflection loss 
(which would be expected to follow the WSS model for the appropriate angle) is less. 

 

 
Fig.3: Transmission Loss due to Reflection Loss; 7.5 m/s wind speed 5.19w , 3200 Hz. 

6. CONCLUSIONS 

Deterministic modelling of sea surface roughness loss appears to confirm the validity 
of the small slope model of Williams et al. (WSS), and for the cases studied shows that 
surface shadowing may not be an issue.  An alternative, and simplified, approximation to 
the WSS algorithm has been established, with the small angle part being equivalent to 
Ainslie’s roughness model.  The inclusion of the refractive effects of wind-induced 
bubbles causes significant change to the way in which sea surface reflection loss may be 
included in conventional ray models, with no obvious simple remedy in sight.  Based on 
the modelling of the wave effects of transmission, it does appear that the refraction in the 
near-surface region may not be described simply by Snell’s law, and that determinations 
from wave modelling may be required across a range of wind speed and frequency 
combinations. 
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Abstract: A reverberation model based on normal modes [Ellis, J. Acoust. Soc. Am. 97, 
2804–2814 (1995)] has been previously applied to some of the flat-bottom problems from 
the 2006 and 2008 US Reverberation Modeling Workshops and the 2010 UK Symposium 
on Validation of Sonar Performance Tools. In 2008 the formulation was extended using 
adiabatic normal modes to handle reverberation and target echo in range-dependent 
environments [Ellis et al., in International Symposium on Underwater Reverberation and 
Clutter, La Spezia, Italy, (2008)]. At that time calculations were presented for range-
dependent scattering and target echo, but with flat bathymetry. In 2010 the computational 
model was extended to handle sloping bottoms. The computational model is in Fortran 95, 
so runs quite rapidly and can be implemented on virtually any platform. Calculations are 
presented for some range-dependent problems from the reverberation and sonar 
workshops mentioned above.  
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1. INTRODUCTION 

Active sonar propagation modelling often requires a trade-off between fidelity and 
performance. The Reverberation Modeling Workshops (RMW) [1] of 2006 and 2008 
specified a number of active sonar modelling problems, several which included target 
echo, designed to provide a benchmark for modelling efforts. A recent venue for 
comparing solutions to these problems was the 2010 UK David Weston Memorial 
Symposium on Validation of Sonar Performance Assessment Tools. For this meeting an 
attempt was made to carefully specify the inputs, and to extend the problems to scenarios 
for sonar model assessment [2]. Reasonable agreement between various models was 
ultimately obtained for reverberation in many of the flat-bottom scenarios [1], but very 
few solutions were presented for the range-dependent and target echo problems. In this 
paper solutions to some of the range-dependent problems are tackled using an adiabatic 
mode solution. 

The author had previously used his range-independent reverberation model [3] to 
provide predictions [4] for some of the flat-bottom RMW problems. In 2008 the 
formulation was extended using adiabatic normal modes to handle reverberation and target 
echo in range-dependent environments [5]. At that time calculations were presented for 
range-dependent scattering and target echo, but with flat bathymetry. In 2010 the 
computational model was extended to handle sloping bottoms [6]. The “Clutter Model” 
can presently handle bistatic geometry with arbitrary bathymetry and bottom scattering 
strength on a 2-D grid. It also can handle realistic (3-D geometry) towed array beam 
patterns, so model-data comparisons can be directly made [7]. Here a simpler version of 
the program is used to develop solutions for some of the Workshop problems. 

2. PROBLEM DESCRIPTIONS AND MODEL INPUTS 

Various files at the site ftp://ftp.ccs.nrl.navy.mil/pub/ram/RevModWkshp_II describe 
the RMW problems, but the best compact description of the sonar inputs is in Zampolli et 
al. [2]; this reference also describes additional problems which we refer to collectively as 
the ZAS problems. Most of the necessary material is repeated here. We concentrate on two 
shallow water “wedge” environments: Problems 16 and 17 from the RMW (with slope 
1.55°) and ZAS Problem IV Scenario 1 (IV.1) (with slope 2.00° from 5–7 km). These are 
illustrated schematically in Fig. 1 (though Problem IV continues with flat bottom to 45 
km). The water sound speed for Problems 16 and 17 is isovelocity (1500 m/s); for problem 
IV there can be one of 3 sound speed profiles: isovelocity (1500 m/s), winter (sound speed 
1490 m/s at the surface, with linear gradient to 1500 m/s at the bottom); and summer 
(sound speeds of 1515.3, 1515.7, 1499.1, and 1500 m/s at depths of 0, 35, 45, and 100 m 
respectively). There are no horizontal gradients, so for the summer and winter profiles the 
sound speed at the bottom is not exactly 1500 m/s at the shallower depths. 

In both cases the surface is a perfectly reflecting pressure release boundary, and the 
bottom is a fluid halfspace, with density ratio 2.0, sound speed 1700 m/s, attenuation 
0.5 dB/wavelength. The bottom scattering for the reverberation calculations is either 
(a) Lambert’s rule with –27 dB coefficient; or (b) a “typical rough bottom” defined by rms 
height 0.316 m and correlation length 400 m.  

For the calculations here: the volume absorption in the water was assumed to be zero; 
the bottom loss was the Rayleigh reflection coefficient with no additional reflection loss 
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from the scattering; the bottom scattering for (b) was a separable form (approximately sin4 
in angle) determined from the backscatter [4] obtained from the roughness spectrum.  

 
Fig. 1: Geometries (in blue) for range-dependent model calculations; the source is 

indicated by (*), the receiver by (o), and the target depth by the dashed line. The shapes 
(in red) of the three sound speed profiles (winter [dashed], isovelocity [solid] and summer 

[dot-dash]) are indicated for Problems ZAS IV.1. 

The target is a vacuum sphere of radius 5 m (with an asymptotic target strength of 7.96 
dB in an unbounded medium), and at depth 10 m; we model this as a point target. 

The omnidirectional source at depth 30 m emits a Gaussian shaded CW signal at centre 
frequencies f0 of 250, 1000, or 3500 Hz, with two-sided bandwidth f0/20 to the –3 dB 
down points. The RMW and ZAS problems define the source amplitude differently. For 
our calculations we use a “top hat” source of unit energy with constant amplitude equal to 
the peak of the Gaussian pulse, and of duration 0 to provide equivalent energy – in 
essence the intensity is 1/0. For the three frequencies 0 is 37.6 ms, 9.39 ms and 2.68 ms 
respectively [Ainslie, 2011, private communication]. The energy determines the 
reverberation, but the amplitude is important in determining the signal excess. 

The receiver at 50 m depth may be either omnidirectional or a horizontal line array 
oriented “into the page”, so that one side of the broadside beam looks directly up slope, 
and the other in the opposite direction. For the RMW problems the idealized line array is 
continuous of length 75 wavelengths, with Hann shading, and the beam response is 
constrained to reside in one hemisphere. For the ZAS problem the line array is realizable, 
with 65 elements, equally weighted, at half-wavelength spacing: e.g., 3.0 m at 250 Hz.  

The beam pattern for the line array was first averaged over the bandwidth of the pulse 
(244–256 Hz for the 250 Hz pulse), then the effective vertical beam pattern calculated by 
integrating over azimuth at each grazing angle [8]. For the ZAS array the response at 0° 
grazing angle is –20.07 dB, and at ±15° grazing angle is –19.90 dB; for simplicity we 
assume –20 dB exactly (or –23 dB on each side), equivalent to a horizontal beam width of 
3.6°, or 1.8° on each side. The RMW array was modelled [4] as having 202 non-zero 
elements at spacing 2.25 m (at 250 Hz). The one-sided beams would give reverberation 
reduction of 25 dB at low grazing angles [4]. These estimates will be correct for range-
dependence with azimuthal symmetry; for a narrow beam the wedge effects in the upslope 
direction should be insignificant. 
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3. PROBLEM SOLUTIONS 

Figure 2 shows the reverberation and target echo for an omnidirectional source and 
receiver for an azimuthally symmetric geometry equivalent to the upslope RMW Problems 
16 (rough bottom) and 17 (Lambert scattering) at 250 Hz. The calculation was done with 
100 range steps of 74 m and depth steps of 2 m. The flat-bottom reverberation is shown 
for comparison. As the water depth decreases with range, the 31 modes at source and 
receiver initially get squeezed into shallower water (becoming larger and giving 
reverberation proportional to the 4th power of their amplitude, or inverse square of the 
water depth), but then experience higher attenuation and finally get cut off as the water 
gets shallower; much of the “sawtooth” shape of the curve is related to this effect. Beyond 
7 km the target echo drops rapidly (since the target is in the bottom beyond 7.03 km), and 
soon after the reverberation drops as the final mode is cut off. The one-sided broadside 
beam would reduce the reverberation by 25 dB, but not affect the echo. Our target echo 
calculation assumes all the multipath arrivals have same travel time and the energy is 
added incoherently; in practice the peak level is reduced by multipath time spreading – our 
preliminary estimates for range-dependent environments indicate the order of 5 dB, but we 
have not yet made a detailed calculation. The scattering for the rough bottom is frequency 
dependent [4], but at 250 Hz less than Lambert’s rule. 

 

 
Fig. 2: Reverberation and target echo for RMW Problems 16 and 17 at 250 Hz. 

 

Figure 3 shows bottom reverberation and target echo for Problem IV.1 at 250 Hz for 
the isovelocity (upper) and summer (lower) profiles, and with Lambert (left) and rough 
bottom (right) scattering. The flat-bottom and upslope reverberation are shown in each 
graph, but the target echo only for the upslope case.  

Figure 4 shows the frequency dependence of the bottom reverberation and echo-to-
reverberation ratio (ERR) for Problem IV.1 with the summer profile and Lambert 
scattering. The flat-bottom reverberation is shown only at 250 Hz; the other frequencies 
will be similar. The ERR curves include an 18 dB gain (23 dB array gain and 5 dB 
assumed time spreading loss). For the actual array the reverberation will be the sum of the 
flat and the upslope components; the echo will be one or the other. 

4. DISCUSSION 

The computational model runs quite rapidly and can be implemented on virtually any 
platform. The PROLOS/OMODES normal mode code is Fortran 77 compatible and the 
reverberation and driver program are in Fortran 95. The calculations here were run using 
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the open source g95 compiler with default options. On a 2.66 GHz Intel MacBook Pro, the 
computations for the summer profile at 3500 Hz took 35 s of CPU time; (216 modes are 
computed at the source-receiver location, though less at the other 600 or so range steps). 

Similar calculations with a Matlab/ORCA model have been done [9]; the all-Fortran 
calculations here are at least an order of magnitude faster. Another part of the efficiency at 
high frequencies is due to making the separable approximation [Ref. 3; Eq. (34) with 
obvious typos corrected], in which the scattering function is separable, and the individual 
mode and group velocities are replaced by a user-supplied average value. Using the 
individual group velocities [3] will slow things somewhat, but will allow the time 
spreading of the echo to be obtained. 

 

 
 

 
Fig.3: Bottom reverberation and target echo for Problem IV.1 at 250 Hz for the 

isovelocity (upper) and summer (lower) profiles, and with Lambert (left) and rough 
bottom (right) scattering. The flat-bottom and upslope reverberation are shown in each 

graph, but the target echo only for the upslope.  
 

 
Fig.4: Frequency dependence of bottom reverberation (left) and ERR (right) for 

Problem IV.1 for the summer profiles with Lambert scattering.  
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The model is efficient, but at some point the adiabatic approximation will break down, 
or have to be extended. When predictions from more accurate models are available, 
comparisons can be made to determine the limits of validity of the adiabatic 
approximation. In the meantime the predictions from this paper can be used as a starting 
point for the solutions to the workshop problems. 
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Abstract: Previously published equations for the time dependence of the echo and 
reverberation in a Pekeris waveguide are combined with an expression derived for 
surface-generated noise. These closed form solutions are applied to the calculation of 
signal to reverberation ratio and signal to total background ratio for three CW pulses 
with centre frequencies between 250 Hz and 3.5 kHz.  The scenario considered is Problem 
A2.I from the ‘Validation of Sonar Performance Assessment Tools’ meeting of the Institute 
of Acoustics, held in Memory of David E. Weston, in April 2010.  This scenario involves 
the detection of a spherical target in a Pekeris waveguide, against a background of rain 
noise and Lambert-rule reverberation from the seafloor. 
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1. INTRODUCTION 

The target echo from an active sonar pulse is masked by a background of unwanted 
echoes (reverberation) and ambient noise.  In order to understand or predict the 
performance of such a sensor it is therefore necessary to predict the levels of the echo, 
accompanying reverberation and ambient noise.  

The need for reliable reverberation predictions led to the organisation of two 
reverberation modelling workshops sponsored by the US Office of Naval Research (ONR) 
and held at the University of Texas at Austin in November 2006 [1] and May 2008 [2].  
The echo from a simple target was included in one of the scenarios specified for the 
second of these workshops.  A third meeting, sponsored by the UK Institute of Acoustics 
(IOA), considered the signal (target echo), reverberation and ambient noise to estimate the 
overall sonar performance in the form of a signal to background ratio [3], using scenarios 
closely based on those developed for the ONR workshops.  The present focus is on 
Problem A2.I of the IOA meeting [4], which combines ambient noise due to rainfall with 
reverberation from Problem XI from the first ONR workshop and an echo from the target 
used in Problem T (from the second ONR workshop). The signal processing required to 
form the signal to reverberation and signal to total background ratios for Problem A2.I is 
specified by Ref. [4].  Only the CW pulses are considered here.  

The details of the problem specification relevant to this paper are described in Sec. 2.  
In Sec. 3 we consider the signal (target echo) and reverberation before processing, 
followed by the effects of the beamformer and matched filter on signal to reverberation 
ratio (Sec. 4).  Ambient noise is introduced in Sec. 5, before and after processing.  

2. PROBLEM DESCRIPTION 

Aspects of Problem A2.I relevant to the present paper are summarised in this section.  
For full details see Ref. [4]. 

2.1. Sonar parameters 

Three different CW pulses are considered, each with its own receiving array 
characteristics tuned to the properties of that pulse (Table 1).  For all pulses the energy 
source factor is SE = 1020 Pa² m² s. 

The CW pulse envelope S0(t) varies with time t according to 
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where Teq is the duration of an equal energy rectangular pulse.  Equation (1) is normalised 
such that 
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  transmitted pulse receiving array 
pulse 
type 

centre 
frequency 
fm/ Hz 

equivalent 
duration 
Teq / ms 

fwhm 
bandwidth 
Bfwhm / Hz 

spacing Δx 
/ m 

nhp Δx / m 

lf CW 250 37.577   12.5 3.0 195 
mf CW 1000 9.3944 50.0 0.75 48.75 
hf CW 3500 2.6841 175.0 0.20 13 
 

Table 1: Pulse parameters specified by Ref. [4].  The number of hydrophones nhp is 65. 

2.2. APL source model for rain noise 

The noise calculation of Sec. 5 requires as input a value of the spectral density of the 
areic dipole source factor [5, p424], denoted Kf. The problem specification requires this 
parameter to be calculated according to the APL 1994 rain noise source model [6], which 
is valid between 1 kHz and 100 kHz.  In the frequency range 1-10 kHz, and for the 
specified conditions (wind speed = 0, rainfall rate = 1 mm/h) this model varies with 
frequency f according to  

  fK f /μPa10 216.7 , (3)

leading to Kf  ≈ 14500 Pa²/Hz at 1 kHz and 4130 Pa²/Hz at 3.5 kHz.  The 250 Hz 
scenario is specified with zero rain noise (detection against reverberation only).   

2.3. Other parameters 

The environment regarding propagation and scattering is identical to that of Problem 
XI [1; 7], with one additional parameter – the rate of rainfall – needed for the ambient 
noise level.  The target is a vacuum sphere of radius 5 m, the target strength of which is 
approximately equal to its high frequency limit of 8.0 dB re m² at all three frequencies.[8]  

3. SIGNAL AND REVERBERATION LEVELS BEFORE PROCESSING 

In this section we consider signal and reverberation before processing.  For the echo in 
a waveguide of depth h and sound speed c we take a result from Ref. [9], making the 
assumption that the transmitted pulse is shorter than the duration of the two-way impulse 
response, but longer than the separation between successive multipaths, to express the 
echo as the following function of range r 
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where  back (≈ 78.5 m²) is the backscattering cross-section [5, pp 41, 607]. The peak RMS 
pressure [i.e., (4)], unlike the total echo energy [10], is independent of seabed properties. 
The attenuation coefficient , and all other frequency dependent parameters are 
understood to be evaluated at the pulse centre frequency.  

Reverberation is calculated as a function of the Lambert parameter  (≈ 0.00200) and 
the reflection loss gradient  (≈ 0.274) using the Zhou-Harrison (ZH) formula [10; 11] 
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4expexp1
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32ZH  , 
(5)

where 

hQ /2
c  . (6)

The symbols E and R represent the locally averaged squared pressure of echo and 
reverberation, respectively.  They are converted to sound pressure level in decibels and 
plotted vs target range in Figure 1.  

 
Fig.1: Echo and reverberation levels before processing.   Solid: 250 Hz; dashed: 1 

kHz; dotted: 3.5 kHz. 

4. SIGNAL TO REVERBERATION RATIO BEFORE AND AFTER 
PROCESSING 

Before processing, the signal to reverberation ratio (SRR) is the ratio of E to R.  For a 
CW pulse, the gain of the matched filter against reverberation may be neglected.  We 
therefore assume that the signal to reverberation ratio (SRR) after all processing, denoted 
mf, is related to the acoustic SRR, ac, through the array gain (10log10AR).  In other words 
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acmf  RA . (7)

The array gain against reverberation for the broadside beam, and assuming all 
reverberation arrives horizontally, is [5, p273] AR = kL/2, where k = 2  f/c.  For the 
specified (approximately /2) hydrophone spacing, this gives AR ≈ π/2 nhp at all three 
frequencies (a gain of 20.1 dB).  It follows that 

   2

2

back
2

hp
mf exp1  Qr

h

n




 . 

(8)

The SRR before and after processing is plotted in decibels in Figure 2.  An alternative 
calculation is possible using the total energy in the pulse instead of the peak intensity.  If 
one assumes that the duration of the received echo is the same as that of the transmitted 
pulse [13], it follows that the echo can be written [10] 
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If the ratio E0(r)/RZH(r) is used instead of EHN(r)/RZH(r), the SRR so calculated is 
overestimated by between 5 dB (at 250 Hz) and 16 dB (3500 Hz).  The influence of 
ambient noise on signal to background ratio (SBR) is discussed in the next section. 

 
Fig.2: SRR vs range, before and after processing; and SBR vs range after processing. 

5. EFFECT OF AMBIENT NOISE 

The ambient noise spectral density is obtained by integrating over all contributions 
from the sea surface with the areic dipole source factor described in Sec. 2.2.  
Contributions associated with direct path propagation from the sheet source at the sea 
surface to the receiver are denoted nD.  Also considered are multiple reflections via the 
seabed and sea surface (nBL).  The sum of both can be written 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 495 -



 

 DBL2 nnKN ff   , (10)

with Kf from (3) for rain noise (1 mm/h).   
The direct path contribution at depth d is [5, p39; 6] 

 dEn 23D  , (11)

where E3(x) is the exponential integral of third order [12]. 
The waveguide contribution for seabed critical angle c (derived from [14], Eq. (8), 

correcting here for surface decoupling) is 

      c
2/12/3

c
2/12/31

cBL sinarctansinarctansin    bbaaban , (12)

where a = 2h/ and b = 1/[2(kd)²].  The noise spectral density Nf follows by substituting 
(11) and (12) in (10).  The rain noise spectral density level is calculated in decibels and 
plotted in Figure 3.  

 
Fig.3: Rain noise spectral density level vs depth; rain rate is 1 mm/h. 

 
The acoustic signal to noise ratio (SNR) (i.e., SNR before any processing) ac(r) is  
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Notice the introduction of a bandwidth ΔB in this equation.  The value of ΔB is assumed 
to be large enough to include the entire signal, and small enough for Kf to be approximated 
as a linear function of frequency within ΔB, but is otherwise arbitrary.   

The specification requires processing with a replica of the transmitted pulse. The SNR 
after matched filtering is related to ac via   
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acmf  NN AM , (14)

where MN is the matched filter gain, which for a CW pulse is 

BTM N  eq2  (15)

and AN is the array gain against noise, which can be estimated using the knowledge that 
the contribution from nBL is approximately horizontal (we assume precisely λ/2 spacing 
again and neglect the small effect of absorption on the ambient noise), 
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The final signal to background ratio (SBR), after all processing, is  
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The SBR is calculated in decibels and plotted in Figure 2 using (17). At the 
lowest of the three frequencies (250 Hz), the ambient noise is specified to be zero 
so the SBR at 250 Hz is expected to (and does) approximately reproduce the SRR 
(all frequencies) of the same figure. 

6. CONCLUSIONS 

According to the model derived by Harrison and Nielsen (HN) [9] for the echo pulse 
shape, the echo level, defined as the maximum value of the sound pressure level of the 
target echo, is independent of seabed parameters.  Combining the HN expression for the 
echo with the Zhou-Harrison [10, 11] formula for reverberation, we obtain a signal to 
reverberation ratio that is independent of target range from about 5 km.  The picture is 
completed by evaluating the ambient noise level using the method of Ref. [14]. The 
resulting signal to total background ratio is influenced by noise from 20 km at 1 kHz and 
from 10 km at 3.5 kHz.   

The results presented are not benchmarks.  Rather, they are simple solutions, intended 
to contain enough physics to describe the essence of the problem, in particular regarding 
the effect of time dispersion on the signal to background ratio.  While the question of 
accuracy is not addressed explicitly, it is shown that a calculation that neglects time 
dispersion has the potential of overestimating the signal to reverberation ratio by as much 
as 16 dB.  In time, more precise calculations for each of the terms are bound to become 
available and replace the solution presented herein.   
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KEY ISSUES IN MID FREQUENCY REVERBERATION MODELING 
AND EXPERIMENTS 

E. I. Thorsos, D. Tang, K. L. Williams, B. T. Hefner, J. Yang 

Eric Thorsos, 1013 NE 40th Street, Seattle, WA 98105-6698, United States 
eit@apl.washington.edu 

Abstract: A basic research mid frequency reverberation experiment is being planned for 
2013, and issues that arise when planning such an experiment at the basic research level 
will be discussed. The fundamental requirement for a basic research experiment is that the 
environment is characterized in sufficient detail to allow accurate numerical simulations 
of the acoustical results based on the environmental description. This is particularly 
challenging for reverberation since environmental sampling at a quarter wavelength scale 
is necessary for complete characterization. The frequency range of interest is 1-10 kHz 
with emphasis at 3 kHz. For reverberation the region to be environmentally characterized 
can be quite large because for realism the geometry should allow many surface and 
bottom interactions to occur during propagation. To reduce the characterization burden, 
the experiment is planned for very shallow water (~20 m), reducing the required range to 
< 10 km. Also, use of a horizontal receiving array with ~2? beam width further restricts 
the area of interest. A shallow water site will also allow diver operation on the bottom 
related to sediment characterization. Nevertheless, significant challenges remain. At the 
planned experiment site near Panama City, Florida, the sediment is composed of 1-3 m of 
sand over a layer of shell hash that in turn overlies mud. Spatial variability will occur in 
the depths of the sand layer and lower interfaces, and sediment volume heterogeneity may 
also be important to scattering processes. Also, ripples may be present on the sediment 
surface, and some sea surface roughness will typically occur. In addition to the 
experimental challenges, simulation of acoustic results will be an important component of 
the effort, both at a research level and at an applied modeling level. In particular, it will 
be important for the latter to determine which aspects of the complex environment can be 
safely ignored when considering modeling where some fidelity can be sacrificed in the 
interests of speed. One particular topic of interest will be to understand the occurrence of 
clutter in measured reverberation. Another topic of importance is the effect of forward 
scattering on reverberation level and statistics, including clutter. Examples of simulation 
results that address these issues will be shown. (Work support by the U.S. Office of Naval 
Research.)  
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INFORMATION AND FIDELITY IN SONAR PERFORMANCE 
PREDICTION 

Edward C. Gough, Jr. 

Edward Gough, 1100 Balch Blvd, Stennis Space Center, MS 39529, United States 
ed.gough@navy.mil 

Abstract: Throughout the history of sonar performance prediction there have been calls 
for a more robust stochastic approach and better insights into actual sonar performance 
in naval tasks.  One line of attack is to explicitly account for the distribution of sonar-
related variables in a decision theoretic framework, and to also account for the 
information content of predictions.  Recent work in ocean modeling, in situ inversion, and 
acoustic measurements have introduced new techniques for assessing and forecasting the 
underlying probability distributions, but a framework for using the information in sonar 
prediction has not yet emerged, and neither has an approach to validation. This paper 
explores the requirements, and suggests a constructive framework for progress. 
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Session 6 
Synthetic Aperture Sonar: State-of-the-art 

Organizers: Roy Edgar Hansen and Peter Gough 
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INTERFEROMETRIC SYNTHETIC APERTURE SONAR DESIGN 
OPTIMIZED FOR HIGH AREA COVERAGE SHALLOW WATER 

BATHYMETRIC SURVEY    

Marc Pintoa, 
 

aMarport Deep Sea Technologies, 2 rue Galilée ESPACE Media, Parc Technologique de 
Soye, 56270 PLOEMEUR France. Email: mpinto@marport.com, fax : +33297376028. 
 
Contact author: Marc Pinto.Email: mpinto@marport.com, fax: +33297376028. 
  
Abstract: The area coverage rate of current high resolution bathymetric imaging sonars is 
limited to 4-5 times the water depth W at a typical survey speed of 8 knots, this represents 
a severe limitation in shallow water (W < 30 m).  It is proposed to demonstrate that this 
rate can be doubled by the use of the AquaPix wideband interferometric synthetic aperture 
sonars. These sonars have several unique features which make them ideally suited for the 
problem. Firstly, the along-track resolution is independent of area coverage rate, range 
and frequency with 2.5 cm x 5 cm (range x cross-range) resolution for the co-registered 
reflectivity and topography maps; this step change in quality greatly facilitates the 
unambiguous detection of small objects, such as mines and improvised explosive devices, 
and change in seabed texture due to e.g. oil spills. Secondly, the coverage rate can be 
increased by simply increasing the length of the physical array, thereby allowing a family 
of systems, optimized for different platforms sizes and speeds, to be offered. The paper will 
present results of a comprehensive feasibility study performed in order to validate 
additional design features, exploiting a 200-400 kHz frequency hopped dual row array, to 
maximise the signal to multipath and noise ratio up the edges of the 15W swath width, up 
to a maximum swath of 600m.  

Keywords: High resolution sonar, Wideband sonar, Synthetic aperture sonar, Bathymetric 
sonar, Imaging sonar.  
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1. OPERATIONAL PERFORMANCE GOALS 

The swath width of AquaPix is equal to 15 times water depth, W, up to a maximum of 
W= 40m, after which the swath is constant and equal to 15x40 = 600m. For W less than  
40m, the swath is limited by multipath interference; for W greater than 40m the swath is 
limited by additive noise. Due to the synthetic aperture nature of the sonar its spatial 
resolution is constant at 2.5cm x 5cm right up to the edges of the swath. This provides a 
very high probability of recognition of 1m size objects, such as mines and improvised 
explosive devices, and a fortiori the canonical 1m cube in the IHO S44 special order 
requirements.  

The sonar height over the seabed is 5% of the swath, or 10% of the maximum range 
(e.g. 30m for W=40m) corresponding to a grazing angle greater than 5.7°, in order to 
avoid excessive shadowing over rough or cluttered terrain. As with all side-looking 
imaging sonars, AquaPix leaves a nadir gap, in this case equal to 2.1W, which can be fully 
covered by overlapped tracks. Therefore the AquaPix effective swath is 10.65W of full 
coverage with constant very high quality data – the quality of which could not be matched 
by any existing gap-filler sonar.  

 
System Platform V (kt) W (m) Swath 

(m) 
Op. 
Area 
coverage 
(km2/h) 

Array  
length L  
(cm) 

Equivalent 
real array 

1 VSW 
AUV 

5 12 180 1.16 60 1800λ 

2 AUV 5 24 360 2.32 2x60=120 3600λ 
3 Large 

AUV 
4 >40 600 3.8 3x60=180 6000λ  

4 Towfish 6 >25 300 2.3 2x60=120 3000λ 
5 Towfish 9 >25 300 3.45 3x60=180 3000λ 
6 Towfish 12 >25 300 4.6 4x60=240 3000λ 

 

Table 1: Operational performance of AquaPix Systems.  The operational area coverage 
quoted assumes the gap is covered by overlapped tracks to maintain constant high map 
quality.  
 

A synthetic aperture sonar must ping every time the sonar moves half the length of the 
physical receiver array which puts an upper bound to the area coverage rate. The AquaPix 
physical array is modular in design, each module being of length 60 cm, in order that 
different physical array lengths can be used to provide different area coverage rates, thus 
allowing different systems, optimized for different water depths, platform speeds, and 
platform sizes, to be offered (Table 1).  

For example, System 1 is designed for a shallow water mine countermeasures role 
with small AUVs; it is optimized for W=15m, but can also operate in all depths, e.g. 
W=10m with a corresponding reduction in swath to 150m or W=30m but System 2 would 
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then provide twice the area coverage. These systems represent a step change in operational 
performance which can only be obtained by synthetic aperture sonar technology. 
Attempting to deliver the same performance with real aperture technology would lead to 
absurd designs with unrealistically long physical apertures as seen from the equivalent real 
array lengths computed in Table 1. For instance, in order to achieve the performance of 
System 1 with a conventional sonar operating at 750 kHz (the highest frequency that can 
be used and still deliver a 180m swath) would require a physical  array length of L=3.6m 
which, when compared to the maximum length of a Remus 100 vehicle of 1.6m ([1]), is, 
very obviously, not suitable for a small AUV. This can be reworded as saying that a 60 cm 
real aperture at 750kHz, similar to the Solstice AUV sonar from Sonardyne  ([2]) would 
offer a resolution 6 times worse than AquaPix at the edges of the 180m swath (30cm in 
place of 5cm) or that a single AUV equipped with AquaPix can achieve the same task as 
six AUVs equipped with the 750kHz sonar.  

2. SONAR PERFORMANCE GOALS  
 

For a bathymetric imaging sonar, the desired signal is the direct path seabed return 
which has to compete with additive noise and interference, in the form of additional 
unwanted echoes from the seabed or the sea surface. Typically, a minimum signal to 
interference and noise ratio (SINR) of 10dB is required in order to produce accurate depth 
estimates and high contrast imagery.  

Until now, most imaging sonars have addressed only the zero-order problems of 
overcoming additive noise and cancelling the direct path echoes from the sea surface. 
While obviously necessary, this is not sufficient and places a fundamental limit on the 
swath of the sonar, this swath cannot exceed a few water depths, after which higher order 
multipaths, i.e. those that include bounces off the seabed and the sea surface, arrive into 
the sonar. Quality imaging is then no longer possible, as the only possibility to separate 
this interference from the signal would be to use the difference in elevation angle. This is 
not possible with the wide elevation beams used by conventional sonars.  

For these conventional sonars, this range to water depth limitation is important only in 
shallow or very shallow water. In deeper water the range is limited far more severely by 
the cross-range resolution, which, given the constant angular resolution of a conventional 
sonar, degrades with range, well before being limited by the environment. Examples of 
real aperture bathymetric imaging sonars that have addressed the sonar design 
optimization problem for high area coverage shallow water applications are few and far 
between; most manufacturers have chosen, instead, to accept the range limitation as 
unavoidable, and partly compensate for it by further increasing the operating frequency 
and bandwidth, to increase image resolution, while also increasing the transmitted energy 
to maintain signal to noise ratio. This explains the recent introduction of several chirped 
wideband sonars operating close to 1MHz in the market place. As a result, therefore, there 
is no system available today that is able to address the demand for more efficiency in 
coastal surveys – driven by homeland security applications in particular.  

A synthetic aperture sonar can reap the benefits of increased range to water depth ratio 
to extend range in all water depths – not only in shallow water – as it does not face the 
same resolution limit of a real aperture as swath width increases; the optimized sonar 
design will be much more efficient for a synthetic aperture than for a real aperture. 
Nevertheless amongst the few synthetic aperture sonars commercially available, there are 
even fewer which have correctly addressed this sonar design optimization problem. For 
instance, the HiSAS 1030 from Kongsberg Maritime boasts of its phased array transmitter 
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allowing it to overcome direct path sea surface reverberation very effectively ([3]). While 
this is true, it also ignores extra surface reverberation entering the HiSAS due to multipath 
propagation, as predicted by the NATO sonar performance prediction tool ESPRESSO 
(Fig.1). In fact, significant reduction of performance has been observed experimentally for 
the HiSAS 1030 and shown to be due to multipath ([4]).   

 
 
 
 
  
 
 
 
 
   
Fig. 1: Limitations of conventional sonar design shown with NATO sonar performance 
tool ESPRESSO. The bottom type is medium sand, the wind speed is 15 knots, the water 
depth is W= 50m and the sonar height above the seabed is H=0.75W=37.5m. An idealized 
vertical beam is used on transmission which is flat in a 30° sector, has 100dB rejection 
outside, is steered down 20° to perfectly reject sea surface direct path arrivals but accept 
all direct path seabed signals from -35° to -5° which includes the maximum desired range 
of 7.5W= 375m (travel time 0.4s). The receive beam is a 25° beam with -40dB sidelobes 
steered down 25°. The signal is plotted in red as well as the total (direct+multipath) 
surface reverberation in light blue and the total (direct+multipath) bottom reverberation 
in dark blue. The direct path surface reverberation (black) is seen to be completely 
extinguished by the idealized transmission beam pattern. Nevertheless the total surface 
reverberation exceeds the signal beyond 165m (travel time 0.22s) due to the two 
multipaths plotted below. The total bottom reverberation exceeds the signal beyond 210m 
(travel time 0.28s) showing additional multipaths of higher order.  

3. FREQUENCY HOPPED DUAL ROW DESIGN 
 

Defining the relative swath, s, as the ratio of the swath to water depth, it follows from 
elementary geometrical considerations that the angular separation between signal and both 
direct path and the bottom-bounced surface reverberation are: 
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where    is the angle of the signal,      the angle of the direct path and     the angle of the 
bottom bounce surface path as described on the bottom left of  Fig. 1. For s=15 the angular 
separation between signal and the two symmetrical interferences is only 7.6° clearly 
showing the limitations of a conventional sonar design with wide vertical beams. The 
optimized vertical beam pattern must be narrowed to reject both the direct sea surface 
reverberation, coming from positive elevation angles, and the bottom bounced sea surface 
reverberation, coming from below. Higher order multipaths, with the same travel time, 
must arrive at higher elevation angles and will also be rejected.  

The design selected for AquaPix consists of a dual row planar array with a physical 
switch between the two rows, as only one channel is digitized (Figs. 2&3). The two rows 
operate in disjoint ‘red’ and ‘blue’ frequency sub-bands selectable within the 200-400 kHz 
overall bandwidth, thus allowing dynamic adjustment of the operating frequency and 
vertical beam to optimize the signal to multipath and noise ratio over the whole swath. The 
first row has a narrow beam, of 20.5° null to null at 300kHz, steered at -5.7° designed for 
a 15W swath. The second row offers a broader beam, of  42.7° at 300kHz steered at -17.5° 
for increased short range coverage. In this manner, an SINR above 10dB is obtained over 
the whole 15W swath with the exception of a residual 2.1W nadir gap – as shown by 
ESPRESSO (Fig. 4).  

The robustness of the multi-row concept for multipath suppression has been proven at 
sea during a decade of R&T within NATO, which established feasibility and world-
leading image quality ([5]) of an R&T demonstrator based on this principle. AquaPix also 
brings a certain number of simplifications and performance improvements with respect to 
the NATO demonstrator system:  

 
Fig. 2 Vertical beampatterns of AquaPix dual row array. The long range beam (red) 
points towards -5.7° and the short range (blue) to -17.5° with horizontal at elevation 0°. 
The null to null beamwidth is 0.36 rad (or 20.5°) for the first and 0.75 rad (or 42.75°) for 
the second, at the centre of the 200-400 kHz band of operation.  
 

The element to element spacing of an AquaPix module is selected equal to 3.33cm, 
giving 18 channels in a 60 cm module. One of these modules is also used as transmitter 
with a horizontal beamwidth of 5.7° with -40dB sidelobes. The transmitter beamwidth is 
twice as large as would be necessary to achieve the desired along track resolution of 5cm 
in order to passively compensate for pitch and yaw of the sonar platform. The maximum 
roll, pitch and yaw which the sonar can accept without degradation in performance is 
equal to 2.75° peak to peak over a few seconds. Sound velocity is measured on board the 
platform with an accuracy of the order of 1m/s. The short range transmission is roughly 
twice as fast as the long range transmission thus providing the optimal spatial overlap for 
synthetic aperture micronavigation using the displaced phase centre antenna technique 
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([6]), with no reduction in area coverage. Finally, the ‘red’ interferometric baseline is 
much larger than the ‘blue’, with values of 20λ or more being typical in order to increase 
the elevation resolution, and hence depth accuracy, at long range. The depth estimation 
uses the time delay estimation techniques initially developed for synthetic aperture 
micronavigation and are described in ([6,7]). The combination of the above features will 
provide a very robust system, due to the ability to overcome baseline decorrelation – 
which is the major issue when focusing distorted antennas over rough terrain ([4,5,6]).  
 

    
 
 

 

 
 

Fig.3 AquaPix frequency hopped dual row bathymetric synthetic aperture sonar. The 
array is built from modules of 0.6m in length (18 channels spaced at 3.33cm), one of 
which is used for transmission with a Tx/Rx switch.  Each vertical channel is switched 
between two rows (shown in red and blue) with different vertical beams shown in Fig.2. 
The two rows operate in disjoint ‘red’ and ‘blue’ sub-bands selectable within 200-400 kHz 
which allows dynamical adjustment of the operating frequency and vertical beam to 
optimize the signal to multipath and noise ratio over the whole swath. The ‘blue’ row 
pings twice faster than the ‘red’ one, doubling the spatial sampling for optimum motion 
estimation. The ‘red’ interferometric baseline is longer than the ‘blue’ one to increase 
depth accuracy with range.  

4. CONCLUSION 

For all seabed applications, such as mine countermeasures or underwater ISR, where 
the combination of high area coverage and high resolution is mandatory, the AquaPix 
family of bathymetric imaging sonars will offer a step change in both map quality and 
survey efficiency. It leverages a decade of NATO funded R&T to offer unrivalled and 
proven at sea performance as well as Marport’s Software Defined Sonar technology 
platform to offer the system at very affordable cost.  
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Fig 4. ESPRESSO predictions of AquaPix long range (top) and short range (bottom) 
performance for the same environmental conditions as Fig. 1 with the sonar at 37.5m 
above a medium sand seabed in 50m water depth. It is seen that the SIR is greater than 
10dB from 0.22s to 0.5 s (165m to 375m) for the top plot and from 0.09s to 0.24s (67.5m 
to 180m). The nadir gap is 112m (plan range) created by volume reverberation.  
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Abstract: Resolution on the order of centimetres makes it feasible to improve target 
detection in high-resolution synthetic aperture sonar (SAS) imagery using correlation 
techniques, with the design of the matching template usually based on the expected size of 
both target highlights and range-dependent target shadow.  Knowledge of the statistics of 
the resulting filtered images is a prerequisite for the design of, and performance 
prediction for, any template-based automated target detection and classification scheme.  
Owing to the large number of samples within a template and the applicability of the 
central limit theorem, the probability density of a template-filtered image with one or 
more distinct seabed types is approximated as a Gaussian mixture with the number of 
components in the mixture given by the number of regions in the image (the number of 
mixture components may be greater than the number of bottom types seen in the image 
due to the effects of geometry altering the scattering statistics.)  The mean and variance 
for each of the mixture components are determined from the input SAS image by assuming 
the input image data are K distributed.  The proposed mixture model compared 
favourably to data obtained from SAS images collected by the NATO Undersea Research 
Centre for two areas with multiple bottom types showing the model’s possible efficacy. 
[Work performed under ONR Grants N00014-10-1-0051 and N00014-10-1-0047] 

Keywords: Synthetic aperture sonar, seafloor scattering, K distribution. 
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1. INTRODUCTION  

The initial step of any imaging sonar-based target detection and classification scheme is 
to locate all target-like objects within an image and pass these contacts on to a more-
robust and often more computationally intensive classifier.  This initial target detection 
step can be considered as a method for data reduction in the signal processing chain.  For 
synthetic aperture sonars (SAS) with centimetre-scale resolution a feasible approach to the 
detection of targets consists of finding locations in an image that match a template image. 
The template image is created to realistically model the 2-D projection of the true 3-D 
acoustic response of a possible target. The actual detection can be performed by noting 
excursions beyond a given threshold of the correlation metric obtained via filtering the 
sample image with the template image.  In addition to passing real targets, threshold levels 
are also set to keep the classifier from being overwhelmed.  The system is well-designed 
as long as the classifier can handle the output of the detector. For this reason, it is vital to 
understand and model threshold crossing statistics such as the probability of false alarm 
(PFA) for the filtered images resulting from the template-matching procedure. 

This paper aims to examine the impact of template matching on the statistics of high-
resolution SAS imagery; in particular our interest is in relating the statistics of the input 
sample image to the output template-filtered image for images which may contain multiple 
seabed types. The following sections will give a brief description of: the detector; the 
theory relating the statistics of the input and template-filtered images; and sample results 
which make use of experimental data collected with the NATO Undersea Research 
Centre’s (NURC) 300 kHz MUSCLE SAS system. 

2. MODELING STATISTICS OF TEMPLATE-FILTERED IMAGES 

In this section a method is proposed for approximating the statistical distribution of the 
output T that results from the template-filtering procedure described in Section 2.1.  Many 
image scenes may be composed of multiple distinct bottom types, e.g., a single SAS image 
may contain areas with ripples and those without ripples. If these regions are 
predominantly larger than the size of the template, the detection statistic may be described 
as a mixture of the response of the template to the individual regions (ignoring boundaries 
between the regions). Given the mixture of data within the input scene, and assuming that 
the region of each component is larger than the template, a reasonable approximation to 
the statistics of the template output over the scene is a mixture comprising the response of 
the template to each input component. This clearly ignores the edge effects where the 
template is subjected simultaneously to data from different regions, but nevertheless may 
be an adequate approximation for many scenes.  

In the derivation which will be presented in Section 2.2, we assume that the input 
image statistics can be modelled with a K distribution. The K distribution has been 
successfully used to model sonar data [1, 2, 3], including SAS data [4], and can represent 
both benign speckle (high shape parameters) and heavy-tailed, false-alarm inducing 
statistics (low shape parameters).  The input data stimulating the template can be 
characterized, therefore, as being K distributed with shape m and power Pm with 
probability m for m = 1,. . . ,M, with M being the total number of different seafloor types 
seen in the image. It is important to note that it is assumed that all the data entering the 
template at any given time comes from only one of the M types. 
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2.1. Template Filtering 

The filter used in this work is that of Groen, et al. [5] which is based on convolution of 
a template image with a sample input image. The linear template is applied to SAS image 
data scaled in decibels to foster detection of targets with a specific size and shape with 
respect to the echoes from the object's front face and the ensuing shadow region. The filter 
used here and in [5] employs minimal a priori knowledge or assumptions on target 
scattering characteristics in the design of a matching template. The template consists of a 
block of highlight (+1) and a block of shadow (-1) as described by [5, 6].  For this study, 
the size of the template highlight area was set to 1 m in the along-track direction by 0.5 m 
in the range direction, the width of the shadow was set to 0.5 m and an average shadow 
length was computed as a function of the altitude and object height. Before convolution 
with this template the SAS image was first normalised as described in [6].  
Mathematically, the template output for one position in the image can be characterized as 
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where Xi and Yi represent the ith data sample in intensity (i.e., matched-filter magnitude 
squared) and decibel form respectively and ci is the associated template coefficient. The 
summation is indexed by i = 1,...,n even though the template is in fact two-dimensional.   

Data examined in this paper were collected with the MUSCLE system designed by 
NURC [7]. The MUSCLE system is comprised of an autonomous vehicle equipped with a 
synthetic aperture sonar operating at a frequency of 300 kHz and bandwidth of 60 kHz. 
This sensor was designed to provide a resolution of roughly 2.5 X 1.5 cm up to 200 m in 
range. The experimental data, obtained over a variety of seafloor bottom types, was 
gathered in several areas, including the Baltic Sea, near Latvia, and areas off of Elba 
Island and Tellaro, Italy.  In the example analysis to follow in Section 3, we will use 
parameters of the K distribution obtained from SAS images such as that of a mixed 
ripple/non-rippled seafloor shown in Fig. 1 together with the model described in Section 
2.2 to predict the distribution of the values seen in template-filtered image shown in Fig. 2.   
 

 
 

Fig.1: SAS image of a mixed rippled and non-rippled seafloor taken with the NATO 
Undersea Research Centre’s MUSCLE system. 
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Fig.2:  Output image obtained by template-filtering the data of Fig.1. 
 

In order to highlight the high amplitude or tail portion of the distributions describing 
template-filtered images, data are displayed in this paper as probability of false alarm 
(PFA = 1 – cumulative distribution function) or probability that the amplitude will be 
higher or equal to a given amplitude. Distributions resulting from template-filtering SAS 
data from five different areas, including the data shown in Fig. 1, are displayed in Fig. 3.  
The processing was identical for the examples shown here. These example seafloor types 
from which data were obtained to produce of Fig. 3 range from featureless to an area with 
large numbers of target-like rocks.  The sites producing the higher PFA would be produce 
more alerts for a given threshold and would be more difficult areas in which to find real 
targets.  Fig. 3 suggests that the threshold required to produce a given PFA for these 
filtered images has the potential to be a useful and simple single-number metric for 
describing the difficulty of finding targets in a given area. 

 

 
 

Fig.3:  Probability of False Alarm for template filtered SAS data. 
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2.2.  Template-Filter Output 

For high-resolution SAS systems, the number of samples within a template, n, is large 
enough (several 1000 samples for the resolution of the MUSCLE system) that the central 
limit theorem (CLT) applies within any one region. Thus, the detection statistic PDF is 
approximately that of a Gaussian mixture, 
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where the mean and variance for the mth component must be determined through (1) 
assuming the input data are independent and identically K distributed with shape  
m and power Pm. 

The easiest way to obtain the mean and variance of (1) given the input statistics is to 
form the cumulant generating function (CGF) of T, which is the logarithm of the moment 
generating function (MGF), and evaluate its derivatives at zero. The MGF of T is, 
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Noting that the K distribution can be described as a gamma modulation of an 
exponentially distributed intensity, (3) simplifies to products of expected values of powers 
of gamma random variables, 
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where G is gamma distributed with shape  and scale . Thus, assuming Gi is gamma 
distributed with shape  and scale  = P/ and Ui is gamma distributed with unit shape 
and scale, (3) becomes 
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where bi = 10ci/log(10).  The CGF of T is then 
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The first derivative of the CGF,  
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provides the mean of T when evaluated at zero, 
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where  and  have been replaced, respectively, by m and Pm/m and (x) is the 
digamma function.  The second derivative of the CGF, 
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provides the variance of T when evaluated at zero, 
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where (x) is a polygamma function. 

The power of the component, Pm, only enters into the mean of T and not its variance as 
expected for decibel-form data.  The shape parameter of the K distribution affects both the 
mean, which is increasing with m for a fixed Pm, and the variance, which is decreasing 
with m. 

3. SAMPLE RESULTS 

The Gaussian-mixture model given by Eq. 2 requires as input the mean (Eq. 8), 
variance (Eq. 10) and probability for each component in the mixture.  To estimate the K 
distribution parameters required in Eqs. 8 and 10, data determined by the shape, size, and 
orientation of the template on the SAS input image may be used to characterize the input 
image statistically with an emphasis on exactly what the template sees. For the following 
examples we estimate the shape and power parameters via a method of moments estimator 
for each sample of data carved out by the template shape as it is moved around the SAS 
image. This technique served to identify the number of components as well as the 
appropriate input parameter values for the components in the resulting Gaussian-mixture 
model.  Figure 4 displays an example of the K distribution parameters determined for the 
ripple / non-ripple example image shown in Fig. 1.  The non-rippled area is obvious in 
both the shape parameter and power.  Both the power and shape parameter are a function 
of range for the rippled area, in agreement with work presented in [4].  

Figure 5 shows comparison of measured and modelled template output PFA for two of 
the seabeds shown in Fig. 3.  Both the model for rippled / non-rippled seabed (m = 0.6, 
0.3, 0.1, Pm = 5.2, 3.4, 25,  = 0.95, 1.9, 0.16) and for the seagrass / sand seabed (m = 0.7, 
0.25, 0.05, Pm = 5.0, 3, 9,  = 1.0, 3, 0.42) compared adequately to the experimental data. 
In our modelling we have approximated range dependence as two components in the 
mixtures, although more components are certainly required to capture the true behaviour.   
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Fig.4: K distribution power (top) and shape (bottom) parameters determined from 
template-sized regions. 

 
 

 
Fig.5: Probability of false alarm for template filter output for the compound ripple / non-
rippled seafloor and the seagrass / sand seafloor together with Gaussian-mixture model 

predictions (model parameters can be found in the text). 

rippled/non-rippled 
 

seagrass / sand 
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4. CONCLUSIONS 

In this paper, a novel method for modelling the statistics of template-filtered high-
resolution SAS imagery was presented. The large number of image points within an area 
the size of a template allowed the template output to be modelled as a simple Gaussian-
mixture. Parameters of the mixture model were determined from the K distribution 
statistics of the input image. The proposed mixture model compared favourably to data 
obtained from SAS images for two areas with multiple bottom types showing the model’s 
possible efficacy. Including range dependence or other small-scale changes would 
necessitate increasing the number of components in the mixture and cause a concurrent 
diminishing of the size of a sample region. The reduced number of samples in the smaller 
regions used to describe an image with small-scale variation would likely mean noisier K-
distribution parameters estimates for each component. In this case, the technique described 
in [8] can be used to combine the estimates within each region to provide a single 
representative estimate. Finally, statistical models for SAS imagery such as that developed 
for ripples in [4] could be used in conjunction with the Gaussian-mixture model to predict 
the template-filter output. 
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Abstract: Simulation of SAS imagery is a topic of interest for training of object detection 
algorithms. As the focus of this effort considers coherent change detection, simulations 
must also be able to realistically simulate not only the static texture of the seafloor, but 
also its time-dependent evolution. For sand seafloors this evolution entails the generation 
of sand ripples by wave action and their subsequent destruction by bioturbation. In this 
paper recently developed methods for simulation of SAS images of rippled-sand seafloors 
is extended to include temporal evolution. 

Keywords: synthetic aperture sonar, SAS, change detection, coherent, sand ripples, 
speckle, diffusion, bioturbation 
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1. INTRODUCTION  

Investigation of synthetic aperture sonar (SAS) system change detection algorithms for 
application in port protection and mine countermeasures is underway. These investigations 
have considered system parameters, time scales over which these systems may operate 
successfully, and correlation analysis methods (e.g., [1-3]). Automatic change detection 
(ACD) compares images from repeat passes over a region of interest and detects changes 
in order to identify new features or targets which may have appeared between passes.  
Incoherent change detection (ICD) usually detects changes in features on the seabed while 
coherent change detection (CCD) detects both the macroscopic as well as the small scale 
changes that influence speckle phase. Using a horizontal diffusion principle, time scales of 
validity for each of these methods are modeled. This work applies the model developed in 
[4] to simulate SAS imagery that is a function of time. The simulation of this time 
dependence may be useful for training and performance prediction for both types of 
change detection algorithms. 

Imagery produced by SAS systems (mimage with dimension of slant-range rx and along-
track ry collected at time t) can be expressed as the product: 

 
      ntyxstyxatrrm speckleyximage  ,,,,,,      (1) 

 
where sspeckle is multiplicative speckle [5] as described by [6], and a is a modulation term 
that is a function of the acoustic scattering cross section at a mean grazing angle and the 
seafloor slope field equal to the derivative of the seafloor height field, zrelief. Eq. (1) 
includes an additive noise term n which represents ambient ocean and sensor noise.  Eq. 
(1) can be thought of as being a product of a large scale macroscopic component (i.e., the 
backscatter from the seafloor relief) and a small scale microscopic component (i.e., the 
coherent imaging speckle), where the prefixes macro- and micro- denote scales with 
respect to the sonar resolution. 

Numerical experiments are often preferred to in situ experiments for considerations of 
expense, time, and convenience, and may produce sufficiently realistic results when the 
appropriate physical mechanisms are included. Perhaps more importantly, numerical 
experiments allow exploration of parameter changes that are impractical or even 
impossible to control in situ. A challenge of repeat pass change detection is the 
registration and intensity scaling of images taken at different times. Collecting images 
from slightly different vehicle paths or orientations to the region of interest will affect both 
the relative location and relative backscattered acoustic energy of features in the images. 
As coherent change detection considers coherent imaging speckle, which is influenced by 
both the macroscopic and microscopic seafloor features, greater re-pass track accuracy is 
required than for incoherent change detection. Further, the medium through which the 
acoustic field propagates must also be sufficiently static for imagery to be viable for 
coherent change detection. For the in silico experiments presented here, perfect re-pass 
track accuracy may be assumed along with a static propagation medium, so that only the 
modeled movement of seafloor (and an assumed noise component) impacts the resulting 
imagery. This ability to exactly control contributing parameters allows the investigator to 
make definitive comparisons which would otherwise be unobtainable from in situ 
experimentation. 

The following section describes simulation of time evolution of a rippled-sand seafloor 
using a horizontal diffusion model. Section three describes the implementation of such a 
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time-evolved seafloor to produce simulated SAS imagery including decorrelation of 
coherent imaging speckle. Applications of these numerical simulations to change detection 
are given in section four, with conclusions following. 

2. SIMULATING EVOLVING RIPPLED-SAND SAS IMAGERY 

Sandy seafloors are dynamic, evolving over time due to both hydrodynamic (e.g. wave 
action) and biologic feeding and motion (i.e., bioturbation) [4, 7, and 8]. Strongly peaked 
sand ripples (i.e., having a Stokes-like shape) that are created by oscillating wave action 
[9] decay over time to a smoother, more sinusoidal, shape by random sediment transport 
from bioturbation. The movement of sandy sediment has been approximated as a diffusive 
process [4]. For this work, we simulate a sand ripple field using methods of [10] as might 
be generated by a hydrodynamic event occurring at time t0, and simulate temporal 
evolution and decay through horizontal diffusion using the method described in [4]. 

From [4], the horizontal diffusion of a relief function zrelief is: 
 

     DtK
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where Zrelief is the two-dimensional Fourier transform of zrelief, kx and ky are the spatial   
components of wavenumber in the x and y direction respectively, K is the magnitude of the 
wavenumbers, and D is the diffusion constant (D = 1.4e-9 m2s-1 is used for this work). The 
1/e decay time TD is defined as: 
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where f is the acoustic frequency in the water corresponding to the Bragg wavenumber 
(KBragg = 2k cos θ, where k is the acoustic wavenumber in the water, and assuming low 
grazing angle θ such that cos θ →1). 

Fig. 1 shows an evolving rippled-sand seafloor with a dominant ripple wavelength λ of 
2 m, for three time steps (initial relief at t0, TD(λ)/2, and TD(λ)). This figure clearly shows 
an evolution from a 'peaky' ripple profile to a more sinusoidal profile. The complex 
correlation was calculated between an evolving zrelief (x,y,t) and the initial zrelief (x,y,t0).  
The corresponding spectral decorrelation curves for the relief of Fig.1 are shown in Fig. 2 
for select frequencies calculated at the corresponding Bragg wavenumber. An exponential 
function was then fit to this time-dependent correlation score to obtain the frequency 
dependent decay constants shown in Fig. 3. These results compare well with the in situ 
experiments and calculations described in [2]. 

The simulated relief evolution can be incorporated into an implementation of Eq. (1) to 
simulate SAS imagery (the technique is described in greater detail in [11] and [12]). As we 
are concerned only with the coherence of the image at time t compared with the initial 
image at time t0, the coherent imaging speckle realization at time t (i.e., sspeckle in Eq. (1)) 
is modeled as: 
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Fig. 1: Evolution of sand-ripple relief realization for rippled-sand with dominant ripple 
wavelength λ = 1.25 m; original surface (left), at TD(λ)/2 (center), and at TD(λ) (right).
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Fig. 3. Decay constants for the 
spectral decorrelation curves of Fig. 1 

as a function of frequency. Dashed 
line is an estimate of decay constants 

made using a horizontal diffusion 
constant of D = 1.4e-9 m2s-1.
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where Sspeckle is the two-dimensional Fourier transform of sspeckle, cf

K  is the Bragg 
wavenumber corresponding to the center frequency of the sonar. Eq. (4) may be thought of 
as mixing between two uncorrelated speckle realizations, so that the resulting speckle 
realization has a correlation score of 1/e at TD(

cf
K ) when compared to the initial speckle 

realization. One would expect that speckle decorrelation occurs significantly quicker than 
relief decorrelation (i.e., TD(

cf
K ) << TD(K)), since large-scale features change more 

slowly than small-scale features.  
The left-most image of Fig. 4 in the following section shows a simulated SAS image, 

incorporating the speckle decorrelation model of Eq. (4). The sonar center frequency fc  is 
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10 kHz. The slant-range and along-track resolution, Δrx and Δry respectively, remain fixed 
at 0.0375 m for all simulations presented here. 

3. COHERENT CHANGE DETECTION PERFORMANCE ESTIMATION 

From the imagery of Fig. 1, one may expect that ripple structure persists for days to 
weeks, producing viable change detection imagery even for a dynamic environment such 
as sand ripples.  Such an expectation may indeed be accurate for incoherent change 
detection.  However, coherent change detection is a function of both the macro- and 
microscopic features of the imagery as previously discussed. Therefore coherence 
predictions should be based upon correlation calculations at the sonar center frequency.  
Fig. 4 shows an example 10 kHz fc simulated image along with coherence images at 4 and 
12 hour re-pass intervals (calculated as described in [2]). As expected, correlation 
decreases with increasing time as both the seafloor relief and speckle evolve. An 
interesting result is that for the shorter time scale coherence image, a decrease in 
coherence is observable along the ripples. This demonstrates the ability of this method to 
detect change as the ripple shapes evolve from a peaky to more sinusoidal shape; however 
the time scales may be too short for the intended applications.  
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Fig. 4: Example simulated 10kHz fc SAS image (left), and coherence images from re-
passes at 4 hours (center) and 12 hours (right). 

 
Fig. 5 shows mean coherence scores for simulated imagery at three different center 

frequencies (25, 50, and 100 kHz) as a function of time. Also shown are the corresponding 
decorrelation estimates. From this result, it is clear that speckle decorrelation, and not 
relief decorrelation, is the limiting factor for coherent change detection. One may also 
notice that the simulation coherence scores are generally worse than the predictions based 
on Eq. (3). This is attributable to the ambient noise included in each realization of the 
simulated imagery, which is not considered for the predicted decorrelation. Additionally, 
deviations in the re-pass track location or sound speeds in the propagation medium will 
further reduce the re-pass coherence. As such, coherent change detection viability 
predictions based on horizontal diffusion should be regarded as optimistic. 
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Fig. 5: Mean coherence scores for 25, 50, and 100 kHz fc synthetic SAS imagery at 
various re-pass intervals (shapes), compared to anticipated exponential decay (lines). 

4. CONCLUSIONS 

In this work, we have presented a SAS image simulation methodology useful for 
training and performance prediction of change detection algorithms for rippled-sand 
seafloors. This was accomplished by incorporating diffusion on both the macroscopic and 
microscopic scales, which accounts for the evolution of seafloor relief and coherent 
imaging speckle. A decrease in image coherence was observed with the simulated data as 
a function of time, and was seen to be strongly dependent upon the sonar center frequency. 
These simulations compared well with other published work, demonstrating the potential 
for the numerical simulation presented here to produce spatially and temporally realistic 
imagery for use with training of object detection algorithms. 
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Abstract: The principle of synthetic aperture sonar (SAS) interferometry is to combine the
images from two sensors coherently such that the observed differences can be used to retrieve
additional information. If the distance between the two sensors forms a baseline perpendicular
to the look direction of the sensor, the direction of arrival can be estimated and thereby the
topography. SAS interferometry can either be applied to data collected on a single pass (if the
system is interferometric) or on repeat pass data collections. A strict requirement for inter-
ferometric processing is that the SAS images are coregistered (placed in the same grid) with
sub-pixel accuracy. On repeat pass interferometry, this imposes a very strong requirement on
the navigation, difficult or impossible to obtain on small underwater platforms without using
the sensor data itself. We have developed a technique for coregistration based on estimating the
navigation error, then renavigating and reprocessing the data. We have applied the technique
on SAS data collected on repeated tracks by a HUGIN autonomous underwater vehicle with a
HISAS 1030 interferometric SAS. The data was colleced in an area with a flat sandy seafloor,
and the time seperation was short. We obtain a repeat pass coherence of 0.974, equivalent to
15.7 dB SNR, and a misregistration less than 1/10th pixel, better than 2 mm. This result is well
within the required accuracy for any repeat pass interferometry application.

Keywords: Synthetic aperture sonar, Interferometry, Repeat pass interferometry, Coherence,
Change detection
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Fig. 1: Data acquisitioin geometry for repeat pass interferometry.

1. INTRODUCTION

During the last decade the maturity of synthetic aperture sonar (SAS) has taken a major step
forward. There is now a clear understanding on how to use the sonar signal itself for micronavi-
gation [1]. This has been a critical component in obtaining the required navigation accuracy for
successful SAS imaging. The impact of the ocean environment and how to do data collection
in order to increase the SAS image quality is also clearer today [2]. When comparing SAS with
synthetic aperture radar (SAR), it is evident that the level of sophistication is superior in some
parts of the SAR technology. One such example is repeat pass interferometry [3, 4].

There are two critical requirements in repeat pass interferometry: The baseline (or distance
between trajectories) must be small enough, such that the speckle (or small scale variability) in
the images from the repeated passes are similar. And, the images from the repeated passes must
be coregistered within a fraction of a resolution cell. This imposes a very strict requirement
on the navigation accuracy for high resolution SAS systems, and is very difficult or impossible
to obtain for any underwater platform without using data driven techniques. In this paper, we
consider coregistratition of SAS images from repeated passes.

Repeat pass interferometry in SAS has been studied in a feasibility study in [5]. Applications
such as change detection is described in [6]. In [7], coherent and incoherent techniques for
change detection are discussed. The spatial decorrelation as a function of baselines is discussed
in [8] and [9]. The temporal decorrelation due to actual changes of the seafloor is considered
in [10].

In this paper we describe a method for coregistration of SAS images from repeated passes
by estimation of shift, rotation, and dilation and thereafter renavigating the repeated pass. In
2010 we collected data with a HISAS 1030 interferometric SAS on a HUGIN autonomous
underwater vehicle (AUV). The vehicle was run on repeated passes over an area of flat sandy
seafloor with very little features. SAS images of this type of seafloor contains close to fully
developed speckle, which imposes a “worst case” scenario for repeat pass coregistration since
the images are completely random. After employing our coregistration method, we obtain a
coherence of 0.974 and a misregistration of less than 1/10th of the pixel size in both dimensions.

In section 2, we describe the different data products that can be obtained from single pass
and repeat pass interferometry. The coregistration we have developed is described in section
3, and the experimental setup and results is described in section 4. We finally summarize this
work in section 5.
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Fig. 2: Potential data products when running an interferometric system repeatedly.

2. REPEAT PASS INTERFEROMETRY

The principle of interferometry is to combine the images from two sensors coherently such that
the observed differences can be used to retrieve additional information. This technique is well
established in SAR [4, 11]. There are essentially two different types of interferometry [3]:

• Across-track interferometry which can be used for spatial coherence mapping and
bathymetry estimation. This requires a baseline perpendicular to the look direction of
the sensor, and the accuracy of the bathymetric map is proportional to the baseline.

• Along-track interferometry which can be used for temporal coherence mapping and
change detection, deformation estimation and ground moving target indication.

Repeat pass interferometry is just a special case of along-track interferometry. If the repeated
track is identical to the first track, only temporal coherence is measured. If the repeated track
produces a baseline to the first track (as indicated in Fig. 1), the spatio-temporal coherence
is measured. For a perfectly stationary seafloor (and ocean environment), data from repeated
passes can also be used for topographic mapping.

Fig. 2 shows a flow chart of the potential data products from running an interferometric SAS
on repeated tracks. From each passage, two individual single look complex images are created.
From these, single pass across-track interferometry can be applied and a digital elevation model
(DEM) can be generated. By combining two or more images from repeated passes, coherent
change detection and deformation estimation can be done. A fundamental requirement to obtain
high coherence in repeat pass interferometry, is that the scene content (the seafloor itself) does
not change within the temporal window. This is not always the case [10].

The coregistration of the images must be sufficiently accurate such that interferometric pro-
cessing can be done. If the images are registered better than 1/8th of a pixel, the loss of co-
herence due to misregistration is negligible [4, page 46]. This imposes a very strict navigation
requirement for high resolution SAS systems, and is very difficult or impossible to meet, with-
out using data driven techniques (correcting the navigation using the SAS images themselves).

3. COREGISTRATION METHOD

There are basically two different approaches to SAS image coregistration. The first method
involves warping (or interpolating) one of the images onto the same grid as the other image,
and accounting for the required change of phase. The second method involves correcting the
navigation before rerunning the image formation on one of the data sets. The interpolation ker-
nel or navigation error can be estimated by a series of cross-correlations on the full SAS images
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Fig. 3: Coregistration method.

or on selected features (or selected control points [12]). The first method operates directly on
the images, and is potentially fast. An extra step must be applied to preserve the phase infor-
mation of the warped image. The second approach is more computationally demanding since
the SAS processing is rerun, but any phase effects is accounted for by the imaging algorithm.
This technique can potentially be more accurate, since all geometrical effects can be accounted
for properly. We have chosen to implement the second coregistration approach and we assume
that the misregistration in the original images is caused by three effects: A shift, a rotation and
an along-track scaling. The complex coherence between two SAS images is formed by [4, 13]

c =

∑
i fig

∗
i√∑

i |fi|2
∑

i |gi|2
, (1)

where |c| is the maximum likelihood estimator for coherence, arg{c} the maximum likelihood
phase difference estimate, and f and g the two SAS images (master and slave). The sum is
performed over n by m pixels in a square neighborhood. Note that this is mathematically
identical to a zero-lag two-dimensional normalized cross-correlation.

The coregistration procedure can now be formulated as follows (see Fig. 3):
1. The slave and the master image are focused in the same coordinate system
2. Moving cross-correlations (51 by 51 pixels) are estimated using the intensity images
3. A plane is fitted to the cross-correlation lag-matrix and averaging in both dimensions

produces an along-track and across-track shift
4. The estimated shifts are added to the navigation and the slave image is regenerated
5. The complex coherence (using 9 by 9 pixels) is estimated using the new complex images
6. The interferogram is averaged in both dimension to produce refined shifts
7. The refined shifts are added to the navigation and the slave image is regenerated
8. The complex coherence is re-estimated
9. The across-track trend in the interferogram is used to estimate a rotation
10. The estimated rotation is applied to the navigation and the slave image is regenerated
11. The complex coherence is re-estimated
12. The along-track trend in the interferogram is used to estimate an along-track scaling

(surge-error), or equivalently the phase-difference between the images are taken as input
to phase gradient autofocus (PGA) [12]

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 532 -



Fig. 4: The HUGIN 1000-MR AUV with the HISAS 1030 interferometric SAS.

13. The along-track scaling is applied to the navigation and the slave image is regenerated
14. The complex coherence is re-estimated
15. The interferogram is averaged in both dimension to produce final shifts
16. The final shifts are added to the navigation and the slave image is regenerated

The final shift estimation is performed since the rotation and scaling can induce small shifts
in the slave image. Note that the order of the operations is not arbitrary and that there may be
other effects which may be important. Ideally, a model containing all the three error sources
should be solved in one iteration. Also, the method should be run on sub-aperture images or
run some form of repeat-pass DPCA [8] in order to remove short-time navigation errors.

After the coregistration is performed (and also at each step in the algorithm) we estimate the
coherence. The coherence can be transformed to an equivalent signal-to-noise ratio (SNR) [4]
and is a very good measure of the coregistration performance. The single pass interferometric
coherences provide an estimate of the actual SNR of the sonar data and is a good estimate of
the upper bound of the repeat-pass SNR.

4. EXPERIMENTAL RESULTS

Fig. 4 shows the HUGIN 1000-MR autonomous underwater vehicle (AUV) during launch from
the HU Sverdrup II research vessel. The picture was taken during the scientific trial in April
2010. The vehicle is equipped with a HISAS 1030 interferometric SAS [14]. The system was
run on two repeated tracks with approximately 0.6◦ degrees difference in direction, approxi-
mately 13 minutes apart. The horizontal tracks are shown in Fig. 5. Note that the aspect ratio
is not correct – these track lines are very close to straight lines. After we employed the coregis-
tration method described in section 3, the navigation on the second pass was in average moved
23.8 cm.

We chose a patch of size 20×50 m at 100 m range for the coregistration test. Fig. 6 shows the
SAS image from the lower array of the first pass, with the corresponding single pass coherence.
The length of the synthetic aperture (into each pixel) is 25 m, equivalent to 50 pings, giving a
sidescan to SAS resolution gain of 42. The total track length in the image is 75 m, equivalent to
150 pings. We use the sample coherence magnitude with a 9×9 pixel window for the coherence
estimation in all results in this paper (as described in section 3). The image was formed using
backprojection in ground plane, the theoretical resolution is around 3 × 3 cm, and the pixel
size is 2 × 2 cm. The color scale for the coherence map is from 0.66 to 1. The slight drop in
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Fig. 5: Horizontal position of the vehicle from the first pass (blue) and the second pass before
correction (red) and after correction (green). The aspect ratio is not correct in the figure.

coherence in the upper right corner of the coherence map, is due to acoustic interference. The
area is very flat. The topographic change is only 1 m over the whole area.

Fig. 7 shows the repeat pass coherence after final coregistration, with the corresponding
estimated misregistration along-track and across-track. The coherence is very high everywhere
except in small areas that most probably have changes due to marine life. The misregistration
is estimated from the phase difference in the final coregistered repeat pass interferogram. The
average misregistration measured in pixels over the whole scene is: Along-track: mean -0.045,
std 0.062, rms 0.077; Across-track: mean -0.005, std 0.042, rms 0.042. The pixel size is
2× 2 cm, which gives a sub-pixel coregistration better than 2 mm.

Fig. 8 shows a zoom around one small area with a change probably due to marine life. The
dynamic range is 30 dB in the images, and the color scale for the coherence is 0.66 (blue) to 1
(red). The apparent size of the object that has moved is around 10× 10 cm.

Fig. 6: SAS image (upper) and coherence (lower) from single pass interferometry.
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Fig. 7: Upper: Repeat pass coherence after coregistration. Average value: 0.974, equivalent
to 15.7 dB. Middle: Along-track misregistration. Lower: Across-track misregistration.

Fig. 8: SAS image from the first (left) and last (middle) passage with the corresponding repeat
pass coherence (right). The image size is 2× 2m, and the ground range is 107.5 m. The

apparent size of the object that changes is around 10× 10 cm.
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5. SUMMARY

In this paper, we have considered coregistration of SAS images from repeated passes. We
have developed a coregistration technique that renavigates and reprocesses one of the data
sets. The method iteratively estimates shift, rotation and scaling between the images. We have
tested the method on SAS data collected by a HUGIN AUV equipped with a HISAS 1030
interferometric SAS on repeated passes over a flat sandy seafloor. We obtained an average
repeat pass coherence of 0.974. The estimated sub-pixel coregistration is within 1/10th of a
pixel in both dimensions, sufficient for any repeat pass interferometry application.
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Abstract: The system regarded is an autonomous underwater vehicle (AUV) equipped with 
an interferometric synthetic aperture sonar (InSAS). The system is being developed to 
demonstrate the future performance of autonomous systems for a variety of sea floor 
mapping applications. Besides high resolution SAS imagery, the interferometric 
capabilities of the system allow bathymetric information (i.e., seabed height fields) to be 
generated at the same time. The interferometric information is invaluable in a number of 
places, e.g., inside the SAS processing, for seabed characterization, for contextual 
awareness, for exploiting height information of discrete targets, and for providing data to 
autonomy algorithms. Since the most stringent criterion for the receiving array length, the 
required overlap of redundant phase centers to allow for accurate motion estimation, only 
applies to the primary array, the looser criterion of adequate element sampling (no gaps 
in the aperture) according to the Nyquist criterion can be assumed for the secondary 
array. The idea is to apply motion estimation results from the main array to both main and 
bathymetric array for the SAS imaging. When estimating these elevation maps, 
requirements depend on what the information is used for. Due to the existing trade-off 
between resolution and area coverage rate, in this article an alternative approach to 
InSAS that is based on unequal arrays is analysed. The InSAS results are compared to 
interferometric sidescan results. The motion estimation and compensation is known to be 
of principal importance and is even more important for the InSAS with unequal arrays. 

Keywords: Synthetic aperture sonar, detection, interferometry, mine hunting 
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1. INTRODUCTION 

This article aims to effectively extract elevation information that corresponds to the 
high-resolution sonar images generated by a synthetic aperture sonar (SAS) mounted on 
an autonomous underwater vehicle (AUV). Interferometric processing for such a system 
can be roughly categorised into two approaches, one based on two synthetic aperture sonar 
images and the other based on the sidescan images. The former potentially outperforms 
the latter, but only after a more complex scheme for motion estimation and compensation. 
The design of the interferometric system and processing will determine the trade-off 
between resolution in range, crossrange and elevation, robustness and area coverage rate 
[1].  

The sonar system under investigation, mounted on the NURC’s MUSCLE AUV, was 
designed such that the two receiving arrays have a different length and number of 
elements as shown in Fig. 1. The ‘main’ array has 36 elements, whereas the vertically 
displaced ‘bathymetric’ array has only 12. The hypothesis for this design is that it provides 
a potentially higher area coverage rate (ACR), which for a SAS is proportional to the real 
aperture length. If motion compensation and subsequent interferometry can be robustly 
applied, its ACR should be about 50% higher than a system that consists of two arrays of 
24 elements each. 

In this paper the interferometric performance of the system is analyzed on real data in 
terms of coherence maps, elevation maps and accuracy. Interferometry results based on 
sidescan images and SAS images with different motion compensation schemes are 
compared. 

Section 2 describes the approach that is used for the interferometric processing 
including the filter and phase unwrapping techniques. In Section 3 the motion 
compensation requirements are investigated for interferometric sidescan and InSAS 
separately. Section 4 shows the results of both interferometric approaches, and 
conclusions are drawn in Section 5. 

 

 
Fig.1: Diagram of the MUSCLE AUV, including geometry of the sonar arrays mounted 

on the sides of the AUV. 
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2. INTERFEROMETRIC PROCESSING APPROACH 

Interferometric sidescan sonar and InSAS can provide three dimensional images of the 
sea floor and objects on it. InSAS potentially has the best performance, because of its 
better resolution and signal-to-noise ratio. The three dimensional information is derived 
from phase differences between two sonar images generated from separate receiving 
arrays. The interferometric processing is divided into the creation of the two range-
crossrange images followed by the extraction of height information from these two. The 
sidescan processing applied here is straightforward and consists of summing the elements 
of the receiver in order to form a broadside beam for each ping. The synthetic aperture 
sonar processing is applied following [2]. Both the sidescan and the SAS images are 
demodulated with the centre frequency of 300 kHz, and contain complex pixel values. The 
interferometric processing is based on phase differences in the complex pixel values, 
which is complicated by phase ambiguities. The interferometric processing starts with 
image co-registration, which removes phase differences caused by the scene geometry [3]. 
This processing basically aligns the two images pixel-wise and removes the phase 
differences that come back from a hypothetical flat sea floor. After this step the remaining 
phase differences provide information of anything that deviates from this hypothetical flat 
sea floor such as objects or bathymetry changes. The complex cross-correlation of the two 
co-registered images is called the interferogram, the magnitude of which is the coherence. 
The phase φ for each pixel is wrapped, which means  π,π . Using the similarity in 
elevation of neighbouring pixels, phase unwrapping techniques can be applied [4].  

After testing a number of unwrapping methods including branch-cut methods, least-
squares methods and Costantini’s method, it was concluded that the best results were 
obtained with the algorithm of Costantini [5]. This method exploits the fact that the 
discrete derivatives of the unwrapped phase are estimated with possibly an error that is an 
integer multiple of 2π. This leads to formulating the phase unwrapping problem as a 
global minimization problem with integer variables: the weighted deviation between the 
estimated and the unknown discrete derivatives of the unwrapped phase is minimized, 
subject to the constraint that the two functions must differ by integer multiples of 2π. With 
this constraint, the spread of errors is prevented and the resultant unwrapped phase is 
identical to the original wrapped phase when rewrapped; in addition, the unwrapping 
results are less sensitive to slight changes of the weighting mask used. After this 
processing, the unwrapped phase ψ is obtained, which contains two contributions. These 
are the height differences and the slant range displacement. Only the first term is required 
for the bathymetry maps, and therefore the second term is subtracted from the phase, a 
method referred to as interferogram flattening. 

The interferogram can now be converted into an elevation map [6]: 
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where h is the elevation, H the altitude of the AUV, r1 the range to the main array, λ the 
centre wavelength of the signal, B the baseline and α the roll angle. If the expression is 
used directly, an elevation estimate is computed for each pixel, so the grid resolution in 
range and crossrange is the same as for the sonar images. Unfortunately, noise causes the 
estimation and unwrapping to be imperfect, which leads to an elevation accuracy that is 
typically much worse than the image grid. The elevation accuracy can be improved by 
filtering, which results in combining independent single-pixel estimates. The filtering can 
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be applied in different stages of the processing and can be applied to phase, angle or 
elevation estimates. The filter found to perform well and applied to the images in Section 
4 uses the complete interferogram, and is referred to as coherence filtering. The rationale 
of this filter is that a high coherence implies an accurate elevation estimate. It exploits this 
knowledge in a computationally inexpensive way, by considering a window of size n by n, 
with n being odd. The maximum coherence value in this window is determined and the 
best elevation estimate is now assumed to be the one from that pixel. The effective 
coherence map is assumed to consist of these maxima, which means better elevation 
estimates according to [7]. Range/crossrange resolution are traded for elevation accuracy. 

3. MOTION COMPENSATION REQUIREMENTS 

The success of interferometry strongly depends on motion compensation. Two aspects 
of motion are particularly important. The first is roll compensation. It can be seen from 
Eq. 1 that roll has a direct impact on the elevation estimates. The way to compensate for 
this time varying roll is to measure the roll and directly account for these rotations of the 
interferometric baseline, which is discussed in Section 3.1. The second aspect is coupling 
between motion compensation of the main and bathymetric array, which only comes into 
play for the case of the SAS. This coupling requirement will be discussed in Section 3.2. 

3.1. Sidescan sonar motion compensation 

In Fig. 2, the phase in the interferogram is shown for the standard example of a patch of 
sea floor just outside of the port of Marciana Marina, Elba, Italy. The example is of 
particular interest, because there is a pipeline partly elevated above the seabed. The 
MUSCLE AUV surveyed this area at several aspect angles and with sonar modes for 
which spatial (under)sampling of the SAS was different. The MUSCLE AUV has no 
stabilising wings for common reasons of hydrodynamics and handling, but has a tendency 
to lose performance in terms of roll stability. Even though the roll for this example has a 
standard deviation of below a degree, visible effects in the phase and noticeable impacts 
on the elevation map arise. It can also be seen that the roll can be compensated by a shift 
in slant range for each ping based on simple geometrical corrections and the roll sensor.  

                                       (a)                                                (b) 

 
Fig.2: Phase of an interferogram before (a) and after (b) roll compensation. 

3.2. SAS image results 
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Motion compensation is crucial for SAS processing. In order to coherently integrate the 
acoustic signals along the synthetic aperture, the positions are required to be known and 
accounted for at a fraction of the wavelength. The centre wavelength for the MUSCLE 
system is 5 mm. In general any high-frequency SAS requires some form of micro-
navigation, i.e., motion estimation based on the acoustics, to allow for coherent SAS 
integration, because other sensors do not achieve adequate accuracy. For the case of an 
InSAS, an issue may arise when the SAS processing is applied independently for the main 
and the bathymetric array. The acoustic motion estimation solution includes accumulating 
errors, which are not an issue for the SAS performance but that are an issue when coherent 
interferometry is subsequently required. Moreover, it should be noted that the micro-
navigation solution is not purely a motion estimate, but also includes sound speed 
variations and refraction.  

 
Fig.3: Coherence as a function of range and cross range for independently processed 

SAS images. 
It can be seen in Fig. 3 that the coherence is quite low except in some areas where the 

micro-navigation solution is close. Normally one would expect the solution to be close 
where the SAS image starts (along track = 0), but the co-registration shifts the whole 
image to an optimum match (which is along track dependent here). The block-wise 
approach to the micro-navigation is also clearly visible.  

                                     (a)                                                               (b) 

 
Fig.4: Motion estimation result using the displaced phase centre antenna technique: 

(a) estimated sway is depicted by solid lines for the main array and by dotted lines for the 
bathymetric array; (b) difference between the two is compared to the wavelength. 

The conclusion from Fig. 3 and Fig. 4 is that independent motion estimation and 
compensation is not adequate and an alternative approach has to be used. Since the motion 
estimates that are used for both arrays are known, it is still possible to account for the 
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damage done. However, for this SAS with unequal arrays, a different approach to the 
motion compensation was tested, using the FOCUS toolbox developed at FFI. The motion 
estimates from the main array are potentially better for the SAS performance, due to the 
larger number of overlapping elements between pings, a known crucial parameter in the 
motion estimation performance. If the motion estimates from the main array suffice for 
motion compensation on both arrays, it would enable: 

 better motion estimation, due to the larger ping-to-ping overlap, 
 perfectly aligned InSAS input, because motion compensation is from the same 

source, and 
 higher maximum speed, because the strictest sampling requirement, which is to 

create a few overlapping elements for the shorter bathymetric array, disappears. 

The test case of the pipeline at the beginning of this section results in the SAS images 
in Fig. 5a and 5b and the corresponding coherence map after applying the motion 
estimation using the motion estimates from the main array in Fig. 5c. 

                              (a)                                                             (b) 

 
                               (c)                                                                       (d) 

 

Fig.5: (a) SAS image of the test case generated with the main array and (b) with the 
bathymetric array; (c) the corresponding coherence map and (d) the bathymetry map.  

The result in Fig. 5 is promising due to the high coherence, which seems stable over the 
image. Some lower values can be found in the areas of shadow and of the pipeline itself. 
The former is explained by lack of signal. The latter is explained by the fact that the co 
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registration alignment is based mostly on the sea floor response, and therefore the highest 
part of the pipeline is not aligned (and not supposed to be). In the next section the 
interferometric processing will be applied to for input images from sidescan input. 

4. INTERFEROMETRIC SIDESCAN VERSUS INSAS 

In the test case that was described in the previous section, the AUV was running past a 
pipeline at a speed of about 1.63 m/s, which was slightly faster than intended due to the 
presence of some current. This value corresponds to an average ping-to-ping displacement 
of 231 mm, which is equal to 14 times the spacing between the phase centres. This means 
that for the case of the bathymetric array, which has 12 elements a displacement is more 
than the length of the array. Therefore, for this case the spatial sampling criterion is not 
met, let alone the more stringent criterion for overlapping phase centres that allows 
applying the displaced phase centre antenna method.  

The SAS image visible in Fig. 5b was constructed with the FOCUS toolbox using 
motion estimates from the main array applied to the bathymetric array data. The image 
quality is affected by the undersampling, which manifests itself as high sidelobes, but can 
still be considered high quality, i.e., far better than the sidescan image of the same area 
shown in Fig. 6a.  

                     (a)                                     (b)                                        (c) 

 
Fig.6: (a) Sidescan image of the test case and (b) corresponding coherence map and 

(c) bathymetry map. 
When comparing the results of Fig 6. to the results in Fig. 5, it can be concluded that it 

is certainly worthwhile and beneficial to do and rely on the SAS processing in this 
undersampled situation. Visually, there seems to be a better resolution in all directions, 
i.e., range, crossrange and elevation. When measuring the standard deviation for the 
elevation, an improvement of more than a factor 2 can be found, for ten times better 
crossrange resolution and the same range resolution. 
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Fig.7: 3D InSAS bathymetry map of the pipeline test case obtained from an 

undersampled SAS run, processed with the FOCUS Toolbox.  

Finally, Fig. 7 shows the best final bathymetry result of this experiment, a 3D image of 
the sea floor, with the pipeline sticking out. It is important to have access to this 3D 
information for obvious reasons of situational awareness, performance prediction and as 
an aid for classification. 

5. CONCLUSION 

This paper shows that it is possible to produce bathymetric imagery with a SAS system 
that consists of unequal length arrays. It is also shown that it is possible to obtain a higher 
ACR than for conventional InSAS designs. The vehicle can even be run faster than 
required by the Nyquist sampling criterion as long as undersampling does not entirely 
destroy the image produced by the shorter bathymetric array. The InSAS performance in 
such a case is far better than the equivalent interferometric sidescan performance. 
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Abstract: Side-looking synthetic aperture sonar (SAS) techniques are well-understood and many
operational systems are currently deployed. What we are proposing here is that the beam is syn-
thesized in the end-fire direction; that is, in the direction of travel. Each pulse echo is corrected
for spreading losses, stored, delayed and coherently added to the succeeding pulse(s). Various
weightings can be used to lower the grating- and side-lobe levels; however, in the scenario we
propose, the target area is confined to the forward direction in an otherwise bland environment
so equal weighting of each pulse echo is the simplest. If the projector and hydrophone are both
omni-directional, adding sufficient pulses to synthesize an array of 100λ results in a circularly
symmetric 6◦ beam width in the along-track direction. Although in its simplest form using a sin-
gle projector/hydrophone combination, bearing information relative to the track is not available,
extensions such as intensity or phase monopulse techniques using a single projector and a triad
or more of hydrophones could provide that capability.

Keywords: synthetic aperture sonar, end-fire arrays
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Fig. 1: Geometry for end-fire SAS. R0 refers to the standoff distance of the final ping and the open circles
refers to the locations of earlier pings.

1. INTRODUCTION

The factors that influence beam patterns and bore-sight direction of sonar transducers has been
well understood for many years. Basically the larger the physical aperture of the transducers,
the narrower the beam-width in the perpendicular direction. Rather than a single large radiating
transducer, many transducers are made from arrays of identical radiating elements and so the beam
pattern comprises the multiplication of the array beam pattern and the element beam pattern. If the
array is under sampled with the element spacing greater than λ/2, then grating lobes occur in some
specific directions. A judicious combination of element beam pattern and bore-sight orientation
can suppress the grating lobes leaving only the main beam capable of radiating (or receiving).

In more recent times, the concept of a synthetic aperture sonar (as opposed to a real aperture
sonar) has become common where there is only a single element that over time moves down
the track of a virtual array and the equivalent beam is synthesized from a stored sequence of
pulse echoes taken from the different positions of the single element. So far these are all side-
looking sonars where the element “looks” perpendicular to the direction of travel. More modern
SAS systems use an along-track vernier array of hydrophones to assist with the necessary motion
estimation as well as allow the sonar to travel further between pings.

However in this paper, we go back to a single physical element (comprising one projector and
one co-located hydrophone) and look at the feasibility of a different mode of synthetic aperture
operation; that is when the the beam is synthesized to look ahead (ie., end-fire) rather than look to
the side.

2. END-FIRE ARRAYS

Consider a physical array of sub-wavelength (i.e., omni-directional) receive-only elements
spaced at λ/2. If the output of the elements are all summed without time delays, the combined
beam looks out perpendicular to the array and there are beam pattern nulls along the axis of
the array; the larger the number of elements in the array, the narrower the perpendicular beam.
However if there is a sequence of electronic time delays of T/2 per element, the main beam is
steered toward end-fire and there would be a null in the perpendicular direction. Array theory
predicts that the end-fire beam is not as sharp as the side-looking summed beam but never-the-less
there is significant array gain. As an example, a receive-only array of total extent 24λ has an
approximate beamwidth of 2.4◦ perpendicular to the array and 16◦ if configured as end fire.

3. END-FIRE SAS

The standard side-looking SAS deploys a single monostatic element which flies along above
the horizontal target plane at a constant velocity looking out perpendicular to the track and at
a slight depression angle (clearly it is not an omni-directional element). The sonar pings at an
appropriate rate and the subsequent pulse echoes are stored for post processing. When sufficient
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pulse echoes have been stored, a SAS image reconstruction algorithm is applied to produce an
image related to the backscattered reflectivity of the insonified surface. With a side-looking SAS,
moving a single monostatic element along the array produces results comparable to a receive-only
array but with with half the beamwidth.

What we are suggesting here is that the monostatic sonar flies towards the target plane radiat-
ing pings at an appropriate pulse repetition rate and storing the pulse echoes for post processing.
There are obvious limitations the first being that the transducers are rotationally invariant so only
conical beams can be formed with the exception of the direct on-axis (i.e., end-fire) direction
which is a circular beam. The advantages of an end-fire SAS is that the diameter of the circular
beam can be controlled by the number of pulse echoes added coherently. If L is the length of the
array to be synthesized, the approximate -3dB beamwidth θ is given by

θ−3dB ≈ cos−1

(
1− λ

2L

)
(1)

In a similar way to a true end-fire antenna [1], there is a soft limit to the end-fire beamwidth which
means that there is little improvement to be gained by adding a large number of pulse echoes.

Table 1: The approximate end-fire
beamwidth vs L, length of the array

Length of array Approx. beamwidth
10 λ 18◦

100 λ 6◦

1000 λ 2◦

0 100 200 300 400 500
0

5

10

15

20

25

30

35

40

45

B
e

a
m

w
id

th
 i

n
 d

e
g

re
e

s

L in number of wavelengths

Fig. 2: The approximate end-fire beam-width as the synthetic array is extended.

For a long array of many pings, the positional errors in the track would need to be considered.
It is surmised that displacement errors perpendicular to the mean track would not greatly effect
the width of the main beam but result in off-axis nulls that are not as deep as theory would predict.
Additionally pings recorded at a great distance from the target would need a significant amount of
spreading loss correction with a consequential decrease of the SNR for those pings. At this stage
we are assuming a modest array of less than 100λ maybe a reasonable compromise.
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3.1. Simulated experimental results
In these simulations the sonar flies towards a extended rough target with an omni-directional

transducer pinging so that vertical samples are spaced by 50 mm. Using frequencies of 70 kHz and
90 kHz results in under-sampled synthetic arrays with a number of conical grating lobes and so
time gating is used to eliminate all but the circular beam in the end-fire direction. In a real sonar,
there would be other techniques available as well. The simulations are based on the Helmholtz-
Kirchhoff integral description of the backscattering from the target’s surface. The target’s surface
relief is sampled at 2 mm by 2 mm. Since we are only interested in near normal incidence angles,
the standard Kirchhoff approximation is used to compute the pulse echoes [2, 3, 4]. Two extended
targets are created both covering a 3m by 3m area: the first has a smooth, fine sand-like surface
with and RMS height variation of 1 mm, the second has a power-law surface having an RMS
height of 40 mm over the 3m by 3m surface with an autocorrelation lag 100 mm and a power
spectral density slope of γ2 = -3.7. In the simulated results shown in the waterfall plots Fig. 3 and
Fig. 4, L = 0.5m which is equivalent to 23λ.
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Fig. 3: Smooth target. (a)Raw pulse echoes corrected for spreading losses, (b) after appropriate
time delays inserted, (c) summed, and (d) the relative intensity of the summed pulse echo.

4. POSSIBLE EXTENSIONS

Intensity and phase monopulse techniques are often used in radar to localize an isolated target
in the forward direction [5]. By comparing the intensities of three or more receiver beams each
with a small boresight offset, a target bearing in both the vertical and horizontal can be estimated.
Although this works well for an isolated target in an otherwise bland environment, whether it
would work for multiple targets at the same range or a target immersed in strong clutter (such as
a mine on a rough seafloor) is unknown.
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Fig. 4: Rough extended target. (a) Raw pulse echoes corrected for spreading losses, (b) after
appropriate time delays inserted, (c) summed, and (d) the relative intensity of the summed pulse

echo.
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Fig. 5: Rough extended target. (a) The relative intensity of summed pulses at 70kHz, (b) and at
90kHz. The surface of the target has an identical RMS height variation and so appears rougher
at 90kHz than the same target at 70kHz. The scaling is arbitrary but the same for both figures.
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Our current simulation uses the “ stop-and-hop” scenario but a more rigorous simulation would
employ temporal Doppler effects both in transmission and in reception [6]. Pulse echoes in the
forward direction would be compressed (i.e., upshifted in frequency and the pulse envelope short-
ened). Pulse echoes in the aft direction would be dilated (i.e, downshifted in frequency and the
pulse envelope expanded in time). The temporal Doppler would have thus have the added advan-
tage of being able to discriminate between end fire beams in the forward and aft directions.

At far ranges and at high speeds, the pulse repetition period would be long enough to guarantee
conical off-axis grating lobes as significant as the on-axis (i.e., end-fire) beam. However if the
pulse length was long enough, a Doppler bandpass filter could easily reject all but the forward on-
axis beam. Of course the longer pulse-length would have a poorer range resolution but this would
not be a significant problem at long ranges. As the range shortens, the pulse repetition period and
the pulse length would decrease and the sonar would slow down. Consequently, the grating lobes
would automatically be reduced and with it, the requirements on the Doppler sensitive band-pass
filter.

One class of users that could employ end-fire SAS techniques are cetaceans. It is quite pos-
sible, but perhaps unlikely, that cetaceans employ some infinitely adjustable analogue delay line
in their brains so the most recent pulse echo received is added coherently to the appropriately de-
layed coherent sum of all past pulse echoes. This could give cetaceans increased beam sharpening
in the forward direction but only once they were in motion. It is not clear how this hypothesis
could be tested other than indirectly. If somehow it can be shown that a cetacean in motion has a
better angular resolution than given by the physical extent of their transducer, then this could be
construed as the possible use of an end-fire SAS processing.

5. CONCLUSIONS

By using synthetic aperture techniques, we can improve the on-axis beamwidth of an end-fire
sonar once it is in motion. Because only one useful beam can be synthesized, this could not be
considered an imaging sonar (in the way a side-looking SAS is considered an imaging sonar),
however, it could be a useful extra attribute to provide for an obstacle avoidance sonar. This might
be particularly useful for an AUV where space and power are at a premium and where it is critical
not to hit anything when moving forward at speed. Here in the paper, we have established a proof
of concept by simulating a moving, single omni-directional transducer used to measure a sequence
of eleven pulse echoes which after SAS processing achieve a 12◦ on-axis beamwidth at end-fire.
It is proposed that for/aft ambiguity can be resolved using temporal Doppler discrimination.
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Abstract: Synthetic aperture sonar (SAS) systems are faced with a number of competing require-
ments when forming high quality imagery of large areas of the sea floor. These include balancing
signal power, multiplicative noise, resolution, and sampling requirements to form interpretable
images with the resources available. This paper describes a method to use multiple projectors
in order to more efficiently deal with these variable requirements by intelligently adapting to the
environment of that particular survey area at that particular moment.

Radar systems frequently use multiple radiating elements on transmit, though typically to create
a powerful but narrow beam in a particular direction. This is useful for detecting targets at long
ranges, but limits resolution for strip map imaging. Current research is exploring the possibil-
ity of using multiple transmitters to provide a more flexible beampattern. Such techniques may
prove useful in the SAS application where the system is faced with stringent requirements in terms
of resolution and area coverage. Such a SAS system could be called a MIMOSAS, since it ap-
plies “multiple-inputs” to the environment in terms of multiple probing waveforms and observes
“multiple-outputs” by using more than one receiver. Ideally, these probing waveforms would be
perfectly orthogonal to one another.

Suites of perfectly orthogonal waveforms are not available in practice and can only be approxi-
mated. A brief discussion on accounting for the effects of this in realizing MIMOSAS is provided,
which will support a complete analysis of performance in a fielded SAS system.

Two MIMOSAS configurations are presented: dense MIMO and sparse MIMO. If M orthogonal
waveforms can be transmitted from multiple projectors, the dense MIMO configuration will pro-
vide an improvement by a factor of M in along-track sampling rate, which can greatly enhance
image quality in ambiguity limited geometries, while maintaining area coverage rate and cross-
range resolution. The sparse MIMO configuration can improve area coverage rate by a factor
of M while maintaining area coverage rate, cross-range resolution, and image quality. This is
accomplished with no increase in radiated power.

Keywords: MIMO, array design, area coverage rate
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1. INTRODUCTION

Synthetic aperture sonar (SAS) systems enable high resolution maps of the sea floor to be
collected with area coverage rates far higher than those available with real aperture sonar. How-
ever, for a given resolution, the area coverage rate of these systems is subject to fundamental
limitations. State-of-the-art SAS systems employ multiple receivers to overcome some of these
constraints, but these systems use a single transmitter.

Like sonar systems, radar systems have traditionally used a single element on transmit or
multiple elements transmitting correlated waveforms in a phased array configuration. Inspired by
the performance benefits observed by using independent transmit antennas for communications
using MIMO (multiple-input, multiple-output) techniques, MIMO radar has been an active area
of research since the turn of the century [1] that has generated a tremendous amount of results [2].

This paper presents a framework for understanding the implications of using a SAS system
with multiple projectors by building upon the standard practice of using multiple receive hy-
drophones. A brief discussion of the constraints limiting area coverage rate is provided with a
review of current mitigating strategies. This is followed by an analysis of a MIMOSAS (multiple-
input, multiple-output synthetic aperture sonar) system, that transmits independent waveforms
from a number of spatially diverse projectors. Results are presented for the ideal case where the
waveforms are orthogonal and comments made about the impact on performance if this is not the
case.

2. SAS AREA COVERAGE RATE, RESOLUTION, AND THE VERNIER ARRAY

A SAS system is able to map the sea floor by continuously imaging as the sensor moves
forward with a speed of v. A fundamental limit constrains the achievable cross-range resolution
and area coverage rate of such a system. Let Rswath denote the size of the range swath that is
collected. The rate at which a map is formed is described by the area coverage rate, calculated by
ACR , vRswath.

The extent of the range swath is limited by the sonar’s ability to unambiguously measure range.
Suppose that the sonar transmits pings at a rate of fp (expressed in pings per unit time). This limits
the range swath to be Rswath < (c/2) /fp, where c is the speed of sound.

Let 1/δx be the along-track sampling rate where δx , v/fp is the distance that the platform
travels between pings. Typically, along-track sampling requirements are the limiting factor for
area coverage rate, which yields an upper bound of

ACR < δx c/2 (1)

SAS systems resolve targets in cross-range by exploiting the ping-to-ping phase variation
across the imaged scene. If the along-track sampling rate is insufficient to unambiguously sample
this Doppler frequency, returns from two very different cross-range locations will have the same
phase progression. As a result, when an image is formed, undesired energy from these ambiguous
returns will appear to be at the same location as the desired return. The impact of this on image
quality is captured by computing the along-track ambiguity-to-signal ratio (AASR) [3][4], which
is a significant source of multiplicative noise in SAS imagery [5].

The along-track sampling rate must be sufficiently large to handle the Doppler bandwidth of
the illuminated scene. Consequently, the impact of these ambiguities is a strong function of the
element radiation patterns, which acts as a spatial filter. A larger element will have a narrower
beampattern that rejects returns with Doppler frequencies far from zero. If an element of length
D is used for transmit and receive, then the along-track sampling rate used in practice is typically
at least D/2.

While increasing the element size allows lower along-track sampling rates and thus provides
increased area coverage, see (1), it results in lower along-track resolution. The standard solution
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is to employ a Vernier array [6]. In this configuration, a single element is used on transmit. On
receive, an array of N elements is used. If D is the length of an element, then the effective array
length is ND. This array requires the along-track sampling rate corresponding to an element of
length ND but can still provide the cross-range resolution of an element of length D.

There are two approaches to understanding how this is accomplished.

2.1. The Vernier Array and the Virtual Array
The first approach seeks to demonstrate that the data collected by a Vernier array ofN elements

with an along-track sampling rate of 1/δx is equivalent to that collected by a single element with
an along-track sampling rate of N/δx.

First, consider a monostatic (single transmit/single receive) SAS system with element length
D that seeks to obtain D/2 along-track sampling. Since the system consists of a single receive
element, a ping must be transmitted every time the platform travels a distance of D/2, which
requires a PRF of vD/2. How can a system with multiple receivers collect equivalent data with a
lower PRF?

An array antenna can be considered as a set of pseudo-bistatic systems (the term “bistatic”
is typically reserved for systems that operate with transmitters and receivers that are separated
by great distances). In a sense, the information observed by an array antenna is the difference
in path lengths between transmit/receive pairs as a function of angle of arrival. It can be shown
that a pseudo-bistatic transmit/receive pair is equivalent to a monostatic system that is located
directly in between the bistatic transmitter and receiver. This is true in the far-field of the array
and appropriate compensation may be applied to make it accurate in the near-field.

On a single ping, the Vernier array collects multiple along-track samples. These samples are
described by the virtual array corresponding to the physical Vernier array. The virtual array is
simply the set of equivalent monostatic elements that correspond to the pseudo-bistatic elements
of the Vernier array. This is similar to the coarray described in [7].

Note that the virtual array of a Vernier array ofN elements isN times as long as the monostatic
system (M = 1, N = 1), which must transmit a ping every time it travels a distance of D/2. To
collect the same data, the Vernier array must only transmit a ping when it travels a distance of
ND/2.

The performance of a SAS system is driven by the density of along-track sampling relative to
the spatial filtering provided by the beampatterns of the hydrophones. This sampling is captured
by the corresponding virtual array of the synthetic aperture, which is the set of all virtual phase
centers for which data exists. The effective along-track sampling rate implicit in the synthetic
aperture virtual array will control the impact of azimuth ambiguities on image quality.

Note that the Vernier array relieves requirements on along-track sampling by using an effec-
tively longer array than if a single receive element were used. Clearly, using a single, long element
of length ND could accomplish the same thing, but it would come at the cost of cross-range res-
olution. It has been shown how, by using multiple receive channels, equivalent data is collected,
but more intuition into how cross-range resolution is preserved can be obtained by considering a
digital beamforming interpretation of the Vernier array.

2.2. The Vernier Array and Digital Beamforming
The hydrophone used by a SAS system faces two competing requirements. It must not be so

directional that a target does not remain in the beam long enough to provide adequate cross-range
resolution, but it must also be directional enough that it is able to reject azimuth ambiguities. Of
course, this latter requirement may be mitigated by using a high along-track sampling rate, but
this is not desirable due to the impact on area coverage.

The solution to this problem is to use to use a more flexible hydrophone, i.e., an array of hy-
drophones. In SAS, this manifests itself as a Vernier array. A larger effective receive element of
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length ND is used, but degrees-of-freedom are preserved by digitizing N spatially diverse chan-
nels. If the channels were simply summed, than a narrow beam corresponding to a hydrophone of
length ND would be formed at broadside. However, other beams may be simultaneously formed
by resteering the beam digitally. While this beamforming step is not explicitly performed in most
image formation techniques (though it is somewhat apparent in backprojection), this interpretation
provides a valuable tool for understanding the operation of a Vernier array and, as will be shown,
a MIMOSAS.

Like any filter, the receive array must be evaluated based on its ability to observe signals
arriving from a direction of interest while rejecting signals arriving from other directions. The
performance of an array of receive elements may be characterized by two gain patterns: the steered
response and the beampattern. Given an angle of interest, the steered response describes the
ability of the array to observe signals arriving from that direction when the array is steered to that
direction of interest, while the beampattern describes the ability of the array to reject targets from
other angles [8].

Let GRX (θ; θ0) be the gain of the receive array in the direction θ when it is digitally steered
to the angle θ0. The steered response evaluates this gain for the case when θ = θ0, i.e., the gain
is evaluated in the direction that the array has been digitally steered. If the array is steered to the
angle θ0, then the beampattern evaluated at θ describes how much energy is observed from this
direction θ.

For strip-map synthetic aperture imaging, the steered response controls the cross-range reso-
lution of the system. Synthetic aperture processing may only be applied over the integration angle
where a target of interest remains in the beam. The steered response describes the ability of the
SAS to observe a target at each angle. The steered response of a Vernier array is equivalent to that
of monostatic (single-transmit/single receive) SAS.

On the other hand, the beampattern describes the spatial filter that the synthetic aperture imag-
ing system applies before it collects along-track (spatial) samples. The beampattern on the Vernier
array is equivalent to the beampattern provided by N spatial samples of a monostatic SAS.

3. MIMOSAS AND THE MIMO VIRTUAL ARRAY

As previously discussed, the concept of a virtual array is useful in understanding the along-
track sampling requirements of a SAS system. Just as a virtual array corresponding to a system
using multiple receivers can be determined, this analysis may be extended to the case when mul-
tiple transmitters are employed.

Recall that by simply increasing the size of the receive element, the virtual array for a single
ping is unaltered. It is only by digitizing spatially diverse channels distributed along the receive
aperture that elements are added to the virtual array. Similarly, if a number of transmitters emit the
same waveform, no transmit diversity is provided. Since each transmitter uses the same waveform,
on receive it is impossible to differentiate the contribution from each transmitter and any transmit
degrees-of-freedom are lost.

Now, suppose that the sonar has multiple projectors and that each is capable of transmitting a
waveform that is orthogonal to all of the others. (Of course, perfectly orthogonal waveforms with
finite time-frequency support do not exist, but the impact of this will be addressed in subsequent
sections.) Since the transmitted signals were orthogonal, the receiver is able to process the con-
tribution of each transmitter independently. This is possible because, by applying a filter matched
to a particular transmitted waveform, the contribution of other transmitted waveforms is removed
due to their orthogonality.

Just as the Vernier virtual array consisted of all of the virtual phase centers generated by
the single transmitter and each receiver, the MIMO virtual array consists of those generated by
each transmitter and each receiver pairwise. In general, if M projectors (using M orthogonal
waveforms) are used and N receiver channels are used, then the number of virtual phase centers
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Fig. 1: Examples of physical arrays and corresponding virtual arrays. For the three configurations
presented, the physical elements are denoted as circles where “T”’ indicates that the element is
a transmitter and “R” indicates that it is a receiver. Below the physical array, the phase centers
of the virtual array are shown. The color of the “T” and corresponding virtual phase centers
indicate the transmission of a waveform that is orthogonal to that of another color.

will be MN , however, some of these may not be distinct depending on the array topology.
Two MIMO array configurations suggest themselves as being useful to a SAS system: a dense

MIMO array that seeks to improve the density of along-track samples and a sparse MIMO ar-
ray that allows a slower along-track sampling rate than the corresponding Vernier array. These
configurations and their corresponding virtual arrays are presented in Fig. 1.

The properties of the virtual arrays for these designs are given in Table 1. Note that the Vernier
array is a special case of either a dense MIMO array or a sparse MIMO array. The results in the
table for the MIMO configurations coincide with the Vernier array when M = 1.

It will be demonstrated how, for the same PRF and cross-range resolution, the dense MIMO
configuration using M projectors provides an increase in the spatial sampling rate by a factor of
M . Similarly, the sparse MIMO configuration using M projectors can provide an area coverage
rate that is increased by a factor of M while preserving cross-range resolution.

Configuration Length Spacing

Vernier Array ND/2 D/2
Dense MIMO ND/2 D/(2M)
Sparse MIMO MND/2 D/2

Table 1: Properties of the virtual arrays.
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3.1. The Dense MIMO Array
Consider a receive array that consists of N receive elements that are of length D and spaced at

an interval ofD so that the receive array is contiguous. The SAS system usesM transmit elements
that are spaced by D/M . The corresponding virtual array is sampled at an interval of 1/M×D/2.
Note that the effective length of the dense MIMO array is the same as the corresponding Vernier
array. However, a higher along-track sampling rate can be achieved by the dense MIMO array if
it uses the same PRF as the Vernier array.

3.2. The Sparse MIMO Array
Once again, begin with a Vernier array of N elements. Now, distribute the M transmitters

such that there is a separation ofND between transmit elements. In this case, the spacing between
virtual phase centers is D/2, as in the Vernier array case, but the resulting virtual array is M times
as long as that of the Vernier array. This allows the sparse MIMO array to use a PRF that is M
times lower than the Vernier array case, which provides a commensurate increase in area coverage
rate. This configuration is called a Nyquist array in [9], since it is critically sampled in the spatial
sense.

4. MIMO BEAMFORMING

In the previous section, it has been demonstrated that through the use of multiple transmitters
the performance of a SAS system may be improved. This was argued based on a study of the
virtual array and under the assumption that the sonar was capable of transmitting multiple, per-
fectly orthogonal waveforms. Further insight into this and how a MIMOSAS is able to employ a
larger effective transmit aperture without compromising cross-range resolution can be gained by
extending the analysis of receive beamforming for a Vernier array to the case of a MIMOSAS that
is able to resteer its effective transmit beam. This will also provide a methodology for analyzing
waveforms that may not be perfectly orthogonal but that have arbitrary correlation properties.

4.1. Signal Model
Consider a sonar system that uses M elements on transmit and N elements on receive. For

a particular ping, the signal transmitted by element m is denoted φm (t). The set of transmitted
signals may be written as a (column) vector.

φ (t) ,
(
φ1 (t) . . . φM (t)

)T (2)

Each of these M transmitted waveforms will reflect off of scatterers in the scene and the echoes
will observed by each of the N receivers.

For a particular wavelength and for a particular angle of interest θ, we can form the correspond-
ing steering vector. We will need two steering vectors: the length-M transmit steering vector a (θ)
and the length-N receive steering vector, b (θ). Assume that each element of the steering vectors
is unit-magnitude.

We now seek a model for the data observed from a single point target. Let θ be the angle
between the array and the target. Each receive element will observe echoes from each of the
transmitted signals. The data observed by all of the receivers may be written by grouping the data
so that each element of a column vector corresponds to a receive hydrophone. The signal observed
by a MIMO sonar due to a target at an angle θ is then

y (t; θ) =
√
γeiψb (θ) a (θ)Tφ (t) + η (t) (3)

where η (t) is receiver noise, which is assumed, for clarity, to have an identity spatial covariance
matrix.
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In order to resolve targets in range, a bank of filters matched to each transmitted waveform
{φm (t)} is applied to to the data. The result of this processing, at the range bin of interest, is the
M ×N matrix written

Z (θ) ,
∫ ∞
−∞

y (t; θ)φ (t)H dt

=
√
γeiψA (θ)Rφ + E

(4)

where we have defined the N ×M MIMO channel matrix A by

A (θ) , b (θ) a (θ)T , (5)

E is the receiver noise after matched filtering, and Rφ is the M ×M correlation matrix of the
transmitted signals, given by

R ,
∫ ∞
−∞

φ (t)φ (t)H dt (6)

The integral of the matrix is computed element-wise. Each element of this matrix describes the
correlation between two of the transmitted waveforms. As will be discussed later, it is this matrix
that characterizes the performance attributes of a MIMO sonar. If the sonar transmits orthogonal
waveforms, then the MIMO signal correlation matrix is an identity matrix (Rφ = I).

The data matrix Z given in (4) is N×M . This may be vectorized by stacking columns with
the Vec {·} operator, which yields

z (θ) =
√
γeiψ s (θ) + e (7)

where e , Vec {E} and where we have defined the MIMO steering vector, s (θ), for an angle θ in
terms of the MIMO steering matrix A (θ) by

s (θ) ,
(
RT
φ ⊗ IN

)
Vec {A (θ)} (8)

and the covariance matrix of the resulting noise vector is

Re = RT
φ ⊗ IN (9)

The operator ⊗ is the Kronecker product, which is often encountered when vectorizing matrix
products.

4.2. Spatial Beamforming
A model has been developed, given in (7), that describes the characteristics of the signal

observed by a MIMO sonar due to a target at a particular angle, θ. This can be used to construct a
spatial beamformer that selects signals that are propagating from a direction of interest, θ0, while
attempting to reject signals arriving from other angles. Let the vector w (θ0) be the spatial weights,
and let λ be the output of the beamformer when a signal from θ is observed. This output may be
written λ , w (θ0)

H z (θ).
The goal is to choose a set of spatial weights w that maximizes the output signal-to-noise

ratio. It is well known that these optimal weights, w (θ0), satisfy the equation Rew (θ0) = s (θ0)
where the noise covariance matrix, Re, and the MIMO steering vector, s, were given in (9) and
(8), respectively. If it is assumed that Re is full-rank, then the spatial weights to steer a beam in
the direction θ0 are given by w (θ0) = Vec {A (θ0)}.

If it is assumed that all of the transmit elements and all of the receive elements of a MIMO
array are identical, then the gain of the MIMO sonar is

G (θ; θ0) =

ETX (θ)

∣∣∣a (θ0)HRT
φa (θ)

∣∣∣2
a (θ0)

HRT
φa (θ0)


︸ ︷︷ ︸

Transmit Gain

ERX (θ)

∣∣∣b (θ0)
H b (θ)

∣∣∣2
N


︸ ︷︷ ︸

Receive Gain

(10)
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Fig. 2: MIMO beampatterns.

where ETX (θ) and ERX (θ) are the gains of the transmit and receive elements, respectively. Note
that the transmit gain is strongly dependent on the signal correlation matrix, Rφ.

4.3. MIMOSAS and Vernier Array Beampatterns
Using the formulation for gain developed in (10), beampatterns for the Vernier array, dense

MIMO, and sparse MIMO may be compared. The results are presented in Fig. 2.
Note that the steered response is identical for each configuration, which means that each is

capable of achieving the same cross-range resolution. In fact, the steered response, is identical to
the product of the transmit and receive element beampatterns. By comparing this to the Vernier
array beampattern, it can be seen that on a single ping, the Vernier array can apply a more effective
spatial filter than a monostatic system (single-transmit,single-receive), which must use N pings to
achieve the same effect.

Also, compared to the Vernier array, the dense MIMO configuration has better sidelobe per-
formance, which implies that for each ping that the dense MIMO configuration will introduce less
ambiguous energy and will provide superior AASR performance than a Vernier array with the
same area coverage rate.

Just as using the multiple receive channels in a Vernier array provides a superior spatial filter
than a monostatic system would with a single ping, the sparse MIMO configuration adds multiple
transmitters to provide a further improvement in the area coverage rate.

These results were predicted by analysis of virtual arrays in the preceding section.

5. CONCLUSIONS

An analysis of a SAS system using multiple transmitters has been presented. Just as the Vernier
array configuration common to most SAS systems uses multiple spatial channels on receive to
increase area coverage rate, a MIMOSAS system adds multiple spatial channels on transmit to
provide even more substantial performance gains. A Vernier array using N receive channels is
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able to effectively collect N times as much data per ping, while a MIMOSAS with M transmit
channels and and the same receive array potentially capture M×N as much data.

Two MIMOSAS configurations were proposed. By using M transmit elements that emit or-
thogonal waveforms, the dense MIMO configuration allows the effective along-track sampling
rate to be increased by a factor of M relative to a Vernier array with the same area coverage rate
and the same cross-range resolution. The sparse MIMO configuration allows the area coverage
rate to be increased by a factor of M relative to a Vernier array with the same azimuth ambiguity-
to-signal ratio and cross-range resolution. Note that the MIMOSAS and comparable Vernier array
transmit the same amount of power.

It is important to note that while M orthogonal waveforms are necessary to achieve these full
factor of M improvements, performance benefits can also be gained by using “nearly” orthog-
onal waveforms. The framework established in this paper provides the tools for analyzing the
performance characteristics of a MIMOSAS system given its MIMO signal correlation matrix.

Indeed, a key challenge to the realization of a MIMOSAS system is the generation of quasi-
orthogonal waveforms. Since a suite of waveforms can never be mutually orthogonal for all
delays, the transmission of multiple waveforms will undoubtedly degrade the integrated sidelobe
ratio (ISLR) of the SAS system. Detailed analysis must weigh the benefit, for example, of de-
creasing ASR at the cost of increasing ISLR. Still, a MIMOSAS system will be able to exploit
this tradespace more effectively than a system with a single transmit element.

ACKNOWLEDGEMENTS

The authors gratefully acknowledge Dr. Greg Showman of the Georgia Tech Research Institute
for providing valuable insight and comments during the preparation of this manuscript.

REFERENCES

[1] D.W. Bliss and K.W. Forsythe. MIMO radar and imaging: Degrees of freedom and resolution.
In Conference Record of the Thirty-Seventh Asilomar Conference on Signals, Systems and
Computers, 2003., volume 1, pages 54–59, November 2003.

[2] J. Li and P. Stoica. MIMO Radar Signal Processing. Wiley-IEEE Press, 2008.

[3] J. G. Mehlis. Synthetic aperture radar range-azimuth ambiguity design and constraints. In
IEEE International Radar Conference, pages 143–152, 1980.

[4] D.W. Hawkins. Synthetic aperture imaging algorithms with applications to wideband sonar.
PhD thesis, University of Canterbury, Christchurch, New Zealand, 1996.

[5] D.A. Cook and D.C. Brown. Analysis of shadow contrast for synthetic aperture sonar imagery.
In Proceedings of the Institute of Acoustics International Conference on Synthetic Aperture
Sonar and Synthetic Aperture Radar 2010, September 2010.

[6] W.E. Kock. Extending the maximum range of synthetic aperture (hologram) systems. Pro-
ceedings of the IEEE, 60(11):1459 – 1460, November 1972.

[7] R.T. Hoctor and S.A. Kassam. The unifying role of the coarray in aperture synthesis for
coherent and incoherent imaging. Proceedings of the IEEE, 78(4):735 – 752, April 1990.

[8] D.H. Johnson and D.E. Dudgeon. Array Signal Processing: Concepts and Techniques.
Prentice-Hall, 1993.

[9] K.W. Forsythe and D.W. Bliss. MIMO radar waveform constraints for GMTI. IEEE Journal
of Selected Topics in Signal Processing, 4(1):21 –32, February 2010.

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 559 -



 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 560 -



SAS BEAMFORMING THROUGH A VERTICAL
SOUND SPEED PROFILE

Hayden J. Callowa, Torstein O. Sæbøa, Stig A. V. Synnesa, Roy E. Hansena

aNorwegian Defence Research Establishment (FFI), P O Box 25, NO-2027 Kjeller, Norway

Contact author: Hayden J. Callow
Kongsberg Maritime, P.O.Box 111, NO-3191 Horten, Norway
E-mail: hayden.callow@gmail.com

Abstract: Synthetic aperture sonar (SAS) processing coherently combines echoes from multi-
ple pings in order to improve image resolution. The processing depends on accurately mapping
echo delay-time to range, this requires accurate knowledge of the medium sound speed. How-
ever, typical SAS beamformers assume that the medium has a constant sound speed. The errors
in assuming a constant sound speed depend on the type of sound speed variations encountered.
Some work has been done on a constant, geometry-independent errors. Typically this type of
error causes a simple blurring in imagery and is relatively straightforward to remove through
autofocus methods. Coastal waters often exhibit strong sound speed variation through the
water column, we have experienced relative-height errors of up to 8 meters in SAS-estimated
bathymetry before correcting for acoustic refraction. This work addresses SAS processing in-
volving bathymetry, sloping terrain and non-straight apertures. In particular, we propose im-
proving sound speed compensating for the effects of acoustic refraction in the vertical direction.
We compare use of sound speed at the transducer face, averaged vertical-profile sound speed,
and average sound speed along the refracted ray path. In addition, we investigate whether
relative height estimates should be refraction corrected before use in a SAS beamformer. Fi-
nally, we propose a beamforming technique that compensates for refraction effects across the
aperture. Tests were performed both upon simulated data and upon data collected using FFI’s
newly acquired HISAS 1030 SAS during a Norwegian spring season showing strong vertical
sound speed profiles. We found that using improved sound speed models and raytracing is nec-
essary to obtain full resolution SAS imagery in these conditions when large vertical motions
are present over the synthetic aperture.

Keywords: Synthetic aperture sonar, SAS, sound speed profile, raytracing, medium fluctua-
tions, defocus
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Fig. 1: Effect of medium refraction on apparent geometry. Ray bending causes targets to
appear at incorrect heights.

1. INTRODUCTION

Medium sound speed fluctuations have always been a topic of discussion in the SAS imaging
literature. When the medium was found to be sufficiently phase coherent to support SAS imag-
ing, over 30 seconds or more [1], it was assumed that autofocus techniques could remove any
residual fluctuation-induced image artifacts. At this point, most other work assumed a stable
medium and went from there.

The effects of vertical sound speed profiles have been largely neglected in the SAS liter-
ature to date. Rolt and Schmidt [2] noted that there are two major domains where vertical
sound speed profiles will have an effect: deep sea imaging from the surface, and shallow water
mine-countermeasures. In addition, buried-object SAS will have to contend with significant
refraction effects [3]. We find that traditional assumptions about SAS motion compensation
and sound speed profiles are incorrect and improved models should be used for high resolution
SAS systems. We build on the work presented in [2] by providing a sensitivity analysis and
providing workable solutions for high-resolution beamformers.

In this paper we study the effects of vertical sound speed profiles on shallow-water high-
resolution SAS imaging with a sonar operating at 100 kHz. Background information regarding
refraction effects is discussed in section 2 where we describe the effects a profile has on height
estimation and aperture phase. We describe our solution via beamformer adjustments in section
3. We present our experimental results in section 4 and discuss our findings in section 5.

2. EFFECT OF VERTICAL SOUND SPEED PROFILES

The first and most obvious error that SAS processing chains suffer, is caused by using an
inaccurate average sound speed. This effect has been described in [4, 5] and tends to cause a
defocus that autofocus techniques can readily repair. Previous work has found that using the
average vertical integrated sound speed is preferable to using sound speed at the platform [4].
We discuss improved methods in the following sections.

Refraction (ray bending) causes the acoustic raypath to undergo bending following Snell’s
law [6, page 123][7, Chapter 6.2]. Figure 1 illustrates the effect. As the acoustic rays follow a
curved path to the sea-floor, the direction of arrival and direction to the imaged sea-floor. This
in turn causes interferometric height estimates to be incorrect.
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Fig. 2: Refraction effects in SAS data collection whilst moving through the vertical profile.
Different positions along the synthetic aperture see different refraction ray-paths and have

different average sound speeds. This causes phases errors across the aperture and associated
defocus.

When using interferometric SAS for mapping purposes, these height-errors should be ray-
path corrected to obtain useful relative-height estimates. Furthermore, SAS focusing depends
on correct (relative) height estimates to form sharp images whenever the platform deviates
from a straight-track [8]. To the authors knowledge, no current SAS literature describes how
this could be performed in the presence of ray-bending. Previously, we have believed that non-
raypath corrected heights should be used. As we show later in section 3 this assumption is
incorrect and more complicated models are required.

When the platform track does not travel at a constant depth, even when the platform track is
linear, different average sound speeds at different aperture positions cause significant defocus
when using a single average sound speed for imaging. In the case illustrated in Fig. 2, a vehicle
at the surface at the start of the synthetic aperture, it observes a sound speed of 1500 m/s.
For the end of the synthetic aperture at 10 m depth, the sound speed is 1510 m/s. Due to the
varying sound speed across the aperture, the acoustic travel-time to the target will vary. Failing
to account for this effect will cause defocus. For vertical movements of around ± 1 m in the
profile shown in Fig. 2 and a target directly under the sonar at 20 m depth, the range error is
approximately

δr =

∣∣∣∣(20

c1
− 20

c0

)
c1

∣∣∣∣ , c1 = 1509.5 c0 = 1510.5

= 0.013m
(1)

or about 2λ for two way propagation. This error magnitude is much larger than those associ-
ated with approximations in wide-beam Fourier-domain beamformer implementations [9] and
certainly outside the usually quoted constraint of λ

16
. Furthermore, a higher order effect is also

apparent. Due to the varying ray-paths, the target will have different apparent heights for dif-
ferent aperture locations and bathymetric estimates are thus affected. Only by applying full
refraction correction inside the SAS beamformer will we be able to correctly focus the target.
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Fig. 3: Measured sound speed profiles used in the tests. Left: sound speed profile from April
1st 2011 outside of Horten, Norway. (Note that apparent SSP error around 175-180 m has no

effect on this dataset). Right: modified sound speed profile from April 23rd 2011 outside of
Horten used for simulation. (+37 m/s added such that surface sound speed is 1500 m/s and

first 15 m of profile set to 1500 m/s.)

3. SAS BEAMFORMING

For the SAS beamforming used in this paper we use a fairly standard time-domain interpolation
beamformer where the image, f(x, y) is formed from echo data via

f(x, y) =

∫
aperture

w(θ(u, x, y))p
(
r(u)
c

)
exp

(
j2πfc

r(u)

c

)
du, (2)

where w() is an aperture weighting function designed to obtain -50 dB sidelobes, p() is the
base-banded echo data, fc the sonar center frequency, c the nominal sound speed and r(u) is
the expected two-way range to the pixel x, y, z(x, y) for a given aperture position u.

In order to account for improved modeling of vertical sound speed profiles we build out the
model in equation (2). Thus we form the image instead with a beamformer of type

f(x, y) =

∫
aperture

w(θ(u, x, y))p
(
r(u)
c(u)

)
exp

(
j2πfc

r(u)

c(u)

)
du, (3)

where the sound speed c(u) varies with aperture position, and we allow the topography used
for calculating of r(u) to vary with u, z(x, y, u).

We implemented a raytracer based on [7, Chapter 6.2], giving the analytic solution for piece-
wise linear gradient sound speed profiles, and calculated c(u) and z(x, y, u) such that

c(u) =
τstraight(u)c

τray(u)
, (4)

where τstraight(u) and τray(u) are the straight-line and raytraced two-way time of flights respec-
tively and are calculated from curved ray-range and sound speed such that r(u) = c(u)τ(u).

We tested the implementation of the improved beamformer though simulation in our time-
domain simulator framework. The simulated scene contains a grid of reflectors at 30 m depth
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Fig. 4: Platform motion for the experimental results. Left: estimated AUV motion obtained
from output of SAS micronavigation routines. Seafloor is at approximately 54 m depth. Right:

simulated platform motion. Flat sea-floor was simulated at 20 m depth.

Fig. 5: Simulation results with and without sound speed profile in simulator for motion in
Fig. 4 Left: reference reconstructed image using flat profile. Right: Sound-speed profile from

Fig. 3(b) used in simulation but vehicle sound speed used for reconstruction.

and 90 m range. We applied the vertical sound speed profile shown in Fig. 3(a) and used the
platform motion shown in Fig. 4 as inputs to a iterative raytracer. The raytracer used calculated
the full curved-path time-of-flight for the transmitter and each receiver element at every ping
and for every pixel in the simulated scene down to the scene depth at 30 m. Results of the
simulation tests are shown in Fig. 5 and in Fig. 6. Fig. 5 shows the effect that moving ±1 m

Fig. 6: Simluation results for simulated profile in Fig. 3(b) and platform motion in Fig. 4 with
raytracing used inside the SAS beamformer. Left: Sound-speed profile from Fig. 3(b) corrected
by using c(u) and z(x, y, u) adjusted ping-by-ping according to raytracer refraction estimate.

Right: Only sound speed, c(u), changed ping-by-ping via raytracer prediction.
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Fig. 7: Scene of interest, normalised to peak intensity. Object is an unidentified cylinder-like
target lying upon a sea-floor consisting of sand and plant material. Note that the along-track
region of the image at 20-25m is formed using only a partial synthetic aperture and thus has

varying image resolution and intensity.

in a strong vertically varying sound speed profile can have on SAS imagery. Fig. 6 shows the
resulting improvements when when incorporating sound speed and topography compensation
using a raytracer. Motions of this size and profiles with this amount of variation are both rare,
but the large amount of degradation evident in Fig. 6 suggests that raytracer correction may be
a valuable addition to common SAS beamformers. In addition, it is apparent that topography
should not be adjusted ping-by-ping as the second image where only c(u) is compensated for
is better.

4. EXPERIMENTAL DATA

In order to test the simulation we use data collected with FFI’s new HISAS 1030 SAS on April
1st 2011 in Oslo fjord just off the coast of Horten. As the data were collected during the
early Norwegian spring there was a very cold fresh water layer sitting upon warmer and saltier
waters. This caused a significant vertical sound speed profile with strongly upward ray-bending
properties. The measured sound speed profiles may be seen in Fig. 3. Figure 7 shows a SAS
image of an object of interest at approximately 50 m depth. The image was collected with the
imaging platform in a constant dive following the local topography. Thus during the synthetic
aperture a 6 m vertical distance was covered causing a sound speed difference from start to
end of the aperture of approximately 2 m/s. For this SAS image the average sound speed for
the survey line was used for all imaging stages as suggested by [4]. The object in the scene
is unidentified but presumed to be a cylinder of approximately 2 m in length and 0.4 m radius.
The sea-floor in the region is formed by a sloping hard-packed sand with plant cover. The local
sea-floor slope is about 10 degrees and is in the along-track direction in the image.
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Fig. 8: Raytracing compensated beamforming. Top: delay and sum beamformer using
average vertical sound speed. Bottom: beamformer using raytracer-predicted sound speed

and sea-floor bathymetry. Values adjusted as function of aperture position.

We performed a similar analysis to that discussed earlier in the simulation tests. Beamformer
parameters were allowed to vary according to local geometry ping-by-ping. We used the scene
center as the raytracer reference point. Results are shown in Fig. 8 which shows a close up
of the object in the centre of the scene. Next, we repeated the SAS imaging while adopting
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the estimated sound speed and local topography along the synthetic aperture. The values were
obtained by raytracing to the centre of the scene for each sensor position. In Fig. 8 we show
close ups of the object generated with both the original sound speed compensation and the new
improved method. We believe there is a significant improvement in both the sharpness of object
edges and background contrast when using the new method. This is consistent with improved
image resolution. In contrast to the simulation results, the image improvements are larger when
using ping-by-ping estimation of topographic changes. We believe this effect to be due using
an inaccurate sound speed in the bathymetric estimation code.

5. SUMMARY AND FUTURE WORK

We have shown, via simulation and experimentally collected data, that improved sound speed
compensation are necessary to get full SAS performance when operating in regions with strong
vertical sound speed profiles.

Future work will focus on the effects of sound speed profiles throughout the full SAS pro-
cessing chain, both in interferometry and micronavigation. We also will attempt to derive a
sonar-independent sensitivity metric for the image degradation caused by vertical sound speed
profiles. In addition, better mathematical modeling will be undertaken to ensure correct target
positioning.
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Abstract: Low-frequency, wide-bandwidth Synthetic Aperture Sonar (SAS) systems are be-
ing considered by the mine countermeasures community because of their ability to image
the internal structure of mines with sufficient resolution to provide improved detection and
classification. SAS systems typically operate with a bandwidth to center frequency ratio
less than 0.5, and these systems produce imagery with fully developed speckle which has a
Rayleigh distributed amplitude. In this paper, we show through numerical simulations that
the speckle can become partially developed as the bandwidth to center frequency ratio is
increased to values near the theoretical limit of two. As it is very difficult in practice to
achieve a bandwidth to center frequency ratio near two, most practical SAS systems will
have speckle that is fully developed. [This work has been made possible by the Exploratory
and Foundational Program, Applied Research Laboratory, Penn State, and ONR Grants
N00014-10-1-0051 and N00014-10-1-0047]
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1. INTRODUCTION

The modern theory of speckle was developed in the 1960s and 1970s to address scintil-
lation observed in the scattering of lasers from optically rough surfaces. At any point on the
surface, the observed amplitude was determined to be due to the coherent combination of
many returns scattered by the surface microstructure [1]. Most surfaces are extremely rough
on the scale of optical wavelengths, and this allows the combined returns from the structure
to vary between completely constructive and destructive interference. This variation due to
the scatterer microstructure is called speckle.

A synthetic aperture sonar (SAS) image is formed through the processing of coherently
scattered returns from the sea floor. For current imaging SAS systems the sea floor consti-
tutes a rough surface and the resulting images are speckled. Speckle appears in imagery as
a high frequency spatial modulation of the underlying bottom scattering cross section. An
example of this modulation is shown in Fig. 1 for a high frequency SAS. In this figure, a
bottom of spatially uniform scattering strength has been simulated. The resulting variations
in pixel amplitude are due solely to the coherent combination of scatterers within each res-
olution cell. The high frequency spatial modulation introduced by speckle has a negative
impact on the interpretation of SAS imagery. A number of techniques, which generally re-
duce image resolution, have been explored to suppress speckle [2], [3]. Automated Target
Recognition algorithms that seek to segment the returns from a target for the purpose using
geometric information for classification generally employ some type of speckle reduction
prior to target segmentation [4].
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Figure 1: This oversampled image of a simulated bottom with spatially uniform
scattering strength exhibits strong amplitude variations due to speckle.

The development of the statistical theory of speckle predicts that for a sufficiently rough
surface pixel amplitudes will be Rayleigh distributed [5]. In this paper we address the issue
of “sufficiently” rough. For SAS systems where the ratio of bandwidth to center frequency is
greater than 0.5, the theoretical bounds of a resolution cell will be smaller than a wavelength.
Qualitatively, one might assume this represents a transition point between the regimes of
rough and smooth surface scattering. In this analysis, we find that this is not the case. The
actual extent of the scattering that contributes to any given resolution cell is determined by
the system impulse response, and this extent is greater than that delimited by the bounds of
the theoretical resolution cell.
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2. SPECKLE IN SAS IMAGERY

Speckle originates in imagery from the spatial distribution of scattering centers within
the system impulse response function for a given resolution cell. For imaging near normal
incidence, it is the variation in the height of the surface from the mean that produces speckle.
SAS systems typically operate near grazing incidence with the majority of their imaging
swath below 20◦ grazing angle. In this geometry, it is not the variability of the surface height
that produces speckle. Instead, it is the range extent of the resolution cell that provide the
spatial distribution of the scatterers. For clarity, we do not account for any foreshortening of
the resolution cell due to the grazing angle; however, this would not appreciable complicate
the approach defined here.

The response of a pixel located at a range x and along track position y is

p̂(x, y) =

∫∫
a(x, y)f(x, y)ej2kxdxdy, (1)

where a(x, y) is the amplitude of the system impulse response, f(x, y) is the scattering
strength of the scene, and k is the wavenumber. The impulse response of the pixel at (x, y) is
found by substituting a delta function centered at the origin for the scattering strength. Since
we are interested in the phase of the output pixel we can reduce this to a one dimensional
problem in range. Now the pixel impluse response is given as

p̂(x) = sinc
(
π

2Bw

c
x
)
ej2kx, (2)

where a(x) = sinc(x) ≡ sinx
x

assumes a uniform spectral weighting. Defining a normalized
range,

χ ≡ x

δx
=

2Bwx

c
(3)

where δx is the approximate range resolution, we can express Eq. 2 as

p̂(x) = sinc(πχ)ej
2π
α
χ. (4)

2.1. Numerical Speckle Modeling

Eq. 4 provides the basis for a numerical study of the statistics of speckle in SAS imagery.
If we assume N point scatterers distributed in χ, the complex pixel value is given by

Â =
1

N

N∑
n=1

p̂(χn) =
1

N

N∑
n=1

ane
jφn , (5)

where in the case of Eq. 4, an = sinc(πχn). Evaluating Eq. 5, for some number of N
uniformly spatially distributed scatters will give a single realization of Â for a given α and a.
This was accomplished with three hundred scatterers uniformly distributed over the interval
−20 ≤ χ ≤ 20. One hundred thousand realizations of the uniform scatterer distribution are
then evaluated to provide a statistically significant population for Â.

The scintillation index, which is the intensity variance normalized by the mean square
intensity, is a useful measure of the Rayleighness of scattering [6]. A scintillation index
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Figure 2: For the realistic responses generated by the uniform spectral weighting
(sinc), and the Taylor window the scintillation index stays near one for most values

of α. The boxcar approximation fails to appropriately capture the effect.

greater than one implies the scattering will be more heavy tailed than Rayleigh. Likewise a
scintillation index less than one indicates a distribution that is lighter tailed than Rayleigh.
In Fig. 2 the scintillation index is plotted for three simulated windowing functions. The
uniform spectral window, which would give the a(χn) = sinc(πχn) response, and the Taylor
window, with n = 5 and SLL = -35 dB, are representative of windows used in both SAS and
SAR systems [7]. The third window assumes an ideal boxcar spatial response, where the
width of the boxcar is equivalent to the half-power width of the sinc response. This is non-
physical; however, it is representative of the assumption that the roughness that produces
speckle is due to scatterers located within the theoretical bounds of a resolution cell.

2.2. Analytic Speckle Modeling

Development of an analytic model for speckle begins with Eq. 5 which can be separated
into its real and imaginary parts

Â =
1

N

N∑
n=1

ane
jφn = R+ jI =

1

N

N∑
n=1

an cos(φn) + j
1

N

N∑
n=1

an sin(φn). (6)

where an and φn are the amplitude and phase of the nth component phasor, respectively.
Again restricting the analysis to the range dimension as in Section 2.1, we can write

an(x) = F−1
kx
{A(kx)} (7)

φn(x) = 2kx, (8)

where F−1
kx

is the inverse spatial Fourier transform, A(kx) is the spectral apodization func-
tion along the range dimension, and k is the wavenumber at the sonar center frequency.
Since an and φn are not statistically independent many of the standard approaches [8] to
estimating the statistics of the amplitude of a random phasor sum cannot be used. However,
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if the ideal boxcar is assumed for the amplitude response

an(x) = 1, − ηδx
2
≤ x ≤ η

δx
2

(9)

= 0, otherwise. (10)

Then the amplitude and phase are now independent over the boxcar’s interval. In Eq. 9
η is the 3-dB bandwidth factor of the spectral apodization function (0.89 for rectangular
apodization and 1.32 for a Taylor window with n=5 and SLL = -35 dB [7]).

If φ(x) is not uniformly distributed over 2π and N is large enough for the central limit
theorem to apply, then the approach for a random phasor sum with a non-uniform phase
distribution presented in Goodman can be used [9]. In this case, a closed form solution
does not exist for probability density function of |Â| [5]. Instead we calculate the mean and
variance of the real and imaginary part of Â. Combining (6) and (9) yield the following for
the mean values

R =
1

N

N∑
n=1

cosφn (11)

I =
1

N

N∑
n=1

sinφn. (12)

The variance of the real and imaginary parts are given by

σ2
R = R2 −R2

=
1

N2

N∑
m=1

N∑
n=1

cosφm cosφn −R
2

(13)

σ2
I = I2 − I2

=
1

N2

N∑
m=1

N∑
n=1

sinφm sinφn − I
2
. (14)

Expressions for the expected value for the trigonometric terms in (11)-(14) can be found by
using the characteristic function of φ

Mφ(ω) = E{ejωφ} (15)

and Euler’s identities. For example,

cosφn =
E{ejφ}+ E{e−jφ}

2
=

1

2
[Mφ(1) + Mφ(−1)] (16)

sinφn =
E{ejφ} − E{e−jφ}

2j
=

1

2j
[Mφ(1)−Mφ(−1)] (17)

The expected value of the products of the trigonometric terms can be found using the same
approach. They are

cosφm cosφn =
1

4

[
2Mφ(1)Mφ(−1) + Mφ(1)2 + Mφ(−1)2

]
m 6= n (18)

=
1

4

[
2 + Mφ(2) + Mφ(−2)

]
m = n (19)

sinφm sinφn =
1

4

[
2Mφ(1)Mφ(−1)−Mφ(1)2 −Mφ(−1)2

]
m 6= n (20)

=
1

4

[
2−Mφ(2)−Mφ(−2)

]
m = n (21)
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If the scatterers are uniformly distributed in range

px(x) =
1

ηδx
, − ηδx

2
≤ x ≤ η

δx
2

(22)

= 0, otherwise, (23)

then φ will be uniformly distributed

pφ(φ) =
1

2θ
, − θ ≤ φ ≤ θ (24)

= 0, otherwise, (25)

where

θ = kηδx =
πη

α
. (26)

The characteristic function of φ can be written

Mφ(ω) =

∫ ∞
−∞

pφ(φ)ejωφdφ =
sinωθ

ωθ
. (27)

R and I can now be found by combining (11)-(12) with (16)-(17) and (27).

R =
sin θ

θ
(28)

I = 0 (29)

σ2
R and σ2

I can now be found by combining (13)-(14) with (18)-(21) and (27)

σ2
R =

1

N

(
1

2
+

sin 2θ

4θ
− sin θ2

θ2

)
(30)

σ2
I =

1

N

(
1

2
− sin 2θ

4θ

)
. (31)

In Fig. 3, Eqs. 28-31 are evaluated and compared with results from the numerical simula-
tions for the sinc and Taylor windows presented in Section 2.1. As α decreases, the range of
phase angles over the boxcar’s interval of support decreases. For α > 0.89 (0.89 is the sinc
half-power width) not all phase angles are accessible, and the real component of the phasor
sum is now predominantly positive. This is why the scintillation index in Fig. 2 decreases
for increasing α for the boxcar window. For α > 0.89, the boxcar approximation leads to
a distribution where pixel amplitude fluctuations are not drawn from a zero-mean real and
imaginary components. The corresponding amplitude distribution is similar to a Rice dis-
tribution; however, variance of the real and imaginary parts are not equal so it is not strictly
Rician.

3. CONCLUSIONS

Numeric and analytic models for pixel statistics in SAS imagery have been presented.
The modeling analyzed a pair of impulse response functions (sinc and Taylor) that are rep-
resentative of those used in SAS image formation. Additionally, the boxcar approximation
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IFigure 3: The mean and variance of the real and imaginary components of Eq. 6 for an

analytic model with a boxcar impulse response function and the numeric model of the sinc
and Taylor impulse response function. The boxcar approximation is limited in its ability to

accurately represent the both the mean and variance of the real component.

to an impulse response function was investigated. Although it is non-physical, the boxcar is
interesting because it represents the approximation that the spatial distribution of scatterers
producing speckle in SAS imagery is on the scale of the system resolution. This analysis
has shown the boxcar approximation to be incorrect. Scattering from outside the central
resolution cell plays an important part in determining speckle statistics.

Current projector technology used in SAS systems is limited to approximately three oc-
taves, which corresponds to α ≈ 1.5 [10]. For α < 1.5, this analysis has shown that speckle
produced a rough interface with uniform scattering strength will be Rayleigh distributed.
Recently wide-bandwidth, low-frequency SAS system have been proposed for improved
anti-ship mine detection [11] [12]. The systems described by these authors operate near
α = 1.5. Their goal is to achieve sufficiently high azimuthal and range resolution while
operating at low frequencies to provide imagery of the internal target structure. While indi-
vidual resolution cells are smaller than a wavelength for these systems, the speckle in these
systems imagery will be fully developed, which is in agreement with the reverberation level
modeling in [12].
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Abstract: Fields of distributed passive and multistatic active sonar sensors provide a 
surveillance capability against quiet submarine threats in ASW scenarios.  A significant 
challenge of heterogeneous, multi-sensor systems is the successful fusion of information 
from the various sensors to enable robust target detection, classification, localization, and 
tracking.  Sensor fusion and tracking algorithms must be developed to accomplish this, yet 
suitable, real data-sets are often limited or unavailable.  Simulated contact-level sonar 
data are essential to the process of design, development and testing of such algorithms.  
     This paper describes a sonar modeling and contact simulation tool referred to as the 
Passive-Active Contact Simulator (PACsim). It models heterogeneous fields of mixed 
sonar sensors.  The passive and active sonar equations are solved for any number of true 
and false targets along their trajectories as they move through the field.  The user defines 
the scenario, the acoustic environment, and parameters for the expected measurement 
errors and signal fluctuations.  The tool produces the following simulated active sonar 
contact measurement: signal excess, bearing, time of echo arrival, and Doppler.  For 
passive sonar, simulated contact measurements are generated for:  signal excess, 
frequency-line detection segments, and bearing, from which target states at the closest-
point-of-approach (CPA) can be hypothesized. Appropriate measurement errors are also 
simulated and incorporated into each active or passive detection.  The outputs are suitable 
for input into multi-sensor fusion and tracking algorithms.  This paper describes the 
PACsim modeling methodology, shows examples of simulated sonar contacts for an ASW 
scenario, and discusses system performance metrics.  
 

Keywords: Acoustic Modeling, Data fusion, Sonar Equation, Multistatic, Passive, Sonar  
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1. INTRODUCTION  

Distributed sonar networks have the potential to increase ASW performance against 
small, quiet, threat submarines in the harsh clutter-saturated littoral and deeper ocean 
environments. This improved performance comes through the expanded geometric 
diversity of distributed fields and complementary capabilities of passive and multistatic 
active sonar sensors [1].  The cumulative effect of all sensors, when their information is 
effectively fused, provides increased area coverage, probability of detection, classification, 
localization and tracking.  The design, development, and evaluation of fusion algorithms 
require simulated target and false alarm detection data [2].  Real data may not be 
available, or have deficiencies which limit its usefulness. To provide data with sufficient 
fidelity, including acoustic effects, the Passive-Active Contact Simulator (PACsim) 
simulation tool has been developed.  This simulator produces sonar detection (“contact”) 
information for user-defined target trajectories amongst fields of passive and active sonar 
systems.  Contact strengths (signal excess) are obtained through sonar equation modelling, 
and their localization measurements (e.g. bearing, arrival time etc.) are generated using 
appropriate probability distributions of measurement errors. 

A heterogeneous mix of both passive and active multistatic sonar sensors may offer 
complimentary acoustic and operational performance benefits.  Active sonars are overt 
systems and targets may react to their operation.  Passive sensors are covert and provide 
the tactical advantage that targets are unaware of their detection vulnerability.  Passive 
sonar typically has much shorter detection ranges and smaller area coverage than active 
sonar, due to the quiet nature of current submarine threats.  With loud source pings, active 
sonar can achieve greater signal excess and detection ranges.  False alarms are prevalent 
for both sensing types; passive is confused by nearby and distant shipping, while active 
may be flooded with reverberation clutter.   

A disadvantage of a single, fixed, passive sensor is its difficulty in determining a 
precise geographic localization of a detected target, because of inability to determine 
range.  Passive measurements provide an estimate of target bearing, but not range.  
Monitoring measurements from a constant-velocity target over time enables the detection 
of closest-point-of-approach (CPA) events.  After a CPA event is identified, the bearing 
rate at that time provides an estimate of target velocity-to-range ratios, which in turn 
provide a set of target localization and velocity hypotheses in the Cartesian frame [3].  The 
target may be located anywhere on the CPA bearing line with a heading perpendicular to 
the bearing line, but with a speed depending on range, as depicted in Fig. 1 (left panel).  
Shorter range implies slower speed whereas longer range implies faster speed.  Therefore, 
the passive information is ambiguous and does not provide a complete estimate of the 
target state (position and velocity).  Detections from active sonar systems readily provide 
precise estimates of both bearing and range (via the bistatic mapping [4]) on a single ping.  
If Doppler-sensitive waveforms are used, the target range-rate may also be estimated.  The 
example shows how passive ambiguities map to different range-bearing measurement cells 
of the active receiver for fusion.  These ambiguities must be taken into account when 
fusing passive and active data. 

Given the relative strengths and weaknesses of passive and active sonar systems there 
are advantages to a synergistic, complimentary, and parallel use of both sensing types 
within a surveillance operation.   The development of supporting fusion algorithms 
requires data sets, which may be generated using the PACsim simulation.  The remainder 
of this paper describes this simulation capability.  Fig. 1 (right) shows an example scenario 
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modelled using PACsim. Fig. 2 shows a diagram of various components which make up 
the PACsim tool, and which are described in further detail.  

 

Passive Receiver

Active
Multistatic 
Receiver

Passive
Bearing

Active
Bearings

Active
Ranges

Target position/velocity 
ambiguities at CPA

Passive Receiver

Active
Multistatic 
Receiver

Passive
Bearing

Active
Bearings

Active
Ranges

Target position/velocity 
ambiguities at CPA

     

T1

T2

T1

T2

S1

S2

R1

R2

R3

R4

R5

R6

R7

R8

R9

R10

R11

P1

P2

P3

150

200

250

300

350

400

450

500

T1

T2

T1

T2

S1

S2

R1

R2

R3

R4

R5

R6

R7

R8

R9

R10

R11

P1

P2

P3

150

200

250

300

350

400

450

500

 
 

Fig.1: Passive and active measurement fusion in a common Cartesian coordinate 
frame (Left);  PACsim scenario showing three passive receivers (magenta), two sources 

(squares), active receivers (red), true target trajectory (solid yellow), false shipping target 
(dashed yellow), and a false fixed target (yellow triangle), overlaid on the surveillance 

area’s bathymetry (in meters) (Right). 
. 
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Fig.2: PACsim modeling and simulation components. 

2. SCENARIO SPECIFICATION 

Before modelling and simulation can be done, the scenario(s) of interest must be 
completely specified.  A surveillance area must first be selected.  This may be an actual 
water-space of interest in an actual location somewhere in the world, or, it may be a non-
specific, generic area.  The passive and active receiver arrays must be specified in terms 
of: size, shape (horizontal line, vertical line, or cylindrical), number and spacing of 
elements, directional properties, orientation, location (latitude/longitude or x/y), and depth.  
The active multistatic sources must be specified in terms of: source level, directional 
properties, location, and depth.  In addition, the active ping transmission schedule for the 
multistatic sources must be specified with parameters such as: waveform types 
(frequencies and bandwidths), transmitting sources, and transmission times. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 581 -



 

True targets are specified by their time-space trajectory through the surveillance region.  
These are specified with piece-wise constant velocities between sets of waypoints, 
determined by locations, depths and times.  True targets’ passive radiated signal levels are 
specified for a set of narrowband frequencies corresponding to the assumed target 
signatures.  True target’s active target strength is specified by an aspect-dependent model. 

False targets for the passive sonar case are defined in the same way as just described 
for true targets, where the depths are typically chosen to correspond to hull depths of 
expected shipping traffic.  False targets for active sonar are of two types:  transitory 
random clutter distributed over the sensor’s measurement space and fixed bottom clutter 
due to prominent bathymetric features or man-made objects (shipwrecks, pipelines, etc.).   

3. SONAR PERFORMANCE MODELING  

The sonar equation is used to calculate the mean signal excess, SE , for passive and 
active sonar, respectively (in dB quantities), as: 

 

DTPGAGANTLSLSE TR     (passive sonar)  (1) 

DTPGAGRLANTLTLTSSLSE TRST  )()(  (active sonar)   (2) 

The SL is the target’s emanating sound pressure level for passive sonar, and the 
source’s transmission power level for active sonar.  TLTR is the transmission loss from 
target to receiver, and TLST is the transmission loss from source to target. AG is the array 
(spatial processing) gain for the passive or active receiver.  PG is the temporal processing 
gain, which for passive sonar is related to spectral bin widths and integration times.  For 
active sonar the processing gain is achieved through matched filtering, and includes the 
gain against reverberation.  The ambient noise term, AN, is the background ambient noise 
level assumed constant over the bandwidth of the detection process.  The detection 
background level for active sonar is the power sum of AN and the reverberation level, RL.  
TS is the target’s aspect-dependent target strength which is obtained from one of several 
models [5].  Mean signal excess is obtained after subtracting the detection threshold, DT. 

PACsim currently uses the ASPM model (and its various sub-models) to calculate the 
main sonar equation components [6], though alternate models may likewise be 
incorporated.  ASPM’s range-dependent propagation model is used to compute TL terms 
for both passive and active cases.  It also computes bistatic reverberation for the active 
case, assuming a user-provided scattering strength function.  There are a significant 
number of environmental parameters which must be specified.  These may be extracted for 
the scenario area from databases of: bathymetry, sound velocity profiles, geoacoustic 
parameters, and ambient noise levels.  Alternatively, nominal, representative, user-defined 
values may be assumed.   

The passive and active sonar equations are computed for each target at discrete time 
increments along their trajectories.  For passive, the time updates are commensurate with 
the passive processing time and for active they are synchronized to the source ping 
transmissions.  All targets are updated along their trajectories at these computation times, 
and mean signal excess ( SE ) is generated for each passive and active receiver. 
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4. DETECTION CONTACT SIMULATION 

The output of the sonar equation modeling is SE , which is considered a mean-level.  
Because of the uncertainties in the sonar equation and the real-world effect of signal and 
noise fluctuations, variations from the mean level are expected.  In practice, it is not 
unreasonable to assume the actual instantaneous signal excess (in dB) to be normally 
distributed (i.e., lognormal distribution of linear SE) as:  SESE , where ),0(~ SEN  . 

SE  is the standard deviation of a normal distribution for the assumed variability.  

Different values of SE  are assumed for passive and active cases.  Random draws are 

made from this normal distribution for each time update, assuming independence between 
the update times.  There is an option to introduce some update-to-update correlation.  
Time updates with positive signal excess are treated as detections.  Those that are negative 
are discarded as non-detections.  Fig. 3 (left) and Fig. 4 (left) show the SE obtained on the 
example scenario, for the passive and active case, respectively.   

Passive detections are determined for each of the specified frequencies in the user-
specified target signature, when there is positive SE, as shown in Fig. 3 (center).  At 
present there is no modeling of frequency errors.  A passive detection contact (i.e., target 
track) is declared at a given point in time if there are M frequencies concurrently detected 
out of N total frequencies in the target’s set.  For each passive detection contact a bearing 
measurement is simulated.  This is done by adding random errors to the true bearings.  
These errors are drawn from normal distributions of the assumed bearing error.  An 
example of such bearing simulations is shown in Fig. 3 (right), for the period when the M 
of N rule is satisfied (through 150 minutes). 

For active sonar target detections, bearing measurements are simulated as described in 
the passive case.  The detection contact arrival time and Doppler measurements are 
similarly obtained by adding random errors to the true values.  Errors are obtained by 
drawing from normal distributions of assumed timing, bearing, and Doppler uncertainties. 
False fixed targets are simulated in an equivalent manner.  An example output for the 
example scenario is shown in Fig. 4 (center), where target contacts for the true target are 
shown mapped to geographic space and correspond to the target’s trajectory.  The fixed 
false target is also observed.  The random measurement scatter is evident.   

The transitory random clutter of active sonar is generated on a scan-by-scan (source-
receiver-ping combination) basis, with the number of false contacts in a scan drawn 
randomly from a Poisson distribution, and with arrival time, bearing, and bistatic range-
rates obtained from random draws on uniform distributions over this measurement 
volume.  The clutter SEs are randomly drawn from an exponential distribution.  An 
example measurement scan with false contacts is shown in Fig. 4 (right). 

5. CONCLUSIONS 

An effective approach to simulating passive and active sonar data has been described.  
The method produces data sets which have simulated localization and measurement errors.  
The simulation is designed to provide realism from the acoustic point of view, with good 
fidelity modeling of the passive and active sonar equations, and of the signal/noise 
fluctuations which occur in real systems.  The output data may be ingested into 
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information fusion and target tracking algorithms and facilitate their development and 
evaluation.  

 

0 100 200 300
-20

-10

0

10

20

30

40

Time (min)

S
E

 (d
B

)

0 100 200 300

0

50

100

150

200

250

300

Ti
m

e 
(m

in
)

Frequency (Hz)
100 150 200

0

50

100

150

200

250

300

Ti
m

e 
(m

in
)

Bearing (deg)  
 

Fig.3: Passive SE for four frequencies on receiver 1 for the true target, (Left);  
Corresponding periods with positive SE, (Center);  Bearings for detection period (cyan) 

and truth (black), (Right).  
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Fig.4: Active SE for source 1, receiver 2, and  FM waveform for the true target,  mean 
levels (red), with variability (blue), (Left);  All target contacts (true mobile and false fixed) 

with localization errors mapped to x-y space, (Center);  Simulated contacts for a single 
ping scan, false targets (black), true targets (red), ground truth (green), (Right).  
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Abstract: An approach is presented for the discrimination of multi-static active sonar target 
echoes using the physics of the shallow water waveguide.  Physics-based depth discrimination 
(PBDD) exploits the phenomenon of mode-trapping due to the sound speed gradient in a 
downward refracting shallow-water channel to separate surfaced and submerged sources of 
acoustic energy.  In such an environment, low order modes exhibit a depth-dependence that 
transitions from near sinusoidal at depth to evanescent near the surface.  The implication is that 
low order modes can only be excited by a source or scatterer at depth.  We show that with a 
nominal degree of vertical aperture and approximate knowledge of the sound speed 
environment, a test statistic capable of discriminating the depth class of a near-specular target 
echo is possible.  For the application to multi-static active sonar, it is essential to show that the 
target scattering physics, waveform processing, and the constraints of limited spatial aperture, 
do not disrupt the observability of the mode-trapping  phenomenon.  In particular, aperture 
limitations lead to linear dependence between modal steering vectors, and overlap between 
signal subspaces, thereby degrading discrimination performance. We will review the theory 
underlying the discrimination algorithm, known as the matched subspace discriminator, and 
show how we contend with the signal subspace overlap imposed by limited aperture.  We 
conclude by demonstrating the performance of the depth discrimination algorithm on simulated 
near-specular target and clutter echoes for a linear frequency-modulated (LFM) source 
waveform. The broadband simulation results illustrate that the coherent spatial structure of the 
near-specular echo exploited by the test statistic is preserved by target scattering and matched 
filter processing.  The results will clearly show the potential for separation in test statistic 
response between a surfaced and submerged scatterer in a downward refracting shallow water 
environment. 
 
 
Keywords: active sonar classification, physics-based, depth discrimination, normal modes  
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1.   INTRODUCTION 
 
Physics-based depth discrimination (PBDD) exploits the phenomenon of mode-trapping that 
occurs in a downward refracting shallow-water channel. Normal modes represent the 
eigenfunctions of a Sturm-Liouville problem that characterize the acoustic wavenumber response 
of a shallow-water waveguide. In a downward-refracting channel, the lowest order modes exhibit 
a depth-dependence that transitions from near sinusoidal at depth to evanescent near the surface 
(see Figure 1). The depth of this transition zone, or turning depth, decreases with mode order and 
is primarily determined by the depth and magnitude of the sound speed gradient in the 
thermocline. The important implication of this evanescent behavior above the thermocline is that 
low order modes can only be excited by a source or scatterer at depth. (In the active sonar 
context, the emphasis is of course on the acoustic scatterer, but the term source and scatterer may 
be used interchangeably.) It follows that the measured difference between low- and high-order 
mode subspace excitations can be a sensitive indicator of the submergence of an acoustic 
scatterer. Using a nominal degree of spatial aperture, and an assumed mean sound speed 
environment, we demonstrate the potential to discriminate a specular, multi-static active (MSA) 
sonar target echo using a test statistic derived from the subspace power ratio calculated at the 
output of the active sonar matched filter. 
 

2.    METHOD 
 
The matched subspace discriminator was introduced in [1] to address the problem of passive 
acoustic source depth discrimination. The algorithm constitutes a binary hypothesis test that 
distinguishes between surfaced and submerged source depth classes. The depth of the boundary 
between these two classes is a function of the sound speed profile, and in particular the 
shallowest modal turning depth. The depth may be adjusted somewhat by tuning the parameters 
that govern the mode subspace selection. However, for many shallow water environments, the 
boundary depth is easily tuned to exceed the maximum draft of most surface vessels.  
The performance of the algorithm is driven by the ability to define and measure trapped and non-
trapped mode subspace excitations. The test statistic processing flow is summarized in Figure 2. 
For the multi-static active sonar application, the algorithm is cued by the detection of a target 
echo associated with a broadband source, such as an LFM pulse. The input vector y in Fig. 2 
then represents a vector of post-pulse compression, element level time series taken at the output 
of a matched filter.  
The test is comprised of two filter branches, one matched to the low order or “trapped” subspace 
that is excited only for submerged sources, and one matched to the high order or “non-trapped” 
subspace that is excited for both surfaced and submerged sources. The modal steering vectors, V0 
and V1, that underlie the respective matched subspace projection filters, PG and PQ, are simply 
the depth-dependent mode functions derived from a normal mode acoustic model, given an 
assumed water column SSP and bottom type, sampled at the depths of elements comprising the 
receiver array. The filters PG and PQ represent projection operators onto subspaces ‹G› and ‹Q›, 
the low- and high-order mode subspaces after rank reduction and orthogonalization. 
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Apart from the obvious concerns for sufficient signal-to-noise-ratio (SNR) to perform 
classification, the key issue concerning the implementation of this physics-based test statistic is 
the observability of the mode trapping phenomenon. It follows that the factor that most impacts 
this observability is aperture. A typical active sonar receiver array consists of limited vertical 
aperture. Aperture limitations introduce linear dependence between modal steering vectors, and 
overlap between trapped and non-trapped mode subspaces. This diminishes the receiver’s 
sensitivity to the low order mode trapping physics and thus degrades discrimination 
performance. In order to treat the problems introduced by limited aperture, we have adapted the 
work of Scharf and Friedlander [2] on matched subspace detection to rigorously eliminate 
subspace overlap. For the mathematical development underlying the derivation of the required 
subspace projections and depth discrimination test statistic, the reader is referred to [1]. We will 
show that the resulting subspace orthogonalization leads to an implementation of likelihood ratio 
test statistic for MSA target echoes that performs well in the presence of limited vertical 
aperture. 
 
Beyond the impact of aperture on observability, there were two other implementation concerns 
specific to the application to multi-static active sonar classification. The first was that the pulse 
compression normally applied at the front end of the active sonar processing string to affect 
processing gain did not disrupt the spatial phase structure of the received target echo associated 
with the mode trapping phenomenon. This assumption was vital in order for the discrimination 
algorithm to realize all of the coherent processing gain associated with the active sonar front end 
matched filter processing.  The second was that a narrowband representation of the waveguide 
normal mode transfer function, calculated at the center frequency of the broadband waveform, 
was sufficient to mathematically define the requisite subspace filters supporting the mode 
subspace power projections. This assumption facilitates the application of the subspace filter to 
the element time series data, and significantly reduces the computation footprint of the test 
statistic. 
 

3.    RESULTS 
 
In this work, we use the Sonar Simulation Toolset (SST) [3] by Goddard to illustrate the 
potential of the physics-based depth discrimination approach. SST is well-known to the active 
sonar community, and adequately captures both the waveguide propagation phenomenology and 
the target scattering physics for bi-static near-specular geometries and broadband waveforms. 
The simulation environment used in this work consisted of a downward refracting, continental 
shelf environment of 110 m depth, similar to that shown in Fig. 1. The sound speed profile was 
piecewise linear, characterized by a thermocline centered at 30 m and a sound speed gradient of 
1 s-1. The aperture was a 10-element VLA, deployed just below the bottom of the thermocline at 
a depth of 50 m. The submerged scatterer was also positioned just below the thermocline at a 
depth of 53 m. The surfaced scatterer, or false alarm opportunity, was positioned just below the 
surface at a depth of 5m. An LFM source waveform of 2 sec duration was employed. The target 
was modeled as a single scatterer and reverberation was ignored. We believe this assumption is 
justified for the time being as the discrimination algorithm expects to be cued by a pre-detection 
step, and thus not expected to be applied in an SNR- or SRR (signal-to-reverberation ratio)-
limited condition. 
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Figure 4 depicts an example of the test statistic’s response to a submerged target echo. The target 
is 5000 m from the bistatic source-receiver baseline. The target strength is 25 dB. The black 
curve shows the signal-to-noise ratio (SNR) at the output of the matched filter (a nominal 
amount of spatially white noise has been added to the simulation at the element level). The red 
curve shows the concurrent response of the test statistic after pulse compression by the matched 
filter. It is important to emphasize that the subspace filtering as depicted in the block diagram of 
Figure 2 is applied directly to the time domain matched filter output. As the matched filter is a 
linear filter that exploits knowledge of the temporal phase structure in the transmitted waveform, 
it leaves the spatial phase of the array snapshot unperturbed. Thus, the mode trapping signature 
responsible for depth discrimination is preserved at the receiver array, while the coherent 
processing gain of the pulse compression step is maintained.  The processor reports the 
maximum value of test statistic response observed over the interval of the near-specular event 
detection. Observe that the maximum value of the test statistic concurrent with the near-specular 
event is much greater than 1. 
 
Figure 5 depicts the test statistic’s response to a surfaced target.  The target is again 5000 m from 
the bistatic source-receiver baseline, and the target strength is 25 dB. Once again, the black curve 
shows the SNR at the output of the matched filter.  The blue curve shows the concurrent 
response of the test statistic after pulse compression by the matched filter, in this case due to a 
ship with a 5 m keel depth.  Observe that the maximum value of the test statistic concurrent with 
the near-specular, submerged target event is now much smaller than 1. 
 
Simulations were run for similar bistatic geometries, varying the range from target to receiver 
from 500 m to 10 km. A summary of these results is shown in Figure 5. In all cases, the test 
statistic response to the submerged target echo was much greater than 1, ranging between 20 and 
80, while for the surfaced scatterer echo, or false alarm opportunity, the test statistic magnitude 
was always much less than 1. These simulation results suggest that the matched subspace 
discriminator is capable of realizing significant separation between submerged and near-surface 
target classes for this representative downward refracting environment. 
 
 
4.    CONCLUSIONS 
 
SST simulations of bistatic specular target echoes in a downward refracting continental shelf 
environment were employed to demonstrate the feasibility of a physics-based depth 
discrimination approach for the multi-static active sonar problem. The work builds on the earlier 
results of Premus and Backman [1] for the passive sonar case and demonstrates that the 
measurement of the mode physics essential to the success of the passive sonar application is 
extensible to one representation of the active sonar problem. The results presented suggest that 
significant class separation appears to be achievable, and the exploitability of the mode trapping 
phenomenon does not appear to be disrupted by the target scattering physics, active sonar 
waveform processing, or aperture limitations that characterize the MSA problem space. 
 

 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 588 -



 

5.    ACKNOWLEDGEMENTS 
 
This work supported by Office of Naval Research, Code 321-US. 
 
 
REFERENCES 
 
[1] Premus, V. and Backman D., “A Matched Subspace Approach to Depth Discrimination in a 
Shallow Water Waveguide,” Proceedings of the 41st Annual Asilomar Conference on Signals, 
Systems, and Computers, Pacific Grove, CA, November 2007. 
 
[2] Scharf, L. and Friedlander, B., “Matched Subspace Detectors,” Proceedings of the 27th 
Annual Asilomar Conference on Signals, Systems, and Computers, Pacific Grove, CA, 
November 1993. 
 
[3] Goddard, R. P., “The Sonar Simulation Toolset, Release 4.1: Science, Mathematics, and 
Algorithms,” APL-UW TR 0404, Applied Physics Laboratory, University of Washington, Seattle, 
WA, March 2005. 
 
 
 

 
 

Fig. 1: Mode Trapping Phenomenon in a Downward Refracting Channel. 
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Fig. 2: Block diagram of the matched subspace depth discriminator. The test computes the ratio 

of the power projected onto the trapped and non-trapped subspace. 
 

 

 
 

Fig. 3: LFM Waveform Test Statistic Response for Submerged Target Echo. The red trace 
illustrates the test statistic response to a near-specular submerged target echo. The test reports 

the maximum value of the PBDD statistic observed concurrent with a detection threshold 
exceedance at the output of the matched filter. 
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Fig. 4 LFM Waveform Test Statistic Response for Surfaced Scatterer Echo. The blue trace 

illustrates the test statistic response to a surfaced target echo, in this case due to a ship with a 5 
m keel depth. The test reports the maximum value of the PBDD statistic observed concurrent 
with a detection threshold exceedance at the output of the matched filter. Note the change in 

scale needed in order to view the test statistic, which for this surfaced target echo is much less 
than 1. 

 

 
 

Fig. 5 Simulation experiment summary illustrating the test statistic class separation for target- 
receiver ranges varying from 500 m to 10 km. 
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Abstract: The method of eigenvector subspace projection is applied to data collected on a 
bottom-mounted horizontal line array located on the U. S. continental shelf east of Ft. 
Lauderdale, FL, in order to investigate the impact of the ocean environment on array noise gain 
(ANG). Array sidelobe response associated with the continual passage of ships into nearby Port 
Everglades tends to obscure the impact of environmental forcing mechanisms on ANG. In this 
work, we demonstrate the application of dominant eigenvector nullspace projection to coherently 
filter the discrete noise spectrum in order to investigate the impact of wind-driven surface noise 
on ANG statistics using the continuous noise spectrum. In particular, we examine endfire beam 
ANG data concurrent with measured wind speed during a period sampling two wind speed 
extremes, ≤ 5 kn and ≥ 15 kn, on the same day in September, 2007 for both low- and high-
shipping densities. As expected, when the discrete noise spectrum dominated the noise field, 
ANG fluctuations correlated with the periodic passage of local ships near the array. When 
nullspace projection was employed, the ANG stabilized, and a correlation was revealed between 
endfire ANG and wind speed as it cycled between low and high extreme over a 16-hour period. 
We review the implementation of the nullspace projection technique for decomposing array 
response. The analysis will illustrate that 1) array noise gain in the South Florida continental 
shelf environment is almost never 10log10N due to the anisotropy of the noise field, and 2) using 
concurrent meteorological data, it is possible to empirically validate the expected link between 
wind-generated surface noise and array noise gain. The results illustrate the role that 
eigenvector projection can play in the understanding of array noise gain and the impact of 
environmental forcing mechanisms on array performance. 
 
Keywords: active sonar classification, physics-based, depth discrimination, normal modes 
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1.   INTRODUCTION 
Array gain (AG) is defined as the improvement in signal-to-noise ratio realized at the output of 
an array of coherently processed sensors relative to the average input signal-to-noise ratio at the 
element level [1].  It may be decomposed into two principal components, array signal gain 
(ASG) and array noise gain (ANG). Both can be important to passive sonar detection 
performance, as the gain of an array degrades as the signal coherence decreases or as the noise 
coherence increases. Using data from a clutter-rich, shallow water environment, we demonstrate 
the application of eigenvector subspace projection to isolate and measure array noise gain 
associated with one dominant environmental mechanism influencing noise field directionality, 
wind-driven surface noise.  
Figure 1 shows the location of the bottom mounted hydrophone array in the Florida Straits just 
off the coast of South Florida. The array is 118 elements long, with a design frequency of 
approximately 450 Hz. For this shallow water environment, the noise spectrum in this band is 
due to a combination of shipping noise and wind-driven sea surface noise. Figure 2 depicts a 
representative 24-hour, broadband energy detector (ED) bearing-time-record (BTR) taken in 
September, 2007.  Large ships pass the array throughout the day and evening hours at a rate of 1-
2 per hour (left panel).  Small boat traffic is generally limited to day time hours (right panel).The 
ambient noise spectrum is clearly dominated by local shipping into nearby Pt. Everglades, 
precluding the reliance upon naturally occurring “quiet” time intervals for measuring the impact 
of the surface noise spectrum on array noise gain statistics.  
 

2.    METHOD 
In its most general form, array noise gain may be defined as [1], 
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where S denotes the noise spatial density for an omni-directional hydrophone, and B represents 
the array beampattern at frequency, f, as a function of solid angle .  An element of solid angle, 
d, is defined as cosdd, where  denotes vertical arrival angle over [-/2, /2], and  denotes 
azimuth over [0, 2].  
It has been stated that a better understanding of passive sonar performance can be gained by 
understanding which components of the ambient noise spectrum are amenable to reduction by 
sonar system design [2]. The decomposition of the ambient noise field into discrete and 
continuous noise spectrum components may be effected through the use of a nullspace projection 
filter, P┴, defined by 

vv

  vv
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where ν represents the subspace spanned by the dominant eigenvectors of the element level 
sample covariance matrix. If the rank of the discrete interferer subspace is chosen properly, this 
projection operator coherently filters the discrete spectrum from the element data before 
beamforming, leaving the continuous noise spectrum intact. The dominant interferer subspace 
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was defined by searching for the inflection point in the eigenvalue spectrum of the sample 
covariance matrix over time.  This approach is analogous to a dominant mode rejection adaptive 
beamformer (DMR) in which the rank of the dominant subspace is allowed to vary with time in 
response to changes in the rank of the discrete clutter spectrum. 
To illustrate the capacity of the eigenvector nullspace projection to mitigate sidelobe leakage 
from strong discrete clutter sources without distorting the beam response to the continuous noise 
spectrum, consider the beam response in Figure 3.  This plot shows a array beam response for a 2 
minute incoherent average of narrowband conventional beamformer output at 83.98 Hz on 
9/20/07 taken from 4:31-4:33 GMT. A strong interfering source is observed in the data at a 
cosine bearing of -0.7. A narrowband planewave signal with a frequency of 83.98 Hz and cosine 
bearing of 0.4 was injected into the element level timeseries.  A sequence of nullspace 
eigenvector projections of successively increasing rank are then applied to the element level data 
until the array response to the injected signal becomes distorted. In this case, it is seen that the 
subspace projection that spans the six most dominant eigenvectors is sufficient to coherently 
remove all sidelobe leakage from the strong discrete at a cosine bearing of -0.7 that masks the 
array response to the continuous noise spectrum, while leaving the injected signal and underlying 
continuous noise spectrum response intact. 
In the analysis that follows, frequency domain beamforming was performed using a 2-sec FFT 
with 50% overlap and a rectangular shading function.  Sample covariance calculations are 
generated using sample support of 3N, where N is the number of array elements. Energy detect 
bearing-time-records (BTRs) and array gain calculations are broadband, generally over the 
bandwidth 380-410 Hz, in order to emphasize that part of the array’s frequency response that is 
most sensitive to the surface noise spectrum.   
 

3.    RESULTS 
Measured wind speed, concurrent with endfire beam ANG data, for the time period 04:00 to 
20:00 GMT on September 20, 2007 is shown in Figure 4. Wind speed (top panel) was recorded 
from an onshore anemometer located near the South Florida array deployment site 10 km east of 
Port Everglades. This time period was selected as it afforded a controlled opportunity to study 
the sensitivity of ANG to wind-driven surface noise during two wind speed regimes on the same 
day, under conditions of both low- and high-shipping density.  During the early morning hours of 
00:00 to 04:00 EDT (local time is GMT-4 hours), while local shipping was at a minimum, wind 
speed transitioned from an overnight calm period of less than 5 kts to a brief but sustained period 
of almost 20 kts.  At 04:00 EDT, winds suddenly cut off and remain calm for an interval of about 
6 hours until approximately 10:00 EDT. At this time, winds begin to climb steadily, again 
reaching a sustained maximum of 20 kts by mid-afternoon, concurrent with the daily peak in 
local shipping traffic.  
The middle panel of Figure 4 depicts seaward endfire ANG after the application of the 
eigenvector nullspace projection. The bottom panel depicts seaward endfire ANG without the 
eigenvector nullspace projection.  Without eigenvector projection, the discrete noise spectrum 
dominates the ambient noise field measured at the array. The ANG timeseries exhibits energetic 
fluctuation over time consistent with the periodic passage of local ships near the array.  Array 
gain at times measures as much as 38 dB, far greater than the 21 dB predicted by theory for this 
array under an assumption of isotropic noise. Of course, the noise field in this environment is 
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anything but isotropic, the additional array gain due simply to the capacity of the linear 
beamformer to spatially reject energy from acoustic sources in its sidelobes. Notice, however, 
that once the element data has been processed through the nullspace projection filter to reject the 
discrete noise spectrum, the ANG timeseries is permitted to stabilize, revealing the sensitivity of 
the endfire ANG to the surface noise spectrum as wind speed cycles between low and high 
extremes over the 16-hour period.  
Endfire ANG starts out low during the calm overnight period, then abruptly increases in response 
to the onset of wind forcing at 06:00 GMT and remains high for a period of about 4 hours. Wind 
forcing shuts off just prior to 08:00 GMT. Notice there is an approximate 2 hour lag in the ANG 
response (possibly due to the fact that the anemometer is not co-located with the array), then a 
gradual but steady decay in the endfire ANG during the period of diminished winds from 09:00 
to 14:00 GMT. At 16:00 GMT, wind forcing abruptly returns, increasing to 20 kts by 18:00 
GMT. The endfire ANG response is fairly immediate, eventually climbing to a level nearly 6 dB 
greater than that of the low wind period. This sensitivity in endfire ANG is consistent with the 
fact that wind driven surface noise is a highly directional noise source that excites primarily 
steep propagation angles that are resolved and thus easily rejected by the array response at 
endfire. 
Histograms of endfire ANG depicted in Figure 5 reinforce the impact of the eigenvector 
subspace projection on the ability of the eigenvector projection to isolate the array response to 
the surface noise spectrum. ANG statistics were calculated from an incoherent average 
performed over the band 380-410 Hz. Temporal averaging interval was 30 sec, and histogram 
bin centers are 0.5 dB apart.  Coherent subtraction of the discrete clutter spectrum using 
dominant eigenvector projection significantly reduced the variance, from 3.8 dB to 1.7 dB, while 
nearly doubling the separation in the mean of the ANG distribution between the wind speed 
regimes.  
 
4.    CONCLUSIONS 
In this paper, we reviewed the use of eigenvector subspace projection to decompose array 
response and array noise gain statistics in terms of discrete and continuous noise spectrum 
components.  Our analysis of ANG data from this shallow water acoustic environment supported 
a number of key findings including, 1) Array noise gain in the South Florida continental shelf 
environment is almost never 10log10N due to the anisotropy of the noise field, 2) using 
concurrent meteorological data, we were able to empirically validate the expected link between 
wind-generated surface noise and array noise gain at endfire orientation, demonstrating a nearly 
6 dB increase in endfire ANG for periods of high wind speed (greater than 15 kts) relative to 
periods of low wind speed (less than 5 kts), once the influence of local shipping was removed, 
and 3) eigenvector null-space projection can be a very effective tool for decomposing array 
response into discrete and continuous components, and thereby linking ANG statistics with 
particular ocean environment forcing mechanisms. We believe that this approach may play a role 
in the validation of acoustic detection performance prediction models using cluttered data sets, 
particularly for generalizing across different types of noise environments. 
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Fig. 1: Location of the bottom mounted hydrophone array on the South Florida continental shelf. 
Port Everglades is located approximately 10 km NW of the array. 
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Fig. 2: Broadband Energy Detect Bearing-Time-Record (BTR) depicting in-band power in dB re 
1 μPa for the 24-hour period 00:00:00-24:00:00 GMT on September 8, 2007. Sea endfire 

corresponds to cos = -1, shore endfire corresponds to cos = 1. 
 
 

 
Fig. 3: Beam response on 9/20/07 at 4:31 GMT illustrates the capacity of an eigenvector null-

space projection filter to mitigate sidelobe leakage from discrete clutter source without 
distortion of the residual beam response to noise from off-axis directions. 
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Fig. 4: Wind speed dependence of measured ANG for the interval 04:00 to 20:00 GMT on Sept. 
20, 2007, with and without eigenvector subspace projection. Top panel shows wind speed vs. 

time. Middle panel shows seaward endfire ANG with nullspace projection. Bottom panel shows 
seaward endfire ANG without nullspace projection. With eigenvector subspace projection, ANG 

stabilizes and the impact of sea surface noise on ANG is isolated.  An approximately 5-6 dB 
increase in endfire ANG is observed from low to high wind speed regimes with coherent removal 

of the discrete noise spectrum. 
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Fig. 5: Histograms of ANG for the interval 04:00 to 20:00 GMT on Sept. 20, 2007, before (left 
panel)  and after (right panel) eigenvector subspace projection.  Coherent subtraction of the 

discrete clutter spectrum significantly reduced the variance of the ANG distribution while nearly 
doubling the separation in the mean array noise gain from low to high wind speed regimes. 
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Abstract: An algorithm to evaluate cumulative probabilities of target detection by passive 
underwater acoustic systems under complex and dynamic environmental conditions is 
presented and its numerical implementation is described.  Signal excess is characterized as a 
bivariate Gaussian first-order Markov process with exponential temporal coherence decay.  
A transition matrix is defined to give the probability of transition from a current state of 
“detection” or “no detection” to the same or opposite state.  Statistics of the stochastic 
process are based on values of variance and coherence time typical for ambient noise, and 
signal variability is addressed through use of CRAM, an OASIS-developed restructuring of 
the PE model to give it substantial reductions in execution time.  This approach allows one to 
have both high-fidelity representation of the signal field as well as model response time 
consistent with tactical optimization.  This approach has been integrated into detection 
optimization models and applications will be described to quantify the limits on detection 
probability that result from look-to-look correlation. 

Keywords: cumulative probability, detection, bivariate gaussian 
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1.  THEORETICAL APPROACH 
 
    Probabilityof Detection for a Single Gaussian Observation  
 
    Signal Excess is defined here in the customary way as the level of a desired signal above 
the acoustic background noise level, in addition to a system parameter, the Detection 
Threshold.  Signal Excess SE is computed from the Sonar Equation as 
 
SE  =  TSL - TL - NL – DT,                  (1) 
 
 where  
  TSL is target source level, 
  TL is transmission loss for the given sensor and target positions,  
 NL  is ambient noise level in the processin band  on thr sensor beam, and 
  DT is the detection threshold.     
 
All quantities are measured in dB.  By convention the Detection Threshold is determined so 
that a Signal Excess of 0 dB corresponds to a Probability of Detection PD of 50%.  The 
fluctuating, stochastic aspect of Signal Excess is described for a single observation by a 
Gaussian probability density function (pdf) with mean value SE, as determined by Eq. (1), 
and standard deviation .   Values of standard deviation  are specified by the user.  A 
recommended default value is 5 dB. 
    The  corresponding probability of detection PD, defined as the probability that the 
instantaneous signal excess of a single observation equals or exceeds zero, is given by the 
area under the Gaussian probability density function curve for abscissa above zero, written as  
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    Joint Probability of Detection for Successive Pair of Observations 
 
    The joint probability density function, p(x1, x2), for two successive random draws x1, x2 
from two separate correlated Gaussian distributions, having different means and standard 
deviations, and with correlation coefficient ,   is given by 
 
p(x1, x2) =  [212(1-2)1/2]-1 ∙  
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which may be rewritten in the following product form: 
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or  
 
p(x1, x2) =  p(x1) ∙ p(x2 | x1) 
 

    =  Gau(x1 | m1, 1
2) ∙ Gau(x2 | m2+(2 /1)(x1-m1), 2

2(1-2)).                    (5) 
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    The notation Gau(x| m,) indicates [1] a Gaussian pdf of variable x with mean m and 
standard deviation .  The interpretation of this result is that, for the two draws from the 
distribution, the first observation x1  is Gaussian with mean m1 and standard deviation 1, and 
the second observation x2 is also Gaussian, but with mean m2+(21)(x1-m1) and standard 
deviation 2 (1-2)½.  Note that when correlation is significant, the variability of the second 
measurement, as measured from the first, is less than the variability of the original 
measurement.  The joint probability density function of correlated Gaussian variables is 
illustrated in Fig. 1 for the parameters given in the figure.  
 

 
Fig. 1: Bivariate Gaussian pdf, sigma x,y = 4.0, 6.0, rho = 0.58 

 
 
    Probability Pairing for Detection and No-Detection    
 
    There are four pairings of probabilities that apply to the bivariate joint distribution:  the 
p obability of „no detection‟ with eithe  d aw P(0, 0), the p obability of detecting on the 
second draw but not the first P(0, 1), and so on for P(1, 0) and P(1, 1).  Each of these four 
probabilities is found by integrating numerically the joint 2-dimensional pdf from Eq. (4) 
over the four corresponding quadrants in Fig. 1.  This integration has been done numerically, 
and the results also are presented in the figure, expressed as percentages.  Other results 
printed in Fig. 1 are the unconditional p obability of „no detection‟ on fi st  d aw q1 = 0.842, 
with no condition imposed on the second draw, and the corresponding, unconditional 
p obability of  „no detection‟ on second d aw q2  =  0.370.      
 
 
    Transition Probabilities   
 
    A transition probability matrix Pij  gives the conditional probability that, given the result of 
observation i, either 0 or 1,   the next result, observation j,  will stay in the same state or 
transition to the other state.  Thus, P00 is the transition probability that, if the first observation 
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corresponds to no detection, then so will the second observation, and P01 is the probability 
that the state will change f om „no detection‟ to „detection.‟    The t ansition p obabilities [2] 
for the joint distribution in Fig. 1 have the values,  
 
P       =     P00     P01       =      0.4252    0.5748 
                 P10       P11               0.0763    0.9237                  (6) 

  
Each row sums to 1.  The probability P00  of „no detection‟ on second d aw, given „no 
detection‟ on fi st  d aw, is  0.425, as labeled in Fig. 1 and given in Eq. 6.     
 

 
    Cumulative Probability of Detection by Sequential  Independent or Correlated    
    Observations under Stationary Conditions 
 
    The cumulative probability of detection CPD for a sequence of correlated observations is 
computed on the basis of the transition matrix.  Consider first the situation for a sequence of 
independent (uncorrelated) observations with uniform mean value of signal excess SE.  If the 
probability of detection for a single observation is denoted p, with corresponding probability 
of no detection q = 1-p, then the cumulative probability of having at least one detection in a 
string of N independent observations, a standard result in many texts [3], can be written, 
 
P{at least 1 in N}  =  CPD(N) =   1 – qN ,                                                         (7) 
 
which is asymptotic to the value 1.  The corresponding result for a sequence of correlated 
observations, giving the probability that there be at least one threshold crossing out of N tries, 
is  
 
P{at least 1 in N}   = 1 – q P00

(N-1)  .                       (8) 
 
    The right hand factor has the interpretation that in a run of N observations, with all of them 
being „no detection,‟ the q indicates that the fi st  „no detection‟ is not conditioned on the 
previous outcome, while the remaining N-1 „no detections‟ a e conditional on a „no detection‟ 
previous outcome, given by P00.   
 
    For these stationary conditions the cumulative probability of detection CPD will reach 
unity if enough successive observations, either correlated or uncorrelated, are made.  The 
presence of correlation between observations, however, acts to impede the growth of the 
cumulative probability of detection. 
 
 
    Cumulative Probability of Detection by Sequential  Independent or Correlated   
    Observations under Dynamic Conditions 

    If a target is moving toward or away from a sensor, and if observations are made at regular 
intervals, then the mean signal excess as given by Eq. (1) will change at each observation 
point.  What is new for this situation is that the unconditional probability of no detection q 
and the transition probability P00 will also change and must be recomputed at each 
observation step.  The cumulative probability of detection CPD for a sequence of 
uncorrelated observations is a generalization of Eq. (7), given by 
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P{at least 1 in N}  =  CPD(N)  =  1 –  qn ,  n = 1,..N,                                      (9) 
 
which is a non-decreasing function, asymptotic to a value generally less than one. In Eq. (9),  
qn  is the p obability at step n of a “no detection” event.    
 
For correlated observations the corresponding values of CPD(N) are  
 
CPD(1)      =      1 - q1;        
    
 CPD(N)     =      1 - q1*P00

(n) ,  n = 1,…N-1;      N > 1                         (10) 
                
  
where P00

(n) is the probability that the (n+1)th observation is no detection, given that the nth 
obse vation is „no detection.‟   
 
 
2.  APPLICATION 
 
    A simple example for a target moving in a uniform straight line past a single sensor is 
illustrated in Fig. 2.  The color plot is the mean signal excess, based on CRAM, an OASIS-
developed new implementation of the PE algorithm for acoustic propagation in spatially 
dependent environments.  Use of this approach is critical for providing rapid evaluation of the 
effectiveness of sensor laydowns.   The white Xs indicate locations of each observation along 
the track, and the sensor is located at the center of the TL field.  The three curves in the 
bottom portion of the figure give the cumulative probability of detection CPD for 
independent uncorrelated looks (upper curve) and for correlated looks (middle curve).  The 
lower curve is the instantaneous probability of detection IPD at each point, unrelated to 
previous conditions.    What is important to note here is that CPD saturates before the end of 
the track with a final value considerably less than the value 1.0 that is reached for stationary 
conditions. 

 

 
Fig. 2:  Instantaneous and cumulative probabilities of detection along a track through a PE 

generated signal excess field 
 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 605 -



3.  VALIDATION 
 
    Validation of the bivariate gaussian model should address four assumptions: that statistics 
of noise level can be characterized as Gaussian, that the distribution of successive values of 
noise level can be characterized only in terms of the immediate preceding value, that the 
temporal coherence between successive values decreases exponentially, and that the analysis, 
in the end, can be replaced by a two-state Markov chain.  The first three of these assumptions 
define a first-order Markov process. The degree to which any of these assumptions is deemed 
true is to a great extent subjective and will reflect whether one wants to use the model as an 
accurate prediction tool, or less stringently as a qualitative conceptual model, sufficiently 
good to support understanding of how the key parameters in the analysis work together. 
    In order to test the model, predictions of CPD based on the equations presented here were 
compared to corresponding results computed directly from noise, and hence signal excess, for 
assumed stationary target conditions.  The noise data were a time series of ambient noise 
from a fixed sensor taken over a full month, sampled at approximately 6-minute intervals.  
The standard deviation and coherence time computed from the data are, respectively, 4.73 dB 
and 1.77 hours.  Conditions were assumed that correspond to a mean signal excess of -4.00 
dB.  Results are shown in Fig. 3.   The top curve is CPD for uncorrelated observations for 
these parameters, and the next highest curve is the corresponding result for correlated 
observations – considerably lower than the uncorrelated prediction.  The lowest curve is the 
result based on the actual data, and the curve just above the lowest is the corresponding result 
based on a simulated “noise” se ies, const ucted to be a fi st -order Markov process with the 
same statistical parameters as the actual data.   

 

 
 

Fig. 3: Comparison of theoretical and data-based CPD 
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Abstract-The array gain (AG) of long towed linear array may be degraded seriously in the 
littoral environment, especially on the near endfire direction and the very low frequency band 
(<100Hz). A statistical received signal model, combined with the simplified channel 
parameters, is established to assess the effects of the waveguide propagation on the 
conventional beam forming (CBF) performance, including target bearing spread and 
physical achievable array gain. The target beam spread, as the function of signal frequency 
and bandwidth, simplifying channel structure parameters (equivalent layer depth, and 
boundary reflectivity), array aperture, and the target bearing, is deduced theoretically and 
simulated numerically based on the Krakenc program. The results show that the array signal 
gain degradation (ASGD) is mainly due to the signal relative bandwidth, waveguide 
thickness and target bearing. In our primitive acoustic experiment, performed in the South 
China Sea (water depth 75m), a 256m long linear array with the signal bandwidth from 30Hz 
to 1.2kHz is used to validate the analysis results. 

Keywords: beam spread, conventional beamforming, propagation waveguide 
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1.  INTRODUCTION 
In the shallow water environment, the horizontal wavenumbers of domain propagation 

modes are close enough in the frequency band above several hundreds Hertz, hence it is 
unnecessary to distinguish the effects of different modes in towed-line array beamforming 
processing. With the frequency decreasing, the influence of underwater channel propagation 
structure can’t be neglected any more, especially in the large-aperture towed-line array 
applications. In the very low frequency band below 100Hz, there are just a few propagation 
modes to long range which have less influences from the ocean channel inhomogeneities, 
such as rough sea surface, sound speed profile varieties and the small-scale sea floor 
irregularities. Therefore, comparative strong waveguide interference phenomenon, e.g. 
waveguide invariant, can be perceived easily in most low frequency propagation experiments 
due to the coherence of different modes. Mainly at the frequency of several hundreds, W. 
Carey[1, 2] investigated the signal coherence length and corresponding array signal gain 
degradation in statistic sense for long linear array performance estimation, in which the 
channel multipath or mode structure is treated as the main cause for signal coherence 
degradation. Considering the mode coupling and scintillating, this treatment is appropriate for 
the signal randomness due to long range propagation and channel fluctuation. For the 
mid-range and smooth horizontal variable channel, which is often meted in the circumjacent 
sea area of China, the mode structure is stable enough and there exists a potential possibility 
to use the mode information for target location. In the horizontal line array situation, the 
mode effects on target azimuth extension and behaviors in beam domain should be make 
clear firstly, and the aim of this article is try to provide a concise scenario for the process 
about the channel structure effects on the array beamformer. 

2. ARRAY SIGNAL MODEL IN A WAVEGUIDE 
Assume the sound field is stimulated by a resonant source in the shallow water 

horizontally stratified waveguide, the sound pressure in long range is[3] 
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Where l  is the lth mode function, and rlk is its horizontal wavenumber, of which the 

imaginary part gives the mode decay rate and the real part decides the spatial phase variation, 

denoted by )Im( rlk and )Re( rll k  respectively. Note that the temporal item tie   is 

omitted. 
Assume the received array is in the far field and the array aperture L is far small than the 

propagation distance. Thus, the average transmission loss (TL) on each element almost 
remains invariable. The received signal of the mth element can be written as  

;),()(
1

0 



P

l

ri
lmmm

mleAzrprrg   
 

(2) 
) 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 608 -



Where sm Dmrr sin)1(0  , here s is the geometric direction of target, defined as the 

angle between source direction and the array normal line. z0 is the depth and D is the element 
space of the horizontal linear array. In the beamformer, the signal magnitude  

rl
kir
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l kezzieA rl  8)()( )Im(
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4/ 0  , can be treated as a constant.  

Using the matrix form, the nth snapshot of the array received signal can be simplified as 
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3. THE BEAMFORMER PERFORMANCE IN WAVEGUIDE PROPAGATION 
For the conventional beamforming (CBF), we choose the steering vector based on 

reference sound speed co and the arrival mode structure is equivalent to source spread. The 
average output of CBF is  

 ww xx
Hny R)(   waw 2

2

1
 



P

i
i

H
is     

 
(5) 

) 

Where the steering vector TMii ee ],,,1[ sin)1(sin 00 




 w  and normalized, i.e. 1w .  

The reference wavenumber 00 c  . Furthermore, we assume that the propagation channel 

satisfy the Pekeris waveguide condition and discuss two extreme situations in detail. 

Case I: ia are orthogonal each other.  

There are P peaks in the beam domain, the corresponding azimuths angles are 

);sinarcsin( 0 sll   In order to fulfill the orthogonality condition, the peaks distance 

should be larger than the beam resolution, which is decided by the array aperture L, that is 

   Lll 01sinsin     
(6) 

) 

Here  00 2 c  is the wavelength. 
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) 
Considering the waveguide parameters, the sound speeds and densities are denoted by (cw,ρw) 
and (cb, ρb) for the upper fluid layer and bottom halfspace. The water volume thickness is H. 
Then the horizontal wavenumber is determined by the characteristics equation[4]: 

bzwwzbwz kkiHk ,,, )tan(  , here     2/122
,

2/122
, lbbzlwwz kkandkk   , with media 

wavenumber ww ck / and bb ck / . A straightforward conclusion is that the propagation 

mode with less loss should satisfy the inequation wlb kk   . 

In the hard bottom situation, the approximate mode solution for Pekeris waveguide is 
similar to that of the absolute rigid bottom condition. Then 
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Approximatively, we have wll k 1 , especially with the frequency increasing.  
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Substitute into the inequation (7), the minimum array aperture for distinguishing the lth and 
l+1th mode is. 
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   Fig.1: A distinguishable modes case           Fig.2: A spread target beam case 

Given the minimum signal frequency is 50Hz, the sea depth is 100m, and the source 

direction 030s , the minimum array length should be larger than 1.7km in order to 

distinguish the 1st and 2nd modes. If the frequency increases to 100Hz, then the L changes to 
be 2.4km. Moreover, the inequation (10) is the primary limiting condition of the horizontal 
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array matched-field processing (MFP). Approximately, the corresponding ASGD is 10lgNp, 
where Np is the estimated number of the domain modes.  

Case II: ia are close that cannot be distinguished in the beam domain. 

Because the modes are undistinguishable, their effects are equivalent to the source spread. 
Here we defined the source spread quantity in the beam domain, 

;)(sinsinsin 011  PsP   In the Pekeris waveguide and the mode magnitudes 

are almost the same by fully mode coupled effect in large distance, we have the source spread  
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Take the array resolution L into consideration, the ASGD can be written  
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In general, the source spread is adverse for weak target detection. If we restrict the target 
spread less than the beamwidth, then the maximum array aperture can be obtained when 
ASGD = 0dB. Assume the cb=1800m/s and other parameters are the same as the former 
example, then the L should be less than 360m. If the frequency increases to 100Hz, then the L 
decreases to 190m. Considering the magnitudes of the higher rank modes will decay rapidly 
in some exponent law, the practice spread  will decrease markedly and the L may hold 
constant as the frequency increasing more.  

4. THE MODEL SIMULATION AND PRIMITIVE EXPERIMENT RESULTS 
In the spring of 2009, a primitive experiment was hold in the shallow water area of the 

South China Sea. The sea bottom is smooth and depth is about 80m. A 256m, 32-element 
uniform long line array is used and deployed in the depth of 8m. The source system is made 
up of two transfers, UW350 (20Hz-40kHz, 165dB) and FM750(600-900Hz,185dB), all in the 
depth of 20m. The distance between source and receiver is about 9.7km. 

95 100 105 110 115 120
-20

-15

-10

-5

0

5

Azimuths (Degrees)

T
h
e
 S

ig
n
a
l L

e
ve

l (
d
B

)

 

 

 40Hz

 80Hz

160Hz

255Hz

95 100 105 110 115 120
-20

-15

-10

-5

0

5

Azimuths (Degrees)

T
h
e
 S

ig
n
a
l L

e
ve

l (
d
B

)

 

 

 40Hz

 80Hz

160Hz

255Hz

 

Fig.3: The 8th pluses sequence results       Fig.4: The 14th pluses sequence results 
Fig.3 and Fig.4 give the 8th and 14th pulses sequence results respectively, in which is 

made up of CW pulses of different frequencies, the total sequence lasts 75 seconds and 
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projected repeatedly. For the experiment array of 256m aperture, the beam spread is hardly to 
perceive on the frequency below 100Hz. With the frequency increasing, the beam spread, or 
even splitting, will occur corresponding to the analysis in section 3.  

In order to analyze the effects of the propagation waveguide on the beamformer 
performance, a simple stratified propagation channel simulation model is established based 
on Krakenc program. We choose the sea depth of 80m and the bottom sound speed 1750m/s. 
Fig.5 and 6 gives the beamforming simulations in the plane wavefront and the propagation 
waveguide situation respectively, Fig.7 is the mode magnitudes structures of different 
frequencies. Apparently, the waveguide simulation is consistent with the sea trial results.  
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Fig.5: The plane wavefront results  Fig.6: The waveguide results  Fig.7: The mode structures  

5. CONCLUSION 
In our primary analysis of waveguide effects on long linear array beamforming, the beam 

spread and splitting phenomena are explained by the array signal model in a waveguide. In a 
physical ocean channel, the waveguide modes structure commonly restricts achievable ASG 
and beamformer performance, of which randomness influences the array directivity markedly. 
The target azimuth estimation error is another serious problem in very low frequency 
processing, which is skipped over here for future study. 
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Abstract: Accurate passive acoustic (ASW) performance modeling requires high-fidelity 
environmental inputs, accurate acoustic propagation and noise modeling as well as the 
integration of the statistics of the detection of quiet signals in a dynamic environment.  In 
this paper we present the combination of Parabolic Equation modeling with state of the 
art statistical signal processing to be able to incorporate platform motion and target 
kinematics.  The complex interplay between environmental acoustics as well as source and 
receiver motion can be addressed. A recently developed C-language efficient Parabolic 
Equation solution to the passive sonar performance prediction is presented. Historically, 
due to a separation of disciplines between physics and mathematical operations research, 
the propagation and motion model/statistical detection have been separated and 
performed independently in series.  In this paper we present a fictional scenario of a the 
protection of the Cook Strait, New Zealand, against clandestine submarine attack.  
Experimental results from a deep-water experiment in the Philippine Sea will be presented 
at the conference. 

Keywords: Range Dependent Propagation Modelling, Detection Theory, Passive Sonar 
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INTRODUCTION 

Passive Anti-Submarine Warfare (ASW) performance in shallow water and shelf-break 
environments is a complex function of environmentally varying bathymetry and 
oceanography, and the presence of dynamic interferers.  The addition of target and 
receiver motion leads to a highly non-linear problem both for prediction of sensor 
performance and for optimization of search tracks for successful military operations.  
Traditionally, the problem is broken into two separate problems, along discipline lines of 
physics (environmental variability and propagation physics) and mathematical operations 
research (target motion and optimal search strategies.) 

In this paper, a single computational approach to sensor performance of a moving 
platform against a moving receiver in a complex acoustic environment is presented. The 
authors believe that the acoustic environment is sensitive enough to receiver/target 
position, that a summary of propagation characteristics, generalized to a mathematical 
model for inclusion in a mathematical optimization approach is not sufficient to capture 
the strong degree of propagation dependence upon the environment.   

Accurate passive sonar performance in the presence of dynamic interferers in a 
complex acoustic propagation environment requires the computation of the full field array 
response to both signal and the dynamic noise field.  Traditional sonar equation 
approaches based upon Transmission Loss (TL) and Array Gain (AG), neglect full-field 
effects for both signal detection and noise rejection.  To-date, the inclusion of the full field 
in sonar performance modelling has been limited by CPU limitations and not propagation 
code capabilities.  To facilitate the incorporation of full-field, full array propagation 
modelling within the sonar performance computation, the authors have developed the 
CRAM model (C-language Range-dependent Acoustic Model) based upon the split-step 
Pade approximation of Collin’s1 RAM model.  This model permits, at little extra expense 
over the single source, the computation of the acoustic field from an array of sensors to 
target locations on a uniform grid in Cartesian space.  The integration of this model with a 
moving platform, moving target sonar scenario is the primary purpose of this paper. 

This paper is organized as follows.  In Section 2, the CRAM model is presented.  
Section 3 presents the statistical detection model, including effects of motion and multiple 
samples with a prescribed level of statistical correlation between subsequent samples.  
Section 4 presents a simulation example.  In order to avoid diplomatic and classification 
sensitivities, we have fabricated an ASW war-game scenario where the Cook Strait 
between the North and South islands of New Zealand is defended against the passage of a 
hostile (possibly Maori) submarine.  

CRAM PARABOLIC EQUATION MODEL 

In order to take advantage of modern computer memory management, compiler 
optimization and multiprocessor architecture, the FORTRAN based RAM model was 
recoded in the C-language. The efficiency of CRAM is obtained by its unique handling of 
the multiple coordinate systems involved in the Nx2D problem. Propagation from a point 
source in the ocean is best expressed in cylindrical coordinates, where the environment is 
said to be dependent on range, depth, and azimuth, and the various azimuthal runs are 
computed by independent 2D PE runs (until azimuthal coupling is added, at which point 
the problem becomes a full 3D propagation model and the separate azimuth runs are not 
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independent). However, the desired output for an Nx2D computation is often a 
lon/lat/depth grid in geographic coordinates. A conceptually easy method for handling this 
coordinate disparity would be to compute the Nx2D runs in a cylindrical region and then 
interpolate them onto the geographic grid as a post-processing step. This can be 
computationally intense and results in interpolation artefacts which are not acceptable 
when dealing with complex-valued fields. 

CRAM uses a better method, which results in an output produced without 
interpolation. The implementation of the 2D PE core in CRAM permits an irregular 
spacing of output ranges to be specified for each radial (this is accomplished by varying 
the PE range step size dynamically in order to make sure it is always an integer factor of 
the distance to the next requested range). A set of radials to be calculated is decided upon, 
based on an acceptable cross-range error at the maximum range desired. For each of these 
radials, a separate list of output ranges is initialised. Then, for each output point on the 
grid, the radial bearing passing nearest to it is determined, and the exact range of the 
output point to the acoustic source is added to the nearest radial's list of desired output 
ranges. Finally, all of the radials are computed independently (an "embarrassingly 
parallel" problem which takes full advantage of multiprocessor architecture) and the field 
outputs are copied directly into their pre-assigned slots in the geographic coordinate grid. 

As an illustration of the plan-view (Cartesian grid) output of the CRAM model, the 
Transmission Loss prediction for the Philippine Sea 2010 experiment, planned by the 
Office of Naval Research, is shown in Figure 1.  This experiment consists of 6 source 
moorings located in a tomographic pentagonal array in the deep-water basin of the 
Philippine Sea.  The center-frequency is 250 Hz, the sources are on the axis and the 
receivers (for this simulation) are near the surface.  The run was done as a single execution 
on a multi-processor machine.  The propagation model shows strong convergence-zone 
propagation in deep water, filled in with bottom bounce energy.  There are regions with 
upslope conversion (south-west), as well as regions with bathymetric blockac. 
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SONAR PERFORMANCE PREDICTION 

Traditional approaches to sonar performance involve the separation of various terms of 
the sonar equation into noise, array gain, source level and transmission loss.   The concept 
of Array Gain (particularly the associated Directivity Index) is challenging in an 
environment multipath in the signal and non-isotropic noise.  The Sonar Performance 
Engine (SPE) algorithm includes all of these effects by using CRAM [Z x X x Y x F x N] 
complex pressure fields to compute the output beam Signal-to-Noise Ratio (SNR) for a 
specified target source, interferer, surface wind, tow-vehicle noise level.   In particular, for 
a specified array location and orientation, the noise cross-spectral density matrix is 
computed for isotropic, surface generated wind (/4 from the surface sheet), specific 
interferer locations (7m below surface) and the tow vehicle (50m forward of element 1) 
are computed.  The signal is computed for a matrix of source locations in depth and on a 
Cartesian grid of Latitude/Longitude coordinates.  This permits the computation of the 
output beam SNR including coherent propagation effects as well as non-isotropic noise 
effects. 

With an output SNR for the a given receiver location, the instantaneous Probability of 
Detection (Pd) for each grid location in the CRAM output can be computed.  Rather than 
assuming a Gaussian signal and noise model, we apply the Pd model of Ainsle2.  The 
signal is presumed to be a strong arrival plus a random Rician component: 

(1)  Pd = 1- ln Pfa( )*
R

1+ R( )2

é

é
é
é

é

é
é
é
* Pfa

1+R( )-1

   

where R = SNR/2 and Pfa is the user specified Probability of False Alarm (1e-6 in this 
paper). 

With an instantaneous Pd as a function of source/target location, the multiple 
independent look detection model is applied.  In Eller et. al.3, in this volume, the model is 
developed and extended to the situation where subsequent looks can have a specified 
correlation coefficient, not required to be set to zero.  The Cumulative Probability of 
Detection CPd, which is the measure of a systems capability to ultimately detect a target, 
can be computed by analytically determining the probability that no detection is made.  If 
q(n) = 1 – Pd(n), is the instantaneous probability of no detection at time n, than the CPd is 
defined by: 

(2)      CPd t( ) =1- Q =1- q n( )
n=1

t

å =1- 1- Pd n( )( )
n=1

t

å   

With a Monte-Carlo motion model of targets, we now have an integrated approach to 
computing acoustic propagation, instantaneous sonar performance (SNR) and system 
performance (CPd). 

COOK STRAIT SIMULATION 

We now present a fictitious, albeit interesting, war-game scenario.  The tactical 
situation is the defence of the city of Wellington NZ, from the attack of a hostile 
submarine from the east over the Chatham Rise.  This scenarios was chosen because of its 
lack of correlation with current geo-political naval issues and it’s complex environmental 
characteristics.   The defensive asset is limited to a 100m towed array towed from a mid-
size surface ship. The operating frequency is 100 Hz.  For this scenario, the surface ship 
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tows on a Zig-Zag pattern from deep water towards the strait at 20 knots.  The target 
model is a uniform random start position, straight-line model with a Gaussian velocity 
centered at 6 knots with a 2-knot standard deviation.  The acoustic field is computed for 
the complete array, every 4 minutes.  For this computation, a noise-floor is set to 56 
dB/uPa^2.  The towship forward endfire blanking is computed by physically placing a 
source of 130 dB/uPa^2/Hz a distance of 100m in front of the array at a depth of 6m.  
Target position is averaged over 10-40 m.  The target source level is 130 dB/uPa^2/Hz.  
The maximum SNR detected over the entire path is shown in Figure 2. Where the color 
scale is from 0-35 dB. 

 

 
Figure 2.  Maximum SNR as a function of position over the entire passage. 

 
An ensemble of 20,000 targets, with appropriate kinematics approaching Wellington, is 
used to compute the instantaneous Pd as a function of position using the time/space 
dependent SNR computation and Eq. 1.  Applying the assumption that an independent 
sample can be taken every 4 minutes, the CPd is computed using Eq. 2.  The target 
locations are then binned as a function of position and time and the average target CPd is 
computed.  In Figure 3, the CPd as a function of target position is plotted for hours 2-8.  
The highest SNR occurs for the direct path propagation in deep water on the initial track 
over Mernoo Bank.  The CPd at hour 2 illustrates the capabilities of this track to provide a 
barrier.  As time evolves, combination of spatial coverage and target kinematics is 
evidenct, in particular, the advection of the region of high probability of detection.  At 
hour 6 and 8, detections in shallow water add to the total area coverage, but confidence in 
area coverage out on Mernoo Bank is lost. 
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Figure 3.  Maximum SNR as a function of position over the entire passage. 

 

SUMMARY 

In this paper we have presented an integrated acoustic-detection signal processing 
model that utilizes coherent array processing to estimate beam-SNR and subsequent 
instantaneous Probability of Detection.  A Monte-Carlo target kinematic model is then 
used to integrate the system level Cumulative Probability of Detection as a function of 
space and time.  Strong dependence upon range-dependent acoustic propagation and target 
kinematics is evident in the simulation example of the approach to Wellington Harbor and 
Cook Strait. 
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Abstract: A scanning Laser Doppler Vibrometer (LDV) provides a potential method of 
measuring the surface velocity of an immersed underwater transducer.  Scanning the laser 
beam across a transducer in this way has the potential to be a fast, non-invasive method 
for source characterisation and, in turn, field prediction.  Such measurements are, 
however, significantly complicated by the acousto-optic interaction – that is, the effect on 
the measurements of the acoustic field through which the laser beam passes. A detailed 
simulation of the LDV measurement of a circular, plane-piston transducer emitting a tone-
burst has been created.  This use of a transient pressure field is important both for 
simulation and experiment, such that measurements can be made over a time window 
which ends before any acoustic signal reaches the water tank boundaries.  The simulation 
results show a significant acousto-optic artefact contribution to the surface velocity data, 
but also that for some applications useful field predictions may be made in spite of this.  
To complement the simulations, experimental measurements have been made using a 
commercial LDV (Polytec PSV-400) on 500 kHz circular transducers.   

Keywords: Laser Doppler Vibrometer, acousto-optic interaction, calibration 
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1. INTRODUCTION  

Higher frequency sonar transducers are conventionally characterised by making 
measurements with hydrophones.  For large aperture devices this may require a significant 
experimental facility in order to reach the far-field, and even then the measurements may 
not be made at the operational range.  One approach is to use a hydrophone to scan a plane 
(or cylindrical surface) in the near-field of the transducer and propagate this data 
numerically to predict the far-field behaviour; this has already been demonstrated for high 
frequency sonar transducers [1, 2] and high frequency ultrasound transducers [3, 4].  Such 
scanning techniques can take a long time for large devices at high frequencies. 

However, the availability of optical measurement systems, such as Laser Doppler 
Vibrometers (LDVs), make it possible to consider alternative optical techniques of 
characterising fields by measuring the movement of a thin membrane (pellicle) in the field 
[5] or by means of the acousto-optic effect [6].  Alternatively, the velocity of the 
transducer front face may be measured directly, and the 2-D data propagated numerically 
to predict the acoustic field [2].  This approach enables devices with large near-field 
regions to be calibrated in small laboratory tanks in principle.   

The use of an LDV to measure surface velocities in water is, however, complicated by 
the acousto-optic effect as a result of the pressure wave generated in water.  The acoustic 
wave modifies the apparent optical path length via the acousto-optic effect; the LDV will 
interpret this as an additional component of surface velocity.  This can be significant, 
especially for edge waves which propagate across the face of the transducer with their 
wavefronts parallel to the optical beam, enabling the integrated effect to build up.  This 
has been noted [7, 8] and means that the LDV output will not necessarily be an accurate 
representation of the surface velocity underwater.  However, the nature of the additional 
apparent components generated by the edge waves (which appear to propagate across the 
surface with a phase velocity equal to that of water) means that they will not tend to 
radiate strongly in the axial direction.  The extent to which the additional components are 
significant is the subject of this study; they may not be important if the real and acousto-
optic contributions can be resolved in k-space.  Model predictions are used to explore the 
effects on field predictions derived from LDV measurements of transducer surface 
velocity. The results of numerically propagating LDV surface measurements are also 
presented.  

2. THEORY  

Consider a Laser Doppler Vibrometer (LDV) arranged outside of a water tank so that 
its laser beam is incident normally on to the surface of the transducer (see Fig. 1).  As a 
result of the acousto-optic effect the LDV will register an apparent velocity vapp where 

  

  
   (1,2) 

Here γ is the adiabatic piezo-optic coefficient and nw is the refractive index of water under 
ambient conditions.  The piezo-optic coefficient describes the changes in optical refractive 
index with acoustic pressure. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 620 -



 

 
Fig. 1: Basic LDV geometry, showing an acoustic pulse having travelled part way to the 

tank boundary. 
 
The special case where the acoustic field is a plane wave that has not propagated as far as 
the tank window is now considered.  Consider the transducer to be stationary at time zero, 
and then to instantaneously start to move with a perfect sinusoidal velocity 
 

  
  (3) 

This results in a pressure  
 

  
  (4) 

Here ω0 is the acoustic angular frequency, k is the acoustic wavenumber in water and 
p0 = ρ0c0v0.  For this plane wave case it can be shown [9] that vapp(t) = neff.v(t) where 
 

 
(5) 

For a real transducer the wavefield will not be planar in nature.  In addition it is 
essential to consider the source being driven with a tone-burst so that measurements are 
still made under free-field conditions where the acoustic field hasn’t reached the optical 
window.  For this reason it is necessary to model the acousto-optic effect for a time 
dependant field radiated by a transducer. 

In order to investigate the effects of the acousto-optic effect on LDV measurements a 
numerical model was set up to simulate a circular transducer driven with a tone burst 
signal.  The first step in the calculation process involved calculating the time dependent 
pressure field p(r, z, t) of a circular transducer, of radius a, through which the laser beam 
passes.  This was achieved using a method described by Stepanishen [10] which expresses 
the velocity potential at a point in space as a convolution of the transducer impulse 
response with the source velocity time history.  This was used to calculate the wavefield as 
a function of time at each spatial co-ordinate (r, z). 

These results were then used to calculate the apparent velocity of the transducer using 
Equation (1) by numerically integrating along the laser path at a constant radial 
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coordinate r.  The calculated values were numerically differentiated to give the temporal 
derivative of the integrated pressure, again as a function of time.  From this the effective 
transducer velocity, as would be seen by a LDV, was calculated. 

The fundamental signal measured by an LDV is the time-dependent apparent velocity 
considered thus far.  Commercial LDVs are, however, often designed to measure steady-
state surface vibration.  This is achieved by taking the Fourier transform of an 
appropriately time-gated section of the raw velocity signal, resulting in a measured 
velocity spectrum.  Data at individual frequency components are then typically assessed 
by viewing 2D amplitude and phase distributions.  For underwater transducer 
measurement, it will be the velocity spectrum component at the driving frequency that is 
of interest. Such steady-state measurements have been simulated by processing the 
apparent velocity signals predicted by the numerical model in exactly the same way.  The 
time window was selected to simulate that typically used in experimental measurements. 

3. MODEL SIMULATIONS  

Model predictions were run for a small device (31.75 mm in diameter) at 500 kHz.  
Fig. 2 shows the magnitude and phase of the apparent velocity, as a function of the radial 
coordinate, according to the model.  The magnitude is normalised by the true velocity, 
which is also shown for comparison.  This shows clear deviations from the true velocity 
over the transducer surface with a particularly large deviation on the acoustic axis.  For 
r > a, i.e. over the baffle surrounding the piston, the apparent velocity is not zero, and 
only falls off slowly with r.  The phase variation indicates that the apparent velocity looks 
like a wave that travels over the surface of the baffle with the speed of sound in water.  

 

 
Fig. 2: Simulated steady-state apparent velocity and true surface velocity for a 

15.9 mm radius circular piston source. Amplitudes are normalised to those of the true 
surface velocity over the radiating area. 

 
In order to understand more of this behaviour it is possible to subtract the expected 

velocity from the apparent velocity to obtain the optical artefact in the velocity.  Fig. 3 
shows the normalised magnitude and phase of this artefact velocity, again as a function of 
the radial coordinate.  Over the transducer area the artefact has the appearance of a 
standing wave in a system with circular symmetry; the acousto-optic artefact appears to be 
dominated by the effect of the edge wave propagating over the surface of the transducer. 
This is because in this region the wavefronts and the laser beam are parallel so the effect 
of the acousto-optic effect can build up constructively. 
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Fig. 3: Velocity artefact (apparent velocity – true velocity) for the results presented in 

Fig.  2.  All amplitudes and phases are expressed relative to those of the true surface 
velocity over the radiating area. 

 
These results indicate how the acousto-optic effect will make it difficult to analyse 

transducer surface vibration underwater using LDV techniques.  However, it is possible to 
use the simulated LDV data as input to a propagation routine to predict the far-field beam 
pattern.  The resulting normalised directivity is shown in Fig. 4, with the true directivity of 
a circular piston for comparison.  This shows that the beam pattern is very well reproduced 
for angles up to 30º, with only the nulls between the sidelobes not well reproduced.  
However the directivity predictions above 50º show significant deviations from the true 
directivity, especially as the angle approaches 90º.   

 

 
 

Fig. 4: Predicted far-field directivities calculated from the simulated apparent velocity 
distribution for a 15.9 mm radius, 500 kHz circular piston transducer.  The true directivity 

is shown for comparison. 

4. EXPERIMENTAL MEASUREMENTS  

Results that show the potential of the LDV technique will be considered in this section.  
The measurements reported here were performed on two circular transducers, 31.8 mm 
and 200 mm in diameter, at a frequency of 500 kHz.  The transducers were each driven 
with a tone-burst, derived from an arbitrary waveform generator and amplified by an ENI 
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240L power amplifier.  The ‘far-field’ measurements were made in a test tank or a larger 
reservoir facility as appropriate.  

Optical scans of the transducer were undertaken using a Polytec PSV-400 scanning 
vibrometer, consisting of an OFV 505 scanning head and a PSV-E-400-M2-20 control 
unit.  The vibrometer scanned the laser beam over a grid of user defined positions on a 
surface and measured the normal component of the surface velocity by measuring the 
Doppler shift of the reflected laser light. 

5. EXPERIMENTAL RESULTS 

Fig. 5 shows the results of the LDV scan on the smaller 31.8 mm diameter device when 
mounted in aluminium baffle.  The amplitude results show clear evidence of fluctuations 
across the surface of the transducer similar to those shown in Fig. 2.  The periodic phase 
variation over the surface of the baffle indicates that this is related to the acousto-optic 
artefact due to the travelling edge wave.   

 
 
Fig. 5: Measured surface velocity over the radiating area of a 31.8 mm source, with the 

source mounted in the baffle and driven at 500 kHz. 
 

The results shown in Fig. 5 have been used to estimate the far-field directivity of the 
source by linear propagation [1].  The resulting directivity is compared with direct 
hydrophone measurements of the directivity at a range of 1.25 m in Fig 6(a).  The 
agreement between the predicted and directly measured directivity patterns for the three 
main lobes is excellent. At higher angles the differences become increasingly significant, 
especially beyond about 70º where the acousto-optic artefact contribution becomes 
dominant. It should be noted that the hydrophone measurement of directivity has its own 
uncertainties, the primary ones being whether the experimental setup has the centre of 
rotation correctly positioned and whether the hydrophone was correctly aligned.  

In Fig. 6(b) corresponding directivity results are presented for the larger 200 mm 
transducer; hydrophone measurements, made at a range of 24.4 m, are compared with 
predictions from the LDV optical measurements.  Again excellent agreement is obtained 
for the main lobe and first few sidelobes although some larger deviations are observed 
above 15º.   These can be attributed, in part, to the fact that the transducer had to be 
transferred to a reservoir facility to make the far-field measurements, making it difficult to 
ensure consistency of vertical alignment between the measurements.   Overall, Fig.  6 
presents a convincing validation that accurate far-field directivity data can be obtained at 
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modest angles from optically measured surface velocity data – despite the presence of an 
acousto-optic artefact. 

     

  

Fig. 6: Amplitude of the far-field directivity for (a) the 31.8 mm diameter source 
measured at 1.25 m and (b) the 200 mm source at 24.4 m.   The hydrophone results are 

compared with predictions obtained from the LDV measurements of the transducer 
surface velocity. The frequency used was 500 kHz in each case. 

6. DISCUSSION AND CONCLUSIONS  

The field radiated by a transducer underwater has the potential to create extra phase 
shifts in the optical path (via the acousto-optic effect) which complicate the measurement 
of transducer surface velocity using an LDV.  This is because the LDV interprets these 
additional phase changes as an additional apparent velocity of the surface.   Model 
simulations show that this velocity artefact can be comparable with the true velocity, and 
is mainly associated with the edge waves that travel across the surface of the transducer 
and surrounding baffle.  Clearly this makes the interpretation of LDV data for a transducer 
in water difficult, especially as the effects may resemble what might be expected from 
standing waves on the transducer surface. 

Simulated LDV data for a small transducer, 31.8 mm in diameter, has been used to 
calculate the far-field directivity from the apparent surface velocity.  This shows that the 
effect of the artefact on the propagated field directivity is small for angles up to 30º.  This 
has been confirmed by experimental observations that indicate that it is possible to 
estimate far-field directivities for small angles from LDV scan data.  Experimental results 
for both a 31.8 mm and larger 200 mm diameter transducer show very good agreement 
between the propagated LDV data and hydrophone measurements for angles near the 
acoustic axis.  The optical approach has the potential advantages over hydrophone scans of 
being non-perturbing, higher resolution and faster. The LDV data can be also used as an 
input to nonlinear propagation algorithms if required. 

Further detailed calculations are currently being used to investigate the acousto-optic 
effect for tone bursts and the factors affecting LDV measurements of ultrasonic transducer 
surface velocities underwater.  Numerical modelling indicates that there can be a benefit in 
using the LDV to measure the velocity of a thin gold coated polymer membrane (pellicle), 
offset from the transducer face, rather than the velocity of the transducer face directly.  
This has the effect of reducing the significance of the acousto-optic artefact due to the fact 

(a) (b) 
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that the wavefronts of the edge waves are no longer parallel to the laser beam at the 
pellicle surface.  
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Abstract: Active sonar systems are often flooded with false alarms from inhomogeneities in
the ocean environment. Spatially compact objects, such as shipwrecks, are among the most
difficult to identify as a false contact rather than a target owing to the sharp rise and fall
of the echo and strength of the echo relative to the local background. A statistical analysis
of echoes from a shipwreck taken with a low-frequency active sonar system in 2- and 10-km
monostatic geometries and a 12-km bistatic geometry is presented where a maximum-likelihood
estimator is used to automatically and consistently define the echo start and stop times. The
K-distribution shape parameter is used to represent how non-Rayleigh, and therefore false-
alarm prone, the data are. A correction factor to the shape parameter estimate is seen to
remove the effect of the varying SNR observed across the different ranges and aspect angles,
corroborating and refining previous analysis and strengthening the expectation that the shape
parameter of a compact clutter source is invariant to multipath. The average shape parameter
over all aspect angles having data at all three ranges was approximately 2.5, indicating very
heavy-tailed data. Lower values were observed at specular aspects of the shipwreck and a
log-normally-distributed variation was observed over the full aspect range.

Keywords: clutter statistics, bistatic, K distribution, log-normal distribution
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1. INTRODUCTION

In shallow water environments, the performance of active sonar systems is typically limited
by false alarms arising from inhomogeneities in the ocean boundaries and water column. False
alarm sources can include fish or fish schools [1, 2], mud volcanoes [3], rock outcrops or ridges
[4, 5], and shipwrecks [6, 7, 8]. These ‘clutter’ echoes received by the sonar system are often
described statistically as having a departure from the standard Rayleigh envelope probability
density function (PDF). The system probability of false alarm (Pfa) is then obtained from
the envelope PDF with heavy-tailed PDFs indicative of high false-alarm rates relative to the
nominal Rayleigh-distributed background.

In this paper a statistical analysis and comparison of monostatic and bistatic echoes from a
shipwreck are presented. The statistical analysis is limited to evaluating the shape parameter
(α) of the K distribution [9], which quantifies the departure of the envelope PDF from the
Rayleigh distribution. New in this work is an automated maximum-likelihood estimation of
the start and stop times of the wreck echo and use of a signal-to-noise ratio (SNR) correction
to the shape parameter estimate, which provides for a more accurate comparison between the
monostatic and bistatic data.

2. DATA ANALYSIS

The data analyzed were acquired during the NATO Undersea Research Centre’s Clutter‘07
experiment (P. Nielsen, Scientist in Charge; please see full acknowledgement in Sect. 4) and
contain echoes from a shipwreck in the Malta Plateau region of the Mediterranean Sea located
at 36◦ 18.804′ N by 14◦ 41.136′ E. Monostatic echoes at 2- and 10-km ranges were collected
along with bistatic echoes at a 12-km range for a variety of aspect angles. The transmit signal
was a linear-frequency-modulated waveform spanning 800–1800 Hz. A more detailed descrip-
tion of the experiment may be found in previously published data analyses [7, 8].

2.1. Echo-isolation and estimation procedure

The shipwreck echoes are identified manually for each ping analyzed by viewing the matched-
filtered time series for the beam pointing at the wreck. A half-second window centered on the
peak is chosen for statistical analysis. Within the analysis window, the wreck echo is isolated
by obtaining a maximum likelihood estimate (MLE) for the start and stop time under the fol-
lowing assumptions: (i) the start time, i0, is in the first half of the window and the stop time, i1,
is in the second half, and (ii) the leading and lagging noise windows and the window contain-
ing the wreck echo each have exponentially distributed data but with different average powers.
While the latter condition is not expected to be accurate for the middle window, owing to the
heavy tails of the wreck-echo PDF, the likelihood of the exponential model with a different
power compared with the background is adequate for estimating the start and stop times.

If Y1,. . . ,Yn are the matched filter intensity data in the analysis window, then the power
estimates of the different segments are

λ̂0 =
1

i0 − 1

i0−1∑
i=1

Yi and λ̂1 =
1

n− i1

n∑
i=i1+1

Yi, (1)
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for the noise segments and for the clutter echo

P̂c+n =
1

i1 − i0 + 1

i1∑
i=i0

Yi. (2)

The start and stop times are chosen by maximizing the log-likelihood function obtained by
using the parameter estimates of (1)–(2), which is seen to be

L(i0, i1;Y ) = −n− (i0 − 1) log λ̂0 − (n− i1) log λ̂1 − (i1 − i0 + 1) log P̂c+n (3)

where Y is a vector containing the intensity data. Finding i0 ≤ n/2 and i1 ≥ n/2 + 1
maximizing (3) is straightforward and much simpler and quicker than attempting to account for
the potentially higher likelihood obtained by using the K PDF in the wreck-echo window, which
would require many Bessel-function evaluations and forming the MLE for the K-distribution
parameters.

From these parameter estimates, the average background noise power is λ̄n = (λ̂0+λ̂1)/2 or
N0 = 10 log10 λ̄n in decibels. The average-clutter-power and peak-clutter-response to average-
noise-power ratio are, respectively and in decibels

Sc = 10 log10

(
P̂c+n

λ̄n
− 1

)
and Sp = max

i∈[i0,i1]
10 log10

(
Yi
λ̄n

− 1
)
. (4)

The data segment containing the wreck echo (i.e., Yi0 ,. . . ,Yi1) is then used to estimate the shape
parameter using the technique described in [10]. Define this estimate as α̂c+n.

2.2. Statistics of wreck shape parameter estimates

Previous analysis of the monostatic echoes from the shipwreck [8] illustrated that the shape
parameter estimates were similar at the two ranges, with the 10-km data slightly larger than
the 2-km data, likely a result of the lower SNR of the 10-km data. A theoretical argument was
made that the effect of multipath on α would be minimal owing to the spatial compactness of
the wreck. The present analysis uses the procedure described in Sect. 2.1 to delineate the wreck
echo, which should provide better isolation than the prior technique (based on the Page test) as
it employs a statistical model for the wreck echo in searching for the start and stop times.

Before statistical analysis, the data are parsed so that each echo has sufficient SNR and that
the noise power estimate is accurate enough. It was required that Sp ≥ 15 dB, Sc ≥ 3 dB, and
that the noise power estimates from the leading and lagging window not differ by more than 6
dB. This culling left 407 of the 411 2-km echoes, 216 of the 261 10-km echoes, and 190 of the
369 12-km echoes.

The data for the 2-km, 10-km, and 12-km ranges are displayed by using the shape parameter
estimates after culling to form an empirical cumulative distribution function (CDF) for each
range, which presents the probability of observing a shape parameter equal to or smaller than
the abscissa from all the pings analyzed. As seen in Fig. 1, the CDF curves are ordered from
left to right with increasing range, which indicates that the shape parameter estimates increase
with range with the 2-km monostatic data having the heaviest tails (i.e., lowest α or highest
Pfa) and the 12-km bistatic data having the lightest tails (largest α or lowest Pfa). As will be
demonstrated in the following section, the differences primarily arise from the varying SNR
conditions of the data rather than from the varying propagation conditions or scattering angles.

Fits of the data to a log-normal model (i.e., assuming that the log of the shape parameter
estimate is normally distributed) are also presented in Fig. 1. Interestingly, the log-normal
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model provides a very accurate fit, with the 10-km and 12-km data easily passing Lilliefors’
test for normality when applied to the logarithm of the shape parameter estimates. While the
2-km data failed with a p-value of 0.003, perhaps owing to the higher power of the test achieved
with the larger sample size, as seen in Fig. 1 the fit is still quite respectable. The variability of
the shape parameter estimate comes from both the natural variation of the scattering statistics
with aspect angle and from the randomness of the estimation process. Initial analysis indicates
that the log-normal shape arises from the latter, although the former may introduce a higher
variance than for stationary scattering statistics.

The data results shown in Fig. 1 use all shape parameter estimates passing the SNR and
noise level requirements noted above, which implies that the data used for each range have
varying SNR and cover different sets of aspect angles with varying density of samples per
degree. The latter two conditions may be addressed by combining shape parameter estimates
coming from nearby aspects and restricting consideration to aspects with data from all three
ranges. This results in similar curves (not shown here) to those found in Fig. 1 where the CDFs
are ordered with range and the log-normal distribution provides a good fit, but with fewer
samples and therefore a less powerful comparison to the log-normal distribution. The varying
SNR issue is considered in the following section.

2.3. SNR corrections to shape parameter estimates

The shape parameter estimates obtained from the wreck echoes are corrupted by additive
noise and diffuse reverberation, which have the effect of increasing the shape parameter relative
to what a clean echo from the wreck would produce [11, 12]. The effect may be removed by
dividing α̂c+n by the SNR-dependent correction factor

γ(sc) =
(

1 +
1

sc

)2

(5)

where sc = 10Sc/10 is the linear equivalent of the average clutter power to average noise power.
However, the accuracy with which the shape parameter may be estimated depends on its true
value. As seen in [13], the Cramer-Rao lower bound on the variance of an unbiased estimator
is proportional to the shape parameter squared. To account for this increased variability for
estimates of larger shape parameters, α̂c+n should be divided by a quantity related to the shape
parameter being estimated. This may be accomplished by again dividing by the correction
factor found in (5) to yield an estimate of the clutter shape parameter

α̂c =
α̂c+n

γ2(sc)
=

α̂c+n(
1 + 1

sc

)4 . (6)

The CDFs of the corrected shape parameters for the three ranges are found in Fig. 2 where
the corrections clearly remove the majority of the differences observed in Fig. 1. While the
results of Fig. 1 utilize every ping passing the requirements stated at the beginning of Sect. 2.2,
the data used for Fig. 2 were restricted to aspect-angle sectors 1.2◦ wide (approximately the
broadside beamwidth of the 65-m long wreck at 1500 Hz with Hann shading) for which data
existed for each of the three ranges and were combined so that only one estimate per aspect
region entered the histogram calculation. As seen in Table 1, the average shape parameter over
the three ranges is 2.534 with only a 1% error to any of the individual within-range averages,
illustrating how accurately the correction factor removes the effect of SNR. The parameters of
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the log-normal distribution (µ and σ) illustrate a slight increase in the standard deviation with
range, which is to be expected based on the lower SNRs at the longer ranges.

Using all of the shape parameter estimates from the 2-km range results in a lower average
clutter shape parameter value of 2.15, as seen in Table 1, owing to the greater abundance of
smaller shape parameter values found in the unused aspects (mostly from the starboard side).
Note that even the high SNR values of the 2-km data result in a significant change in the
corrected values.

Fig. 1: CDF of shape parameter estimates compared with the log-normal model.

Fig. 2: CDF of shape parameter estimates after correcting for SNR.
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α̂c µ σ
2-km 2.507 0.919 0.405
10-km 2.538 0.931 0.463
12-km 2.555 0.938 0.569

Average 2.533 0.930 0.484
all 2-km/corrected 2.152 0.766 0.520

all 2-km/uncorrected 2.602 0.956 0.570

Table 1: Estimates for the shipwreck shape parameter and the log-normal distribution
parameters.

Fig. 3: Shape parameter estimates as a function of bistatic angle.

Fig. 4: Shape parameter estimates as a function of monostatic or bistatic aspect angle.
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2.4. Monostatic vs. bistatic results

Expectations vary for the dependence of α on bistatic angle (β) and bistatic aspect angle
(θb). The bistatic aspect angle is defined as the angle from the shipwreck heading (∼ 252◦) to
the bisector of the source-shipwreck-receiver angle [14]. Noting that short, strong echoes are
more likely to have smaller shape parameters, a similar dependence as that for bistatic target
strength might be expected. Previous analysis of these data, however, did not exhibit any clear
dependence on β [7], differing from the results of [15], though the latter was not for a spatially
compact clutter source. Use of the SNR corrections presented in the previous section appears
to support the previous analysis of this data set, as seen in Fig. 3, with no obvious effect with
bistatic angle.

The shape parameter estimates as a function of the monostatic or bistatic aspect angle are
shown in Fig. 4 for each of the ranges. The 2-km range data clearly exhibit smaller shape pa-
rameter values where they are expected based on the target-strength analogy (i.e., aspect angles
90◦ and 270◦), but also at 0◦ and 180◦, perhaps owing to facets on the exposed superstructure of
the ship. The 10- and 12-km data exhibit similar dips in α̂c, though not as consistently. Small
values of α̂c, which are indicative of a higher Pfa, are also observed near the 145◦ aspect in the
2-km data. These may arise from the cant of the ship and are corroborated by small values in
the 10- and 12-km data 90◦ away at 235◦ aspect.

While the bistatic and monostatic shape parameter estimates presented here corroborate
earlier analyses of the data, the SNR corrections provide more significant evidence of the in-
variance of the K-distribution shape parameter to changes in propagation and the relation of
smaller shape parameters to specular scattering conditions.

3. CONCLUSIONS

A statistical analysis of shipwreck echoes has been presented including a maximum-
likelihood echo-isolation procedure and a novel SNR correction to the K-distribution shape
parameter estimate. Using the SNR correction produced nearly identical estimates of the scat-
tering statistics from the shipwreck in 2- and 10-km monostatic geometries and a 12-km bistatic
geometry. The SNR-corrected shape parameter estimates also corroborated earlier analyses of
the scattering statistics as not having any clear dependence on bistatic angle and as present-
ing smaller values (i.e., higher Pfa) when the monostatic or bistatic aspect angle is expected
to yield high target strength and therefore short strong echoes (i.e., specular scattering condi-
tions). Finally, the shape parameter estimates taken across all aspect angles were observed to
be fit very well by a log-normal distribution. While the source of the variation is confounded
between the natural variation in the scattering statistics with aspect angle and the randomness
of the shape parameter estimation, the latter is believed to dominate.
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Abstract: Sonar clutter consists of high level target-like events.  In active sonar, these may 
be produced by scattering from non-target objects or rough interfaces.  Since a large 
number of unknown scatterers are involved, it is appropriate to characterize large 
collections of clutter data by statistical distributions.  The generalized gamma distribution 
has 3 parameters which give it significant flexibility to match a wide range of behavior.  
The generalized gamma parameters may be determined by matching the first 3 statistical 
log moments of a given set of data.  The scale parameter is primarily determined by the 
first moment.  The second moment relates to the average extent of the distribution tails.  
The generalized gamma distribution is skewed, with one tail having an exponential decay, 
while the other tail displays a power law.  Power laws are found throughout a wide range 
of natural phenomena and can be appropriate for the heavy upper tail of sonar clutter 
distributions.  Measured data are often skewed, indicating the importance of the third 
fitting parameter which is related to the skewness.  This allows the upper tail representing 
clutter to be extended without unrealistically extending the lower tail.  Moments of the 
distribution are compared with normalized and unnormalized data. 

Keywords: active sonar, clutter, distribution, power law 
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MEASUREMENT DESCRIPTION  

Active sonar data were collected [1] during the BASE04 test conducted by the NATO 
Undersea Research Centre (NURC) on the Malta Plateau in 2004.  The source transmitted 
1000 Hz wide FM pulses centered at 1300Hz.  The receiver was a high resolution towed 
line array of triplet elements.  Cardiods were formed from the triplets and beamformed 
into 120 beams covering 360 degrees without left-right ambiguities.  Reverberation from 
the sea bottom was observed and was particularly strong at the location of Ragusa Ridge.  
These data are analyzed and compared to statistical distributions. 

For this study, NURC provided data that had been beamformed and matched filtered.  
The matched-filter replica was the full 1000 Hz transmitted signal.  This is referred to here 
as the broadband data.  In addition, the matched filter data were filtered in a 10 Hz wide 
Hann window sub-band, from 1300-1310 Hz referred to as the narrow band data.  These 
narrow band data are equivalent to having transmitted a 10 Hz band width FM with a 
replica filter matched to that signal. 

In this paper clutter is defined as the collection of target-like echoes observed in the 
beamformed and matched filtered data.  Acoustic clutter generally consists of 
unpredictable fluctuations in the reverberation levels that are best characterized by a 
random distribution.  Figure 1 is an over plot of the matched filtered power from all 120 
beams.  The reverberation decays into the ambient noise background after about 25-40s.   

The deterministic component of reverberation is first removed to leave the 
unpredictable residual.  Many sonar models are available to predict reverberation levels.  
However, environmental parameters such as bottom loss and bottom scattering strength 
are often inadequately known for accurate predictions.  For example, even small errors in 
bottom loss may have large impact at long range in shallow water after many bottom 
interactions have occurred.  In order to avoid a large mean residual, a simple model is 
used.  The model consists of the power sum of a decaying power law of reverberation 
level plus a constant noise level.  The power law is the best fit to the data in the interval of 
1-10 s after the transmission, while the noise level is the mean level in the interval of 25- 
54 s.  This simple model is shown in figure 1 and is subtracted from the data to leave the 
random residual.  This residual is referred to as unnormalized data. 

 
Fig.1: Reverberation levels for 120 beams of the BASE04 data with a smooth model fit 
Normalizers are used as a spatial high pass filter, to remove larger scale reverberation 

fluctuations.  These residual data were passed through a split window normalizer.  Each 
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data point is divided by the median noise level in two windows on either side of the data 
point.  The two windows are separated by a guard band to avoid contamination of signal 
into the noise estimator.  These local signal to noise ratio estimates with larger scale 
fluctuations removed are the normalized data.  For the wide band data, the two noise 
windows were 0.1 s duration each with guard band of width 0.1 s.  Since the narrow band 
data have less spatial resolution, the narrow band normalizer must pass larger scales than 
the wide band normalizer.  For the narrow band data, the two noise windows were 0.5 s 
each with guard band of width 0.5 s. 

DISTRIBUTIONS AND STATISTICS OF THE DECIBEL LEVELS 

1.1. Statistics of the Decibel Levels 

Since acoustic data are generally measured in dB, it is appropriate to consider 
distributions in the dB domain.  Any model probability density function (pdf), f(x), where 
x the acoustic intensity or matched filter power, can be transformed to the distribution in 
the dB domain.  For z = 10 log10(x) we get the pdf g(z) =  x f(x) ln(10)/10.  This formula 
can translate clutter distributions such as the commonly used K distribution, or the 
generalized gamma and generalized Pareto distributions described in the next section. 

The high level clutter of interest is represented by the upper tail of the distribution.  
Two statistical parameters characterize the extent of the upper tail, in the dB domain.  The 
standard deviation of dB characterizes the average extent of both the upper and lower tails.  
However, many distributions are not symmetric but are skewed, especially in the dB 
domain.  The skewness of the distribution is required to specify the extent of the upper 
tail, relative to the extent of the lower tail. 

Many commonly used model distributions have 2 parameters.  Typically one parameter 
is referred to as the scale parameter, and is chosen to obtain a given mean.  Varying the 
second parameter permits covering a one dimensional curve in the standard deviation- 
skewness space, as shown in figure 2, for several common distributions.  The generalized 
gamma distribution, described below, has 3 parameters and thus can cover any point in the 
space of figure 2 (the generalized gamma skewness is limited to the range of ±2).     

  
Fig.2: dB statistics plane showing attainable values for several common distributions. 

Statistics for unnormalized (asterisks) and normalized data (circles) are also shown. 
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The statistics of the BASE04 clutter data are also plotted in figure 2.  The normalized, 

wide band data are nearly Rayleigh.  However, the unnormalized and narrowband data are 
significantly non-Rayleigh, with higher variance and skewness indicating a heavier upper 
tail.  The normalizer removes some of the highest level, large scale clutter, which 
decreases the statistics.  The data are observed to fall on the generalized Pareto curve, 
suggesting that as a useful distribution for characterization.  However, the generalized 
gamma distribution is also a candidate, since it can match any point in this plane.  These 
data (except for the near Rayleigh normalized wide band case) are significantly more 
heavy tailed, with higher skewness, than the K distribution, a commonly used distribution 
for clutter characterization. 

 
1.2. Distributions with Power Law Upper Tails 
The unnormalized wideband clutter data considered here have an upper tail that follows 

a power law as shown in figure 3.  Figure 3 shows the complementary cumulative 
distribution, or the graph of the probability that clutter exceeds a given level.  The power 
law follows a straight line on this graph, when cumulative probability is plotted on a log 
scale and levels are plotted in dB.  Therefore, model distributions are considered which 
exhibit power law upper tails. 

The generalized gamma distribution is given by the pdf 
 ( )  

| |

    ( )
         * (

 

 
)
 

+,     (1) 
where  is a scale parameter,  and c are two shape parameters and  is the gamma 
function.  This distribution includes the gamma, Weibull, and exponential (Rayleigh) 
distributions as special cases, while the log normal distribution is a limiting case.   Thus, it 
is quite a general purpose distribution that can handle a wide variety of behaviour.  The 3 
parameters can be chosen to match the mean, variance and skewness of the dB values.  [2]    
Note that the generalized gamma consists of a constant times a power law of x times an 
exponential term.  When the parameter c is negative, the upper tail approaches a power 
law, since the exponential goes rapidly to one for large x.  However, when c is positive, 
the lower tail is a power law, while the upper tail decays exponentially. 

Another power law distribution is the generalized Pareto distribution [3], with pdf 
 ( )  

 

 (      )
 
 
  

,       (2) 

where a is a scale parameter and g is a shape parameter.  For the upper tail, where x>>a/g, 
the distribution approaches a power law of x.  With only two parameters, the mean and 
variance can be matched, but the skewness is then fixed. 
     The upper tails of the two candidate distributions are compared with the unormalized 
wideband data in figure 3.  The generalized Pareto distribution has a power law tail which 
matches these data well.  For the statistics in this case, the generalized gamma has a 
positive value for the parameter c, and hence does not exhibit a power law tail.  The 
gerneralized Pareto is a much better match to these data, despite having fewer parameters 
to match with. 
     The central portions of the distributions are shown in figure 4.  Again, the generalized 
Pareto is a better match to these data than the generalized gamma distribution.  This is an 
unexpected result, since it was hypothesized that the additional parameter in the 
generalized gamma distribution would allow more flexibility in shaping the distribution 
arbitrarily to fit the data. 
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Fig.3.  Complementary cumulative distribution of clutter for the unnormalized wide 

band case (blue) compared to generalized Pareto (red) and generalized gamma (black) 

 

 

 
Fig.4.  Probability density of clutter for the unnormalized wide band case (blue) 

compared to generalized Pareto (red) and generalized gamma (black) 
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CONCLUSIONS 

     The BASE04 clutter data were processed with two bandwidths and characterized by 
their statistics before and after a normalizer.  The narrow band data were significantly 
non-Rayleigh, as were the unnormalized wide band data.  The normalized, wide band 
data were close to Rayleigh.  The non-Rayleigh data were compared with two 
candidate distributions.  The generalized Pareto distribution matched the data well, 
both in the power law nature of the upper tail and in the central portion of the 
distribution. 
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Abstract: Spectrograms of reverberation data collected during the CLUTTER09 cruise 
with NURC’s wideband sonar system show very evident coherent striations.  These 
striations are used to evaluate the autocorrelation function of the two-way impulse 
response of bottom scatterers.  One evident characteristic of these recovered bottom 
impulse response autocorrelations is their limited time extent, generally on the order of 10 
ms, while the two-way time spread of the channel is typically much greater.  The theory 
behind the recovery of these impulse response autocorrelations is discussed along with the 
minimum phase reconstruction of the associated two-way bottom impulse responses, using 
examples both from data and simulation.  Depth discrimination of water column targets vs 
bottom clutter by studying trajectories of the two-way bottom impulse response in the fast-
time slow-time plane is described. The potential of “dereverberating” data by filtering out 
the two-way bottom impulse response is also explored. 
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INTRODUCTION 

Reverberation remains one of the biggest challenges to target detection in shallow 
water active sonar, particularly for low signal-to-noise ratio (SNR) targets.  Reverberation 
often masks these returns, and strong scattering bottom features often produce clutter 
returns which are mistaken for targets.  Collectively these result in an increased 
probability of both missing detections of true targets and falsely detecting clutter. Recently 
there has been an interest in coherent propagation and the intensity interference patterns of 
reverberation formed in the time-frequency plane.  This phenomenon was originally 
described by Chuprov in passive sonar using a parameter known as the waveguide 
invariant, β [1].  In this work, coherent striations in the short-time Fourier transform 
(STFT) magnitude surfaces of reverberation returns are used to reconstruct the 
autocorrelation function and minimum phase reconstruction of the two-way bottom 
impulse response.  Specifically, averaging reverberation STFT magnitude surfaces from 
different beams reduces the speckle due to the specific bottom roughness realization on 
each beam and enhances the striated interference pattern described by the waveguide 
invariant when the beams have similar waveguide characteristics.  Taking the inverse 
Fourier transform of the average magnitude squared surface gives the autocorrelation 
function of the bottom impulse response as a function of slow- and fast-time.  The 
minimum phase system exhibiting that magnitude response is also calculated.  The bottom 
autocorrelation function and minimum phase reconstruction are shown to have a time 
extent much smaller than the time spread of the channel.  A Wiener filter for removing 
reverberation is proposed and results are presented for both simulated and real data from 
the CLUTTER09 experiment conducted in the Mediterranean Sea.    

REVERBERATION MODELING 

In this work, the received signal is modelled as reverberation and statistically 
independent complex white Gaussian noise with zero mean and variance σn

2 

( ) ( ) ( )x t p t n t       (1) 

The reverberation is modelled using normal modes as the sum of a large number of 
point scatterers on the sea floor scaled by a complex Gaussian white random process  r .  
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where  mk  are the horizontal wavenumbers,  zm  are the depth-dependent 
eigenfunctions, and sz and rz are the source and receiver depths respectively.  The 
scattering matrix mnT  determines the amount of energy incident on mode m that is 
scattered onto mode m. This work uses the STFT of the reverberation, which is the Fourier 
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transform of the time-domain reverberation multiplied by a window function of duration T 
centered at time τ:  

     , , exptp T p t w j t dt
T


  




 
  

 


 

 
(3) 

The window function is assumed sufficiently small that the reverberation is 
approximately stationary over T.   

TWO-WAY BOTTOM GREEN’S FUNCTION RECOVERY 

Following [2], the time-domain reverberation return can be approximated for a 
Gaussian shaded source pulse with bandwidth  around o  as.   
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where 0
n

o
m

o
mn kkK   is the sum of the wavenumbers for modes m and n evaluated at the 

center frequency o , 11   nmmn vvS is the sum of the group slownesses (reciprocal group 

velocities), and 2
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D  is the sum of the second derivatives of the horizontal 

wavenumbers with respect to frequency.  The reverberation can thus be written as the 
convolution in range of a bottom roughness and a propagation term.  This propagation 
term consists of a Gaussian function centered at the round trip travel time for the m-nth 
mode combination and with a time spread determined by the bandwidth and modal 
dispersion.  This modulates the amplitude of much faster oscillations traveling at the phase 
velocity.  The result is that with a finite time resolution window, the only time invariant 
part of the round trip propagation is associated with modes with similar phase and group 
velocities.  The details of the propagation of higher order modes, which can remain 
important to the scattering process, cannot be resolved due to their dispersion within the 
STFT window.   

The speckle in the reverberation return induced by the bottom roughness realization can 
be mitigated by averaging the STFT magnitude over different pings or beams to produce 
the average STFT magnitude surface  Tp ,,ˆ  .  By the Weiner-Khinchin theorem, the 
autocorrelation function of the local two-way Green’s function is simply the inverse 
Fourier transform of the above:  

    21ˆ ˆ, , , ,ACp t T F p T  
 

(5) 

where 1F indicates the inverse Fourier transform operator.  The minimum phase 
system with the magnitude response  Tp ,,ˆ   may also be calculated.  The minimum  
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Fig. 1:  Simulated CLUTTER09 STFT magnitude surface (left) and autocorrelation 

function (right). 

 
Fig. 2:  Real CLUTTER09 STFT magnitude surface (left) and autocorrelation function 

(right).  A clutter return at 3.1 seconds shows energy along the trajectories of the 
reverberation autocorrelation function. 

 
Fig 3:  The STFT magnitude surface for a single ping of simulated CLUTTER09 data 

before (left) and after (right) dereverberation filtering.  A weak water column target is 
present at 6.8 seconds. 
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phase reconstruction is the system for which both it and its inverse are causal and stable.  
It is calculated as          1 ˆ ˆ, , , , exp log , ,MPp t T F p T j p T      

 
where  denotes 

the Hilbert transform.   

 DEREVERBERATION FILTERING 

The ability to estimate the reverberation autocorrelation function motivates the design 
of a time-varying filter to “dereverberate” received data.  The proposed filter is developed 
as a Wiener filter, a class of filters which minimize the mean square error between the 
filter output and the desired response.  The observed data in (1) is the input to a filter with 
impulse response g(t).  The desired output is noise alone, ( )* ( ) ( )g t x t n t . The mean 
squared error is thus 

     
2 2( ) ( )* ( ) 0 2 ( ) ( ) ( )nn nx xxe n t g t x t R g t R t dt g t g t R t t dtdt

  

  

                
      

 

 
     (6) 

where  tRnn ,  tRxx , and  tRnx  are the autocorrelation functions of n(t), x(t) and the 
cross-correlation of n(t) and x(t) respectively. Assuming the noise and reverberation are 
uncorrelated, and that )()( 2 ttR nnn  , taking the derivative with respect to g(t ), setting 
the result equal to zero, and solving gives 
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(7) 

where  xxS  is the power spectral density of x(t) and the Fourier transform of  tRxx .  
The dereverberation filter thus amounts to the inverse of the autocorrelation function of 
the reverberation, a result similar to [3].  However, based on the relatively few arrivals in 
the autocorrelation function, this work suggests a possible time-domain implementation, 
where the filter will have a small number of nonzero coefficients.    

RESULTS  

The average STFT magnitude surfaces and autocorrelation functions are given for 
simulated and real data from the CLUTTER09 in the Malta Plateau region of the 
Mediterranean.  Reverberation was calculated over a 700-3600 Hz band using 
environmental parameters measured during the CLUTTER09 experiment.  The water 
depth was 138 m, and the sound speed profile contained a sound speed duct at 50 m.  The 
bottom was modeled as six sediment layers atop a bottom halfspace, data taken by direct  
measurement in a earlier experiment.  Further environmental and experimental details can 
be found in reference [4].  Scattering was modeled with Lambert’s law, for 
which nmmnT  sinsin .  Figure 1 shows the average STFT magnitude surface 
averaged over 10 pings of data reverberation.  The STFT window length was 0.1 seconds.  
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Striations in the average STFT magnitude surface are clearly seen.  Also given is the 
autocorrelation function of the impulse response showing a small time extent as predicted 
by theory.   

Figure 2 shows the STFT magnitude surface averaged over 10 beams of real data 
adjacent in azimuth collected during CLUTTER09.  The data was collected using a low- 
and mid-frequency sources collectively transmitting a linear frequency modulated chirp 
(LFM) from 700-3600 Hz.  The return was received on a 374 element horizontal cardioid 
array grouped into 126 triplets to remove left-right ambiguity and beamformed into 122 
beams in azimuth.  Striations in the average STFT magnitude and the predicted small time 
extent of the autocorrelation are seen in Fig. 2.  A clutter return is present at 3.1 seconds, 
however much of the energy lies along the trajectories of the reverberation autocorrelation 
function, suggesting that the dereverberation filter may also be effective at removing 
bottom clutter.   

Figure 4 shows a single ping of simulated reverberation data with a weak water column 
target at 50 m depth at 6.8 seconds.  The reverberation power spectral density was 
estimated from 10 pings of target-free reverberation data.  The filtered data has less 
reverberation and facilitates the detection of weak targets.   

 CONCLUSION 

The autocorrelation function of the two-way bottom impulse response can be calculated 
from the spectrograms of coherent reverberation.  In both simulated and real data, these 
show a time extent that is much smaller than the time spread of the channel.  A 
“dereverberation” filter is proposed based on the estimated reverberation autocorrelation 
function/power spectral density.  The extracted arrival times may also have potential as a 
depth discriminator of water column targets and bottom clutter.  This is a topic of future 
work, as well as an efficient time domain implementation of the filter.   

ACKNOWLEDGEMENTS  

This work was supported by the North Atlantic Treaty Organization.   

REFERENCES 

[1] S. Chuprov,  Interference structure of the acoustic field in a layered ocean, Acoustics 
of the Ocean: Current Status, L. Brekhovskikh, I. Andreyeva (ed.), Nauka, Moscow, 
1982, 71-91. 

[2] K. LePage, Bottom reverberation in shallow water: Coherent properties as a function 
of bandwidth, waveguide characteristics and scatterer distributions. J. Acoust. Soc. 
Am., 1999, 106 (6), 3240-3254. 

[3] R. Goldhahn, G. Hickman, J. Krolik, Waveguide invariant broadband target 
detection and reverberation estimation. J .Acoust. Soc. Am., 2008, 124(5), 2841-2851. 

[4] R. Goldhahn, G. Hickman, J. Krolik, A waveguide invariant adaptive matched filter 
for active sonar target depth classification.  J. Acoust. Soc. Am., 2011, 129(4), 1813-
1824. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 648 -



 

 SNR DEPENDENCE AND TEMPORAL ROBUSTNESS OF AN 
AUTOMATIC AURAL CLASSIFIER 

Stefan M. Murphya,   Paul C. Hinesa 

aDefence R&D Canada – Atlantic, PO Box 1012, Dartmouth, NS, CANADA B2Y 3Z7 

Stefan M. Murphy, Defence R&D Canada – Atlantic, PO Box 1012, Dartmouth, NS, 
CANADA B2Y 3Z7, fax: 1-902-426-9654, e-mail: stefan.murphy@drdc-rddc.gc.ca 

Abstract: False alarm rates caused by clutter must be reduced in order to meet the 
performance requirements of military active-sonar systems for the detection of targets in 
shallow water. An automatic aural classifier was developed by DRDC for this purpose, 
and has demonstrated the capability of automatically differentiating target echoes from 
clutter. The aural classifier uses perceptual-based signal features similar to those 
employed by the human auditory system to classify echoes in a manner similar to that of a 
sonar operator. It uses statistical learning and therefore requires a training dataset 
containing confirmed target and clutter echoes in order to make classification decisions 
on new detections. Classifiers must be robust in order to be useful. In this paper, the 
temporal robustness of the classifier – its ability to perform when temporal variability 
exists between the training and testing data – was demonstrated by successfully 
classifying echoes using a classifier previously trained with echoes that were acquired two 
years earlier. The classifier’s robustness to noise was also evaluated. By training and 
testing the classifier with echoes having similar signal-to-noise ratio (SNR), the 
performance of the classifier was found to be roughly proportional to the logarithm of the 
SNR (in linear units) over the range of -6 dB to +18 dB. Finally, the robustness of the 
classifier to a mismatch between training and testing echo SNR was evaluated. As 
expected, maximum performance generally occurred when the classifier was trained and 
tested using echoes with similar SNR. However, given two datasets of echoes with 
different SNR, higher performance was achieved when the classifier was trained using the 
lower-SNR dataset. 

Keywords: Active sonar, detection, classification, pattern recognition, aural classification 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 649 -



 

1. INTRODUCTION  

Military active-sonar systems must detect targets of interest amidst the multitude of 
clutter found in shallow water regions. Reducing the number of clutter-related false alarms 
to an acceptable level requires the capability of distinguishing target echoes from clutter 
echoes.  

Motivated by the ability of sonar operators to differentiate aurally between target and 
clutter echoes, DRDC developed an aural classifier that can automatically identify the 
class of active sonar echoes by using perceptual signal features similar to those employed 
in the human auditory system [1]. The classifier must undergo training using existing 
echoes before classification or testing of new detections can be performed. 

Classifiers must be robust in order to be useful. For practical applications, they must 
not be overly sensitive to variations inherent between training and testing data, and they 
must also be effective in the presence of noise. In this paper, three evaluations of the aural 
classifier related to its robustness are reviewed. The first evaluation examined the 
classifier’s temporal robustness – how well the classifier can perform when temporal 
variability exists between the training and testing data. In the second evaluation, 
classification performance was observed at a number of signal-to-noise ratio (SNR) levels, 
using training and testing echoes with the same SNR at each level. The third evaluation 
assessed the classifier’s robustness to a mismatch between training and testing echo SNR. 

A database of echoes from two active sonar experiments conducted during separate sea 
trials supported this research. The two-year interval between the experiments and wide 
range of SNR in the database made it suitable for the evaluations of temporal robustness 
(Section 4), SNR dependence (Section 5), and performance with unmatched SNR between 
training and testing datasets (Section 6). 

2. THE EXPERIMENTS 

An active sonar experiment on the Malta Plateau in the Mediterranean Sea was 
conducted during the Clutter07 sea trial in 2007 and repeated during the Clutter09 sea trial 
in 2009. NATO Research Vessel (NRV) Alliance ran a track past Campo Vega Oilfield 
(ship track published in [2]). Towed broadband sources transmitted linear FM sweeps 
(600–3400 Hz) and a cardioid-element towed-array was used as the receiver. An echo 
database was generated, consisting of over 95,000 pulse-compressed echoes returned from 
two underwater objects representing targets (the Campo Vega oil rig and wellhead) and 
many geological clutter objects. The echoes are stored as 1.0 s audio files centred on the 
peak of the detection, along with relevant data such as range, bearing, and SNR. 

The SNR of the target echoes is typically much higher than that of the clutter echoes 
for the experiments described. To increase the number of low-SNR target echoes, 
numerous off-beam instances of target echoes were included in the dataset. These echoes 
were received through the side lobes of the towed-array and their inclusion extends the 
range over which the SNR dependence of the classifier can be evaluated, and also allows 
SNR matching of the target and clutter distributions to avoid any bias when evaluating the 
temporal robustness of the classifier. 
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Fig. 1: Sound speed profiles for both experiments calculated from expendable 

bathythermograph (XBT) data. The sources and receiver were towed at a depth of 50 m. 
 

Temporal variability is common in many environmental factors that affect sound 
propagation and ultimately change the signal properties of sonar echoes. However, the 
aural classifier uses supervised learning, and is unable to adapt to any changes that may 
occur after training. The primary environmental factors that are different between the two 
experiments are the sound speed profile in the water column and the surface roughness. 
Figure 1 shows that the sound speed profiles differ considerably between experiments. In 
2007 the sound speed profile was downward refracting, whereas in 2009 the profile was 
close to isospeed. The weather conditions that prevailed in each experiment also differ 
considerably. During the experiment in Clutter07 the average wind speed was 15.2 knots, 
while the average wind speed during the Clutter09 experiment was only 3.8 knots. This 
resulted in up to Beaufort force 5–6 seas in 2007, contrasted with nearly calm (Beaufort 
force 1) seas in 2009. A decrease in surface scatter is assumed with the reduction in sea 
state from 2007 to 2009, since the roughness of the surface and number of air bubbles 
caused by breaking waves is decreased. The differences between the sound-speed profiles 
and surface reflections contribute to different sound propagation conditions for each trial, 
which could cause distortions between trials in the received echo signals and the features 
used to describe them by the aural classifier.  

3. THE AURAL CLASSIFIER 

The aural classifier mimics the human auditory system by conditioning echo signals in 
a similar manner as the outer and inner human ear, and by simulating the cognitive process 
through representation of the echoes as perceptual features that are used by a Gaussian 
classifier to determine whether an echo should be designated as a target or clutter. The 
details of the aural classifier and the aural features it uses are published in [1].  

Each aural feature acts to quantify an aspect of the timbre of an echo transient. For 
example, the loudness centroid is a feature that captures the perceived centre frequency of 
an echo’s spectrum, and the peak loudness value is a measure of the magnitude of the 
loudest perceived frequency component. In total, 58 aural features are computed. 
Redundant features that are highly correlated with other features (r2 > 0.81 over the 
training dataset) are discarded, and the remaining features are used to describe the echoes. 

In the resulting feature space, a (multivariate) Gaussian distribution is fit to each group 
of target and clutter training echoes [1]. The number of samples required to adequately 
represent a population’s statistics is exponentially proportional to the number of features 
or dimensions (curse of dimensionality) [3]. Therefore, for typical sample sizes feature 
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dimensionality must be reduced. Ranking the features based on their individual ability to 
discriminate between the two classes of targets and clutter, and forming a subset of the top 
features is the first step in reducing the number of dimensions. The dimensionality is 
further reduced by principal component analysis, computing the orthogonal linear 
combinations of features that account for the most variance in the training data. The 
number of top features N and the number of principal components M used are configurable 
with M  N.  

In the reduced feature space, Bayes decision theory is used to calculate a target-clutter 
decision boundary using the training echoes [1]. This decision boundary represents a 
trained classifier, and in order to employ it, the features that describe the echoes being 
tested must undergo an identical transformation to the reduced space.  

4. TEMPORAL ROBUSTNESS OF THE AURAL CLASSIFIER 

The temporal robustness of the aural classifier was evaluated by training it using echoes 
from Clutter07, and then testing it using echoes from Clutter09. In order to avoid biasing 
the classification by SNR, the SNR distributions of target and clutter echoes were 
matched. After matching the distributions, approximately 25,000 echoes from Clutter07 
were used for training the aural classifier, and approximately 10,000 echoes from 
Clutter09 were used for testing the classifier. 

Receiver-operating-characteristic (ROC) curves are used to evaluate classifier 
performance. ROC curves plot probability of detection versus probability of false alarm, 
and the summary performance metric used is the area under the ROC curve, AROC. For 
ideal classification, AROC = 1, and for random chance, AROC = 0.5 [1]. 

Since the number of features and principal components chosen are user-defined 
variables, it is possible to adjust them and monitor performance. Figure 2 shows a plot of 
classifier performance as grayscale intensity versus the number of top features used on the 
horizontal axis and the number of principal components on the vertical axis. Lighter shade 
indicates higher performance. Data are constrained below the unit slope line since M  N. 
The maximum performance of AROC = 0.90 was achieved using 3 principal components of 
the 29 top ranked features. AROC  0.9 generally indicates very successful classification, 
and in this case temporal robustness of the aural classifier. The minimum performance of 
AROC = 0.81 was sufficiently below the maximum value that the approach of monitoring 
performance over all combinations of features and principal components was used to 
ensure meaningful results when evaluating the SNR dependence of the classifier.  

 

 
Fig. 2: Testing performance (AROC) of Clutter09 echo classification using the aural 

classifier trained with Clutter07 echoes. Maximum of AROC = 0.903 at 29 features, 3 
principal components. 
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5. CLASSIFICATION DEPENDENCE ON SNR 

Increasing propagation range to a given target typically decreases echo SNR and at the 
same time increases propagation effects such as multipath spreading. Keeping the 
propagation range fixed and extracting off-beam target echoes to obtain SNR variation 
would be an attractive method of studying the role of SNR in classification independent of 
propagation; however, the experiments do not support this as they were not designed to 
collect data at a fixed range. In order to reduce propagation effects from echo to echo 
within the limits of the experiments, only echoes from a restricted range of 5.7–9.4 km 
were used for the analysis in this section. This range corresponds to the first two hours of 
each experiment where NRV Alliance kept in the vicinity of Campo Vega Oilfield. 
Choosing a range with this extent provided an adequate amount of data and SNR variation 
for evaluating the classifier when off-beam target echoes were included. The off-beam 
approach was not required for clutter echoes because a large amount of clutter with a wide 
SNR range was detected within the constrained propagation range. 

Echo SNR in decibels is calculated using the equation: 
 



SNR dB 10log10
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where 



 s

2 is the combined signal and noise variance computed over the samples within 5 
ms of the pulse-compressed echo peak and the noise variance, 



 n

2, is computed using the 
rest of the samples in the audio file containing the echo, excluding a buffer around the 
echo to ensure that none of the signal power contributes to the noise estimate. 

Given the temporal robustness of the classifier demonstrated in the last section, the 
echoes from both sea trials were merged, and then binned by SNR (dB). The bin size 
selected was 3 dB, and the range from -6 dB to +18 dB, for a total of eight bins. Echoes 
were randomly removed from bins having a higher count than the least populated one, so 
that each bin contained 50 target echoes and 50 clutter echoes.  

Each bin was evaluated independently to measure the performance of the aural 
classifier at each SNR range. This was done by randomly selecting half of the echoes in 
the bin for training (i.e., 25 targets, 25 clutter) and using the remaining half for testing the 
classifier.  The classifier was evaluated using all combinations of number of features and 
principal components to obtain the maximum performance, as previously presented in 
Figure 2. This random split and evaluation was performed 10 times per bin and an average 
for the maximum value of AROC computed. The average AROC values are plotted against 
bin centre SNR (dB) values in Figure 3. As expected, classification performance generally 
increases with SNR. While it is possible to achieve AROC < 0.5 (performance worse than 
random chance), a lower limit of 0.5 and upper limit of 1.0 are expected to be approached 
gradually. The gradual approach to AROC = 1 is suggested in the plot, but because of the 
roughness of the curve this cannot be concluded with certainty. Even at low SNR, 
AROC > 0.78, and so behavior in the low performance range cannot be observed. In the 
middle range, the curve appears to be increasing linearly, and given that the SNR values 
are in decibels, this suggests that AROC  log(SNR). It is interesting to note the similarity 
of this result to Shannon’s conclusion that the capacity of a signal transmission channel in 
the presence of white noise is proportional to log(1+SNR) [4].  
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Fig. 3: Average performance for each of the eight SNR bins ( one standard deviation 

error bars). The plot marker shades are consistent with the scale in Figure 4(a).  

6. PERFORMANCE WITH UNMATCHED TRAINING AND TESTING SNR  

Unlike the case examined in the previous section, the signals encountered by classifiers 
do not necessarily have similar SNR to the signals available for training. To investigate 
how the classifier performs when training and testing are performed with dissimilar SNR, 
each of the eight bins was used to train the classifier without randomly splitting the data as 
done in the previous case. The eight trained classifiers were in turn tested with data from 
each of the 7 other bins, in each case finding the maximum AROC as in Section 4 and 5. 
The performance matrix is displayed in Figure 4(a) with the bins used to train the 
classifier along the horizontal axis and the bins used to test the classifier along the vertical 
axis. Once again, lighter shade indicates higher performance. Note that the values of the 
diagonal elements, where the classifier is trained and tested at the same SNR, are taken 
from Figure 3 in which these bins were split randomly. Otherwise, training and testing 
using the same dataset (i.e., a whole bin) produces overly optimistic results.  

Interpreting Figure 4(a) is not trivial. To help draw conclusions, we liken the task of 
classifying active sonar echoes to a more familiar task: speech recognition by waiting 
staff. If we assume that training at high SNR (right side of figure) is analogous to a waiter 
accustomed to hearing orders in a quiet dining establishment, then training at low SNR 
(left side of figure) can be considered analogous to a bartender accustomed to hearing 
orders in a noisy pub. While it has already been established that performance (i.e., 
percentage of orders heard correctly) should generally increase as noise is reduced, one 
might also expect that the waiting staff adapt to their respective environments. This is 
consistent with Figure 4(a) where the waiter who performed very well in his quiet 
environment (top right region) has trouble deciphering orders in the noisy bar (lower right 
region). In this noisy environment, the bartender has the best ability to make out orders 
(bottom left region). While this is most obvious at the extremes of the plot, it extends to all 
SNRs: for the majority of the testing SNR bins (rows) the maximum performance occurs 
where the classifier is trained at the same SNR (diagonal elements).  

Continuing the analogy, it seems intuitive that the waiter has difficulty in the noisy bar, 
but what is the performance expected from the bartender in a quiet restaurant? Although it 
is not the environment he is used to, one might suspect that the reduction in noise allows 
him to hear the orders more clearly. This appears to be consistent with the matrix in Figure 
4(b): the performance in the top left region is in fact greater than that observed in the 
bottom left region.  

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 654 -



 

  
(a) (b) 

Fig. 4: (a) Classification performance where training and testing are performed on 
different SNR bins. The diagonal elements correspond to the plot markers in Figure 3.  

(b) Matrix in (a) minus the elements mirrored across the main diagonal. 
 
The difference between the top left and bottom right regions of the plot is substantial. 

Apparently, if the training and testing echoes have dissimilar SNR, there is an advantage 
to training using the lower SNR echoes. Again, the trend is most obvious at the plot 
extremes, but extends to all SNR bins. This generalization can be concluded from Figure 
4(b) in which the matrix from Figure 4(a) is presented with the mirror elements (across the 
main diagonal) subtracted. For example, the element that used the 12–15 dB bin for 
training and 0–3 dB bin for testing is subtracted from the element that used the 0–3 dB bin 
for training and 12–15 dB bin for testing, and vice versa. Resulting positive values 
therefore indicate training-testing elements that achieve higher performance than the case 
of training and testing with swapped bins. The elements above the main diagonal in Figure 
4(b) represent cases where the classifier training SNR is lower than the testing SNR. 
Given the separation of positive (white) and negative (black) values about the main 
diagonal it is clear that given two datasets with different SNR, it was generally better to 
train the classifier using the lower SNR set. While an intuitive explanation using a waiting 
staff analogy has helped to explain this, a more concrete explanation can be offered by 
examining the feature selection process in the classifier training. 

Training the classifier is accomplished by selecting features that, on average, have 
different values for targets and clutter. The features that are used at high SNR are selected 
based on their ability to separate targets and clutter at high SNR, and not necessarily at 
low SNR. Similarly, the features selected at low SNR are chosen to separate targets and 
clutter at low SNR. Although linear combinations (i.e., principal components) of multiple 
features are typically used by the classifier, some insight can be gained by examining the 
top feature selected from the each of the lowest and highest SNR bins. 

Figure 5(a) shows the echo values (all bins) for the top feature (loudness centroid) 
selected when the classifier was trained using all of the echoes in the lowest SNR bin. 
Similarly, Figure 5(b) shows the top feature (peak loudness value) selected for the highest 
SNR bin. The feature values were normalized to zero mean and unit standard deviation 
and were smoothed to highlight the average trends. As expected, the feature selected at 
low SNR has reasonable separation between targets and clutter in the low SNR range, and 
the feature selected at high SNR has even more separation in the high SNR range. 
Additionally, reasonable separation of the low SNR feature persists into the (easier 
classification) high SNR range; in contrast, the separation of the high SNR feature 
collapses at low SNR. This is not an exhaustive analysis of the features, but the behaviour 
of the top features is consistent with the observed advantage of training the classifier with 
signals having an SNR equal to or lower than that of the tested signals. 
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(a) (b) 

Fig. 5: (a) Top ranked feature (loudness centroid) selected from lowest SNR bin.  
(b) Top ranked feature (peak loudness value) selected from highest SNR bin. 

7. CONCLUSIONS AND FUTURE WORK 

In this paper, the aural classifier was observed to be temporally robust for a particular 
demonstration in which active-sonar echoes were successfully classified using a classifier 
previously trained with echoes acquired two years earlier.  

The performance of the aural classifier generally increased with SNR and appeared to 
increase with the logarithm of SNR. A more complete study will involve higher resolution 
SNR bins having higher populations and extending to lower SNR. This will require more 
echoes that may be obtained by lowering the detection threshold, examining unprocessed 
sea trial data, and adding noise to existing echoes. 

Given two datasets of echoes with different SNR, the aural classifier achieved higher 
performance when it was trained using the lower SNR dataset. Intuitively, this is a 
reasonable outcome, and it can be explained by the trends seen in the top ranked features. 
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Abstract: Previous model-data comparisons by the authors used a flat-bottom 
reverberation model to compare with towed array beam time series. Average bottom 
properties and scattering strengths were extracted, and the model-data differences could 
be used to produce a crude scattering map of the area. The measurement and modelling 
methodology was summarized in a pair of papers by Preston and Ellis [J. Marine Systems 
(2009)]. The areas of higher scattering were associated with rising bottom slopes, as well 
as enhanced scattering and clutter. This approach is now extended using a range-
dependent model to include known bathymetric features. A reverberation model based on 
normal modes [Ellis, J. Acoust. Soc. Am. (1995)] was extended using adiabatic normal 
modes to handle bistatic geometry and target echo in range-dependent environments 
[Ellis et al., in International Symposium on Underwater Reverberation and Clutter, 
(2008)]. At that time calculations were presented for range-dependent scattering and 
target echo, but for a flat bathymetry. Since then the computational model has been 
extended to handle sloping bottoms, and a number of discrete scattering targets. The 
resulting DRDC Clutter Model also includes realistic towed array beam patterns with 
different ambient noise levels on each beam, so is capable of producing realistic (but 
smoothed) towed array beam time series. Illustrative calculations are presented, including 
comparison with towed array reverberation and clutter data measured in the Malta 
Plateau.   

Keywords: bottom reverberation, model, data, towed array, target echo, clutter, Malta 
Plateau, normal modes, beam patterns, scattering strength 
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1. INTRODUCTION 

A shallow water reverberation model based on normal modes [1] has been developed and 
refined at DRDC Atlantic since c. 1986. Originally, the model handled range independent 
boundary reverberation in monostatic or bistatic geometries, including source and receiver 
beam patterns for comparison with measured data; this was later extended to handle target 
echo. In 2008 the theoretical formulation was extended to range-dependent environments 
using adiabatic normal modes [2]. The computations presented at that time used a 
Matlab/Fortran hybrid model with modes evaluated on a rectangular grid. While the 
scattering strength and echo at any point on the grid could be arbitrary, the computational 
model still required a flat bottom. In 2010, a model (implemented in Fortran 95) was 
developed [3] to handle sloping bathymetry, bistatic geometry, and towed array beam 
patterns. The model is computationally efficient and its capabilities are evolving. Work is 
in progress to integrate it as a ―Clutter Model‖ into the DRDC Atlantic System Test Bed 
and Pleiades System, a technology development platform used by the Canadian Forces. 
This paper provides a brief description of the research model and a few illustrative 
calculations, including a comparison with towed array data gathered on the Malta Plateau. 

2. CLUTTER MODEL 

The equations for the normal mode model formulation are given in Ellis et al. [2]. The 
implementation requires the input of the environmental parameters on a rectangular grid. 
At each grid point the required inputs are water depth, sound speed profile, bottom 
acoustic properties, and scattering strength (surface and/or bottom). In the current 
implementation, time spreading due to modal group velocities is not included, and the 
scattering function is assumed to be separable. This reduces the reverberation calculation 
time greatly, since many of the double sums in the equations can be replaced by the 
product of two single sums. A source can be defined at an arbitrary location and depth, as 
can a towed array receiver with arbitrary heading. The source level is specified by a centre 
frequency, intensity, and pulse length, and can have a vertical beam pattern; the towed 
array receiver can have beams steered in multiple directions – typically a line array of N 
hydrophones will have N+1 independent beams at the design frequency. The beam 
steering angles can be specified, as well as the ambient noise level on each beam.  

Two main calculations are done and written to data files for later display: 
(1) reverberation and target echo at the grid points, assuming ideal ―wedge-shaped‖ 
receiver beam patterns with no sidelobes and uniform response over the horizontal beam 
width; (2) beam time series for realistic towed array beam patterns for each towed array 
steering direction. The first calculation is intended primarily for illustrative purposes, so a 
number of short cuts have been made in the coding; the second is for comparison with 
data, and the intent is to keep improving the fidelity. For the signal excess calculation on 
the grid, an omnidirectional target strength at a given depth is specified at each grid point; 
for the beam time series calculations a number of discrete clutter objects with different 
strengths can be positioned at specific locations. The user can also specify a number of 
computational parameters, including some normal mode computational controls, and the 
radials on which the towed array beam time series is to be calculated.  

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 658 -



 

 

3. CALCULATIONS 
 
Bistatic geometry with towed array receiver in a range-dependent environment 

Figure 1 shows the target echo to reverberation level (ERR) in dB on a grid generalized 
from Fig. 2 of Ellis et al. [2]. The area is 100 km square with (x,y) coordinates between 
corners (−50,0) km and (50,100) km; a 50x50 grid is used for the calculations, so the 
centre of the grid points range from (x,y) = (−49,1) km to (x,y) = (49,99) km with 
increments of 2 km in each direction. The water depth is 100 m, except for two ridges in 
the y-direction rising to 60 m, and another ridge rising to 70 m in the x-direction; both 
have gaps near the middle. There is a single seamount of height 50 m at point (x,y) = 
(−40,85) km. The bottom has Lambert scattering with a strength of −27 dB, except for a 
+10 dB enhancement along the line (x,y) = (2,2) km to (x,y) = (50,50) km. Similarly the 
target (at depth 10 m) has echo strength of 8 dB, except for a 7 dB enhancement along the 
line (−48,52) km to (2,2) km. The source is at (−10,48) km at depth 30 m, and the receiver 
at (10,48) km at depth 50 m.  

The basic environment is similar to the Reverberation Modeling Workshop [4] 3D 
problems, and described by Zampolli et al. [5]. It has isospeed water of 1500 m/s over a 
sand bottom half space of relative density 2.0, sound speed 1700 m/s, and attenuation of 
0.5 dB/wavelength; the volume absorption in the water is a version of Thorp’s formula.  

Here, the source is omnidirectional with unit energy (source level 10 dB re 1 Pa2 at 1 
m for a duration of 0.1 s) operating at frequency 250 Hz. The beam time series calculation 
used a towed line array of 39 omnidirectional elements with Hann weights at spacing of 
2.5 m; for the grid picture an ideal horizontal beam width of 3.6° was used. 
 

 
Fig. 1: ERR in 100 by 100 km area using wedge beam patterns. The source is indicated 

by “*”, and the receiver by “o” with heading 225° indicated by the short line; the time 
ellipses indicate 20, 40 and 60 s. The colour scale is in dB. 

 
The ideal ―wedge‖ beam patterns are equivalent to a one-sided broadside beam steered 

at all azimuths, and provide an intuitive view of the physical scattering. In Fig. 1 the 
receiver sees high reverberation (low ERR) in the direction of the source (W, west); 
similarly along the high scattering line to the SE. The higher echo along the line to the SW 
shows up clearly too. Along the 3 ridges, the signal excess first drops (due to the higher 
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reverberation on the up-slope), then increases on the down slope. Beyond the ridges one 
would expect some shading due to mode cutoff, but at these ranges the reverberation and 
echo are affected similarly. The single point to the northwest affects the slope and hence 
the ERR in the four adjacent cells.  

Figure 2 shows beam time series with geometry corresponding to Fig. 1, and a selection 
of beam steering angles relative to the towed array heading of 225°. The predictions are 
not as intuitive, so a few are pointed out. The reverberation on the omni receiver is 10–15 
dB above the beam predictions; at short times the reverberation on the 45° and 60° beam 
are higher since they look in the direction of the source (note the beams have left-right 
symmetry); the 45° beam also seems to be picking up backscatter from the ridges to the W 
at 25 s and from the ridge to the S at 53 s; the 0° and 359° beams are essentially identical; 
the 90° and 270° beams should be identical, and have the lowest reverberation, except in 
the region of features; at long ranges the endfire beams (0° and 180°) should have the 
highest reverberation, and in a uniform environment approach each other. There is one 
clutter object (not in Fig. 1) of target strength 15 dB at (x,y) = (−15,20) km, it shows up at 
41 s on the 0° and 359° beams. 

 
Fig. 2: Beam time series of reverberation corresponding to Fig. 1. 

 
Comparison with clutter data from Malta Plateau 

The next model-data comparison is with towed array data from the Malta Plateau. In 
this case the full 3-D beam pattern capability of the model is used. The data were obtained 
on the NURC towed array, during the Boundary 2004 trial on the Malta Plateau south of 
Sicily. The measurement and processing procedure is similar to that described in Preston 
and Ellis [6]. The array has 84 elements at 0.42 m spacing, which gives a design frequency 
near 1800 Hz for a sound speed of 1510 m/s. The elements are triplets of omnidirectional 
hydrophones, but only one of each was selected for the beamforming, so the result is a 
simple line array with conical beams — often referred to as left-right ambiguity. Using 
Hann weights for the elements, 85 beams were formed, spaced linearly in cosine of the 
steering angle between forward and aft endfire. The source was a 0.82 kg SUS charge 
detonated at a nominal depth of 90 m. The data were processed in 50 Hz bands centered at 
various frequencies, and the reverberation power on each beam was computed every 
0.06 s. For display, the time series is mapped into range and the beams are mapped into 
azimuth to form a polar plot, which is overlaid over the bathymetry. Figure 3 shows the 
towed array data in the 630 Hz band; this is about one-third of the design frequency, 
initially selected to keep the computation time low (an unnecessary restriction since the 
model is quite efficient). The geometry is essentially monostatic, with the NATO vessel 
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R/V Alliance towing the array on a near southerly heading of 176°. The black ellipse 
(circle) marks the 30 s time line. From the plot we see there is high reverberation at short 
times, high scattering from the Ragusa ridge to the east, and high ambient noise on several 
beams, particularly near endfire. The data are overlain with bathymetric contours at 10 m 
intervals, derived from a 1000x1000 database from NURC (courtesy Kevin LePage). 
 

 
Fig. 3: Polar plot of towed array data from Malta Plateau in the 630 Hz band.  

 
For the calculations the database points were decimated 10:1 to form a 51x51 grid in a 

smaller region. The bottom scattering was assumed to be Lambert’s rule with a coefficient 
of –37 dB [7], except for a 10 dB enhancement for several points near the Ragusa Ridge. 
Figure 4 shows the bathymetry and scattering strength on the calculation grid. 

 

 
Fig. 4: Bathymetry in m (left) and Lambert scattering strength in dB (right) on 51x51 grid 
for the Malta Plateau calculations. The source-receiver location is near the centre of the 

grid. 
 

The normal mode calculations were done at the centre frequency of 630 Hz at each grid 
point, using the bottom depth at the grid point, and a downward sound speed profile 
(1520 m/s at the surface and 1512 m/s at the bottom, corresponding to the measured one). 
The bottom was a uniform half-space with sound speed 1643 m/s, relative density 1.64, 
and attenuation 0.7 dB/m-kHz (obtained from a manual fit [7] to earlier data at a nearby 
site). No surface or bottom scattering losses were included. The source is modelled with 
intensity of 207.5 dB re 1 Pa2 for duration 0.06 s, giving an energy 195.3 dB re 1 Pa2s 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 661 -



 

 

corresponding to the spectral level of the SUS [8]. Predictions on each of the 85 beams 
were made out to a time of 36 s. For each beam the calculations were performed using 46 
radials from the receiver (every 5° in the eastern quadrant and 10° elsewhere), with 
―effective‖ beam patterns on each radial [8]; the effect of the conical beams and any 
sidelobes is included in the calculations. The beam patterns are averaged over the 50 Hz 
processing band, and any sidelobes below −35 dB are set to −35 dB. The modelled 
ambient noise on each beam was obtained from a sample of the measured beam data about 
80 s after the main arrival. Figure 5 shows the model predictions corresponding to Fig. 4. 
It captures many of the features evident in the data. The enhanced scattering from the 
Ragusa Ridge shows up clearly in the predictions. Note that the reverberation has dropped 
below the ambient noise after about 20 s, and the noisy beams show up as radials evident 
near endfire and around 14° and 34° forward of broadside. The Campo Vega oil drilling 
platform and tender near 36.54°N 14.63°E are included as clutter objects. 

 
Fig. 5: Model prediction corresponding to Fig. 4.  

 

 
Fig. 6: Plot of model-data differences.  

 
Given the reasonably coarse inputs, the agreement between the model predictions and 

data is satisfactory. However, we need to assess where improvements could be made. 
Figure 6 shows the model-data differences. The model is generally in good agreement 
with the data — within a few dB at short times where the bathymetry is quite flat. Our 
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crude, but reasonable, scattering enhancement along the Ragusa Ridge eliminated a large 
part of the differences. However, the predictions are not sufficiently capturing the effect 
the range-dependent bathymetry; it needs to be determined if this is due to the coarse 
bathymetry or if the adiabatic method needs improving. 

4. DISCUSSION AND SUMMARY 

The computational engine is a Fortran 95 subroutine. In the research version a driver 
program reads user supplied data files, calls the computational routine, and writes the 
output to data files for plotting with a package such as Matlab. The computations, using 
the open source gfortran compiler (unoptimized), took about 50 s using only one of the 
processors on a 2.66 GHz MacBook Pro. This includes mode calculations (about 50 
modes at each of the 2601 grid points), and calculations of reverberation and target echo at 
200 time points on each of 85 beams.  

With a reasonable research tool in hand, a Clutter Model as a sonar operator tool is 
under development. The goal is to incorporate it into the DRDC System Test Bed, and the 
Pleiades system, a technology development platform used by the Canadian Forces. These 
systems have databases and displays which can be incorporated with a moving ship and 
data received on a towed array. Integration with the Corba (Common Object Request 
Broker Architecture) and C++ based system has not been a simple task. However, a 
standalone module, see Fig. 7, based on a Java interface and public domain databases has 
been developed [9] and can currently access part of the computational package. 

 

 
Fig 7: jAMI software architecture and configurations. (Figure courtesy G. Brooke). 
 
In parallel with the system development the computational model continues to evolve, 

and improvements not requiring I/O changes can be directly plugged into the operational 
system. Presently the same sound speed profile and bottom loss are used at all locations. 
The next step will be to generalize to full range dependence. For operational scenarios, it 
makes sense to pre-calculate the modes on the grid, perhaps interpolating them to a finer 
scale. Then for changing source-receiver geometries and multistatic scenarios these can be 
re-used for the reverberation and target echo calculations. 

Additional model-data comparisons of towed array clutter data obtained on the Malta 
Plateau are underway, as well as comparisons with several range-dependent problems 
from the ONR Reverberation Modeling Workshop [4], and the UK Institute of Acoustics 
workshop on Validation of Sonar Performance Assessment Tools [5]. 
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In summary, we presently have a computational model that can efficiently calculate 
reverberation and clutter in a realistic scenario. It handles a towed array receiver with 
multiple beams in bistatic geometry, with arbitrary bathymetry, scattering, and target echo 
on a grid, as well as allowing a number of discrete targets or clutter objects, and different 
ambient noise on each beam. The results can be directly compared with towed array data. 
Enhancements are in progress to make it a more useful tool. 
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Abstract: The use of traditional low to mid-frequency ASW equipment for the creation of 
synthetic aperture images of clutter producing bottom structure in shallow water is 
explored.  During the CLUTTER07 cruise in the Straits of Sicily, reverberation from the 
Ragusa Ridge, a rocky outcropping, and the BBN target, an air-filled hose, was collected 
on the NURC cardioid array at a variety of standoff distances to explore the feasibility of 
forming synthetic apertures.  The 6 s pulse repetition rate, the 35 m aperture, and the slow 
3.5 kt tow speed makes it possible to evaluate the ping-to-ping correlation of the ridge 
backscattering at standoff distances up to 4 km.  Results showed that the channel was 
coherent enough for SAS to work.  In this talk strip SAS images of the Ragusa ridge and 
the BBN target are presented and compared to images obtained with conventional 
beamforming. The clutter characteristics of the two imaging algorithms are compared. 
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Abstract: A normal mode based reverberation model is presented that uses ORCA and UNIX
scripts to generate the mode functions and MATLAB to implement a modified Ellis’ 1995 algorithm
for weakly range dependent reverberation. It can handle line array beam patterns and azimuthally
dependent scattering kernels. It includes full bistatic capability and uses a formula from Wayland
to obtain mode amplitudes. Solutions to problems from the Office of Naval Research’s (ONR’s)
2006 Reverberation Modeling Workshop and from the 2010 David Weston Sonar Performance
Assessment Symposium are presented and compared with solutions from Ellis’ more recent range-
dependent reverberation model.

Keywords: reverberation models, range-dependent modelling, normal modes
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1. INTRODUCTION

This effort describes a shallow water reverberation model based on the normal-mode method
described by Ellis [1, 2]. The original intention was to replace the GSM model [3] recently
used by the authors for inversion of reverberation data [4] but more recently the goal is to have
a higher fidelity model to better understand the data. Surface and bottom scattering, but not
volume reverberation, have been incorporated. The current implementation is bistatic, and it will
handle towed array beam patterns for comparison with data. Calculations assume a narrowband
in frequency and constant group velocity to map time into range. Modal group velocity and time
spread corrections of Ellis have been included in a different version of this model but will not be
described here. The model now handles slowly varying range dependent environments.

The scattering kernel allows a choice of Lambert’s Rule, perturbation theory, Pierson-Mosko-
witz sea surface scattering and the ability to use pre-computed kernels vs. input and output vertical
angle. In case the scattering kernel chosen needs the azimuthal bistatic angle between the source
and scatterer and the scatterer and receiver that input angle is always provided to the kernel. The
formulation leads to a fairly efficient matrix implementation. Currently outputs are reverberation
vs. time including rectangular or polar plots over all angles.

2. THEORETICAL APPROACH

2.1. The range-independent formulation

In this work we start with the range-independent monostatic formulation first with no beam
pattens. The frequency domain formula for backscattered reverberation pressure at the receiver as
given by Ellis [1] at range r and frequency ω, (m and n refer to the incident and scattered modes
respectively):

Prec(r, ω) =
2πi

ρ(zs)ρ(zr)r

N∑
m=1

φm(zs)Am(zb)
e−δmr√
km

ei[kmr±ψm(zb)]

(1)

×
N∑
n=1

φn(zr)An(zb)
e−δnr√
kn
ei[knr±ψn(zb)] |gmn|eifmn ,

where φn, An, kn, δn are the mode functions, amplitudes, wave numbers, and attenuations respec-
tively, N is the number of modes, ρ is the water density at either the source depth zs, or the reciever
depth zr, ψ is the vertical phase of the mode function, fmn is the phase associated with the square
root of the scattering strength, gmn is the magnitude of square root of the scattering strength, and
zb is the surface or bottom boundary depth. In what follows only scattering from the seafloor is
discussed. The model can account for either, and the extension to the sea surface case is straight
forward.

Now let Ame+iψm(zb) ≡ φ+
m(zb), be the downgoing component of the mode function at the

seafloor and let Ane−iψn(zb) ≡ φ−n (zb), be the upgoing component of the mode function at the
seafloor. Then let eikmr−δmr = eik

c
mr, where kcm is the complex wavenumber, and kcm = krm + ikim.

We can generalize the above to bistatic geometries by letting r → rs, rr the distance from the
source to the bottom patch and the distance from the bottom patch to the receiver, respectively.
Then an extension of Equation (1) becomes:
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Prec(rs, rr, ω) =
2πi

ρ(zs)ρ(zr)

N∑
n=1

N∑
m=1

φm(zs)φ
+
m(zb)

eik
c
mrs√
krmrs

(2)

× |gmn|eifmn φn(zr)φ
−
n (zb)

eik
c
nrr√
krnrr

,

Using group velocity cg and pulse length τ0, time is mapped into range using

r = rs + rr =
cg
2

(t− τ0
2

). (3)

Next a loop on time is performed where rs and rr are computed using appropriate elliptical geom-
etry at one degree increments of receiver azimuth from 1◦ to 360◦.

Now define Φs = (φ1(zs), φ2(zs), . . . , φN(zs))
T , Φr = (φ1(zr), φ2(zr), . . . , φN(zr))

T and
Φ± = (φ±1 (zb), φ

±
1 (zb), . . . , φ

±
N(zb))

T .
Note that kc and kr are vectors of dimension N × 1 and rs and rr are vectors of dimension

1× 360.
Let * denote a matrix multiply and .* an element-by-element matrix multiply as done in MAT-

LAB [5]. Then define

M1 = Diag(Φs) ∗
(√

2

πkr ∗ rs

. ∗ eikc∗rs−iπ/4
)

(4)

and

M2 = Diag(Φr) ∗
(√

2

πkr ∗ rr

. ∗ eikc∗rr−iπ/4
)
. ∗Bpl (5)

where we have followed Ref. [1], by adding a receiver beam pattern Bpl which is the square root
of the beam pattern power loss at the receiver and is either computed for a conventional horizontal
line array or its elements are all set to unity for an omnidirectional receiver. Note that M1,M2

and Bpl all have size N × 360. So Bpl represents the modal loss – the combination of the up and
down going mode angles.

To compute reverberation intensity we use an area patch ∆A = rr∆rr∆θ ' rr(cp/2)∆τ∆θ
where ∆τ =1 sec pulse (to be re-adjusted below) and angular spread of 1◦, so ∆θ = π/180.
The cp/2 term for the ∆rr to ∆τ term applies only for monostatic geometries. However the better
bistatic estimate for the area is obtained by adjusting rr by h(β) = 2/[1−cos(β(j))] where β is the
horizontal angle between the vector from source to scatter patch and the vector from scatter patch
to receiver, j is the index for look direction from the receiver in one degree increments around
the ellipse so rr is a function of j. From the above definitions the incoherent range-independent
reverberation intensity from a unit source can be written as:

Ps incoh(t) =

(
(πi)4

ρ(zs)2ρ(zb)2

)
cp
2

∆τ∆θ
( N∑
i=1

[
|M1|. ∗ |M1|. ∗ ((|K|. ∗ |K|)

(6)

∗ |M2|. ∗ |M2|)
]
∗ (rr. ∗ h(β))′

)
,

where cp is the phase velocity and the kernel is given by K ≡ Diag(Φ+) ∗ g ∗ Diag(Φ−) and
where g =

√
|SS| and SS is the scattering strength matrix for N mode angles in and N mode

angles out. scattering strength phase is assumed to be zero for now, so fnm = 0, for all n and m.
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2.2. The range-dependent formulation

The incoherent range-dependent reverberation intensity from a unit source is obtained [6] by
noting mode functions at the source, receiver and scatterer may all be at different depths so the
matrix multiplies in the above equation must be replaced by an extra sum over each azimuthal an-
gle of vector multiplies. Further, all variants of the wavenumber times the range must be replaced
by an approximation to

∫
krdr, namely by sums over increments kri ∗ δri as the depths along each

path change. So generalize the above equations for matrices M1 and M2 to now N1 and N2 as
follows:

N1 = Diag(Φs) ∗
(√

2

π
∑ns

i=1 kr
i ∗ δrsi

. ∗ ei
∑ns

i=1
kc
i ∗δrsi−iπ/4

)
(7)

and

N2 = Diag(Φr) ∗
(√

2

π
∑nr

i=1 kr
i ∗ δrri

. ∗ ei
∑nr

i=1
kc
i ∗δrri−iπ/4

)
. ∗Bpl (8)

This means each path must be interpolated first in the x-y plane and then in the r-z plane to
give the depths along each path. Mode functions for all depths in the problem are pre-computed at
a set depth interval so the depth closest to that at a point ri (namely z(ri)) can be used to select the
correct mode function. Across each depth change, mode n in the i-th subinterval is summed with
mode n from the (i+ 1)-th subinterval (i.e. no cross mode coupling or the adiabatic assumption).
So from the above discussion the incoherent range-dependent reverberation intensity from a unit
source is:

Ps incoh(t) =

(
(πi)4

ρ(zs)2ρ(zb)2

)
cp
2

∆τ∆θ
360∑
j=1

( N∑
i=1

[
|N1(:, j)|

.∗ |N1(:, j)|. ∗ ((|K(β(j))|. ∗ |K(β(j))|) (9)

∗ |N2(:, j)|. ∗ |N2(:, j)|)
]
∗ (rr(j). ∗ h(β(j)))′

)
,

where cp is the phase velocity and the kernel is more generalized and given by K ≡ Diag(Φ+(j))∗
g ∗ Diag(Φ−(j)) and where g =

√
|SS((β(j))| and SS is the scattering strength matrix for N

mode angles in and N mode angles out but can also be a function of the bistatic angle β.
Finally, the unit pulse length assumption is removed and the incoherent scattered energy in dB

for either the range independent or the range dependent version of Ps incoh(t) is,

Es incoh = 10 log10

(
E0
|Ps incoh|
|Ir|

)
(10)

with energyE0 = I0τ0, i.e., the source intensity times the pulse length in this narrowband assump-
tion, and where Ir is the reference intensity = 1 here.

2.3. Numerical Techniques

This model uses ORCA, a normal mode model developed by Westwood et al. [7, 8] to compute
the modes and implements the range dependent extension of Ellis 1995 algorithm [1, 6] using
MATLAB [5]. A function (by R. Wayland [9]) is used to separate down and up going mode
functions, at a boundary zb,

φ±n (zb) =
1

2

(
1± 1

iγn

∂

∂z

)
φn(z)

∣∣∣∣
z=zb

, (11)
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where γn is the vertical wavenumber for mode n. A first order difference equation is used to ap-
proximate the depth derivative.

3. PROBLEM RESULTS

Below are some sample results either inspired by or from the first Reverberation Modeling
Workshop (RMW I) of Nov. 2006 [10] (sponsors: U.S. Navy PEO C4I, PMW 120 (funded by
the Oceanographer of the Navy) and ONR). In previous work, the range independent version of
this model was used to provide solutions to parts of 10 problems submitted to the Workshop [11]
and these solutions were well matched to the many other models of the workshop. A baseline was
Problem 11 which was a monostatic problem with the seafloor modelled as a simple fluid half
space (density = 2 g/cm3, compressional speed = 1700 m/s, attenuation = 0.5 dB/wavelength) and
a Lambert’s Rule scattering kernel assumption with a scattering strength of -27 dB. The pulse is
specified by the RMW workshop to be an omni-directional Gaussian pulse with an energy level of
-17.26 dB at 250 Hz. The problem was range independent in 100 m of water with a source depth
of 30 m and three receiver depths of 10, 50 and 90 m. Computations were to be for 250, 1000 and
3500 Hz.

In the following examples, Lambert’s Rule with µ = −27 dB is used as the scattering kernel
and the source level is the same as in Prob. 11 above. Note that results for times earlier than 1
s are not plotted since they are suspect close in as 3-D corrections have not been applied. The
first plot for this new model shows predictions at 250 Hz for a wedge in the RMW I problem 17
environment (which is flat, 100 m deep everywhere in the negative y-direction and has the same
bottom as Problem 11). The wedge has no offset in the y-direction going from 200 m to 0 m in the
space of 7.4 km and is infinitely long in the x direction. The prediction is for a 1◦ wide cookie-
cutter receiver beam looking directly upslope (slope = 1.55◦). Predictions are for a receiver depth
of 50 m. Also shown is a solution from an independent model written earlier by Ellis [6]. The
agreement between the two models seems to be quite good. The next example is from the 2010
David Weston Sonar Performance Assessment Symposium. Figure 2 is the comparison prediction
at 250 Hz of reverberation vs. time for Problem IV.1 from Zampoli et al. [12] between Ellis using
an isovelocity profile and this model using a summer duct profile, for a 1◦ beam looking upslope
with a wedge offset in the y-direction of 5 km and having a 2◦ slope. Note the more rapid fall off
using the summer profile. Finally, Fig. 3 shows a reverberation prediction over all look directions
for the same Problem IV.1 from Zampoli et al. [12] using a 1◦ beam and a summer duct profile.
So the mode cutoff at 0◦ (directly upslope) occurs first and gradually spreads over the wedge. The
source level and beams used here are different than those prescribed for Prob. IV.1.

4. DISCUSSION

4.1. Speed

Here the results from our earlier paper for the range independent problem are updated using
our newer computer first. We refer to the benchmark problem 11 from the 2006 ONR Reverbera-
tion Modeling Workshop which asked for computations of reverberation vs. time out to 60 s for
a monostatic problem with the environment as described in the previous section and the compu-
tations were to be for 250, 1000 and 3500 Hz. As currently implemented, Problem 11 at 250 Hz
(16 modes and 3 receiver depths) requires about 8 s on a 3.2 GHz Linux processor with 4 CPUs
(plus about 1 s for the ORCA run). Problem 11 at 1000 Hz (63 modes and 3 receiver depths)
requires about 33 s on that same machine and about 126 s was needed for the 3500 Hz case (220
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Fig. 1: A model-model comparison of reverberation vs. time for RMW Problem
17; for a 1◦ beam upslope and 50 m receiver at 250 Hz.
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Fig. 2: Reverberation vs. time comparison between Ellis isovelocity profile and
this model using a summer duct profile, for 1◦ beam upslope of Problem IV.1 from

[12] with offset wedge having a 2◦ slope at 250 Hz.
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Fig. 3: Reverberation vs. time over all look directions using Lambert’s Rule and
the summer duct profile at 250 Hz for Problem IV.1 from [12] with offset wedge

having a 2◦ slope.

modes). Since bistatic geometries are assumed, there is no additional penalty to run problem 15
(the bistatic analog to problem 11 with a source-receiver separation of 10 km the only difference).

The new model is slower not only because more computations are done by the reverberation
model but because there is also the requirement to pre-compute all the modes at each depth of
interest. To pre-compute modes at 250 Hz in an isovelocity environment, for all 200 depths for
Problem 17 (with 1 m spacing) from 1 m to 200 m, took 82 s. Figure 1 (above) took 135 s to
load all the mode information for 31 modes and an additional 30 s including user input to do the
computation shown. Figure 2 (above) took 38 s to load all the mode information for 16 modes and
an additional 70 s including user input to do the computation shown for all 3 receiver depths (only
one shown). The most time was taken to create Fig. 3, the sum over all 360◦ took approximately
3 hrs.

4.2. Future Directions

Layered bottoms and various bottom backscattering functions, including a version of the
Jackson-Mourad kernel [13], will be incorporated soon. Plans are to improve the ability to com-
pare with measured data, and provide model-data difference plots. Fourier transform techniques
should be incorporated to make calculations broader band. For comparison with data, the model
predictions will need to incorporate a noise floor NF to be added to the reverberation on each
beam and frequency.

5. SUMMARY

A normal mode based reverberation model has been presented that uses ORCA and UNIX
scripts to generate the mode functions and MATLAB to implement a modified Ellis’ 2008 al-
gorithm for weakly range dependent reverberation. It can handle real array beam patterns and
azimuthally dependent scattering kernels. It includes full bistatic capability and uses a formula
from Wayland to separate up-and down-going mode functions. Current limitations include: a nar-
rowband assumption, no time dispersion in this version, fairly slow and it needs more scattering
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functions. Outputs over all angles in the form of rectangular or polar plots have recently been
developed.
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 FLUCTUATIONS IN ECHO LEVEL ASSOCIATED WITH 
CHANGES IN TARGET ASPECT AND TARGET FREQUENCY 

RESPONSE 

Mario Zampolli, Michael A. Ainslie, Tim van Zon 

Mario Zampolli, PO Box 96864, 2509 JG The Hague, Netherlands 
mario.zampolli@tno.nl 

Abstract: Ping-to-ping variations in echo level can be caused by time variations in sonar 
parameters (source level, orientation), target aspect, relative and absolute motion of 
sonar and target, and time varying environment (e.g. surface waves). Quantifying and 
understanding such fluctuations are important, since they enable an appropriate choice of 
receiver operating characteristics (ROC) curve, and suggest strategies for optimizing 
parameters such as the sonar frequency. One important aspect of this problem is given by 
the target echo fluctuations due to changes in target aspect and in sonar bandwidth. In 
some regions of aspect angle-frequency space the fluctuations are stronger and 
apparently less organized than in other regions. These effects can be explained in terms of 
scattering physics, and analyzed with high-fidelity target scatter modeling tools, such as 
those based on finite element methods. This paper presents a numerical study in which one 
target is analyzed over a broad range of aspect angles and frequencies. The fluctuations 
in target echo amplitude are studied and characterized in the angle-frequency space, with 
the objective of obtaining a better understanding of the underlying target-specific echo 
strength distribution. The result is discussed in view of the construction of target 
scattering physics-based ROC curves. 
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 MESO-SCALE SEABED SPATIAL VARIABILITY OBSERVATIONS 

Charles W. Holland, Peter L. Nielsen, Jan Dettmer, Stan Dosso 

Charles W. Holland, PO Box 30, Mailstop 6110D, State College PA, 16804, United States 
cwh10@psu.edu 

Abstract: In some environments, acoustic propagation, reverberation, and clutter may be 
controlled by sediment spatial variability.  Many of the geoacoustic measurement 
approaches currently employed in the ocean acoustics community provide measurements 
of sediment properties at either fine scales, less than O(10^1)m (e.g., probes and cores) or 
at large scales spatially averaged over lateral scales greater than O(10^3) m.  Relatively 
little is understood about the meso-scale, defined here as scales from O(10^1-10^3) m.  
Measurements using a separated source and receivers from an AUV during the Clutter09 
experiment provide early insights into meso-scale variability. [Supported by ONR Ocean 
Acoustics, NURC, and the CLUTTER JRP partners] 
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 PREDICTING BISTATIC SURFACE REVERBERATION BASED ON 
PARAMETERS OF THE RESONANT SCATTERING AREAS 

Elena Borodina 

Institute of Applied Physics of Russian Academy of Sciences, Nizhni Novgorod, Russia 

Elena Borodina, Institute of Applied Physics RAS, Ul’yanova 46, Nizhni Novgorod, 
603950 Russia, fax: 7831-4365976, email: bel@hydro.appl.sci-nnov.ru 

Abstract: The problem of scattering from a rough sea surface is considered for tonal low-
frequency acoustic signals propagating along stationary paths in shallow water. An 
experimental study of the azimuthal dependence of reverberation is carried out on the 
basis of the bistatic location scheme with the use of horizontal linear arrays. 
Simultaneously with acoustic measurements, the video recording of the surface waviness 
within the experiment area is performed; the frequency-, 3D spatial-frequency spectra and 
characteristics of coherence of wind waves are obtained. By a numerical simulation, the 
formation of frequency and frequency-angular reverberation spectra is demonstrated for 
various angular distributions of wind waves. A satisfactory agreement between the 
experiments and the calculations is achieved. 

Keywords: Reverberation, surface roughness, resonant scattering  
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1. MEASUREMENTS OF THE SURFACE REVERBERATION  

A number of recent publications (see in [1]) report on intensive studies of the 
mechanism that seems most likely to be responsible for the formation of low-frequency 
reverberation in the sea: the resonant scattering of acoustic waves by the spatial structure 
of the rough sea surface due to wind waves. This mechanism is based on the scattering of 
a tone signal from a moving train of surface waves. Because of the motion of a surface 
wave, the reflected signal acquires Doppler frequencies, and the scattering surface regions 
for negative and positive Doppler frequencies prove to be localized on different sides of 
the line connecting the source and the receiver. 

i(+) 

Wind direction 

S 
K 

 

О γ 

Т(+) 

Т(-) 

T 
ks 

Source 

X 

Y 
s(+)

Receiving 
array 

ki 

 
Fig.1. Layout of the resonant scattering of sound by a wavy surface. The symbols T(+) 

and T(–) indicate the resonance scattering areas.  
 
Figure 1 shows a schematic diagram of the resonant scattering. The measurements were 

performed in the Bierke-Soond strait in the Finland Gulf along the relatively uniform long 
path with length R = 2090 m and depths H ~ 18-23 m and the short path with R = 180 m 
and depths changing from 6 m to 18 m. The signal was received by the horizontal 12m-
array consisting of 64 equidistant hydrophones. The mean depth of the array was 8 m. As 
the source of polytonal signals, the bottom-moored wide band transducer with frequencies 
of 0.8 – 3 kHz and acoustic power up to 300 W was used. Simultaneously with the 
acoustic measurements, a video recording of surface roughness over an area close to the 
array (at the end of the stationary path) was performed. The XOY plane coincides with the 
sea surface,  is the angle between the direction from the source to the receiver and the 
wind direction, and θT is the angle between the directions of arrival of signals from the 
scattering regions with positive and negative frequency shifts. The azimuth angle γ is 
counted with respect to the normal to the array, K(Ω) (K = 2/) is the wave vector of a 
wind wave, Ω = 2 f is the cyclic frequency of wind waves, and ki and ks are the 
horizontal projections of the acoustic wave vectors in the incident and scattered waves.  

In the present paper, we estimate the capability of the model for resonant sound 
scattering to predict the parameters of reverberation with use of the model and measured 
frequency-angular surface spectrum. Table 1 presents the description of the sea 
propagation paths on which the acoustic measurements were performed. 

Figure 2 shows the frequency-angular spectra that were used to determine the areas 
responsible for the resonant scattering by the surface roughness. Here, two domains of 
increased scattering levels correspond to positive and negative Doppler shifts. At the zero 
Doppler frequency f, the relatively narrow peak is observed, which corresponds to the 
direct signal immediately from the source. The angular positions of the sound source 
relative to the normal to the horizontal linear array are: γ*

1,2 = -20, γ*
3 = 16. Fig. 2 b, d 

shows the calculated 2D spectra of scattering for the array oriented to the source γ* = 0. 
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Ordinal number (1) (2) (3) 

Date of acoustic measurements 21.08.06 12:14 21.08.06 12:14 19.08.06 18:46 
Date of a video record 21.08.06 12:50 21.08.06 12:50 19.08.06 17:15, 

19.08.06 18:50 
Path length |SO|, m 2090 2090 180 
Average depth H, m 20 20 12 
Transmitted frequency F, Hz 2080 1360 1360 
Spectral peak frequency fmax, Hz 0.75 0.75 0.7 
Value of (fmax), Eq. (1) 0.12 0.19 0.17 
θT estimated/calculated, deg. 14.3/14.4 22.0/22.1 19.1 
 

Table 1: Experimental conditions on fixed propagation paths. 

All the records were obtained at low sea state, when the direction of surface waves 
noticeably differed from the normal to the acoustic propagation path. In this case, 
according to Fig. 2, the scattered signal manifests itself as fuzzy and asymmetrical 
domains of increased signal level in the band of surface-wave frequencies. Due to the low 
spatial resolution the maxima have characteristic widths of 20°–30° in the angular 
coordinate. The angle θT between these blurred peaks is about 5°–15°. 

The estimate of the deviation of ray in the azimuthal plane T (see Fig. 1) can be 
obtained using the conditions of the Bragg combination scattering ks = ki  K: 

)2/(      ),arcsin(2 kKT   ,  
(1) 

where the value of the wave vector K is determined by the dispersion relation K = Ω2/g, g 
is the acceleration of gravity, k = 2F/c, c is the sound speed . The difference between the 
experimental and theoretical values of deviation can be explained by both the 
aforementioned sea state and the effect of the wide angle distribution of the surface waves. 

2. CALCULATION OF THE SCATTERING LEVEL 

Calculation of the power spectral density of scattering is performed under the 
assumption that the wind waves are partially coherent. Basing on Eq. (A4) in [1] for 
totally coherent surface roughness, we can obtain the reduced expression which is 
convenient for studying the frequency and angular dependences of the scattering power: 
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Here, r and  are the distance and direction to a local scatterer with an area rdrd in the 
coordinate system connected with the receiver; Lj is the surface region, within which the 
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Fig.2: Frequency-angular spectrum of fluctuations: experiment (a) and calculation (b) 

according Eq.(2) for the conditions (1), experiment (c) and calculation (d) for the case (2) 
and experiment (e) for the case(3). The brightness scale indicates the power spectral 

density of the sound signal in decibels. 
 

surface wave can be considered as coherent. P(f) is the power spectral density and A(f,) is 
the angular spectrum of the wind waves, D(γ*,) characterizes the directivity of the array. 

*( , ) ( cos2 sin )( cos2 sin )/m n m n                , m and n are the grazing angles of mth and 
nth modes in the incident and scattered waves, respectively. The phase function S(r,) is 
determined by the expression ( , ) ( cos cos ) cos( )m nr k r r        S , rs is the distance 

γ* = 0. 
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between the source and the point with coordinates (r,θ). The values of M, N are 
determined by the sampling interval  ~ /H ( = c/F) in angle χ that is necessary for 
resolving the modes in the waveguides at the given source frequency F.  

Let us estimate the size of the scattering surface area relative to the length of the 
surface wave: n = D/Λ(fmax). For the considered experiments, the sizes D of the Fresnel 
zones are D1 ~ 27, D2 ~ 33, and D3 ~ 10 m for measurements 1, 2, and 3, respectively. The 
values of n are n1 ~ 10, n2 ~ 12, and n3 ~ 3 for these paths. All the values of n are rather 
small, which, presumably, accounts for the localized scattering areas in Fig.2 and for the 
good agreement between the measured and calculated levels of fluctuations (Fig. 3). The 
value n* ~ 10–20 seems to be a characteristic length of the train of surface waves [1, 2]. If 
n > n*, the spatial distribution of the deviations of the main scattering surface becomes 
irregular, and the coherence of the secondary sources responsible for the scattering 
decreases. The maximal distance |SO| between the source and the receiver at which the 
scattering is coherent is max|SO|  n*

2Λ2(fmax)/λ. 
If the capture angle in the waveguide is small, * << 1, and the surface spectrum is 

infinitely narrow, )(),( 0 fA , the power spectral density can be estimated by the 
simplified expression  

)(
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(3) 

In calculating the level of fluctuations at the short path, in the case (3), we used the 
measured power spectrum P(f) of surface waves. For the experimental records obtained at 
the long path with nos. (1) and (2), we used a model spectral function P(f) in the Pierson–
Moskowitz form [1] and the estimate given by the expression: 
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where α = 0.0041. 

3. DISCUSSION OF THE RESULTS 

Figure 3 shows the spectra of the sound signals received by the hydrophones of the 
horizontal array for the measurements nos. 1-3. These data are obtained by incoherent 
summation over the 64 hydrophones: such a method corresponds to an omnidirectional 
reception. 

As it is seen from Figs. 3 a, c the expression (4) for the spectrum of developed surface 
waves is appropriate for description of reverberation at the long path nos. 1 and 2. 
According to figure, the scattering level at relatively high frequencies decreases (in 
absolute value and with respect to the estimate by Eq. (4)) with growth of the transmitted 
frequency F. Actually, at high frequencies f and large values of , the surface areas 
responsible for the resonant scattering move away from the axis (OS) and can do not 
contribute into the summation within a reduced aperture angle.  

For the low values of (fmax) in the experiments (see Table 1), the conditions [1] are 
met which are necessary for forming of a single maximum in the 2D distribution of signal 
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scattered by wavy surface with a narrow spectrum. Manifestation of two resonant peaks in 
Fig.2 (allowing for a noticeable difference between the direction of surface waves and the 
normal to the acoustic propagation path) indicates that a directivity pattern of waviness is 
wide enough.  

The solid curve in Fig. 3 a corresponds to Is calculated according to Eq. (2) when 
evaluating the contribution of the surface regions limited by the dimensions of the first 
Fresnel zone. In the further calculations the roughness spectrum was assumed to be 
described by the known Pierson-Moskowitz formula and the directivity pattern of 
the )(),( 0 fA , )2/)((cos),( 0

21
2   fA  or )2/)((cos33.1),( 0

41
4   fA  type. It 

follows from comparison of the data on the reverberation spectra presented in Fig. 3 a-c 
that the scattering spectra calculated using the analytical equations are in good agreement 
with the in situ data, especially in the range of resonant maxima. At that, calculations with 
use of the wide angular spectra are more close to the experimental scattering spectrum, 
especially at relatively high Doppler frequencies.  

For the short path no. 3, a good agreement with the estimate (3) for the measured 
spectrum P(f) is observed, see Fig. 3 d. This is promising for application of the in situ 
frequency-angular roughness spectra. Fig. 4 shows the cut of the 3D spectrum of surface 
waves at the peak frequency 0.75 Hz (a) and the coherence function of the surface 
roughness for longitudinal and transversal directions (b). The 3D spectra and coherence 
dependencies of wind-induced waves were reconstructed from video imaging of the sea 
surface. (The derived processing technique makes it possible to determine the frequency, 
spatial scales, and an angular spectrum of roughness with reasonable accuracy.) The 
calculations in Fig. 3 e conform to the measured dependency. 

As concerns 2D distributions, results of modeling reveal the following. If the angular 
spectrum of roughness is narrow, at the wind directions close to transverse ones ( ≈ 90°), 
the total scattered signal is mainly formed by the diagonal elements of the matrix gmn. 
When the angle  deviates from the transverse direction, the main contribution is made by 
the partial distributions with different angles m and n. As the calculations show, a 
change in the coherence radius does not lead to any significant changes in the scattering 
intensity (Fig. 3 e). However, at larger radiuses, the total signal is formed mainly by 
modes with lower numbers. In the case of wide diagrams A(f,), the 2D spectra for 
different main wind directions 0 are similar in the shape and amplitude. The both spectral 
peaks (with positive and negative Doppler shifts) are observed, whereas, for narrow A(f,), 
the resonant scattering can occur at only one of the Doppler frequencies.  

In closing, we give the error of the estimate of the scattering spectrum based on the in-
situ distribution of A(f, ) (Fig. 4 a): 1) due to the change of wind direction by 20 with 
respect to the reference direction 0 (Fig.5a), and 2) the change of the distance |OS|, 180 m 
and 360 m (Fig. 5b). The error for the conditions no. 3 does not exceed the limit of ±4dB. 

Fig. 6 shows the dependence of the intensity in resonant peaks for the conditions no. 1 
(Table 1) on the acoustical absorption coefficient f in the interval of its typical values. 
For these conditions, the inequality * < 2/12

11
2/3

10 )]/()1(/[2 nmnRH    is hold, here, 
n1 = b/, m1 = kb/k are the relations of densities and wavenumbers in the bottom and 
water,  = 0.037f cb (f in dB/(km Hz), cb in (km/s)). At that, during propagation along 
the path, relative contributions of modes are monotonely decreasing. If * > 0, the  
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Fig.3: Measured spectra of the sound signal (omnidirectional reception), marked as 

'record', spectra calculated according Eq. (2), marked as 'modelling', estimations by Eq. 
(4), 'estimation', and Eq. (4) with measured frequency spectrum P(f), 'wind spectrum', for 

the experiments 1 (a, b), 2 (c, d), and 3 (e). 
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Fig.4: Cut of the 3D spectrum of surface waves (a) and coherence function (b) of the 
surface roughness. 
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Fig.5: Error of the estimate of the frequency spectrum I(f) due to the wind direction (a) 
and the distance from the source to the receiver (b) (modulus); F = 1.36 kHz. 
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Fig.6: Relative intensity in the spectral peaks vs the bottom absorption for the distances 

|SO|=2 km and 10 km. 
 

structure of signal (2) rearranges with grows of the distance, so that only low number 
modes form the scattered signal.  

Thus the theoretical estimations based on the model for resonant scattering of sound by 
the surface are found in a good correspondence with the experimental data. 
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Abstract: Reverberation data was measured at Yellow Sea using explosive sound bombs in 
2005. Reverberation average intensity decaying lines at different frequency were 
analyzed. A new energy-flux model of waveguide reverberation based on Perturbation 
theory was used to explain the reverberation average intensity decaying. There are only 
three environmental parameters (P, Q, ) in the new reverberation model. P illustrates the 
angular dependency of backscattering energy. Q controls the reverberation intensity 
decaying, and  shows the backscattering strength. Q has been extracted from mode 
filtering approach previously, P and  have been inversed using 2005 reverberation data 
at the same area. Data/model comparison results show that: reverberation intensity 
decaying can be explained by the new waveguide energy-flux reverberation model well in 
most cases.  

Keywords: Reverberation, energy-flux model, PQ model 
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1. INTRODUCTION  

Reverberation is the main interference to active detection, and for this reason 
reverberation is of interest for a long time, especially for the case of shallow water 
waveguide. There have appeared many shallow water reverberation models. And these 
models can be categorized into two groups: phenomenological model and physical based 
model. Most of the shallow water reverberation models are phenomenological, such as 
normal mode model[1-2], energy-flux model[3], PE model[4] and so on. In these models, the 
two-way propagation component is considered to be waveguide constrained by using the 
waveguide Green’s function but the key component of the bottom back-scattering process 
– the scattering kernel has been treated with help either by introducing an empirical law 
(e.g. Lambert’s law) or using some kind of assumed model with parameters to be 
determined [5]. Phenomenological models are practical and heuristic, but not rigorous. As 
we know, for waveguide scattering the scattering kernel is constrained by the Green’s 
theorem. However, the assumed empirical scattering kernel, in general, is not constrained 
by the Green’s theorem in waveguides. The other group of reverberation models is 
physical based models, sometimes, they are called full-wave reverberation model. These 
models deal with the two-way sound propagation and backscattering in the same 
theoretical frame – Green’s theorem under Born approximation. The analytic expressions 
of backscattering sound field were deduced due to rough interface of bottom[6], and due to 
volume inhomogeneities in bottom[7], or due to both of the two mechanisms[8]. These 
models are more rigorous in theory and have clear physical picture for reverberation. 

In this paper, a new energy-flux model of waveguide reverberation based on modal 
Perturbation theory was used to compare with 2005 Yellow Sea reverberation data. The 
parameters in the new model have been extracted from propagation data and reverberation 
data at the same area. Data/model comparison result shows that the new energy-flux 
model can explain 2005 Yellow Sea reverberation data well.  

2. THE NEW ENERGY-FLUX MODEL OF WAVEGUIDE REVERBERATION  

A new energy-flux model of waveguide reverberation based on perturbation theory has 
been developed recently[9]. The model can be written as,  

  
c c

oiooibi ddHrfMHrf
rH

cIrI
 




0 0

22
20 ]/)(Qexp[),(]/)(Qexp[)(       (1) 

]2/)(P[sin]2/)(P[sin)(),( 22 fffM oioib                                                   (2) 

22
00

2 ])[2(16)( RckkPf 
                                                                                 (3) 

where I is reverberation intensity, I0 is initial signal intensity, r is range, c is sound speed 
in the wave guide,  is initial signal pulse length, H is water depth, c is grazing angle of 
the waveguide, P,Q and  are parameters in the new energy-flux reverberation model.  

In general, the bottom can be described by geo-acoustic(GA) model. In GA model, the 
bottom is divided into several layers, and there are many parameters, such as sound speed, 
density, and attenuation and so on, in each layer. Most sound field calculation programs 
were based on GA model[10]. Instead of using several GA parameters to describe the 
bottom, the complex bottom-reflection coefficient (magnitude and phase) can be used as 
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an alternative way to describe the interaction with the bottom. Because the complex 
bottom-refection coefficient contains all the boundary information for solving the acoustic 
field in the water column[11]. There is a sub-program in the popular sound field program 
KRAKEN which calculates the sound field using bottom-reflection coefficient. Weston[12] 
has firstly introduced a single parameter “α” (α = 2Q) to describe the reflection loss (see 
eq.(48)). In Ref.[13], it was proposed that in small grazing angle area, both the reflection 
loss and phase-shift can be simplified by 2 parameters (P,Q) : 

 Q)(ln V                                                                                                     (54) 
    P)(arg V                                                                                              (55) 

For a homogeneous half space, P can be approximated as in eq.(24) and Q is 
approximately given by 

     Q ≈ 2[(ρb /ρ0)(c0/cb)2η] / [1- (c0/cb)2]3/2                                                              (56) 

)8686(2
 bKc
                                                                                                     (57) 

where K is the attenuation coefficient of sediment(dB/kHz-m), the unit of sound speed in 
sediment cb is m/s. 

In the normal mode theory, eigenvalue km and eigenfunction φm(z) are affected by 
parameter P. And mode attenuation βm is affected mainly by parameter Q . That is to say, 
P controls the phase information of modes, and Q controls the energy of modes. 

3. DATA/MODEL COMPARISON  

The experiment was carried out at Yellow Sea (Qingdao, China) in November 2005. It 
can be approximated as an iso-velocity profile from the sound speed profile (figure 1) 
measured at the experiment, and the sound speed in the water c0 = 1513 m/s. The water 
depth in the experiment area is 32 m.  

 
Fig.1:  Sound speed profile during Qingdao-2005 experiment 
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Parameter Q has been inferred from the amplitude ratio of modes in the same 
experiment area by Luo and his colleagues[14]. The values of Q were given in Table 1 

f (Hz) 315 500 630 
Q 0.39 0.71 0.8 

Table 1: Values of Q in the experiment area. 

According to table 1, we take Q(f = 300 Hz) = 0.38, Q(f = 600 Hz) = 0.78 and Q(f = 
900) = 0.9 approximately. The values of P and  at different frequency can be inverted 
using reverberation data of the Qingdao-2005 experiment. The result was presented in 
Table 2.  

f (Hz) 300 600 900 
P 11.9 13.7 13.6 
Q 0.38 0.78 0.9 

 (dB) -36.9 -34.1 -32.2 
Table 2: Values of P, Q and  in the experiment area. 

Using the values of P and Q, parameter  listed in table 2, we can predict the 
reverberation intensity decaying in the Yellow sea. The data/model comparison results are 
showing in Fig. 7, 8 and 9 for f = 300 Hz, f = 600 Hz, and f = 900 Hz respectively. 
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Fig.2: Data fitting result (f = 300 Hz, P=11.9, Q=0.38,  =-36.9 dB) 
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Fig.3: Data fitting result (f = 600 Hz, P=13.7, Q=0.78,  =-34.1 dB) 
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Fig.4: Data fitting result (f = 900 Hz, P=13.6, Q=0.9,  =-32.2 dB) 

In Fig. 7, 8 and 9, the experiment data and theory model data agrees well. That means 
the new energy-flux model can explain 2005 Yellow Sea reverberation data well. 

4. CONCLUSION 

A new energy-flux model of waveguide reverberation based on perturbation theory was 
used to compare with 2005 Yellow Sea reverberation data. The new model has clear 
physical picture and is satisfied with the waveguide constraint. It only has three 
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environmental parameters – P, Q, and , and can be tested by real reverberation data 
easily. The parameters in the new model have been extracted from propagation data and 
reverberation data at the same area. Data/model comparison result shows that the new 
energy-flux model can explain 2005 Yellow Sea reverberation data well. 
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Abstract: Simulation of reverberation is particularly challenging owing to the stochastic 
nature of the scattering phenomena. Deterministic clutter is generally modeled as 
scattered energy from macroscopic bathymetric features, marine organisms, or 
anthropogenic features such as oil rigs and shipwrecks. However, fine scale clutter must 
be modeled stochastically since the resolution of the available databases is several orders 
of magnitude larger at best than the acoustic length scales of interest. This can be 
accomplished with reasonable results by stochastic resampling of predicted mean 
backscattered levels after parameterization of in-situ data. Correlations can be injected 
through a variety of methods – one such being a multi-dimensional wavenumber 
approach, which can simulate both clustered clutter as well as persistent clutter (i.e., 
clutter features which exhibit spatial and temporal correlations respectively). For active 
sonar and when there is a single dominant reverberation source (i.e., bottom-limited), a 
wholly statistical simulation without propagation modeling may be sufficient to produce 
realism in a normalized display. Such a method will be discussed and simulated sonar 
imagery presented. 

Keywords: sonar, reverberation, simulation, training, clutter, persistence 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 693 -



 

1. INTRODUCTION  

Simulation of realistic sonar reverberation is an area of active research for training of 
sonar operators, mission rehearsal, and performance prediction of sonar processing 
algorithms. These simulations are intended to be a high-fidelity substitute for in situ data, 
and as such must emulate several key characteristics of actual reverberation. The 
amplitude distribution is widely used to compare modeled and measured undersea clutter 
when comparing statistical models to collected data (e.g. [1,2]). However, the amplitude 
distribution alone cannot account for the arrangement of clutter at various spatial and time 
scales (i.e., with range, cross-range, and across multiple pings) [3]. Reverberation consists 
of a multitude of components ranging from volume, surface, and seafloor scattering, and 
these returns may either be discrete, extended, or even ‘patchy.’ The spatial and temporal 
character of reverberation, which we will refer to here as clustering and persistence 
respectively, are equally as important as the amplitude distribution when an operator or 
algorithm makes an interpretation concerning the source of the scattered acoustic energy. 
As such, simulation efforts should also have a mechanism with which to duplicate the 
spatio-temporal character of reverberation, particularly for the challenging concern of 
producing realistic clutter, or target-like returns arising from scattering off benign objects. 
The focus here is on the simulation of seafloor clutter; however the techniques presented 
are expected to have validity for other types of clutter. 

One approach for simulating the appropriate amplitude, spatial, and temporal 
characteristics of clutter is to model the seafloor as an appropriate distribution of discrete 
scatterers and then calculate the sonar equation for each scatterer for each ping. This 
method can provide a high-fidelity simulation of both mean reverberation levels as a 
function of transmission loss and fluctuations in received levels about that mean. 
However, this method may be unviable from the standpoint of significant computational 
expense. 

An alternative approach is to approximate the reverberation with a stochastic numerical 
simulation (i.e., a random number generator), with parameters such that the realization 
accurately mimics the desired signal. As active sonar displays often show the post-
normalized envelope of the signal, it may be sufficient to simulate only the small scale 
amplitude fluctuations for specific scenarios such as a bottom-limited reverberation 
environment. It may also be assumed for certain applications that the phase of bottom 
clutter is expected to be uniformly random, because of a large distance travelled between 
pings or instabilities in the propagation. The work presented here discusses several 
techniques utilizing the wavenumber domain (i.e., a multi-dimensional Fourier Transform 
of the intended output realization) for incorporating key parameters of clutter for effective 
realism of simulations. These techniques are adaptations from the fields of radar 
simulation and computer graphics, and as such are well understood.  For the appropriate 
conditions, these stochastic methods may produce significant computational savings while 
increasing the realism of simulation. 

The following section discusses random realizations in the wavenumber domain and 
section 3 presents a technique to simulate motion of a sonar platform with respect to these 
realizations. Section 4 presents a technique to scale the realization to have heavy-tailed 
amplitude statistics and gives an example implementation. Finally, section 5 provides a 
summary and conclusions of the work. 
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2. RANDOM REALIZATION GENERATION IN WAVENUMBER DOMAIN 

The methods presented here utilize properties of the inverse Fourier transform (IFT) of 
a multidimensional random phase spectra to simulate clutter persistence. That is, the 
Fourier transform (FT) of the desired n-dimensional simulated data in the space or time 
domain is generated by populating a corresponding n-dimensional frequency, or 
wavenumber, representation. For the sake of simplicity, and acknowledging the optical 
origins of many of these techniques, the term ‘image’ will be used to describe a two-
dimensional Cartesian realization and ‘texture’ to describe the two-dimensional detail. 
However, this technique can be applied to multiple dimensions (e.g. range/bearing/time 
for surface clutter, or range/bearing/depth/time for volume clutter). If the wavenumber 
spectrum is anything but constant for all wavenumber values (i.e., anything besides a 
‘white’ spectrum), the inverse Fourier transform of the representation will exhibit 
coherence in space or persistence in time. By varying the wavenumber spectrum, a 
multitude of spatial realizations can be obtained with various spatial characteristics or 
texture.   

Of particular interest for this work are those images which appear to exhibit spatial 
clustering, and those which are similar to textures encountered in the oceanic environment 
on the resolution scale of the sonar system of interest. As an example of cluster 
generation, consider a two-dimensional band-limited wavenumber spectrum (this 
spectrum will be used for the example later in Section 5). The corresponding two-
dimensional spatial image, calculated by performing an IFT of the wavenumber data, 
exhibits a ‘clustered’ or ‘speckled’ appearance.  In effect, the limited wavenumber 
spectrum represents a spatial image where not all spatial frequencies are present. A ‘white’ 
noise image would have no correlation between the pixels. This technique has been used 
to simulate coherent imaging speckle for laser, radar, and sonar that employ wave-front 
reconstruction techniques [4]. An example of a specific ocean texture simulation is sea-
surface water waves.  Simulations of this type of texture have been widely discussed for 
use in movies, video games, and radar simulations [5-7]. Fig. 1 shows an example of a 
band-limited directional wavenumber spectrum which produces an anisotropic spatial 
realization closely resembling sea-surface ripples. 

A unique property of wavenumber generated images is that they are spatially-harmonic. 
That is, images can be tiled edge to edge with no discontinuities. A drawback to 
wavenumber generation is that it is impractical to precisely specify the spatial location of 
features within the image from the wavenumber domain. For example, a desired image 
with several sub-regions, each of different textures specified by different spectral 
behaviors, may be prohibitively complicated to determine. However, the net effect may be 
obtained by separately generating each texture realization from the wavenumber domain 
across all space, and then using spatial masks to select the appropriate texture for each 
desired sub-region. The work here is limited to production of an isotropic image, which 
would then be modulated by sonar equation calculations. 
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Fig. 1: Physics-based spectra (left) and corresponding spatial realization (right) for an 
ocean surface realization as an example for interface relief population. 

3. SIMULATING MOTION WITH DISPERSION-LIKE PHASE SHIFTING 

The next step is to simulate motion of the sonar system over the texture, or alternatively 
to simulate motion of the texture under the sonar, once the simulated data exhibits the 
desired spatial clustering or texture. Conveniently, this can also be accomplished in the 
wavenumber domain by phase-shifting the wavenumber representation of an image. This 
technique is similar to the simulation of dispersion, or frequency-dependent wave-
propagation, such as that due to gravity waves for sea-surface ripples. Examples of 
dispersion phenomena include: electromagnetic waves which travel with nearly linear 
dispersion, 
 

 ω = kc        (1) 
 

where c is the speed of light, ocean surface gravity waves where low frequencies ‘outrun’ 
high frequencies 
 

 ω = (gk)1/2       (2) 
 

where g is the gravitational constant, and energy waves where high frequencies ‘outrun’ 
low frequencies 
 

 ω = hk2/2m       (3) 

where h is the Planck constant, and m is mass. For continuous realizations, the dispersion 
values are determined by the wavenumber and any associated constants using these 
equations. For discrete realizations, such as simulation of sonar pings, the amount of phase 
shift is also a function of the intended translation between pings, and the number of 
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simulation steps before spatial aliasing occurs. Spatial aliasing is the result of finite 
Fourier transforms, and when the wavenumber phase is shifted using a dispersion 
relationship, sections of the image which move off the edge of the image wrap to the 
opposite and move back on. 

For the intended application here, a small complication arises when trying to simulate 
sonar data which is best described by a polar coordinate system with a Cartesian 
wavenumber system. The first complication is the customary, but non-trivial, resampling 
from polar to Cartesian coordinates and back. For large datasets and multiple pings, this 
can be prohibitively expensive computationally, as well as introducing interpolation errors 
impacting the desired statistical distributions. The proposed implementation is to remain in 
Cartesian coordinates until near the final stages of the simulation to minimize 
computational cycles. 

The second complication is also related to the polar to Cartesian conversion, and is with 
determining the amount of phase shift for the desired dispersion-implemented translation. 
As an illustrative example, consider an image where the wavenumber domain is shifted 
from 0 to 2π such that the resulting translation is along the x axis. Recalling the spatially 
harmonic principle mentioned previously, this will result in two ‘wraps’ around the edge 
with the image returning to the original position. Now consider an image where the 
wavenumber domain is shifted from 0 to 2π as before, but the resulting translation is now 
at a 45˚ angle between the x and y axes. Phase-shifting for this scenario results in only one 
‘wrap’ around the edge with the image returning to the original position. While initially 
counterintuitive, this is a result of applying the phase-shifting in the wavenumber domain 
as a polar representation which produces the translation in the Cartesian image. A simple 
solution was determined to serve as a multiplication factor for the chosen dispersion type 
(i.e., Eq.(1)-(3)) when calculating the necessary wavenumber phase shift ΔKphase to be 
applied for each image in the sequence, and is given by: 

 
 

n
d

K phase
 2sin1

       (4) 

  
where n is the number of steps, d is the distance of the shift (i.e., magnitude of distance to 
next x,y position relative to the previous), and θ is the bearing of the intended translation. 
Multiplying equation 4 by the desired dispersion relationship given in Eq. (1)-(3) produces 
the appropriate amount of phase-shifting to be applied to each subsequent image 
realization. As an example, the spatial image of Fig. 1 could be animated to move left 
along the x axis by applying a positive advance to the positive Kx values of the 
wavenumber spectrum of Fig. 1 while applying a negative advance to the negative Kx 
values. 

4. RESCALING TO OBTAIN NON-RAYLEIGH DISTRIBUTIONS 

It is convenient to take Gaussian random draws for the entries in the frequency-
wavenumber representation, leading to a uniform random phase and a Rayleigh distributed 
amplitude. However, realistic clutter is generally non-Rayleigh with a much heavier upper 
tail. Even if the frequency-wavenumber entries are drawn from a non-Rayleigh 
distribution, the IFT often acts as the sum of many identically distributed random 
variables.  By the central limit theorem the simulation output in the space-time domain 
will often be near Rayleigh and may not match the desired distribution for real clutter. A 
rescaling technique has been developed to overcome this shortcoming.  
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We generate complex Gaussian random draws for the frequency-wavenumber 
representation, with mean intensities matched to the desired power spectrum levels. The 
IFT is then a sum of Gaussian random variables, guaranteeing that the space time domain 
samples are Gaussian. The intensities thus have an exponential distribution. The 
transformation 

 













 




2

exp1
x

u        (6) 

where x is the space-time sample having mean intensity μ, produces a random variable u 
with a uniform distribution on the interval [0,1]. Next, that uniform set can be transformed 
to any other distribution with cumulative probability density function F, using the 
transformation 
 

y = F  -1(u),       (7) 
 

where y is the set of new random samples with the desired non-Rayleigh distribution. In 
many cases F -1 may not be known in a closed form expression. When F is known in 
closed form, a table of u = F(y) values can be created over the expected range and 
interpolation used to find the samples y, given the uniform samples u. 

One drawback of the non-linear rescaling is that it can change the correlation properties 
of the simulation. The original Gaussian random variables may have the desired 
correlations, but the non-linear transformation of those variables may have different 
correlations. Some iterative adjustments of the correlations of the original Gaussian 
variables (usually to increase them) may be required to obtain the desired output 
correlations. 

5. IMPLEMENTING WAVENUMBER REALIZATIONS 

These random fields can be used either as a representation of a surface relief when 
combined with propagation and scattering algorithms as with the example of the ocean 
surface ripples prior, or may be used to produce the reverberation field directly for the 
case of simulating reverberation post-normalizer when combined with amplitude rescaling 
discussed in the previous section. 

Fig. 2 shows an example simulation of a 3 ping history incorporating a speckle-like 
texture (enlarged to show detail), phase-shifting to demonstrate motion, scaling to a 
heavy-tailed distribution which was then threshold-detected. This figure clearly shows 
clustering of the simulated returns which perfectly-persist across all pings. Also 
demonstrated with this example is the ability of the phase-shifting technique to simulate a 
platform motion relative to a fixed texture. 
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Fig. 2: Example perfectly-persistent clustered realization for 3 pings, as might be input 

to a stochastic upsampling routine. Circles denote platform location, moving left to right, 
with dashed lines representing the outer range limit for each ping. 

6. CONCLUSIONS 

Techniques were presented for simulating persistent clutter with a wavenumber model. 
The wavenumber method involves utilizing properties of the inverse Fourier transform of 
a multidimensional random phase spectra to simulate clutter persistence, where the 
multiple dimensions may represent range, bearing, and multiple pings. The wavenumber 
model may be particularly well-suited for near real-time simulations owing to the 
computationally efficiency of current implementations of the forward and inverse Fourier 
transform. Wavenumber generated images can be spatially harmonic, further improving 
computationally efficiency through repetitive tiling of smaller images. Resulting images 
can have clustering, texture, or structure by specifying the two-dimensional wavenumber 
amplitude distribution, and can be animated to simulation motion by phase-shifting the 
two-dimensional wavenumber phase distribution for successive realizations. Multi-ping 
persistence can be simulated with a variety of techniques such as utilization of a third 
dimension of the wavenumber domain to represent successive pings, re-randomization 
with a correlated random draw, or a bimodal dispersion relationship to shift small and 
large scale features at different rates effectively randomizing the realization. Finally, the 
output of the wavenumber model can be rescaled to have appropriate image statistics for 
the desired application. 
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Abstract: Cumulative acoustic exposure is used as an indicator for the risk of negative 
impact to animals as a consequence of exposure to underwater sound.  The free-field 
energy of a single source, defined as the total acoustic energy that would exist in the 
source’s free field, is shown to be closely related to the total cumulative exposure added 
over a population of animals. On this basis, the free-field energy of an underwater sound 
source, referred to as its “energy cost”, is proposed as an indicator of its environmental 
risk. For otherwise the same conditions, the environmental cost so defined of a multi-beam 
echo sounder (frequency 100 kHz) is about 40 000 times less than that of a search sonar 
(1 kHz) of the same source level. In turn, the cost of the same sonar is about 300 times 
less than that of a pile driver of the same energy source level, implying that source level 
(or energy source level) alone is a poor indicator of environmental risk.  The main reason 
for this is that source level takes no account either of the amount of space occupied by the 
sound once in the water, or of the time required for the sound to dissipate. The free-field 
source energy, which includes the effects of source directivity and decay time, is therefore 
useful as an indicator of the environmental cost of a marine sound source. 

Keywords: Acoustic exposure, source level, environmental cost 
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1. INTRODUCTION 

Anthropogenic sound in water is a growing source of concern because of its possible 
detrimental effect on aquatic animals such as marine mammals [1, 2] and fish [3, 4]. The 
European Commission now includes underwater noise explicitly in its Marine Strategy 
Framework Directive for achieving good environmental status (GES).[5]  

A measure of the strength of underwater sound sources known as the „source level‟ (or 
„energy source level‟, which is the source level scaled by the duration of the sound) is 
widely used to assess their performance as underwater sensors [6, 7]. The same metric has 
been adopted by the European Commission as part of an underwater noise indicator [8] for 
achieving good environmental status [5]. For environmental impact, the sound as received 
by marine life will determine whether a negative effect will occur. In this paper we 
investigate the extent to which source level or „energy source level‟ may be used as a 
suitable indicator for underwater noise. This question is addressed by developing a 
framework within which the cost of different sound sources can be compared, taking into 
account their temporal and spatial footprints as well as their source level. 

In Sec. 2, the concept of an environmental cost associated with a continuous source of 
underwater sound is introduced, and defined as the total cumulative sound exposure on all 
animals exposed to the sound. The concept is applied to a point source with spherical 
spreading. The concept of „free-field acoustic energy‟ is introduced in Sec. 2.2, and 
defined as the total acoustic energy of the sound field that would exist if the same source 
(and radiating the same acoustic power) were placed in an infinite uniform medium of the 
same speed of sound and same absorption coefficient as the true medium. The free-field 
acoustic energy is proposed as a proxy for environmental cost. The properties of various 
sources are considered in Sec. 3, with a view to examining variations in their cost for 
either the same source level or the same energy source level. Finally, the effect of 
departures from spherical spreading is considered in Sec. 4. 

2. ENVIRONMENTAL COST  

2.1. Cost as cumulative exposure 

Anthropogenic underwater noise can have many different effects on marine animals. 
Negative effects include physiological damage, masking, and avoidance of the sound 
source [1-4]. In principle there might also be other effects. For example, ambient sound 
might give navigation cues [9] or provide a source for acoustic imaging [10]. For the 
purpose of the present article it is assumed that all effects of human-induced noise in a 
marine ecosystem are negative and that these negative effects increase with increasing 
levels of noise. Although wave form and frequency also play a factor, these are not 
separately addressed here. 

These negative effects not only increase with increasing levels of sound, but also with 
increasing duration of exposure. For injury, dual criteria are proposed in Refs. [2] and [11] 
involving peak pressure and cumulative sound exposure. In practice, the cumulative 
acoustic exposure, denoted here by the symbol E, is seen as a good indicator for assessing 
the risk of hearing injury to marine mammals (p438 of [2]; [12]). There are some 
indications that exposure duration might be an additional risk factor [13], but in this paper 
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we use the assumption that SEL alone is suitable for quantifying the risk of negative 
impact. Similar to the approach in life cycle assessment [14, 15] the total potential 
exposure of a population is proposed as a measure of environmental impact. Our measure 
could be compared to the toxicity potentials of emitted substances, which are calculated 
using environmental fate models. In these fate models, substance concentrations depend 
on emission, spreading and decay - in essence not different from what acousticians do 
when using a sound propagation model. Although a concentration is not an impact, 
knowing (or estimating) the concentration is a prerequisite for predicting impact, and the 
concentration can be used as a measure for quantifying possible impact [14]. The impact 
(hereafter called „cost‟) is assumed to be additive in the sense that, for a population of size 
M, the total cost χ is the sum of exposure Ei over all receivers, where Ei is the time integral 
of the square of the acoustic pressure pi(t) at the ith receiver. To avoid the complication of 
a discrete sum, χ can be approximated by assuming a continuous distribution of recipients 
with volumic population density N. If, further, the population is distributed uniformly such 
that N is a constant, equal to N0, for exposure of duration T to RMS acoustic pressure p(x), 
this becomes [16].  

  VpTN d2
0 x  (1) 

The „exposure cost‟ of a sound source, defined in this way, is the cumulative potential 
exposure on animals due to that source, without regard for possible differences in 
sensitivity to, or dependence on sound between species. The actual environmental impact, 
taking into account such sensitivity or dependence, as well as possible further 
discrimination on ecological grounds, is outside the present scope. 

Adding (1) over all sources, and dividing by the total volume of space into which the 
sound spreads, it follows that the exposure cost is proportional to the mean square ambient 
noise pressure averaged over that volume. This means that the exposure cost is not only 
relevant to physiological effects resulting from high exposure on individual animals, but 
also to masking as a consequence of increased ambient noise levels. 

An important advantage of the chosen approach, focussing on exposure (or energy) as 
cost, is that it enables like comparison between completely different types of source. On 
the other hand, it takes no account of levels of natural noise, which in some situations 
might already be high enough to drown the contribution from anthropogenic sources. 

Initially using spherical spreading, consider a single directional source, of radiant 
intensity (power per unit solid angle) J, in an infinite uniform medium with absorption 
coefficient α, density ρ and sound speed c. (The term “free space” is used henceforth to 
describe such a medium, implying also – in the context of a source in a real medium – that 
the values of density, sound speed and attenuation in the infinite uniform medium are 
those of the true medium evaluated at the source position). The mean square pressure 
(MSP) at distance r from the source is 
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Substituting this result into (1), it follows that the exposure cost associated with a 
directional source in free space is proportional to the product of the source power and the 
exposure duration and inversely proportional to the absorption α: 




2
0TWN

c . 
 

(4) 

The increasing attenuation of sound with increasing frequency means that high 
frequency sources are likely to have a lower environmental impact than low frequency 
sources of the same acoustic power. Further, high frequency sources might require less 
power to achieve the same radiant intensity because high frequency sound is more easily 
focussed where it is most needed. 

2.2. Free-field acoustic energy as proxy for exposure cost 

Let the free-field energy of an underwater sound source (denoted H0) represent the total 
acoustic energy of that source, integrated over all space in an infinite uniform medium of 
the same impedance and absorption coefficient as the true medium at the source position. 
If the source has acoustic frequency f, it follows from (3), for a broadband directional 
source of power spectral density U(f), that [16] 

 
 

f
f
fU

c
H d

2
1

0
 . 

 
(5) 

This quantity is closely related to exposure cost. Specifically, if the potential cost χ0 is 
defined as the exposure cost that the same source would have if placed in free space (and 
operated with the same power and frequency), this potential cost is related to the free-field 
energy according to [16]  

00
2

0 HNTc  .  
(6) 

The actual exposure cost χ, as approximated by (1), is never greater than the potential cost 
χ0, making the free-field energy, which depends on propagation conditions only through 
the absorption α(f) (and sound speed c), suitable as a worst case indicator. 

The acoustic exposure on a single animal at xi is related to the energy density HV(xi) via 
[16] 

 iVi HTcE x2 .  
(7) 

Comparing (6) and (7), the free-field source energy H0, multiplied by the animal 
population density N0, is seen to be related to potential cost, χ0 in the same way as the 
local energy density HV(xi) is to the exposure cost on a single individual, Ei. This means 
that H0 reflects the essential sensitivities of exposure cost without the main complications. 
It is adopted here as a proxy for exposure cost.  
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3. IS THE SOURCE LEVEL A USEFUL MEASURE OF ENVIRONMENTAL 
COST?  

3.1. Source level, energy source level and ‘footprint’  

For the reasons outlined above, the total free-field energy (H0) is used in this section as 
a proxy for exposure cost, and referred to in the following as „energy cost‟. Four different 
types of source are considered: an air gun, a search sonar transmitter operating at 1 kHz 
(duration 1 s), a cargo ship and a multi-beam echo sounder operating at 100 kHz (duration 
1 ms). One purpose is to show that sources of identical source level, but otherwise 
different characteristics (see Table 1), can have a very different cost. To achieve this, the 
parameter values are constrained artificially to ensure that the air gun and search sonar 
have identical energy source level (denoted LE), and that the search sonar and multi-beam 
echo sounder have identical source level based on the mean square pressure in the far field 
during transmission (denoted LMSP) 

s 1
log10 dur

10MSP
t

LL E  . (8) 

 
 air gun search 

sonar  
(1 kHz) 

cargo ship multi-beam 
echo sounder 
(100 kHz) 

energy source level LE 
[re μPa² m² s] 

210 dB 210 dB 243 dB 180 dB 

duration tdur n/a 1 s  780 ks 1 ms 
repetition time tcyc 2 s 10 s 860 ks 10 ms 
directivity index DI  0 dB 0 dB 3 dB 20 dB 
source level LMSP [re 
μPa² m²] 

n/a 210 dB 184 dB 210 dB 

decay time τ 2.5 ks 39 s 3 ks 100 ms 
energy cost (free-field 
source energy) H0 

10 MJ 31 kJ  28 kJ 820 mJ 

Table 1: Energy source level LE, duration tdur, repetition time tcyc, directivity index DI, 
source level LMSP, (8), free-field decay time τ (9) and energy cost H0 (10) for selected 

sound sources of underwater sound. The value of LMSP is included only for sources with a 
well defined duration.  

 
An important parameter, in addition to the source level, in determining the impact of a 

sound source, is its spatial „footprint‟, by which is meant the size of the region of space 
affected by that source. Variations in the size of the footprint for sources with the same 
source level will lead to variations in the energy cost of these sources, and also in their 
impact. The footprint is determined partly by decay time τ, which is the time it takes for 
the sound from the source to die out after the source has been switched off or removed. 
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The decay time depends on absorption, and therefore on acoustic frequency, and is equal 
to the ratio of energy cost to source power [16] 

WH /0 . (9) 

For sound of a single frequency the footprint has radius cτ. Other factors affecting the 
footprint of a source are its directivity index (a logarithmic measure of the width of the 
transmitted beam, abbreviated DI) and its duty cycle (the ratio of duration tdur to cycle time 
tcyc). 

3.2. Comparison between energy cost and source level 

The energy cost H0 of a source, the energy source level LE, and various parameters 
associated with the footprint are related via the equation [16] 

    s m μPa  104 2210/DI

cyc
0


 EL

E ct
LH



  (10) 

making explicit the dependence of the energy cost on terms other than source level 
(directivity index DI, decay time τ and repetition time tcyc). The costs of the three sources 
included in the table are now compared, starting with the search sonar and echo sounder.  

Despite having identical source level, the energy cost of the search sonar exceeds that 
of the echo sounder by a factor 40,000. The difference arises because of the large 
difference in extent of the sources‟ spatial footprints. There are two main contributing 
factors, namely the small decay time of the echo sounder and its narrow beam (large DI), 
both of which are associated with the high frequency.  

The search sonar and air gun are considered next. These have the same energy source 
level, and yet the energy cost of the air gun exceeds that of the search sonar by a factor 
300. Here the difference is mainly a consequence of the lower absorption (longer decay 
time) of the broadband sound originating from the air gun. 

One cannot conclude from this that air guns necessarily have a higher environmental 
impact than search sonar, nor that search sonar has a higher impact than echo sounders – 
there are many other factors that need to be considered before such a conclusion can be 
drawn. For example, the impact would depend on the number of such sources, their actual 
characteristics (bearing in mind the artificial nature of some of the values chosen for Table 
1, such as the idealised DI values of the air gun and search sonar, which are unlikely to be 
representative of real systems), the number of times each one is used, possible harm 
associated with peak acoustic pressure due to a sound of impulsive nature and the 
sensitivity of local species to the type of sound, which depends, for example, on its 
frequency spectrum. The local propagation conditions and ambient noise are also relevant. 
The point is that, if differences in energy cost exceeding four orders of magnitude can 
arise for the same source level, use of source level as an indicator of impact, unless 
corrected for the spatial footprint of the source, risks poor prioritisation of limited 
resources for risk mitigation and management. For example, for the investigation of 
suitable mitigation measures, it would make more sense to start at the left of the table and 
work across to the right, and not vice-versa. 

A final comparison is made between the energy cost of two very different sources: a 
cargo ship and the 1-kHz sonar transmitter. The cargo ship radiates broadband sound 
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almost continuously, while the sonar transmitter radiates at a single frequency 
intermittently and with a relatively high source level. Despite having very different source 
level (and energy source level) they have approximately the same energy cost, which 
means that they make roughly equal contributions (ca. 30 kJ) to the total sound energy in 
the sea, added over all space and averaged over time, or at least that they would make 
equal contributions if both were operated in free-field conditions.  

4. DEPARTURES FROM SPHERICAL SPREADING  

Ref. [16] shows that, in conditions of cylindrical spreading (CS) with critical angle ψ, 
the total source energy is (W/2cα) ψ, which is identical to the free-field energy apart from 
an extra factor ψ. This means that, when comparing the energy cost of different sources at 
the same location, the free-field energy is suitable for use as a proxy for total energy in the 
CS regime as well as in a free-field situation. For mode stripping [17] conditions the 
energy is proportional to α1/2, instead of α1 for the free-field case, resulting in 
qualitatively the same effect (decreasing decay time with increasing frequency, albeit less 
quickly than in the free field). 

5. CONCLUSIONS  

Conclusions of this work are: 

 The environmental cost of a marine source, defined as the total cumulative 
exposure, is closely related to the free-field energy H0; the free-field energy is 
referred to as the „energy cost‟. 

 The energy cost of different sources of the same source level can vary by more than 
four orders of magnitude, suggesting that source level is a poor indicator of 
environmental cost in the form of acoustic exposure. The estimated variations in 
energy cost arise almost entirely through differences in the source‟s footprint, i.e., 
its spatial extent, determined by seawater absorption and source directivity. 

 Source level can be converted to environmental cost by supplementing it with 
information about the spatial footprint of the source (size of the region of impact) 
using (10). If not in this way, use of source level alone as a measure of cost might 
lead to an inappropriate prioritisation of mitigation resources. The free-field source 
energy, which includes the effects of source directivity, duty cycle and decay time, 
is proposed as a complementary indicator [18]. 
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 LIVE MONITORING OF NOISE AND ACOUSTICS EVENTS: AN 
INTEGRATED APPROACH FOR MITIGATING THE EFFECTS OF 

THE OFFSHORE INDUSTRY 
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Abstract: The next decades will see increasing levels of offshore industrial development 
that will lead to increased amounts of noise pollution in the oceans. Amongst these 
developments, oil and gas prospection, navy exercises as well as offshore windmills are 
already playing a leading role in introducing considerable amount of noise in an 
increasing number of areas. Underwater sound sources produced by these activities 
present the highest intensity amongst those anthropogenically generated in the sea, 
reaching more than 230 dB re 1 μPa (SPL) at the source. These sounds can have physical, 
physiological and behavioural effects on the marine fauna in the area of action: 
mammals, reptiles, fish and invertebrates can be affected at various levels depending on 
the distance to the sound source. Marine mammals could be one of the more sensitive 
groups of marine species because they have a highly developed auditory system and use 
sound actively for feeding and for social communication. It is also known that marine 
mammals are vulnerable to the effects of habitat loss or reduced survival and 
reproduction rates. The problem faced by the industry, and more generally by the society, 
is that many economically important activities at sea are at risk because of a lack of 
information about the effects of anthropogenic sound on marine mammals and especially 
a lack of available tools to mitigate these effects. The challenge here is to implement 
technological developments that combine the interests of the industry and the good 
environmental status of the oceans. Based on the existing technology successfully 
implemented at underwater observatories worldwide (European Sea-floor Observatories 
Network of Excellence, ESONET, European Member States; ANTARES, France; 
NEPTUNE, Canada; Kushiro, Japan) by the Laboratory of Applied Bioacoustics of the 
Technical University of Catalonia (LIDO, Listen to the Deep-Ocean Environment, 
http://listentothedeep.com), a real-time passive acoustic monitoring solution is available 
to mitigate the potential effects of noise associated to the offshore industry. 
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The LIDO acoustic detection, classification and localization (DCL) system can be 
integrated in a series of expandable radio-linked autonomous buoys that are timely 
deployed in areas of action. In that case, the DCL is performed at buoy level. A mesh 
network allows buoy-to-buoy communication and an alert service provides the 
ship/offshore platform with the DCL analysis: the real-time continuous monitoring of 
cetacean presence. 
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 ATTENUATING SOUND UNDERWATER WITH AIR BUBBLE 
CURTAINS: PRACTICALITY AND COSTS VS. ATTENUATION 

EFFICIENCY 

Klaus Lucke, Michael Daehne, Andreas Ruser, Jan Henrik Weychardt, Manon Jacobsen, 
Paul Lepper, Ursula Siebert 

Klaus Lucke, Werftstrasse 6, 25761 Buesum, Germany 
klaus.lucke@wur.nl 

Abstract: German regulations for installations of offshore wind turbines require limiting 
the sound emitted into the water column to 160 dB SEL at a distance of 750 m. One of the 
most promising solutions to achieve this level is to attenuate the sound by use of an air 
bubble curtain. The main criteria to make such a system acceptable for the offshore 
industry to use would be a high attenuation efficiency, ease of installation and low costs. 
In order to optimize the bubble curtain design a series of tests at varying air pressure vs. 
size and distance of the air nozzles was conducted in a tank. Based on these results a 
prototype for a stacked air bubble system was build and tested at 10 m water depth in Kiel 
harbor (Germany). Results presented comprise practical issues as well as acoustic data 
on efficiency with regard to the underwater sound attenuation. 
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ACOUSTIC INTERACTION OF HUMPBACK WHALES AND 
RECREATIONAL FISHING VESSELS IN A TEMPERATE FJORD: 

MEASUREMENTS IN RIVERS’ INLET, BRITISH COLUMBIA 
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aDepartment of Physics, University of Bath, Bath, BA2 7AY, UK 
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Nathan Merchant, Dept of Physics, University of Bath, Bath, BA2 7AY, UK 
n.d.merchant@bath.ac.uk, Fax: +44 1225 386110 

Abstract: Underwater environments are acoustically complex and highly variable. 
Natural processes, biological organisms and human activities all emit sound, at various 
levels and over broad frequency ranges. To facilitate ocean resources management and 
mitigate impacts of anthropogenic noise, areas where these sources interact in the space, 
time and frequency domains need to be identified. This paper presents analyses of field 
measurements taken on the west coast of Canada in August/September 2008, along the 
temperate fjord of Rivers’ Inlet (British Columbia). Humpback whales (Meganoptera 
novaeangliae) use this fjord as a feeding ground, sharing it with recreational fishing craft 
mostly consisting of small boats (20 m or less). Measurements were taken over several 
days at regularly-spaced locations in deep water from the mouth of the fjord inward, using 
a broadband (0.1 – 30 kHz effective bandwidth) hydrophone deployed 10 m deep. Analysis 
focused on the joint use of acoustic bandwidths by humpback whales and recreational 
fishing vessels. Recorded spectra of humpback whale vocalizations and vessel noise 
overlapped considerably in the range 0.1 – 1 kHz. At the distances recorded (> 1 km) 
vessel noise produced a mean increase of 4 dB above background levels in this range. 
Ambient noise levels are also discussed briefly with reference to previous studies. 

Keywords: anthropogenic noise, humpback whales, fjord, ship noise  
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1. INTRODUCTION 

There is concern that anthropogenic noise, from shipping and other activities, may have 
a detrimental impact on marine life [1]. Ongoing research efforts are seeking to more fully 
understand the extent of acoustic interaction between man-made sources and species that 
rely on sound to navigate and communicate, especially cetaceans. Particular attention has 
been paid to the potential for acoustic masking of biologically-important sounds [2]. To 
date, impact studies of vessel noise and cetaceans have concentrated on the effects of 
commercial shipping and whale-watching activities. In the present study, we examine the 
potential for acoustic disruption to foraging humpback whales by recreational fishing 
vessels in the semi-enclosed environment of a temperate fjord, focusing on the frequency 
characteristics of the respective sources. 

Humpback whales migrate from winter mating grounds in tropical waters to summer 
feeding areas in temperate and polar waters. The North Pacific population is known to 
feed in coastal regions stretching from Southern California to Alaska, including British 
Columbia [3]. Unlike smaller cetaceans such as the bottlenose dolphin, the aural 
sensitivity of the humpback whale has not been examined using audiometric methods both 
for practical and legal reasons [4]. However, frequency ranges significant for intraspecific 
communication may be inferred from the acoustic bandwidths of social sounds. 

 

 
Fig.1: Representative relative source levels of vessels according to size with range of 
foraging humpback vocalizations recorded to date (cross denotes mean spectral peak 

recorded by Stimpert et al. [7]; ship spectra adapted from Kipple [12]) 
 
Different sonic behaviour has been reported during feeding, migration and breeding. 

Relatively few acoustic observations of foraging humpbacks have been made, as most 
work has focused on the study of songs (associated with, but not limited to, the breeding 
season [5]). Vocalizations recorded during foraging activity have been reported in the 
northeast Pacific and northwest Atlantic, with peak frequencies ranging from around  
25 Hz [6] to as high as 6 kHz in the most recent study [7], where a mean peak frequency 
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of 329 Hz was observed. Humpback whales also communicate using non-vocal surface-
generated sounds such as breaches and slaps, especially in the presence of increased 
ambient noise [8]. 

Little published data exists for the noise radiated by small- to medium-sized vessels. It 
is currently limited to spectra of two rigid-hulled inflatable boats with outboard motors [9] 
and studies of recreational vessels in Glacier Bay, Alaska [10, 11]. For small recreational 
vessels of the type observed in Rivers’ Inlet (length < 20 m), reported spectra [10] peaked 
at between 0.4 and 5 kHz at levels of 150-181 dB re 1 μPa at 1 yard (0.9 m).  

Collated data presented by Kipple [12] (Fig. 1) show how the frequencies of spectral 
peaks vary inversely with ship size, ranging from tens of hertz for large vessels (> 190 m) 
to a few thousand hertz for small vessels (< 9 m). Given that most humpback whale social 
sounds have peak frequencies in the range 0.1-1.0 kHz, small- and medium-sized boats 
may cause greater acoustic disruption at short range than larger commercial ships. 

2. DATA COLLECTION AND ANALYSIS 

2.1. Field Measurements 

Measurements of ambient noise underwater were acquired as part of a larger research 
programme, funded by the Earthwatch Institute and looking at grey and humpback whales 
summering along the British Columbia coast north of Vancouver Island. These studies 
focused on the abundance, distribution and movements of grey and humpback whales, and 
the acoustic measurements were an add-on to the main whale-watching activities. Rivers’ 
Inlet is located in the central coast area of British Columbia, approximately 500 km 
northwest of Vancouver. It is 46.3 km long, has a mean width of 3.0 km, a mean depth of 
295 m and a maximum depth of 365 m [13]. Although morphologically similar to fjords, 
the sills at the mouth of inlets are usually not shallow. This is the case here, with recorded 
depths of 110 m or more. Rivers’ Inlet is an important ground for recreational fishing 
(primarily of salmon) and hosts a relatively large number of small fishing vessels in 
season. It also hosts a sizeable population of humpback whales (but no other type of 
whales in summer, as could be attested during the field observations). A small boat was 
deployed far from the main research vessel (F/V Stardust, whose engine was switched off) 
and drifted freely during measurements taken at regular waypoints throughout Rivers’ 
Inlet (Fig. 2). Most waypoints were surveyed several times (see Table 1) to assess the 
variability of environmental conditions. Ambient noise was measured over several 
minutes with a single hydrophone SQ26-07 (manufactured by Cetacean Research 
Technology, Seattle, USA). This hydrophone is omnidirectional at all frequencies 
considered, as confirmed by earlier tank tests. Its operational frequency band ranges from 
100 Hz to 30 kHz, and its sensitivity is nearly constant in the measurement range. The 
preamplifier gain was fixed to enable subsequent calibration. The 10-m shielded cable 
allowed for deployment to nearly 9.5 m below the water line over the low gunwale of the 
supporting vessel. The data from the hydrophone was input to a Zoom H2 digital recorder 
(sample rate 96 kHz, 24-bit WAV format). Measurements covered an effective broadband 
range of 100 Hz to 30 kHz. They were acquired in water always deeper than 110 m  
(300 m on average) and in several distinct environments (from the mouth of the inlet to 
well inside its main portion) (Fig. 2). The sea state and prevalent weather were recorded 
each time, along with the presence of humpback whales in the visual range (several km).  
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Fig.2: Locations of field measurements in Rivers’ Inlet, British Columbia 
 

Date 01/08/2008 02/08/2008 08/08/2008 09/08/2008 
Waypoints measured 1-9 1-12 1, 5, 9 1, 5, 8-12 

Table 1: Field log of waypoints measured (locations shown in Fig. 2) 

2.2. Data Analysis 

Data was initially reviewed aurally using full-bandwidth sound reproduction, and an 
event matrix was created documenting the audible presence of ship noise, humpback 
whale vocalizations, and platform noise in each 10 s section of the dataset. This enabled a 
more focused spectral analysis of specific features in the data. 

The recordings were analysed using custom-designed MATLAB algorithms. These 
allowed for several windowing options (Hanning, Hamming, Blackman and Dirichlet) 
with adjustable length and overlap, accessible via a graphical user interface. Humpback 
whale vocalizations were catalogued according to peak frequency, duration, and the 
presence of vessel noise. For the analysis of ambient noise and ship noise, representative 
10-second segments were selected in periods when platform noise was minimal. These 
were analysed in 1/12 octave bands (referenced to 1 kHz). The field recordings were 
converted from normalised WAV levels to pressures using the gain of the field recorder - 
measured using a signal generator at a range of frequencies and input voltages - and the 
hydrophone sensitivity specifications (-168 dB re 1 V μPa-1 at 0.1-30 kHz). 
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3. RESULTS 

 
Fig.3: Left column: example humpback whale vocalizations. Note platform noise in middle 
and bottom plots and ship noise in bottom plot. Right column: typical ship spectra (across 

the same frequency range). Processing: 0.2-s (19,200-point) Hanning window, 99% 
overlap. Colour scale differs among plots. 

3.1. Humpback Whale Vocalizations 

Vocalizations were recorded at four locations in measurements from 8 and 9 August, 
with and without audible vessel noise. These corresponded to sightings of humpbacks 
around the time of measurement. No humpback vocalizations were audible in the 
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measurements from 1 and 2 August, nor were any whales sighted. 24 events were detected 
in total, where sounds separated by less than one second were counted as one event. 

Harmonic and non-harmonic sounds were observed, with spectral peaks ranging from 
74 to 2,109 Hz (two peaks were below the flat frequency response of the hydrophone, at 
74 and 79 Hz), with a mean of 891 Hz. Three characteristic examples are presented in  
Fig. 3. Durations of individual sounds were between 0.02 and 0.9 s, with a broad trend of 
shorter duration at higher frequency. No apparent variation was observed with the 
presence of audible ship noise, though a larger dataset might reveal more nuanced effects. 

This anecdotal sample of foraging humpback whale vocalizations indicates that the 
humpback whales observed communicate in the fjord using frequency bandwidths 
consistent with the ranges reported in the literature. 

 

 
Fig.4: Example of 1/12 octave band spectrum of received ship noise with background 

correction. Sea state 0-1, waypoint 4 (see Fig. 2 for location). 

3.2. Ship Noise 

Ship noise was observed at all locations except waypoints 6 and 7 (see Fig. 2), in 16 of 
the 31 measurements taken. Spectral peaks of the 10 s samples analysed were between the 
lower bandwidth limit of 100 Hz and 281 Hz, with received levels of 74-84 dB re 1 μPa 
Hz-1 (not background corrected). It is possible that overall spectral peaks were below the 
hydrophone bandwidth limit of 100 Hz. In general, secondary spectral peaks were widely 
distributed between 0.1 and 1 kHz (see Fig. 3). For 7 of the 16 samples, an ambient noise 
measurement with equivalent waypoint and sea state was available. In the range  
0.1-1 kHz, received sound levels for these samples were raised by an average of 4 dB by 
the presence of ships. An example spectrum illustrating the sound level increase due to 
vessel noise and the background-corrected received ship noise level is presented in Fig. 4. 

Distances to observed vessels were estimated to be ~ 1 km. As these were not recorded 
accurately, no attempt was made to calculate source levels. A simple propagation loss 
model [1] gives an order of magnitude estimate of 60 dB km-1 at 0.1 kHz, indicating the 
levels recorded are broadly consistent with those reported by Kipple for similar craft [10]. 
Peak frequencies for the received ship spectra were lower than those reported by Kipple. 
This could be an effect of propagation loss, which is proportional to frequency. 
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3.3. Ambient Noise 

Periods of ambient noise free from audible vessel noise and excessive platform noise 
were identified in 10 of the measurements, at waypoints 4-10 (see Fig. 2). Mean 1/12 
octave spectra are presented in Fig. 5 according to sea state (there was no rainfall during 
these measurements). These spectra are considerably higher than the Wenz curves, 
especially at low wind speeds and higher frequencies, suggesting an increased noise floor 
in the fjord environment. The ambient noise levels above 1 kHz are lower than 
measurements of a 400 m deep Alaskan fjord reported by Schilt [14] for wind speeds of 3 
and 5 m s-1, with a similar negative gradient observed. The spectral shapes differ in that 
the sound level does not decrease below 1 kHz. This variation could be due to several 
factors, including platform noise, undetected vessel noise, and noise from freshwater 
tributaries that was identified in some recordings.  

 

 
Fig.5: 1/12 octave band ambient noise according to sea state compared to previous 

studies. Wind speeds for sea states 0-3: 0-1.5, 1.6-3.3, 3.4-5.4 and 5.5–7.9 m s-1. 

4. DISCUSSION 

The concentration of spectral energy in observed ship noise below 1 kHz coincides 
with the majority of spectral peaks in humpback whale vocalizations recorded (see Fig. 3), 
which were toward the upper end of the 0.1-1 kHz range with a mean of 891 Hz. This 
mean is based on a small, anecdotal sample of vocalizations, and a recent study [7] 
conducted in the Northwest Atlantic indicates a more representative figure of 329 Hz for 
foraging humpback whales. This is closer to the peak frequencies of received vessel noise 
observed in the fjord (100-281 Hz), which may be higher at close range due to propagation 
loss. In the subset of data where background levels were available, received vessel noise 
raised the ambient level by 4 dB on average in the range 0.1-1 kHz. It was also noted that 
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ambient noise levels in the fjord were higher than the canonical Wenz curves, though this 
may be due to contamination from other sources, especially at low frequencies. 

We conclude that fishing vessels in the fjord contribute to increased noise levels in the 
frequency bandwidths used by foraging humpback whales. Further work is needed to 
establish whether levels of anthropogenic noise in the inlet are potentially harmful to the 
whales that forage there in the summer feeding season. This could lead to 
recommendations for the regulation of recreational fishing activities during this period, 
both in the study area and elsewhere. 
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Abstract: Ambient noise in the frequency range 25 Hz to 80 kHz was measured at a site 
close to the Port of Rotterdam in September 2008, before construction began of a port 
extension known as ‘Maasvlakte 2’ [http://www.maasvlakte2.com/en/index/], and in 
September-October 2009 (during construction).  Day-night differences are present in the 
2009 measurements that were not observed in 2008.  The largest diurnal change appears 
in third octave bands close to 3 kHz, in the form of an absorption band that appears only 
at night.  The observations are consistent with scattering and absorption of sound by small 
bladdered fish, of length 3 to 5 cm. 

Keywords: Shipping noise, absorption, fish bladder resonance 
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1. INTRODUCTION  

Ambient noise measurements were carried out close to the Port of Rotterdam during 
two one-week periods, the first in September 2008 and the second in September-October 
2009.  Dredging operations associated with a port expansion known as ‘Maasvlakte 2’ 
began in 2009 and continued throughout the 2009 noise measurements.  Details of the 
2008 and 2009 measurements are reported in [1] and [2], respectively. The present focus is 
on diurnal variations observed in the data of September-October 2009 and in particular on 
day-night differences associated with suspected biological activity. 

The measurement location and conditions are summarised in Section 2, followed by a 
description of the noise measurements and the diurnal variations in Section 3.  In Section 4 
we provide our interpretation of the diurnal variations in terms of scattering and 
absorption of sound by small bladdered fish.  Conclusions are given in Section 5. 

2. MEASUREMENT LOCATION AND CONDITIONS 

The location of the noise measurements is indicated by the letter ‘Z’ in Figure 1.  In 
2008 the background measurements were carried out at coordinates 51.96723º N, 3.91567º 
E (long., lat., WGS84). In 2009 the measurement platform was installed at coordinates 
51.96522º N, 3.94677º E, about 2 km east of the 2008 measurements. This move was 
made for safety reasons, to avoid risk of collision with nearby ships, including fishing 
vessels. The water depth at the measurement site was about 20 m, and measurements were 
made at heights of 2 m and 4 m above the (sand) seafloor.  All data presented are for the 
lower of the two hydrophones (2 m height).  Meteorological measurements were made at a 
nearby site on land, indicated by the red cross in Figure 1.  The recorded wind speed (one 
minute averages at height 4.5 m) varied mostly between 0 and 7 m/s, with occasional gusts 
up to 9 m/s.  On most days, the air temperature was between 13 and 17 ºC and water 
temperature between 18 and 20 ºC, so on average the water temperature exceeded the air 
temperature by about 4 ºC.  No precipitation was recorded.  

The main shipping route into and out the Port of Rotterdam is indicated by the magenta 
tracks running roughly east-west, about one third distance from the top of the chart.  
During the 2009 measurements these routes were displaced slightly northward, to avoid 
the dredgers, which spent much of their time along the trajectory A-B-C south of the 
shipping lane.  The green regions either side of the shipping lane indicate areas for which 
dredging activity was licensed.  The locations of source level measurements associated 
with dredging, transport and dumping of the sand (see [2, 3]) are indicated by the letters 
‘A’, ‘B’ and ‘C’, respectively.  

3. AMBIENT NOISE MEASUREMENTS 

3.1. Overview 

Recordings of duration 6 s were made once per minute, corresponding to a 10 % duty 
cycle.  The sampling frequency was 200 kHz. The measurements were filtered between 50 
Hz and 80 kHz (-3 dB points) and processed into the 25 Hz to 80 kHz third-octave bands, 
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with a correction for the filter characteristics.  The sound pressure level in each third 
octave band for the period 25 September to 2 October 2009 is shown in Figure 2.  

 

 
Fig.1: Area map with Maasvlakte 2 and the dredging areas (green). The ambient noise 

measurements were carried out at location Z.  Other letters indicate the location of source 
level measurements of different activities. The approximate location of the meteorological 
measurements on land is marked with a red cross.  The Port of Rotterdam is just off the 
map to the east (see Fig. 6).  Tick marks are separated by 5000 m; the total extent of the 

map is approximately 20 km by 25 km. 
 

 
Fig.2: Sound pressure levels [dB re 1 μPa2] in 1/3-octave bands versus time for the 

selected data taking period, with a time resolution of one minute. The ticks on the time 
axis specify the beginning of each day at 00:00 local time (UTC + 2 hours).   
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The third-octave band sound pressure level is plotted versus centre frequency in Figure 
3. The results for all individual measurements are plotted in light grey. In the same figure 
the corresponding percentiles P5, P16, P50, P84, and P95 are drawn. Each percentile 
indicates the percentage of measurements for which the levels were below the value of the 
percentile: 5%, 16%, 50%, 84%, and 95%, respectively. The red line shows the mean 
square pressure in decibels.  The green lines show the mean of the individual SPL 
measurements (geometric mean of the mean square pressure), one standard deviation 
above the mean and one standard deviation below it.   

 
Fig.3: Sound pressure levels in 1/3-octave bands. The results of all individual 

measurements are represented by the light-grey lines. The blue dotted, dashed, and solid 
curves represent the percentiles P5, P16, P50, P84, and P95. The red and green curves 
represent average values of the noise levels for, respectively, averaging over the mean 

square pressures and averaging over corresponding levels in decibels. The green dashed 
curves represent the levels at ±1 standard deviation from the latter average. 

 

3.2. Diurnal variations 

Diurnal variations can be seen in the spectrogram of Figure 2 in the 1600-5000 Hz 
bands. This time dependence is illustrated for the 2500 Hz band in Figure 4, which for 
each time of day is averaged over about 6 days (duration of the spectrogram of Figure 2).  
Every day the levels are seen to increase around sunrise and to decrease around sunset. 
The rapid decrease (after averaging) between 19:30 and 21:00 local time is particularly 
striking. The quietest period occurs between 21:00 and 23:00, during which time the 
median level is 5 dB lower than the quietest noon measurement (P5).  There are noise 
peaks at 07.00 and 19:00, coinciding approximately with dawn and dusk.   
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The percentiles for day-time and night-time measurements are compared in Figure 5. 
Measurements between sunrise and sunset are categorized as day-time measurements, and 
measurements between sunset and sunrise are categorized as night-time measurements. 
The dip around the 2500 Hz and 3150 Hz bands is clearly visible during the night and not 
during day time. For lower and higher frequencies the percentiles for day-time and night 
time sound pressure levels agree reasonably well.   

 
Fig.4: Percentiles of sound pressure levels in the 2500 Hz band as a function of the 

time of day. The curves represent the percentiles P5, P16, P50, P84, and P95.  The 
percentiles are determined for time intervals of two hours combined from all days of the 
measurement period. The vertical light-blue bands indicate sunrise and sunset.  The time 
is given in Amsterdam local time, which at the time of the measurements was UTC plus 2 

hours. 

4. INTERPRETATION OF DIURNAL VARIATIONS 

In this section we advance the hypothesis that the diurnal variations in noise level 
around 3 kHz are caused by diurnal changes in propagation loss around this frequency.  In 
2008, a negative correlation was observed between SPL and wind speed across a broad 
frequency range between 100 Hz and 20 kHz  [1], suggesting that the noise in this range of 
frequencies is not locally generated, but has travelled some distance, arriving at the 
hydrophone after perhaps several sea surface interactions.  In 2009, a similar negative 
correlation was observed, except that this correlation vanished in the third octave bands 
close to 3 kHz, suggesting that local sources dominate at this frequency [2, 4], consistent 
with distant sources being heavily damped in the 2009 data. 

We further suggest that the main cause of the diurnal changes in propagation loss is 
absorption and scattering of sound from fish bladders, combined with diurnal changes in 
the fish behaviour.  A characteristic signature of absorption due to (bladdered) fish is a 
marked diurnal variation (due to their aggregation into shoals during the day and dispersal 
at night) and a broad absorption band around the bladder resonance frequency [5-9], both 
of which are present in the observed spectra.  
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The resonance frequency of a fish of length L at depth z (both in metres), for a 
bladdered fish, can be estimated using [10] 

   
L

zLf 75.11.0kHz079.00


 . 
 

(1) 

 
Fig.5: Comparison of the percentiles of day-time and night-time sound pressure levels. 

At frequencies around 2500 Hz the night-time percentiles are consistently lower than the 
day-time percentiles. 

 

Therefore, for a given resonance frequency f0 (in kilohertz), the corresponding 
fish length is 

 

   
0

0
75.11.0m079.0

f
zfL 

 . 
 

(2) 

For example, in the depth range 0 to 20 m, the length of fish that would resonate at 3 kHz 
is between 3 and 5 cm. Candidate species of the right size and likely to have been present, 
although not necessarily in sufficient numbers, include sprat, juvenile whiting and juvenile 
herring.  A survey of fish in 2007 revealed the presence of sprat, whiting and herring 
between April and October of that year [11], as illustrated by Figure 6, which shows the 
measured abundance distribution for sprat.  A bottom trawl survey reveals that pelagic fish 
of length 5 to 10 cm (mostly juvenile herring and juvenile whiting, with some sprat) were 
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present close to the seabed in the autumn of 2009 [12], but it is unclear what implications 
this might have for the density of these three species in the rest of the water column. 

Assuming a radiation Q-factor of 30 and a group Q-factor of 2, a population of one fish 
per ten cubic metres would result in an attenuation of 2 dB/km.[10]  This is sufficient to 
dampen sound from the main shipping lane, which was about 5 km away from the 
measurement platform. Sprat are regularly present in the region, at least in the spring [13].   

 

  
Fig.6: Measured distribution of sprat along the Dutch coastline for April 2007 and 
October 2007 [11]. The black rectangle indicates the Maasvlakte area (Fig.1).   

5. CONCLUSIONS 

Third octave band ambient noise measurements close to a shipping lane are presented 
in the frequency range 25 Hz to 80 kHz.  Strong diurnal variations are observed at 3 kHz, 
with gradual increase around dawn and sharp decrease of about 10 dB at dusk. A negative 
correlation with wind speed is observed between 100 Hz and 20 kHz, except in third 
octave bands close to 3 kHz. 

The negative correlation with wind speed observed in 2008 (see Sec. 4) indicates 
propagation from non-local (i.e., not overhead) sources, most probably from the shipping 
lane or from dredgers, or a combination of both.  The diurnal variation suggests biological 
activity.  The absorption band around 3 kHz is consistent with scattering from bladdered 
fish of length between 3 and 5 cm, the most likely candidates being sprat, juvenile whiting 
and juvenile herring. 

Other authors have suggested that (passive) sound measurements might be used to 
classify fish [5, 14].  However, despite the considerable literature on the scattering and 
absorption of sound by fish, the authors are unaware of any previous measurement of an 
absorption band in ambient noise associated with fish.  
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Abstract:  
 
Foundation pile driving during offshore construction has led to increasing concerns 
regarding radiated noise and its effects on the marine fauna (receptors). In the case of 
many static offshore developments two commonly used foundation techniques are tripod 
and jacket constructions involving installation of a series of smaller diameter piles 
surrounding a central structure and mono-piles using a single larger diameter pile. Pile 
installation itself may involve sequences of percussive piling at different hammer energies, 
vibro-piling (more rapid, lower level vibrations) and drilling. In some cases all three 
techniques are used on a single pile installation.  The spectral characteristics, as well as 
duration and level of the total radiated energy from these techniques can vary 
significantly and may result in different Sound Exposure Levels (SEL) experienced by 
marine fauna.  
 
This paper theoretically explores the potential difference in total SEL for various receptor 
scenarios for both jacket and tripod construction using available source characteristics 
data. The effects of the use of mitigation techniques such as Acoustic Deterrent Devices 
(ADDs) is also explored. The total sound SEL’s for each scenario are compared and 
model sensitivities identified. 
 
Keywords: Underwater noise, marine piling, SEL, Sound Exposure Level, Cumulative 
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1. INTRODUCTION  

The work presented here estimates cumulative sound exposure levels (SEL) for various 
piling events assuming different receptor responses in the vicinity of a marine piling event. 
Piling scenarios that were tested include tripod and jacket construction, both with and 
without the use of Acoustic Detterent Devices (ADDs). For each piling scenario the 
receptor was assumed to (i) swim away continously at the beginning of the first piling 
event, (ii) swim away only during piling and remain at that range and (iii) swim away and 
then return after individual leg construction. 

 
These examples are based on data derived from work carried out on the  Alpha Ventus 
windfarm construction site[1]. It should be noted, however, that the work presented here is 
for illustrative purposes only. It should not be seen as a robust assessment of actual SEL 
exposure events recorded during the construction of this windfarm, but rather as an 
assesment of potential variations between various piling scenarios and a demonstration of 
methodology that may be used to assess cummulative exposure from this type of marine 
piling. The examples for tripod constructions are based loosely on AV7-AV12 piles [1]. 
These foundations were constructed by individually piling each of the three tripod legs. 
The total piling period per leg ranged from 1-2 hours with total construction taking 
between 8-18 hours. Using this, an average period of 12.5 hours was assumed to complete 
the constuction of the foundation.  

 
Jacket installation data used here are broadly based on piling specifications for AV1-AV6 
piles [1]. These foundations consist of a frame resting on four legs each piled individually. 
A complete piling period per leg ranged between 1 and 14 hours with total construction 
taking between 2 and 12 days. Using this, an average period of 7. 5 days was assumed to 
complete foundation construction. However, it should be noted that this prolonged activity 
during jacket instalation construction is at least in part due to unfavourable weather 
conditions during the operation and could in principle be much shorter. In each case piles 
2.5 m in diameter constitute a single leg foundation. Mitigation methods applied during 
the construction of this wind farm include 'soft-start' (lower initial hammer energies), use 
of Acoustic Detterence Devices (ADDs), and barrier methods such as bubble curtains. 

 
This work adopts use of ADDs 20 minutes before initiation of piling which starts with a 
'soft-start' (lower hammer energy). In the following models this soft-start period was taken 
to be a starting point of 100 kJ linearly increasing to 350 kJ over a 10 minute period (400 
hammers strikes, assuming a 1.5 s inter-strike interval). At the end of this sequence the 
hammer energy was increased to 500 kJ for the remainder of the piling sequence. Using 
data from Alpha Ventus an average number of total hammer strikes per leg was 5573 
strikes for tripod construction and 3202 strikes per leg for jacket construction. These data 
were used in the models presented below. A generic piling sequence for construction of all 
legs based on the above average piling profile (number & levels) and average total 
constuction build time was established including mitigation periods. ADD specifications 
applied in these models were derived from previous literature [4,5] giving SEL source 
level of 189 dB re 1µPa2.m2 for a 0.2 s long signal. The acoustic emmission associated 
with the ADD system are included in the total SEL exposure estimate. Note that actual 
sequences showed considerably more variation, however, the „idealized‟ version is used 
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here to illustrate the assessment methodology. However, in future applications actual 
piling sequences could be substituted to better approximate actual total SEL exposure. 

2. METHODOLOGY 

In order to estimate the potential received level in the sound field as a receptor moves 
around an estimate of the equivilent far-field (monopole source level) was made again 
based on the received level estimates taken from the Alpha Ventus foundation 
constructions. Using measured data from [1] an equivilent maximium SEL source level of 
211 dB re 1µPa2s.m2 was assumed. Equating this to a maximium hammer energy of 500 
kJ, Source Levels at beginning (207 dB re 1µPa2s.m2 [100 kJ]) and end (209.5 dB re 
1µPa2s.m2 [350 kJ]) of the soft-start period were also estimated. This scaling to hammer 
energy is based on observation for a 2 m diamter pile in UK waters[2].  
 
Taking an assummed swim speed of 1.5 ms-1 (based on mother-calf pair) [3] the total  
cumulative  exposure for a receptor at a fixed start distance can then be calculated 
assuming that the animal swims directly away from the source. Transmission loss in this 
case is based on a simple 15 x log10(range in meters) geometrical spreading law. However, 
more complex range dependant (bathymetry, sediment type) propagation can also be used. 
Figure 1 shows the Source Level (black curve), the instantaneous SEL received level (blue 
curve) as the animal moves and the cumulative (SEL) total exposure the animal receives 
(red curve) for an animal that starts 300 m from the source. In this case the total exposure 
for a single leg construction resulted in an cumulative exposure of around 194 dB re 
1µPa2s. 

    Using this  fixed start type 
model the total SEL exposure 
can be compared to various 
injury criteria. Note: caution 
should be taken at closer start 
range estimates. The simple 
geometric spreading law used 
for propagation loss, is 
applicable to far-field, long 
range estimates and in 
combination with a simple 
source level it is a reasonable 
approximation at longer ranges, 
however, a near-field is likely 
to exist at shorter ranges 
particularly for a distributed 
source such as a marine piling 
event. In the current case start 
ranges < 300 m (approximately 

10 x water depth) have not been considered to help avoid this problem. The use of more 
sophisticated propagation loss models, however, should allow more representative 
assessment of closer to source start ranges. 

 
Fig. 1:  Source Level (black line), instantaneous 

received level (blue line) and cumulative exposure 
(red line) for a receptor starting at a range of 300m 
from the adopted tripod installation constructions and 
assumed to swim away at 1.5 ms-1. 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 733 -



 

3. FIXED START RANGE (300 m) RESULTS 

Figure 3 shows the fixed start range model for a continuously fleeing animal for a start 
range of 300 m and swim speed of 1.5 ms-1for the entire foundation construction of 
(tripod) three legs over a 12.5 hours. 

  
Fig. 3: Exposure level for a start range of 
300 m and swim speed of 1.5 ms-1 for the 
entire tripod construction period without 

use of ADD’s animal assumed to keep 
moving 

Fig. 4: Exposure level for a start range of 
300 m and swim speed of 1.5 ms-1 for the 
entire tripod construction period with use 
of ADD’s animal assumed to keep moving 

Various „fleeing‟ scenarios were then tested. These include a case where the animal is 
assumed to keep swimming as commencement of the piling soft-start (figure 3) or the 
beginning of the use of the ADD (figure 4) and is assumed to keep moving. Two other 
potential scenarios include a case where the animal flees but stops between piling 
construction on individual legs. Figure 4 shows the same sequences with the use of ADDs 
20 minutes prior to the onset of piling, in line with procedures used on the Alpha Ventus 
site (pers. comms, Boethling, 2011). In each example the animal is assumed to continue 
swimming away throughout the whole period. Note that the animal is assumed to start 
swimming away at either the start of the soft-start or at the deployment of the ADD 
devices if these are considered. Figures 5 and 6 show the case for the entire piling 
sequences for both tripod and jacket foundation construction respectively where the 
animal flees then remains static at the end of the acoustic emmissions (each leg 
construction). In both cases the use of an ADD system is included 20 minutes before each 
construction period (each leg). These data can be compared with the alternate scenario 
where the animal is assumed to return to a start range in this case of 300 m between 
sequences. Figures 7 and 8 again show the total construction period exposure for the entire 
construction sequence for tripod and jacket construction. Again the use of an ADD system 
20 minutes prior to construction is assumed on each leg.  
 
Significant variation in the instantaneous received levels (shown in blue) between leg 
construction in each case is observed due to the receptors relative movements and 
positions; with significantly higher levels observed for the latter leg constructions in the 
case where the animal returns in both jacket and tripod foundations. In terms of total 
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exposure these additional exposures result in higher overall SEL levels over the entire 
construction period.  

 

  
Fig. 5: Exposure level for a start range of 
300 m and swim speed of 1.5 ms-1 for the 
entire tripod construction period without 
use of ADD’s animal assumed to stop and 
remain static between construction periods 

Fig. 6: Exposure level for a start range of 
300 m and swim speed of 1.5 ms-1 for the 
entire jacket construction period without 
use of ADD’s animal assumed to stop and 
remain static between construction periods 

 

 

 

 
Fig. 7: Exposure level for a start range of 
300 m and swim speed of 1.5 ms-1 for the 
entire tripod construction period without 
use of ADD’s animal assumed to stop and 
return to start range of 300m between 
construction periods 

Fig. 8: Exposure level for a start range of 
300 m and swim speed of 1.5 ms-1 for the 
entire jacket construction period without 
use of ADD’s animal assumed to stop and 
return to start range of 300m between 
construction periods 

4. TOTAL SEL EXPOSURE VERSUS START RANGE 

As with the single tripod leg construction sequence shown in Figure 2 the total exposure 
level (SEL) for complete construction periods for both tripod and jacket constructions can 
be made. The models run in section 3 for fixed start ranges are then rerun consecutively 
for various start ranges and functional hearing group [6]. Figure 9 shows the start range 
versus total SEL exposure for a fleeing animal where the animal is assummed to keep 
moving as shown for the fixed start range case shown in Figure 3. In the case of a full 
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tripod construction using ADD‟s at the beginning of each piling sequence (each leg pin) 
the cumulative SEL impact criteria of 198 dB re 1 µPa2s suggestsed by Southall [7] is not 
exceeded for start ranges less than 300 m. For pinipeds however total exposure levels of 
below the lower threshold of 186 dB re 1 µPa2s [7] occur at start range greater than 2.5 
km. 

 
    These scenarios can then 
be tested for each fleeing 
case (continues to move, 
stops and remains static and 
returns) for each foundation 
type and with and without 
use of ADD‟s prior to 
individual piling sequences. 
Figure 10 shows the total 
SEL exposure for a start 
range of 300 m for each of 
the cases discussed above. In 
this case total exposure for a 
continuous fleeing animal is 
193 dB re 1 µPa2s and 
slightly higher at 194 dB re 1 
µPa2s for jacket and tripod 
construction respectively 
without the use of the ADDs 
prior to piling. For a start 
range of 300 m the use of the 
ADDs results in total 

exposures of around 184 dB re 1 µPa2s and 186 dB re 1 µPa2s for jacket and tripod 
respectively giving approximately 8-9 dB lower total exposures due to the use of an ADD 
system. Comparison of total exposures for a continuously fleeing animal and an animal 
that stops shows nearly identical total 
exposures. This is primarily due to 
the relatively low received levels 
experienced by the following leg 
construction making relatively small 
contributions to the cumulative 
exposure experienced at longer 
ranges, whether the animal continues 
to swim or remains static.  
 

These data can be directly 
compared with the flee and return 
case where exposures levels are in 
the order of 198-199 dB re 1 µPa2s 
for both jacket and tripod without the 
use of ADDs and 190 dB re 1 µPa2s 
and 191 dB re 1 µPa2s for jacket and 
tripod respectively using ADDs. In 
this case total exposures are in the 

 
 

Fig. 9: Start range versus total cumulative exposure for 
an entire tripod foundation construction for different 
functional hearing groups assuming the animal continues 
to swim away from source.  

 

 
Fig. 10: Total un-weighted SEL exposure for 
various fleeing animal scenarios for a start range 
of 300 m and swim speed of 1.5 ms-1  
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order of 5-6 dB higher if the animal is assumed to return between leg constructions to a 
start range of 300 m. 

5. CONCLUSIONS 

The above examples provide an illustration of a methodology for estimating total 
cumulative exposure of marine mammals and other species from a sequential „noise‟ event 
such as marine piling for foundation constructions. Various assumptions with regards to 
the source level, propagation loss and behavioural response of the species of interest were 
made. However, these models can be used to „test‟ potential scenarios and look at 
differences between various piling approaches (e.g. tripod and jacket construction) and 
effects of mitigation methodologies (barrier methods, soft-starts, ADDs, etc) in terms of 
cumulative exposure from these events. For example, more realistic, sophisticated 
behavioural response other than fleeing and static can and have been implemented. These 
include maximum swim distance, and transiting animals rather than just static and fleeing 
cases. In addition, integration of range dependant propagation loss models allows near-to-
source effects to be more accurately estimated and takes local bathymetry into account and 
finally integration of actual recorded piling sequence data (levels and timing) allows real 
piling sequences to be tested. Nonetheless, simple calculations shown here can be used to 
inspect efficacy of ADD use as well as differences between different piling approaches, in 
this case tripod and jacket constructions.  
 
The results illustrate that if an individual is assumed to start fleeing when the operation 
commences, employing mitigation procedures such as soft start, ADDs, results in a lower 
overall SEL. For a 300 m start range the use of ADDs for example can result in lower total 
expsure levels in order of 8-9 dB. It should be noted however that higher differences are 
likekly at closer start ranges due to the rapid increases in initial levels at shorter ranges 
likely near to the pile (much larger variation in propgation losses with distance). The 
acoustic emmission of the ADD itself contributes relatively little to the total exposure 
allowing the animal to move further away from the source before the higher intensity 
piling (soft start level) piling begins resulting in lower cumulative exposures overall.  
 
Comparison of the two foundation types show relatively little differences in total exposure 
with the tripod data often slightly higher (1-2 dB) in these scenarios. Given the diameter 
of all piles was the same (2.5 m) and identical source levels are assummed; larger 
cumulative SEL levels could have been expected in the case of the jacket construction, 
due to  additional (fourth) leg. However, in these examples gaps between piling events 
were much larger and the number of strikes per leg lower in the case of jacket 
installations, resulting in slightly lower cumulative SEL values compared to tripod 
construction. The final case of a fleeing and returning animal showed typically higher total 
exposures (5-6 dB) for a start ranges of 300 m due to the higher received levels 
experienced during the latter leg construction, as would be expected. This difference is 
likely to be higher at shorter start ranges due to higher variation in propagation loss at 
shorter ranges. 
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Abstract:  
 
The most commonly used method for the installation of offshore wind turbines in the 
shallow coastal waters in the UK is marine piling. The construction technique consists of 
steel piles being driven into the seabed using powerful hydraulic hammers. As a source of 
high-amplitude impulsive sound it has potential impact on marine life.  
 
Methodologies developed for measurement of marine piling are described in this paper, 
and data are presented for piles of 5.2 m in diameter driven by hammers with typical 
strike energies of up to 1,370 kJ. Data were recorded as a function of range from the 
source using vessel-deployed hydrophones, with the data then used in the estimation of 
energy source level.  
 
In addition, fixed acoustic buoys were used to record the entire piling sequence, including 
soft-start. The dependencies of the radiated noise on the physical parameters of the piling 
operation are discussed, along with limitations and knowledge gaps. 

Keywords: Underwater noise, marine piling 
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1. INTRODUCTION  

Increasing levels of man-made sounds in the ocean (whether deliberately generated or 
not) have led to concern over marine noise pollution and its effect on marine life [1]. A 
significant source of impulsive underwater noise is marine piling where a pile is driven 
into the sea-bed using a hydraulic hammer. This technique is used to drive piles into the 
sea-bed in relatively shallow water for construction of offshore windfarms, bridge 
supports, and offshore structures associated with the oil and gas industry. 

 
In this paper, measurements  are shown of  the noise radiated during construction of 

offshore windfarms in the UK. Data is shown in this paper for piles of 5.2 m diameter 
driven by hammers with strike energies of up to 1,370 kJ. The methodology developed for 
measuring marine piling noise has been designed to record the temporal, spatial and 
spectral characteristics of the radiated sound field [2]. In the method, the use of a fixed 
recording buoy allows the full piling sequence to be measured so that variations in the 
temporal and spectral characteristics of the acoustic field may be assessed. This enables 
the effect of any source level variation with time to be determined, for example that due to 
a soft start procedure [3]. To assess spatial variations in the radiated acoustic field, 
recorded samples are also made using hydrophones deployed from a vessel which 
traverses the field along a radial transect away from the pile location [4-9]. This latter set 
of measurements allows an estimate of the effective source level to be made if a suitable 
transmission loss model is used. Measurements made employing the described 
methodology may be used to estimate the overall sound exposure of marine life using 
accepted exposure metrics and criteria for the threshold of bio-physical or behavioural 
effects [10,11]. 

2. METHODOLOGY 

The methodology used for the measurements has been described elsewhere in detail 
[2]. It has two main objectives: (i) determining the temporal variation of the source output 
using hydrophones deployed from fixed recording buoys which record the full piling 
sequence; (ii) obtaining an empirical estimate of transmission loss by making 
measurements as a function of range from the source, using hydrophones deployed from a 
mobile vessel (thus(?) determining the spatial variation of the acoustic field). 

The custom-designed, static recording buoys are capable of recording the entire piling 
sequence at one or more locations. The vessel-deployed recording systems consist of 
broadband hydrophone arrays operated from a survey vessel which travels along a transect 
radially away from the pile location. This combination of recording systems provides 
simultaneous recording of the entire piling sequence from fixed locations to assess 
changes in the source over time. Such changes may be due to changes in hammer energy 
(due to a „soft start‟ procedure), or due to increasing pile penetration depth, changes in 
sediment composition, etc). The combination also provides an assessment of propagation 
losses within the water column by sampling the field at multiple ranges and depths along a 
specific radial transect. The exact configuration adopted depends on the particular 
requirements. Figure 1 shows a schematic diagram of the typical spatial arrangement of 
hydrophones employed for measurements. 
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Fig. 1:  A schematic diagram showing the methodology employed for measurements.  
With the buoy systems, either one or two hydrophones are deployed in a bottom-

mounted configuration on a sub-surface buoy, with the hydrophones distributed vertically 
in the water column. One buoy, termed the calibration buoy, is deployed within 2 km of 
the pile being driven to provide a clean recording of the whole piling sequence with a 
good signal-to-noise ratio. In addition, recording buoys may be positioned at other 
locations of interest, for example close to areas where sensitive marine species are present. 
The buoy recording systems use two HS70 hydrophone elements (also from SRD Ltd).  
Data acquisition is made to solid-state drives at up to 24-bits and a 48 kHz bandwidth. 

For the broadband hydrophone arrays deployed from the survey vessel, hydrophone 
sensors are distributed within the water column and measurement samples are taken at 
various ranges from the pile. Typically, the survey vessel starts at around 200 m away 
from the pile being driven and then a series of measurements are made on a radial transect 
away from the pile location. The transect is chosen to pass through the location of the 
static calibration buoy. Measurements are made with the vessel quiet (engines off, echo-
sounder off, and ideally with the generator off). Typical measured sequences last for a 
period of around 2-3 minutes, with the vessel moving to a new position along the transect. 
Using this methodology to measure a piling sequence lasting 80 minutes, typically eight 
ranges can be used with a maximum range of 15 - 20 km.  

For recording systems deployed from the work boat, data acquisition is carried out 
using PC-based broadband analysis systems with sampling rates of 500 kHz or greater. 
This allows signals with frequencies greater than 200 kHz to be faithfully recorded. Three 
data acquisition systems have been employed for this work: an NI-DAQ 6062 E at 500 
kS/s and 12 bit resolution; NI-DAQ-USB NI9162 at 500 kS/s and 12 bit resolution; and a 
dual channel Brüel and Kjær Pulse broadband analysis system capable of sampling at 524 
kS/s with 24 bit resolution. Several models of hydrophone are generally used for the 
vessel deployment: Reson TC4040 or TC4033 hydrophones are employed for most of the 
deployments, though TC4014 hydrophones are sometimes used for larger ranges where 
greater sensitivity is desirable (TC4014 hydrophones contain integral preamplifiers of 
fixed gain which can distort or even saturate if used to measure the high-amplitude 
acoustic pulses present in the vicinity of the pile). Broadband, low-noise conditioning 
preamplifiers are used to amplify the signals from the TC4040/4033 hydrophones. All 
hydrophones are calibrated by NPL over their complete frequency range of use, traceable 
to UK national standards at NPL. All data acquisition electronics and amplifiers are 
calibrated before trials, and a B&K 4229 hydrophone calibrator is available for in-situ 
sensitivity checks.  
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If measurements from the survey vessel are made during the soft-start procedure where 

the hammer energy and acoustic output is generally increasing, the full piling sequence 
data from the calibration buoy may then be used to correct for the variations in source 
level that occur between the times that the individual work-boat measurements were made. 
By this means, the measurements made as a function of range may be normalised to the 
same source level (typically the maximum value is used). For the measurements to be 
correlated, all recordings must be accurately time stamped. The measurement ranges and 
buoy locations are GPS position fixed, and a sound velocity profile is taken using a CTD 
sonde at the location of the calibration buoy. In the shallow coastal waters where offshore 
windfarms are constructed, the water is typically well mixed with no thermocline present.  

3. RESULTS 

In this section, results are shown for measurements of noise radiated from marine piling 
operations made using the above methodology. The pile diameter for the measurements 
shown here was 5.2 m and the sediment in the area mostly consists of sand and gravel 
over a chalk substrate. The maximum hammer energy was 1,370 kJ. The depth of water in 
the area varies from approximately 15 m to 20 m depending on local variation in 
bathymetry and the tide.  

Figure 2 shows the time and spectral content of a typical waveform recorded at ranges 
of 240 m and 1 km. Primary frequency content is around 100-300 Hz, with a majority of 
the energy at frequencies of less than 10 kHz. However, close to the pile there are 
frequency components present at high tens of kilohertz. 

 
Fig. 2:  A recorded hydrophone signal at range of 240 m (left) and 1 km (right) for a 5.2   

diameter pile in water depths of 17 m. The spectrogram shows the increased high 
frequency content at lower ranges. 

 

Figure 3 shows how the output level can vary throughout the piling sequence due to a soft 
start. The upper plot shows the time history of the received signals at the calibration buoy. 
After a number of short sequences of blows, the main sequence begins (after about 50 
minutes), with gradually increasing amplitude as the hammer energy is slowly increased. 
Shown on the lower plot are the Sound Exposure Level values for each received pulse, 
expressed in dB re 1 µPa2. A soft start variation of around 5 dB is evident from the data. 
The increase in acoustic pulse energy is generally correlated with the hammer energy [2]. 
.  
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Fig. 3: Upper plot: example of time history of piling sequence measured on calibration 
buoy.  Lower plot: normalised SEL for each measured pulse. This sequence has a soft 

start clearly evident in the SEL sequence.  

When assessing underwater noise in relation to its impact on marine life, analysis in 
one-third octave-bands is useful as in some cases it may approximate the critical masking 
band in mammals [1]. Figure 4 shows the third-octave band spectra for pulses recorded at 
a variety of ranges from the source. The spectra shown are not spectral density values 
expressed per hertz, but instead represent the sum of the energy in the third-octave band 
(this is sometimes termed a power spectrum representation). The sum of the third-octave 
band values represents the broadband SEL value for the pulses. Also plotted in the same 
units are the third-octave band levels for the background noise measurements made just 
before the start of piling. Note that these background noise measurements are “snapshots” 
over a few minutes and so do not represent the temporal variation in background noise 
with weather, etc. Note also that these background measurements were made in the 
presence of sources of noise due to other activities associated with the windfarm 
construction such as auxiliary vessels in transit, extraneous noise from the piling vessel 
mechanical equipment (eg lifting equipment), vessel echosounders, etc. It can be seen that 
the level at 100 Hz is more than 60 dB higher than background at 380 m, reducing to less 
than 40 dB above background at 5 km. The corresponding values above background at 
10 kHz are 45 dB and 20 dB. 

It is possible to represent the acoustic output of marine piling in terms of energy source 
level by propagating the measured values at range back to the source using an appropriate 
propagation model. Using the data shown in Figure 4, this may be done for each of the 
third-octave band frequencies, with the values summed at the source to produce a 
broadband source level. This result of this methodology has already been reported 
elsewhere [12]. An alternative way to represent the acoustic output of the source is by 
stating the received level at a specified range. This has been adopted as a preferred method 
by some researchers [8]. Using this approach, the SEL values obtained from the 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 743 -



 

 

measurements described here for a distance of 750 m are in the range 172 – 177 dB re 
1 µPa2, whereas the peak-to-peak levels measured at this distance are in the range 200 – 
205 dB re 1 µPa. 

 
Fig. 4: The third-octave band spectra for pulses recorded at ranges from 380 m to 5 km 

from the driven pile. Also shown are the levels for the background noise. 

4. CONCLUSIONS 

This paper describes the results of measurements made of the noise radiated during 
marine piling associated with construction of an offshore windfarm in the UK. Data is 
shown in this paper for piles of 5.2 m diameter driven by hammers with strike energies of 
up to 1,370 kJ.  To assess variations in the temporal, spatial and spectral characteristics, a 
number of recording systems were simultaneously deployed at various ranges and depths, 
allowing the full piling sequence to be measured. There remain a number of outstanding 
issues and knowledge gaps which hamper further progress in this area. An effective 
definition of source level is required, and agreement regarding which acoustic metrics are 
the most useful and appropriate. A physical model of the radiation mechanisms would 
allow better predictive utility, and better understanding of the dependencies in the process. 

5. ACKNOWLEDGEMENTS  

The authors would like to acknowledge the support of the National Measurement 
Office of the UK Department for Business, Innovation and Skills. 

© Crown copyright 2011. Reproduced by permission of the Controller of HMSO and 
Queen‟s printer for Scotland. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 744 -



 

 

REFERENCES 

[1] Richardson, W. J., Greene, C. R. J., Malme, C. I. and Thomson D. D., Marine 
mammals and noise. San Diego: Academic Press, 1995. 

[2] S P Robinson, P A Lepper, J Ablitt, G Hayman, G A Beamiss, P D Theobald and S 
Dible. “A methodology for the measurement of radiated noise from marine piling”. 
Proceedings of the 3rd International Conference & Exhibition on "Underwater 
Acoustic Measurements: Technologies & Results", Napflion, Greece,  June 2009, 
ISBN; 978-960-98883-4-9. 

[3] Robinson S.P., Lepper P.A., and Ablitt, J. “The measurement of the underwater 
radiated noise from marine piling including characterisation of a “soft start” period”. 
Proceedings of IEEE Oceans 2007, IEEE cat. 07EX1527C, ISBN: 1-4244-0635-8, 
061215-074, Aberdeen, June 2007. 

[4] Lepper P.A., Robinson S.P., Ablitt J. and Leonard, G. “The measurement of the 
underwater radiated noise from a marine piling operation”, Proceedings of Pacific 
Rim Underwater Acoustics Conference, Acoustical Society of America, October 
2007. 

[5] Nedwell J.R. Parvin S.J. Edwards B. Workman R. Brooker A.G. and Kynoch J.E., 
Measurement and Interpretation of Underwater Noise During Construction and 
Operation of Windfarms in UK waters, Subacoustech Report No. 544R0738, 
COWRIE Ltd., 2007. 

[6] De Jong, C.A.F. and Ainslie, M.A. (2008). “Underwater radiated noise due to the 
piling for the Q7 offshore windfarm park”, J. Acoust. Soc. Am., 123, p2987. Full 
paper reproduced in Proceedings of the 9th European Conference on Underwater 
Acoustics (ECUA2008), ed. M. Zakaria, pub. Société Française d‟Acoustique, July 
2008. 

[7] Lepper Paul A and. Robinson Stephen P, “Monitoring the temporal and spatial 
characteristics of the noise radiated from marine piling (A)”, J. Acoust. Soc. Am., 
123, p2987, (2008). 

[8] Matuschek , R. and Betke, K. “Measurements of Construction Noise During Pile 
Driving of Offshore Research Platforms and Wind Farms.” Proc. NAG/DAGA Int. 
Conference on Acoustics, Rotterdam, March 2009. 

[9] Lepper, P.A., Robinson, S.P. Ablitt, J. and Dible, S. “Temporal and Spectral 
Characteristics of a Marine Piling Operation in Shallow Water.” Proc. NAG/DAGA 
Int. Conference on Acoustics, Rotterdam, March 2009. 

[10] Southall, B.L., Bowles, A.E., Ellison, W.T., Finneran, J.J., Gentry, R.L., Greene Jr., 
C.R., Kastak, D, Ketten, D.R., Miller, J.H., Nachtigall, P.E., Richardson, W.J., 
Thomas, J.A., and Tyack, P.L. “Marine Mammal Noise Exposure Criteria: Initial 
Scientific Recommendations,” Aquatic Mammals, Volume 33, p 411-509, Number 
4, 2007 

[11] Theobald, P.D  Lepper, P.A., Robinson, S. P., Hazelwood, R.A. “Cumulative noise 
exposure assessment for marine using Sound Exposure Level as a metric”. 
Proceedings of the 3rd International Conference & Exhibition on "Underwater 
Acoustic Measurements: Technologies & Results", Napflion, Greece,  June 2009. 

[12] Ainslie M A, de Jong C A F, Robinson S P, Lepper  P A. “What is the Source Level 
of Pile Driving Noise in Water?”, Proceedings of the 2nd International Conference 
on the Effect of Noise on Aquatic Life, Cork, Ireland, August, 2010. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 745 -



 

 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 746 -



 

Underwater noise produced by the piling activities 
during the construction of the Belwind offshore wind 
farm (Bligh Bank, Belgian marine waters) 

 
 
 
 

A. Norro1*, J. Haelters2, B. Rumes1 & S. Degraer1 
 
 

1Royal Belgian Institute of Natural Sciences, Management Unit of the North Sea Mathematical 
Models (MUMM), Marine Ecosystem Management Section, Gulledelle 100, 1200 Brussels 

2Royal Belgian Institute of Natural Sciences, Management Unit of the North Sea Mathematical 
Models (MUMM), Marine Ecosystem Management Section, 3de en 23ste Linieregimentsplein, 8400 

Oostende 
 

*Corresponding author: A.Norro@mumm.ac.be 
 
 
 
 
 

 
 
 

Photo RBINS / MUMM 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 747 -

mailto:A.Norro@mumm.ac.be


Abstract 
 
The piling of 56 foundations for 55 windmills and one offshore platform at the Blighbank 

(Belgian part of the North Sea, BPNS) has been surveyed for underwater noise. Maximum peak 
Sound Pressure Levels (SPL) up to 196 dB re 1µPa were recorded at 520 m from the piling location. 
The extrapolated apparent source SPL was estimated at 270.7 dB re 1µPa (95% CI: 260.4 – 281.1 dB 
re 1µPa), although such an extrapolation of the measured levels to the near field (< 100 m) 
environment should be interpreted with care. 

It is confirmed that the underwater noise level is a reason for concern, at least for marine 
mammals such as porpoises, seasonally abundant around the construction area. It is however very 
difficult to quantify and qualify the effects of the increased underwater noise level on components of 
the ecosystem, and a continued effort to do so is needed. To fine tune our estimates of noise 
propagation in the bathymetrically complex BPNS, in future more attention will be paid to the 
attenuation characteristics of underwater noise. 

Introduction 

The main objective of the measurements of underwater noise in the construction and operational 
phases of offshore wind farms is to assess possible impacts on biota. Recent investigations have 
indicated that the environmental impact of anthropogenic underwater noise can be important in 
general (e.g. OSPAR 2009a, 2009b), while the activity of greatest concern is pile driving during the 
construction phase of the projects (Bailey et al., 2010; Gordon et al., 2009; OSPAR 2008, 2009a, 
2009b). Indeed, this activity produces very intense underwater noise, with a level potentially directly 
affecting biota such as marine mammals, cephalopods and fish larvae (Finneran et al. 2005; Kastak et 
al. 2005; Lucke et al. 2009; Madsen et al., 2006; Nachtigall et al., 2003; Prins et al., 2009; 
Richardson et al., 1995; Thomsen et al., 2006). Human generated noise is now considered an 
important form of pollution and marine managers and policy makers are aware of the environmental 
impact anthropogenic underwater noise may have. This is for instance demonstrated by its coverage 
by international agreements and conventions, such as in the framework of the European Union1, the 
Convention on Migratory Species2 and ASCOBANS3. As such, the underwater noise of offshore wind 
farm related activities remains an important issue of the wind farm monitoring programme in Belgian 
waters. 

Considering the wind farm area in the Belgian part of the North Sea (BPNS), Haelters et al. 
(2009) quantified the mean background underwater sound pressure level (SPL) at the Belwind 
location, prior to the construction activities, and during weather conditions with wind force < 3 Bft 
and seastates < 3, at around 95 to 100 dB re 1μPa for frequencies ranging between 10 Hz and 2 kHz. 
Various wind farm related activities during the construction and operation phase add to the 
underwater noise. Especially piling activities are considered to be of concern in relation to the 
increases of the underwater noise levels. The effects on harbour porpoises of increases in underwater 
noise due to piling can be death or injury (permanent or temporary hearing threshold shift; 
respectively PTS and TTS) close to the sound source, and an avoidance reaction and masking of the 
porpoise sonar further away (Bailey et al., 2010, Lucke, 2010; Southall et al., 2007). 

This paper aims at (1) the quantification of the SPL generated by piling activities at different 
distances from the piling location, (2) a spectral analysis of the noise and (3) an extrapolation of the 
measured SPL to the apparent source SPL and to the distance at which a background SPL is reached. 

                                                      
1 Marine Strategy Framework Directive; Directive 2008/56/EC 
2 CMS Resolution 9.19 on adverse anthropogenic marine/ocean noise impacts on 
cetaceans and other biota, adopted by the 9th Meeting of the Conference of the Parties 
3 Agreement on the Conservation of Small Cetaceans of the Baltic, North East Atlantic, Irish and North Seas: 
Resolution on adverse effects of underwater noise on marine mammals during offshore construction activities 
for renewable energy production, adopted at the Meeting of the Parties 6. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 748 -



 

Material and methods 

The measurement protocol, as used for previous underwater noise measurements (see Haelters et 
al., 2009) was used for the present study; it is summarised below. It was however slightly adapted in 
view of the different characteristics of piling noise: shorter measurements (of around 2 minutes each) 
allowed for measurements of noise during piling activities over a large range of distances (400 m to 
14 km from the piling location). 

Measurement methodology 

As a platform for the measurements we used the Tuimelaar, a rigid inflatable boat (RIB) owned 
by the RBINS-MUMM. All instruments possibly interfering with the noise measurements were turned 
off during recording. For each recording, the RIB was left adrift from a predefined position with the 
engines shut off. The position of the RIB was registered automatically every five seconds by a 
GARMIN GPSMAP 60 Cx. At the beginning and the end of each measurement a reference signal was 
recorded. The clock of the recorder was synchronised beforehand with the GPS-time (UTC). 

A proper and (near) real time communication between the piling operator and the measuring 
team on when exactly the piling will take place, proved to be a very delicate aspect for the planning 
and implementation of the measurement campaigns. As such, many planned or ongoing campaigns 
were cancelled or interrupted due to changes in the piling procedure and timing. An overview of the 
successful campaigns is presented in Table 1. 
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Table 1. Metadata of the underwater noise measurements at the Belwind site on the Blighbank: monopile A02 
(September 26th, 2009) and monopile B10 (January 15th, 2010). 

26th September 2009 (monopile A02) 
Position start recording Distance (m) Energy/Blow (kJ) Latitude Longitude 

51°40.39’ 2°50.03’ ~3000 ~590 
51°39.41’ 2°50.64’ ~4820 ~760 
51°38.25’ 2°51.25’ ~6990 ~875 

15th January 2010 (monopile B10) 
Position start recording Distance (m) Energy/Blow (kJ) Latitude Longitude 

51°34.59’ 2°57.31’ ~14150 ~710 
51°37.58’ 2°52.89’ ~7250 ~940 
51°38.61’ 2°51.58’ ~5500 ~950 
51°38.55’ 2°50.29’ ~4000 ~960 
51°38.45’ 2°49.04’ ~2580 ~960 
51°38.52’ 2°48.16’ ~1580 ~970 
51°38.60’ 2°47.41’ ~680 ~970 
51°38.56’ 2°47.41’ ~700 ~980 
51°38.50’ 2°47.44’ ~770 ~970 
51°38.55’ 2°47.24’ ~520 ~990 
51°38.52’ 2°47.32’ ~630 ~970 

Acoustic measurement equipment 

At every occasion, one Brüel & Kjær hydrophone (type 8104) was deployed at a depth of 10 m. 
A Brüel & Kjær amplifier (Nexus type 2692-0S4) was placed between the hydrophone and the 
recorder in order to allow for an amplification of the signal. A reference signal is used to calibrate the 
signal. The signal is recorded using an audio MARANTZ Solid State Recorder (type PMD671). It was 
operated with the highest possible sampling rate of 44.100 Hz. The signal was recorded in WAVE 
format (.wav) on Compact Flash cards of 2 GB (Sandisk Ultra II). All equipment was powered by 
batteries. 

Before the 2009 measurements started, the complete instrumentation chain, except the data 
recorder, was calibrated by the manufacturer Brüel & Kjær. 

Analysis of the recordings 

A spectral analysis of the signal in the form of the third octave band spectrum of the underwater 
Sound Pressure Level (SPL) is presented. The spectra were computed using a routine built on 
MATLAB and according to the norm IEC1260. The maximum peak SPL at the measuring stations, 
located at different distances from the piling site, are provided, together with a simple linear model 
allowing for an extrapolation of this SPL at distances, at which no measurements were available, 
including to the apparent source SPL (at 1 m). This extrapolation should be treated with care, taking 
into account the complex bathymetry of the BPNS (cf. far field extrapolation) and the complexity of 
the near field noise generation. 

Piling activity details 

For the piling of the 56 monopile foundations at the Blighbank (at a depth of 10 – 24 m MLLWS 
– Mean Low Low Water Spring), a hammer IHC hydrohammer S1200, operated from the support 
vessel Svanen, was used. The hammer features a maximum power of 1200 kJ. The average energy 
used for each stroke however was 705 kJ (range: 526-965 kJ) (Table 2). The length of the monopiles 
ranged from 47 m to 65 m, and the outer diameter was 4 m at the top and 5 m at the lower part. The 
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number of hammer blows needed to drive each monopile 18 to 37 m into the seabed was 1841 to 4811 
(average: 2981). It took 112 h of piling to put the 56 monopiles in place. 

In this report, the piling of the monopiles A02 and B10 is described. For a similar penetration 
depth (29 and 28 m) and a mass above the average (400 and 452 t), the piling of A02 and B10 showed 
a very different piling duration: 64 minutes for A02 versus 162 minutes for B10. Also the total energy 
used during pile driving was different: it was close to the minimum value for A02 (1.4 GJ) and it was 
the highest value for B10 (3.2 GJ). As such, both monopiles are illustrative for the variation in 
monopile characteristics and piling activities of the Belwind project phase 1. 

 
Table 2. Summary statistics of the piling activities of monopiles A02 and B10, targeted in this study, as well as 
the averages, minima and maxima encountered for the 56 monopiles of Belwind phase 1 (source: Belwind). 

Piling activities during Belwind phase 1 
 Unit A02 B10 Average Min Max 

Pile length m 54 63 54 40 65 
Mass t 400 452 375 254 509 
Number of 
strokes required  2114 3848 2982 1814 4811 
Average energy 
per stroke kJ 641 837 705 526 965 
Duration of 
piling min 64 162 120 64 233 
Penetration m 29 28 27 18 37 
Total energy GJ 1.4 3.2 2.1 1.38 3.2 

Results 

The acoustic pressure measured at 4.8 km from the piling location of monopile A02 reaches a 
maximum amplitude of about 700 Pa (Figure 1). A 0.35 s zoom into one single stroke shows the noise 
generated by a single stroke to last for about 0.25 s (Figure 2). 

 

 
Figure 1. Amplitude of the acoustic pressure, produced by 20 piling strokes of 760 kJ and recorded at 4.8 km 

from the piling of the A02 monopile. 
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Figure 2. Acoustic pressure of a 0.35 s zoom into one stroke as taken from figure 1. 

 
The spectral analysis of the underwater noise, produced by the piling of monopile A02 and 

recorded at 3 km from the source, shows a maximum amplitude of about 150 dB re 1 μPa between 
100 Hz and 200 Hz, as well several secondary peaks (Figure 3). Most of the energy is found between 
50 Hz and 1 kHz. The recording at 770 m from the monopile B10 (Figure 4) shows a similar pattern, 
with a maximum sound pressure level of about 160 dB re 1 μPa at a frequency of 150 Hz. In both 
examples presented, the SPL decreased with distance. 

 

 
Figure 3. 1/3 octave spectrum of the underwater noise recorded during the piling of monopile A02 at three 

distances from the piling location. 
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Figure 4. 1/3 octave spectrum of the underwater noise recorded during the piling of monopile B10 at three 

distances from the piling location. 
 
The piling of monopile A02 showed a maximum peak SPL ranging from 166 dB re 1 μPa at 7 

km to a maximum of 177 dB re 1 μPa at 3 km distance. Values measured for monopile B10 ranged 
from 160 dB re 1 μPa at 14 km from the pile to 196 dB re 1 μPa at 560 m. 

 
Table 3 Maximum peak SPL and energy per blow during the measurements at different distances from the 
source (see Table 1). 

Distance to A02 (m) 
Maximum peak sound 

pressure level amplitude 
(dB re 1 μPa) 

Energy/Blow (kJ) 

~6990 166 ~870 
~4820 177 ~760 
~3000 177 ~590 

Distance to B10 (m)   Energy/Blow (kJ) 

~14150 160 ~710 
~7250 165 ~940 
~5500 169 ~940 
~4000 168 ~960 
~2580 174 ~960 
~1580 185 ~970 
~770 193 ~970 
~700 193 ~980 
~680 192 ~970 
~630 195 ~970 
~520 196 ~990 

 
The energy used per blow showed a high variability for the piling of A02, while a more constant 

figure, except for the recording taken at 14 km, was observed for monopile B10 (Table 3). As such, an 
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extrapolation of the relationship between SPL and distance could be attempted only for the piling of 
B10 (Figure 5). 
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Figure 5. Relationship between maximum peak SPL (dB re 1µPa) and distance (m) from the source of the 

underwater noise during the piling of monopile B10. The dashed line represents the fitted linear model of the 
measured values (closed circles). The solid line represents the maximum peak SPL as a function of distance, 

taking into account both attenuation and absorption. 
 
The regression model (Maximum peak SPL = -27.4 log(d) + 270.7 dB), in which d is the distance 

to the source, features a transmission loss of 27.4 log(d) (95% CI: 30.5 to 24.3 log(d)). The intercept 
of the linear regression model at a distance of 1m from the source is estimated at 270.7 dB re 1μPa 
(95% CI: 260.4 - 281.1 dB re 1μPa). Using the same linear model, the distance at which a background 
SPL during good weather conditions of 105 dB re 1 µPa is reached, was found to range from 100 to 
500 km, with a 95 % confidence interval of 79 - 630 km. However, a more complex model, taking 
account of the transmission loss (i.e. attenuation) of 27.4 log(d) and an absorption coefficient of 
0.0004 dB/m (cfr. Bailey et al., 2010), predicts the distance at which the noise could still be 
distinguished from background noise at 79 km. 

Discussion 

Underwater noise sound pressure level, produced by piling activities  

The underwater noise level produced by piling (up to 196 dB re 1μPa at 520m) is much stronger 
than the background noise or noise generated by shipping in the BPNS (up to 120 dB re 1µPa; 
Haelters et al., 2009), even at many km from its source, and therefore a reason for concern. Personal 
experiences (A. Norro) of this underwater noise during diving operations at 15 km distance from the 
piling location learned that the noise was annoying, but not harmful to the diver. At every stroke 
however, a shock wave (vibration) was clearly sensible to the divers. 

The transmission loss models, as presented in Figure 5, are plausible for the SPL in the far field 
environment (i.e. > 100m from the source sensu Nedwell and Howell 2004). However, not taking into 
account absorption, our estimate based on the linear model is most likely overestimating the distance 
at which the noise could still be distinguished from background noise. Taking account of noise 
absorption on the other hand leads to an underestimation of SPL at our measurement point at 14 km 
distance, when the lowest blow energy (710 kJ) was used. As a consequence, at this moment our data 
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do not allow for a more precise estimate of the distance at which the noise could still be distinguished 
from background noise. However, it can reliably be stated that the noise could still be discriminated 
from the background noise at a distance of at least tens of kilometers. Such distance means that the 
underwater noise produced by piling activities is measurable within the whole BPNS and even within 
part of the marine environment of all our neighbouring countries. However, the estimate of this 
distance changes with the choice of the absorption coefficient, and will depend on several factors, an 
important one being weather conditions affecting the background noise level. 

The use of the linear transmission loss model for the near field environment and hence the 
estimation of the SPL at the source, is further prone to many uncertainties, as the area close to the 
source is the seat of complex interactions between various components of the source, which in itself is 
not a point source. As such, the extrapolation is frequently not considered legitimate in the near field 
environment. The SPL estimate of 270.7 dB re 1 µPa (95 % CI 260.4 - 281.1 dB re 1 μPa) at 1 m from 
the source should be considered a rough indication of the apparent source SPL, and should be 
interpreted with care. 

The difference in the form of the spectra, as observed between A02 and B10, could be explained 
by differences in e.g. the size of the monopile, the local sedimentary environment, the blow energy 
and the topographical position on the sandbank, each having a specific influence. For example, it 
should be noted here that our measurements were made with a sand ridge between the source and the 
hydrophone, which can strongly affect both the propagation and the attenuation of the underwater 
noise (Urick, 1983; Lurton, 2002; Medwin, 2005). 

While a standardisation of measuring, analysing and expressing underwater noise is considered 
necessary, and is being developed (de Jong et al., 2010; EU, 2010), this standardisation is still at an 
early stage of acceptance and general use. Although the current lack of standardisation has to be taken 
into account when comparing our measurements with those from other studies, such comparison can 
already shed a light onto the major commonalities of underwater noise, produced by offshore wind 
farm piling activities. At the Barrow site in the U.K., for instance, Nehls et al. (2007) found a 
maximum peak SPL of 193 and 199 dB re 1μPa normalized at 500 m from the piling of a monopile 
with a diameter of 4.7 m (stroke energy unknown), which is highly similar to the 196 dB re 1μPa 
measured in this study at 520 m from the piling of a 5 m-diameter monopile with stroke energy of 990 
kJ. The spectral analysis, presented by Nehls et al. (2007), further revealed a similar maximum SPL at 
about 200 Hz, with a secondary peak at about 1 kHz. It should however be noted that the secondary 
peak observed in this study and by Nehls et al. (2007) is not always present, as demonstrated for the 
Q7 wind farm (the Netherlands) by de Jong et al. (2008a). In terms of amplitude of the spectra, Nehls 
et al. (2007) as well as de Jong et al. (2008a) presented figures of about 170 dB re 1μPa at about 200 
Hz for a similar distance of about 850 m. Our measurements were made further away, which explains 
the lower SPL values ranging from 150 to 160 dB re 1μ Pa at 100-200 Hz. The importance of low 
frequencies (Figures 3, 4) were also observed by De Jong et al. (2008) and may result from a high 
energy stroke. 

Our measurements of the increases in UW noise level have clearly demonstrated that they are a 
reason for concern for the environment. They clearly warrant the mitigation measures proposed in the 
EIA report (MUMM, 2007) and taken up in the license for construction. Some of the measures 
proposed prevent the exposure of sensitive species to excessive noise, such as the use of acoustic 
warning devices, the use of a ramp-up procedure, or the avoidance of piling operations during periods 
of the year with high numbers of porpoises present in the vicinity of the construction area. Other 
methods that are available or are being investigated in the framework of other offshore wind farm 
projects tackle the noise output itself; it has been demonstrated that the noise emitted is significantly 
lower when using methods such as bubble curtains around the piles, the use of a telescopic double 
wall steel tube, the use of inflatable sleeves, or the drilling of the piles instead of ramming (Nehls et 
al.,2007; Nedwell and Brooker, 2008). Such measures and methods should be continued to be 
considered for future OWS projects in Belgian waters. 

Impact on marine life, in casu marine mammals 

Only few direct impact studies of pile driving on marine mammals have been made in the field. 
However, these studies have clearly demonstrated that effects can occur up to tens of kilometers from 
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the piling site. Some studies have investigated audibility to discomfort noise levels in marine 
mammals in captivity, including porpoises, bottlenose dolphins and seals (David, 2006; Kastelein et 
al., 2005; Mooney et al., 2009; Verboom & Kastelein, 2005). Such levels can be compared to actual 
noise levels measured during pile driving. In combination with baseline studies of the marine 
mammals occurring in the areas concerned, an assessment of a potential impact can be made. 

Field studies using Porpoise Detectors (PoDs) during pile driving have indicated effects on 
porpoises (decrease in acoustic detections) up to (at least) 25 km from the pile driving site, and lasting 
for hours to days after each piling (Brandt et al., 2009; Carstensen et al., 2006; Diederichs et al., 
2009; Henriksen et al., 2003; Tougaard et al., 2003; 2005; 2009a; 2009b). Lucke (2010), who 
performed aerial surveys before and during pile driving, detected an absence of porpoises in an area of 
over 1000 km² (= radius of about 18 km) around a piling site during piling activities; before this 
activity, porpoises commonly occurred in the area. Several studies indicated that also during other 
construction activities the abundance of porpoises in the area had decreased (Brandt et al., 2009; 
Carstensen et al., 2006; Tougaard, et al., 2006a; b). 

Although many criteria for sound levels potentially leading to PTS and TTS for porpoises have 
been presented, none have been widely accepted. Difficulties remain in the lack of a standardised 
description of noise (De Jong et al., 2010), and in the presentation of noise exposure in its different 
aspects: not only the absolute level (SPL, peak to peak) of noise is relevant for cetaceans, also the 
Sound Exposure Level (SEL) integrated over a single noise event and the cumulative exposure over 
time, such as exposure to repetitive pulses during pile driving (De Jong & Ainslie, 2009; Madsen, 
2005;). Finally a frequency weighting of the sound cetaceans are exposed to can be applied, taking 
account of their audiogram; this means that it is weighted against the inverse shape of the audiogram, 
and in some cases is corrected also for the non linearity of intense sound loudness (Nedwell et al., 
2007; Southall et al., 2007; Verboom & Kastelein, 2005). This better accounts for the loudness of a 
sound as experienced by marine mammals, but complicates matters more, given that the audiograms 
are different for each species, and are not well known for many. 

Verboom & Kastelein (2005) have proposed, on the basis of experiments, dose-response 
relationships for porpoises; the severe discomfort level, TTS level and PTS level were respectively 
125dBw, 137 dBw and 180 dBw re 1µPa (dBw: weighted against the inverse shape of the audiogram 
of the porpoise). Southall et al. (2007) have calculated for PTS and TTS in ‘high frequency 
cetaceans’, amongst which Delphinidae, levels of 198 dBw respectively 183 dBw re µPa²s (weighted 
against a general audiogram for high frequency species and the non linearity of intense sound 
loudness). The US National Marine Fisheries Service (NMFS, 2003) has considered a limit for 
exposure for cetaceans of 180 dB re 1μPa (rms), without a firm basis nor frequency weighting (in 
Nedwell & Brooker, 2009; Madsen et al., 2006), while the German Federal Environment Agency 
(UBA) has defined, on the basis of studies by Lucke (2009), that a threshold of 160 dB re 1 mPa²· s 
(SEL) and 190 dB re 1µPa (SPL) should not be exceeded at 750 m from a piling site. 

At the Blighbank construction site, the maximum peak SPL exceeded 192 dB re 1µPa up to 
around 800 m from the source; at 14 km it was 160 dB re 1µPa, and an extrapolated noise level at a 
distance of 20 km would be 144 dB re 1µPa. While it was not possible to make direct observations of 
impacts during the pile driving at the Blighbank, the observed increases in underwater noise level 
were similar to those measured in other studies (Betke, 2010; De Haan et al., 2007; Nedwell et al., 
2004; Nedwell & Howell, 2005; Nedwell & Brooker, 2009; Tougaard et al., 2009; overview in Bloor, 
2009). The measured levels cannot readily be interpreted into distances for TTS and PTS levels in 
porpoises. However, comparing the source level to the source level measured at other piling sites, and 
the observed effects, it is likely that effects on porpoises occurred up to at least 25 km from the sound 
source. The noise would have been audible for porpoises at a larger distance, but it is not clear if this 
has effects. It cannot be expected that PTS would have occurred in some animals, given the presence 
of noisy vessels at the site before pile driving - already considered as a ‘ramp-up procedure’ in itself 
by Leopold & Camphuysen (2009), and the use of an alerting device half an hour before the start of 
pile driving, preventing injury in the form of PTS or TTS. However, for a similar piling at the Q7 
offshore wind farm, De Jong & Ainslie (2008b) estimated that the noise level was well above the 
discomfort threshold up to 5.6 km from the piling site (the largest distance at which noise was 
measured), and that at distances closer than 500 m the levels were higher than the TTS criterion as 
established by Verboom & Kastelein (2005). Gordon et al. (2010) have proposed a model in which 
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the SEL is assessed against the swimming speed of porpoises and proposed TTS and PTS levels, and 
have concluded that even with pingers or deterrent devices, porpoises may still suffer PTS up to 
several kilometres from piling sites. Bailey et al. (2010) estimated that TTS or PTS could only occur 
within 100 m from a piling site (piles of 1,8 m diameter, blow energy 510 kJ), while strong avoidance 
reactions would occur within 20 km from the piling site. 

The number of porpoises disturbed by the pile driving at the Blighbank site was probably limited, 
given the relatively low densities of porpoises present in this period of the year (Haelters et al., this 
volume). Presuming a discomfort effect at a distance of 25 km (on the basis of Brandt et al. 2009; 
Diederichs et al. 2009; Tougaard et al. 2009a), and a density of porpoises of 0.2 animals/km², it can 
be calculated that 400 porpoises could have been disturbed. With densities of over 1 porpoise/km², as 
observed in Belgian waters during late winter and early spring (Haelters, 2009), more than 2.000 
animals would be disturbed. However, there is only limited knowledge on the seasonal abundance of 
porpoises in this area, and it is fairly unpredictable. Also, the baseline monitoring of porpoises focuses 
on Belgian waters, which only partly cover the area possibly impacted. 

Future adaptations to the monitoring strategy 

Further developments are needed to better investigate the attenuation of underwater sound in a 
complex bathymetrical environment, such as the BPNS with its numerous sand ridges and a 
sandbank-swale morphology. It is hence advised to have measurements of the same (piling) event at 
the same time at different locations. This could be achieved using a moored instrument or a second 
survey team on a different position. Given the bathymetrical complexity of the BPNS, these 
measurements should account for geomorphologic privileged directions. Consequently, the 
underwater noise measurements of the next phase of piling activities should be executed in an along-
bank, as well as a cross-bank configuration. Also, noise measurements should be expanded to both 
shorter and longer distances from the source as the ones described in the current report. 

Furthermore, more effort should be directed into concrete impact assessment of pile driving on 
harbour porpoises in Belgian waters (for more details: Haelters et al., this volume). Agreed standards 
of noise measurement, analysis and expression, and a common adoption of the level at which PTS, 
TTS and discomfort occurs in harbour porpoises, would further be useful for a better assessment of 
the impact, including a cumulative impact at a population level due to the construction of several wind 
farms in the southern North Sea. 

Conclusions and outlook 

During this first phase of piling activity at the Blighbank, it has been shown that pile driving 
drastically increases the underwater noise level. At 520 m from the source a maximum peak SPL of 
196 dB re 1 μPa was measured, with a piling blow energy of 990 kJ. The spectral analysis of the 
underwater noise showed a main peak between 100 Hz and 200 Hz and at about 1 kHz. Our 
measurements of amplitude and spectra agree well with other measurements of the underwater noise, 
produced by piling activities at other offshore wind farms.  

The ecological consequence of the disturbance for porpoises and other animals such as fish and 
cephalopods remains unknown. For marine mammals it should be described as an impact on 
individual animals, up to impacts on a population level. Due to the piling activity at the Blighbank, 
the ecological impact on harbour porpoises would be that at least the foraging ability of a number 
animals is temporarily impeded; they could be excluded from a preferred foraging area, and be driven 
to areas already used by competitors for food. Such effects can have an impact on the fitness of 
individual animals, and while this could be limited in the case of the construction of a single wind 
farm, cumulative effects will occur when many wind farms are constructed simultaneously or 
consecutively. 
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Abstract: The total marine aggregate extracted from the seabed in UK waters can exceed 
20 million tonnes each year, and there is a need to understand the noise generated during 
the extraction process in order to evaluate any potential impact on the marine 
environment. For aggregate extraction, the type of vessel used is a trailing suction hopper 
dredger, which lowers a drag head and suction pipe to the sea floor to extract the sand or 
gravel, depositing it in a hopper on the vessel, whilst returning unwanted material and 
water over the side of the vessel. There are a number of potential noise generation 
mechanisms during this type of dredging activity. This paper presents the results of 
underwater noise measurements for six different dredgers measured in three locations 
around the UK, with aggregate type varying from sand to coarse gravel. One vessel was 
measured in two different areas with different aggregate types. The methodology used to 
derive the source level for the dredgers is described, and the results of an investigation 
into the origin of the radiated noise are given. Measurements were made at frequencies up 
to 100 kHz. Noise levels are shown for the same dredger under different operational 
modes, illustrating that the noise output is partially dependent upon the mode of operation 
and the aggregate type being extracted. 

Keywords: source level, noise, dredging, ANSI S12.64. 
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1. INTRODUCTION  

Around 20 million tonnes of sand and gravel are extracted from licensed areas of the 
seabed around UK coastal waters each year for use in the construction and building 
industry [1]. It is of vital importance to both UK and continental industry, accounting for 
around 20% of sand and gravel sales in England and Wales, with around one third of the 
extraction being exported to France, the Netherlands and Belgium [2]. The potential 
impact this activity has on the environment (and the seabed) is considered as part of the 
licensing process and underwater sound is one of the mechanisms which could potentially 
have an impact on marine fauna [3]. The assessment of underwater noise has been of 
increasing importance in recent years with the rapid increase of marine construction 
associated with wind farms [4-8]. This has also coincided with a raised awareness of 
underwater noise from shipping and other marine activities and the potential it has for 
impact on marine life, leading to the recent development of impact criteria [9]. However, 
consideration of the noise radiated during marine aggregate extraction operations has been 
limited, particularly in UK waters, with the most extensive measurements being 
undertaken in the Beaufort Sea during oil exploration in the 1980's [10,11]. Other 
measurements have been undertaken in the literature around Sakhalin Island, which were 
compared by Ainslie et al. [12] to other vessels including the Overseas Harriette [13]. This 
paper reports some noise measurements of a number of UK dredging vessels which form 
part of the UK’s marine aggregate extraction fleet. 

2. MARINE AGGREGATE EXTRACTION OPERATIONS 

The type of vessel used for marine aggregate extraction, particularly in the UK, is the 
trailing suction hopper dredger (TSHD). This type of dredger lowers a drag head and 
suction pipe to the sea floor, in water depths of up to 50 m, in order to extract the sand or 
gravel, depositing it in a hopper on the vessel for dockside unloading. The vessel will 
often screen the dredged material for granular size and return the unwanted material and 
water over the side of the vessel. Such an operation can take from as little as 3 hours to 
anything up to 12 hours, concentrated to a relatively small area, with the vessels typically 
operating at speeds of around 1.5 knots.  

Noise measurements were performed on six of the TSHD vessels from the UK’s fleet, 
in three different coastal areas of the UK. These were licensed areas in the East coast 
region (areas 240 and 251), South coast region (area 137) and the east English channel 
(areas 473, 474 and 458). The East coast region is predominantly a gravelly sand seabed 
within the dredging areas, with typical water depths of between 25 and 30 m. The South 
coast licensed areas are also predominantly gravelly sand but with shallower water depths, 
typically less than 25 m, resulting in the smaller TSHD vessels with inboard pumps, 
operating in this area. The east English channel region is deeper, typically between 30 and 
45 m, with the larger TSHD vessels with overboard pumps, operating in this area. The 
licensed areas in the east English channel are also a different aggregate, with 
predominantly sandy gravel seabed. One of the vessels, the Sand Falcon, was measured in 
both the East coast region and the east English channel. The aggregate type has 
implications for the noise levels/characteristics generated.  

Due to the suction pipe, overboard pump, and drag head, and the return of high 
volumes of excess water over the sides of the vessel from both the hopper spillways and 
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screening towers, the noise generated by this type of vessel is potentially different from 
that of a conventional surface vessel. 

Possible source mechanisms for a TSHD vessel whilst dredging include (very low 
speed) propeller and thruster noise, and general radiated hull noise which are common to 
other surface vessels. However, drag head noise, overboard/inboard pump noise, suction 
pipe noise, and water and sediment discharge noise are potential sources of underwater 
acoustic noise which are unique to this type of dredging vessel and could radiate sound 
into the water at higher frequencies than those normally associated with surface vessels.  

3. MEASUREMENT OF RADIATED UNDERWATER NOISE 

For each vessel, hydrophone measurements were performed as a function of range from 
the TSHD vessel, at between 2 and 4 positions along a transect normal to the track of the 
vessel. These ranges varied for each vessel measured but typically did not exceed 1 km 
and were not less than 100 m for the estimation of source level (although closer ranges 
were measured for source characterisation purposes). 

To extract aggregate, the TSHD vessel runs up and down the same dredging lane, 
which has a lane length of around 1.5 km, with only limited lateral deviation. This 
dredging pattern allowed repeated measurements of each vessel, in some cases for both 
port and starboard sides of the vessel. To help identify the sources of noise generated by 
the vessels, different operational modes were used on some of the passes. These included 
lifting the draghead so that only water was pumped during one pass and turning off the 
pump with the draghead down on the seabed during another pass. In the first case, with the 
draghead raised, the vessel still pumped water up the suction pipe and returned it over the 
side so that all of the other noise sources should have remained the same. In the second 
case, with the pumps switched off, the dredger still dragged its draghead along the seabed 
but with no aggregate passing up the suction pipe. 

The measurements along the transect were obtained using a combination of bottom 
mounted noise monitoring systems and hydrophones deployed from an anchored survey 
vessel. The use of multiple measurement positions provided range dependent 
measurement points without the time dependent variability introduced by the use of a 
mobile survey vessel. The position of the bottom mounted systems and the survey vessel 
were marked using GPS whilst the complete track for the TSHD vessel was recorded by 
the vessel operators, using the onboard Electronic Monitoring System (EMS), for the 
entire duration of the dredging activity. The survey vessel was also used to deploy a 
Conductivity, Temperature and Pressure (CTD) probe to determine the sound speed 
profile and a vertical hydrophone array to provide source characteristic/positional 
information, which is further considered by Wang et al [14]. 

The acoustic measurement system deployed from the survey vessel consisted of two 
Reson TC4032 low noise hydrophones suspended from an anti-heave buoy to reduce the 
low frequency influence of the wave motion. This de-coupler used a sub-surface disc 
damper, suspended by a bungee cord from a surface float, with the weighted hydrophone 
arrangement suspended from the damper. The hydrophones were each at a depth of at least 
6.5 m and 10 m, depending on the water depth at each site. The hydrophones were 
attached to a Brüel & Kjær (B&K) Pulse data acquisition system and sampled with 24-bit 
resolution at 262 kS·s-1 on each channel, providing a measurement bandwidth of around 
131 kHz. The hydrophones were deployed throughout the survey duration (around 3 to 6 
hours) whilst the survey vessel was anchored and silent. The static noise measurement 
systems, designed and manufactured by Loughborough University, UK, were anchored to 
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the sea floor and were each equipped with two SRD H70 hydrophones approximately 5 m 
and 10 m above the seabed. These hydrophones were attached to a sub-surface recording 
unit which sampled the data with 16-bit resolution at a rate of 96 kS·s-1 on each channel, 
providing a measurement bandwidth of 48 kHz. These buoys were deployed (and also 
measured) for the entire survey duration. The use of both a sub-surface float for the 
hydrophones and a separate surface pick-up buoy for the anchor provided measurements 
which were decoupled from surface wave motion and surface tidal effects. All of the 
hydrophones were calibrated over the frequency range at the UK’s National Physical 
Laboratory with traceability to international standards [15]. 

4. MEASUREMENT RESULTS 

To assess the characteristics of the noise generated by the dredging activity, some 
received levels are shown (see Fig. 1) for different operational conditions of the Sand 
Falcon. These are full dredging (sucking sand and gravel from the seabed); pumping water 
only (with drag head lifted but all pumps still running); and pump off whilst dragging the 
draghead over the seabed. Ambient noise measurements were also performed on the 
following day once the Sand Falcon had left the area and these are also included in Fig. 1. 

The results shown in Fig. 1 are for the Sand Falcon at its position of closest approach to 
the survey vessel on each pass, measured with the shallower of the two Reson TC4032 
hydrophones. The data clearly show a difference in the higher frequency noise levels 
(above 1 kHz); the full dredging levels are approaching 20 dB higher for frequencies 
above 16 kHz when compared with levels obtained when pumping water only or dragging 
the drag head with no pumping. This indicates that the aggregate passing through the 
suction pipe and pump is a significant contributor to the higher frequency noise. 

 
Fig. 1: Third-octave band received levels of the Sand Falcon at approximately 100 m 

range compared with ambient noise measured in the area. 
 
The source levels for each vessel were calculated for each receiver position (at a 

specific depth) using a propagation loss model based on the source-image approach (the 
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implementation of which is referred to as ImTL in this paper). This models the sound field 
of a source as the sum of the acoustic radiation from the source and a series of images of 
the source reflected in the medium boundaries: in this case, the water surface and seabed 
[16]. The source is modelled as an ideal point source. Running the model for each of the 
source-receiver combinations, for each vessel pass, and for the environment which existed 
during the measurement, allowed an average monopole source level to be obtained for 
each vessel, based on a source depth of 4 m (this was based on typical propeller depths for 
the range of vessels measured). For consistency with ANSI S12.64 [17], the source levels 
were converted from monopole to dipole or “affected” source levels using the conversion 
method described by Ainslie [18]. These third-octave band dipole source levels for each 
TSHD vessel measured are shown in Fig. 2. Further detail on the calculation of source 
levels is provided in a MALSF report [19]. 

 

 
Fig.2: Dipole or “affected” third-octave band source levels calculated for all the 

TSHD vessels measured (with the dredging area number indicated in brackets). 
 
There is considerable variation between the individual vessels at frequencies less than 

500 Hz, with the Sand Falcon and Sand Harrier being the noisiest. The Arco Axe appears 
to be the quietest vessel and is the only measured vessel to employ a Kort nozzle type 
propulsion system. Overall, there appears to be a higher level of broadband noise at 
elevated frequencies (5 kHz to 40 kHz) than would normally be expected for a surface 
vessel operating at slow speeds (typical speeds during dredging are about 1.5 knots). The 
appearance of such high frequency signals is normally associated with the onset of 
propeller cavitation, which is usually only seen at higher speeds. This feature is 
particularly prominent for the vessels measured in the gravelly area: Sand Falcon (Area 
473), City of Westminster (Area 474) and City of London (Area 458). The Sand Falcon, 
exhibited higher third-octave band source levels at higher frequencies when measured in 
an area with gravel than it did for an area with sand, even though the lower frequency 
levels below 1 kHz are comparable in both areas. This supports the findings discussed for 
Fig. 1 and indicates that the aggregate being dredged influences the high frequency noise 
generated during extraction. At lower frequencies, the TSHD vessels have source levels 
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which are comparable to those presented in the literature for the cargo vessel Overseas 
Harriette at modest speed [13]. 

5. CONCLUSIONS 

The dipole source levels of six TSHD vessels operating in UK waters have been 
measured across three regions around the UK’s coast. One vessel, the Sand Falcon, was 
measured twice, once in an area dredging sand, and once in an area dredging gravel. The 
measurements for all the vessels show that the source levels for a TSHD vessel at 
frequencies below 500 Hz are generally in line with those expected for a cargo ship 
travelling at modest speed (between 8 and 16 knots for the Overseas Harriette) whilst 
source levels at frequencies above 1 kHz show increased levels of broadband noise 
generated by the aggregate extraction process. Based on measurements of the Sand Falcon 
in two different areas, it was also found that the elevated broadband noise was dependent 
on the aggregate type being extracted – coarse gravel generating higher noise levels than 
sand. 
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Abstract: A number of in situ measurements of source level radiated from various 
dredging ships were carried out with hydrophones attached to anchored buoys and 
suspended from a survey vessel to determine the noise level for each of these ships in UK 
coastal waters. In order to determine the distribution of the noise sources from the ships, a 
7-element hydrophone vertical line array was deployed from the survey vessel to measure 
the radiated noise. A digital compass was attached to the array to determine the 
orientation of the array to aid the beam forming. The noise from various operational 
modes, such as dredging in opposite directions, pump off and transit was recorded and 
processed to demonstrate the differences in noise levels and positions of the sources in the 
water column. The results of beam forming on the noise are presented and it is shown that 
full dredging does generate a very wide spectrum of noise and the most likely source is 
from the inline pump. 
Keywords: dredging noise, noise source location, vertical line array 
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1. INTRODUCTION  

A substantial quantity of building materials, such as sand and gravel, is extracted by 
dredgers from shallow water areas around the UK annually [1]. The vessels used for this 
are trailing suction hopper dredgers (TSHDs). These deploy a long pipe with a drag head 
on the seabed to suck the seabed materials onboard via a very powerful pump. This 
activity can have environmental effects on marine life in various ways. As underwater 
noise is generated by these operations a programme of research work has been undertaken 
to measure the level of the noise so that the effects can be assessed accordingly.  

 
A comprehensive study to measure the noise levels generated by various dredgers was 

conducted at three locations, one off the East coast of Norfolk and two in the English 
Channel. The noise from the dredging ships in operation was recorded with a number of 
hydrophones attached to anchored buoys or suspended from the survey vessel in order to 
determine the acoustic source level [2, 3]. This information is important as it is required to 
assess the impacts of marine aggregate extraction operations on marine life and it is also 
useful for the future design of such ships in order to minimise environmental impacts. The 
measured source level for a ship generally describes the noise in terms of a single point 
source, or a dipole source where surface reflection is included. This is a good 
approximation for most ships where the propeller generates the most noise. A dredger, 
however, may generate noise via a number of structural components, for example the 
propeller, and the pump, pipe and drag head when it is in operation. In order to identify the 
distribution of noise sources from a dredger in the vertical plane, a vertical line array with 
7 spherical hydrophones (SRD70) was made and used by ISVR to record the noise from a 
number of the dredgers. Results for one of these dredgers, the Sand Falcon, are presented 
in this paper. 

2. EXPERIMENT SETUP  
 

The vertical line array was deployed from a survey vessel (the MV George D) as shown 
in Fig. 1. The survey vessel was positioned at a distance of about 100 m from the Sand 
Falcon’s tracks at the closest point of approach (CPA). The measurement location was off 
Eastbourne in the English Channel and the water depth at the site was typically less than 
40 m. 

 
The seven hydrophones were secured on a 2.0 m length of aluminium angle with 30 cm 

between adjacent hydrophones. The array was deployed with its centre about 7 m from the 
surface. In order to determine the exact orientation of the array a 3D digital compass 
(OS5000-USD) was attached to the aluminium angle so that its roll, pitch and yaw could 
be measured. The hydrophones were calibrated to obtain their sensitivities and phase 
responses at the National Physical Laboratory’s Wraysbury site. The received signals from 
the hydrophones were amplified with battery-powered amplifiers (to minimize noise) and 
sampled at 178 kHz with an NI USB-6251 BNC (16 bit) data acquisition system. The NI 
system does not sample the input channels simultaneously, but sequentially one channel 
after the other. This is not ideal for high accuracy coherent signal processing since it may 
introduce some phase error due to fluctuations in timing. However, it was adequate for this 
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application as the time differences could be measured and compensated for. Data were 
logged on a laptop computer for later processing. 

 

Fig. 1: Measuring dredging noise with a vertical line array. 

3. EXPERIMENTAL RESULTS 

3.1. Mean noise power 

In order to provide a general view of the variation in time of the noise received by the 
array, the mean signal power of the Sand Falcon for various operations is plotted in Fig. 2. 
The mean power level is defined as the mean of all frequency components within the 
measurement bandwidth over one second of data. The red circles indicate the centre of the 
data sections that were used for the beamforming results plotted in Fig. 4. 

 
The noise level increased as the dredger approached the CPA to the survey vessel, 

peaked at CPA and then decreased once it had passed CPA. There were two complete 
dredging runs: pass 5 and pass 6. The pump was switched off when the dredger was close 
to CPA on pass 7, resulting in a substantial reduction of noise level. The ship also 
performed a pass (pass 9) at its cruise speed of 11 knots for which the noise level  was at 
least 6 dB less than that during normal dredging operation. 

3.2. Array orientation 

The orientation of the hydrophone array varied with the tidal flow over the time period 
of measurement. In order to perform beamforming, it was necessary to know accurately 
the positions of the hydrophones on the array and the direction of the noise source in 
azimuth with respect to the array. This allowed the time lags due to the tilt of the array to 
be compensated for in the beamforming process.  
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The digital compass was used to measure the direction of the array relative to North 

(yaw) and the roll and the pitch of the array. It was observed that the array rotated in its 
angle from North by about 200o during the time of the measurement with rapid variations 
of the order of a few second as shown in top plot of Fig. 3. The large variation was caused 
by the change in the direction of the tide. The magnitude of the tilt of the array was of the 
order of a couple of degrees for passes 5, 6 and 7, but higher for pass 9 as shown in the 
bottom plot of Fig. 3. 
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Fig. 2: Mean noise power level measured for the Sand Falcon during sequence of 

dredging operations. 
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Fig 3: Measured array angle to North (top) and tilt (bottom). 

3.3.  Results of beamforming 

3.3.1. Angular frequency response 

Beamforming was applied to the array data for passes 5, 6, 7 and 9. The track of pass 5 
was from West to East with the pipe closest to the survey vessel, while pass 6 was an 
opposite run with the screening towers closest to the survey vessel. Pass 9 was a transit 
run when the Sand Falcon cruised by at around 11 knots with a West to East track. The 
ranges from the vessel to the Sand Falcon for passes 5, 6 and 7 at the time of beamforming 
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were around 80 m, 95.1 m and 117.8 m respectively. However, there was no GPS 
information on the track of the dredger for the transit run. It was estimated that the 
distance between the Sand Falcon and vessel was around 30 to 40 m at CPA by visual 
observation. The tilts of the array in the plane of the survey vessel and dredger were 
determined to be -2.05º, -0.52º and 3.07º respectively.  

 
Fig. 4 shows the beamformer output for the Sand Falcon during passes 5, 6, 7 and 9. 

Each plot shows the spectrum of beamformed signal for a frequency range from 0 to 20 
kHz over an angular range from -90 to 90 degrees. Here the negative values represent 
angles above the horizontal and positive values angles below the horizontal. For the results 
shown in Fig. 4, one-half second segments of the data at CPA were used and an incoherent 
average was performed in the frequency domain with a bandwidth of 200 Hz.  

 
The angular resolution of the array varies with frequency, from 19º at 2.5 kHz to 2.4º at 

20 kHz. It is omni-directional for frequencies lower than 400 Hz. The curved bands 
appearing above a frequency of 2.5 kHz are the result of the grating lobes of the array. 
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Fig. 4 Beamformer outputs of the ISVR array for the Sand Falcon at CPA on passes 5, 
6, 7 and 9. 

 
A prominent noise source, which covered the full frequency range, was present at 

around 8o below the horizontal plane for pass 5 (top left of Fig. 4), which implies a point 
source at a water depth of 18.2 m for the given geometry. It is likely that this is the 
overboard pump, which has a centrifugal design. The broadband noise in this case could 
be explained by the impact of pebbles with each other and on the internal casing of the 
pump, and by cavitation around the impeller of the pump. There was also a very wide 
spread of noise from almost all the angular directions for signal frequencies below 5 kHz. 
Using geometry, it can be determined that any noise from angles greater the 26º and less 
than –26º is likely to be made up of multipath contributions from bottom and surface 
reflection. This is the likely cause of the broad angular noise below 5 kHz. Multipaths at 
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higher frequencies would be subjected to a higher reflection loss on both the sea surface 
and seabed. 

 
The top right plot in Fig. 4 is the result for pass 6. The similarity to the result for pass 5 

can be observed. In this case, the point source location was at 6.5º, corresponding to a 
depth of 17.8 m, which is in good agreement with the estimated source depth from pass 5. 
The overall noise level for this source was higher on pass 5 than that on pass 6. However, 
the noise contribution from other sources was higher on pass 6 above 7 kHz, and there is a 
clear band of signal from 10 kHz to 13 kHz evident in this case.  

 
The beamformer results for Sand Falcon’s pass 7 is shown in the bottom left plot of 

Fig. 4. The pump was switched off during this pass. It can be seen that the overall noise 
level was lower during this pass than for passes 5 and 6. This suggests that the pump was 
the main contributor to the overall noise level when dredging. In this case, the point source 
was at –5º, corresponding to a depth of –3.3 m. There was still some noise contribution 
from other angles even though the pump was off. 

 
The bottom right plot of Fig. 4 is for the result of the Sand Falcon in transit. It can be 

seen that there was no noise contribution outside the main beam (and its grating lobes) for 
frequencies above 10 kHz. This indicates that the dredger’s noise sources when operating 
were widely distributed in the vertical plane, which is potentially explained by radiation 
from the deployed pipe. The beam-width of the noise around 0o seems wider than those in 
the previous plots for dredging operations. This may be due to the fact that the distance 
between the dredger and vessel was significantly smaller. The angle of the main noise 
source is –2º, corresponding to a depth around 5.8 m, which is about the maximum depth 
of the propeller for the dredger with a full load.  

3.3.2. Angular time response 

The angle-frequency plots are useful for locating the primary noise sources. However, 
the grating lobes combined with multipath effects make further identification of the 
sources more difficult. From Fig.4 it was noted that for wideband noise signals the grating 
lobe contributions vary across the angular range. Therefore, summing the beamformer’s 
output in the frequency domain can be used to generate a flat background for the grating 
lobes, while the signals from the central beam should add up to produce a higher output. 

 
Fig. 5 shows the time response for the passes generated in this way. The contributions 

from noise sources at different angles are more evident, as labelled in the plots in Fig. 5. 
The direct pump noise is the dominant source as shown in the top two plots of Fig. 5. The 
pump noise also generated multipath signals via surface and bottom reflections. The signal 
received via the surface reflection spreads out more than that via the bottom reflection due 
to the rough surface scattering process. It is interesting to note that the noise from the drag 
head and the propeller can be identified. 

 
Propeller noise became prominent when the pump was switched off on pass 7 as shown 

in the bottom left plot of Fig. 5. The multipath signals were due to the propeller noise. 
However, there was a small noise from the pump, assumed to be due to water flow around 
the structure. 
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There was a very sharp increase in the noise level for the transiting Sand Falcon as 
shown in the bottom right plot. The noise was mainly from the propeller. There was no 
direct propeller noise for the first 16 seconds since the body of the ship blocked the path. 

 

Fig. 5: Beamformer output summed over all frequencies as a function of time for passes 5, 
6, 7 and 9. 

4. SUMMARY 

A vertical line array has been used to identify the vertical distribution of noise sources 
from operating trailing suction head dredger in UK coastal waters when being used for 
marine aggregate extraction. The results demonstrated that there were a number of noise 
sources at different angles (depths) with various frequency bandwidths. Multipath and 
grating lobe contamination in shallow water makes the discriminations of noise 
contributions from different parts of the ship complicated. However, the use of the vertical 
line array identified that the pump was the dominant source of noise when dredging. 
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Abstract: The measured hydro sound levels as consequence of pile driving activities in the 
North and Baltic Sea are so high, that considerable impacts on the marine environment 
can occur. To mitigate hydro sound levels two different bubble curtain concepts have been 
tested. At the construction of FINO3 about 45 miles west of Sylt a bubble curtain was 
installed at a distance of 70 meters around the Monopile. In a second attempt, a layered 
bubble curtain with 8 meters diameter has been installed at one tripod structure of the 
first German offshore wind farm alpha ventus, about 24 miles north of Borkum. The 
results of measurements are shown and compared. Finally, options to optimize the sound 
reduction of bubble curtains are given. 

Keywords: bubble curtain, noise mitigation, FINO3, alpha ventus 
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1. INTRODUCTION 

In 2008 the research platform FINO3 was built about 45 miles west of the German 
island Sylt. Therefore a Monopile with a bottom diameter of 4.75 m was driven 28 m into 
the seabed. To reduce the sound levels a bubble curtain of radius 70 m surrounding the 
pile was tested. The sound pressures were measured at a distance of 245 m south to the 
pile and at a distance of 910 m to the east. After the pile was driven to its final depth a 
short test was made with a piling energy reduced to 20 %. Measurement data with bubble 
curtain, without bubble curtain and with the half air volume were recorded. 

One year later the construction of the first German offshore wind farm alpha ventus 
started. Six tripod structures and six jacket structures were fixed to the seabed. At one 
tripod structure a layered bubble curtain with 5.3 m to 8 m diameter was tested. The four 
lower layers were preinstalled on two pile sleeves onshore and put into operation offshore. 
A mobile system with six upper layers couldn‟t be installed offshore because of bad 
weather conditions. According to the main current direction the sound pressures were 
measured west and east of the tripod at a distance of about 500 m. To investigate the 
mitigation effect of the bubble curtain the compressor was turned off and on while pile 
driving. 

2. DEFINITIONS 

For each stroke detected in the measurement data the sound exposure level (SEL) and 
the peak level (PL) are calculated with the following equations: 
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Herein are p0 the reference sound pressure of 1 µPa, T0 = 1 s and |ppeak| the absolute 
peak sound pressure. The integration limits T1 and T2 are chosen, so that significant parts 
of the stroke are included. 

3. RESEARCH PLATFORM FINO3 

At the end of piling five groups with 17 to 22 strokes were executed as shown in 
figure 1. At the first two stroke groups the piling took place under full piling energy of 
800 kJ and the bubble curtain in operation. The last three stroke groups were done under 
reduced piling energy of 160 kJ and the air volume of the bubble curtain was varied: 

 Third group: full air volume of nine compressors (180 m³/min) 
 Fourth group: „half‟ air volume of five compressors (100 m³/min) 
 Fifth group: no compressor in action (0 m³/min) 
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Fig.1: Hydro sound measurements 245 m south of FINO3, x-axis: local time, y-axis: 

sound pressure levels, red points: peak levels, blue crosses: sound exposure levels. 
Measurement data recorded by: itap 

The sound reduction of the bubble curtain is the difference between the sound pressure 
levels with and without bubble curtain. At a distance of 245 m the sound reduction was 
9 dB (PL) respectively 6 dB (SEL) and at a distance of 910 m 14 dB (PL) respectively 
12 dB (SEL). 

 

 
Fig.2: Third octave spectra of the stroke groups 3 to 5 at a distance of 245 m from pile, 

x-axis: frequency, y-axis: sound pressure levels. 
 



 

Figure 2 shows the third octave spectra of the stroke groups 3 to 5 at a distance of 
245 m. The red line represents the situation without bubble curtain. The other lines 
represent the cases with bubble curtain and full (blue line) or „half‟ (green line) air 
volume. The effect of the bubble curtain is the difference between the red line and the 
others. It can be seen that the best effect of up to 35 dB is at frequencies above 1000 Hz. 
The sound reduction is shown in figure 5 in comparison with the measurements at 910 m 
distance and other situations. 

More information about the hydro sound measurements at FINO3 can be found in [1]. 

4. OFFSHORE WIND FARM ALPHA VENTUS 

Figure 3 shows the hydro sound levels from driving the second pile of the tripod, while 
the bubble curtain was switched off and on twice. The pink line shows the operating state 
of the bubble curtain. For each stroke detected in the measurement data the peak pressure 
level and the sound exposure level are calculated with equations (1) and (2). In figure 3 
red and green points are the peak levels (red) and the sound exposure levels (green) of the 
strokes detected in the measurement data recorded by DEWI about 500 m east of the pile. 
Black and blue points are the peak levels (black) and the sound exposure levels (blue) of 
the strokes detected in the measurement data recorded by ISD about 500 m west of the 
pile. 

 
Fig.3: Hydro sound measurements about 500 m west (ISD) and east (DEWI) of the pile, 
a-axis: local time, left y-axis: sound pressure levels, right y-axis: state of the bubble 

curtain (on/off). Measurement data recorded by: DEWI, ISD 
 
Table 2 shows the sound pressure levels before and after switching the bubble curtain 

on. The sound reduction at the western position was 12-14 dB (PL) respectively 10-13 dB 
(SEL) and at the eastern position 0-5 dB (PL) respectively 1-4 dB (SEL). 

 



 

Local 
time 

Piling 
energy 

(kJ) 

State of 
bubble 
curtain 

West position East position 
PL SEL PL SEL 
(dB re 1 µPa) (dB re 1 µPa) 

21:19 375 off 195 172 196 173 
21:22 375 on 181 159 196 172 
22:12 375 off 191 169 195 171 
22:15 375 on 179 159 190 167 

 
Table 2: Hydro sound levels at the piling of the second pile of AV9. 

In the diagramed time interval the mean tide current measured at the near research 
platform FINO1 rose from 0.5 to 0.6 m/s to the west. So the rising bubbles of the bubble 
curtain reached the surface between the pile and the western measurement position. The 
results show that the bubble curtain‟s mitigation effect is strongly dependent from the tide 
and the related flow speed and direction. The reason is, that a bubble curtain at the same 
time very close to the pile and subjected to current and waves, isn‟t able to wrap the pile 
entirely – consequently the good reduction effect can only be unfolded at “one side” of the 
pile. Only at turn of tide the good mitigation effect was available in every direction [2]. 

Figure 4 shows the third octave spectra of the western situations at 21:19 and 21:22. 
The sound reduction of this situation is displayed in figure 5. More information about the 
hydro sound measurements at alpha ventus can be found in [2]. 

 

 
Fig.4: Third octave spectra of the measurements at 21:19 and 21:22 about 500 m west 

of alpha ventus (AV9), x-axis: frequency, y-axis: sound pressure levels. 

5. COMPARISION AND PERSPECTIVE 

The sound reduction of the bubble curtain at FINO3 and the layered bubble curtain at 
alpha ventus is displayed in figure 5. The dark and light blue lines represent the situations 
at FINO3 at distances of 245 m and 910 m from pile. The red and green lines represent 
two situations at alpha ventus about 500 m west of the pile. At both locations the best 
effects of the bubble curtains are at higher frequencies. 



 

 
Fig.5: Sound reduction of measurements at FINO3 and alpha ventus, x-axis: frequency, 

y-axis: sound reduction. 

Since the maximum sound energy of the unmitigated sound wave is about 200 Hz, the 
good effect of the bubble curtains has to be shifted to lower frequencies. This can be 
achieved by creating bigger bubbles and raising the air volume fraction. In the last three 
months bubble curtain tests with different air volume fractions took place in a towing tank 
in Hamburg and in a lake near Bremen. 
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Abstract:  The aim of this work was to show that tank experiments can provide the 
underwater community with data obtained in well controlled conditions. The use of a scaling 
parameter allows simulating in water tanks, different conditions of sound propagation at sea. 
Low cost and repeatability are two other advantages of using scaled models. Experiments 
described in this paper have been carried out in a waveguide consisting of a water column 
lying over a flat sand bottom in which physical and acoustical properties are well known and 
controlled. We performed the experiments with different water depths (3cm to 70cm), and 
with wide band signals covering a very large range of frequencies (from 140 kHz to 800 kHz). 
The objective was to simulate sound propagation in very different condition (from very low 
frequency and shallow water conditions to high frequency and deep water conditions). 
Another series of experiments was carried out to study the coupling between propagation and 
scattering when a target is introduced in the waveguide. The target we used in this experiment 
was an elastic hollow sphere (b/a=0.96) placed at different positions (surface, mid depth and 
bottom). The acoustical field was measured both around the object and in the far field. First 
results of measurements are discussed. 
 
Keywords: Shallow water propagation, target, scattering, waveguides 
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1. INTRODUCTION  

 
Sound propagation in the ocean has been intensively studied during the last fifty years. 
Several models for shallow or deep water environments have been developed and described in 
the literature [1-4], but relatively few measurements for checking the different numerical 
models were carried out at sea; in addition, it must be noted that most of the time the spatial 
and temporal variability of the ocean does not allow getting very good agreement between 
experiment and theory. More recently 3D algorithms were developed for propagation in more 
complex environment [5-10] including presence of targets in the water layer, but again, very 
few experiment-modelling comparisons were done.  
The use of water tanks could be an interesting and promising approach to check the different 
2D and 3D models in perfectly controlled conditions. These experiments are very cheap in 
comparison to sea experiments and moreover all the parameters can be controlled during the 
experiment; in addition the number of varying parameters can be fixed before the experiment 
in order to work in more simple environments than in reality (no tides, no currents, no internal 
waves…). Finally it can be noted that all the tests can be repeated several times without 
changing the experimental conditions.  
 

2.  DESCRIPTION OF THE TANK EXPERIMENT 

 
A large water tank (10m long, 3m wide and 1m deep) whose bottom is covered by a thick 
layer of medium sand (mean grain size: 450 microns) has been equipped with two 
independent carriages moved by stepping motors in order to study sound propagation in 
different water depth conditions and different type of environment. The first carriage supports 
the piezoelectric source which can be moved automatically along the vertical direction only, 
the second one supports the receiving hydrophone which can be moved along X,Y and Z 
directions by stepping motors controlled by a computer. This system allows automatic 
measurements of the acoustical field at any positions in the tank with a precision of 1/10 mm. 
In this experiment the maximum useful distance between source and receiver was 6.5 m. Very 
simple geometry shows that inside this range we could separate and eliminate spurious echoes 
coming from the walls of the tank. Beyond this distance both useful signals and spurious 
echoes interfere and they cannot be separated.  The receiver was a small hydrophone Reson 
TC4035.   
The acoustical properties of the sand (sound speed and attenuation) as well as the physical 
properties (porosity, electrical conductivity, wet density…) were measured several years ago 
[11]. They were measured recently in order to check that these parameters are stable with 
time. The sand was put in the tank more than twenty years ago and it was carefully degassed 
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in order to remove air bubbles. The water of the tank was recycled but never changed in order 
to avoid presence of bubbles in the water. Prior to the experiments the sand was perfectly 
flattened with a rake to avoid presence of any ripples on the interface. It must be noted that 
the temperature of the water was measured during all the experiment. 
 
 
 
 
 
 
 
 
 
 
 

 
Photo1. View of the “oceanic” tank 

 

3. THE DIFFERENT CONFIGURATIONS UNDER STUDY  

3.1 Flat bottom, shallow water conditions and propagation of a low frequency 
signal. 

In this experiment the source was a small spherical transducer made in the laboratory and 
working in the low frequency regime (100 kHz <f <350 kHz). The transmitted signal was a 
short pulse with a Gaussian envelope in order to smooth the effects of time windowing. The 
signal was computed inside a Matlab programme and sent to a D/A convertor. This signal was 
then amplified up to 140vpp and directly applied to the source.  

3.1.1 “Very low frequency signals” and “shallow water depth” 
In this experiment the central frequency of the transmitted signal was 140 kHz and the water 
depth was set to the value: 26.1 mm. These conditions allow the presence in the waveguide of 
3 modes of propagation. The source transmitted a short signal (see. Fig.1) with a repetition 
rate of 5 ms. A receiver which was mounted on a moving carriage could make a 2D scanning 
of the vertical plane in front of the transmitter. The displacements in the vertical and 
horizontal direction were made according to the indications given in Table 1. For each 
position of the receiver 256 measurements were made and averaged before been recorded on 
the computer. 
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Fig.1. Electrical signal transmitted to the source and the corresponding spectrum 

 
Fig. 2 gives an example of a time /depth diagram. In this diagram the horizontal distance to 
the source was fixed, and all the receiver outputs are given as a function of time. On this 
diagram we can see clearly the three different modes of propagation.  
 
 
 
 
 
 
 
 
 

Fig.2. Time/depth diagram. 
 

Fig. 3 shows an example of Transmission Loss as a function of the distance between 
transmitter and receiver (the source and receiver were respectively immersed at 20mm and 
22mm). The experimental results are compared to a numerical computation using OASE 
code. Measurements and computation were made for the frequency f=140 kHz. 
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Fig. 3. Transmission Loss. Comparison experiment- modelling (f=140 kHz). 
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On this figure we can see a relative good agreement between experiment and numerical 
results obtained with OASE code. In the experiment, the sampling distance in the horizontal 
direction was too large to reproduce exactly the results of measurements, but the period of 
oscillations is the same which is a good indication of the quality of the measurement. Fig.4 
shows an example of Transmission Loss as a function of the distance between transmitter and 
receiver for the frequency 180 kHz. There is again a good agreement between experiment and 
modelling. 
 
 
 
 
 
 
 
 
 
 
 

Fig. 4. Transmission Loss. Comparison experiment- modelling (f=180 kHz). 
 

Xmin=100mm Xmax=6500 mm X=50 mm 
Zmin=2mm Zmax=26 mm Z=2mm 

Table 1. Displacement and sampling rate in the horizontal and vertical directions 
 

3.2 Flat bottom, shallow water conditions, low frequency, target in the waveguide. 
3.2.1 f=140 kHz and water depth of 121 mm 

In this experiment the water depth has been increased (H=121 mm) and a spherical thin shell 
(3cm in diameter) has been introduced into the waveguide. The physical characteristics of this 
shell are given in Table 2. The free space scattered field of this object is well known and 
comparison between computation and experiment has shown a good agreement [12-13]. This 
object was placed successively at the bottom and at mid-depth in the water layer. For the first 
position where the object is lying on the bottom we have recorded the received signals on a 
vertical array at different distances behind the target (1.5 m and 5cm). The results are given 
on Fig. 5. This representation does not allow detecting the presence of the target on the 
bottom.  
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Fig.5. Time/depth diagram obtained at different distances of the target 

a) 1.5m from the sphere , b) 5cm from the sphere,  
 
In the next case the shell was placed at mid depth in the waveguide and we measured the 
received signals on a vertical array at 1 cm behind the target (Fig.6). In this case it can be 
observed a shadow effect in the time/depth diagram. 
 
 
 
 
 
 
 
 

Fig.6. Time/depth diagram obtained at 1 cm behind the target 
 

P-wave speed 5554.5m/s 
S-wave speed 3020.8m/s 

Density 9217kg/m3 
Inner radius 1.44 cm 
Outer radius 1.5cm 

Table 2. Physical properties of the shell 
 

3.2.2 f=250 kHz and water depth of 121 mm 
In this experiment we increased both the water depth in the tank and the central frequency of 
the transmitted signals. As before the target was placed at mid–depth and the measurements 
were made at different distances from the sphere. The objective was to check if a shadow 
effect could be detected behind the target and at which distance of the target it could be 
detected. The results are given in Fig. 7 where we can see again a shadowing effect when the 

a) b) 

c) 

shadow 
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Fig. 7. Time/depth diagram obtained behind the shell, and at different distances of the shell 

a) 3 cm,  b) 1cm  
 

3.2.3 f=500 kHz and water depth of 436 mm 
In this experiment water depth and frequency were increased in order to simulate for example, 
a high frequency sonar operating in deep water conditions.  As before the elastic target was 
placed at mid depth. We measured the transmitted signals on a vertical line at a distance of 4 
cm behind the shell. 
 
 
 
 
 
 
 
 
 
 

Fig.7. Time/depth diagram measured at a distance of 4 cm behind the shell 
 
In this case we observed a new phenomenon. A signal coming from the sphere arrives before 
the signal propagating in the water medium. This is due to the excitation of a surface wave 
travelling on the surface of the sphere. This wave has been observed and studied in details in a 
recent paper [13]. Its group velocity been around 1900m/s, this wave arrives before the wave 
propagating in the water. The complex structure corresponding to this circumferential wave is 
indicated by an arrow on Fig.7. In addition to this first arrival, we can observe on the two 
branches corresponding to surface and bottom reflection a shadowing effect which could also 
give extra information about target.    
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4.  CONCLUSION 

In this work we have simulated different conditions of target detection in waveguide starting 
from very shallow water conditions and low frequency sonar up to deep water conditions and 
high frequency sonar. We observed that in the low frequency range and with very shallow 
water conditions, it is difficult to detect a target in the transmission mode, except if we are 
very close. The main problem for this target detection seems to be the strong interaction 
between target response and environment. In the high frequency regime and in the case of 
deep water conditions, the situation is quite different and it seems that the influence of the 
target can be isolated from the signal of propagation. 
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Abstract: In this paper, we compare laboratory scale measurements of long-range across-
slope acoustic propagation in a three-dimensional (3-D) wedge-shaped oceanic waveguide to 
numerical solutions. In a previous work, it was shown that the experimental data, obtained in 
the indoor tank facilities of the LMA-CNRS laboratory in Marseille (France), contain strong 
3-D effects like mode shadow zones and multiple mode arrivals, in qualitative agreement with 
theoretical predictions [A. Korakas et al., J. Acoust. Soc. Am., 126(1), EL22-EL27 (2009)]. 
In the present work, the data are compared with numerical solutions obtained using a fully 
three-dimensional parabolic equation based model. To get the best match, an inversion 
procedure is implemented within a Bayesian framework based on the exhaustive search over 
the parameter space. A subspace inversion approach recently proposed in [A. Korakas, F. 
Sturm, J.-P. Sessarego, Proceedings of the 10th European Conference on Underwater 
Acoustics (Istanbul, Turkey, July 5-9, 2010)] is applied to retrieve some parameters 
describing the wedge-like environment. The maximum a posteriori estimate is used as input 
in the 3-D numerical code. Comparisons are performed in the frequency domain (TL-versus-
range curves at 150 kHz for several source depths). The experimental data are in good 
agreement with the numerical predictions obtained using 3-D PE computations. 

Keywords: tank experiment, 3-D PE modeling, long-range propagation, wedge waveguide 
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1. INTRODUCTION 

 
In 2006 and 2007, two laboratory scale experimental campaigns were conducted in the 

large indoor tank of the LMA-CNRS laboratory in Marseille, in order to study long range 
propagation of acoustic signals in the presence of a three-dimensional (3-D) tilted bottom. 
During the first campaign (July 2006), which can be viewed as a preliminary test, both 
harmonic (frequency: 114 kHz) and broadband source signals (Gaussian spectrum centered at 
125 kHz) were considered. Data obtained during this first campaign exhibited typical 3-D 
effects like multiple mode arrivals, modal self-interferences, and mode shadowing, consistent 
with well known 3-D effects for such wedge-like oceanic environments (as described in the 
literature, see for instance in [1,2,3]), and in qualitatively good agreement with simulation 
results obtained running a 3-D PE code [4]: the propagation features and horizontal refraction 
effets, similar in both experimental data and numerical simulations, appeared approximately 
at the same cross-slope ranges. 

In July 2007 followed a second campaign intended to collect additional experimental data 
of higher quality. The source signal used during this second campaign was a Gaussian 
broadband pulse centered at a frequency of 150 kHz. Again, the 3-D effects observed 
experimentally and analyzed both in the time domain [5] and the frequency domain [6] turned 
out to be in very good agreement with theoretical predictions and compared qualitatively well 
with time-domain simulations using a 3-D PE code [7]. However, no satisfactorily enough 
direct (i.e., quantitative) comparisons between the experimental data obtained during these 
two campaigns and 3-D numerical simulations were achieved. The difficulties in obtaining 
good enough comparisons can be explained by the fact that the uncertainties associated with 
some parameters characterizing the waveguide are large with respect to their potential impact 
on the sound field, especially for a 3-D scenario like the one considered here, and performing 
comparisons with a 3-D model is a highly time-consuming task. 

In this paper, we report numerical results obtained with a 3-D PE model at a frequency of 
150 Hz (using a scale factor of 1/1000) and compare them to the experimental data of the 
second measurement campaign. The numerical values which provided the best match and 
were used as input in the 3-D PE marching algorithm were obtained using an inversion 
procedure based on a subspace approach. The present paper is organized as follows: The 
experimental set-up is recalled in Sec. 2. The 3-D PE numerical solutions are shown and 
analyzed in Sec. 3. The TL-versus-range comparisons are presented in Sec. 4 for several 
source depths. 

 
 

2. EXPERIMENTAL SET-UP 

 
The scale experiments considered in this paper were conducted in July 2007 in the indoor 

tank facilities of the LMA-CNRS laboratory. The experimental set-up is shown in Fig. 1. The 
inner dimensions of the tank are 10-m-long, 3-m-wide, and 1-m-deep. The tank contained a 
thin layer of water overlying a much more thicker layer of calibrated river sand simulating a 
bottom half-space. The initially horizontal bottom was tilted to produce a wedge-shaped 
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waveguide, with the wedge apex aligned along the longer side of the tank, and a slope angle 
of approximately 4.5 deg. 

The water depth at the source was approximately 48 mm. Caution must be paid to that 
value. Indeed, one may expect a non negligible error of approximately 10% when measuring 
the water depth. In [8] it was shown that an overestimate of ≈ 1 mm was made when 
measuring the water depth. This error was attributed to surface tension effects in the very 
near vicinity of the high-frequency transducer (used to measure the water depth by means of 
travel time differences) occurring when the latter was plunged into the water. 

The bottom compressional wave speed and attenuation were 1700 m/s (± 50 m/s) and 0.5 
dB/wavelength (± 0.1 dB/wavelength) respectively, and the bottom density was 1.99 g/cm3 (± 
0.01 g/cm3). Note that the compressional wave speed in the sediment was measured on sand 
samples to avoid damaging the bottom flatness. The measurements gave a value close to 
1660 m/s. However, it should be noted that the consolidation of the sand in the tank was 
apparently different. It is thus not unlikely that the compressional wave speed in the tank 
sediment was different from the measurements on sand samples. 

 

  

Fig. 1: (left) global view of the shallow water tank (facilities of the LMA-CNRS laboratory) used in 
the experimental campaign; (right) closer view showing the source and the receiver both aligned 

along the cross-slope direction of the wedge-shaped waveguide. On the backside can be seen the rake 
that was used to tilt the sandy bottom with a sloping angle of ≈ 4.5 deg. 

 
The source and receiver were piezoelectric transducers with cylindrical shapes, both with 

diameters of 6 mm. During the experiments, the source was kept fixed and the receiver was 
moved within a vertical plane in the cross-slope direction. The source signal was a 5-cycle 
Gaussian-like pulse of 40-μs duration with a weak tail of about the same duration most likely 
due to the mechanical response of the transducer. Its frequency spectrum presents a main 
lobe, carrying most of the acoustical energy, centered at approximately 150 kHz with a 100-
kHz bandwidth, and a secondary lower lobe with a maximum at 250 kHz. A preliminary 
simulation with a 2-D normal mode code showed the existence of 4 trapped modes at 150 
kHz and allowed us to plan three experiments with distinct source depths (SD): 

 
•  EXP. #1: SD = 10 mm (all modes are excited), 
•  EXP. #2: SD = 19 mm (mode 3 is weakly excited), 
•  EXP. #3: SD = 26.9 mm (both modes 2 and 4 are weakly excited). 
 

The signals were recorded at a fixed depth of 10 mm and at several source/receiver distances 
ranging from r = 0.1 m to r = 5 m with an increment of 0.005 m (EXP. #1) or 0.01 mm (EXP. 
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#2 and EXP. #3). In EXP. #1, the signals were also recorded every 0.1 m in range, at depths 
between 1 mm and 44 mm with a depth increment of 1 mm. 
The sound speed value in the water column was obtained by in situ measurements of the 
temperature which varied during the day the three experiments were conducted. For EXP. #1 
(respectively EXP. #2 and EXP. #3), the temperature was 21.95º C (resp. 22.13º C), leading 
to a sound speed of 1488.15 m/s (resp. 1488.7 m/s), [9]. 
 
 

3. NUMERICAL SIMULATIONS WITH A 3D PE MODEL 

 
The numerical simulations presented here were obtained using the 3-D parabolic equation 

based model 3DWAPE [10]. To get the best comparisons with the experimental data 
collected during the second campaign (see the Introduction section), a matched-field 
inversion was performed within a Bayesian framework based on the exhaustive search over 
the parameter space. The maximum a posteriori (MAP) estimates obtained were then used as 
input values in the 3-D PE code. 

A preliminary inversion was applied based on a two-step subspace approach recently 
proposed in [11]: First, an inversion based on a 2D forward model using the experimental 
data recorded during EXP. #1 on a vertical array positioned at short range (r = 0.1 m, where 
the 3-D effects are negligible), was performed for the recovery of the source depth (MAP 
estimate: 9 mm, instead of 10 mm), the water depth along the cross-slope direction (MAP 
estimate: 44.5 mm, instead of 48 mm), and the bottom sound speed (flat response, no 
particular value). Note that using any 2D forward model in an inversion does not permit to 
invert for the slope angle. Therefore, a second inversion based on a 3D forward (PE) model 
using a vertical array positioned at a longer source/receiver distance (r = 2 m) was performed 
for the recovery of the slope angle (MAP estimate: 4.573 deg, instead of 4.5 deg). 

A scale factor of 1/1000 was used in the numerical simulations. The computations were 
thus performed considering a harmonic point source emitting at 150 Hz. The water depth at 
the source was 44.5 m, with a sloping bottom of 4.573 deg. To get the best comparisons with 
the data of EXP. #1, the inversion procedure suggested that the source be placed at a depth of 
9 m instead of 10 m. Accordingly, the two other source depths corresponding EXP. #2 and 
EXP. #3 were adjusted at 18 m (instead of 19 m) and 26 m (instead of 26.9 m), respectively. 
The sound speed in the sediment was 1700 m/s. The other parameter values are similar to the 
ones measured during the corresponding experiments. 
 

Mode number Horizontal wavenumber [in m-1] Attenuation [in dB/m] 
1 0.6302940 + 0.0000214 i 0.0001856 
2 0.6208875 + 0.0000729 i 0.0006332 
3 0.6043725 + 0.0001425 i 0.0012379 
4 0.5799710 + 0.0002648 i 0.0023004 
5 0.5474496 + 0.0018553 i 0.0161147 
6 0.5002992 + 0.0055717 i 0.0483955 
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Table 1: Mode properties at f = 150 Hz (wavenumber : 0.6333218 m-1 in the water and 
0.5543987 m-1 in the sediment). Modes 5 and 6 are dissipation modes. 

Figure 2 shows the transmission loss versus range and depth in the cross-slope direction, 
as predicted by the fully 3D parabolic equation (PE)-based code considering a source depth 
of 9, 18, and 26 m. Typical 3D effects such as multiple mode contribution, modal self-
interferences, and mode shadow zones can be observed. Six proper modes are excited at the 
source at the frequency of 150 Hz but only four trapped modes contribute to the acoustic field 
at long ranges (following the terminology used in [12], modes 5 and 6 are dissipation modes; 
the modal characteristics are given in Table 1). 

 

 

 

 

Fig. 2: Vertical slices (in the cross-slope direction) of transmission loss (in dB re 1 m) at a 
frequency of 150 Hz corresponding to fully 3-D PE calculations with a source depth of (a) 9 
m, (b) 18 m, and (c) 26 m. 
 

In order to better understand the 3-D effects present in that azimuthal direction, the 3-D 
PE computations performed initializing by each of the four trapped modes were also carried 
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out (results not shown here). By inspecting the interference patterns in Fig. 2(a), four distinct 
zones can be identified as a function of range, each zone being associated to different modal 
contributions in the acoustic field. The first zone extends up to approximately 1.4 km, where 
mode 4 enters its shadow zone, as can be seen more evidently in Fig. 2(b). Note that this first 
zone is characterized by single contributions of each of the four proper modes initially 
present at the source. The second zone extends up to a distance of ≈ 1.9 km corresponding to 
the cut-off range of mode 3, see also Fig. 2(c). This zone exhibits typical interference patterns 
between modes 1, 2 and 3. The third zone extends up to a distance of 3 km, distance at which 
mode 2 reaches his cut-off range. Beyond the distances of approximately 1.5, 1.9, and 2.1 
km, respectively, second contributions of mode 3, mode 2, and mode 1 are present in the 
field. The increase in the field intensity at the range of ≈ 1.9 km (respectively ≈ 3 km) is due 
to caustic effects between the two contributions of mode 3 (resp. mode 2). Finally, the fourth 
zone extends beyond the range of 3 km. This last zone is characterized by interference effects 
between the two distinct contributions of mode 1. [Mode 1 eventually reaches its cut-off at a 
range larger than 5 km.] 

 
 

4. COMPARISON WITH EXPERIMENTAL DATA 

 
As explained in Sec. 2, the experimental signals in EXP. #1, EXP. #2, and EXP. #3 were 

recorded at a receiver depth of 10 mm at several distances between 0.1 m and 5 m with a 
relatively fine range increment. Transmission loss (TL) data at any frequency within the 
bandwidth of the source signal were extracted by means of Fourier transforms of the time 
series. In Figure 3 are displayed as gray traces with data marker the experimental TL-versus-
range curves (at a receiver depth of 10 mm) corresponding to a frequency of 150 kHz and to a 
source depth of 10 mm (EXP. #1). 

 

 
 

Fig. 3: TL-versus-range curves at a receiver depth of 10 mm extracted from the experimental 
time-domain data at 150 kHz (gray lines with data marker) corresponding to a source depth 

of 10 mm (EXP. #1). The bold solid line corresponds to 3-D PE solution. 
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We observe a good agreement between the experimental and simulated data for all ranges, 
which shows that the 3-D PE model used is able to reproduce quite accurately the 3-D out-of-
plane refraction effects undergone by the propagating signals. A shift in the phasing is 
however visible at some ranges, mainly around 2 and 3 m where the 3-D effets of modes 2 
and 3 are more pronounced. The experimental TL-versus-range curves (at a receiver depth of 
10 mm) corresponding to the same frequency (150 kHz) and to source depths of 19 mm 
(EXP. #2) and 26.9 mm (EXP. #3) are displayed in Figs. 4(a) and 4(b), respectively. The 
corresponding numerically simulated solutions are plotted in Fig. 4 for comparison. Note 
that, though the MAP estimates were obtained by inverting the experimental data of EXP. #1, 
the same values were used here to generate the 3-D PE solutions. Again, we observe a 
relatively good agreement of the numerical solutions with the experimental data. Note that 
the receiver depth for the 3-D PE solutions is 8 m in Fig. 4(a) (as in Fig. 3) and 9 m in Fig. 
4(b). 
 

 

 

Fig. 4: TL-versus-range curves at a receiver depth of 10 mm extracted from the experimental 
time-domain data (gray lines with data marker) at 150 kHz corresponding to a source depth 
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of (a) 19 mm (EXP. #2) and (b) 26.9 mm (EXP. #3). On each plot, the bold solid lines are the 
corresponding 3D PE solutions. 

 
 

5. CONCLUSION 

 
The experimental data considered in this paper can be used as a real-data benchmark for 3-

D acoustic modeling. The analysis performed for the specific frequency of 150 kHz, which 
corresponds to the central frequency of the broadband source pulse used in the experiments, 
was a first step. Detailed comparisons of the experimental data with 3-D PE solutions are 
currently being performed in the time domain. Results of the ongoing work will be presented 
during the oral presentation. 
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Abstract: When an object is placed near an interface, the interface will modify both the 
incident and scattered field by the object. There is, in fact, an infinite sequence of interactions 
between the scatterer and interface which leads to a very complex structure of the scattered 
signal. In this paper we have studied the backscattered field of a thin spherical elastic shell 
filled with air. The shell was supposed to be close to the sea bottom or to the air-water 
interface. We compared the full multiple scattering model with the single-scatter 
approximation.  In the case of a thin air-filled shell and in the range of frequency we 
considered, the main contribution to scattering is due to the lowest-order compressional and 
flexural waves of the shell. For calculating the full multiple scattering solutions we have 
followed the Hackman and Sammelmann’s general approach. The arising wave number 
integrals for the fluid bottom were evaluated with the use of the method of complex images. 
The obtained results have been compared with the data from a well-controlled experiment in 
a water tank for different angles of illumination and different distances of the shell from the 
interface. To make a comparison with experiments, we used a shell of thickness 4% of the 
outer radius. The bottom was assumed to be fluid and the attenuation in this medium was 
taken into account assigning a complex wave number.  In order to insonify the shell, two 
wide-band Panametrics transducers working at respectively 250 kHz and 500 kHz were used. 
Free field resonances of the shell were identified in the measured spectrum as well as in 
numerical modeling. It was shown that when the object is close to the interface in addition to 
geometrical reflections between the shell and the interface, strong interactions due to these 
resonances can be observed.   

Keywords: scattering by shells, interfaces, complex images 
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1. INTRODUCTION  

Scattering from elastic objects close to a plane interface is a problem which has received 
special attention during the last years. In most of the recent approaches the targets under 
consideration were hollow spheres or cylinders and the objective was to study the 
scattered field of these targets when they are close to the air-water interface or lying on 
the seafloor for mine hunting applications. In this study we will focus on spherical elastic 
spheres filled with air and we will consider the particular situation where these targets are 
close to the air-water interface but the mathematical analysis is general enough to take 
into account more complex problems and in particular the problem of objects lying on the 
sea bottom. 
 

2. THEORY 

We assume that the origin of coordinates is fixed at the centre of the spherical shell 
placed in a water half space just above a fluid homogeneous seabed or just beneath the 
air-water interface. For the air-water interface the scattering geometry is depicted in 
Fig.1. The object is illuminated by a point source situated at S(r, , ) in spherical 
coordinates. The receiver is supposed to be at the same point (backscattering conditions). 
The problem of finding the backscattered field taking into account all the interaction 
effects between the object and air-water interface was examined in many papers. In the 
papers by Gaunaurd et al. [1-3] the solution was found by the method of reflected images. 
However, we will use the T-matrix method [4, 5] because it can be generalized to the 
case of an object near a seabed interface. 
 
 
 
 
 
 
 
 

 
Fig.1. Scattering geometry for the air-water interface 

 
The total field observed at S can be represented in the form4 
 

(1) 
For a fluid homogeneous seabed the source term is described by the following integral: 
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where q and h(q) are the horizontal and vertical components of the incident vector and 
V(q) is the plane wave reflection coefficient from the bottom 
 
 

                                                                    (3)                             
    

In this equation, kb is the wave number in a fluid bottom, k0 is the wave number in the 
water, 0 and b are respectively the densities of water and bottom half space. To insure 
convergence of the integral (2), 22

0)( qkqh   and 22)( qkqh bb  are evaluated 
on their physical sheets defined by: Im h(q) 0 and Im hb(q) 0 in the complex plane. 
If the target is close to the air-water interface, the coefficient of reflection is V= -1 and 
integral (2) is expressed in explicit form. The same simplification can be made in the 
case of a rigid bottom when V=1. 
The scattered contribution is given by the expression: 

                                          
 (4) 

 
In this equation Tl are elements of the free–field T-matrix for a spherical shell [6]. They 
are found by using the separation of variables and applying the appropriate boundary 
conditions at the different interfaces of the shell. 

The coefficients )(rAml are as follows: 
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where 0 =1, m =2 for m 1 , = r sin, Jm is the cylindrical Bessel function of m-th 
order, and 
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Coefficients cml are found from a linear system of algebraic equations 
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In this relation, m
llR ',  is the conversion coefficient of the l-th outgoing harmonic into the 

l’-th incoming harmonic reflected from the bottom. 

In order to evaluate the wave number integrals (2), (5) and coefficients m
llR ', , we have 

used the method of complex images [7, 8]. According to this method, the reflection 
coefficient is approximated by a set of complex exponentials such that 
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bb  and other bj and j are complex; Im(j)>0.     

3. COMPARISON EXPERIMENT/MODELING FOR THE FREE FIELD 

For the air-water interface, in notations used above, the backscattered free field of a 
spherical shell has the following form: 
 

(9) 

 
where                                     

  (10) 
                                   

and )1(
lh is the spherical Hankel function of the first kind. 

It is usual in the literature to represent the form function instead of the scattered field. 
For a point source, the free field form function can be obtained from the following 
expression: 
 

(11) 
 
where r is the distance to the field point and a is the outer radius of the object. 
Computations were made for parameters of the air-filled spherical shell used in the 
experiments. This shell was made of an alloy composed of nickel and molybdenum. 
Physical parameters of this material are given in Table 1. The sound speed and density 
in the water are taken to be respectively c0=1500m/s and 0=1000kg/m3. The distance 
between source and target was r~ 20a (a being the outer radius of the shell).  
A graph of the free field form function as a function of k0a is shown in Fig. 2. In this 
Figure we can observe several different domains. In particular, in the range 20<k0a<35 
we can see a region of strong high-Q resonances which are directly connected with the 
antisymmetric Lamb wave A0, and in the range 7<k0a<20 resonances related to the 
symmetric Lamb wave S0 [9]. These resonances have been studied in detail by several 
authors during the last 20 years (see, for example, [10-12]). 
 

P-wave speed 5554.5m/s 
S-wave speed 3020.8m/s 

Density 9217kg/m3 
Inner radius 1.44 cm 
Outer radius 1.5cm 

Table 1. Physical properties of the shell 
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Fig.2. Form function of the spherical shell in the free space 
 

3.1. Tank experiments 
In order to check our theoretical results obtained for the free field, we made a 
quantitative comparison with an experiment in well controlled conditions. The shell 
was placed in the middle of the water column to avoid reflections from the air water 
interface, tank bottom, and walls of the tank. It was illuminated by two wide band 
transducers, the first one working at 250 kHz (BW=120 kHz at -3dB) and the second 
one at 500 kHz (BW=250 kHz at -3dB). The echoes were received by the 
transmitter/receiver system and recorded on an A/D card. 
 

 
  

 
 
 
 

 
Fig.3. Signals transmitted in the water column by transducers a) 500 kHz, b) 250 kHz 

 
The digitized signals obtained from the experiment could not be used directly for 
comparison with theoretical curves. To make a comparison in the frequency domain, 
we first applied the inverse Fourier transform to these signals. The spectrum contains 
not only the information about the target but it includes also the filtering effect of the 
transducer. In order to compare the theoretical form function with the echo spectrum, 
we have multiplied the form function by a window W() taking into account the 
filtering effect of the transducers (Fig.3):  
       

           (12) 
 
3.2. Comparison experiment-modelling 
Figures 4a and 4b give the comparison experiment-modeling in the frequency domain 
for two different transducers used in the experiment, demonstrating a good agreement 
between them. Except the very narrow spikes predicted by theory and which cannot be 
observed in the experiment, all the other resonances can be clearly seen. 

.)().(~8)( )(
2

)( 


 W
a
rF ff

w 

Antisymmetric 
Lamb wave A0 

Symmetric 
Lamb wave S0 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 805 -



1 2 3 4 5 6 7 8

x 10
5

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

Frequency (Hz)

N
o
rm

a
liz

e
d
 a

m
p
lit

u
d
e

0.5 1 1.5 2 2.5 3 3.5 4 4.5 5 5.5

x 10
5

0

0.2

0.4

0.6

0.8

1

1.2

1.4

Frequency (Hz)

N
o
rm

a
liz

e
d
 a

m
p
lit

u
d
e

 
 
 
 
 
 
 

 
Fig.4. Comparison experiment-theory for a spherical shell in the free space at r/a=20,  

a) f=500 kHz,   b) f=250 kHz 
 
4. FULL FIELD COMPUTATION 
We computed the scattered field for a spherical shell situated 1 mm beneath the air-water 
interface. In this case the reflection coefficient at the interface is V=-1. The calculation was 
performed for two angles of illumination (0° and 30°) in the range 0<k0a<60. Using the 
scattered field expression given in relation (4), we computed the full field form function. The 
results are given in Fig. 5 for the incidence angle =30° and in Fig. 6 for the incidence angle 
= 0°. They allow the comparison between the free field of the object, its full field response 
and the single scatter approximation.   

 
 
 
 
 
 
 
 
 
Fig.5. Form functions for a spherical shell placed 1mm beneath the air-water interface, 
=30°, r/a ~20. 
 
 
 
 
 
 
 
 
 
Fig.6. Form functions for a spherical shell placed 1mm beneath the air-water interface, 
=0°, r/a ~20. 

a) b) 

Blue: experiment 
Red : modeling 

Blue: experiment 
Red : modeling 
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4.1 Comparison theory-experiment 

In order to check the full field computation, an experiment was carried out in the tank with the 
same spherical shell as before. The shell was placed beneath the air-water interface being very 
close to this interface. Different depths of immersion and different angles of incidence were 
successively studied. Moreover, in order to study the influence of strong resonances of the 
shell, two wide band Panametrics transducers, working respectively at 250 kHz and 500 kHz 
were used. A comparison between the experiment and theory can be observed in Fig. 7 for 
transducer T2 (500 kHz). This transducer is working in the frequency domain corresponding 
to strong resonances of the object. The echoes obtained for two different angles of incidence 
(Figs. 7a and 7b) have a very complex structure resulting from strong interactions between 
interface and object. If we compare modelling and experiment, the general agreement is quite 
good. In particular, the position of different components of the echoes is well predicted by 
modelling.  
In the case of transducer T1 (250 kHz), the frequency range covered by this transducer does 
not allow excitation of strong resonances. Figure 8 shows an example of echo for the 
incidence angle of 50°. If we compare modelling and experiment, the general agreement is 
again satisfactory. In particular, the position of different components of the echoes is well 
predicted by modelling.  

 

 

 

 

 

Fig. 7. Echoes of the shell close to the air-water interface: a)  =60°; b)  =50° 
Frequency: 500 kHz, r/a~20 

 

 
 
 

 

 

Fig. 8.  Echo of the shell close to the air-water interface,  =50° 
 Frequency: 250 kHz, r/a~20 
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5.  CONCLUSION 

The results obtained in the present paper confirm the strong influence of the air-water 
interface on the scattering by an elastic shell placed just beneath this perfectly reflecting 
interface. This influence depends on several parameters; among them the distance between an 
object and boundary, the angle of incidence and the frequency content of the transmitted 
signal. It was shown that in the resonance regimes of the elastic shell, strong interactions due 
to surface waves can take place and in these conditions it becomes very difficult to identify 
the target in the time domain. All obtained results were confirmed by tank experiments 
performed in well controlled conditions. Moreover, we showed that even in a complex case 
where there are a lot of interactions, the arrival times of different components of the echoes 
can be predicted by the ray theory.  
The full field computation of the scattered field of an elastic object close to an interface has 
been applied here to the air-water interface, but it should be noted that the same technique can 
be applied to compute the scattered field by objects lying on the sea floor.  
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Abstract: The objective of this work was to study the scattering strength depending on 
the receiver and sound source positions compared to an anisotropic surface. Roughness 
scattering by an anisotropic rough surface was studied under controlled laboratory 
conditions at a frequency of 500kHz. Two kinds of anisotropic rough surfaces were 
used, both with a height of 3mm, but one with a wavelength of 2.5cm the other of 5cm. 
The measurements have shown strong scattering behaviors depending on the direction 
of the propagation plane on the rough surface. In the smoother direction, scattering 
strength was observed around the specular direction, whereas for the rougher direction, 
the scattering strength showed maxima and minima at specific scattered angles. These 
angular positions were closely related to the shape of the surface as well as to the 
relationship between dimensions and the acoustic frequency. The experimental results 
were compared with simulations performed using the small slope approximation of first 
order and an appropriate roughness correlation function. This comparison showed 
good agreement between experimental data and simulations in terms of roughness 
scattering behavior. 

Keywords: roughness scattering, scattering strenght, rough anisotropic interface, tank 
experiment 
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1. INTRODUCTION 

Acoustic scattering from the ocean bottom is a subject of interest for many remote 
acoustic sensing marine activities, such as classification, mapping or anti submarine 
warfare. To these purposes, high frequency tools, as single beam or multibeam 
echosounders or side scan sonars, are used to assess the bottom roughness and improve 
the knowledge of the environment [1,2]. However if such systems can generally provide 
a detailed image of the bottom, the relationship between the acoustic measurements and 
the physical parameters of the bottom is strongly dependent on the type of environment 
and in particular the type of bottom roughness. 

The simulated data found in this paper are obtained with the Small Slope 
Approximation (SSA) of first order [3,4,5] for predicting scattering strength of a rough 
surface [6]. The model is combined with a particular structure function [6,7] taking into 
account the periodicity of a sine shape as the  feature of ripples found at sea. 

To validate our approach [6,7], a tank experiment was conducted at the CNRS/LMA 
in July 2010. One major advantage of validating a model through tank experiment data 
is the possibility to control the experimental area, the environmental parameters which 
have an effect on the acoustic propagation between the transmitter and the receiver. 
Thus the complexity of a real environment is avoided and we can focus on the effect of 
the anisotropy of a rough interface. On the basis of the data collected in a well 
controlled tank experiment, it is shown that SSA mixed with the particular structure 
function taking into account sine roughness, is able to predict the behaviour of the 
scattering strength either in a smooth direction or in the rougher sine direction of the 
wax ripples model.  This paper focuses on the different real data obtained depending on 
the direction of the propagation plane compared to the ripples direction and on the 
comparisons of these data with simulated scattering strengths for similar conditions. 
This paper is organized as follows.  Section 2 introduces the scattering problem and 
briefly describes how the scattering strength predictions are made by simulation. The 
experimental setup is defined in Section 3. Section 4 shows experimental results and 
comparison to simulated results. At last conclusions and future works are draw in 
Section 5. 

2. MODEL DESCRIPTION 

The geometry of the scattering problem is depicted in Fig. 1. TS is the transmitter, 
TR is the receiver and they are defined by their angular positions which are respectively  
          and          . The incident grazing angle     varies from    to    , whereas 
    varies through           . The azimuth angles are either both equal to 0° or  90° 
compared to the rough interface .  In the former case, we considerer that the propagation 
plane is in a transversal direction to the ripples of wavelength   , this is the so called 
‘T-configuration’. In the latter case, the propagation plane is in the longitudinal 
direction of the ripples. This configuration is defined as the ‘L-configuration’. In this 
paper, the data are always obtained for a receiver and a transmitter in the same plane, 
either for the L-configuration or the T-configuration. Both configurations are shown in 
Fig.2.a. 
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Fig.1: Configuration of the rough scattering problem. 

 
To predict scattering strength by simulation, the roughness scattering strength is 

computed using the Small Slope Approximation (SSA) of first order with a particular 
structure function taking into account an anisotropic rough surface. Both expressions 
are fully described in [6,7]. The structure function is related to a rough surface based on 
two different scales, one is described by a sine function depending on a wavelength    
the other one is a random Gaussian distribution of the height based on two correlation 
lengths for both directions x and y. Finally the standard deviation   defines the height 
deviation compared to the (x,y)-plane. By comparing this structure function and a true 
seafloor, this combination represents a ripples field with    for the wavelength of the 
ripples,    and    the correlation length in both directions et h for the height standard 
deviation. This roughness approach is a bit different from the rough plate used in 
experiment that is why differences between experimental and simulated data may be 
explained. 

3. TANK EXPERIMENT 

3.1. Experimental settings 

The wave ripples are experimented through two different           plates made 
of wax. Their density was about 0.48 and the compressional sound speed was about 
1722m/s. One should notice that the latter parameter is similar to the sound speed of 
sandy sediment. The peak-peak height was 3mm for the two plates. One of them, Plate 
1, had a wavelength    of 2.5cm and the wavelength of second plate, Plate 2, was 5cm.  
Fig.2.b shows Plate 1 and the tank configuration with one transmitter TS and one 
receiver TR. These experimental conditions were similar for Plate 2. The TS/TR 
transducers were two Panemetrics V301 with a nominal diameter 2.54cm, a central 
frequency of 500kHz and a frequency band of 300kHz [8].   

Two sets of measurements were performed, one with the L-configuration and the 
other one with the T-configuration as it is shown in Fig.2.a. For both sets, different 
combinations of incident and scattered angles were used for the measurement, only few 
are presented here. 
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Fig.2: (a) L and T configurations of the propagation plane compared to the plate 

shape; (b) The  plate in the tank and the experimental configuration TS/TR. 

3.2. From received signals to scattering strengths 

The sound pressure field is measured as a function of angular positions     and    . 
Fig.3.a. shows the sound pressure field for a T-configuration as a function of time (top) 
and the respective frequency spectrum (bottom) for         and three different  
positions of TR in the plane as                   . Fig.3.b. shows similar data but in 
the L-configuration. For each angular configuration, the amplitude is obtained at 
500kHz and calibrated by the amplitude obtained from a measurement made between 
the two transducers without any plate between them. This ratio gives the measured 
scattering coefficient                  , which is defined in dB as the scattering 
strength. In the L-configuration case, only the forward propagation for           
shows a significant signal, which is related to the specular direction. On the contrary, 
the T-configuration shows that the sound pressure field is of importance in different 
directions but with variability depending on the TS and TR angular positions.  
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Fig.3: Three angular configurations are shown with          and     

              ; (a) T-configuration; (b) L-configuration; (top) amplitudes of the 
received signals as a function of time; (bottom) amplitude of the frequency spectra. 
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4. MEASUREMENTS AND COMPARISONS TO SIMULATIONS 

4.1. Scattering strength with the T-configuration 

The T-configuration is first considered. Fig.4a and Fig.4b show the measured 
scattering strength as a function of the scattered angle                (every 2°), of 
three different incident grazing angles                   for Plate 1 and of four 
different incident grazing angles                        for Plate 2.  
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Fig.4: Scattering strength as a function of the scattered angle for different 

configurations of the transmitter; (a) plate 1 with                  ; (b) plate 2 with 
                     . 

 
For each configuration of TS, of TR and of the plate, the scattering strength varies 

showing many maxima and minima at particular scattered angles. The angular gap 
between two maxima is about 10° and goes up to 20° at grazing angles for Plate 1. The 
angular gap between two maxima starts at about 3° and increases to 10° at grazing 
angles for Plate 2. Notice that the forward propagation plane corresponds to     

          and the backward plane corresponds to               . The scattering 
strength varies with the angular positions of TR and TS, but is, in general, higher in the 
forward direction and tends to decrease in the backward plane to get lower than -30dB. 
The scattering distribution as a function of angles seems to be closely related to the 
relationship between the acoustic wavelength and the dimensions of the plates, 
especially the wavelength of the plates which tends to modify the angular gap between 
two extrema of the scattering strength data. 

4.2. Scattering strength with the L-configuration 

The L-configuration is now considered. Fig.5a and Fig.5b show the measured 
scattering strength as a function of the scattered angle                (every 2°), of 
four different incident grazing angles                       for Plate 1 and of four 
different incident grazing angles                        for Plate 2. For each 
configuration, the scattering strength shows the same distribution, that is a maximum 
scattering strength in the specular direction when         . The maximum is around -
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6dB  for the case with Plate 1 and goes down to -30dB. The main lobe has got a size of 
about 20° at -15dB and second lobes appear, respectively at                 ,     

         ,               and                for        ,         ,         
and         . These secondary lobes may be due to the transducers which have a 
particular directivity as well as due to the roughness of plate which is not a flat interface 
despite of the L-configuration. Similar behaviors appear in the case of Plate 2 with 
different values for the amplitude in the specular direction which is higher at grazing 
angle for          and          and tends to decrease for           and      
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Fig.5: Scattering strength as a function of the scattered angle; (a) plate 1 with 
                     ; (b) plate 2 with                      . 

 
4.3. Comparison to simulated scattering strengths  

The predictions of the scattering strength using SSA and the sine structure function 
are made taking into account the different known parameters of the plates. Fig.6 show a 
comparison between experimental data (true data) and simulated data (model) for the 
two different plates, Plate 1 in Fig.6a  and Plate 2 in Fig.6b,  for        . 
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Fig.6: Scattering strength comparisons as a function of the scattered angle for the T-
configuration with        ; (a) Plate 1 with         ; (b) Plate 2 with       . 
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For both plates, the simulated data match the experimental data in a sense that strong 
variations at particular angles are predicted and varied in terms of angular gap from one 
plate to the other. The amplitude variation between a minimum and a maximum tends to 
be the same between the simulated and true data, which is smaller in the case of Plate 2 
compared to Plate 1. For Plate 1, the minimum angular gap between two peaks is about 
10° with the amplitude of about 7dB, whereas for Plate 2, the minimum angular gap is 
close to 3° with the amplitude around 5dB. These extrema positions vary depending on 
the plate wavelength compared to the acoustic wavelength.  The relationship between 
these two quantities follows the scattering behaviors we see in the figures. A smaller 
wavelength of the sine roughness increases the angular gap between two peaks 
compared to a larger wavelength of the interface considering the same acoustic 
wavelength. It is not possible to get exactly the same value of scattering strength 
between simulation and experiment because experimental data are based on a perfect 
periodic surface. On the other hand, the simulation is based on a random rough surface, 
which function structure takes into account the particularity of sine surface. 
Nevertheless, the simulated scattering strength shows a similar behaviour, that is even 
confirmed by the next case with the L-configuration. 

 
Fig.7 shows a comparison of the scattering strength as a function of the scattered 

angle between experimental data (true data) and simulated data (model) for Plate 1 and 
considering        . Two different correlation lengths            and 
          are tested in the structure function of the simulated cases. First, the 
simulated scattering strength is significant in the specular direction for all cases, the 
models and the true data. These results are similar for different angles and the two 
plates. Then, differences appear due to the structure function used with SSA as well as 
due to the effect of the transducers. Thus the scattering strength level as well as the 
angular size of the main lobe is different from one simulation to the other. One should 
notice again that the plate was perfectly periodic thus the correlation length should have 
been infinity. Nevertheless, the directivity of the transducers tends to reduce the 
insonified area which has got a diameter of few centimers on the plate. For this reason, 
the value of the correlation length used in the simulations may be decrease.   
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Fig.7: Scattering strength as a function of the scattered angle for the L configuration 

with        , for Plate  , and for two configurations of the correlation length in the 
model. 
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5. CONCLUSIONS 

In this paper, we have seen that depending on the propagation plane above a periodic 
surface, two main behaviors appear: strong variations in the transversal direction of the 
ripples and a scattering strength much more important in the specular direction when the 
propagation plane is in longitudinal direction of the ripples. One should notice that these 
results are strongly dependent on the relationship between the dimensions of the plate 
and the acoustic wavelength. In this paper, the ratio of the height with the acoustic 
wavelength was equal to 1 and the ratio of the ripples wavelength with the acoustic 
wavelength was around 8 for Plate 1 and 17 for Plate 2. The roughness scattering 
behaviors obtained experimentally and by simulations were expected in a sense that a 
flattest surface shows a significant scattering strength in the specular direction, whereas 
the scattering strength is distributed in more directions for a rougher surface, as well as 
in experiment as by simulations. Tank experiments allow for a well controlled 
environment that is appropriate for analyzing the effect of one feature of the seafloor, 
which is here the anisotropy of the roughness. Notwithstanding this, to rebuild a true 
environment in a tank is not an easy task and differences, for instance in the material of 
the roughness model, may modify the level of scattering strength. Another type of 
anisotropic plate is under development and will be soon tested in a similar way and 
statistics based on repeatability will also be done in order to confirm these first results.  
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Abstract: In the domain of clean energy, the marine current turbine is a new sustainable 
solution to product electricity. The monitoring of the propeller blades is an important 
problem for this technology. In fact, this machine operates in water with a strong current 
and in an aggressive environment, thus the use of the video camera is difficult for the 
monitoring in a turbid environment. The acoustic methods are more realistic. The 
experiments that we will present are realized in our laboratory by considering a simplified 
propeller, i.e. one to five plates welded along generating lines of a limited solid cylinder. 
In this study, we consider the healthy propellers in air and in water in order to know their 
acoustic signature in low frequency. The excitation is realized on different points of these 
propellers by means of a shaker. The time signals are obtained with a vibrometer that 
allows us to detect vibrations on the structures. Lastly, an interpretation of experimental 
results is made by considering the results obtained from an analytical calculation and 
from a Finite Element Method.  

Keywords: Marine current turbine, A0 and A waves, vibration, plate, structure 
resonances, environment. 
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1. INTRODUCTION 

Marine current turbine is a new technology of sustainable energy production and 
France has a significant tidal resource which has been partially assessed. It is why the 
development of this technology is judicious. The one of main difficulties of the marine 
current turbine is the monitoring of the propeller. Indeed, these machines are in a turbid 
environment: the sea. The use of video camera appears as a difficult method for the blades 
monitoring. The acoustic method is more appropriate to these conditions. Defects can 
change the acoustic signature of the propeller and the study of their influence on the 
acoustic signature is useful for the monitoring.  

The aim of this article is the understanding of the healthy propeller spectrum in air and 
in water. This paper is the continuity of a first work [1] and it is focused on the coupling 
between blades in air, then in water. In a first part, a presentation of our experimental set-
up introduces the experimental results. In the second and third parts, the analytical and 
numerical calculations are presented. Lastly, a comparison between the results is done and 
these results are interpreted. 

2. EXPERIMENTAL SET-UP 

2.1. Presentation of our propeller 

The study is carried out for a stainless steel propeller with a simplified geometry. This 
propeller is formed by one to five plates welded along generating lines of a finite solid 
cylinder as sketched in Fig. 1. The plates are a simple model of the blades of the marine 
current turbine and the limited solid cylinder is the boss. The plates are equally spaced at 
angular interval 2/5 over the circumference of the boss. The length of stainless steel boss 
is 25mm and the diameter is 30mm. The boss has a hole with a diameter of 6mm in its 
center. The length of the stainless steel plate is 35mm, the width is 15mm and the 
thickness is 1.5mm.  

 
 
 
 
 
 

 
 

Fig. 1: propeller model 

2.2. Experimental arrangements 

 A shaker is used to excite our propeller and the measurement of the displacement 
speed is achieved by means of a laser Doppler vibrometer Model 500V of Metrolaser, Inc. 
The time signals are thus obtained. They are amplified by a voltage amplifier and 
observed on a digital oscilloscope (Fig.2). The shaker is excited by a short pulse. Each 
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time signal contains a first echo associated to the excitation and others echoes in relation 
to propagations in the structure. To obtain a resonance spectrum, the Fast Fourier 
Transform (FFT) is applied to a time signal devoid of the first echo.  

The propeller is immersed a translucent tank filled by water (or air) (Fig. 2). The shaker 
is at outside water and a long shank excites the propeller. Through the transparency glass, 
the measurements are realized by means of vibrometer.  

 

 
Fig. 2: experimental set-up 

3.  EXPERIMENTAL RESULTS 

To interpret the healthy propeller spectrum, the measurements are made on propellers 
with a different number of blades (1, 2, 3 and 5 blades). Figures 3-7 and the table 1 present 
some experimental results in air and in water with an excitation and a measurement on a 
blade. 
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Fig. 3: Spectrum of the propeller with one blade in air 
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Fig. 4: Spectrum of the propeller with three blades in air 
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  one blade two blades three blades five blades 
order of appearance air water air water air water air water 

1 1100 1010 980 695 940 732 860 683 
2 4800 4100 1200 1020 960 863 931 708 
3 6300 5070 4750 4580 1364 1300 961 758 
4 15500  13200 4790 5090 4493 3844 981 809 
5 17300   5900   4523 4100 1503 1304 
6     6300   4542 4779 4518 3829 
7         5843   4548 3865 
8         5868   4569 4397 
9         6141   4939 4610 
10         16260   5139 5100 
11         16450   5420   
12         16625   5700   
13             6021   
14             6100   
15             6371   

 
Table 1: experimental resonances in air and in water (Hz) in order of appearance 
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Fig. 5: Spectrum of the propeller with five blades in air 
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Fig. 6: Spectrum of the propeller with one blade in water 

Fig. 7: Spectrum of the propeller with five blades in water 
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4. THEORY 

4.1.  Analytical calculation 

Elasticity theory has been applied to identify the bending waves A and 0A  on the plate. 
Thus, A and A0 antisymmetrical waves satisfy the Eq. (1): 

2
2 2 2 2 2 2 2 2

2( ) ( ). ( ) 4 . ( ). ( ) ( )( ) ( ) ( ) 0w w

ss T

C qk s sh qd ch sd k qs sh sd ch qd k s k r ch qd ch sd
C r




       

 
(1) 

where 
w is the water density, 

ss is the stainless steel density,  

wC is the sound speed in the water, 

TC  is the velocity of the shear wave, 

LC  is the velocity of the longitudinal wave, 
C is the velocity of the antisymmetrical waves,  

The wavenumbers are k
C


 , L
L

k
C


 , T
T

k
C


  and w
w

k
C


 , 

2 2 2
Lq k k  , 2 2 2

Ts k k   and 2 2 2
wr k k  , 

a is the length of plate, b is its width, h is its thickness and d=h/2. 
The boundary conditions are different on the length and the width. Indeed, the plate is 

clamped on one side and free on other sides. By considering a classical mechanical 
approach (1D problem), we find the following relations [4,5]: 

 In the plate length,  
yλ

a=1,2
4

 if yn =0  

y
y

λ
a=(2n +1)

4
else, where yn  is the length mode. 

 In the plate width,  
xk =0 if xn 0  

x
xb (2n 1)

4


  else, where xn is the width mode. 

If we set 1 =1.2
2a

 if yn 0 else y
1

2n 1
2a


   and 2 =0 if xn 0 else x
2

2n 1
2a


  ,  the 

relation of phase velocity is expressed as follows [3]:   
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We search the frequencies of the A or 0A  wave which satisfy Eq. (2). Tables 2 and 3 

give the frequencies of the first modes in the studied frequency range. 
 

nx\ny 0 1 2 
0 520 4355 13505 
1 3220 7382 16680 

Table 2: frequencies of the A wave modes for the plate (Hz) 
 

To obtain the vibration modes for the wave 0A , we must use the equation (1) with  

w 0  . 

nx\ny 0 1 2 
0 1050 6540 17945 
1 5015 10455 21760 

Table 3: frequencies of the 0A wave modes for the plate (Hz) 

4.2.  Numerical calculation 

By means of the Finite Element Method (Ansys), a modelling of the propeller in 
vacuum is made in 3D as represented in Fig. 8. The boss is modelled by SOLID45 
elements and the plate is modelled by SHELL63 elements. For the propeller in water, a 2D 
model is considered in order to save calculation time. Thus, the plates are supposed 
unlimited on the width and only modes on the length are calculated. The boss and the plate 
are modelled by PLANE42 elements and fluid is modelled by FLUID29 elements. The 
structure is regularly meshed by a node step 1mm. A modal calculation and a harmonic 
calculation are used to find resonances on our structure.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 8: Meshing of the Propeller with five blades 
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 one blade two blades three blades five blades 
order of appearance vacuum water vacuum water vacuum water vacuum water 

1 1170 1020 950 600 945 510 940 466 
2 5023 4600 1254 1225 964 630 941 467 
3 6306 13000 4877 4075 1358 1300 970 646 
4 9926  4883 4700 4871 3800 971 649 
5 16024  5895  4878 4400 1521 1441 
6 17448  6120  4886 5100 4870 3602 
7   8977   5886  4872 3655 
8   10046  5923  4873 4273 
9   15556  6209  4884 4561 

10   15557  7891  4885 5469 
11   16534  9916  5878  
12   16707  10505  5879  
13     15550  5936  
14     15557  5937  
15     15564  6377  
16     16525    
17     16558    
18     16774    

 
Table 4: Numerical Results for the propeller in the water (Hz) in order of appearance 

5. DISCUSSION  

Figures 3, 4 and 5 show the resonance spectra relating to respectively the propellers 
with one blade, three blades and five blades in air.  Figures 6 and 7 present the spectra 
associated with the propellers with one blade and five blades in water.  Table 1 gives the 
whole of experimental results obtained in air, then in water. It appears that the presence of 
water loading modifies the spectra of the propeller. Indeed, the obtained spectra exhibit 
that all modes are shifted toward the low frequency. Due to this loading, the detection of 
the modes in water is more difficult than in air. For example in table 1, five modes in the 
air and only four in the water have been observed with the Doppler laser vibrometer for a 
propeller with one blade. The first peak of resonance has a magnitude higher than the ones 
of the others in all figures (Figs. 3-7). The other peaks decrease with the frequency. 

 
By using the theory of elasticity and the equation 2, the identification of a mode is 

possible. In fact, we can link the order of appearance of a peak to its vibration type 
characterized by a couple of parameters, xn  and yn . The first one is the mode in the plate 
width, and the second is the mode in the plate length. As an example, for the case of a 
propeller with one blade, the peaks numbered 1, 2, 3 and 5 (table 1) are related to the A0 
wave as indicated in table 3. A noticeable agreement is noted between the experimental 
results and the numerical ones obtained by our predictive model (FEM) when the propeller 
is placed in air: the error is less than 9%. An interaction phenomenon is observed when the 
number of blades increases. Indeed, the experimental and numerical results show a 
multiplication of peaks when the number of blades increases. This phenomenon occurs at 
the vicinity of the modes of one blade (plate).  As an example, for a propeller with one 
blade, the first resonance peak  situated at 1100 Hz has a vibration type ( xn 0 , yn 0 ),  
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and for a propeller with five blades the peaks situated at 860 Hz, 931 Hz , 961 Hz, 981 Hz 
and 1503 Hz have the same vibration type (see table 1). 

 
Moreover, for the propeller in water, it is noted important gaps between the experimental 
results and the ones obtained by the elasticity theory and the equation 2. We suppose that 
this difference can be explained by the experimental boundary condition; the boss is free.  
 

 For a propeller in water, the agreement between the experimental results and the ones 
calculated by the FEM is less good than the agreement for a propeller in air. This is 
particularly true when the number of plates increases. We suppose that these gaps can be 
due to the choice of the 2D modelling: a 3D modelling should be more judicious. 

 

6. CONCLUSION  

This paper deals with the propagation of the A0 and A bending waves in the propeller. 
The interaction between blades in air and in water is detected experimentally and 
confirmed by the FEM. This interaction creates a multiplication of peaks associated with 
these bending waves which depends to the number of blades. In the future, we will analyse 
in detail these multiplications and the influence of the presence of a defect on the 
resonance spectra. 
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 AMPLITUDE AND TRAVEL-TIME SENTIVITY KERNELS FOR A 
DENSITY CHANGE: EXPERIMENTAL VALIDATION AT THE 

LABORATORY SCALE 

C. Marandet, P. Roux, B. Nicolas 

Barbara Nicolas, 961 Rue de la Houille Blanche, BP 46, 38402 St Martin d'Heres Cedex, 
France 
barbara.nicolas@gipsa-lab.inpg.fr 

Abstract: Based on single-scattering effects, the concept of diffraction-based Sensitivity 
Kernel (SK) has been extensively studied during the last 20 years, particularly in 
geophysics. The SK provides a link between an observable (time, amplitude…) and a 
physical change in the medium (sound speed or density variations…).  
More recently, in 2004, Skarsoulis and Cornuelle introduced this concept in underwater 
acoustics to establish a link between sound speed variations and the classical arrival time 
perturbations used in tomography. The practical application of SK in shallow water 
acoustic tomography has also been achieved at the ultrasonic scale with laboratory 
experiments using vertical arrays of transducers.  
To go further in the use and study of the SK in acoustics, this presentation combined the 
use of the SK physics and array processing in the general case of a perturbation of density 
and sound speed. Theoretical expressions of the SK are presented for two observables: 
travel time variations and amplitude variations obtained after double beamforming on two 
vertical arrays.           
An experimental validation is achieved through small-scale experiments using a lead 
sphere that induces a density fluctuation between two vertical source-receiver arrays. The 
lead sphere was moved in a plane perpendicular to the raypath, providing the 
experimental measurement of the SK for both travel time and amplitude.  Experimental 
results are in perfect agreement with theoretical expectations. 
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Abstract: In this work we present the progress in developing a fibre laser hydrophone array, 
based on Distributed Bragg Reflector Fibre Laser (DBR-FL), operating in the C telecom band. The 

goal is to build multiplexed arrays of hydrophones, with an equivalent spectral noise level 
between 500 Hz and 5 kHz of some 40 dB ref µPa/(Hz)1/2, close to the limit of the Deep Sea State 
Zero (DSS0). This kind of arrays can be employed in underwater acoustic surveillance of harbours, 
of maritime areas of strategic relevance, but also in biologic oceanography by surveying marine 
mammals. The DBR-FL cavity is formed by a short length of single-mode Erbium-doped optical 
fibre delimited by a high reflection mirror and an output coupler consisting of two fibre Bragg 
gratings. Any variation of the cavity length and of the effective refractive index n, induced by 
strain, temperature or pressure, produces a shift of the fibre laser emission wavelength.  Different 
lasers, with different emission wavelengths, can be inscribed on the same fibre and interrogated 
by the same opto-electronic unit, enabling a quasi-distributed measurement. A preliminary test in 
marine environment has been made, using an array of two DBR-FL, placed on the same optical 
cable about 1 m apart. New tests and measurements are in progress, both on single sensor in an 
equipped pool to characterize their noise equivalent level, and on arrays of a small number (2 to 

4) of DBR-FL sensors. 

Keywords: Underwater Acoustic, Fibre Laser, Hydrophones 
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1. INTRODUCTION  

We present in this present work the actual results on developing an array of 
hydrophonic sensors, based on Distributed Bragg Reflector Fibre Laser (DBR-FL), as was 
first suggested by Hill et al. in 1999 [1]. The goal is to build arrays of hydrophones in 
multiplexed configuration, with a very high sensitivity to underwater acoustic waves, near 
the limit of the marine environment noise (DSS0: Deep Sea State Zero), using fibre lasers 
operating in the C telecom band around 1550 nm. This kind of array can be usefully 
employed for underwater acoustic surveillance of harbours, naval forces, and, in general, 
of maritime areas of strategic relevance; but also in biologic oceanography by surveying 
marine mammals. A lot of work is in progress in the world with similar purposes, using 
either the DBR-FL or the similar Distributed Feedback (DFB) fibre laser. A recent review 
of these works can be found in ref. [2].  

2.  THE DBR FIBRE LASER  

A Distributed Bragg Reflector Fibre Laser (DBR-FL) consists of a single-mode 
erbium-doped optical fibre, delimited by two Bragg grating (FBG) mirrors with identical 
pitch. The two mirrors define a Fabry-Pérot resonant cavity [3]. The FBGs are printed on 
the Er doped fibre by the near-field fringe pattern of an UV writing beam (in our case a 
KrF excimer laser) by using the phase-mask technique [4]. They act as selective mirrors at 
a wavelength defined by the grating pitch , following the Bragg‟s relation  = 2 n  
The reflectivity of the gratings can be adjusted by controlling the exposition time of the 
fibre to the UV radiation. Laser oscillation can be induced by pumping the active fibre by 
980 nm or by 1475 nm radiation. The laser emission frequency is in the C-band of the 
telecommunication wavelength range (1530-1565 nm). The exact emission wavelength is 
defined by the optical cavity parameters. With an effective cavity length of the order of 2-
3 cm, the wavelength selectivity of FBG mirror is high enough to allow a stable single-
frequency operation of the laser, with a measured line-width narrower than 5 kHz. This 
gives a coherence length of the radiation of the order of some tens kilometres. Typically, 
the lasers have an emission power ranging from 100 W to 1 mW, by using 200 mW of 
pumping power at 1475 nm.  

Any perturbation of the laser cavity, induced by strain, by temperature or by pressure, 
produces a shift of the emission wavelength. This gives the opportunity to use these lasers 
as sensors. Different DBR-FLs, operating at different emission wavelengths, can be 
inscribed on the same fibre, pumped by the same diode laser, and interrogated by the same 
opto-electronic unit, enabling a quasi-distributed measurement.  

The sensitivity of DBR-FL to the pressure can be theoretically evaluated by: 
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P                                                          (1)  

where n is the fibre effective refractive index,   the Poisson‟s ratio, pij the Pockel‟s 
coefficients of the stress-optic tensor, and E the Young‟s modulus [5].  

In any case, the effect on the laser wavelength of an acoustic wave at the level of 1 mPa 
is a very small value: the relative wavelength shift ∆/ is ≈ 10-14 – 10-13, that means ∆ of 
the order of 10-8 – 10-7 pm. However this small wavelength modulation can be converted 
in a phase delay signal in a very high efficient way using of an unbalanced in-fibre 
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interferometer. Assuming a optical path difference OPD = nL, where L is the length 
unbalance between the two interferometer arms and n is the fibre core refractive index, the 
phase delay I is given by:  

  
I  2 

OPD






                                                                                                  (2)  

According to (2), the sensitivity improves increasing the unbalance, and this can be 
done, without loosing resolution, up to the limit imposed by the coherence length of the 
laser or by thermal phase fluctuations of the fibre length. Thus, an unbalance L of the 
order of some hundreds metres can transform a wavelength shift of 10-13 to a phase delay 
of some µrad. As stated before, an unbalance length of this level is well shorter than the 
coherence length of our lasers and is compatible also with the thermal fluctuations, which 
has been evaluated theoretically by Wanser [6]. He calculated the r.m.s. phase noise 
induced by the random temperature fluctuation of the fibre, finding for a standard quartz 
fibre 40 m long a value  of  0.44  rad Hz , scaling with the square root of the fibre 
length. Both Mach-Zender‟s and Michelson‟s interferometric configuration has been 
presented in the literature. 

A further limit to the sensitivity is given by the random fluctuations in the state of 
polarisation (SOP) of the interfering beams. This affects the output fringe visibility, and 
consequently produces a fading of the detected interferometric signal. It is possible to 
avoid this problem by using a Michelson interferometer where phase conjugate mirrors 
(known also as Faraday rotator mirrors) are used to reflect the optical signal back along 
the fibre path [7]. In this way, the polarization evolution in the fibre in one direction is 
essentially „unwound‟ in the reverse direction, producing a returned SOP which is stable 
in time, irrespective of the birefringence properties of the fibre link. 

The sensors are produced by writing the Bragg grating on the centre of a piece about 10 
cm long of commercial Er:doped fibre (Coractive EDF-HCO-400®). This fibre is 
moderately sensitive to UV radiation and a grating with 99% reflectivity can be engraved 
on it in a few minute of irradiation of KrF excimer laser (200 mJ @ 60 Hz repetition rate). 

         
 

 

Fig.1: The encapsulated fibre laser sensor. 
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The structure is then spliced to a commercial single-mode telecom fibre that will carry 
both the pump power and the emitted radiation.  

In order to give mechanical rigidity to the DBR-FL and to avoid noise due to random 
fluctuation of the fibre in the water, the portion containing the laser is encapsulated in a 
thin cylinder of PVC, with a length a about 25 cm, and an inner diameter of 2 cm (Fig.1). 
The cylinder is closed by two caps at which the fibre is fixed with a drop of cyanoacrylic 
glue at a pretension of 200-300 µstrain. The cylinder is filled with a paraffin oil, and 
eventually sealed off by epoxy putty. By this way, the laser structure is isolated from the 
random movements of the water, while the acoustic signal is efficiently coupled by the oil 
bath in a large range of frequencies around the region 100 Hz – 5 kHz, interesting for the 
applications.  

3. EXPERIMENTAL SETUP AND CALIBRATION TESTS  

The measurement setup is shown in Fig. 2. A 1480 nm diode laser gives the pump 
power that is coupled to the fibre through a WDM. A single DBR laser absorbs only a 
small fraction of the incident power (the specifications of the active fibre give an 
absorption coefficient of 10 - 15 dB/m). Then, it is possible to pump with the same diode a 
few laser, in series on the same optical cable, operating at different wavelengths. In our 
project up to four lasers will be inserted on the optical fibre. The radiation coming from 
the fibre lasers come back on the WDM that sends it to the interferometer section. Here an 
in-fibre Michelson interferometer with a large unbalance (at present 40 m) between the 
two arms converts the wavelength difference in phase difference. An optical isolator is 
inserted on the line, in order to avoid back scattering from the interferometer to the lasers. 

By using a large unbalance, however, we reduce proportionally the monotonic 

 
 

Fig.2: Scheme of the optoelectronic setup. 
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operating range (the dynamic range). Indeed, when the phase difference grows over 2π 
radians, the phase detector signal is no more univocally related to the wavelength shift. 
The laser low frequency noise exceeds easily this limit, also with an unbalance of few 
meters. We overcome this problem by decoupling the phase signal from DC and from low 
Fourier frequency components, by applying the technique known as phase-generated 
carrier. By acting on an AOM in the shortest arm of the interferometer, a frequency carrier 
at about 80 MHz is superimposed to the phase signal, producing radiofrequency 
modulation sidebands [8]. In the detection section, the different wavelength channels are 
then separated by a demultiplexer, and detected in AC on fast photodiodes. The phase 
information for each channel is eventually obtained by synchronously demodulating the 
electronic output signals. 

We characterized our sensors against a calibrated piezoelectric hydrophone into an 
equipped pool in a frequency range between 2 and 6 kHz. Previous measurement had 
demonstrated that noise level of our DBR-FL is of the same order of magnitude, and even 
better, than the one of piezoelectric sensors [9], when a single laser sensor is mounted. 
This is not the case when more sensors are multiplexed in the same array, because the 
possible cross-talking between them. The equivalent spectral noise level for the laser 
sensors is larger by 10-15 dB than for the piezoelectric sensor in the considered range of 
frequency, when we mounted two sensors in series on the same fibre. This can be quite 
easily explicated, because in the present apparatus the Bragg mirrors maximum of the two 
fibre laser are separate by only 0.8 nm (the two laser were written through the same phase 
masque, applying during the writing process a different strain on the fibre). Cross talking 
between the two lasers produces a sensitive increasing of the DBR-FL instabilities, and the 
noise performances of the laser sensors get worse by almost one order of magnitude. This 
demonstrates that the present separation between two Bragg structures were not 
sufficiently selective. It would be possible to separate more the operating wavelength by 
using different masks, or by using doped fibre with different refraction index with a same 
mask, and this will be made in the next experimentations.  

4. ARRAY EXPERIMENTAL SETUP AND RESULTS 

A first experimentation has been made in marine environment, with an array of only 
two DBR laser. The two sensors were mounted on the same fibre at a distance of about 
1 m one from the other. An optical cable of 10 m of length connected the sensors with the 
WDM, the pump diode laser, and the detection optoelectronic circuit, placed on the quay. 
The two sensors were immersed in the sea in front of the quay, at the distance of 3 m from 
it, vertically one over the other (fig. 3). The optical cable and the sensors were fixed to a 
rope anchored at the sea bottom at about 6 m of dept by a weight. A calibrated 
piezoelectric hydrophone was immersed near the two DBR lasers in order to characterize 
the laser hydrophones. The acoustic source was a piezoelectric projector placed at 4 m of 
distance, parallel to the quay. In this experimental condition, we were working in shallow 
water inside a harbour, the local acoustic noise was well above the DSS0 level, and the 
instrumental noise was completely negligible. The sensitivity of the two sensor is shown 
in Fig. 4. Further measurements are in progress. 
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Figure 3: Experimental setup for the calibration of the 2-sensor array. At left, side view of 
the deployment, perpendicularly to the quay. At right, top view . 

 
Figure 4: Sensitivity of the two-sensor array between 1 kHz and 5 kHz.  
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Abstract: This work addresses the design and development of high-tech, passive 
underwater acoustic measurement devices based on a new, versatile, general-purpose, 
multi-channel and wideband Digital Acquisition System (DAS), able to receive up to 32 
input channels. Advanced technological solutions, in particular (a) the design of 
preamplifiers with very low equivalent input noise and (b) the use of  A/D converters at 
24bits, allow these systems to achieve very wide dynamic ranges, excellent SNR values, 
simultaneous sampling frequency up to 200 kHz, high data flow rate, low power 
consumption and very limited size and weight. Either compact or sparse digital 
hydrophone arrays based on this technology are proposed and described, and their 
performance is assessed through water-tank and at-sea data analysis. Their applicability 
can spread from port protection and maritime surveillance to ambient noise 
measurements and environmental monitoring, particularly marine mammal survey. 

Keywords: Digital Acoustic Measurement Device, Wideband Multichannel Digital 
Acquisition System, Passive Sonar  
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1. INTRODUCTION  

The paper addresses the design and development of high-tech, passive underwater 
acoustic measurement devices based on a new, versatile, general-purpose, multi-channel 
and wideband Digital Acquisition System (DAS), able to receive up to 32 input channels.  

Advanced technological solutions, in particular:  
a) the design of preamplifiers with very low equivalent input noise (less than “zero” sea 

state level) and  
b) the use of  A/D converters at 24bits,  
allow these systems to achieve: 
 Very wide dynamic ranges 
 Excellent SNR values 
 Simultaneous sampling frequency (up to 200 kHz) 
 High data flow rate 
 Low power consumption 
 Portability (small size and light weight). 
 

The devices proposed are digital as the DAQ system is placed underwater, close to the 
sensors; this allows the acquisition of broadband signals with complete immunity from 
any kind of interference (e.g., cross-talk, external electromagnetic sources, etc.) and the 
lossless transmission of data along connecting cables. They are suitable to work also as 
payload of deep-water ROVs or AUVs, as they are designed to work up to 4500 m of 
water depth. Connection can be via USB2 or 1Gb Ethernet ports. Data transfer and control 
communications can be via coaxial cable, fiber optics or radio link in order to support the 
design of multi-sensor, multi-station distributed systems. System control by the user 
consists of real time software settings of parameter such us front end parameters, sampling 
frequency, sensor selection, etc. 

The range of applicability of these systems can spread from: 
 port protection and maritime surveillance (e.g., protection of critical areas and assets 

by means of air, land and underwater sensors), to 
 ambient noise measurements (either natural or man-made), and 
 environmental monitoring (e.g., for marine mammal survey, oceanographic or seismic 

applications). 

2. TECHNICAL DESCRIPTION OF THE PROPOSED GENERAL-PURPOSE, 
WIDEBAND, MULTI-CHANNEL DAS MODULE 

The proposed underwater data acquisition system consists of:  

 Front End 
 Analog to Digital (A/D) Conversion 
 Interface 
 Single Board Computer (SBC) 

Front End and A/D conversion are fundamental to achieve the appropriate dynamic 
range and frequency bandwidth. For this reason we have decided to exclusively use 24-bit 
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 A/D converters with up to 200 kHz simultaneous sampling frequency. Particularly in 
the case of acquisition systems applied to arrays with many channels, this implies very 
high bit rate of data transfer. The Interface and SBC have been designed and developed in 
such a way to grant continuous data recording via Dual-Sata HD port or continuous data 
transfer via 1Gb Ethernet port. 

The DAS can have also: 

 serial data input ports (e.g., for positioning/orientation sensors)  
 internal or GPS clock 
 external trigger for synchronization with other systems. 

The proposed architecture is very flexible and can be used either for sparse arrays up to 
8 channels, or for compact multi-channel arrays with up to 32 elements (see Table 1). In 
the first case the A/D converters are close to the sensors and can drive towards the 
Interface up to 100 m of twisted pair cable (or 300m coax cable); in the latter case all the 
A/D are on the same board as the Interface. In both cases the Interface-SBC block is able 
to store the data as a self-recording configuration or transfer the data through 1Gb Ethernet 
port. 

Another fundamental issue in the design of underwater systems is low consumption. 
Consumption is generally exponential with sampling frequency; hence, depending on the 
application, it is necessary to make the appropriate balance between sampling frequency 
(hence, frequency bandwidth and resolution) and power consumption, given a certain 
number of channels. For example, the 32 channel system needs four times the energy 
consumption when the sampling frequency goes from 10 kHz to 100 kHz. 

 
# channels (max) Max sampling frequency  Usable Bandwidth Array type 
8 200 kHz 4 Hz – 90 kHz sparse 
12 200 kHz 4 Hz – 90 kHz  
20 144 kHz 0.1 Hz – 70 kHz compact 
32 93.750 kHz 0.1 Hz – 45 kHz  

 
Table 1: Possible system configurations using the new DAS module. 

Two examples of high-tech digital devices are presented in the following, which have 
been designed and manufactured by SMID Technology for passive, wideband, underwater 
acoustic monitoring. They are digital devices based on customizations of the general-
purpose DAS module described here. Both systems are extremely light, compact, of small 
size, hence they are very flexible, portable devices. 

2.1. THIRTYTWO-CHANNEL COMPACT VERTICAL LINE ARRAY (VLA) 

The first device presented is a 32-element, compact broadband vertical linear array 
particularly suitable for measurement of broadband noise and high-resolution estimation 
of direction of arrival from noise sources such as underwater vehicles and surface vessels 
and marine mammals. It consists of three nested sub-arrays spaced 2.2, 4.4 and 8.8 cm 
respectively. Its block diagram is in Fig. 2. 

Figure 3 shows a cartoon for a possible scenario of application of the wideband 
compact VLA proposed. Major features include the possibility to precisely detect a noise 
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source such as a vessel or a marine mammal with high SNR gain, to estimate sound 
direction of arrival in range-depth with high resolution, and well separate multipaths even 
in very shallow water, noisy environments. 

 

 

Fig.2: Block diagram of the compact digital VLA. 
 

 

Fig.3: Possible measurement scenario using the SMID wideband digital VLA. 

2.2. SPARSE DIGITAL HYDROPHONE ARRAY 

The second system, the block diagram of which is sketched in Fig. 4, is a sparse 
hydrophone array which is particularly suitable for measurement of ship traffic and marine 
mammal monitoring, vessel signature measurement [1], passive diver detection and 
localization [2]. Its major features are the synchronization of all sparse hydrophones and 
the high flexibility to change geometrical configuration (array shape) or to locate the 
hydrophones in very sparse manner.  
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Hydrophone synchronization allows the user to process all data together, hence to 
separate multipaths and to reach high-resolution localization, which is made possible also 
thanks to high sampling frequency and wide separation among hydrophones [2]. 

 

 

Fig.4: Block diagram of the sparse digital hydrophone array. 

In particular, the proposed system allows the user to arrange the hydrophones either 
completely sparsely, rigidly connected two by two, or at the vertexes of one or more rigid 
frames in order to build volumetric arrays, such as tetrahedra. Unambiguous localization 
in the 3D space is made possible by arranging hydrophones in volumetric arrays. 

An example of possible geometric configuration of is shown in the cartoon of Fig. 5, 
where a tetrahedron plus two pair of hydrophones are sitting on the seabed at large 
distance one from the others. 

 

 

Fig.5: Example of measurement configuration using a sparse array of 8 hydrophones, 
grouped in one tetrahedron and two pairs. 
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3. SELECTION OF ACQUIRED DATA 

This section presents a selection of data acquired by means of the systems introduced in 
Section 2 and based on the proposed DAS. Data were acquired either under controlled 
conditions in a water tank, or at sea. From data analysis the quality and major features of 
the developed systems are emphasized. 

3.1. WATER TANK MEASUREMENTS BY THE COMPACT VLA 

Tank measurements were conducted using the compact VLA in order to assess its 
performance. An example of the received signals (direct and multipaths) on 16 of the 32 
hydrophones is shown channel by channel in Fig. 6, where a 5-cycle burst centred at 22 
kHz is emitted by a spherical source located in front of the array at 1m distance. Only 16 
hydrophones at a time could be tested due to the limited dimensions of the tank. Using 
only 16 channels implies that the maximum sampling frequency that one may set is 144 
kHz in order to grant continuous data recording, in accordance with Table 1.  

The array is tilted of 15o. All signals have the same amplitude and their phases are in 
perfect agreement with the array’s tilt angle. The waveforms appear very neat and clean.  
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Fig. 6: Water tank measurements for VLA test. Selection of time series of data received by 
16 adjacent elements of the vertical array. Emitted signal was 6-cycle burst centred at 22 
kHz. A time window including direct and first-order multipath echoes is selected; arrivals 

of direct echo (red), and first bounces from the tank bottom (blue) and from the water 
surface (green) are outlined. 
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3.2 AT-SEA MEASUREMENTS BY THE SPARSE ARRAY 

A sparse array of four synchronized hydrophones was used at sea for measuring ship 
noise in a harbour environment (7m of water depth). The hydrophones were deployed 
from a pier at about mid water; they were coupled in two 20m-spaced pairs; the 
hydrophones of each pair are 2 m spaced. Data are sampled at 192 kHz in order to achieve 
high resolution in time delay estimation. Figure 7 shows the computed Power Spectral 
Density (PSD) function of ambient noise collected by one of the hydrophones, which is 
compared to the PSD of data collected during the crossing of a rubber-boat (zoom in 
bandwidth up to 35 kHz). Notice that the ambient noise level at 30 kHz (where noise is 
conventionally claimed to be minimum [3]) is about 30 dB, which is a reasonable value in 
a harbour environment characterized by intense traffic. This shows the good quality of the 
measurement system, which does not introduce any electronic noise in the data. The 
presence of the rubber-boat makes the noise level increase of more than 20 dB in most of 
the bandwidth. 
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Fig. 7: PSD functions of ambient noise and boat-radiated noise in a harbour. 
 
Part of the passage of the boat is shown in the spectrogram of Fig. 8(a), computed from 

the data collected by one hydrophone. Notice the typical bathtub pattern due to interfering 
propagation modes when a broadband source moves in shallow waters [4]. 

Data from one pair of hydrophones are correlated and their cross-correlogram is 
presented in Fig. 8(b) where the rubber-boat track is evident in the bearing vs. time 
domain. The boat approaches (as shown in the data segment of Fig. 8(a)), reaches the CPA 
around sec. 16, and then leaves. The high data quality is emphasized by the neat and 
continuous track of the boat. Some ghosts are present when the boat is very close due to 
local reflections/multipaths. 

4. CONCLUSIONS 

Some examples of passive digital acoustic systems with different features and 
complexity levels have been proposed for passive underwater acoustic monitoring and 
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acoustic signature measurement. All solutions are based on the use of the new SMID 
general-purpose, wideband, multi-channel DAQ module, which has been described into 
technical detail. A selection of water-tank and at-sea measurements recorded by such 
digital acoustic systems have been proposed in order to emphasize their main features and 
capabilities. 
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Fig. 8: (a) Spectrogram (dB re. 1Pa) of the passage of an approaching fast surface 
vessel (rubber-boat) in very shallow waters.(b) Cross-correlogram (bearing angle vs. 

time) between a pair of hydrophones, showing the track of the same rubber-boat recorded 
for longer time (90o is broadside re. the hydrophone pair). 
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 ON THE USE OF UNDERWATER OBSERVATORIES TO 
MONITOR OCEAN NOISE 

Andre, M., van der Schaar, M., Zaugg, S., Houegnigan, L., Sanchez, A.M. 

Andre M., Rambla Exposicio, s/n, 08800 Vilanova i la Geltru, Barcelona, Spain 
michel.andre@upc.edu 

Abstract: Sources of sound produced by human activities can induce physical, 
physiological, and behavioral effects on marine fauna. Because noise has only been added 
recently to the list of marine pollution sources, there is almost no information on current 
ambient noise levels in most regions or on their effects, particularly on cetaceans. 
Underwater observatories offer a unique opportunity to assess the large-scale acoustic 
ecology of the oceans. The Laboratory of Applied Bioacoustics (LAB) of the Technical 
University of Catalonia (UPC) is the coordinator of the ESONET NoE Demonstration 
Mission, LIDO (Listening to the Deep-Ocean, http://www.esonet-
noe.org/main_activities/demonstration_missions), a project that is actively contributing to 
the coordination of high quality research by allowing the real-time long-term monitoring 
of marine ambient noise at several geographical locations. Based on the LIDO 
development and in partnership with the several international institutions, the LAB 
(http://www.lab.upc.es) has implemented in Spring 2009, a fully automated real-time 
detection and classification system that analyses the online acoustic flow of data coming 
from several platforms, like NEPTUNE (Canada), ANTARES (France), NEMO (Italy), 
OBSEA (Spain) and KUSHIRO & HATSUSHIMA (Japan). Through a series of detectors 
analysing the full frequency band and a regularised radial basis function neural network, 
the application is allowing immediate mitigating actions when facing acoustic events that 
could be harmful to individual cetaceans or populations and the long-term monitoring of 
noise. For the first time in the field of passive acoustic monitoring, the live audio data 
stream as well as the output of the statistical analysis (noise measurements, acoustic 
presence and distribution of species over time) is available online for public access at 
http://listentothedeep.com. 
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 ON THE ADVANTAGES OF WIDEBAND DATA ACQUISITION 
FOR PASSIVE DIVER DETECTION 

Laurent Fillinger, Alan J. Hunter, Mario Zampolli, Martijn C. Clarijs, Koos Verolme 
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Abstract: Situation awareness is an important component of security that justifies the 
equipment of sites with monitoring systems. For shore/harbour security, these systems are 
mostly composed of camera and radar, to monitor the land and the water surface, and of 
active sonar(s) when the underwater situation is monitored.  
An alternate approach for underwater monitoring is to use a network of passive sonars 
that detect targets by the sound they radiate. Unlike active sonar, a single passive sonar 
element cannot estimate the range of a target in the far field, only its direction; but it can 
characterize the sound radiated by a target, with obvious applications to target tracking 
and classification. Passive sonars, with frequency characteristics suitable for the target 
type of interest, have to be deployed as a network so that the source location can be 
estimated by appropriately crossing the estimated directions. 
TNO and the Stevens Institute of Technology are investigating this approach for diver 
detection and have conducted in 2010 a trial with the support of the Royal Netherlands 
Navy. A system involved in the trial presented a wide sampling dynamic and frequency 
range, making it suitable not only for diver detection but also for other forms of 
processing.  
Experimental results demonstrate that the deployed system can be used for diver detection 
and that its larger-than-required dynamic range enables other applications such as boat 
tracking and sound speed estimation, that can not only augment but improve the initial 
diver detection capability. 
Keywords: waterside security, intruder, diver, passive sonar 
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1. INTRODUCTION 

Monitoring systems constitute an important component of security systems as they 
provide awareness on the current situation and its development and allow the detection of 
threats and suspicious behaviours. For shore/harbour security, these systems are mostly 
composed of camera and radar, to monitor the land and the water surface, and of active 
sonar(s) when the underwater situation is monitored.  

An alternate approach for monitoring the underwater situation is to use a network of 
passive sonars. Unlike active sonar, passive sonar cannot estimate the range of a target in 
the far field, only its direction; but it can characterize the sound radiated by a target, with 
obvious applications to target tracking and classification. Passive sonars, with frequency 
characteristics suitable for the target type of interest, have to be deployed as a network so 
that the source location can be estimated by appropriately crossing the estimated 
directions.  

TNO has been investigating this approach for the problem of diver detection. The wide 
band character of the acoustic emission of scuba [1] (the most common type of underwater 
breathing apparatus) suggests using a detection system that allows measurement in a wide 
frequency band. The wide band characteristics of such system make it suitable not only for 
diver detection, but also for other tasks. For instance, detection of different types of targets 
relevant to waterside security (e.g. boats) is feasible. Passive sonars can also be used to 
monitor the environmental condition affecting the sensor performance, such as the noise 
level and the speed of sound. The knowledge of the value of these parameters allows for 
sensor performance prediction (e.g. detection range). This also enables improved sensor 
fusion. In sensor fusion, a lower weight should be given to less reliable sensors [2]; under 
time varying conditions, the fusion should adapt to these variations, which requires 
monitoring of the environment.  

In this paper, we consider how measurements of such parameters can be performed on 
a passive diver detection system and discuss their potential benefits. The remainder of the 
paper presents experimental results demonstrating the performance of a diver detection 
system. It is followed by some considerations on opportunities for additional 
measurements and on their benefits. 

2. DIVER DETECTION: EXPERIMENTAL RESULTS 

The experimental results presented in this paper were obtained using data collected 
during a trial [3] organized jointly between TNO and the Stevens Institute of Technology 
(NJ, USA) and held in October 2010 in the harbour of the Royal Netherlands Navy in Den 
Helder. Fig. 1 presents an example spectrogram and an example correlogram of recorded 
signals. The spectrogram, computed from the signal of one hydrophone, shows the 
temporal evolution of the frequency content. The correlogram, computed from the signal 
of two hydrophones, shows the evolution of the direction of the acoustic sources. The 
correlogram is computed using the phase transform, which is a generalized cross-
correlation [4]. It allows the estimation of the delay of arrival of various signal 
components on the pair of hydrophones. This delay being function of the direction of the 
acoustic source, its measurement allows the estimation of the source direction. The general 
principle for detection and estimation of the source direction is presented in [5]. Fig. 1c 
presents tracks associated with boats (the more continuous segments) and a diver (dotted 
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track). The diver is detected at each breathing cycle and the frequency content of the 
corresponding acoustic events can be seen in the spectrogram in Fig. 1a. The diver’s 
inhalations are associated with broadband acoustic emissions that are clearly visible in the 
spectrogram. Similar plots are shown in Fig. 1b and d. Two divers are present, but at a 
larger range (350 m against 190 m). Because of the increased transmission loss due to 
longer propagation distance, the diver signals are barely noticeable in the spectrogram, but 
still clear in the correlogram (which achieves a better signal to noise ratio by combining 
the information from two hydrophones). 

 

 
Fig.1: Spectrogram (a,b) and associated correlogram (c,d). Divers (dotted tracks) and 

boats (continuous tracks) are present in both cases. Diver’s breathing is clearly visible in 
the spectrogram with the diver at 190 m but hardly visible with the divers at 350 m. 

 
Target localization is achieved by crossing the bearing from various passive sonars. 

This requires the detection of the peaks in the correlogram. Fig. 2a shows the result of 
such an automatic extraction of peaks for a diver run. The detections are further labelled as 
low- (red) or high-frequency (green). This was done was analyzing generalized cross-
correlations computed over different frequency bands, which allows for a simultaneous 
analysis of the signal frequency content and directivity. An example of such frequency-
delay representation is presented in Fig. 2b and shows components associated with two 
boats and a diver. While localizing a target by combining the detections from several 
passive sonars is an easy task when a single target is present and detected by all sensors, 
the task becomes ambiguous and more complex in presence of multiple targets, missed 
and false detections and measurement uncertainties. A probability hypothesis particle filter 
[6][7] is used to circumvent this complexity (presentation of the hypothesis particle filter 
is out of the scope of this paper). Fig. 2c shows an example of localization results 
presenting the track of two divers. The axis is in meters; the black squares represent the 
location of the passive sonars; the ellipses represent the localized targets. The ellipses are 
located at the estimated target location, their size represents the localization uncertainty 
and their colour indicates the time of detection (from blue for early detections to red for 

a b 

c d 
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the latest detections). Under this representation, a consistently localized target appears as a 
rainbow track. This is the case for the two divers that were passively detected and 
localized at 350 m in an operational harbour. False localizations on the other hand do not 
display a clear geographical or temporal (colour) pattern.  

 

 

 
Fig.2: (a) Delays automatically detected in the correlation, color indicate frequency 

content (HF: red, LF: green). (b) Frequency-delay representation of a frame. (c) 
Localization obtained by combining the detections from three nodes (black squares). A 
localized target is represented by an ellipse located at the estimated target position. Its 
size represents the localization uncertainty and its color the time of detection (from blue to 
red). The two rainbow tracks correspond to divers. 

 
Fig. 3 illustrates the dynamic of signal encountered in the trial and presents typical 

examples of the power spectral density of detected signals. Thin lines show examples of 
measured power spectral density in very quiet (almost no ship traffic) and very loud 
conditions (ship passing nearby the sensors). The thick lines represent the power spectral 
density for an automatically detected diver’s inhalation and just before detection. Two 
situations are considered: high signal to noise ratio (SNR) in Fig. 3a and low SNR in Fig. 
3b. The detection with low SNR is indicated by an arrow in Fig. 1d. The difference in 
power spectral density before and during the inhalation is obvious at high SNR but hardly 
noticeable at low SNR. This indicates that the signal that was detected at low SNR was 
about or below the level of ambient noise. 

The difference between the loudest (around 1 kHz) and the weakest frequency 
component (around 40 and 55 kHz) is 80 dB. A dynamic range of 80 dB requires sampling 
with at least 14 bits (log2(1080/20) ~ 13.3 bits). Using 16 bits quantization (96 dB dynamic 
range) set up so that the loudest signals cover the full range without saturation would leave 
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just 3 bits of lower rank for coding the signals whose level is comparable to the weakest 
observed noise level. With such a poor amplitude resolution on weak signals, detection of 
a signal at noise level, as reported in Fig. 3b, would not be expected. To detect such a 
signal, the measuring range should be shifted to lower amplitude signals, which would 
cause saturation in case of loud noise. Preventing saturation in presence of loud noises 
while maintaining the possibility of detecting weak signals would require a reduction of 
frequency range of the system. For instance, if frequencies below 20 kHz had been 
discarded, the loudest signal to measure would be 30 dB weaker. These 30 dB of available 
sampling dynamic could be used for proper sampling of signals at (quiet condition) noise 
level. The drawback of this solution would be that no information on the low frequency 
acoustic sources would be available. The system used in the experiments performed 
quantization on 24 bits (145 dB dynamic range). This large dynamic range was sufficient 
to allow appropriate sampling of both the loudest and the weakest signals: it was not 
necessary to reduce the frequency range in order to limit the amplitude variation to the 
sampling dynamic. The result is a system that is able to detect a diver signal near the noise 
level, that does not saturate is case of a loud low frequency event, and that collects also 
low frequency information.  

 

 
Fig.3: Measured signal dynamic. The thin lines represent the power spectral density in 

the quietest and loudest conditions encountered during the trial. The thick lines represent 
the power spectral density during an automatically detected inhalation and just before it 
for a detection with good SNR (a) and a detection with low SNR (b). The detection shown 

in (b) is indicated by an arrow in Fig. 1d. 
 

3. ADDITIONAL POTENTIAL FUNCTIONALITIES 

In this section, we consider the additional functionalities that can be implemented on 
such a system in order to detect other targets, predict sensor performance and monitor the 
sensor and its environment. 

3.1. Other targets 

As the high frequency information can be used to detect and localize divers, the low 
frequency information can be used to detect and localize boats (see Fig. 4a), which 
constitute another type of target relevant to maritime security. Boats are louder than divers 
and can be detected at a longer range, making them more likely to cause simultaneous 
detection on multiple passive sonars. The passing of a boat is a likely event that should 
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lead to detections with good SNR. Ships detected and localized can be used as sources of 
opportunity for other types of measurements. 
 

   
Fig.4: (a) Example of localization of a boat. (b) Illustration of sensor performance 
prediction (detection range). (c) Detail of a correlogram presenting the direct path and 
surface interactions. 

3.2. Ambient noise measurement – Sensor performance prediction 

A signal can be detected if, at the sensor location, the received signal can be separated 
from the ambient noise. The amplitude of a signal decreasing with propagation, there is a 
maximum range at which a signal can be detected in a given ambient noise. Variation of 
the ambient noise is therefore associated with a variation of the detection range. The 
variation of ambient noise results in a time dependent coverage of the passive sonar 
network. It is important for security agents to know the coverage of their monitoring 
system. Sensor performance prediction (either theoretical, empirical or a combination of 
the two) can be used to predict the detection range (and other relevant parameters such as 
probability of detection and false alarm rate) from the measured noise level. The wide 
frequency range of the system used in the trial enables measurement of the ambient noise 
in frequency range relevant for diver detection. If this measurement is coupled with a 
sensor performance model, the system can evaluate its detection range from its own 
measurements (Fig. 4b).  

3.3. Speed of sound 

The value of the speed of sound is used in the conversion from the measured delay of 
arrival to the direction of the source. Difference between the assumed speed of sound and 
its actual value leads to degraded localization. The speed of sound in water is influenced  
by temperature and salinity, making it evolve with time. Monitoring of the speed of sound 
should allow keeping localization accuracy independent of the speed of sound variation.  

The sensitivity of localization to the error in speed of sound is a function of the 
particular sensor type and configuration. The correlation results presented in Figs. 1 and 2 
were obtained using two hydrophones separated by d = 1.2 m. With sampling at fs = 192 
kHz, the maximum possible delay (that is obtained when the source and the hydrophones 
are collinear) corresponds to nmax = d.fs/c ~155 samples, where c is the speed of sound. 
With these parameters, 10 m/s of variation in speed of sound changes the maximum 
possible delay by 1 sample, which is hardly measurable. This estimate indicates a low 
sensitivity to the variation in speed of sound for this configuration: measurement of the 
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maximum possible delay does not allow accurate estimation of the speed of sound. A 
larger hydrophone spacing would make the direction estimation more sensitive to 
variation in speed of sound, but would also make speed of sound measurements feasible. 

3.4. Measurements with sources of opportunity 

Some active measurements can be emulated in passive acoustics using sources of 
opportunity. For instance, passive acoustic tomographic methods have been proposed to 
measure temperature profiles using passing ships [8], or channel impulse responses using 
mammal calls [9]. In the considered case, the ability of the system to detect and localize 
sound sources can be used to select relevant sources, for instance loud boats detected with 
good SNR on several sonars and localized with good accuracy. 

If the passive sonars return the measured level associated with the detections, the 
measurements from several sonars could be used to estimate the source level and the 
transmission loss (knowledge of the target “source level” [intended in the broad sense 
since it is difficult to define as a precise quantity for extended objects such as ships] can 
be useful for classification; the transmission loss influences the detection range). 
However, this approach would not be reliable on sources whose directivity is unknown, 
which is typically the case for sources of opportunity. A different approach would involve 
comparison of the measured level corresponding to a same target but measured at different 
times from the same location instead of measured at the same time from different 
locations. This can be considered for vessels with predictable behaviours (e.g. vessels used 
for public transport and following prescribed path at prescribed time). Variation in the 
level measured at different times would indicate change in the propagation characteristics 
that can be linked for example to varying temperature (or temperature profile), the state of 
the sea surface, or currents. 

Note that the type of measurements that can be performed using sources of opportunity 
is not limited to the estimation of the transmission loss. The possibilities depend on the 
specific details of the passive sonar network arrangement and what it can measure, on the 
characteristics of the environment where it is deployed and on the characteristics of the 
sources of opportunity. Fig. 4c provides an example showing the correlation of a signal 
presenting a strong surface reflection leading to multiple components in the correlation. 
The smoothest line (main track) corresponds to the correlation of the direct paths to the 
hydrophones; the tracks on either side correspond to correlation of the direct path to one 
hydrophone with the reflected path from the other hydrophone. The separation from the 
main track increases as the source is getting closer: it can be used to estimate the source 
range. Note also how these tracks are becoming wavy at the end of the figure. At that time, 
due to manoeuvring, the reflected path interacted with the wake on the surface. Fig. 4c 
was not obtained with a source of opportunity but using a vessel towing an acoustic 
source. It was chosen for illustration as it clearly presented several effects (additional 
component in the correlation, separation that is range dependent, shape influenced by 
surface state) in a single figure. These effects have also been observed on real sources of 
opportunity, although separately and less clearly.  

4. CONCLUSION 

Experimental results obtained during a passive acoustic diver detection trial 
demonstrating passive localization of scuba divers at 350 m in an operational harbour 
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were presented. An acquisition system with a large bandwidth was used in order to 
accommodate for the wideband character of the diver emission. Data are therefore 
available on a large frequency band and can be used for other purposes than diver 
detection and tracking. Several possibilities have been proposed, including boat detection 
and tracking and environment monitoring for performance prediction. It has been 
proposed to use the results of monitoring of the shipping traffic (i.e. vessels positions) to 
select events suitable for other measurements (e.g. transmission loss, or surface state). 
This example shows how a versatile system can be used to perform several functions (e.g. 
noise level measurement and boat tracking in addition to diver tracking) and how the 
synergy between the functions enables new functionalities (possibility to estimate 
transmission loss as target position is known by localization) or improve the existing ones 
(improved localization accuracy due performance prediction linked to environmental 
measurements). 
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Abstract: A broadband flextensional transducer is described in this paper. The transducer 
is mainly comprised of two tire-shaped steel end plates, a stack of piezoelectric rings as 
the driving element and a dual slotted concave aluminum shell coupled one end plate to 
the other. The piezoelectric stack like a tube is made up of a series of axially polarized 
PZT-4 rings. The shell has two concave parts and an annulus ring between them; and 
each part is equally slotted into many beams with gaps between each other. The tube and 
the beams form the Tube-Beam coupling structure. A sealing boot is covered on both inner 
surface of the stack and outer surface of the shell so that the water could freely flood 
through the ring stack. There are several vibrating modes including a cavity resonance 
being used to expand the working bandwidth. The transducer has a full size of about 
330mm in height, 98mm in inner diameter and 260mm in outer diameter respectively. The 
performance of the transducer is simulated by Finite Element Method with ANSYS 
software which gives the results that the transmitting voltage response (TVR) fluctuates 
less than 6.4dB from 1400Hz to 5700Hz. The maximum TVR is 139.5dB at 2500Hz and the 
minimum TVR is 133.1dB at 1900Hz. 

Keywords: broadband, flextensional, piezoelectric, cavity, free-flooded, Finite Element 
Method, transmitting voltage response. 
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1. INTRODUCTION 

Flextensional transducers are usually used as a low frequency source, which consist of a 
piezoelectric ceramic driving element and a metal shell mechanically coupled to it [1]. The 
small longitudinal displacement of the driving element is converted into a larger 
displacement of the shell. There are several types of flextensional transducer according to 
their geometries which are shown in Fig. 1 [2]. In all the flextensional transducers, barrel 
stave transducer is one particular type and now very popular for the advantages such as 
low frequency, high power, small size, light weight, low cost and so on [3-5]. This type of 
transducers is mainly comprised of a driver made from the stack of piezoelectric, several 
staves or beams around the driver and two end plates. Barrel stave transducer is usually 
air-backed and it can be also designed to be free-flooded [6, 7]. The transducer usually 
works near its fundamental flexural mode. It is known that broadband transducer has many 
advantages in signal processing of underwater sound and underwater application. 
However, it is difficult to produce a broadband performance with one resonant mode. 
 

 

Fig.1: Cross-sectional perspectives of seven flextensional transducer classes 

Mode coupling is a common approach used to widen the bandwidth of a transducer. S. 
C. Butler developed a broadband transducer with three resonant modes [8]. D. F. Jones 
described a wideband barrel stave transducer through coupling of the fundamental flexural 
and longitudinal vibration modes [9]. As mentioned above, barrel stave transducer could 
be designed to be free-flooded when the driving element was replaced by piezoelectric 
ceramic rings. It is known that in open tubes there exist two resonances including cavity 
resonance and ring resonance [10]. Here, we want to design a broadband barrel stave 
transducer with multi-mode coupling structure. This transducer could introduce a cavity 
mode when using a tube stacked by piezoelectric ceramic rings as the driving element and 
letting the tube open to the surrounding medium; the tube of piezoelectric ceramic rings 
can also stimulate a longitudinal vibration mode of the transducer when the end plates and 
the beams of the shell vibrate. In addition, there are also other complex vibrating modes 
with coupling between the beams and end plates. A broadband free-flooded transducer 
with appropriate coupling of these vibration modes is then described and simulated. 

2. DESIGN AND STRUCTURE 
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The designed flextensional transducer shown in Fig. 2 consists of two annulus steel end 
plates, a tube stacked by piezoelectric ceramic rings as the driving element compressed 
between the end plates and a dual slotted concave aluminum shell which is coupled one 
end plate to the other. The geometry of the transducer is similar to that of the barrel stave 
transducer except that the piezoelectric ceramic disks are replaced by piezoelectric 
ceramic rings. A sealing boot is covered on both inner and outer surface so that the water 
could freely flood through the tube.  

 

Fig.2: Cross-sectional view of the flextensional transducer 

The tube is stacked by 18 axially polarized PZT-4 rings with outer diameters of 126mm, 
inner diameters of 98 mm and thicknesses of 12mm. They are bonded together by epoxy 
and connected electrically in parallel. The entire aluminum shell with one middle ring, two 
end rings and two concave parts is machined by a numerically controlled lathe. The two 
concave parts are equally divided into 12 pieces of beams along the circumferential 
direction with gap width of 4mm. The curvature radius of the beams is 80mm with an 
average wall thickness of 7mm. The annulus steel end plates are fastened to the shell and 
the stacked tube is compressed between the two end plates. The transducer has a full size 
(excluding the boot) of 330mm in height, 98mm in inner diameter and 260mm in outer 
diameter. 

With this design the transducer could have several vibration modes. The cylindrical 
water enclosed by the tube could introduce cavity resonances [10]. The fundamental mode 
of cavity resonances usually vibrates at low frequency. The tube can also excite a 
longitudinal mode. At this mode, the two end plates vibrate along Z axis driven by the 
longitudinal vibration of the tube, and at the same time the beams of the aluminum shell 
vibrate along X axis ( radial direction ). The middle ring of the shell works as a clamped 
mass to restrict the ends of beams. That is what we call “tube-beam coupling”. Other 
modes involve the longitudinal vibration of the tube, the flexural vibration of the beams or 
shell and the torquing vibration of the end plates. 

3. SIMULATION AND RESULTS 

The frequency of the first cavity mode of the cylindrical water is given by 
2( / 2 0.633) 0.106 / 2h a       (1) 

where the dimensionless frequency parameter Ω=ωca/c0, ωc is the angular frequency, c0 is 
the velocity of sound in the water column, h is the height of the cylinder, and a is the 
inside radius. Because the velocity of sound c0 in the water column is less than the 
velocity of sound c in open water, c0 is corrected by the formula c=c0(1+2BaY11t)1/2, 
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where B is the bulk modulus of water, Y11 is the transverse Young’s modulus of the 
ceramic at constant electric field and t is the wall thickness of the tube. Then the 
dimensionless frequency parameter for the cavity mode becomes Ωc=ωca/c. Substituted 
the values of the parameters into the formulas, the resonant frequency of the cavity can be 
approximately estimated at 1660Hz. Here, c=1480m/s, B=2.2×109N/m2, Y11=8.13×1010 

N/m2, h=0.33m, a=0.049m. 
 

Material properties PZT-4 Aluminum Steel 
Density (kg/m3) 4500 2790 7840 
Young’s modulus(×1010

 N/m2)  6.85 21.6 
Poisson ratio  0.34 0.28 
Permittivity (×10-9 F/m) ε11=6.46, ε33=5.62   
Piezoelectric matrix (C/m2) e13=-5.2, e33=15.1, e52=12.7   

Elasticity matrix (×1010 N/m2) c11=13.9, c12=7.78, c13=7.43, 
c33=11.5, c44=3.06, c66=2.56   

Table 2:  Properties of the transducer materials 

Because the structure and vibration of the transducer is complicated, it is difficult to use 
analytic method to determine its resonant frequencies. Alternatively, Finite Element 
Method provides an effective solution of computing complicated structure vibration and 
fluid-structure interaction problem. The general-purpose Finite Element Analysis (FEA) 
software package ANSYS is used to assist in designing the transducer and predict the 
actual performance such as modal shapes and corresponding frequencies in air and the 
Transmitting Voltage Response (TVR) and admittance in water.  
 

 

Fig. 3: Finite element modal of the transducer in air (a) and in water (b) 

According to its cyclically symmetric structure, one twelfth of the transducer is 
modelled for modal analysis.  Fig. 3 shows the finite element modal in air and water. The 
properties of the transducer materials are listed in Table 2. Four main mode shapes and the 
corresponding frequencies of the transducer are shown in Fig. 4. 

The finite element model in water is shown in Fig. 3(b). Several important parameter 
including transmitting voltage response (TVR) and admittance are obtained by harmonic 
analysis. 
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Fig. 4: Four main modal shapes and corresponding frequencies of the transducer 

Fig. 5 and Fig. 6 are the computed results of admittance and TVR curve in water. From 
Fig. 5 it can be seen that there are four resonances which are 1600Hz, 2400Hz, 4100Hz 
and 5200Hz respectively. It is shown in Fig. 6 that there are also four peaks in the TVR 
curve (the third one is not very clear). The first resonance of about 1600Hz is the cavity 
resonance and the TVR corresponding is about 137.5dB (ref. 1μPa/V at 1m). In the 
frequency range from 1400Hz to 5700Hz, the minimum TVR of the transducer is 133.1dB 
at about 1900Hz and the maximum is 139.5dB at the second resonant frequency of about 
2500Hz with a difference less than 6.4dB. 
 

 

Fig. 5: Computed admittance (a) and TVR (b) at 90°direction in water 
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4. CONCLUSION  

A free-flooded flextensional transducer is proposed and with appropriate coupling 
between the tube and the beams of the shell broadband working performance is predicted 
by simulation. Its transmitting voltage response fluctuates less than 6.4dB from 1400Hz to 
5700Hz with the maximum of 139.5dB at 2500Hz and the minimum of 133.1dB at about 
1900Hz. When applying a sinusoidal voltage load of 1000Vrms on electrodes of the 
piezoelectric rings, the maximum Sound Level (SL) could achieve 199.5dB. 
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Abstract: A new type of broadband flextensional projector called gourd transducer 
because of its particular shape is introduced in this paper. This transducer mainly consists 
of a piezoelectric ceramic driving element, two steel end plates as the head and tail mass 
respectively and a specially designed aluminum shell coupling one end plate to the other. 
The shell is made up of three parts including two slotted convex segments with the same 
curvature as the major radiating shell and one ring segment between them as both the 
central mass and minor radiating shell. With this design the flex mode could be coupled to 
the longitudinal mode efficiently so as to achieve an effective balance between high power 
and broad working bandwidth. 
Using the finite element analysis, some major electro-acoustic parameters are computed. 
A prototype projector with a size of 160mm in maximum outside diameter and 356mm in 
length and a weight of about 12 kilograms in air is fabricated and then measured. It is 
verified that the projector has good performance by the measured results. The maximum 
transmitting voltage response(TVR) is 145.5dB at the longitudinal resonant frequency of 
about 3600Hz and the difference of TVR is about 9dB in the frequency range from 1600Hz 
to 5000Hz. Several promising techniques to gain enhanced performance for this type of 
transducer in the future are proposed at last. 

Keywords: flextensional transducer, multiple-mode-coupling, finite element analysis 
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1. INTRODUCTION 

With the rapid progress of modern sonar technologies and underwater acoustic 
engineering, it is more and more important to improve the comprehensive performance of 
underwater acoustic transducers and arrays. A new type of flextensional transducer called 
gourd transducer because of its particular shape similar to the gourd is introduced in this 
paper. Using the multiple-mode-coupling design technique, it could achieve better 
broadband working performance with fine qualities such as low frequency, high power 
and compact size of traditional flextensional transducer. 

2. DESIGN OF THE TRANSDUCER 

The diagram of the gourd transducer is shown in Fig.1. This transducer mainly consists 
of a driving element, two steel end plates as the head and tail mass respectively and a 
specially designed aluminum shell coupling one end plate to the other. The driving 
element is commonly made up of piezoelectric ceramic plates with thin electrodes 
connected electrically in parallel between every two adjacent plates. The shell consists of 
three parts including two slotted convex segments with the same curvature as the major 
radiating shell and one ring segment between them as both the central mass and minor 
radiating shell. With this design the flex mode could be coupled to the longitudinal mode 
efficiently so as to achieve an effective balance between high power and broad working 
bandwidth. 

 

 

Fig.1: Diagram of the gourd transducer 

Using the finite element analysis(FEA) software package ANSYS, the simplified 3D 
FEA model of the gourd transducer in air and under water could be built according to its 
cyclically symmetric structure as shown in Fig.2 (a) and (b) respectively. 
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(a) In air                                                             (b) Under water 

Fig.2: Finite element analysis model 

Several main mode shapes of the gourd transducer are shown in Fig.3 by modal 
analysis. They are the first flex mode of the shell, the longitudinal mode of the driving 
element, the second and third flex mode of the shell from (a) to (d) respectively and the 
first two modes are suit to produce high sound power. 

 

  
  (a) First flex mode                (b) Longitudinal mode 

 
                (c) Second flex mode                             (d) Third flex mode 

Fig.3: Main mode shapes of the gourd transducer 

Using harmonic analysis, several important electro-acoustic parameters of the gourd 
transducer such as admittance, transmitting voltage response(TVR) and directivity pattern 
are computed and optimised. Then the final structural parameters could be obtained to 
make the projector has ideal radiation performance. 
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3. EXPERIMENTAL RESULTS OF THE TRANSDUCER 

According to the optimization analysis results, a prototype projector shown in Fig.4 
with a size of 160mm in maximum outside diameter and 356mm in length and a weight of 
about 12 kilograms in air is made and then measured by pulse sound calibration technique 
in the anechoic water tank. The projector and the standard hydrophone are localized in the 
water with a depth of 3m and a distance of 2m between them. 

 

 

Fig.4: The prototype of the gourd transducer 

The simulated and measured results of transmitting voltage response(TVR) of the 
projector are both shown in Fig.5. It is shown that the projector has good performance. 
The maximum TVR is 145.5dB(0dB=1μPa/V at 1m) at the longitudinal resonant 
frequency of about 3600Hz. The TVR at the first flex resonant frequency of about 1900Hz 
is 137.7dB. In the frequency range from 1600Hz to 5000Hz, the difference of TVR is 
about 9dB and the source level(SL) would be over 196dB under ideal working condition 
according to the actual dimension of the piezoelectric ceramic used. 

 

 

Fig.5: Transmitting voltage response of the gourd transducer 
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4. CONCLUSION  

A new type of gourd transducer with powerful performance in very broad frequency 
range is designed and studied in this paper. Further work to gain enhanced performance 
for this type of transducer in the future would be suggested to carry out in two directions. 
One is to produce higher sound power needed at the lower resonant frequency by using the 
rare-earth giant magnetostrictive material Terfenol-D as the driving element because of its 
inherent advantages of higher strain, higher energy density and lower sound velocity 
compared with piezoelectric ceramic. The other is to expand the working bandwidth as 
broad as possible by using more efficient mode such as the cavity resonance of a free 
flooded structure, the radial vibration resonance of the driving element and so on. 
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A METHOD ON BROADBAND MATCHING FOR PIEZOELECTRIC 
CERAMIC EMISSION TRANSDUCER 
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Abstract: The classic broadband matching theory is based on theory of Youla and Fano, 
Which gives a series of limitations in the form of arithmetical or integral function. But it is 
very difficult to solve these limitations. In this paper, a method of broadband matching for 
piezoelectric ceramic emission transducer is presented and proved, which is based on the 
fundamental formulas of broadband matching theory. The complicated problem of 
broadband matching is changed to a simple arithmetical one due to explicit formulas of 
the theorem. It is shown in an example that after matching, the 3dB relative bandwidth of 
the transducer increases nearly three times while the power gain is close to 1. 
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Abstract: The HYDROFLOWN project supported by EU EUROSTARS (E! 4224-
HYDROFLOWN) program is currently developing advanced MEMS based Acoustic 
Vector Sensors (AVS) and applications using these sensors. Compared to conventional 
sensors (hydrophones) that measure only pressure, AVS measure all three components of 
the acoustic particle motion.  Because of the directional low frequency response of these 
sensors, there are a large number of applications for these sensors when they are 
integrated into surveillance systems at sea.  We have developed a bottom receiving station 
based on newly developed AVS.  Characteristics of the prototype system and results of the 
first test are presented. 

Keywords: Acoustic Vector Sensors, Hydroflown, Passive Surveillance 
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1. INTRODUCTION  

An underwater acoustic wave is a propagating energy packet which causes a 
disturbance in the ambient pressure and induces small volumetric motion. The rate of this 
volumetric motion is termed the particle velocity. Although the amplitudes of the acoustic 
pressure and particle velocity are related, the latter is a vector valued field and hence, 
carries directional information regarding acoustic energy propagation. While the scalar 
acoustic pressure is easily measured using a hydrophone, developing acoustic vector 
sensors (AVS) capable of accurately measuring the particle velocity have remained a 
major challenge.  

    A MEMS based acoustic particle velocity sensor, termed the Microflown, capable of 
measuring the particle velocity in air was developed [1, 2] and is currently being used for 
many air acoustics applications.  

With the HYDROFLOWN project that was started in 2008 and supported by EU 
EUROSTARS (E! 4224-HYDROFLOWN) program, an advanced underwater MEMS 
based Acoustic Vector Sensors (AVS) and applications are being developed based on the 
Microflown sensor. Although the working principle of the Hydroflown sensor is similar to 
the Microflown sensor, the former is designed to work underwater. Compared to 
conventional sensors (hydrophones) that measure only pressure, AVS measure all three 
components of the acoustic particle velocity, at a single point. 

2. DEVELOPMENT OF THE HYDROFLOWN 

Over the past few years, Microflown sensors have been commercially available 
worldwide for many in air applications. Microflown sensors are able to measure the 
particle velocity in a bandwidth of 0 Hz up to 120 kHz. In commercial applications in air 
the bandwidth is limited to 1 Hz–20 kHz. 

The Microflown measures the particle velocity using two parallel oriented platinum 
wire resistances. When voltage is applied across the wire terminals, the wires heat up to 
300°C. An acoustic wave propagating perpendicular to the wires results in a temperature 
difference between the wires. The upstream wire will cool down more compared to the 
downstream wire due to convective heat transfer, which will result in a change in the 
resistance of the wires. The particle velocity is proportional to the voltage change induced 
by the change in the resistance. 

With the support of the EU EUROSTARS program starting from the autumn of 2008, 
progress has been made towards adapting the particle velocity sensors for underwater 
applications. Although the working principle of the Hydroflown sensor is similar to the 
Microflown sensor, the Hydroflown is designed to work underwater and is required to be 
encapsulated in an acoustically transparent package filled with another fluid which is non-
conducting and has high boiling temperature. 

2.1. Laboratory Tests and Calibration 

To adapt the Microflown sensors to underwater use, the MEMS design and packaging 
are significantly modified, and prototype Hydroflowns are manufactured for various 
calibration and water tests in laboratories, lakes and calibrations tanks both in Netherlands 
and in Turkey. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 872 -



3 
 

The sensitivity and directivity of the Hydroflown sensor is measured in the lab. Several 
measurement set ups are developed for this purpose [3]. The standing wave tube (SWT) 
with an air particle velocity sensor as reference provides the best proof, and therefore the 
concept is explained in more detail below. 

 

 
 

Fig.1: SUASIS calibration facility in Turkey. 
 

Figure 1 shows the SUASIS calibration facility in Turkey. In a SWT, the sound 
pressure and acoustic particle velocity are related in a relatively simple manner where 
there is a possibility to compare the pressure sensitive and particle velocity sensitive 
sensors. And it is possible if a sensor under test is sound pressure sensitive or particle 
velocity sensitive. At the liquid surface the sound pressure is (almost) equal to zero and 
the particle velocity is maximal. If a hydrophone is used as reference it should not be 
placed at the surface. An air particle velocity sensor can be used as a reference just above 
the liquid surface. 

The particle velocity distribution in the tube is given by: 

cos( )probe

ref

u
kd

u
  

 
(1) 

with k  being  the wave-number, d  the length along the tube, probeu  the probe under test 
and refu  the reference velocity sensor (in air). The sound pressure has a distribution in the 
tube that is given by: 

sin( )probe

ref

p
c kd

u
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The measured response represented in the frequency domain at a certain fixed position 
in the tube can therefore be used to prove if a sensor under test is sound pressure sensitive 
or particle velocity sensitive. 

 A response of a Hydroflown and hydrophone with as reference the particle velocity at 
the open end of the tube is shown in Figure 2. The blue line is the hydrophone response 
and the red is the Hydroflown response. As can be seen, at frequencies where the sound 
pressure is high, the particle velocity is low and vice versa. This is proof that the 
Hydroflown is sensitive to particle velocity. 

 

 
 

Fig.2: Comparison of the responses of a hydrophone and Hydroflown obtained from 
standing wave tube experiments. 

 
A rotation device was fixed to the SWT for measuring the directionality of the sensor, 

as shown in Fig. 3. In the Fig. 1, the reference particle velocity sensor (in air) and the 
Hydroflown under test (just under the surface) are visible.  The directivity pattern for the 
Hydroflown sensor obtained from these measurements is shown in Fig. 3. 

 

 
 

Fig.3: Directional pattern of Hydroflown obtained from standing wave tube results. 
 

Such directivity for the Hydroflown AVS comes from its dipole behaviour. Each AVS 
is designed to be sensitive only in one direction where they are insensitive in the other 
directions. The resultant beam pattern for this type of sensor is an “8” shaped pattern. The 
vector sensor's beam patterns show cosine and sine responses. This type of beam pattern is 
essential for directional signal processing. The operational bandwidth for the sensor was 
from 5 Hz - 5 kHz. 
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2.2. Tank Measurements 

A series of measurements were conducted in the SUASIS measurement tank 
(dimensions 10×5×2.5 m) with prototype Hydroflowns having various configurations and 
packaging. The results and experiences gained from these measurements enabled the 
design of application specific packaging, such as passive stationary receivers and towed 
arrays. Fig. 4 depicts the prototype configuration during tests and placement of the 3D 
AVS inside a tube. The tube is filled with a special non-conducting liquid that can resist to 
high temperatures. 

 
 

Fig. 4: A prototype Hydroflown configuration during tests and the placement of the  
3D AVS inside a tube. 

 
During the tests, broadband transducers were used to generate burst signals. These 

signals were recorded using a 3D AVS and an omni-directional reference hydrophone. 
Fig. 5 shows the measurements obtained from a 3D AVS and a reference hydrophone and 
their respective spectra. The test signal was a 100 Hz sinusoidal test signal. 

 

 
 

Fig. 5: Plots of time domain measurements and their spectra obtained during the tank 
tests with the Hydroflown AVS. 
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3. SIGNAL PROCESSING TECHNIQUES WITH ACOUSTIC VECTOR 
SENSORS 

A Hydroflown consists of three orthogonally placed particle velocity sensors and a 
pressure sensor (hydrophone). With an AVS the direction of arrival (DOA) of a sound 
wave is measured in one location. The DOA is derived from the level differences of the 
Hydroflown signals that are caused by the polar directivity. The technique is not 
depending on frequency due to this (and not on size such as linear arrays). This feature 
makes the sensor especially suited for DOA determination for lower frequencies. 

Because the AVS has four independent outputs one can derive that it is possible to 
discriminate the DOA two statistical identical (but uncorrelated) sources (so two times 
bearing and elevation). These techniques are based on narrow-banded sources and for each 
narrow band the same technique applies, so if sources differ in frequency contents, more 
sources can be discriminated. If sources are broad banded, the number of sources that can 
be discriminated with a single AVS can raise up to eight sources [4]. 

4. APPLICATIONS 

The underwater sound field is dominated by noise from many different sources. The 
ambient noise field extends beyond average omni-directional spectra and includes 
horizontal and vertical patterns, dependencies on environmental conditions and time 
dependent fluctuations, thus making the acoustic surveillance a very complex 
phenomenon. 

During surveillance of wide maritime areas and critical coastal infrastructures major 
threats could be coming from underwater. The ability of the Hydroflown to sense acoustic 
signals in a particular direction while not sensing the noise from other directions and its 
low frequency response (5 Hz to 5 kHz) are the major advantage for passive listening 
application as described below. 

4.1. Surveillance Receiver 

Underwater surveillance networks are made of distributed sensor nodes where 
underwater acoustic signals and noise are monitored for intruders and other threats. 
Directional low frequency receivers like Hydroflown provide information to detect, 
classify and track these threats, making Hydroflown the ideal sensor for surveillance 
platforms. As a first application of the new sensor, we have developed a passive listening 
station where a 3D Hydroflown, a hydrophone, and a non-acoustic sensor package (pan-
tilt-compass) are placed on a bottom mounted unit shown in Fig. 6. This unit will be tested 
in southern Turkey during the summer of 2011.  

Directional characteristics of the Hydroflown can provide other applications.  Better 
signal to noise characteristics of vector sensors (compared to omni-directional pressure 
hydrophones) can increase the range at which underwater acoustic modems can operate. 
The research and development on AVS based underwater sensor networks is proceeding. 
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Fig. 6: Bottom mounted Passive listening unit where a 3D Hydroflown, a hydrophone 
and a non-acoustic sensor package (pan-tilt-compass) are placed in this unit. 

4.2. Towed Arrays 

Hydrophones are the most commonly used pressure sensitive sensors used for passive 
detection applications. To obtain a specific angular resolution, arrays are usually 
assembled with uniformly spaced sensors.  These arrays can be towed behind a ship, 
mounted to a hull of a ship, or fixed on the sea-bottom for various surveillance 
applications. Generally, surveillance systems are optimized for detecting signals at long 
distances where low frequency sound travel without much attenuation.  To determine the 
bearing of the received low frequency signal with high degree of directionality, long 
arrays that are several wavelengths long are needed. For a specific frequency band of 
interest, the hydrophone spacing must be less than one-half of the wavelength at the 
highest frequency to avoid grating lobes in steered array. Thus low frequency arrays must 

 

Fig. 7: Thin-Line array technology where Hydroflown sensors will be replacing 
traditional pressure sensitive hydrophones. 
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contain hydrophones that are separated by 1/2 wavelength to have good directionality. For 
example, at 100 Hz the 1/2 wavelength will be 7.5 meters and an array with 16 
hydrophones will be 120 meters long. Such arrays become cumbersome for many 
applications and require heavy cables and deck equipment. 

When vector sensors are used as receivers in a towed array, they provide high 
directivity at low frequencies, which helps to reduce the lengths and diameters of towed 
arrays. SUASIS and Microflown Technologies are developing new technologies for the 
implementing Hydroflowns on towed arrays. SUASIS already has the technology for 
designing and manufacturing traditional towed arrays with single and triplet hydrophones.  
Fig. 7 shows the thin line array under construction where Hydroflowns are going to be 
replacing traditional pressure sensitive hydrophones. 

5. CONCLUSIONS 

With this paper, several development stages of the MEMS based Hydroflown 
underwater acoustic particle velocity sensor are presented. Directivity and sensitivity 
results from lab and tank tests are provided. The Hydroflown sensor prototype is shown to 
have a high sensitivity, in particular, in the lower frequency ranges. This results highlights 
an interesting feature of the Hydroflown sensor, since other conventional array systems, 
pressure gradient sensors, and accelerometer based acoustic sensors are known to work 
better at higher frequencies. Thus, the Hydroflown sensor is a promising alternative to 
hydrophones in the lower frequency range where traditional arrays become too large. In 
addition, vector sensor arrays are not prone to problems associated with left-right 
ambiguity.  
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Abstract: The NATO Undersea Research Centre deals since many years with both active 
and passive acoustic detection within the framework of both the anti-submarine project 
and the maritime security project. For those two projects the Centre has been successfully 
developed and tested at-sea different technologies based on towed arrays and tetrahedral 
arrays for the detection of submarines and surface ships vessels. However, recently, in an 
attempt to acquire bearing information directly from the sensor, NURC decided to 
investigate on the design on a vector sensor. The purpose of this paper is to describe the 
design of two vector sensors. A full description of the design of both sensors is given 
including the accelerometers, the pre-amplifier, the housing and the wiring. For the first 
vector sensor, it is shown that careful care has been taken in the design for developing a 
small vector sensor unit, in using both on-the-shelf components as well as custom-
designed components. The idea for that miniaturization was to make sure to develop a 
vector sensor that could be fitted in NURC existing slim towed arrays. This would allow 
the performance assessment of the vector sensor in a more challenging moving 
environment in addition to its assessment in a fixed set-up mode. The second sensor has 
been developed further on and is improving the performance of the first sensor in terms of 
bandwidth and equivalent sound pressure level. The results of the two vector sensors 
calibration are described in the paper and particularly detail the obtained noise floor, the 
directivity as well as the sensitivity as a function of frequency. Field of applications of the 
developed vector sensor are eventually given based on the observed vector sensor 
characteristics. 
 
Keywords: Vector sensor, acoustics, calibration 
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1. INTRODUCTION  

 
The NATO Undersea Research Centre deals since many years with both active and 
passive acoustic detection within the framework of both the anti-submarine project and the 
maritime security project. For those projects the Centre has been successfully developed 
and tested at-sea different technologies based on towed arrays [1] and tetrahedral arrays 
[2] for the detection of submarines and surface ships vessels. With those technologies, the 
direction of arrival of detected targets is not directly obtained from the sensors but is 
estimated by advanced beamforming techniques. 
 
However, recently, in an attempt to acquire bearing information directly from the sensor, 
NURC decided to investigate on the design on a vector sensor. The sensor is a directional 
acoustic sensor that can provide instantaneous directional information with a high degree 
of accuracy [3]. The purpose of this paper is to describe the design of the vector sensor 
based on the combined use of an Omni-directional piezoelectric hydrophone and several 
accelerometers. The Omni-directional hydrophone detects the pressure of the acoustic 
wave generated by the target while the accelerometers detect the acoustic particle velocity. 
The acoustic pressure is a scalar, or non-directional quantity, but the acoustic particle 
velocity is a vector or directional quantity from which the sensor gets its name.  
 
The purpose of the paper is to describe the design of two different vector sensors 
developed by NURC and their achieved performance. The first design has focused mainly 
in the design of a small vector sensor unit, in using both on-the-shelf components as well 
as custom-designed components. The idea for that miniaturization was to develop a vector 
sensor that could be fitted in NURC existing slim towed arrays (18mm diameter). This 
would allow the performance assessment of the vector sensor in a more challenging 
moving environment in addition to its assessment in a fixed set-up mode. The second 
design, based on the same technological approach, has more focused on the development 
of a vector sensor with better sensitivity / noise floor than the previous ones. 
 
A full description of the two designs is given including the accelerometers, the pre-
amplifier, the housing and the wiring. The results of each vector sensor calibrations are 
described in the paper and particularly detail the obtained noise floor, the directivity as 
well as the sensitivity as a function of frequency.  
 

2. MINIATURE VECTOR SENSOR MKI 

 
The intention of this design is to produce a prototype Vector Sensor suitable for use 

within a small diameter towed array, (outer diameter below 30mm). As mentioned in the 
introduction, the vector sensor is based on the dual use of an Omni-directional 
piezoelectric hydrophone and several accelerometers. 
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 THE SPECIFICATION AND APPLICATION OF A FEW TYPES OF 
VECTOR HYDROPHONES 

Hong Meng, Yuebing Wang 
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Abstract: Comparing with traditional hydrophones, vector hydrophones can be used to 
detect particle velocities in acoustic fields, especially, the directivity in „8‟ shape makes 
them very applicable in some circumstances.   
In this paper, the structures of a few types of vector hydrophones are described in brief, 
and the method and facility for measuring their specifications are introduced 
correspondingly. Then, the application of vector hydrophones in a few acoustic 
measurements is reviewed. Finally, the problems in using vector hydrophones are raised, 
and related solutions are suggested. 
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 CRAMER RAO BOUNDS FOR VECTOR SENSORS 
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Abstract: The Cramer-Rao Bound (CRB) on unknown parameters imbedded for a signal 
observed in additive noise is derived.  The signal is modelled as Green’s function vector 
scaled by a complex Gaussian random variable with known variance while the noise is a 
complex Gaussian vector with known covariance. This leads to just four quantities 
involving derivatives of the Green’s function vector wrt to the parameters and the inverse 
of the noise covariance to evaluate the Fisher Information (FIM) needed for the CRB.   
This formation for the FIM is used to evaluate the performance of two examples of vector 
array.  The first is a linear towed array operation in the near field.  Bounds on the 
estimate of the range and bearing as a function of location with and without backlobe 
jammers are found.  They indicate the significant superiority of vector arrays to mitigate 
jamming and resolve port/starboard ambiguity.  The second is for a vertical line vector 
array embedded in a distributed field of azimuthally symmetric distributed noise plus 
interferences.  The results indicate that one does need a full vector array but just a subset 
of the array populated with vector sensors to obtain good azimuthal resolution which is 
impossible with a vector line array of hydrophones 

Keywords: Cramer-Rao Bounds, Fisher Information Matrices, Gauss-Gauss Parameter 
Estimation, Vector Sensor Performance 

1.  INTRODUCTION 

    Vector sensors have long been used in geophysics, physical oceanography and 
electromagnetic; however, only recently have they been used in ocean acoustics.  
Observations of the particle velocity vector as well as the pressure increases the signal to 
noise ratio against diffuse background noise and introduces additional degrees which can 
be used for adaptive nulling of directional interference.  In the construct of an array both 
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of these lead to an increase in array gain for detection.  This added gain also enhances the 
performance for parameter estimation whereby bearings, ranges, dopplers as well as 
tomographic parameters can be estimated more accurately.    

 
2. CRAMER – RAO BOUND – GAUSSIAN SIGNALS 
 
   The Cramer – Rao Bound (CRB) provides a bound on the variance for any unbiased 
parameter estimate in terms of the Fisher Information Matrix (FIM).  The lower bound for 
each parameter is given by 
 

2 1
, ,( ) ( )i i i ia J a   

 
where ( )J a is the FIM, i.e. diagonal terms of the matrix inverse.  In addition, when the 
bound is tight, the off diagonal terms approximate the correlation between the parameter 
estimates. The Slepian – Bangs [1] expression for the FIM for parameters imbedded in a 
Gaussian random vector is given by 
 

1 1
,

( ) ( )( ) [ ( ) ( ) ]r r
i j r r

i j

K a K aJ a Tr K a K a
a a

  


 
 

 
where ( )rK a is the covariance of the observation vector, r , and a  is a parameter vector.  
Here, we assume that the observation vector is a series of snapshots of the Fourier 
transform of the signals.  The parameter vector may include range and bearings for source 
localization, channel properties such as layer sound speeds, densities for tomography, or 
both for simultaneous localization and inversion.  This paper concerns source localization 
bounds. 
 
   We use the following model for the signals observed across an array  
 

( )l l lr b G a n    
 
where ( )G a is a Green’s function vector representing the propagation from the source to 
each element of the array, 1,l L is the snapshot index, lb is a complex Gaussian random 
variable independent among the snapshots each with variance 2

b , ln  is a noise vector 
independent among snapshots with covariance matrix nK and lR  is the signal observed at 
the array at each snapshot.  We have suppressed the notation for the dependence upon 
frequency.  For broadband results we simply concatenate the observation vector and 
assume the terms  and  l lb n  are independent across frequency.  This leads to an incoherent 
integration across frequency of the final result.  We note that for the vector results to 
follow each array signal may contain up to four components for the pressure and three 
velocity components.  The noise may be a sensor noise, diffuse background with 
appropriate coupling among the vector observations, discrete interference or jamming, or a 
superposition among all three.  This signal model leads to the covariance  
 

 2( ) ( )H
r b nK a G a G a K  . 
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We evaluate the terms for the FIM above by using the matrix inversion lemma, or 
Woodbury identity, for the inverse and compute the partial assuming the noise is 
parameter free.  (We term the case when the noise depends upon the parameter  a to be 
noise tomography.) This leads to 
 

1 1 2 1 2 1 1 1( )[1 ( ) ( )] ( )H H
r n b n b n nK K K G a G a K G a G a K          

 
2( ) ( ) ( )[ ( ) ( ) ]

H
Hr

b
i i i

K a G a G aG a G a
a a a


  

 
  

 

Sixteen product terms result then these are substituted in the expression for the FIM.  After 
collecting terms we find that the FIM can be found using the following four quantities: 
 

2 1( ) ( ) ( )H
nd a G a K G a ; 

 
1 ( )( ) ( )H

i n
i

G al a G a K
a

 



; 

1
,

( ) ( )H

i j n
i j

G a G al K
a a
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 2 2

2( )
1 b

a
d a







. 

 
The elements of the FIM are now given by 
 

4 2 *
, ,( ) ( ) Re( ( ) ( ) ( ) ( )) ( )Re( ( )Re( ( )i j b i j i j i jJ a L a d a l a l a l a a l a l a       . 

 
This problem has been addressed by many authors as cited in Ref [1]; however, this 
appears to be the first formulation in this format.  We also note that there is a 
straightforward extension of these results to both the broadband model and to an active 
signal. [2]  We now apply these results to two vector sensor arrays. 
  
 
3. NEARFIELD TOWED ARRAY: COMPARISON OF HYDROPHONE AND 
VECTOR SENSOR RANGE AND BEARING PERFORMANCE 
 
    We consider a 16 sensor towed array oriented along the y axis and a passive source with 
a passive source located at range R  and bearing   which leads to the coordinates 
( cos( ), sin( ))R R  .  We want to determine the CRB for a joint estimate of the range and 
bearing.  The pressure signal at each sensor located along the y axis a iy  is given by 
 

2 22 ( cos( )) ( sin( ) )
( , ) i

i

j R R yl l l
i pp R b e n
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where ( , )l
ir R  is the observation at the ith sensor for snapshot l, lb is a Gaussian random 

variable with variance 2
b proportional to the transmission loss and 

i

l
pn is the pressure 

sensor noise, independent among sensors each with a variance 2
n .  (We have neglected 

the (1/R) dependence across the array.)  The signals observed by a vector sensor can be 
found using the continuity of momentum from the pressure signal.  This leads to  

2 22

| cos( ), sin( )
( , )

i xi
i

j x yl
l
x v

x R y R y

b ev R n
j x





 






  


 
 

  

2 22
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i yi

i

j x yl
l
y v

x R y R y

b ev R n
j y





 






  


 
 

. 

 
The noise terms ( , )

x yi i

l l
v vn n are independent among themselves and snapshots and have the 

variance 2 2 /v p c   , i.e we have set the pressure and velocity variances equal after 
compensating for the acoustic impedance c . (Unequal variances can easily be included.)  
Collecting the three terms we observe the vector  
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,            

 
 which has the form of the above model.  The derivatives wrt to the parameters are 
straightforward, but a bit tedious. Note that the phase dependence upon the array location 
introduces wavefront curvature effects upon the model. 
 
   We examine the performance of the array when the SNR at the sensors is unity, or 12 dB 
for the full pressure array in Figure 1.  For the CRB on the range any value greater than 
unity is hardly a good measurement with the standard deviation equal to the true value.  
We can observe that the hydrophone array performance is well bounded by the apparent 
Fresnel range while the vector array works out to roughly twice the apparent Fresnel 
range.  Recall that this range is a factor of 2 /L   times the apparent length of the array. In 
both case a higher SNR is needed to make them useful at scales of the Fresnel range.  The 
bearing performance at the bottom suggests that the vector array has a resolution twice 
that of the pressure array.  This is roughly consistent with the vector sensor having three 
times the number of sensors. 
 
   The value of the vector array becomes more evident when we consider the CRB in a 
jamming environment.  For this we introduce three uncorrelated jamming sources at (145, 
150, 155 deg) at range 500 m each with a 35 dB noise level.  Each has the same Green’s 
function model as described for the CRB formulation.  These are now included in nK and 
inverted as prescribed by the above formulae.  This leads to performance illustrated in 
Figure 2. We need to plot the full (0, 360 deg) bearing since the jammers introduce an  
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Fig. 1: Comparison of the performance of 16 element hydrophone and vector arrays. 
Horizontal axis is bearing; vertical axis range.  Top – the CRB  normalized by the true 

range /R R , left hydrophones – right vectors; Bottom – the CRB bearing, left 
hydrophones – right vectors.  The black line is the reciprocal of the Fresnel range 

corrected for apparent aperture vs bearing. 
------------------------------------------------------------------------------------------------------------- 

 
asymmetry around the y axis and the vector sensors have a full 360 deg response.  We 
observe that except at the angles of the jammers, their mirror images and at endfire  the 
arrays have similar performance as the free field environment with the vector array having 
an improved resolution on the order of a factor of two.  Note, however, that the 
hydrophone array is jammed at both the jammer angles and their mirror images whereas 
the vector array is not and even suggests a small capability at close ranges to mitigate the 
jammers at their same angles.   Both arrays have high CRB’s at endfire since there is no 
apparent aperture.  This indicates that a compelling advantage of vector arrays is to  
mitigate right/left ambiguities and reject backlobe jamming. 
 
4.  3D CRB PERFORMANCE OF VERTICAL ARRAYS 
 
We consider now a more complicated example illustrating the capabilities of vector 
sensors to define the resolution capabilities of a vertical array.  We model the ambient 
noise to have three components: i) a background sensor level for convenience set at 0 dB; 
ii) a correlated noise modelling the continuous distribution of shipping and local wind 
noise; iii) two directional interferers either local shipping or purposeful jamming.  This 
leads to a covariance for nK given by  
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Figure 2: Comparison of CRB bearing for hydrophone and vector arrays.  Horizontal axis 
is bearing; vertical axis range. Top – hydrophone array CRB; bottom vector CRB bound. 
------------------------------------------------------------------------------------------------------------- 
 

n sen cont disK K K K    

The background sensor level noise is modelled to uncorrelated from sensor to sensor and 
among the pressure and vector components of each sensor.  This leads to  
 

2
sen sensK I  

 
with  2 1,  or 0  re 1 /sen dB Pa Hz  for convenience. The vector sensors are assumed to 
have been converted to pressure by scaling by the acoustic impedance.  Note that sensK  in 
general is a 4N dimensional identity matrix representing one pressure and three vector 
observables. The continuous contribution is modelled to have an azimuthally symmetric 
distribution and a vertical distribution given by    / ( )P Pa Hz rad   .  This leads to the 
spatial covariance among sensors given by 
 

22 sin( )2 2

2

1 2( ) cos( ) cos( )
2

zj

cont o x yK P J e d











   



 



 
    

 
  

The above represents the pressure covariance.  The vector sensors imply a 4x4 covariance 
at each sensor separation involving the expectations of pressure x velocity and velocity x 
velocity.   These are found from the acoustic covariance by exploiting the continuity of 
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momentum between pressure gradients and velocity components and the rules for the 
derivatives of stationary (homogeneous) random processes.  We have for example 
 

 

2

2
1 1,   

x x y

cont cont
p v v v

x x y

K KK K
j 

 
  

  
. 

 
When done for all the combinations of pressure with velocities and velocities with 
velocities that this leads to a 4x4 submatrix at each sensor separation, or a 4Nx4N 
dimension for each of the components of nK .  (The dimensions of vector fields grow fast 
which certainly aggravates the number of snapshots and sample support problem.)  We 
note that there is usually a scaling by the acoustic impedance to bring all the quantities to 
acoustic pressure.  Each directional interference is represented as the outer product of 
projection on the array.  We have for the projections  
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where ( , )j j  are the elevations and azimuths of the jammer.  The discrete, or jamming 
component is now given by 
 

2

1

jN
H

dis j j j
j

K E E


 , 

 
where the 2

j ’s are levels of the jammers in   1 /dB re Pa Hz . 
 
A significant problem for vertical line arrays, VLA’s, such as used with Matched Field 
Processing is the complete lack of horizontal resolution. We consider an illustrative 
example of the azimuthal resolution capabilities of VLA’s when we add a vector, or even 
partial vector, sensing capability.  We consider the above model with a continuous 
component representing  a strong noise near 0 deg elevation.   For this we use 
 

16( ) 3(1 30cos ( ))P     
 
corresponding to approximately a 10 deg sector where the level increases from 5 to 20 dB.  
We also add two discrete interferers at (45, 75 deg) and (-60, -45 deg) each with a 30 dB 
jamming level.  We examine the azimuthal resolution capabilities of two 16 sensor 
VLA’s.  One is completely populated with four component vector sensors while the 
second has just the center eight using vector sensors.  We emphasize that a hydrophone 
array has no azimuthal resolution unless one tries to exploit tilt.  Figure 3 compares the 
CRB for the azimuthal resolution with the left a fully populated vector array and the right 
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being partially populated.  There are a number of phenomena to note in the comparison.  i) 
The resolution of both arrays is degraded at endfire.  ii) The vector array has 
approximately 5 dB better resolution along the 0 deg elevation with the high sector noise.  
This is consistent with the 3 dB detection performance improvement with the hybrid array 
having one half the number of vector sensors.  iii)  Both arrays are able to isolate the 
impact of the jammers to relatively small azimuthal angles whereas a hydrophone array is 
completely jammed at these elevations.  The vector array is slightly impacted and the 
hybrid array has approximately a 30 deg sector of degraded  performance.  This suggests 
that a fully populated vector is not needed for useful azimuthal jamming rejection. 

Figure 3: Comparison of a fully populated vector VLA with one with a subset of vector 
sensors positioned around the center.  The axes are bearing in the horizontal and 
elevation in the vertical.  The colorbar is in dB (0, 20) re 1 deg => 10dB = 10 deg 

standard deviation for the CRB 
5. SUMMARY 

 
     A compact version for the CRB for estimating parameters imbedded in an arbitrary 
Green’s function scaled by a complex Gaussian gain observed  in additive  Gaussian noise 
is derived.   It is used to analyze vector array performance in a near field and for jamming 
and spatially distributed noise.  
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 FINITE ELEMENT MODEL DEVELOPED FOR RIGID CYLINDER 
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Abstract: The properties of the scattered acoustic vector fields generated by infinite-
length and finite rigid and elastic cylinders are investigated. Analytical solutions are 
derived from general acoustic pressure scattering models, and analyzed for wave numbers 
in the resonance region.  The separable active and reactive components of the acoustic 
intensity are used to investigate the structural features of the scattered field components.  
Numerical results are presented for the near and transition regions.  A finite element 
model is developed for a rigid cylinder and compared to measured results in-air using an 
anechoic chamber and acoustic vector sensor probes to measure the scattered acoustic 
vector field.  The finite cylinder model and analysis is then extended to include an 
evacuated thin-walled elastic shell.   Sensitivities to target material propoerties and 
composition is illustrated.  Using these results, the vector properties of the time-
independent complex intensity components and their relations to field energy density 
quantities are summarized. 
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Abstract: A study of fundamental problems of the wavefields that are the reaction of fluid 
continuum on two kinds of primary actions in fluid, then on two kinds of elementary point 
sources, is presented in this paper, based on the assumption of the physical duality of 
linear fluid mechanics and the formal symmetry of mathematical description. The two 
fundamental wavefields generated in fluid by physical point sources are discussed in 
detail, first in the physical perspective. An original approach is next presented to the 
wavefield mathematics, involving the addition of a concept of time-space coupling 
operators directly related to source-fluid one-way physical impacts, to the traditional 
description based on the free-field Green’s function. A new perspective on the phenomena, 
presented in this paper, endeavours to establish the right equilibrium between 
mathematical formalism and physical phenomenology in the  perception of acoustic 
wavefields.  

Keywords: pressure field, particle velocity field, point sources, scalar source, vector 
source, acoustic wavefields 
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1. INTRODUCTION 

In traditional acoustics, particle velocity representing the vector aspect of acoustics is 
almost absent as an autonomous field quantity. It is unjustly marginalized, being often 
treated as if it were merely a derivative of scalar quantities, either the acoustic pressure or 
the velocity potential. The present author recognizes that it is an important task to 
establish an equilibrium and formal symmetry in the physical, phenomenological image of 
acoustics. In fact, acoustics concerns a cooperation on an equal footing of two basic 
mechanical properties of fluid continuum, i.e. inertia and elasticity. 

Analogies should be perceived between electrodynamics and acoustics, as in both cases 
two distinct kinds of basic interactions are taken into account. It is commonly admitted in 
electrodynamics, that dual interactions take place in “aetheric” vacuum, namely electro-
magnetic and magneto-electric ones. In the author’s opinion, the same dual roles should be 
attributed in acoustics to elasto-dynamic and dynamo-elastic interactions in fluid. 

The present study starts from putting both Euler’s conservation equations into the most 
symmetric form. Two basic equations of acoustics are then derived in an original, integral 
form that expresses directly two kinds of action-reaction causal chain. The solutions of 
these equations each describe a pair of coupled pressure-velocity fields of a wave 
character. Specific features of these scalar-vector fields turn out to be exclusively source-
dependent. Fluid itself carries each of these linear mechanical wavefields as it has been 
impressed by the primary source-fluid impact, without modifications other than magnitude 
decrease with distance and time delay.  

2. FLUID MECHANICAL BASICS 

It is worth stressing here a fundamental importance of the phenomenological notion of 
particles in material continua, ingeniously introduced by Euler [1] who creatively 
developed D. Bernoulli’s concept of virtual surfaces separating contiguous regions. Since 
then, flow across a surface, and force acting onto a surface have still been valid elements 
of a mental model of mechanical phenomena in fluids. Both inertia and elasticity of 
particles count when regarding mechanical phenomena from either dynamic or energetic 
point of view. Similarly, the velocity of particle movement and the pressure exerted by 
deformed particles should be seen as physical quantities playing roles that are distinct but 
of equal importance. 

When applying linear acoustics approximation to Euler’s relations of fluidmechanics, 
they can be put in the following symmetrical form expressing an action of nonuniform 
elastic deformation, on the one hand, and of nonuniform matter flow, on the other. Usually 
presented in a partial differential form, these relations are here put in an integral form, 
better exposing the cause-effect dependency: 

.,

,),(
1

),(),),(
1

),()

actionflowreactionelasticactionndeformatioreactiondynamic

dttxvdivtxpbdttxpgradtxva

⇐⇐

−==−= ∫∫
rrrrr

κρ  (1) 

In the above equations, acoustic pressure p  and particle velocity v
r

 represent, 
respectively, the elastic deformation, being a scalar effect, and the inertial movement, 
being a vector one. At any time t  and place x

r
, both quantities are related to each other, 
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equations (1) expressing two fundamental laws formulated by Euler for a fluid continuum 
with two characteristic parameters: (1) mass density ρ  and (2) elastic compressibility κ  

(the latter parameter is the inverse of the fluid bulk modulus: 1−= Yκ ). Eq. (1a) is an 
integral expression of the momentum conservation law stating that the local momentum 
density rate of change is forced by the spatial disequilibrium of the pressure, viz. its 
gradient. Eq. (1b) concerns, in turn, the mass conservation stating that the local pressure in 
an unbalanced flow changes at a rate proportional to the mass flow divergence. In fact, the 
latter law means local density change that manifests itself in a proportional pressure 

change, ( ) ρρκ ∂=∂ −1p . 

3. SECOND-ORDER RELATIONS IN FREE ACOUSTIC FIELD 

In classical fluidmechanics, eq. (1a) concerns dynamics of inertial incompressible fluid, 
while eq. (1b) deals with elastic fluid in quasi-static flow conditions. In acoustics, fluid is 
considered both elastic and inertial, hence the two relations act simultaneously, meaning 
that pressure and velocity fields are in a continuous reciprocal interaction. 

Depending on which of two possible actions can be seen as a primary, the other one is 
the first fluid reaction that becomes next a secondary action and causes a final reaction. As 
both interactions take place at the same time and location, the result has the sense of a 
local dynamic state. And there are two of them – one initiated by a primary deformation 
imbalance, the other one by a primary flow imbalance. Analysed phenomenologically, it 
leads to the following distinct relations with a specific vector-scalar symmetry: 
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∂
∂
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The above equations are the result of an action-reaction synthesis of elasto-dynamic 
and dynamo-elastic equilibrium conditions in an homogeneous fluid: a self-affecting 
compression imbalance (eq. 2a) and a self-affecting flow imbalance (eq. 2b), both of 
clearly local character. In fact, they are relations of two possible dynamic states of fluid 
continuum particles. Obtained originally in an integral form, they have been easily 
transformed into the commonly known differential one.  

The formal convention used in eqs (2) indicates: (1) the duality of elastic and dynamic 
mechanical phenomena, (2) the symmetry of scalar-vector formal description and (3) the 
primacy of local phenomenological relations over mathematical solutions of global 
character. The latter is being stressed by intentional resignation of involving some 
customary elements. First, the original double space differential operators graddiv  and 

divgrad  have been maintained, not being replaced by the laplacian 2∇ . Second, the 
wave-like character of the solution has not been assumed, and the propagation speed of 

wave disturbances κρ/1=c  has not been introduced as a parameter. It is well known 

that the above acoustic homogeneous equations have myriad solutions. However, in the 
present study there is no reason to discuss these solutions, as the goal is to indicate clearly 
differences between the relations and to reveal their equal importance. 

In textbooks that mention the velocity equation, the double differential operators in eqs. 
(2) are usually put both in the form of laplacians, the scalar one and the vector one, 
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respectively, and presented as being equivalent in a field void of vorticity. In fact, only 
plane wave solutions of the two equations turn out to be similar. On the contrary, it can be 
shown that in the presence of point sources, the two operators lead to significantly 
different results [3]. 

4. POINT SOURCES AND THEIR COUPLING TO FLUID 

The present section deals with dynamic equilibrium conditions in fluid when a previous 
balance is being disturbed either by an external matter inflow or an external force. The 
notion of a point source is related to the distribution representation of an infinitesimal, 
quasi-point volume mathematically represented by the three-dimensional space-domain 
Dirac distribution )(x

rδ . Two possible point sources induce two kinds of acoustic field 
that can be seen as fundamental ones. Each one is specific to its source, being a sort of 
composed wavefield rather than a wave.  

An external matter inflow )(tQ into a point, is a scalar source. It induces a density (i.e. 
pressure) change around the source as a natural initial reaction, the latter playing next role 
of a primary in-fluid action: 

.

,)()(
1
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actionsourcereactioninitialfluid

dtxtQtxpQ

⇐

= ∫
rr δ

κ        (3a) 

In this case, the action-reaction causal chain leads to the following relation: 

( ) ( ) ( )
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that can be equivalently put into a differential form: 
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∂=−
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with an accompanying velocity field calculated as: 

.),(
1

),( ∫−= dttxpgradtxv QQ

rrr

ρ
        (3d) 

A vector source dual to the previous one, is a force FtFtF ι̂)()( =
r

. Its implementation, 
however, creates a surprising mathematical problem, as a point force cannot be effectively 
applied to non-viscous fluid. It can merely be executed through a coupling surface. A rigid 
spherical surface turns out to be the right one; and the flow around a force-driven sphere is 
a primary in-fluid action of the desired wave-like character.  

.

)()(
1

),(

actionsourcereactioninitialfluid

dtxtFtxvF

⇐

= ∫
rrrr δ

ρ        (4a) 

It should be noted that the above description has a symbolic sense only, as the right 
hand side concerns a point vector, whereas the left hand side deals with a vector field in 
the vicinity of the point. It is thus clear that formally they cannot be equal. 

Here, the action-reaction causal chain leads to the following relation dual to eq. (3b): 
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that can be equivalently put into a differential form: 
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with an accompanying pressure field calculated as: 

.),(
1

),( ∫−= dttxvdivtxp FF

rrr

κ
        (4d) 

5. POINT SOURCES AND THEIR WAVEFIELDS  

The fields described by eqs (3c) and (4c) can be calculated starting from a 
mathematical time-space differential wave equation related to an impulsive scalar point 
source, with so-called Green’s function ),( txg

r
as its solution: 
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     (5) 

When compare eqs (3c) and (5), the solution of the first equation becomes clear: 

.)/(
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),()(),( crtQ
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t
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∂
∂=∗

∂
∂=

π
ρρr

        (6) 

The dual case of eq. (4c) is less obvious. It is worth introducing here a vector 
equivalent of eq. (5), related to impulsive vector point source oriented according to the 

point force, with ),( txhF

rr
as the solution: 
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When eqs (4c) and (7) are compared, the general form of the solution of the first one 
becomes clear: 

),,()(),( trhtF
t

txv FF ϑκ
rrr ∗

∂
∂=           (8) 

The specific form of the velocity, however, is not so simple, and the around-the-rigid-
sphere overflow is not really present in textbooks in a complete, time-domain form. 
However, the solution is to be found from the dipole-like pressure field: 
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The application of eq. (1a) to eq. (9) gives quite a complicated result:  

( )

( ) .)/(
4

sinˆcosˆ2

)/(
4

sinˆcosˆ2

)/(
4

cosˆ),(

3

2

2

dtcrtF
r

c
r

crtF
r

c
r

crtF
tr

rtxvF

∫ −++

−++

−
∂
∂=

π
κϑϑϑ

π
κϑϑϑ

π
κϑrr

      (10) 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 903 -



 

Luckily, the proof of correctness is straightforward – when eq. (1b) is applied to eq. 
(10), eq. (9) is obtained as the pressure accompanying the force-induced velocity. 

When eqs (8) and (1) are compared, it transpires that the vector solution of eq. (7) is: 
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    (11) 
that can be symbolically presented as a convolution integral of scalar Green’s function 

),( txg
r

 representing the time-space wave action and symbolic vector operator ),,( trTF ϑ
r

 
describing the transformation of the point force into the flow velocity field, mentioned 
while commenting symbolic meaning of eq. (4a):  
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Above, )(tH  is the unit step function defined as the integral of )(tδ , and )(tΛ  is the 
unit slope function being the integral of )(tH . The coupling operator eq. (13) is composed 
of five components of various time and space features. Three of them are radial, with 
directional coefficient ri ˆˆcos ⋅=ϑ , where ϑ  is the zenith angle between the source vector 
and the radial one. Two others are tangential, with directional coefficient ϑsin . The first 
component makes the acoustic field directional, as in the scalar double-source case. The 
remaining ones describe secondary and tertiary effects that decrease with the second and 
third powers of the distance.  

It is noteworthy that the coupling operator has a “purely” physical, fluidmechanical 
sense, while Green’s function has a “purely” mathematical, time-space one. 

6. CONCLUSION 

The present approach proves a clear distinction and equivalence of both the aspects of 
linear acoustics. The author started with the conviction that each line of mathematical 
transformations should have clear physical interpretation, coming to the conclusion that 
one should go deeper - each line of mathematical description should express a specific 
physical interaction. This approach leads to a new look on waves and fields. Waves as 
they are mostly presented are mathematical entities. Mere wavefields of a kind described 
in the paper can be a physical reality. 
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Abstract: A three-dimensional underwater probe, employing 4 standard hydrophones 
located at the vertexes of a tetrahedron, has been built and tested inside a pool and in the 
sea. A new 4-channels, self-contained, waterproof recording system was employed 
(“Soundfish”), capable of storing the signals coming from the 4 hydrophones on an SD 
card, in standard WAV format.  
The recorded signals are later analyzed by means of the Ambisonics theory, employing a 
matrix of 4x4 FIR filters. The coefficients of these filters have been computed by inverting 
a large number of impulse response measurements performed inside a test pool, from 
many different directions. As result, vector decomposition of the sound field was obtained, 
containing a set of 4 signals, corresponding the 0th and 1st order spherical harmonics of 
the sound pressure field (pressure and particle velocity).  
Hence, the instantaneous Sound Intensity vector can be computed, from which the three-
dimensional direction-of-arrival of the sound can be obtained, and the position of the 
predominant noise source can be tracked continuously over a marine map of the area.  
The paper provides a detailed description of the Soundfish recorder, discloses the 
mathematical and physical details of the signal processing performed, and presents the 
analysis of some recordings collected at the Miramare Marine Reserve, Trieste, ITALY. 

Keywords: pressure-velocity probe, vector analysis, location tracking 
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1. INTRODUCTION  

Boat noise represents a chronic source of harassment for fish species, whose 
communication for inter- and intra-sexual selection is mainly based on low frequency 
sound signals [1]. Investigating the impact of boat noise on target fish species is 
particularly relevant for coastal MPAs, which are biologically rich locations deserving 
protection from anthropogenic pollutants. Although many fish species are primarily 
sensitive to the kinematic components of the sound field [2], namely to particle 
acceleration, both background and boat noises have been characterized so far mostly by 
means of sound pressure measurement.  

In this work, a novel hydrophonic probe (“Soundfish”) is presented, developed based 
on the long-known technology known as Ambisonics [3].  

The probe is built employing 4 standard hydrophones, placed at the vertexes of a 
tetrahedron. The probe is also equipped with a waterproof 4-channels sound recorder, 
capable of recording continuously for more than 24 hours, or to be self-activated by 
sounds exceeding a preset threshold for long-term monitoring of noisy events.  

The sound pressure signal and the three signals corresponding to the Cartesian 
components of particle velocity are later obtained by post processing the 4-channels 
recording, by means of a suitable filter matrix. 

 This allowed for characterization of the sound field not just in terms of sound pressure, 
but also of the three Cartesian components of the particle velocity. A further post 
processing of the pressure-velocity recordings allow for detecting the three-dimensional 
direction-of-arrival of the sound: this makes it possible to track the trajectory of a boat 
moving at short distance from the probe.  

With suitable playback equipment, it is also possible to employ these pressure-velocity 
recordings for reconstructing the three-dimensional acoustical soundscape inside a 
controlled environment (that is, a region of space surrounded by a reasonable number of 
loudspeakers, say 8). This can be used both for underwater playback experiments (with the 
goal of assessing the behavioural reactions of marine species to noise stimulation), and for 
recreating the underwater sound in air (useful for example in marine museums, aquariums, 
etc, for providing the visitors with a realistic soundscape). 

2. DESCRIPTION OF THE “SOUNDFISH” APPARATUS  

The probe is simply a small holder for 4 standard hydrophones (Aquarian Audio mod. 
H2b). These 4 hydrophones are located at the vertexes of a tetrahedron, at a distance form 
its center (radius) of approximately 150mm. This is the underwater equivalent of a 
Soundfield™ microphone.  

This size of the probe was chosen for optimizing its behaviour in the frequency range 
of 100 Hz to 10 kHz, but if a lower frequency range is required (for ship noise, for 
example), the hydrophones can be mounted at a larger radius by means of spacers. 

The recording system is based on a modified ZOOM H2 digital sound recorder, re-
named Brahma, capable of recording the signals coming from the Soundfilsh probe. The 
recorder operates at 48 kHz, 24 bits and records standard uncompressed WAV files over a 
16Gb or 32 Gb SD card.  

These recordings are easily post-processed on a PC. A software tool, named 
Brahmavolver, was developed for converting the raw signals coming form the 4 
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hydrophones to the 4 output signals, representing respectively the sound pressure and the 
three Cartesian components of particle velocity. The processing is based on the use of a 
matrix of 4x4 FIR filters, currently 2048 points long. In our approach [4] the filter 
coefficients are computed numerically, inverting a matrix of measured impulse responses, 
obtained with the sound source placed at a large number D of positions all around the 
probe, as shown in Fig. 1. 

 

m = 1 … M 
hydrophones 

d  = 1 … D 
source positions 

d (t) 

  

Fig. 1: Impulse response measurements, performed inside a pool. 

In the following chapters, the theory for performing the numerical signal processing is 
first explained, then the results of some preliminary experiments made for testing the 
Soundfish apparatus in the sea are presented. 

3. THEORY 

Given an array of transducers, a set of digital filters can be employed for creating the 
output signals. In our case the M=4 signals coming from the hydrophones need to be 
converted in V=4 signals yielding the desired virtual directive sensors: so we need a bank 
of M×V (4x4) filters, as shown in Fig. 2. As always, we prefer FIR filters. 

   
SIGNAL 

PROCESSOR 

x1(t) 
x2(t) 

xM(t) 
M inputs 

y1(t) 

y2(t) 

yV(t) 

. . . 
. . . V outputs 

. . . 

x1(t) 

x2(t) 

xM(t) 

h1,1(t) 

h2,1(t) 

hM,1(t) 

y1(t) 

 

Fig. 2: Scheme of the signal processing. 

Assuming xm (m=1..M) as the input signals of M hydrophones, yv (v=1..V) as the output 
signals of V virtual sensors and hm,v the matrix of filters, the processed signals can be 
expressed as: 





M

m
vmmv thtxty

1
, )()()(  

 
(1) 
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Where * denotes convolution, and hence each virtual sensor signal is obtained 
summing the results of the convolutions of the M inputs with a set of M proper FIR filters. 

One of the most used techniques when employing arrays of transducers arranged at the 
vertexes of a regular polyhedron is the Ambisonics method: in this case the directivity 
patterns of the virtual sensors correspond to the zero and first order spherical harmonics. 
The zero-order harmonic Q0 has a polar pattern shaped as a sphere, that is, an 
omnidirectional sensor, so in practice it corresponds to an ideally-omnidirectional pressure 
sensor. 

The first-order harmonics are three, Q1,x, Q1,y and Q1,z shaped as “figure-of-8”, aligned 
with the three Cartesian axes. The virtual sensors hence are particle velocity transducers, 
and the signals processed by these filters are the Cartesian components of the particle 
velocity. 

Fig. 3 shows a three-dimensional representation of the polar patterns of the 4 virtual 
sensors: 

 

Fig. 3: Zero and First Order spherical harmonics. 

The mathematical functions describing these polar patterns are the following: 
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(2) 

The processing filters h are usually computed following one of several complex 
mathematical theories, based on the solution of the wave equation, often under certain 
simplifications, assuming the transducers are ideal and identical. In some implementations 
the signal of each microphone is processed through a digital filter for compensating its 
deviation, with a heavier computational load. 

In this novel approach no theory is assumed: the set of filters h are derived directly 
from a set of anechoic measurements. A matrix of measured impulse response coefficients 
c is formed and the matrix has to be numerically inverted (usually employing some 
approximate techniques, such as Least Squares plus regularization); in this way the 
processed signals are maximally close to the ideal responses prescribed. This method also 
inherently corrects for transducer deviations and acoustical artefacts (shielding, 
diffraction, reflection, etc.).  
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The characterization of the array is based on a matrix of measured anechoic impulse 
responses c, obtained with the sound source placed at a large number D of positions all 
around the probe, as shown in Fig. 1. 

The processing filters h should transform the measured impulse responses c into the 
prescribed theoretical impulse responses p: 




 
M

m
dmdm Ddphc

1
, ..1  

 
(3) 

Please notice that in practice the target impulse responses pd are simply obtained 
applying a direction-dependent gain Q, given by eq. 2, to a delayed unit-amplitude Dirac’s 
delta function:  pd = Q()•. 

Computation is easier in frequency domain (that is, computing the complex spectra, by 
applying the FFT algorithm to the N-points-long impulse responses c, h and p). Let’s call 
C, H and P the resulting complex spectra. This way, the convolution reduces to simple 
multiplication between the corresponding spectral lines, performed at every frequency 
index k: 
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(4) 

Now we pack the values of C, H and P in proper matrixes, taking into account all the M 
input microphones, all the measured directions D and all the V outputs. Hence: 

 
 
 DxMk

DxV
MxVk C

PH   
 

(5) 

This over-determined system doesn’t admit an exact solution, but it is possible to find 
an approximated solution with the Least Squares method, employing a regularization 
technique for avoiding instabilities and excessive signal boost [5]. The block diagram of 
the least-squares method is shown in Fig. 4: 

 
Fig. 4: Scheme of the Least Squared method with a delay in the upper branch. 

In this scheme we observe the delay block , required for producing causal filters, and 
the resulting total modelling error e, which is being minimized by the least-squares 
approach. In our case, this delay is embedded in the prescribed “target functions” Pd, as 
already explained. 

In general, the frequency-domain representation of a Dirac’s delta delayed by n0 
samples is given by: 
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In our case, the “optimal delay” n0 chosen was simply N/2, that is, half of the length of 
the filters. 

Furthermore, a regularization parameter is required in the denominator of the matrix 
computation formula, to avoid excessive emphasis at frequencies where the signal is very 
low.  

So the solution formula, which was first proposed in Kirkeby et al. [5], becomes: 
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As shown in the image below (Fig. 5), the regularization parameter  is frequency-
dependent. A common choice for the spectral shape of the regularization parameter is to 
specify it as a small, constant value inside the frequency range where the probe is designed 
to work optimally, and as much larger values at very low and very high frequencies, where 
conditioning problems are prone to cause numerical instability of the solution. 

 

Fig. 5: Regularization parameter in dependence of the frequency. 
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Fig. 6: Polar patterns of the Soundfish probe at 500 and 1000 Hz. 
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4. FIRST EXAMPLES OF USE OF THE SOUNDFISH PROBE 

4.1. Preliminary tests in pool 

A suitable number of impulse response measurements were performed on the 
Soundfish probe inside the test pool, kindly made available by WASS in Livorno, Italy, as 
shown in Fig. 1. A turntable, controlled by our Aurora software, was employed for 
automatically rotating the probe in steps of 30 degrees both along azimuth and elevation, 
yielding a set of 72 impulse responses uniformly distributed all around the sphere. 
Previous Fig. 6 shows some of the results of these preliminary tests: the polar patterns of 
the pressure and particle velocity in two octave bands. 

4.2. Field recordings  

The probe and the Brahma recorder were placed on the sea bottom, at a depth of 8m, 
inside the protected area of the Miramare Reserve. A 30 minutes long recording of the Sea 
Ambient Noise (SAN) was performed, followed by recordings of a boat passing near the 
probe. The analysis of these recordings allowed for the computation of 1/3 octave band 
spectra of both sound pressure level (SPL) and particle velocity level (PVL), computed 
with reference to the standard quantities for underwater acoustics (1 Pa and 1nm/s). 
Furthermore, the particle acceleration levels (PAL) can be easily derived from the values 
of particle velocity levels, following the procedure described in Picciulin et al. (2010).  

Fig. 7 presents the analysis of the recordings, showing the 1/3 octave band spectra in 
terms of SPL and PVL of the SAN and of the boat passage. 

Sea Ambient Noise - wide-band: SPL=132.1 dB - PVL = 80.2 dB 
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Boat passage - wide-band: SPL=162.6 dB - PVL = 109.8 dB 
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Fig. 7: SPL and PVL spectra: Sea Ambient Noise (left) and boat passage above the probe 
(right). 

It can be seen how the pressure and velocity spectra differ, due to different acoustic 
impedance occurring for near, coherent and far, diffuse sound fields. 

Albeit only the overall magnitude of the particle velocity vector is reported here, the 
data obtained allow for computation of the direction of the vector, making it possible to 
know, at any instant, the position of the sound source. Fig. 8 shows the coordinates of the 
estimated position of the sound source overplotted on the map of the site. Result is in good 
agreement with the real trajectory of the boat. 
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Fig. 8: Coordinates of the estimated position of the sound source (Miramare - TS). 

5. CONCLUSIONS 

The new Soundfish probe can be employed for an analysis of the cause-effect 
relationship, as at every instant the position of the source, relative to the receiver, is 
known, alongside with the quantities relevant for assessing the impact of human-produced 
noise over marine species, either sensitive to sound pressure or to particle motion. The 
reliability of the new measurement system must now be assessed by employing it in a 
number of surveys, under different sea conditions, at different depths, and with various 
kinds of noise sources. It could also be advisable to repeat the calibration in the pool, 
employing narrower angular steps, for ensuring computation of even better digital filters. 
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 EFFECTS OF COMPRESSIBILITY ON THE RADIATION AND 
VISCOUS DAMPING TERMS IN THE SCATTERING AND 

EXTINCTION CROSS-SECTIONS OF A SINGLE SPHERICAL 
BUBBLE: A PUZZLE SOLVED AND A PUZZLE POSED 

Michael A. Ainslieab,   Timothy G. Leightonb 

aTNO, Stieltjesweg 1, 2628 CK, Delft, The Netherlands 
bInstitute of Sound and Vibration Research, University of Southampton, United Kingdom  

Michael A. Ainslie: michael.ainslie@tno.nl  

Abstract: In [M. A. Ainslie & T. G. Leighton, Underwater Acoustic Measurements 
(Heraklion, Crete, 2007), pp 571-576], the authors described a discrepancy between the 
radiation damping coefficients in the models due to Weston and to Medwin describing the 
scattering cross-section of a single spherical bubble.  The resolution of that discrepancy 
[M. A. Ainslie & T. G. Leighton, J. Acoust. Soc. Am. 126, 2163-2175 (2009)] is 
summarised, and a new question posed related to viscous damping, as follows.  The usual 
derivation of bubble damping due to viscosity assumes an incompressible medium; in that 
derivation, dilatational viscosity is neglected on the grounds that there is no compression.  
Modern theoretical treatments of scattering and attenuation through bubble clouds permit 
a compressible medium for radiation damping, but do not revisit the effect of this 
compressibility on the viscous damping.  This raises as yet unanswered questions about 
the validity of the currently accepted expressions for the viscous damping factor used for 
calculating scattering and extinction cross-sections. 

Keywords: Scattering cross-section, radiation damping, bulk viscosity, compressibility 
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1. INTRODUCTION 

Modern interest in the acoustic properties of individual bubbles began with Minnaert’s 
pioneering work on bubble resonance [1]. The understanding of the response of a small 
spherical bubble to an incident plane wave was further increased by Refs. [2-5].  Now the 
problem of small spherical gas bubble undergoing linear spherically symmetric pulsations, 
and radiating sound into a compressible viscous liquid is generally considered to be 
solved, but is it? We describe two discrepancies that have come to light recently.   

The accuracy of the expression for radiation damping published by Medwin [6] was 
questioned by Hampton and Anderson [7] and more recently by Ainslie and Leighton [8], 
pointing out that the work of Weston [9, 10] leads to the opposite frequency dependence to 
that of Ref. [6]. Weston’s model, though hardly ever used other than by Weston himself 
[9-11], has since been shown to be the correct one [12].  The second discrepancy, 
concerning the effect of medium compressibility on viscous damping, for which the effect 
of bulk viscosity is usually omitted without explanation, is not yet resolved. 

In Sec. 2, the scattering and extinction cross-sections in an incompressible medium are 
described, followed by an expression for the resonance frequency. In Sec. 3, two effects of 
a compressible medium are discussed.   

2. INCOMPRESSIBLE MEDIUM 

2.1. Scattering cross-section 

The scattering cross-section of a small spherical bubble of radius R0 in an 
incompressible medium and ensonified by a plane propagating wave of angular frequency 
ω is [13] 
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where, for gas pressure Pa in the bubble, liquid density ρ, surface tension τ, and (complex) 
polytropic index Γ, the parameter ω0, closely related to the resonance frequency, is 
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and the damping factor, including contributions from thermal and viscous damping, is 
 

visth0   . (3) 

The thermal and viscous damping factors are 
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and, for shear viscosity ηS, (independent of frequency) 
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2.2. Extinction cross-section 

The extinction cross-section is [12, 14] 
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This expression is valid when ε << 1 and ε ω/β0 << 1.  It implies that in a nearly 
incompressible medium for which both inequalities hold, a far greater proportion of the 
incident sound is absorbed than is scattered. 

2.3. Resonance frequency 

If the only form of damping were due to viscosity, the resonance frequency, defined as 
the frequency that maximises the scattering cross-section, would be [12] (assuming ω0 to 
be independent of frequency) 
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If a small amount of thermal damping is also present, this becomes 
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where  
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It follows from (7) that vis increases with increasing viscosity. which seems to conflict 
with Eq. (29) from [15], which states that the resonance frequency decreases with 
increasing viscosity.  The apparent inconsistency is resolved (see [16]) by noting a 
difference in the definition of resonance frequency between the present work, which 
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considers a resonance in the (far-field) scattered pressure, and that of [15], which 
considers a resonance in the bubble wall displacement. 

3. COMPRESSIBLE MEDIUM 

Two effects of compressibility of the surrounding medium are considered next.  First, 
the synchronised compressions and rarefactions around the bubble result in density 
perturbations that radiate outwards from the surface of the bubble in the form of a 
spherical wave, travelling at the speed of sound in the compressible medium.  The 
radiation sound field is driven by the bubble pulsations, and the energy required to radiate 
the sound is taken from these pulsations.  This form of energy loss is known as ‘radiation 
damping’. 

The second effect considered arises from bulk viscosity of the liquid medium.  If the 
compression of an acoustic particle in the liquid occurs without loss, the bulk viscosity is 
zero.  If not, the question arises of whether a term representing bulk viscosity is needed in 
the viscous damping factor. 

In the following, the effect of liquid compressibility is considered on the scattering 
cross-section, the extinction cross-section and the resonance frequency. 

3.1. Scattering cross-section 

3.1.1. Radiation damping: a puzzle solved 

For a compressible medium, the scattering cross-section is [12] 
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(10) 

where 
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and   cR /0  .  The frequency dependence for the radiation damping in (10) 
confirms Weston’s result [9-11], namely that the radiation damping coefficient (i.e., the 
parameter rad that appears in (10)) is inversely proportional to frequency, and not 
proportional to frequency as often stated.   

The viscous damping factor is  
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(12) 
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where for an incompressible medium ηtot would be equal to ηS.  The form taken for a 
compressible medium is the subject of Sec. 3.1.2. 

3.1.2. Bulk viscosity: a puzzle posed 

In this section we discuss the effect of medium compressibility on viscous damping.  In 
particular we question the usual assumption that bulk or dilatational viscosities may be 
neglected (both cannot simultaneously be zero unless the shear viscosity is also zero) [22], 
and consider the contribution to the problem made by Love’s pioneering work on the 
effect of viscosity of fish flesh [17]. 

One derivation [18] starts with the assumption of an incompressible liquid and points 
out that if there is no compression there can be no loss associated with dilatational 
viscosity.  This leads to the standard expression for viscous damping proportional to ηS.  
When compression is re-introduced in this derivation, the need for a term representing 
either bulk viscosity (ηB) or dilatational viscosity (ηD) is not considered.   

Some light is shed on the problem by the pioneering work of Love, who introduced a 
term representing bulk viscosity in his calculations of the scattering cross-section of a fish 
bladder.  Specifically, Love derived an expression for viscous damping that amounts to 
substituting ηtot = ηLove in (12), with 

 B4
3

S3
2

Love   .  
(13) 

Using [21] 

DS3
2
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(14) 

we obtain 

D2
1

SLove   ,  
(15) 

which seems consistent with the incompressible case if ηD = 0.  However, in general ηD is 
not zero.  In particular, consider a completely reversible compression, with all potential 
energy invested in the compression being returned to the incident field as (acoustic) 
kinetic energy.  For a medium that permits such a compression the bulk viscosity is zero, 
which means from (13) that 

S3
2

Love   .  
(16) 

This result is for a compressible medium.  If the limit of infinite bulk modulus is 
considered, there is an apparent discrepancy with the expectation that ηtot should be equal 
to ηS in this limit.  We suggest four alternative (but not mutually exclusive) explanations 
for this discrepancy: 
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 1. There might be an error in Devin’s derivation for the viscous damping factor; 
 2. There might be an error in Love’s derivation for the viscous damping factor; 
 3. Love’s and Devin’s derivations, while both correct, might make different 

physical assumptions; 
 4. Love’s and Devin’s derivations might both be correct, and made consistent by 

the possible existence of a physical rule that requires dilatational viscosity to vanish 
in the incompressible limit.   

A separate question is whether one or other of ηD or ηB might be so small that it may be 
neglected compared with ηS.  According to Liebermann [19] the dilatational viscosity ηD is 

SD 2.2    and therefore SB 9.2   .  Liebermann’s valueof ηD , which is confirmed by 
modern measurements [20], suggests that neither ηD nor ηB is small relative to ηS.  
Therefore, if the bubble is small enough for βvis to make a significant contribution to the 
damping, and unless it can be shown that the bulk viscosity term cancels, the contribution 
from ηB seems likely to be similar in magnitude to, and possibly greater than that of ηS. 

3.2. Extinction cross-section 

In a compressible medium, the extinction cross-section is [12, 14] 

  s
2visth

e 121 



 











 . 

 
(17) 

Equations (10) and (17) are sometimes both written in terms of the same dimensionless 
damping coefficient δtot = 2 β0/ω +rad, incorporating the combined effects of viscosity, 
thermal conductivity and acoustic radiation.  This practice is avoided here because it 
requires a different functional form for δrad for each of the two equations [12]. 

3.3. Resonance frequency 

In a compressible medium, the resonance frequency in the presence of viscous and 
radiation damping only is 
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Including thermal damping (assumed small), this resonance frequency becomes 
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where 
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The various damping mechanisms considered all result in an increase to the resonance 
frequency relative to ω0, which for the purpose of the present ωres calculation is assumed 
to be independent of frequency. 

4. SUMMARY AND CONCLUSIONS  

Expressions for scattering cross-section, extinction cross-section and resonance 
frequency of a gas bubble in a liquid medium are presented, first for an incompressible 
medium and then for a compressible one.  Conclusions of this work are: 

 The discrepancy related to radiation damping is resolved by Ref. [12].  The 
scattering and extinction cross-sections are given by (10) and (17), respectively.  
The confusion that can arise by use of the dimensionless damping coefficient δ is 
avoided by expressing the extinction coefficient in terms of the damping factor β. 

 The effect of bulk viscosity on bubble damping is not understood.  In particular, a 
discrepancy between Love’s result in the limit of zero bulk viscosity (lossless 
compression) differs by a factor 2/3 from Devin’s model, which was derived for an 
incompressible medium. 
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DEVELOPMENTS IN ACOUSTIC SENSING OF NATURAL GAS 
BUBBLES RELEASED FROM THE SEAFLOOR 

Jens Schneider von Deimling 

Jens Schneider von Deimling, Seestrasse 15, 18119 Rostock Warnemuende, Germany 
jens.schneider@io-warnemuende.de 

Abstract: Besides acoustical investigations of air bubbles close to the sea surface a few 
studies cover the  acoustic sensing of millimeter sized gas bubbles being naturally 
released from the seafloor at depth. Those so called ’gas seepages’ have been reported to 
occur word-wide close to the coasts and on the continental margins at water depth as 
large as 2000m. Bubbles rise heights were acoustically determined to exceed 1000m in the 
water column. Those bubbles initially contain methane gas, which might partially be 
transported to the atmosphere. Here, methane acts as a very strong greenhouse gas. One 
major aim of the seepage community is to quantify the potential contribution of seepage 
mediated methane emissions to the atmosphere. A short review about those natural gas 
emissions is presented in regard to their physic-chemical behavior and respective 
hydroacoustic implications.  
During the past decades vessel mounted singlebeam echosounding has evolved as a 
standard procedure for remote bubble and seepage detection. However, recently launched 
water column scanning multibeam mapping systems are more efficient than previously 
used singlebeam sounders offering insonification of larger volumes and precise 
localization and bring about a new field of research. Such data require new processing 
workflows and adapted visualization techniques. We here present several insitu 
monitoring and surveying  data recorded with prototype multibeam mapping sonar  
demonstrating acoustic traces from rising gas bubbles. The presented work might be 
useful for a future quantitative assessment of natural gas emissions as well as to constrain 
the impact of man-made subsea gas leakages. 
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 VARIATIONS IN SIGNAL PHASE AND BEAMFORMER GAIN DUE 
TO BUBBLE SCATTERING 

R. Lee Culvera, J. Daniel Parka, Timothy G. Leightonb, and David G. H. Colesb 
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bInstitute of Sound and Vibration Research, University of Southampton, Highfield, UK 
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1841, rlc5@psu.edu 

Abstract: We have investigated experimentally variations in the phase of acoustic signals 
propagating through bubble clouds and received at a three-element hydrophone array. 
The effect of bubbles in water to attenuate acoustic signals is well known, but the interest 
here is on the phase variation across the array introduced by bubble scattering, 
potentially decorrelating the signals across the array and reducing the gain that can be 
achieved by a beamformer. In this paper we report measurements made at the AB Wood 
acoustic water tank located at the Institute of Sound and Vibration Research (ISVR), 
University of Southampton, in June 2008. The distribution of signal phase among the 
individual hydrophones is seen to become more spread out as bubble density increases. As 
a result, beamformer gain is degraded.  It seems that phase shifts caused by scattering 
from nearby bubbles are responsible for this effect. 

Keywords: acoustic propagation in bubbly water, bubble scattering, beamformer gain 
degradation in bubbly water 
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1. INTRODUCTION  

It is well known that gas bubbles in water can scatter and attenuate sound and greatly 
affect acoustic propagation [1], [2]. The magnitude of these effects depends on the 
relationship between the acoustic wavelength and bubble radius as well as the density and 
size distribution of the bubbles. When hydrophones are used in the vicinity of gas bubbles, 
scattering by nearby bubbles can affect the phase and amplitude of the received signals. In 
fact, strong bubble scattering can cause the hydrophone signals to be less than fully 
coherent across the hydrophone array. Loss of coherence causes a reduction in the gain 
that can be obtained from beamforming, and that is the subject of this paper.  Note that 
this effect is separate from the reduction in signal amplitude at all array elements due to 
attenuation; the latter affects signal amplitude but not array gain given sufficient signal to 
noise ratio.  This paper reports measurement of the bubble density-dependent variation in 
signal phase and the resulting reduction in beamformer gain provided by a 3-element 
hydrophone array operating in bubbly water. 

Array signal processing (or beamforming) exploits the spatial coherence of the signal 
and the spatial incoherence of the noise.  Beamforming works when the signal arrives 
from one direction only and is therefore spatially coherent, while the noise or interference 
arrives from many directions and is therefore spatially incoherent.  The main beam of the 
array can be steered toward the direction of the acoustic signal arrival either by physically 
changing the orientation of the array or by adjusting (delaying or advancing) each of the 
outputs from the individual elements in the receive array so as to align their phases.  A 
measure of the performance of the beamformer is the array gain (AG), which is defined by 
comparing the linearly-expressed signal-to-noise power ratio (SNR) at the array output 
with that at the array input [3]: 

        array output
10

single hydrophone

SNR
AG 10log

SNR

  =  
  

,                      
signal power

SNR
noise power

= . 
 

(1) 

This paper compares the phases of the received signals with and without bubbles 
nearby and demonstrates the effect of increasing bubble density on signal phase and 
spatial coherence across the array (i.e. the similarity between signals received by different 
hydrophones), as well as the gain available from beamforming. 

2. BEAMFORMER GAIN MEASUREMENTS 

In June 2008 a measurement of bubble scattering effects on a hydrophone array was 
supported by the Office of Naval Research in the US and the Institute of Sound and 
Vibration (ISVR), U. of Southampton (UK) using the A B Wood acoustic tank.  An 
important capability at the AB Wood tank is the generation of small (10 µm - 400 µm) air 
bubbles such as those found in the ocean. For example, see Figure 5 of [4]. Air bubbles are 
generated using a venturi and then directed into a smaller tank approximately 1.2m x 2m x 
1.2m deep which allows the larger bubbles to rise to the surface.  Bubbly water (with 
larger bubbles removed) is then pumped from the smaller tank into the AB Wood tank and 
discharged through a diffuser placed at the bottom of the tank near the center. The 
discharged bubbles form a roughly conical cloud as they rise slowly to the surface. The 
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bubble cloud is a statistically stationary feature, and the bubble density decreases with 
increasing distance from the center of the bubble cloud. 

The AB Wood water tank measures 8m x 8m x 5m deep. Figure 1 shows the 
measurement hardware, which was positioned approximately in the tank center and 
directly over the bubble diffuser. A locally manufactured acoustic projector was placed 
approximately 3 m from the center of the bubble cloud and 1.9 m below the water surface. 
This projector provides a source level that varies by less than 15 dB from 25 kHz to 120 
kHz. The projector beam was directed toward the center of the bubble cloud.  A 3-element 
vertical line array of Neptune D140 hydrophones was located at the same depth as the 
projector and at a variable distance from to the bubble cloud center while keeping the 
distance from the source to the array constant. The hydrophones were spaced 0.025 m 
vertically, with the middle hydrophone placed at 1.94 m depth. 

 

 
Figure 1: Geometry for beamformer gain measurements. The upper panel shows a view looking 
down on the tank and the vertical hydrophone array. Moving the hydrophone array closer to the 

bubble cloud center results in increased bubble density at the array. The bottom panel shows a side 
view of the geometry. 

The measurement approach was to transmit a tone burst signal in the direction normal 
to a 3-element vertical line array.  Signals were transmitted with the vertical array 
positioned at 4 different distances from the bubble cloud center: (1) 0 cm, (2) 30 cm, (3) 
60 cm, and (4) 90 cm.  The acoustic frequencies used in the measurement were 25 kHz, 30 
kHz, and 35 kHz. Except for measurements made with no bubble present, about 120 
transmissions were made at each position of the array and at each frequency. The signal 
was a 3 ms pulse composed of a 1 ms ramp-up, a 1 ms constant amplitude portion, and a 1 
ms ramp down. Received signals were sampled at 250 kHz.  The no-bubble measurements 
utilized 24 transmissions at 30 kHz only. 
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One set of acoustic measurements were made before introducing bubbles into the tank 
and with the hydrophone array positioned 60 cm from the center of the bubble cloud.  
When no bubbles are present, any difference in signal phase between two hydrophones is 
solely due to array tilt. In the presence of bubbles, phase differences could also be caused 
by superposition of bubble-scattered signals at the hydrophone, or possibly by differences 
in sound speed along the two paths. The latter is discounted because the hydrophones are 
quite close together (2.5 cm) relative to the path length (~2 m) such that sound 
propagating from the projector to adjacent hydrophones passes through virtually the same 
bubbly volume and thus is subject to the same propagation speed. Bubble scattering is 
considered the primary cause of phase differences.  Since the bubbles are randomly 
distributed in space, phase differences induced by bubble scattering should average to 
zero.  Thus the mean of measured phase differences, if non-zero, indicates that the array is 
tilted. This is consistent with the observation that the mean phase difference is seen to 
increase linearly across the array (this result is not shown in the paper). 

Figure 2 shows examples of signals received with the array at two locations relative to 
the bubble cloud.  With the array 60 cm from the center of the bubble cloud (left panel), 
the amplitude and phase of the signals are very similar for all three hydrophones.  
However, when the array is moved closer to the bubble cloud center (right panel), 
differences in amplitude and phase at the hydrophones are evident. 

 

 
Figure 2: Signals received at hydrophones 1, 2 and 3 with the array at two different distances from 
the bubble cloud center. The right panel corresponds to a higher bubble density and displays larger 

amplitude and phase differences between the signals. 

A measurement of maximum beamformer gain requires that the array be steered in the 
direction of the arriving signal.  As shown in Figure 1, the hydrophone array was attached 
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to a long rod suspended from rails laid across the tank opening.  This arrangement resulted 
in the hydrophone array being tilted a few degrees from the vertical, which required that 
the individual signals be advanced or delayed in order to align their phases.  It was 
therefore necessary to estimate the phase of each signal, and this was done using the 
constant amplitude 1 ms portion of the received signal. 

The Discrete Fourier Transform (DFT) method was used to estimate signal phase for 
each transmission at each hydrophone using a 1-ms (250 point) sequence of data [5]. The 
complex DFT coefficient ( )X m  taken from the proper frequency bin contains the signal 

amplitude and phase.   The power at a single hydrophone is ( ) 2
X m .  The power at the 

beamformer output is ( ) ( ) ( ) 2

1 2 3X m X m X m+ + , where the subscript indicates 

hydrophone number and signal phase alignment to account for array tilt is assumed. 
The upper 4 panels of Figure 3 show signal and beamformer output power measured at 

30 kHz for the no-bubble case.   Panel (a) compares the power in the received signal for 
the 3 hydrophones with the (phase-aligned) beamformer output.  There is no ping-to-ping 
variation due to high SNR and no interference from bubble scattering.  Panel (b) shows the 
gain provided by beamforming, which is the difference between the two curves in panel 
(a).  The measured value matches the theoretical prediction of ( )2

1010 log 3 9.5dB= .  Panel 

(c) shows the hydrophone and beamformer output power measured 10 ms prior to the 
signal arriving.  These levels represent the background noise present in the AB Wood 
tank.  Note that the single hydrophone signal level is about 40 dB, and the single 
hydrophone noise level is about -40 dB, so that the SNR for a single hydrophone is about 
80 dB for this no-bubble case.  Panel (d) shows the beamformer gain against noise, again 
the difference between the beamformer output and the mean hydrophone power in panel 
(c).  The beamformer gain against noise is quite variable and averages about 7.5 dB. 

Eqns. (1) can be arranged to write 

10

signal power @ array output / noise power @ array output
AG 10log

signal power @ one hydrophone / noise power @ one hydrophone

 
=  

 
 

10 10

signal power @ array output noise power @ array output
   10 log 10log

signal power @ one hydrophone noise power @ one hydrophone

   
= −   

   

signal noise    BG BG= − .                                                                                                (2) 

 

where BGsignal and BGnoise are the gains provided by the beamformer against signal and 
noise, respectively.  If the noise is completely incoherent (i.e. the phase is random among 
the hydrophones), then the expected value of the beamformer gain against the noise is 

( )1010 log N , where N is the number of hydrophones.  For a 3 element array operating in 

incoherent noise, ( )1010 log 3 4.75 dB.=   Panel (d) of Figure 4 shows that BGnoise ≈ 7.8 dB, 

indicating that the noise is not incoherent across the array.  Using Eqn. (2), the mean AG 
calculated for the no-bubble case is (9.5 - 7.8) = 1.7 dB.  The AG in incoherent noise 
would be (9.5 - 4.8) = 4.7 dB. 

Note that the mean measured AG is less than the theoretically predicted value not 
because the signal is less than perfectly coherent across the array, but because the noise is 
not perfectly incoherent across the array.  The source of coherent noise at 30 kHz in the 
AB Wood tank is unknown, but it is virtually unchanged for all of the measurements, with 
and without bubbles present and regardless of the array proximity to the bubble cloud. 
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Figure 3: Signal and noise power at the individual hydrophones and at the beamformer outout for 
the no bubble case (panels a - d) and for the array 30 cm from the bubble cloud center (panels e - 
h). Panels (a), (b), (e) and (g) show signal and noise power at the hydrophones and beamformer 

output. Panels (c), (d), (g) and (h) show beamformer gain against signal and noise. 

The lower 4 panels of Figure 3 show the signal and noise power and beamformer gains 
for 30 kHz with bubbles present and the array 30 cm from the bubble cloud center.  The 
signal levels at a single hydrophone and at the beamformer output are significantly lower 
and more variable than for the no-bubble case, but the noise levels (single hydrophone and 
beamformer output) are not that different.  The BGnoise is still about 6.9 dB, however the 
BGsignal has dropped to about 6.5 dB.  While the presence of bubbles close to the array has 
not had much effect on the coherence of the ambient noise, it has caused a significant drop 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 938 -



in the coherence of the signal across the array.  The mean AG calculated for this case is -
0.4 dB, which means that the beamformer is actually reducing mean SNR. 

Histograms of BGsignal for single transmissions at 3 measurement frequencies and 
different bubble densities are shown in the upper half of Figure 4. The columns 
correspond to measurements made at (left to right) 25kHz, 30kHz, and 35kHz. The upper 
three rows correspond to measurements made with the array at (top to bottom) 30 cm, 60 
cm and 90 cm from the center of the bubble cloud. The bottom panel is the no-bubble 
case.  The panels show that as the array is moved closer to the center of the bubble cloud 
and thus the bubble density at the array increases, the distribution of BGsignal becomes 
more and more spread out.  Also, the mean BGsignal drops from 9.5 dB, the maximum 
value for perfectly correlated signals, to approximately 6.5 dB as the array moves closer to 
the bubble cloud center. 

The reduction in BGsignal is due to differences in signal phase among the hydrophones, 
histograms of which are shown in the lower half of Figure 4.  The arrangement of the 
columns and rows are the same as for the beamformer gain histograms.  Note that the 
mean phase difference is zero because the signals were aligned in phase. 

The distribution of the phase difference is very narrow for the no-bubble case (bottom 
panel).  As the array is moved closer to the bubble cloud center and the bubble density 
increases (moving up in the figure), the variance of the phase difference increases and the 
histograms flatten out. The phase difference approaches a uniform distribution in the top 
row, which corresponds to when the array was closest to the bubble cloud center. 
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Figure 4: Histograms of BGsignal, the beamformer gain against signal (upper) and phase difference 

between signals received at hydrophones 1 and 2 (lower).  The columns correspond to frequencies of (l 
to r) 25kHz, 30kHz, and 35kHz. The upper three rows in each set of panels correspond to 

measurements with the array at (top to bottom) 30 cm, 60 cm, and 90 cm from the center of the 
bubble cloud. The bottom row is the no-bubble case. Note that vertical scales are different among the 

panels. 
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Abstract: Modeling of ship bubbly wakes is important to predict the acoustic signature of 
a ship. Validation data for these modeling efforts is available in the far wake, where 
acoustic methods work well and have been successfully used to measure bubbly mixtures 
in the ocean, in particular ship bubbly wakes. The near-ship field is where the bubble 
sources are and most of the interaction that produce the resulting bubble size distribution 
occurs, and where validation data is most scarce. Local-phase detection probes are used 
to measure the phase indicator function in two points close in space, and from that 
information obtain gas volume fraction, bubble velocity and size distribution, for bubbles 
bigger than the effective probe diameter. The probes in our instruments are made of 
sapphire fiber 125 microns in diameter tapered down to 15 microns, for an effective 
diameter of 40 microns. Because they detect if the tip is in air or water, gas volume 
fractions from 0 to 100% can be measured. In this paper we discuss the principles of 
operation of phase detection probes, their application limits, as well as the data 
processing involved to obtain bubble velocity, gas volume fraction and bubble size. 
Measurements near the hull of the Athena Research Vessel and on an experimental lab 
two phase jet are presented as application examples. 
 

 

Keywords: Optical phase-detection probes, bubble velocity, gas volume fraction, bubble 
size distribution, two-phase flow. 
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INTRODUCTION 

The behavior of two phase flows, water with air entrapped in particular, is of 
considerable interest to numerous natural and engineered flows. Two flows of great 
interest are those of the spillways of dams, which have important environmental and 
ecological impacts and those of ships, which is important in the security and tracking of 
ships. In spillways, plunging jets of water create areas of high bubble concentration and 
excessive total dissolved gas which has detrimental impacts to aquatic life, namely gas 
bubble disease in fish (Politano et al. 2009, Turan et al. 2008). In ships, numerous studies 
(Trevorrow et al. 1993, Sutin et al. 2008) have shown that the bubbly wake of a ship can 
be detected long after a ship has passed making ships easy to track. Knowledge of the gas 
volume fraction and bubble size distribution would allow for better designs to mitigate the 
negative impacts of these flows.  

Acoustic methods have proven to be very effective for measuring bubble 
concentrations and size distributions for flows where ambient noise is low or can be 
calibrated for. For highly turbulent flows with large gas volume fractions and high levels 
of ambient noise acoustical methods fail. Such flows, as in the spillways of dams and the 
near-field flow around ships, require robust methods for phase detection which are not 
adversely affected by the environment they are in. For such environments conductivity 
and optical probes have been used with some success. 

Conductivity probes (Kim et al. 2000, Chanson & Carosi 2007) yield results for gas 
volume fraction for bubbly flows. The limitation of these methods is the determination of 
the size distribution when the bubbles are small or move very fast. Being smaller and 
much faster, double tipped optical local phase detection probes have the benefit of being 
capable of determining size distribution as well as gas volume fraction and bubble 
velocity. Knowing size distributions as well as gas volume fraction for a given flow can 
provide valuable insight as to the mechanism of air entrainment as well as how to reduce 
the acoustic signatures of ships. It is the small bubbles that remain in the flow for the 
longest amount of times, and these around the hull of a ship are the most difficult to 
measure. This paper outlines the continued development of the work of Johansen et al. 
(2010) for smaller robust optical phase detection probes, the principle of operation and 
provide application examples from both full scale ocean trials and lab tests. 

PROBE OPERATION, DESIGN AND CONSTRUCTION 

Optical phase detection probes operate 
by measuring the difference in the index of 
refraction between the two phases that the 
probe is in. Referring to Fig. 1, the 
optoelectronic unit has an infrared laser 
beam that is sent through a 50/50 optical 
beam splitter and down a fiber optic cable 
to a probe. The amount of light that is 
reflected back depends on the medium that 
the tip of the probe is in and the conical 
shape of the tip of the probe. In water, most Fig. 1: Schematic of optoelectronic unit 
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of the light is transmitted through the interface of the probe into the water and little is 
reflected back. In air, due to a larger difference in index of refraction, more light is 
reflected back through the probe and into the fiber. The light returned through the fiber is 
picked up through the coupler where it is sent to a photodiode. The analog output from the 
photodiode is amplified and digitized to be read by a computer.  

Each channel of the optoelectronic unit provides a phase indicator function defined as 

       {
                            
                        

                               (1) 

Coupling two probes together separated by a given distance L allows for two phase 
indicator functions to be generated in near succession, see Fig. 2. The bubble velocity can 
then be computed by averaging the time of flight of the bubble between the two probe tips 
during the rising and falling of the indicator function, which correlate to the two edges of 
the bubble pierced by each tip of the probe 

          
 

           
.                          (2) 

The gas volume fraction, defined as the probability of finding air at a point in space, 
can then easily be computed by integrating the phase indicator function for the time that 
the probe was in air over the time averaging period T as 

       ∫         
 

 
                         (3) 

The cord length of individual bubbles can be determined as well with the velocity and 
time of flight 

                                  (4) 

For more in depth explanations of 
filtering to eliminate portions of the 
signal that are unusable refer to 
Johansen et al. (2010). 

Due to the probe being able to 
pierce a bubble at any point in the 
bubble volume the chord length 
that is computed may not correlate 
directly with the actual diameter of 
the bubble (Clark & Turton 1988). 
Obtaining size distributions from 
chord lengths is achieved by knowing the probability that a chord length c is measured 
from a bubble with diameter D with a probe of size p, 

    |   
  

      
 (       )               (5) 

where H is the Heaviside function. The number of bubbles with diameters between D and 
D+dD that would be pierced by a probe that travels a distance L in a two phase mixture is 
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Fig. 2: Phase indicator function from Athena sea 
trials 
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                             (6) 

and thus the resulting cord length distribution is 

     ∫       |         
  

 
∫       

  
     

 

  
     

 
       (7) 

where N is the number density and Aeff is the cross sectional area where the centers of the 
bubbles need to be located to be in the path of the probe. The bubble size distribution is 
thus related to the cord length distribution by, 

       ∫       
  
     

 
           (8) 

with, 
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Applying the Leibniz rule allows the probability of a bubble size to be determined from 
the probability of a given chord length, 
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The primary limitation of commercially available 
optical probes is the minimum bubble size that they are 
capable of measuring due to the size of the probes, 
secondly, the necessity for intricately shaped probes are 
often necessary when measuring at full scale facilities. 
This has led the authors to develop substantially smaller 
probes that have less influence on the surrounding flow 
and are capable of measuring bubbles on the order of 30-
50µm in diameter. Figure 3 shows a commercially 
available probe from RBI made of 375µm sapphire rod 
compared next to a probe made in house out of 125µm 
sapphire fiber. As it can be seen, the local footprint of the 
IIHR probe is significantly smaller than that of the RBI probe. This allows for minimal 
disturbance of the flow. 

Further development has led to double 
angled sapphire probes with even smaller 
effective diameters. This probe, shown in figure 
4, is made of two 125µm sapphire fibers, made 
by Micromaterials Inc. Each fiber tip has been 
polished with 3M diamond lapping film at an 
axis-symmetric angle of 5° to reduce the 
effective diameter of the tip from 125µm to 
15µm. The second angle on the tip is polished 
to a 45° angle to optimize light reflected back from the tip. The effective tip diameter of 
this probe is about 40µm.  

Fig. 3 Tips of RBI (left) and 
IIHR (right) sapphire optical 
probes by Johansen et al. 
(2010) 

Fig. 4: IIHR built tapered 2-tip 
sapphire probe 

l=200µm 
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APPLICATION EXAMPLES 

Examples from two trials with the IIHR probes 
will be discussed, the first being that of the 
measurements taken aboard Athena II, a 47m long 
research vessel property of the US Navy. 
Measurements were taken in St. Andrews Bay, FL, 
on April 20-24 2009. The 2-tip 125µm IIHR probe 
was used to take measurements in three locations, 
the bow, masker, and transom. At each location 
measurements were taken at successively increasing 
depths. At each depth measurements were long 
enough to gather sufficient statistics for bubble size 
distribution; this typically amounted to 2-3 minutes 
for each location. 

Figure 5a shows the bubble size distribution at 
the bow of Athena and 5b downstream of the 
masker. Measurements were taken at four depths, 
and it can clearly be seen that the number of bubbles 
of any given size decreases as the depth below the 
free surface increases, further bubbles tend to the 
smaller range of the bubble size distribution. This 
can be explained due to the buoyancy acting on the 
larger bubbles and bringing them to the free surface. It can also be noted by the slopes of 
the curves, that at the bow the bubbles have a sharper tendency to the lower end of the 
distribution. This suggests that smaller bubbles are being entrained at the bow of the ship 
and that coalescence is occurring as the bubbles travel down the length of the ship. 

A two phase jet experiment was designed to 
further understand the coalescence of bubbles 
among other aspects of the flow. The jet 
consisted of a ¼” diameter nozzle with 6 150 
µm hypo stainless steel air injectors. The jet 
was operated at a Reynolds number of 12,700 
with varying air flow rates. Free surface 
elevation and temperature were maintained 
constant throughout the experiment. 
Measurements were taken with the 2-tip double 
angle probe (Fig. 4) throughout the area that 
bubbles were present in the flow. These experiments is work in progress and bubble size 
distributions have not been computed yet. The bubble cord length distributions are shown 
if Fig. 7. Measurements were taken at successive locations downstream of the jet exit in 
the center-plane with an air flow rate of 12.5% that of the water. It can be seen that the 
bubble size increases downstream of the jet, with the exception of the near inlet where 
breakup of long bubbles dominates. This is observed at all flow rates of both air and water 
suggesting that bubbles are coalescing as the jet loses momentum. Bubble sizes appear to 
increase by a factor of about 50%, which implies an increase in volume by a factor of 3. 
This indicates that multiple coalescences are taking place. 

Fig. 5: Bubble size distributions on 
the Athena a) Bow b) Masker 

Fig. 6: Two phase jet experiment 
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CONCLUSIONS 

Experimental results from the research 
vessel Athena and a two phase jet were 
presented with the use of in house built 
optical phase detection probes along with 
a processing methodology for finding 
bubble size distributions from cord length 
distributions. It was found in the case of 
Athena that void fractions decreased as 
depth increased and that bubble sizes 
tended to increase as measurements were 
taken from the bow to the stern of the 
ship. Similar results were found in the 
two-phase jet, suggesting that 
coalescence was occurring as the flow 
developed.  
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Fig. 7: Bubble chord length distribution for 
the two phase jet 
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Abstract:  The goal of utilizing physics-based modeling to provide reliable estimates of the 
acoustic wake of a surface ship has been difficult to bring to fruition.  Hindered 
principally by the complexity of the entrainment process and slightly less so by the 
difficulty of capturing details of the liquid transport mechanisms near the ship, the state of 
the art has now advanced to the point at which an end-to end calculation is possible.  This 
paper is a first attempt at presenting the complete computation, beginning with the semi-
coupled two-phase flow in the near-field including both ship hull and propulsors and 
proceeding to the one-way coupled far-field.  The computation focuses on solving for the 
liquid phase and polydisperse gas phase (bubbles).  Comparisons of the computation with 
direct measured data on the R/V Athena in both the near and far field are presented.  
Point-wise near hull gas void measurements can be utilized directly, while in the far field, 
uplook acoustic measurements of the 2-D wake profile are compared against the modeled 
bubble population via linear acoustic response calculations  

1.1. Keywords: Ship wake, acoustics, acoustic wake, bubbly flows, air entrainment, 
free-surface flow 
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INTRODUCTION  

The wake of surface ships has long been of interest to the Navy for a variety of reasons, 
one of which is that it is through the wake that a ship’s presence can be sensed long after 
the ship has passed by.  In WWII [1], the acoustic attributes of surface ship wakes via 
sonar were appreciated and, to a surprising extent, quantified, in the macro-scale.  Work 
on characterizing the acoustic properties of surface ship wakes resumed some decades 
later and has proceeded since then.  Initially, the effort was confined to characterization of 
general wake properties – attenuation and scattering strength as a function of speed, 
distance astern, ect.  That evolved into an effort to predict and specify more detailed wake 
features that were difficult or expensive to measure.  The route taken was through a 
combination of computational fluid dynamics to compute the flow and then using the flow 
field as a mechanism to transport bubbles in the wake region[2].  

The procedure was to first specify the physical properties of a wake on a 2-D plane just 
downstream of a ship stern.  These properties are mean velocities (U,V,W), pressure, 
turbulence energy, dissipation rate, and bubble population. Those upstream conditions 
were then evolved in time (or distance astern if the ship speed is constant) via the Navier-
Stokes equations and a reduced version of the Rayleigh-Plesset equation.  This allowed the 
bubbles (which range in size from 5 microns to 1000 microns) to rise, dissolve and 
disperse. While it was relatively straightforward to compute the evolution of a ship wake 
from known upstream conditions, obtaining those conditions is extremely difficult.  The 
plane on which they are specified should be downstream of any entrainment process but 
sufficiently close to the ship that a full picture of the wake could be assembled.   

Obtaining the necessary data via measurement at full scale is virtually impossible due 
to the very high energy levels in the flow field.  Obtaining it in a tow tank is likewise 
impossible due to scaling issues.  In particular, bubbles at tow tank scales (especially in 
fresh water) are not entrained at a rate or size distribution that is known relative to full 
scale.  This dismal state of affairs leaves one avenue open – that of computing the needed 
data.  Computation is attractive anyway because it is a means by which data on many 
different ship types, in different conditions can be obtained with reasonable cost. 

Over the past two decades, computational modelling of free-surface flow has 
undergone enormous advance.  It is now possible to resolve quite fine detail of the liquid 
phase flow around a ship[].  Over the past decade, it has gradually become possible to also 
include the coupled gas phase in these models[3].  Critical pieces or submodels of bubble 
generation from entrainment at the air-water interface[4] and at the propulsor[5], remain in 
the development stage but have advanced sufficiently that the composite model can be 
evaluated on against at-sea data.   

 
Models are essential but so is real data for use in model validation.  As noted above, 

obtaining reliable very near-wake flow or bubble data is, at present, not possible.  
Obtaining medium and far-wake acoustic data however is and can be used for validation 
(but not diagnostic) purposes. During two wake measurement events, one in 2007 and the 
other in 2009, the acoustic wake of R/V Athena was measured.  In 2009, in addition to the 
acoustic measurements, local, very near ship, bubble data was gathered. As a result, it is 
appropriate to perform a limited evaluation of the overall model from an end-to-end 
perspective and, hopefully, gain some insight into its accuracy and where resources should 
be devoted with model improvement in mind. 

  

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 948 -



 

2. MODEL  

The model used to compute ship wakes has two overall components, one is focused on 
the complex and dynamic near-field and the other is tailored to the intermediate and far-
field where the flow is classified as decaying – that is, no generation of fluid kinetic 
energy is taking place.  There are further differences; in the near-field, void fractions can 
be quite high, approaching 0.5 and requiring the use of a coupled, two-fluid description, 
while in the far-field void fractions are below 0.001 and a dilute, one-way coupling is 
appropriate[2].   The near-field includes the ship hull, its’ boundary layer, a set of 
(potentially) breaking bow and stern waves, a contact line around the entire hull, 
propulsors, and an often violent transom flow.  

 
The first region is modelled with the two-fluid version of CFDSHIP-Iowa[5], a 

structured URaNS solver with the air-water interface captured via two-phase levelset.  
This solver has been applied to a wide variety of surface ships including cases with ships 
in a sea-way that are allowed to move in response to the ambient waves.  The most recent 
advancement of the code is the inclusion of bubble generation models[4].  Clearly, air is 
entrained at the free-surface where the air-water interface becomes violently distorted.  
Breaking waves are a dramatic example but the highly turbulent transom flow is often a 
larger source.  A second mechanism of bubble production appears to be rectified diffusion 
of dissolved gas into nuclei that takes place in fluctuating pressured field astern the 
propellers[].  While cavitation is unlikely to produce long-lived bubbles, rectified 
diffusion is a means by which bubbles of noncondensable gas can be produced.  

 
The second region, focused on the evolving flow further astern, is modelled with a 2-

D+T algorithm exploiting the idea that, sufficiently far downstream of the ship, axial 
gradients are small relative to other components and that a large proportion of bubbles, 
initially in the flow, have either risen to the surface or dissolved into the surrounding sea-
water.  As a result of the last assumption, void fractions in the intermediate and far wake 
are low, meaning that a statement enforcing conservation of bubble number is sufficient to 
describe the population at any given time.     

3. DATA  

As noted earlier, on two occasions bubble-related measurements on R/V Athena 
(shown in figure 1) have been obtained.  The acoustic measurements [7], were taken with 
remote underwater sonar systems oriented upward such that wake cross section data at, 
approximately, constant distances downstream of the ship could be generated.    

 
In the first data set, a RESON 7128 sonar was placed on the ocean bottom in 22 m of 

water and oriented nearly vertically with a grazing angle of approximately 80 degrees.  
Using an array of 256 beams, the sonar interrogates a “fan” in space.  To take advantage 
of this geometry, the sonar was oriented such that a cross-section of the wake could be 
measured with high resolution at 400 kHz.  The target ship was requested to travel over 
the sonar and maintain speed while doing so.  By “pinging” up at the wake from the 
bottom for an extended period, the evolution in time of a specific section of the wake can 
be measured.  In this case, the resolution of the RESON sonar in the longitudinal direction 
was 26 degrees. This relatively coarse resolution (12 meters) is acceptable if the wake is 
not varying a great deal in that direction.  In the lateral direction, the resolution is 0.5 
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degrees which corresponds to a linear resolution of between 0.14 and 0.4 meter depending 
on whether the sampling volume is in a center beam or an edge beam. 

 
The second data set, reported in detail in [8], was used to determine coefficients required 
by the entrainment model.  The data were taken very close to the ship hull, both 
downstream of the bow breaking wave and at the transom, two locations at which (based 
on visual observation) substantial entrainment takes place.  The data comprised of 
measurements of bubble numbers and sizes obtained by recording interruptions in the 
optical transmission of light between multiple sensors placed in the flow.  Able to measure 
bubbles of size 50 microns and larger, these probes can be used in regions near the hull 
with high void fractions, regions that are inaccessible to acoustic probes.  Coefficients 
used in the entrainment model were adjusted until the computed bubble populations were 
brought into agreement with measured populations – both number and bubble size were 
used in these comparisons.  

4. RESULTS  

Sample measurement results are given in figures 2a-2d and 3a-3d.  These show wake 
cross-sections while the R/V Athena was travelling at 10.5 and 12 knots.  In the figure, 
“Direction A” denotes the sonar tilt is in the same direction as ship motion while 
“Direction B” denotes the ship moving in the opposite direction.  All the data were taken 
within 0.5 hrs with little or no changes in atmospheric or sea conditions.

   The data in these figures, while limited in terms of range of ship speed, show a consistent 
picture of the wake having, initially, a deep mid-section and symmetric sides, then evolving 
into a wider structure with more uniform depth.  Essentially, the side features grow in depth 
while the wake center depth remains constant.   

The computational models were applied to this set of conditions to yield the results in 
Figures 4a-4d and 5a-5d.  These are the results of applying a steady-state propeller model and 
an actual rotating propeller model.  The difference is notable: the computations using the 
steady-state propeller remain uniform in depth while those obtained using the physically 
rotating propeller tend to grow in depth.  Overall, neither agrees well with the sonar data, both 
being too narrow, one being too shallow and the other too deep. The wake computed using a 
steady-state propeller model shows the best late-time agreement while that computed using a 
rotating propeller shows an early wake in relatively good agreement with the data.  

  
Wake computations using the unsteady, rotating propeller were obtained by extracting an 

instantaneous flow field from a series of unsteady solutions while those performed using the 
steady-state propeller model were obtained by extracting the flow field once it had reached 
steady-state.  These solutions have fundamentally different characters and the second 
approach, evolving an unsteady flow field downstream with the far-wake equations, may 
represent too large a violation of the assumptions used to derive those equations. 

5. CONCLUSIONS   

Results of a comparison between up-look sonar data of a ship wake and a combination 
near-ship coupled two-fluid model/far-wake, dilute two-fluid model have been presented.  The 
very near-ship wake computed employing a rotating propeller compares well in the very near 
wake but not further astern.  The wake as computed employing a steady-state propeller model 
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compares better further downstream.  Noting that the propellers of this ship rotate outboard, 
one would not expect a deep wake unless there is substantial propeller/rudder interaction.   

In spite of these qualifications, it is also clear that these models are able to provide 
reasonable predictions of a ship wake on a first principle basis.  No ad hoc intervention was 
applied in proceeding from the near-ship flow to the downstream wake.  Clearly, additional 
effort must be devoted to develop means of accurately evolving the fundamentally unsteady 
ship wake in time. 
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Figure 1 Geometry of R/V Athena hull

 

 

 

 

 
Figure 2a-2d Backscatter data for R/V Athena at 
10.5 knots 

 
 

 
Figure 3a-3d Backscatter data for R/V Athena at 
12 knots 
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Figure 4a-4d Computed wake for R/V Athena using 
steady flow field 

 

 

 

 

 
Figure 5a-5d Computed wake of R/V Athena using 
unsteady flow field 
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MEASUREMENTS OF A BUBBLY SHIP WAKE  

Vincent Duroa, Dominique Décultota, Loïc Boudetb, Olivier Perelmanb, and Gérard Mazea 

aLaboratoire Ondes et Milieux Complexes FRE CNRS 3102, Université du Havre, Place 
Robert Schuman, BP 4006, 76600, Le Havre, France. 
bDirection Générale de l’Armement, DGA Techniques hydrodynamiques, Chaussée du 
Vexin, BP 510, 27105, Val de Reuil Cédex, France. 

gerard.maze@univ-lehavre.fr, loic.boudet@dga.defense.gouv.fr 

Abstract: This work is devoted to the underwater acoustic measurements on a bubbly ship 
wake. The purpose is to study the influence of speed and of propellers on this wake. A 
reduced-size ship model is towed in a towing tank 600 m long with a constant speed and a 
straight path, in calm water. A bubbly turbulent wake is generated downstream the ship. 
In water, acoustic emitters and receivers are placed on both edges of the tank in order to 
propagate a wave perpendicularly to the ship path. The successive measurements of the 
acoustic signal reflected from the wake allow us to form an acoustic image. This 
experiment is achieved for two forward speeds (corresponding to Froude numbers 0.176 
and 0.314) of the ship, in presence or not of propellers. At the higher speed and with the 
propellers, more bubbles and more turbulence are generated. The different parts 
structuring the wake are distinguished.  

Keywords: Underwater acoustic measurements, ship wake, propellers, air bubbles, 
turbulence. 
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1. INTRODUCTION  

This paper presents results of acoustic measurements of reflected signals by the bubbly 
wake of a ship, in situ. The purpose is to realize the acoustic imaging of the wake and to 
study the influence of the propellers and of the forward speed of the ship. The 
measurements have been carried out in a towing tank 600 m long at "DGA Techniques 
hydrodynamiques" of Val de Reuil, France. 

Several authors [1]-[4] have worked on bubbly ship wakes. Vagle et al. [1] have 
effected acoustic measurements of the sound-speed profile in the bubbly wake formed by 
a small motor boat. Stanic et al. [2] have reported acoustic attenuation measurements 
across surface-ship wakes to determine bubble distributions. Caille et al. [3], [4] have 
studied the length of the bubbly wake of surface vessels and the role of the cavitation and 
the propellers by analysing optical images of the wake of full scale ships length.  

The authors of this paper have previously realized acoustic measurements in 
transmission (attenuation and phase speed) in bubbly water with 100 kHz transducers [5], 
[6]. They have also realized, with the same transducers, the acoustic imaging of the flow 
downstream a tube [7]. In this paper, the same transducers and the same acoustic imaging 
technique are used as those used in [5]-[7].  

The experimental set-up is presented in section 2. The ship is towed by a carriage in a 
600 m long towing tank and generates a wake. The experiment is carried out for the ship 
without and with two propellers in rotation and for the speeds of 2.95 m/s and 1.65 m/s. 
The emitted signal is a burst sinusoidal signal of 5 cycles of 100 kHz. In section 3, the 
influence of the propellers on the wake is studied. The structure of the wake is observed. 
To finish, the influence of the speed of the ship is studied. 

2. EXPERIMENTAL SET-UP 

The measurements have been carried out in calm water, a 600 m long towing tank, 15 
m width and 7.5 m deep [see Fig. 1(a)]. The reduced-size ship model used in this 
experiment is 9 m long, has a 1.5 m maximum width and its draught is 0.5 m. The ship is 
towed in straight line along the pool by a motorized carriage placed on two rails, one on 
each edge. The moving ship generates a turbulent wake with air bubbles. Measurements 
are achieved in 2 configurations : barehull or fully appended (rudders, shafts and 
propellers) with the 2 propellers working in self propulsion conditions. Two speeds of the 
ship have been studied, 2.95 m/s and 1.65 m/s corresponding respectively to Froude 
numbers 0.314 and 0.176, with the 2 different propeller rotation rates corresponding to the 
self propulsion condition. Emitters and a receiver of acoustic waves are placed close to a 
tank edge to measure the acoustic signals reflected and backscattered by the wake. Indeed, 
two submerged broadband transducers (Olympus model V3052, 100 kHz of central 
frequency) are placed at 0.5 m deep, one as emitter and the other as receiver. An acoustic 
antenna (Reson, 20-100 kHz bandwidth) is also used as emitter and is placed at 0.9 m 
deep. The axis of the acoustic sensors is perpendicular to the ship path axis [Fig. 1(a)]. 

The electronic apparatus to realize the measurements is shown in Fig. 1(b). The emitted 
signal is generated with a signal generator and a power amplifier (ENI 50 dB). It is a 
sinusoidal signal of 5 cycles with 500 mV voltage, that is a 158 V voltage applied to the 
emitter. The frequency studied in this paper is 100 kHz. After amplification, the received 
signal is recorded by a digital oscilloscope. The emission and the recording are controlled 
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by a pulse generator with 125 or 200 ms time ∆τ between two pulses. For a speed of 2.95 
m/s (resp. 1.65 m/s), the distance travelled by the ship between two successive 
measurements is 60 cm for ∆τ = 200 ms and 37 cm for ∆τ = 125 ms (resp. 33 and 20 cm). 
The recording starts before the passage of the ship in front of the area of acoustic 
measurements and ends when the signal reflected from the wake is not distinguished on 
the oscilloscope screen. Therefore, even if the ship has reached the tank end, the recording 
continues as if it is still moving. Consequently, the travelled distances by the ship given in 
the figures in the following are apparent distances. 

The recorded signal has 10 ms time length with 10000 samples, which corresponds to a 
1 MHz sampling frequency. The time window and the propagation time delay are chosen 
to centre the observation on the middle of the tank. Each reflected signal by the wake is 
composed of several echoes coming from air bubbles. Air bubbles serve as acoustic 
markers of the wake. An Hilbert transform is applied to the recorded signals to improve 
the contrast between the echoes and the ambient noise. The successive recorded signals 
allow to build a speckle acoustic image of the wake in colour level. 
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Fig.1: Experimental set-up: (a) Measurement conditions ; (b) Electronic apparatus. 

3. MEASUREMENTS OF SHIP ACOUSTIC SIGNATURES  

We present in Fig. 2 an example of signal reflected by the wake, in the case of the ship 
model equipped with the two propellers, measured at 100 m travelled distance by the ship 
from the start of the recording, for a speed of 2.95 m/s. The ship axis is at 7.5 m from the 
tank sidewalls, and the emitter is close to one of the sidewalls. 
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Fig.2: Example of measured signal reflected by the wake at 100 m travelled distance by 

the ship for a speed of 2.95 m/s with the two propellers.  

3.1. Influence of the propellers 

3.1.1. Global view of the wake 

Fig. 3 displays the acoustic signature of the ship wake obtained for a speed of 2.95 m/s, 
respectively, without propellers [Fig. 3(a)] and with the two propellers in rotation [Fig. 
3(b)]. The emitted signal with 5 cycles at 100 kHz is generated with the acoustic antenna 
(Reson). The signals have been recorded at each ∆τ = 125 ms. The figures are plotted as a 
function of the apparent travelled distance (Y-axis) by the ship from the recording start 
and the observed tank width (X-axis) from the emitter. A white dashed line delimits the 
middle of the tank, that is also the wake axis. 

In the two cases (with and without propellers), two quasi-parallel wakes are observed 
downstream the ship on several hundred meters and composes the "global wake". We call 
them "outer wakes". These two outer wakes appear on each side (port and starboard) of 
the ship and should have the same intensity. The outer wake near the acoustic emitter and 
receiver is detected more intensively than the one farther. Indeed, the transmitted acoustic 
signal is attenuated by the bubbles of the first outer wake before it reaches the second one. 
The two outer wakes are generated along the ship from the bow waves, moving away very 
progressively, without reaching the tank walls. In addition, the global wake disappears 
progressively. However, it is still detected beyond a kilometer of apparent travelled 
distance, which is more than 5 minutes after the ship model passes in front of the acoustic 
measurement area. 

We note also that the amplitude of the time echoes related to the outer wake is not 
maximum just behind the ship but from a travelled distance of 100 m to 400 m. These 
maxima of amplitude are due to a stronger concentration of the reflected echoes, that is a 
stronger concentration of bubbles in the corresponding area of the wake. They may be also 
due to bubble sizes better adapted to the frequency of the ultrasound.  

Comparing the two global wakes (with and without propellers), we observe, in the self 
propulsion case [Fig. 3(b)], just behind the ship, two supplementary wakes close to the 
ship axis. The one which is closer to the emitter is clearly visible. We call them "inner 
wakes". They are visible until about 200 m of travelled distance. We remark also, in this 
case, the amplitude of the echoes of the global wake is clearly higher, as if the propellers 
reinforce the characteristic wake of the ship. In addition, we note that the trajectory of the 
first outer wake splits in two parts around the travelled apparent distance of 450 m. One of 
these two parts undergoes a shift toward the wake axis. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 958 -



 

Tr
av

el
le

d
di

st
an

ce
 (m

)

(a)

Ship model

W
ak

e 
ax

is

Pool width (m)

A
m

pl
itu

de
 (V

)

Tr
av

el
le

d
di

st
an

ce
 (m

)

(a)

Ship model

W
ak

e 
ax

is

Pool width (m)

A
m

pl
itu

de
 (V

)

 
(b)

Pool width (m)

Tr
av

el
le

d
di

st
an

ce
 (m

)

Ship model

W
ak

e 
ax

is

A
m

pl
itu

de
 (V

)

(b)

Pool width (m)

Tr
av

el
le

d
di

st
an

ce
 (m

)

Ship model

W
ak

e 
ax

is

A
m

pl
itu

de
 (V

)

 

Fig.3: Acoustic signature of the wake for a ship speed of 2.95 m/s: (a) without the two 
propellers; (b) with the two propellers.   

3.1.2. Focus on the wake near the ship model  

This subsection is focalized on the different parts structuring the global wake in the 
vicinity of the ship. Figure 4 displays an enlargement of the view of the wake presented in 
Fig. 3(b), near the ship model, in the case with the propellers. To still improve the image 
contrast, we have not represented here the Hilbert transform of the signals as previously. 
We have applied a particular processing to the measured signals that we call "sonogram". 
Briefly, it is to apply a short-time Fourier transform to each signal using a time window of 
32 samples. Then, in the obtained sonogram, we keep the result only for one frequency 
(here 100 kHz). With the whole results obtained at each measurement time, we can rebuild 
the wake image. This technique allows to reduce significantly the ambient noise.  

In Fig. 4, we remark that the inner wake related to the propellers is contained in an area 
behind the ship of 0.75 m maximum half-width. Its maximum intensity is located between 
70 and 110 m of travelled distance, that is between 20 m and 60 m behind the ship. This 
minimum gap of 20 m can be explained by two reasons: 1) the propellers are located deep 
beneath the rear hull and the acoustic receivers; 2) the bubbles generated by the propellers 
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are first entrained in a rotation movement of the flow near the axis of the propellers and 
then gradually disperse toward the surface. 

The outer wake related to the bow and stern waves is located at least 1 m from the axis 
of the tank. We note that it intensifies significantly when the inner wake disappears. 

Just to the left of the ship, we notice its bow wave and the beginning of its wake. They 
begin, indeed, at the front of the hull and are strongly observed at the maximum edge of 
the ship. Then, the bow wave disappears practically. During testing, we actually observed 
that the wake associated with the bow wave reached, at the free surface, the edge of the 
pool just when the ship finished to pass the area of acoustic measurements. However, it 
appears that, under water, the wake associated with the bow wave is prolonged and 
probably combines with the stern wave to form the outer wake farther. 
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Fig.4: Enlargement of the view near the ship model of Fig. 3(b) obtained for the 

measurements with the two propellers.  

3.2. Influence of the ship speed  

Fig. 5 displays the acoustic signature of the ship wake obtained for a speed of 1.65 m/s 
with the two propellers in rotation. The emitted signal with 5 cycles is generated with a 
100 kHz transducer. The applied voltage is the same as previously. The signals have been 
recorded at each ∆τ = 200 ms instead of 125 ms for the previous results with the speed of 
2.95 m/s. 

With the smallest speed, the ship wake is not readily visible on the raw results due to a 
too low Signal-to-Noise Ratio (SNR). Consequently, we have applied them the 
"sonogram" processing described in the previous subsection and the result is very 
satisfactory. Indeed, in Fig. 5, we can remark that the detected global wake has a wake to 
port and its double to starboard. It is clearly more centred around the ship axis compared 
to the case of the speed of 2.95 m/s. Until a little over 125 m travelled distance, it remains 
confined to more than 6 m from the pool edges. In addition, the wake fades much more 
quickly. We do not distinguish an inner and outer wake as previously. However, the bow 
wave and the wake along the ship are visible. These results explain by the fact that, with 
the speed of 1.65 m/s, the bow and stern waves are less large and have a lower intensity. 
They generate less bubbles. In addition, the propellers have a lower rotation speed, which 
generate also less bubbles and turbulences behind the ship. 
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Fig.5: Acoustic signature of the wake for a ship speed of 1.65 m/s with the two 
propellers. 

4. CONCLUSION 

In this paper, results of acoustic measurements, in situ, of the signal reflected by the 
wake of a ship model are reported. The ship is towed by a carriage in a 600 m long towing 
tank. These measurements have been achieved in 2 configurations : bare hull or fully 
appended (rudders, shafts and propellers) with the 2 propellers working in self propulsion 
conditions, for the speeds of 2.95 m/s and 1.65 m/s. The emitted signal was a sinusoidal 
signal of 5 cycles at 100 kHz. With the successive reflected signals, we have built an 
acoustic image of the wake. Its structure has been observed.  

With or without propellers, for the speed of 2.95 m/s, the global wake has a length 
upper to a kilometer. It is composed with two outer wakes (to port and to starboard) due to 
the bow and stern waves. Only in the case with the propellers, the global wake is also 
composed with two inner wakes (to port and to starboard). The outer wakes intensify 
when the inner wakes disappear. Away from the ship, it diverges from the axis of the pool 
but it never reaches its edges. We have also observed the bow wave and its wake along the 
ship.  

With a lower speed of 1.65 m/s, we have observed that the global wake is clearly closer 
to the axis of the pool than with a speed of 2.95 m/s. We distinguish only a trace of wake 
to port and its double to starboard. 

With the propellers and with the highest speed, the wake is more clearly distinguished 
because of the fact that more bubbles and turbulences are generated. 

In this paper, the influence of the frequency of the emitted acoustic wave has not been 
studied. This will be the subject of the remainder of this work. 
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Abstract: Underwater explosions have been studied in the United States since 1941 [Cole 
(1945)]. The research has generally focused on the initial shock and subsequent pressure 
waves caused by oscillations of the “gas-globe" resulting from charge detonation. These 
phenomena have relatively short timescales (typically less than 2 s). However, after the 
gas-globe rises in the water column and breaks the surface, there remains behind a 
residual bubble cloud whose characteristics have been much less studied. A recent 
experiment measured the spatial and temporal acoustic response of the bubble cloud 
resulting from a 13.6 kg PBXN-111 charge detonated at 15.2 m (50 ft.) depth. A 
directional projector was used to propagate a linear FM (5-65 kHz) pulse at the bubble 
cloud.  Arrays of hydrophones on both sides of the charge location were arranged so as to 
measure the energy scattered by and propagated through the bubble cloud. Three methods 
are used to invert measurements of attenuation through the bubble cloud and estimate the 
bubble population. Work sponsored by the Office of Naval Research. 

Keywords: Underwater explosions; bubbles from underwater explosions; underwater 
acoustics; bubble size estimation 
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1. INTRODUCTI0N  

Two features of underwater explosions have been studied extensively: 1) the initial 
shock wave generated by detonation; and 2) the subsequent pressure waves generated by 
the oscillation of the gas-globe [1,2].  However, very few studies have been made of the 
bubble populations left behind in the water column after charge detonation. Cole, in 1941 
stated that “the region near the explosion appears to remain nearly opaque for up to 
several minutes after explosion” [2].  This paper pertains to that phenomenon. 

An explosive charge detonated underwater generates a high-temperature, high-pressure 
“gas-globe”. Figure 1 shows the relative pressure signature of an underwater explosion 
and the relative size and location of the gas-globe in the moments following detonation. 
Immediately following detonation, the internal pressure of the gas-globe is significantly 
greater than that of the surrounding water, resulting in the rapid expansion of the gas-
globe, generating a shock wave.  The globe eventually reaches a maximum diameter, at 
which the internal pressure is much lower than the hydrostatic equilibrium.  It then 
collapses, where, at minimum volume, the internal pressure of the gas-globe is 
significantly higher than ambient pressure. This results in a second rapid expansion of the 
gas-globe, and a pressure wave called a bubble pulse. A bubble pulse is generated each 
time the gas-globe rapidly expands outward. Drag force is minimum when the gas-globe is 
smallest, causing it to rise most rapidly in the water column. The gas-globe leaves behind 
a cloud of bubbles. The period of oscillation is a function of charge size and depth [2]. 

 
Figure 1: Relationship between the shock wave and bubble pulses (upper) and the size and position of 
the gas-globe during the first moments after the underwater explosion (lower). (After Snay, 1957 [3]) 

2. ATTENUATION MEASUREMENT 

In May 2008, two charges consisting of approximately 13.6 kg (30 lb.) of PBXN-111 
explosive compound were detonated in a freshwater quarry in central Virginia [4]. Figure 
2 shows a plan view (upper) and side view (lower) of the acoustic test geometry. This 
configuration was chosen to allow measurement of attenuation through vertical and 
horizontal planes containing the explosion. The direct acoustic path from the projector to 
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the forward loss hydrophones is approximately 76.2 m (250 ft.), with a one-way (straight-
line) propagation time of about 51 ms (c ~ 1485 m/s).  
 

 
Figure 2: Plan view (upper) and side view (lower) of the acoustic measurement geometry used in the 
May 2008 quarry test. Forward-loss hydrophone configuration is shown in the solid box. Numbers 
denote input hydrophone number. 

The hydrophones used to record in-water acoustic levels during this test consisted of 
four RESON TC4032s and three International Transducer Inc. (ITC) 6080Cs. A Navy 
standard F27 [5] projector was used to transmit a signal consisting of linear frequency-
modulated (LFM) and continuous waveform (CW) pulses before and after each event. The 
30 millisecond long LFM pulse swept from 5 kHz to 65 kHz.  The LFM pulse was 
followed by 200 ms of no transmit (to let reverberation in the quarry diminish), and then 
by a 30 ms 40 kHz CW pulse. Transmission of the complete 260 ms long signal is referred 
to as a `ping.' The LFM and CW waveforms were amplitude-shaded to maximize source 
level across the frequency band without amplifier distortion and to control side lobes. 

Acoustic levels were determined by matched filtering received signals with a 
mathematical replica of the waveform used to drive the acoustic projector. The signal was 
transmitted with a repetition rate of 0.75 s beginning approximately three minutes before, 
and continuing for several minutes after, each explosion.  Acoustic attenuation due to the 
underwater explosion bubble cloud is estimated by subtracting the acoustic received levels 
for the entire time record from the average pre-explosion received level (so that positive 
numbers denote signal loss).  Figure 3 shows the estimate of attenuation for the forward-
loss hydrophones during Event 2. The panels are arranged according to their physical 
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position in the water, accompanied by a hydrophone configuration in the upper right 
corner. Due to the RESON hydrophone's response to detonation, the first 5 seconds of 
acoustic data from those hydrophones are unusable and the first few seconds of data for 
hydrophones 7, 8, 9, and 10 are not indicative of attenuation due to the bubble cloud 
generated by the underwater explosion. 

3. BUBBLE POPULATION ESTIMATES 

Given the bubble population  a  with units #/m3 per 1μm bin, the attenuation can be 
computed using 

   
0

( ) 4.34 ,b eA f f a a da 


         Formal Theory (FT)  (1) 

where the units of ( )bA f  are dB/m and a is the bubble radius in m [6]. The extinction 
cross section,  ,e f a  accounts for the energy scattered and absorbed by a bubble of 
radius a in the presence of an insonifying frequency f.  The extinction cross section is 
calculated from [6] 
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where  is the bubble damping factor, r is the bubble damping factor contribution due to 
reradiation, and Rf  is the resonance frequency of the bubble of radius a.  Eqn. (1) is 
referred to as the Formal Theory (FT).  It should be noted that a discrepancy regarding the 
damping factor for acoustic cross-sections has recently been resolved by Ainslie and 
Leighton, 2009 [7]. 

Eqn. (1) is a Fredholm integral of the first kind.  Attempts to invert this equation 
directly to obtain  a  result in a complex set of integral equations, making that approach 
impractical. The following alternative methods have been developed to approximate an 
inversion of Eqn. (1). 

Commander and McDonald [8] employ a finite-element method. The quantities in Eqn. 
(1) are discretized so that the equation may be written in matrix form: 

 b aA K       (3) 
where bA  is the attenuation measured at discrete frequencies and ( )a  is the bubble 
population at discrete radii. K  is essentially a discretization of  ,e f a  that depends on 
the frequencies and radii used to invert for the bubble population (referred to as the set of 
inversion radii). 

Since ( )a  is the desired quantity in Eqn. (3), K must be inverted. Judicious choice of 
frequencies and radii causes K to be square. Techniques such as truncating the singular 
values of K or constraining the solution to minimum curvature (regularization) may be 
required to obtain a reasonable bubble population estimate [7]. 

Caruthers et al. [9] apply the following simplifying assumptions to Eqn. (1) in order to 
obtain an approximate solution to the integral: (1) only bubbles very near resonance 
contribute significantly to the attenuation,  (2) the bubble population changes slowly about 
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the resonant radius, (3) effects of surface tension can be neglected, and (4) 21.36 10   .  
[10] Eqn. (1) then becomes 

 
 

6 34.6 10 ( )
1 0.1

bf fa
z







A  Resonant Bubble Approximation (RBA) (4) 

where the units of bA  are dB/m and z is the depth of the bubble in m. Eqn. (4) is referred 
to as the resonant bubble approximation (RBA).  It can be used to approximate the bubble 
population from discrete-frequency attenuation data directly. 
 

 
Figure 3: Measured attenuation through the bubble cloud for each of the forward loss hydrophones 
during Event 2. Each plot shows attenuation level vs. frequency (in kHz) and time (in s), using the 
same colorscale. Panels are arranged according to the physical position of hydrophones in the water 
(shown in the diagram in upper left). 

Caruthers’ method iteratively estimates the bubble population by alternating between 
estimating the bubble population, computing the resulting attenuation, and calculating a 
correction factor.  First an estimate of the bubble population is obtained by applying the 
RBA to a set of attenuation measurements 

       1RBA ( ) FT ( )RBA b b ta f f a   A A    (5) 

Note that the RBA provides an approximation to the inverse of the FT, and that  RBA a  

is an approximation to the true (but unknown) bubble population  t a .  Next, the 
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attenuation associated with  RBA a  is computed using the FT and a correction is 
calculated as the difference between the measured attenuation, bA , and the predicted 

attenuation,  FT RBA a   . The correction is used to calculate a new value for  RBA a .  
Iteration can continue until a desired error criterion is met. 

The Czerski and Farmer method was developed to investigate the population of small 
<20μm bubbles the upper ocean. [11] The goal of this method is to reduce the effect of 
larger bubbles scattering geometrically rather than resonantly (large bubbles in the 
presence of high frequencies).  The RBA is invoked for one frequency at a time. 
Beginning with the lowest frequency 1f  at which attenuation was measured, the population 
of the largest bubbles, whose radius is 1a , is estimated: 

   1 1RBA ( )seq ba f  A      (6) 
Next, attenuation is calculated over the entire frequency band due to bubbles of size 1a  

alone via the formal theory  
1 1FT )a seqA f a    . Then a new attenuation is calculated: 

     
11b b aA f f A f A f            (7) 

The new attenuation value is used to estimate the population of all bubble smaller than 
radius 1a . This procedure is repeated until the smallest bubble size has been accounted for. 
The resulting bubble population estimate  seq a is the combination of all of the  seq ia . 

4. COMPARISON OF INVERSION METHODS 

Each inversion method was applied to the attenuation measured at hydrophone 7 (11.6 
m) approximately 5.25 s after the detonation during Event 2.  A 2-pt moving average was 
applied to smooth the measurements somewhat.  Figure 4 compares the bubble 
populations estimated using the methods discussed above.  The units of  a  are dB/m2 
instead of dB/m3 because they apply to propagation through the entire bubble cloud and 
have not been divided by the range. In general, the bubble populations show a power-law 
like trend with some scatter, primarily at the smaller radii. That the estimate produced 
using Czerski and Farmer’s method agrees well with the other two suggests that geometric 
scattering by larger bubbles was not a significant effect for these data. 

Figure 4 also contains a power law trend line and two published models for the bubble 
populations present under wind-generated breaking waves in seawater, which have been 
scaled to match the magnitude of the quarry bubble populations [12,13]. One model is 
from Trevorrow, which utilizes an  exp 34

a  size dependence (the result of a 60-minute 

average of bubble population spectra) [13]. The other is from Hall [12]. Hall's model has a 
slightly more negative slope on a log-log scale but is reasonably close. Trevorrow's model 
has an exponential dependence on bubble radius and thus cannot account for the 
population of larger bubbles. In general, the slope of the trend line compares well with that 
of published in-water bubble populations under wind-generated breaking waves. 
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Figure 4: Comparison of the bubble populations estimated by applying the three inversion methods to 
attenuation measurement from phone 7 approximately 5.25 s after detonation for Event 2.  A power-
law trend line and bubble population models reported by Trevorrow [13] and Hall [12] are shown. 

It should be noted that we have assumed steady state oscillation of bubbles within the 
cloud even though a sweep-rate of 2 kHz/ms is possibly too fast for the bubbles to reach 
steady-state oscillation [14]. However, some measurements of attenuation though bubble 
clouds show that using relatively short pulse durations does not result in lower attenuation  
[15]. In any event, the analysis by Clarke and Leighton shows that the presence of larger 
bubbles, even in small numbers, can effect the pulse-length dependence of attenuation 
[14]. 

Figure 5 shows the corresponding attenuation calculated by applying the formal theory 
to each of the bubble population measurements in Figure 4. The attenuation measured in 
the quarry is also shown. The agreement is good below 60 kHz. 
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Figure 5: Total attenuation between the projector and hydrophone 7 for Event 2, 5.25 sec after 

detonation.  The model predictions were computed using the formal theory and the three bubble 
population estimates shown in Figure 4.  The bubble density is variable along the path, such that it 

would be improper to divide total attenuation by the path length to obtain dB/m value. 
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Abstract: 
Sound propagation anomalies e.g. mode coupling, coherent or decoherent 

correlation, horizontal diffraction/focusing & defocusing, when sound 
propagates through nonlinear internal waves (chain) (IWs), have been 
observed and discussed considerably over last decades. This talk includes two 
parts: in the first part, we present an overview on the Yellow Sea Experiment 
of Acoustics-2005 (YSEA-05) with emphasis on depth-dependence of 
(bandwidth700-900 Hz) broadband signal fluctuation (from 1.0 -- 5.0dB), its 
interpretation and potential application, when IWs are crossing receiver VLA. 
In the second part, we would like to revisit 2D mode coupling problem 
relevant to the IWs. This problem was studied by many peoples from both 
analytic and numerical viewpoints; with the help of their studies, we now have 
a clear physical picture for the propagation anomaly due to mode coupling. 
However, it is not enough if one attempts to study inverse problem. Here, we 
present an alternative approach using integral equation. By introducing a 
“shape/construction function (SC Function)” for IWs induced medium 
fluctuation, it is shown that mode coupled propagation/ scattering matrix is in 
fact a 2D Fourier transform of the SC Function. This approach provides us a 
straightforward physical picture on relation between the SC Function  and 
field spatial interference structure.  
 
Keywords: internal waves, propagation fluctuation, scattering matrix 
 
I. Introduction 
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Sound propagation anomalies induced by nonlinear internal waves 

(chain) (IWs): e.g. mode coupling, coherent or decoherent correlation, 
horizontal diffraction/focusing & defocusing, have been observed and 
discussed considerably over last decades see e.g. [1]-[6].  

This talk includes two parts: in the first part, we present a review of the 
Yellow Sea Experiment of Acoustics-2005 (YSEA-05) with emphasis on the 
depth-dependence of (bandwidth700-900 Hz) broadband acoustic signal 
fluctuation, its interpretation and potential application, when IWs are crossing 
receiver VLA. In the second part, we revisit 2D mode coupling problem. By 
introducing a “shape/construction function (SC Function)” for IWs induced 
medium fluctuation, it is shown that mode coupled propagation/ scattering 
matrix is in fact a 2D “discrete” Fourier transform of the SC Function. Then 
we discuss a straightforward physical picture on relation between the SC 
Function and field-spatial interference structure. We hope this helpful to 
understand mode coupling.  
 
 
II. Yellow sea experiment of acoustics-2005 
 

The Yellow Sea Experiment of Acoustics-2005 (YSEA-05) was 
conducted in the South area of the Yellow Sea of China in 2005. The YSEA-
05 experiment site was well-suited; a number of substantial oceanography and 
geophysical surveys have previously characterized sea-floor and sub bottom 
features over wide areas. Figure 1 shows sound speed profiles (SSP) at eight 
sites along the sound propagation path. There thermocline exists a very strong 
vertical gradient, makes oceanic nonlinear internal waves arising easily. 

 
Fig. 1 Sound speed distribution:  SS Profiles at different sites and Buoyancy frequency 

distribution at B. 
During the YSEA-05, two research vessels were moored away from 

about 37.0 km. A broadband M-sequence sound signal with central frequency 
700Hz and bandwidth 200Hz was generated at site-C (depth40.0m) and 
was received by a vertical line array of hydrophones (VLA with 15 
Hydrophones) at site-B (depth37.0m). The experiment was continued over 
about 25 hours. At the same period, two thermistor strings (with 15 
thermistors each) collected temperature data at locations of B and C sites, 
respectively. Several other measurements e.g. current (by ADCP), depth and 
so on, were also made in the period. 
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Figure 2 shows a typical received sound signals: (a) original received 
signal, (b) demodulated signal sequence, (c) a local zooming of (b). The 
largest burst signal in (c) corresponds to the 1st. normal mode. 

    
Fig.2 Received signal. (a) original, (b) demodulated, (c) a local amplifying 

         A 2-h segment of temperature data at site-B is shown in Fig.3. These 
temperature time series are from thermistors located on the VLA from 18.3 to 
25.5 m from the sea surface. During this period the averaged mixing layer 
depth is  22.0m.  Near the thermocline, a large temperature fluctuation 
8C(from 23C down to 15 C) can be seen; the third from the top, while 
there is very little change away from the thermocline. Note that different 
scales are assigned in the six panels. Furthermore, it is seen that the time series 
of temperature fluctuation near the thermocline is of the dnoidal model like 
waveform described in [7].  

 
Fig. 3- Measured temperature profiles at six depths on the VLA 

 
Fig. 4：Acoustic energy fluctuation at different depths 

Figure 4 shows the 1-h acoustic signals energy fluctuation of the 1st. mode at 
different depths during the period form 1-h to 2-h in Fig.3. Significant depth 
dependence can be seen. It is interesting to see that for depths at about 27.5 to 
30.5m which amount to the maximum of the depth function of 1st. mode 
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signals have small fluctuations, while at about 22.0m and 36.0m which 
correspond to the minimum of the 1st. mode behaves larger fluctuation about 
5.0dB with respect to the averaged.  

This can be understood in the following way. During the period, receivers 
are assumed fixed with respect to the sea surface, IWs when crossing the VLA 
induces a local change of modal distributions. It turns out that received signals 
fluctuate correspondently. As far a given mode, the fluctuations between the 
received sound pressure and local modal distribution can be written as 

( )( , ) ( ) n k
k n s

k

zp r z z c
z


  





                                                                     (2.1) 

where ),(  sn z , ),(  kn z denote the local modal functions at the source and 
receiver positions zk, respectively. For the present problem, modal functions 
can be considered approximately to be frozen to the SSP and change 
synchronically.  It is seen from eq.(2.1) that the amplitude of fluctuation at the 
fixed receiver is determined by the derivative rather than modal function itself. 
For the 1st. mode, the derivative attends maximum at about depths 27.5 to 
30.5m. Be more concrete, we define scintillation index (SI) as follows 
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Aop(t) denotes the sound intensity and T0 the period over that average is taken. 
Figures-5 show the distribution of the SI via depth, dots are experimental data 
and dashed line gives the derivative of 1st. modal function calculated by the 
Krakan program with the environmental SSP averaged over the interested 
period.. 

 
                                     (a)                                                                        (b) 

Fig.-5. Depth distribution of SI: (a) the period in Fig.4, (b) the full experimental 
period 

We conclude that for the short-term case-(a) the experiment and simulation 
agree very well, while for the long-term case-(b), the impact of internal tide 
could not be ignored!  Any way, it turns out that to investigate larger 
fluctuation one should put sensors according with the derivative distribution of 
modal functions.  For more details on the YSEA-05 and relevant results, we 
refer to our publications in Chinese.[8] 
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III. Mode coupling revisited 
           
          This is an old problem discussed in a number of papers, see e.g. [9]-[10]. 
The presentation here is not to want giving a new method, but we try to make 
an alternative physical interpretation; to understand the relationship between 
mode coupling and field interference structure, keeping in mind of application 
to “acoustic inverse or tomography problem to IWs”.  For the limitation of 
space, we only present some results without details. The derivation is some 
involved but standard, readers can consult relevant monographs, e.g. [11].  
          Consider a two-dimensional waveguide problem, where an 
inhomogeneous region exists between the source (VLA) and receiver VLA.  
The Helmholtz equation describing acoustic propagation in a ylindrically 
symmetric ocean with a angular frequency ω is given by 
 2 2 2 2

0 0( ) ( ( ) ( , ))k z k z k r z                                                              (3.1) 

),(
)(,

)(
)(

0
0 zrc

rk
zc

zk 
       

where k0(z) denotes the wave number of a range-independent reference 
waveguide, k2(r,z)-k0

2(z) the environmental perturbation with compact support. 
By the standard approach [9], eq.(3.1) the partially differential equation (PDE) 
can be transformed to a vector-valued ordinary differential system (ODS) as 
follows, 
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Ignoring the backward scattering, solution of (3.2)-(3,3) can be rewritten in 
terms of the following matrix-valued integral equation form 
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                                 (3.4) 

( ) ( )exp[ ]r A r iKr   , 1 2[ , ,..., ]NK Diag k k k        
Over-bar express matrix-valued, frequency dependences in (3.4) have been 
suppressed. Equation (3.4) describes the forward scattering of the mode 
coupling. The diagonal elements in the matrix solution stand for mode 
coupling from others to themselves, the off-diagonals denote the coupling 
among different modes. In eq.(3.4) the cylindrically spreading factor has been 
scaled out, it is a Volterra-type integral equation (IE).  
         IE in the form of (3.4) appears in many physical applications e.g. the 
many channel scattering problem in quantum physics, the inverse scattering 
method (ISM) about this IE has been discussed there. For details, we refer 
interested reader to the monograph [11]. However, exact ISM requires too 
much data, could not be satisfied in practical problems. Instead, here we 
explore to what extent structure information of the inhomogeneity could be 
included in our usual or future experiments.  
         In practical application, the best what one may measure, provided we 
have single mode generating source array, is the transmission matrix given by 
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where superscript -1 denotes the matrix inverse. Substituting (3.3) into (3.5) 
one obtains 
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( , ; ) ( )exp[ ]m m mz r z ik r          .                                                            (3.8) 
where effective potential given by (3.7) is called to as “shape/construction 
function (SC function)”, S-matrix denotes the scattering matrix. 

Next we see to how scattering matrix relates with spatial field 
interference structure. Using the WKB solution, modal functions can be 
written to 
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where kn,v denotes the vertical wave number. Substituting this expression into 
(3.6), we have 
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We now explain eqs.(3.10)-(3.12):  
       Equation (3.12) define two families of curves in the (r,z)-plane. For four 
different combinations (+,+), (+,-), (-,+) and (+, +), mk=constants determine 
different groups of  “ray-like” or constructive interference structures. The 
physical meaning of these ray-like structures has been explained in 
references in [12].  
       Last but not least, we give an analytic “inverse formula”.  After some 
straightforward calculations, provided modal functions are weak-dependent 
on frequency, we obtain 
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In the derivation of the last relation in (3.13), we have used a good property 
in a shallow water environment: [13]-[14] 
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(3.13) is then simplified to 
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   .                      (3.16) 

The left side is observable and function of variables s (corresponding range), 
while the right side is the weighted SC function.  

We close our presentation with some remarks: 
 In the derivation (3.6), the only assumption made is ignoring the 

backward scattering. 
 Equation (3.6), instead of scattering matrix, gives the matrix inverse. In 

the Born-approximation or single body scattering approximation, we can 
take 

/kn kn nk  . 
 The environmental perturbation can not be separated completely from 

the scattering field (cf. eq.(3.7)). In other words, in the single body 
scattering approximation, the observable scattering matrix is given by 2D 
Fourier-like transform of environmental perturbation (cf. eq.(3.6)), while 
in general when many body scattering could not be ignored instead of 
“bare perturbation” the “dressing perturbation”=SC function holds the 
stage. 

 Each scattering matrix component Smn is contributed from four families 
(cf. eqs.(3.10)-(3.12)) due to the 2D integral/averaged over 
corresponding families of “ray-like” interference structures.  

 The resolution in the z-direction is approximate H/N (N is the number of 
effective modes can be detected), and resolution in the r-direction is 
determined by 2/Max(kn-km).  
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 Although an acoustic inverse or tomography problem for IWs is very 
difficult, however weighted SC function can be reconstructed to some 
extent.  The lesson we learn from this is that instead of directly 
attempting to make inverse problem of dynamic process of oceanic IWs, 
it might be reasonable to first consider the problem reconstruction of the 
SC function!  
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 EFFECT OF PROPAGATING INTERNAL WAVES ON SHALLOW-
WATER ACOUSTIC PROPAGATION 

Chad M. Smith, David L. Bradley 

Chad M. Smith, Applied Research Laboratory, PO Box 30, State College, PA 16804, 
United States 
cms561@psu.edu 

Abstract: The Transverse Acoustic Variability EXperiment (TAVEX) was carried out 
within the northern East China Sea off the southern coast of South Korea during August of 
2008. Data collected includes towed conductivity, temperature, and depth measurements 
of the water column, bathymetry and acoustical sediment properties, and acoustic 
recordings from a bottom mounted horizontal line array. Transmitted signals include both 
continuous wavelength and linear frequency modulated pulses over roughly 30 km. The 
effect of internal waves on pressure variation received by the acoustic array will be 
considered using computational modeling and harmonic variation analysis. This 
technique evaluates the level of harmonic variation in received RMS pressure using 
spectral analysis. Pressure fluctuations in acoustic data will be compared to fluctuations 
within internal wave/acoustic models. Internal wave characteristics, modeling of internal 
wave and acoustic fields, and data analysis will be discussed. 
  

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 981 -



 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 982 -



 

 EFFECT OF LINEAR INTERNAL WAVES ON MID-FREQUENCY 
ACOUSTIC FLUCTUATIONS IN SHALLOW WATER  

Daniel Rouseff, Frank S. Henyey and Dajun Tang  

Applied Physics Laboratory, University of Washington, Seattle, WA U.S.A. 

Daniel Rouseff, Applied Physics Laboratory, University of Washington, 1013 NE 40th St., 
Seattle, WA 98105 U.S.A.  Fax: 206-543-6785. Email: rouseff@apl.washington.edu. 

Abstract: Driven by tides and often propagating from distinct bathymetric features, 
strongly nonlinear internal waves influence local oceanographic properties with 
consequences for acoustic propagation.  Among the effects are rapid temporal and spatial 
decorrelation, strong mode coupling, and horizontal refraction. While the effects may be 
dramatic, they may also be relatively transient; nonlinear internal waves may be present 
locally for only a small fraction of a tidal cycle. Often it is the background field of 
essentially linear internal waves that are affecting the acoustics. This background internal 
wave field may be modeled as a random process allowing acoustic propagation to then be 
treated as a wave propagation in random media (WPRM) problem.  The present paper 
considers acoustic fluctuations in the mid-frequency band due to internal waves thought of 
as random and linear.  A mixture of modeling and data analysis is reported using results 
from the 2001 ASIAEX experiment in the East China Sea and the Shallow Water 2006 
Experiment (SW06) off the New Jersey coast.  The starting point is the fluctuations 
observed for an isolated acoustic ray path from SW06. As the frequency increases from 1 
to 10 kHz, the scintillation index is shown to transition from weak scattering to strong 
focusing to apparent saturation. Scintillation is then considered when there are many 
acoustic paths. Ray models yield to a modal formulation and the Dozier-Tappert approach 
for mode coupling is applied.  The implications of these results for sonar systems and 
future field experiments are discussed.   

Keywords: Internal waves, wave propagation in random media, scintillation 
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1. INTRODUCTION  

Mid-frequency acoustic propagation in shallow water can be significantly affected by 
internal waves.  Internal waves limit temporal and spatial coherence and may undermine 
one’s ability to detect and track targets of interest.  Remote geophysical inversion may be 
hampered, as fluctuations in the acoustic field due to internal waves may falsely be 
attributed seabed variability. 

Loosely speaking, shallow water internal waves can be classified as being either linear 
or nonlinear.  Nonlinear internal waves have amplitudes that are a significant fraction of 
the water depth.  These event-like waves often propagate from distinct bathymetric 
features and retain some degree of coherence over multiple tidal cycles as they propagate. 
While the acoustic effects resulting from nonlinear internal waves may be dramatic, they 
may also be relatively transient as the waves may be present locally for only a small 
fraction of the tidal cycle.  More often it is the background field of smaller amplitude, 
essentially linear internal waves that will affect acoustic propagation. 

While nonlinear internal waves might be modelled as an event-like, quasi-deterministic 
process, linear internal waves are better regarded as a random process.  Acoustic 
propagation through a linear internal wave field may therefore be regarded as a wave 
propagation in a random medium (WPRM) problem and a considerable existing literature 
may be brought to bear.  The shallow-water problem, however, differs in several respects 
from its deep-water counterpart.  New approaches and modifications to existing theories 
are required. 

The present paper considers acoustic fluctuations in the mid-frequency band due to 
internal waves thought of as random and linear.  Section 2 sketches a model for the 
internal waves.  Differences between the shallow- and deep-water problems are 
highlighted.  Section 3 presents acoustic data and modelling.  Acoustic scintillation for an 
isolated acoustic path is quantified as a function of frequency.  Multi-path scintillation is 
then considered.  A model is then outlined for how shallow water internal waves might 
affect the vertical directivity of the ambient noise field.  Good agreement is achieved 
between the model and experimental data collected in the East China Sea.  

2. LINEAR INTERNAL WAVE MODELING 

The details of developing and testing a model for linear internal waves in shallow water 
are beyond the scope of this short communications.  Instead, the main points are 
summarized with particular emphasis to the issues that will be relevant to doing acoustic 
calculations.  The development largely follows from Henyey et al. [2]. 

To begin, assume a background sound speed profile 



c0(z) that is a function only of 
depth z.  The sound speed in the presence of internal waves, 



c(r), is written in terms of the 
background profile and the internal wave displacement 



 (r) as 



c(r)  c0(z(r)).  
(1) 

Equation (1) can be expanded in a Taylor’s series about the background profile. If the 
internal wave displacements are small, the expansion can be truncated after the first order 
term yielding a linear relationship between the sound speed perturbation and the internal 
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wave displacement.  It is important to realize that this linear relationship between the 
sound speed perturbation and the internal wave displacement is the result of making a 
linearizing approximation.  If the internal wave displacements are large, as is often the 
case with event-like nonlinear internal waves, a linear approximation to Eq. (1) should be 
regarded with some scepticism, as should acoustic models that are based on the 
approximation. 

As with the acoustic field, it is often convenient to expand the internal wave field in a 
normal mode expansion.  The internal wave modes Wj satisfy  



2W j

z2


N 2(z) 2

 2  i

2
K 2W j  0 

 
(2) 

where N is the buoyancy frequency at which a particle of water displaced from its 
equilibrium depth would oscillate.  The inertial frequency i is known from the latitude, 
and the frequency  and horizontal wavenumber K are related by a dispersion 
relationship.  For a measured or estimated buoyancy profile, Eq. (2) can be solved 
numerically for the modes.  The spatial correlation of the internal waves is  



 (x,y,z) ( x , y , z )  F(, j)W j (K;z)W j (K; z )J0(Krd )d
j

 .  
(3) 

The Bessel function arises from assuming that the internal wave field is statistically 
homogeneous in the horizontal; rd is the horizontal distance between the two points where 
the field is being correlated.  Note that the field is not statistically homogeneous in the 
vertical as z and 



z  appear separately.     
The quantity 



F(, j)  in Eq. (3) is the internal wave spectrum.  In shallow water, the 
spectrum is typically some variation on the classic Garrett-Munk representation for deep-
water internal waves.  One variation is to use a smaller value for the characteristic mode 
number.  Another variation used by some authors is to assume a slightly different power-
law dependence on internal wave frequency . Relevant to the acoustics, these subtleties 
in the assumed spectrum, along with the assumed internal wave dispersion relationship, 
are most important when calculating the temporal decorrelation. They are probably less 
important in calculating average quantities like the acoustic scintillation. Of relevance to 
all acoustic calculations, however, is the internal wave energy 



E0  (bEGM )(bN0)
2  

(4) 

where  is the density of water.  For the SWARM95 experiment, Yang and Yoo found E0 
= 94 J/m2 using only the first internal wave mode [3].  

To complete the model for the linear internal waves, it remains to specify 



bN0  and 



bEGM . The reference buoyancy frequency N0 and the e-folding depth b are artefacts from a 
deep-water model that assumes a buoyancy profile that decays exponentially with depth 
[1].  To undo this assumption, define for a buoyancy profile measured in shallow water of 
depth D  
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bN0  N(z)dz
0

D

 . 
 

(5) 

Typical values 



bN0  are on the order of 1 m/s.  The dimensionless internal wave energy 
EGM appears only as a product with b.  Typical values for 



bEGM  are 1 m or less with 
results from several experiments summarized in Rouseff and Tang [4].  

3. ACOUSTIC PROPAGATION RESULTS 

Results are considered from two experiments, the Shallow Water 2006 Experiment 
(SW06) [5] and the 2001 Asian Seas International Acoustics Experiment (ASIAEX) [6].  
The emphasis for the SW06 data is towards interpreting the measured acoustic scintillation 
using ray-based acoustic models.  For ASIAEX, the emphasis is on using a mode-based 
acoustic model to understand the observed ambient noise characteristics. 

3.1. Acoustic scintillation in SW06 

The SW06 data of present interest were collected over several hours on 13 August 2006 
during a period when nonlinear internal waves were absent.  A source transmitted a linear 
frequency modulated pulse spanning the 1-10 kHz mid-frequency band every 14 s. The 
field was measured on a short vertical array 1 km downrange.  The large bandwidth 
permitted separation of the acoustic paths with five relatively stable arrivals identified.  
One particular path that had undergone two upper turning points separated by a single 
bottom reflection was isolated for detailed analysis [7].  The selected path is of interest 
both because it was shielded from the sea surface and because it had turned twice in the 
thermocline where the internal wave effects would be their strongest. 

A variety of statistical quantities were estimated for the isolated path including the 
wander-corrected mean field and the pressure covariance. Also estimated was the 
scintillation index SI as a function acoustic frequency f.  Formally,  



SI( f )  I2( f ) I( f )
2
1.  

(6) 

The ensemble averages in Eq. (6) are approximated by averaging results over the 550 
transmitted pulses.  

Figure 1 shows the estimated scintillation index for the isolated single path plotted as a 
function of frequency. At 2 kHz, the scattering is weak and the SI is small.  Between 2 and 
5 kHz, the SI increases approximately linearly with frequency.  At 6 kHz, the scintillation 
index is greater than one (SI = 1.2) indicating strong focusing.  The SI then gradually 
decreases with SI = 1.0 at 9.5 kHz indicating apparent saturation. The curve shows the 
classic behaviour predicted by heuristic arguments that focusing and defocusing causes 
scintillation.  It is interesting that he complete transition—from unsaturated to strong 
focusing to apparent saturation—can be observed at relatively short range (1 km) as the 
frequency advances through the mid-frequency (1-10 kHz) band. 
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Fig.1: Single-path scintillation index observed during SW06. 
 
There remain several avenues of continued research associated with the single-path 

scintillation results shown in Fig. 1. For example, in deep water the apparent saturation 
with SI = 1.0 is often attributed to micro-multipathing [1].  In this interpretation, a single 
path is said to fragment into many interfering micro-paths.  The central limit theorem is 
invoked to say that the resulting complex amplitude is Gaussian distributed.  This implies 
that the intensity is exponentially distributed and, consequently, that the scintillation index 
is unity.  A careful analysis of the received SW06 waveforms after pulse compression, 
however, shows little evidence that the isolated single path has fragmented into multiple 
arrivals.  Hence apparent saturation is achieved in shallow water but not for the 
conventionally assumed reason.  Explaining this observation remains the subject of on 
going research.  Another task is to develop a model that will predict the frequency at 
which strong focusing (SI > 1) will be achieved for a particular configuration. 

The results in Fig. 1 are for a single isolated path.  Similar calculations can be 
performed for the complete received signal that is the combination of several paths, i.e., 
when there is macro-multipathing. Using the complete signal, Tang et al. estimated the 
scintillation index and the intensity cumulative distribution function for mid-frequencies at 
ranges between 1 and 9 km [8]. It was shown that the intensity probability distribution 
peaks at zero for all frequencies and follows an exponential distribution at small values. 
Macro-multipathing indeed produces SI = 1 as one would expect. 

3.2. Ambient Noise Notch in ASIAEX 

The vertical directivity pattern of ambient noise often displays a notch in the horizontal 
direction. In effect, the notch creates a window to look through the noise for targets of 
interest. The notch develops because downward refraction causes the noise generated by 
distant shipping or the wind to propagate at relatively steep angles leaving relatively little 
noise at shallow angles.  The premise investigated by Rouseff and Tang is that linear 
internal waves can redistribute noise into shallow angles and thereby partially fill the 
notch [4]; a noise notch may exist, but it will not be as deep as would be predicted by 
acoustic models that ignore internal waves. The principal results are summarized as 
follows. 

Figure 2 shows the ambient noise notch observed during ASIAEX in the East China 
Sea at 2, 3, and 4 kHz.  The results are from averaging data collected on a 31-element 
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vertical receiving array deployed below a steep thermocline in water 105 m deep.  The 
width of the noise notch is approximately 20 deg and the depth is between 5 and 8 dB. 

Superimposed on Fig. 3 are model calculations of the vertical directivity of ambient 
noise. Acoustic propagation from each noise source is modelled using the Dozier-Tappert 
coupled-mode model for propagation through a random linear internal wave field [9].  The 
internal waves couple energy from the high-order modes excited by the noise sources near 
the sea surface into the low-order modes trapped beneath the thermocline. The model 
further assumes that the noise sources are randomly distributed in the surface mixed layer. 
The model fails for large angles because it does not include noise generation mechanisms 
in the near field. If attention is restricted to angles ± 20 deg of horizontal—the region 
where distant noise sources are important and internal wave effects become significant—
then the model/data agreement is good. The model accurately captures both the width and 
depth of the notch. 

The model calculations in Fig. 2 assume an internal wave field of moderate strength 
with 



bEGM = 0.135 m in Eq. (4).  The corresponding dimensional energy is E0 = 99 J/m2, 
similar to 94 J/m2 estimated by Yang and Yoo at the SWARM95 site [3].  Varying the 
assumed internal wave energy has a significant effect on the predicted depth of the noise 
notch.  Setting 



bEGM = 0 yields a notch much deeper than was observed in the experiment; 
without internal waves, the predicted depth of the noise notch is determined by the 
sidelobes of the beamformer.  A strong internal wave field with 



bEGM > 0.5 m essentially 
eliminates the notch 

 

 
Fig.1: Single-path scintillation index observed during SW06. 

4. DISCUSSION  

The results from the ASIAEX and SW06 experiments suggest how the field of 
essentially linear background internal waves can have a significant effect on mid-
frequency acoustic propagation in shallow water.  In ASIAEX, it is suggested that the 
internal waves are responsible for the partial filling of the ambient noise notch.  In SW06, 
it is suggested that the internal waves are responsible single-path acoustic scintillation.  
These effects can have practical consequences for the operation of sonar systems in 
shallow water.   

Acoustic propagation through shallow water internal waves can be viewed as a wave 
propagation in random media (WPRM) problem.  While there are certain similarities 
between shallow- and deep-water WPRM problems, there are also significant differences.  
As noted in Section 2, the model for the internal wave field must be modified.  As shown 
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in Fig. 1, single-path scintillation can occur at relatively short range.  The need remains for 
developing new WPRM models appropriate for the unique aspects of the shallow water 
problem. 
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Abstract: The acoustic response to propagation through oceanographic uncertainty has 
been derived using polynomial chaos expansions to the coupled mode equations for 
propagation in range dependent environments. In this approach the sound speed 
variability is decomposed into vertical EOF mode shapes for uncorrelated components of 
the sound speed defect. Horizontally each of these EOFs is assumed to be characterized 
by a homogeneous random process with an exponential correlation function. Under these 
approximations it is possible to expand the coupled mode equations using a perturbation 
approximation for the coupling coefficients, and obtain the resulting polynomial chaos 
expansion for the coupled modal amplitudes. These results differ from previous work in 
that the expansion is obtained for the complex modal amplitudes instead of the log modal 
amplitudes, and that the horizontal statistics are described by a homogeneous random 
process. Results obtained for the statistics of the acoustic field are compared to Monte 
Carlo results as a function of the variance of the oceanographic variability and of the 
order of the truncation of the chaos. 

Keywords: Uncertainty, fluctuations, polynomial chaos 
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1. INTRODUCTION  

The transfer of uncertainty in the coefficients or boundary conditions of the underwater 
acoustic wave equation is a subject of much interest in naval sonar applications.  This is 
because the wave equation is highly sensitive to details about the sound speed profile, the 
surface and bottom loss, and the roughness. Uncertainties in these quantities are non-
linearly transferred by the wave equation into uncertainties in various quantities of 
interest, such as transmission loss or signal excess, that have a different probability density 
function (pdf) than the input uncertainties.   Adding to the challenges is the fact that the 
ocean is under-sampled in both space and in time, due to its opacity to satellite remote 
sensing, the non-linearity of its oceanographic response to measureable forcing such as 
wind, gravity, and atmospheric pressure, the cost of in-situ sampling, and the large 
diversity of spatial scales for which sampling is required.  Since accurate sampling and 
prediction of the ocean state at all of its scales is an impossibility, it is appropriate that part 
of its environmental characterization be characterized stochastically. 

 
The Polynomial Chaos (PC) expansion is a rigorous way of taking input uncertainty 

(the stochastic part of the environmental characterization discussed above) and predicting 
its non-linear propagation through the wave equation.  The idea is that any second order 
process may be expanded in a “chaos” of polynomials in the random variables 
characterizing the input uncertainty.  The polynomials to be used in such an expansion 
were shown by Wiener and others to be those which form orthogonal bases under the 
weight function of the pdf of the input random variables [1,2].  Two methods of expanding 
the solution in a chaos of polynomials are the so-called intrusive and non-intrusive 
methods.  In the non-intrusive method, legacy codes are run over a large enough set of 
realizations of the input random variables in order to allow the coefficients of the PC 
expansion of the output field to be solved for using the method of least squares.  This 
method is attractive because it allows the pdf of the output of legacy codes to be solved for 
directly.  In the intrusive method, discussed here for solutions to the Helmholtz equation, 
the coefficients of the acoustic field are expanded to include coefficients on the 
polynomials in the input random variables, and the amplitude of these coefficients are 
solved by evaluating probability integrals in closed form.  Here the strength of the PC 
expansion is most apparent during the derivation of the new equations, since the coupling 
between the polynomials within the chaos is usually quite sparse. 

 
In this paper we present results for an intrusive PC expansion of the coupled mode 

solution to the Helmholtz equation in the presence of oceanographic variability.  This 
method complements recent work where PC expansions have been introduced into the 
narrow-angle parabolic equation [3,4].  In our past work [5], the PC expansion was 
introduced into the log of the modal amplitude coefficients with the advantage that the 
transition from adiabatic to non-adiabatic modal propagation could be directly evaluated, 
but with the disadvantage that non-linearity higher than second order in the log modal 
amplitude was non-convergent and therefore the method could only treat slight variability.  
Here we apply the PC expansion directly to the amplitude of the modal coefficients 
themselves, with the advantage that higher order uncertainty transfer is possible.  We also 
evaluate the transfer of uncertainty for larger number of uncorrelated random variables on 
the input side of the environment, allowing the modelling of uncertainty transfer for more 
realistic environmental correlation functions. 
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2. THEORY 

The intrusive PC implementation for the (2D) coupled mode solution to the Helmholtz 
equation starts with the factoring of the depth-separated wave equation into two one-way 
equations  
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2.1. Environmental Variability 

Before applying the series expansion in Eq. 2 we must explicitly introduce 
environmental variability into Eq. 1. Here we restrict out attention to the case of constant 
water depth, and introduce perturbational variations to the modal eigenfunctions and 
eigenvalues as a function of variations c to the background sound speed  oc z  

 
     

 
 

   

   

2

32 2
1

, ,2,
o

oN
no

m mc z c z c z
n om n

z c x z
x z z

c z zk k

 
 

 






ξ

 
 

(4) 

 
     

   

   

202

3

, ,
o

o
no

n n oc z c z c z
n o

z c x z
k x k dz

k c z z

 

 


 
ξ

 
 

(5) 

The sound speed variations are assumed to be decomposed into EOFs vertically, with 
each vertical EOF having an exponential correlation function horizontally and a Gaussian 
distributed amplitude.  
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In Fig. 1 the background sound speed and the first two vertical EOFs are shown for the 
example used in this paper. The maximum excursion of the first two modes is 0.27 and 
0.28 m-0.5, and their variances are 1.05 and 0.54 m3/s2. 

 

 
Fig.1: Background sound speed profile (left panel) and first two EOFs (right panel) or 

the oceanographic variability evaluated in this paper. 
 

The exponential correlation function of each vertical EOF is approximated using a 
horizontal eigenfunction decomposition, yielding a deterministic form for  ka x .  For the 
first vertical EOF the desired correlation function and its horizontal EOF eigenfunction 
approximation are shown in Fig. 2.  

 
Fig.2: Exponential correlation function of 1st EOF (left panel) and its approximation 

using the first four eigenfunctions of its horizontal EOF decomposition (right panel). 
 

2.2. Polynomial Chaos Expansion 

Introducing the series expansion in Eq. 2 into Eq. 1 we obtain   
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Inserting the expressions for the range dependent modal eigenfunctions and 
eigenvalues in Eqs. 4, 5 and 6 yields 
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We can evaluate the expected value of Eq, 9 in which case Eq. 9 may be written 
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What remains is to compute the expected value of the triple products 

   k l j  ξ ξ   
(12) 

which are generally zero except for certain important combinations of , ,j k l [6], 
leading to a very sparse system of coupled equations.  

2.2.1. Size of Chaos Expansion 

The number of terms N  in the PC expansion grows very rapidly as the number of 
uncorrelated environmental terms EOFN  or the order of the expansion truncation PCN  
increases according to the rule [6]   

 !
! !

PC EOF

PC EOF

N N
N

N N


  
 

(12) 

3. RESULTS  

We have integrated the “intrusive” PC equations Eq. 11 to third order ( 3PCN  ) for 
environmental variability in sound speed characterized by the two vertical EOFs (EOF 1 
and 2) shown in the right hand panel of Fig. 1, each with exponential correlation functions. 
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The length scales l  of these correlation functions were 3.28 km and 298 m respectively.  
The exponential correlation functions were approximated with 3 horizontal EOFs for 
vertical EOF 1 and six horizontal EOFs for vertical EOF 2.  Thus the environmental 
variability was characterized by 9 uncorrelated GRVs ( 9EOFN  ).  Using Eq. 12 we find 

that the number of terms in the PC expansion was  9 3 ! 2209!3!N 
  for each mode.  

The equations were integrated forward using the ode23 function in Matlab for a 500 Hz 
source deployed at a 50 m depth and using 16 modes for the background sound speed 
profile shown in the left hand panel of Fig. 1. The total number of unknowns was 

3520MN N  .   
 
For purposes of comparison we have generated Monte Carlo realizations for  na x  by 

integrating Eq. 1 using 220N   independent realizations of the environment using the 
perturbation approximations for the mode coupling coefficients and the wavenumber 
defect in Eqs. 3 and 4.  The Monte Carlo solutions were used for direct evaluation of 
moments of interest and also to evaluate the amplitude of the PC expansion coefficients 
“non-intrusively” by fitting the trial expansion in Eq. 2 to the solution by solving a square 
linear system of equations.    

3.1. Intrusive Solution 

Intrusive results for the 1st and 2nd moment of the acoustic pressure are shown in Fig. 3.  
The top panel shows the unperturbed solution, the second panel shows 10 log10 of 
absolute value of the mean of the complex pressure normalized by the unperturbed 
solution, and the bottom panel shows 10 log10 of the mean of the acoustic intensity 
normalized by the unperturbed solution.  The results for the 1st moment show that the 
environmental variability has the effect of decreasing the expected value over the 
unperturbed solution.  This is due to the fact that the sound speed fluctuations cause 
saturation of the phase of the acoustic modes, leading to lower average values.  
Conversely, results for the 2nd moment show that the average intensity can be higher than 
the unperturbed solution, principally in regions where the unperturbed intensity was very 
low due to destructive interference between the modes. 

3.2. Non-Intrusive 

The non-intrusive results obtained from the fitting of a solution of the form of Eq. 2 to 
220 trial solutions of Eq. 1 agree almost identically with the intrusive solution, giving 
confidence in the setting up and solution of the intrusive PC equations.  Generally PC 
solutions will be obtained non-intrusively when using legacy codes, and comparisons 
between non-intrusive and intrusive results will not be available. 

 

3.3. Monte Carlo 

The Monte Carlo solutions for the 1st and 2nd moment are shown in Fig. 4.  Generally 
one sees excellent agreement between the intrusive, the non-intrusive, and the Monte 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 996 -



 

Carlo results for the 1st moment, while the agreement between the Monte Carlo and the 
intrusive and non-intrusive solutions is less good for the 2nd moment, with the Monte 
Carlo solution showing less variability.  Reasons for the good agreement between the 
methods for the first moment and the less good agreement between the methods for the 
second moment could include the effects of truncation error introduced by 3PCN   on the 
polynomial chaos solutions, or conversely better approximation of the results by the PC 
solution over the Monte Carlo solution.  

 

 
 
Fig.3: Intrusive results for propagation through environmental sound speed variability 

at 500 Hz.  

4. SUMMARY AND CONCLUSIONS  

The polynomial chaos expansion technique has been used in a perturbational coupled 
mode framework to propagate sound speed uncertainty through to acoustic uncertainty.  
Results show that the intrusive and non-intrusive PC results give very good agreement for 
the 1st and 2nd moment of acoustic pressure, while the agreement between either PC 
method and the Monte Carlo results shows the best agreement for the 1st moment, with 
systematically lower Monte Carlo results for the 2nd moment.   

 
Polynomial chaos solutions offer the possibility to non-linearly propagate uncertainty 

through the wave equation to obtain acoustic uncertainty.  Intrusive solutions give the 
complete mechanics of how this uncertainty is transferred and non-linearly propagated.  
Non-intrusive solutions offer a more rigorous way to characterize this transfer of 
uncertainty without having to modify legacy codes.  In either case, once the PC expansion 
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coefficients have been obtained, the complete probabilistic description of the acoustic field 
has been obtained through to the pdf, and is valid as long as the truncation order PCN  is 
sufficiently large for the series expansion to converge.  The convergence of the PC 
expansion as a function of the amplitude and scales of the environmental variability, as 
well as the acoustic characteristics of the problem, is a topic of current research. 

 

 
Fig.4: Monte-Carlo results for propagation through environmental sound speed 

variability at 500 Hz. 
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Abstract: Propagation of sound through shallow-water internal waves of various types 
is discussed. The anisotropy of the waves imparts an anisotropy to their effects on sound. 
The internal waves are of two types: Long-wavelength internal tides and short-wavelength 
high-frequency waves. On the continental shelf both types of waves tend to move 
shoreward from deep water (i.e. have anisotropic motion and anisotropic correlation 
scales). The internal tides are less predictable than the surface tides that generate them. 
The short-wavelength nonlinear internal waves are also somewhat unpredictable, and 
also have anisotropic correlation scales, having crests of tens of kilometres in length but 
wavelengths of order 300 to 1000 m. Coupled-mode propagation dominates across-shelf 
sound propagation, which in the direction of short internal wave correlation scale. 
Refracted-mode propagation dominates along-shelf propagation. Data from two sea 
exercises illustrate the character of the waves and their effects on sound. 

 

Keywords: Internal waves, nonlinear internal waves, internal tides, coherence, shallow-
water acoustics.  
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1. INTRODUCTION: INTERNAL WAVES IN SHALLOW WATER  

Internal waves in the coastal ocean are one of the dominant causes of spatial and 
temporal sound-speed variability. They occupy the horizontal wavelength domain of 
hundreds of meters to tens of kilometres, and have time scales of tens of minutes to one 
day. The detailed behaviour of individual waves is modulated over time by processes with 
larger length scales and longer time scales than the waves themselves. 

On the outer portion of many continental shelves the internal waves are directly related 
to the tides. The internal tides (internal waves of tidal frequency) that appear are the result 
of vertical deflection of tidal currents by sloping bathymetry. In the presence of a local 
vertical potential density gradient, the vertical motions create periodic internal density 
anomalies and pressure anomalies that lead to radiation of internal gravity waves [1]. The 
wavelengths of these waves are typically near 50 km for semidiurnal constituents (two 
periods per day), and near 100 km for diurnal constituents. Because the lower bound of 
internal wave frequencies is the inertial frequency, two times the rotation rate of earth 
times the sine of latitude, there are no diurnal internal tides at latitudes above 30 N or S.  

Internal tides can form at the continental slope, just offshore of the outer continental 
shelf. The continental slope is an anisotropic feature. Internal tides generally propagate 
offshore and onshore, in somewhat of a plane-wave fashion. The waves directed toward 
shallow water show increasing energy density over time (disregarding dissipation), and 
can evolve into packets of short and steep nonlinear internal waves with wavelengths of 
order one km or less. This is consistent with the nonlinear nature of the Navier-Stokes 
equations [1]. Fig. 1 schematically shows crests of nonlinear packets moving onshore, 
drawn for shelf-edge areas of two joint internal-wave/acoustics field programs. Fig. 1 also 
shows two incident transbasin nonlinear internal waves, waves of a different type [2]. 

 

 
 

Fig.1: (left) The ASIAEX 2001 South China Sea source and receiver positions are shown, 
with the receiver at the vertex. Crests of example nonlinear internal wave of two types are 
drawn, waves locally generated from the internal tide (L), and transbasin type waves (T). 
(right) The Shallow-Water 2006 program source and receiver positions are shown, again 

with the receiver at the vertex. Example locally generated nonlinear wave crests are 
drawn. Depth contours in meters.  
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2. ACOUSTICALLY RELEVANT WAVE FEATURES 

The internal waves cause large transient displacements of the thermocline, which have 
a one-to-one correspondence with sound-speed anomalies. Many recent papers discuss the 
effects of these anomalies on sound propagation. In many areas the waves travel on a 
thermocline that (typically) separates a warm thin upper later from underlying cool water. 
The long internal tides have approximately sinusoidal displacements at a given depth. The 
short nonlinear waves are unidirectional in displacement, directed away from the thin 
layer (typically down, drawing warm water downward, giving fast sound-speed 
anomalies).  Here we focus on the anisotropic nature of the effects, and the fact that that 
packets of large waves often appear at a given location only once per tidal cycle, with 
minor wave activity between the packets. There are many exceptions to this rule, often 
caused by waves arriving from more than one source region, with source regions 
apparently spread along the spatially varying shelf break. Details of internal tide 
generation processes and nonlinear wave development processes as they occur in the field 
are not well known.  

The schematic internal-wave crests drawn in Fig. 1 have many features drawn from 
airborne synthetic aperture radar (SAR) images, satellite SAR images, and other shipboard 
or moored observations [3]. The internal tides have very long wavelength, and lose much 
of their energy to nonlinear waves and/or dissipate that energy within one-half wave 
period (wave length) of being generated. As a result, their sound-speed anomalies are 
weakly anisotropic compared to those of the nonlinear waves. The nonlinear waves have 
long crests compared to their wavelengths, with aspect ratios of 10 to 1 or more, but the 
curved nature of the wave packets [4] has a reducing effect on objective measures of the 
sound-speed perturbation field anisotropy. 

The anisotropy of the sound-speed perturbation field imparts anisotropy to anomalous 
sound propagation effects, also known as forward scattering effects. Propagation normal 
to the internal wave crests (at 90) is subject to coupled normal-mode propagation [5]. 
Propagation aligned with the wave crests is subject to horizontal refraction of normal 
modes [6], with mode coupling being weak or nonexistent, so-called adiabatic normal 
mode propagation. At in-between angles there may be a gap between the two behaviours, 
but there has been some evidence that mode coupling can occur for angles of order 8, so 
there would be no gap. The existence of the gap may depend on ambient conditions and 
wave characteristics of each area under consideration. 

3. TEMPORAL VARIATIONS OF INTENSITY 

There have been a few theoretical studies of the effects of anisotropic internal waves on 
sound intensity. Coupled-mode studies of sound normal to crests show that short moving 
internal waves cause alternating net mode coupling into mixtures of modes that are more 
attenuated (highly bottom interacting) or less attenuated, respectively. The effects of this 
on intensity are tied to range travelled after the coupling event at the wave packet, and 
reach order 10 dB at order 30 km, with a strong dependence of this rule on seafloor type, 
thermocline conditions, and acoustic frequency. Sound travelling along the crests of the 
waves is subject to many refractive effects in the horizontal [4]. Phase velocity anomalies 
of normal modes can grow large in the waves, with duct critical angles of 3 or 4, 
creating mode multipath (modal interference patterns) and mode shadow zones. These 
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effects can be modelled and understood using the adiabatic mode approximation. The 
effects also exist in the presence of mode coupling. Because they depend on modal phase, 
mode coupling effects have strong temporal variability, and the mixed situation will 
reflect the temporal variations of the mode coupling as well as that of the (possibly) 
evolving refraction geometry. 

 

 
Fig 2: SW06 VLA channel 10 receptions of the 224-Hz pulse arrivals. Left, from top to 

bottom, are mean pulse intensities E in windows of 16, 8, 4, and 2 hrs, +/- standard 
deviation of residuals for the windows. The time scales are stretched so that the bin 

quantities in the plots are equal. The middle column shows histograms of E. The right 
column shows histograms of the residuals. 

The fluctuation levels are demonstrated with data from two experiments drawn in Fig. 
1., the 2001 ASIAEX study in the South China Sea, and the Shallow-Water 2006 study 
south of New York. The details of the acoustic experiments can be found in reports [7,8]. 
Fig. 2 shows time-averaged receptions of sound at a mid-depth phone of the SW06 HVLA 
receiving array (southernmost symbol in Fig. 1). Sound is from a 224-Hz source 30 km to 
the northwest at station NW. Sound propagation was across internal wave crests. Intensity 
averaged over dispersed pulse duration and over lengthy time windows (many pulses) is 
shown for four window sizes, ranging from 2 to 16 hours. This gives the frequency 
content of the fluctuations. The analysis is performed this way because the transmission 
schedule was irregular, with large gaps. The pattern of intensity versus time that appear 
when the averaged results are viewed in bin-width normalized time, as in the plot, are 
rather similar for all window lengths, suggesting self-similarity. The fractal (Hausdorff) 
dimension for the intensity pattern is D = 2.5-0.5, where  is the downward power 
spectral slope [9]. Using special methods to compute the power spectrum of the unequally 
spaced data, Fig. 3 (left) shows  to be 0.5 for the 224-Hz data, for 200-Hz pulses from 
the NE SW06 path, and for ASIAEX pulses from the shallow source (Fig. 1). This shallow 
spectral slope gives the large value D = 2.25. The shallow spectral slope results in a high 
level of high-frequency intensity variations, middle panel of Fig 3. This is consistent with 
studies of effects of moving internal waves made by our group and by others. 
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Despite the anisotropy of the internal waves there are only negligible differences in the 
intensity spectra for the two SW06 paths. Anisotropy does appear in the 2-hr binned 
intensity, however. Fig. 3 shows histograms of sound for the across-crest (224 Hz) and 
along crest (200 Hz) paths. The across-crest statistics are closer to normal than the along-
crest statistics, which show skewness (a high number of low intensities). The skewness is 
consistent with shadow zones predicted for paths nearly aligned with crests [4]. Finally, 
for the NW (across-crest) case, modelling shows that time-dependence of the relative 
excitation of the normal modes as wave pass the source can only give a few dB variation 
at tens of km, compared to the 10 dB or greater coupling-induced intensity changes.  

 

  
Fig. 3: (left) The power spectra of single-point intensities for three propagation paths are 

shown. The legend is in the center. (center) Integrated spectra (cumulative variance). 
(right) Histograms of 2-hour averaged intensity, two sources. 

4. HORIZONTAL COHERENCE 

The horizontal coherence length is of interest because it determines the limiting useful 
length of horizontal arrays. Gain in signal to noise ratio can be obtained only for signals 
that are phase coherent over the array. The correlation scale was measured in detail during 
the SW06 program. Pulses of 100 and 200 Hz center frequency were transmitted 19.5 km 
from the NE station, and pulses of 224 and 400 Hz were transmitted 30 km from the NW 
station. Measurements along a northward-directed bottom-resting 32-element array (the 
horiz. line array, HLA) with 15-m spacing were analyzed. Many statistics of the complex-
demodulated fields were computed for the duration of the one-month experiment, each as 
a function of beam steering angle. These included array gain for apertures of 2, 4, 8, 16 
and 32 contiguous hydrophones, phase structure function, and spatially lagged correlation 
function. Further details are available elsewhere [8,10]. The normalized lagged covariance 
(cross-correlation) function is presented here, defined as 

The angle brackets indicate an average over time. Here, 2.4-hr windows are used (10 
windows per day).  

Functions RN(x) are plotted for NW 224-Hz pulses at the top of Fig. 4. These have a 
remarkably steady behaviour, with correlation lengths L (1/e scales of RN) staying near 12 
wavelengths. Behaviour at 400-Hz is similar. The steady-state correlation length is 
consistent with coupled-mode propagation and one or more internal-wave packets between 



RN x 
* x0  x0  x 

 x0 
2 1/ 2

 x0  x 
2 1/ 2  ;                 RN 0  1 

 
(1) 
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the source and receiver. On the other hand, the L scales are much shorter than predicted 
from a coupled analytic/computational study. One candidate explanation for this is that 
one end of the array is closer to the source than the other, and mode interference is 
variable across the HLA. The maximum L expected in this geometry can be computed 
using a joint horizontal/vertical array processing method [10]. This maximum would occur 
for HLA sampling of plane-wave arrival of modes detected at the VLA moored at one end 
of the HLA. The observed L are always lower than this maximum, suggesting strong 
azimuthal variations in the propagation of sound fields from the point source. 

The same functions are shown for the along-crest 200-Hz pulses arriving from NE (Fig. 
4, lower panel). The correlation length L, again given by the 1/e contour, fluctuates 
dramatically as packets of waves with crests that are approximately aligned with the sound 
path intrude. The wave arrivals can be seen at the top edge of the lower panel of Fig. 4. 
The behavior is consistent with refraction of modes, which has been analyzed in a few 
recent papers [e.g. 11]. Effects such as crossing distinct arrivals of each mode are possible, 
which give strong fluctuations of amplitude and phase (interference pattern). Phase 
decorrelation has been identified as the primary cause of reduced coherence.  

 
 

Fig. 4: Horizontal correlation functions are plotted for 200-Hz pulses transmitted 20 km 
along-shelf in SW06 (bottom), and 224-Hz pulses transmitted 30-km across-shelf (top).  
2.4-hour averaging windows are used. The lines show the 1/e contours. (upper section, 
lower panel) 15 Isotherm displacements (m) are shown at the receiver location, a mid 

point, and the source location northeast of the receiver (bottom to top). 
The displacements at the receiver are repeated in the upper section of the top panel. 

Array performance analysis has been used as a motivation for studying the horizontal 
correlation.  Theoretical signal to noise ratio gain for M hydrophones over one hydrophone 
is given by G=10log10(M) if noise is uncorrelated between phones and signal is correlated 
at all phones, with G in dB. Array gain degradation is AGD.M=G(M)-GF(M), where GF is 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1004 -



 

gain obtained in the field. Fig. 5 shows 32-element and 4-element degradation on a pulse-
by pulse basis for 2.4 hours and for NE 100-Hz data. White on the two top panels shows 
AGD.32 or AGD.4 equal to zero, or good gain, and dark colors are poor gain. There are 
strong variations over time at the angle directed at the source (~27) as internal waves pass 
in this early part of Aug 14 (see Fig. 4). The theoretical gain (G) is 15 dB for M=32, and 6 
dB for M=4. Fig. 5c shows gain averaged over the 2.4 hours for (from bottom at 28 
degrees) M=1,2,4,8,16,32. Gain for all M =32 is far below theoretical. 

 

 
Fig. 5: (a) Array gain degradation for the full array, 32 elements, as a function of steering 
angle and time. (b) Same as (a), except for 4-elements subarrays. Subarray averaging is 

used to improve reliability of statistics. (c) Averages of GF  over the 2.4 hour time window 
(day 14.2 to 14.3) for each angle are shown. 

5. SUMMARY 

Data from the SW06 experiment south of New York, USA, has been used to compare 
characteristics of pulses propagated along paths aligned and normal to the nominal 
geometry of internal wave crests. The high-degree of anisotropy in the internal waves 
causes high anisotropy in field correlation statistics measured with a horizontal line array. 
Temporal fluctuations of intensity have some statistics that appear independent of angle 
(i.e. isotropic), but also display some anisotropic features. Theories of refracted normal-
mode propagation can be used to predict the nature of the statistical variations. It is likely 
that characteristics of internal waves and wave packets may need to be known in detail to 
sufficiently predict correlation and array gain behaviour. Some of these characteristics are 
not yet well known, such as variations of along-crest structures and curvatures in internal 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1005 -



 

waves at a single site, or variations between sites. Further research into these variations 
and their causes may improve this situation. 
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Reconstructing the Sound Speed Profile under Internal Wave 

Environment in Yellow Sea Using Empirical Orthogonal Functions 
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Abstract: Internal tide and high frequency internal wave (HFIW) is often observed in the 
Yellow Sea area. Three thermistor chains were populated at site A, B and C during internal 
wave measure experiment in August 2009. From the temperature data of thermistor chains, 
depth fluctuations of the thermocline were observed induced by internal tide and HFIW. In 
this paper, the empirical orthogonal functions (EOFs) from 6 hours’ data (during the time 
from high tide to low tide or inverse) were analyzed, and two empirical orthogonal functions 
and two sound speeds at depths around thermocline were used to reconstruct the sound speed 
profiles in the whole time. The results proved to be very satisfying. And，it was feasible to 
reconstruct the sound speed profiles at site B with the empirical orthogonal functions which 
are got from that of A. 

Keywords:  Sound speed profile reconstruction, HFIW, EOF 
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1. Introduction 

The sound speed profile in the shallow water can be effectively expressed by the empirical 
orthogonal functions (EOFs) which are obtained from direct measurement and orthogonal to 
each other. It’s easy to express different sound speed profiles with the functions multiplied by 
different coefficients. For the most situations, only a few coefficients are needed to express 
the sound speed profile.  
In summer days, it’s quite often to observe strong thermocline in the Yellow Sea, and one 

experiment for the internal wave measurement was performed in 2009 summer. The 
temperature profile was recorded by thermistors every minute populated at sites A, B and C. 
And the sound speed profile was calculated by the empirical equations with the experimental 
data of temperature and depths [1]. Then the empirical orthogonal functions method was 
applied to the sound speed profiles data analysis and the first 2 EOFs were used to reconstruct 
the sound speed profile in the whole time.  

2. Empirical Orthogonal Functions Method 

The matrix of sound speed profile can be expressed as follow: 

1 2 3

1 2 3

1 2 3

1 2 3

(0) (0) (0) (0)
( ) ( ) ( ) ( )

(2 ) (2 ) (2 ) (2 )

( ) ( ) ( ) ( )
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c c c c
c h c h c h c h

C c h c h c h c h

c kh c kh c kh c kh

                                  (1) 

Here, ( )ic mh  is the sound speed at depth mh  at the instant i t , 1,2,i N , 
0,1,2,m k .The element ijr  of the covariance matrix (denoted as R) of sound speed is 

defined as equation (2) 

1

1 [ ( ) ( )]*[ ( ) ( )]
N

ij n n
n

r c ih c ih c jh c jh
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                                     (2) 

( )c jh  is the average sound speed at depth ih . The eigenfunctions mf  of R are the 
empirical orthogonal functions, which are ordered in decreasing values of the eigenvaluses. 
Usually not all the functions are needed. If there are n functions needed for the sound speed 
profile expression, the same amount of coefficients are required. In order to get the 
coefficients 0 , 1 … 1n  , equation (3) are introduced: 
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In equation (3), the sampled sound speeds which are already known should be around the 
thermocline. Then the coefficients can be used to reconstruct sound speed profile using the 
following equation: 
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3. Numerical Simulation 

3.1 The Number of empirical orthogonal functions and their achievement  

Fig.1 shows the internal waves’ effect on temperatures at experiment site A. The 
temperatures are plotted as a function of depth for 35 hours. For this section of data, the M2 
tide period and high frequency internal waves were observed. The internal waves were 
dominated by M2 internal tide and high frequency internal waves ridded on the M2 internal 
tide.  

 

Fig.1 The temperature profile over time at site A 
Usually, the longer the observed historic data was, the better the empirical orthogonal 

functions which were gotten from that data were. In order to use the least data and get the 
more efficient empirical orthogonal functions, 6 hours observed data from high tide to low 
tide was chose to get EOFs. Fig.2 (a) shows the averaged sound speed profile of 6 hours and 
Fig.2 (b) shows the first three empirical orthogonal functions along depths. 
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Fig.2: The averaged sound speed profile among the time interval 0-360min (a) and the first 
three empirical orthogonal functions along depths. 
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Using the gotten empirical orthogonal functions and equation (4), the sound speed profile 
can be reconstructed. Usually, the value of n in equation (4) is 3, 4, or 5. Through analyzing 
the yellow Sea internal wave’s data, we found that the first two empirical orthogonal 
functions were enough for reconstructing sound speed profile under internal waves. The two 
coefficients of EOFs can be calculated using equation (3).  

In order to analyze the veracity of reconstructed sound speed profile, we define the Mean 
Square Error of reconstructed sound speed profile as: 

2

0

1 ( ( ; ) ( ; ))
1

k

i
MSE c t ih C t ih

k 

 


                                                  (5) 

In Equation (5), c is the reconstructed sound speed and C is the real one. Fig.3 shows the 
Mean Square Error of the reconstructed sound speed profile of 35 hour measured in site A. 
Fig.3 (a) shows the Mean Square Error using the first 2 EOFs and Fig.3 (b) shows the Mean 
Square Error using the first 3 EOFs. In figure 3, the Mean Square Error using the first 2 EOFs 
is less than 2m/s for the most time and the Mean Square Error using the first 3 EOFs is less 
than 1.5m/s for the most time. So the first two empirical orthogonal functions were enough 
for reconstructing sound speed profile under internal waves. 
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Fig.3 The MSE of the reconstructed sound speed profile.  

3.2 The reconstruction of sound speed profiles 

Fig.4 shows the measured sound speed profile (a) and reconstructed sound speed profile (b) 
using first two empirical orthogonal functions at site A. The depths of two known sound 
speed were 18m and 20m. It is necessary that the sampling depths of known sound speed 
should be in the thermocline, because the EOFs stay unchanged beyond the thermocline, and 
only vary at depth around thermocline, which is shown in Fig.2.  
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Fig.4: The original sound speed profile (a) and the reconstructed one (b) at site A. The EOFs 
is based on the data of the time interval 0-360min (specified by the straight line), and the 

depths of two known sound speed were 18m and 20m 
Fig.5 shows the measured (the upper one) and the reconstructed (the lower one) equal sound 

speed line time series. Measured curve and reconstructed curve were very alike. Fig.6 shows 
the power spectrum of 1520m/s equal sound speed line time series. The left curve is 
measured result and the right one is reconstructed result. The power spectrum slopes of left 
panel in the frequency ranges 0.1-4 cph is -1.8092 and -1.1860 beyond 6 cph. In right panel, 
The power spectrum slopes is -1.8826 and -1.1663. The similar slopes of the real and 
reconstructed spectrum show the feasibility of the reconstruction based on first two EOFs. 
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Fig.5: The contour lines of sound speed (1520 m/s) obtained from the original sound speed 
profile (the upper one) and the reconstructed (the lower one). 
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Fig.6: The spectrum of internal wave. The left one is obtained from the original sound speed 
profile, and the right one is obtained from the reconstructed one. The slope lines beyond 6 

cph are shifted up by unity for convenience   
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For illuminating that the first two EOFs gotten by measured data at site A is effective for 
sound speed profile reconstruction at other site, the reconstruction of sound speed profiles at 
site B using the gotten EOFs of site A was shown in Fig.7. Site B was about 10km far from 
site A. The thermocline is about 18-21m at site A, 17-19.5m at site B. Comparing between 
real sound speed profile and reconstructed one at site B, they was very alike. This means 
internal waves at site B and site A have a strong correlation. 

 

Fig.7: The reconstruction of sound speed profile at site B using the 2 EOFs obtained from 
sample data of site A. a is the real sound speed profile and b is the reconstructed one.   

4. Conclusion 

This paper mainly discuss the method to use the first two EOFs and two sampling sound 
speed in the thermocline to reconstruct the sound speed profile under the Yellow Sea internal 
waves. and the results prove to be quite satisfying. The EOFs are got by analyzing the six 
hours’ sound speed profile data from the time of high tide to low tide, and the good 
agreements between the reconstructed and original sound speed profile in contour lines and 
spectrum show the feasibility of the method. 
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 A COMPREHENSIVE CONCEPT OF UNDERWATER SITE 
PROTECTION 

Dan Ben-Dov 

Dan Ben-Dov, 2 Rechavam Zeevi St., Givat Shmuel, Israel 54017, Israel 
dan@dsit.co.il 

Abstract: The guiding principal that has been employed in preparation of this paper is the 
set of questions that we asked ourselves prior to the development of our underwater 
surveillance system. We believe that these critical questions provide an intelligent 
framework for both the evaluation of site security needs and the design of a system 
required to meet those needs. This paper, therefore, proposes to examine some of these 
questions and provide the answers that we have learned and which have guided us 
through over 10 years of experience in the field. 
1. What are the needs and vulnerabilities associated with underwater security? 
Many strategic installations have multi-million-dollar coastal and offshore infrastructure 
that underwater sabotage can damage or destroy with disastrous results. Underwater 
intrusion is relatively easy to accomplish. Unfortunately, intelligence reports and 
independent security analysts foresee such attacks happening in the near future.  
The list of vulnerable sites includes: naval ports and installations, commercial ports, 
nuclear power facilities, energy terminals, offshore rigs, pipelines and communication 
cables. The environment surrounding these sites is a challenging one. The paper will 
examine this environment and discuss its impact on the design of a diver detection sonar 
system. 
2. What are the critical requirements of an underwater site security system? 
The questions to be answered are: What must an effective system comprise? What 
determines effective operation? What is the performance required? What system 
characteristics derive from this analysis?  
The paper will propose answers to these questions by examining the operational 
challenges involved in an underwater site security system.  It will review the critical 
requirements for an effective underwater site security system while taking into account 
factors such as life cycle costs, ease of operation and more. 
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 EXTRAPOLATING THE OPERATIONAL PERFORMANCE OF 
UNDERWATER SENSORS: DIVER DETECTION SONAR 

PERFORMANCE DURING PORT GUARD 2010 

Mark Gammona,   Vance Crowea 

aDefence R&D Canada - Atlantic 

M. Gammon, PO Box 1012, Dartmouth Nova Scotia, B2Y 3Z7, (902) 426-9654 (fax),  
mark.gammon@drdc-rddc.gc.ca 

Abstract: Recent trials and subsequent operations of a single stationary underwater diver 
detection system prompted operational analysis of the system performance to determine 
the number of systems that would be required to adequately protect shore based 
infrastructure and berthed ships from an underwater threat.  Extrapolation of the 
observed performance was established using a mean detection range based on operator 
reported ranges.  The single Diver Detection Sonar performance was extended to multiple 
sensors using a simple geometric approach.  Given a multiple sensor scenario, the 
question of timeliness and reaction times for the chase boats required the development of 
a MATLAB simulation.  Using a probability distribution from the reported ranges, rather 
than a mean detection range, required that the model utilize an M-of-N detection 
heuristic, similar to that used by sonar for system detection and tracking.  The rational for 
what M-of-N heuristic should be used, and the impact of different factors on the number of 
sensors required for a given level of protection, is explored.  The methodology for this 
operational performance evaluation could provide one approach for other similar types of 
sensors systems.  

Keywords: Diver detection, sonar 
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INTRODUCTION  

Underwater force protection is an area of interest both to the Canadian Forces (CF) as 
well as other organizations such the NATO Undersea Research Centre (NURC).  Studies 
at NURC have reviewed the state-of-the-art in diver detection which indicates that diver 
detection sonar (DDS) is at a mature state [1]. Testing and review of different sonar 
systems, including the DDS used by the authors, was conducted by NATO during a 
Harbour Protection Trial in April 2006 [2]. The analysis of that trial resulted in the 
assignment of technology readiness levels to each of the systems. The performance in 
terms of probability of detection was also determined to the extent possible. Detection 
ranges for the Cerberus system ranged from 267 to 595 metres and was assigned a 
probability of detection (Pd) of between 66% and 100%. The wide range in Pd was 
attributed to the small sample size.   

In June 2010, DRDC Atlantic deployed a Diver Detection Sonar (DDS) during 
Exercise Port Guard (PG10).  The DDS was part of the system concept known as the 
Canadian Underwater Protection System (CUwPS), is shown in Figure 1. The system was 
developed for countering underwater threats such as divers in ports and anchorages.  

 The objective of this study is to answer the question of how many DDS systems would 
be required, based on the operator reported ranges from diver detection runs conducted 
during PG10, to ensure a given level of protection for the entire shore facility and shore-
berthed ships. The performance of the DDS was extrapolated to determine the subsequent 
requirement for underwater protection.   

 

 
Fig.1: Operations View: CUwPS System integrated into an operations centre. 

DIVER DETECTION SONAR (DDS) SYSTEM AND PORT GUARD 2010 

The CUwPS system includes the necessary components for detection, classification and 
operator warning of underwater threats. The various components include the following; 

– One Cerberus Diver Detection Sonar 
– A Sensor Assignment System (SAS) 
– WiMax wireless network radios  
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– One or more Response Boats 
– A Classification Tactical Display (CLSTAC) system 
– One or more Portable High Resolution Sonars  
– Broadband Acoustic Transmission System and E Loud Underwater Hailing. 
– A CUwPS Shore Station 
The Cerberus diver detection sonar shown in Figure 2 was obtained from QinetiQ, now 

Atlas Elektronik UK Ltd. The DDS is deployed directly on the sea bottom and is 
connected to the shore station by a 250 meter umbilical cable. Detections made by the 
DDS tracking algorithms are automatically passed to the Sensor Assignment System, an 
application that was developed at DRDC Atlantic. Using a chart-based graphical user 
interface, the SAS operator assigns particular tracks, or areas of interest, to a response 
vessel. 

 

 
Fig.2: Cereberus Diver Detection Sonar and High Resolution Sonar Image. 

 
The Canadian Forces employs a large number of 7-meter Rigid Hull Inflatable Boats 

(RHIB) for waterside security. The CUwPS equipment is mounted on one of these RHIB. 
The CUwPS response boat is equipped with GPS which is used for own ship navigation 
and own track information linked to SAS. The portable sonar on the response boat is used 
to classify contacts. This high resolution, directional, imaging sonar is a Blue View P450. 
The sonar is mounted on a pan and tilt device and mechanically fastened to a deployment 
pole on the response boat. If within its field of vision, the imaging sonar can provide 
sufficient resolution in beam and range to enable an operator to identify an object, as also 
seen in Figure 2. 

Exercise Port Guard 2010 (PG10) was conducted from 5-18 June, 2010 in Halifax as 
prelude to operations during the Royal visit and the International Fleet Review (IFR) 
which was held from 23 June to July 1st. The CUwPS deployment was from the 
November Bravo (NB) jetty in the Halifax Naval Dockyard as two high value assets were 
berthed on both sides of the NB jetty. The shore container housing the CUwPS dry end 
equipment was installed at the end (near the north face) of NB jetty and manned by navy 
personnel.   
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ANALYSIS METHODOLOGY AND RESULTS  

The CUwPS equipment was set up before Exercise Port Guard and navy divers 
undertook several training runs to test the system for effectiveness. Figure 3 shows data 
taken from 22 observations from 3 days of training runs indicating the range from the 
DDS of diver contacts that were passed to the response boats for classification.  The 
results are non-dimensional based on the area depth V. 

     

Fig.3: Probability Distribution based on Observer Reported Ranges 
 
In this paper, these range data are analyzed in a number of ways to answer the question 

of how many DDS would be needed to protect a larger navy base.  The simplest answer 
uses the mean detection range in the “cookie cutter” approach of reference [3]. The 
methodology is based on a geometric approach for the extension to multiple sensors, based 
on whether a random straight line approach from the start position at the lower box or sea 
base reaches a closest approach point which is inside the mean detection range of the 
sensor, as shown in Figure 4. A senor radius R is based on the mean detection range 
reported by the operators. 

 
 

Fig.4: Diver Detection Model Geometry 
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In reference [3] the emphasis is on random sensors, and a mean detection range which 
can be varied. In our study, the DDS or sensors are not randomly placed, and the area size, 
which for convenience in [3] is a square of width and depth 2U, was modified to be a 
rectangle as shown in Figure 4. The rectangle better approximates the area of study.  The 
placement of the sensors are located at the upper end of the area, and equally spaced. 

The sensors for the purpose of this study is placed at a location from the top, which 
represents the placement based on the umbilical cord from the shore-side station to the 
DDS. As mentioned, the diver enters the box from the lower side at a randomly placed x 
position between (-U,U) and at a y position of (-V), and then follows a straight line at an 
angle of (0, π). Since this could lead to an exit from the region prior to reaching the upper 
side of the rectangle, for statistical sampling, only those runs that can reach the top of the 
rectangle are used in calculating probabilities. In other words, one of the assumed 
constraints is that the diver is trying to reach the upper side of the rectangle. 

When more than one sensor is used, the sensors are, for want of a better strategy, 
placed equidistant along the top of the rectangle. The maximum number of sensors is 
calculated as the width of the rectangle 2U divided by a constant closely approximating 
the mean value. For an individual sensor at (xc,yc); 

rangemeand
rangemeand

yxP ccd _
_

,0
,1

),(
min

min









  
 

(1) 

The distance dmin is the minimum perpendicular distance as shown in Figure 4 between 
the centre of the sensor at (x,y) and the straight line of travel.  Given a multiple number of 
sensors the probability of detection is given as in [3]; 

 dxdyyxfyxPP ccccdd ),(),(   
(2) 

where f(xc,yc) represents the function for the area for the sensors. The straight line route 
from the diver path is given by the line; 

  tantan uUxy    
(3) 

Hence, the dmin is given by; 
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where the slope is  tanm ,and the y intercept is tanuUb  . 
 
While using a mean detection range represents a simple approach, a more realistic 

approach is to look at the variation in the reported ranges shown above in Figure 3.  The 
cause of this variation is complicated and is attributable to many factors including 
environmental variability, captured as a probability distribution. The resulting distribution 
shown in Figure 3 can then be used in a Monte Carlo like simulator, written in Matlab. 
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The issue that arises in the simulation is when to declare an operator detection.  An M-of-
N detection heuristic approach is used. The results of the different approaches are shown 
in Figure 5 compared with the mean detection range approach.  Using the mean detection 
range results in the solid line which indicates at least four sonars would be required for 
nearly 90% Pd. If the sample distribution is used, with a single detection (1-of 1 M-of-N 
heuristic), only two sonars are required. However, as the heuristic increases, to 7-of 10 or 
19-of-20, the number of sonars increases to four and ten respectively. 

 
Fig.5: Comparison of Mean Detection Range and Heuristic M-of-N detections  

SUMMARY 

In Exercise Port Guard 2010 (PG10), numerous observations were reported from 
operators that, by using a mean detection range, results in a requirement for approximately 
four sonars for complete protection of the study area.  However, if using an M-of-N 
heuristic, the number of sonars vary, from two (instantaneous detection) to as much as ten 
sonars to achieve a 90% Pd.  Based on the method used, the recommended number of 
systems will vary. It might be noted that in this case the mean detection range and the 7-
of-10 heuristic of the simulator give similar Pd curves. Based on this analysis, four would 
be a prudent number of sonar needed to meet the requirement to cover the study area.    
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Abstract: Divers and small vessels are increasingly recognized as a potential threat to 
high value assets. Harbour and waterside surveillance systems that are used to counter 
the threat of divers are usually based on active sonar, whose performance can be limited 
by reverberation in a harbour environment.  
Passive techniques are based on the detection of the sound emitted by the target. They are 
covert and yield information on the sound radiated by the detected source that can be used 
for classification. These advantages justify considering passive sonar as the basis for a 
waterside surveillance system, or as a supplement to a system based on active sonar. 
Experimental results illustrating some capabilities of passive techniques, such as the 
detection and tracking of divers and surface vessels using a network of passive nodes, are 
presented. The experiment was performed in collaboration with the Stevens Institute of 
Technology (NJ, USA). Possible uses of these techniques in either purely passive systems 
or to augment active systems are discussed. 
Keywords: waterside security, intruder, diver, passive sonar 
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1. INTRODUCTION  

The bombing of the USS Cole in 2000 led to increased concern regarding the security 
of waterside infrastructures. Small vessels and divers are now seen as potential threats as 
they can be used to conduct terrorist or smuggling activities. This has triggered reaction 
from governmental agencies in the USA [1][2] and elsewhere, whose mandate includes 
waterside security. Waterside or port security systems are now available based on multiple 
sensor types ranging from cameras (visible and infra-red) and radars to sonars and ship 
automatic identification system (AIS); satellite imaging is also considered for wider area 
surveillance. The focus of this paper is on the detection of underwater intruders. Among 
the listed sensor types, only sonars are able to detect and track underwater targets. In the 
past, the preferred approach has been to use active sonars and several manufacturers now 
propose sonars that are dedicated to intruder detection [3].  

The investigation of the passive approach was initiated in [4], where the observation of 
a broadband acoustic emission at the breathing rate of a scuba diver was reported. This 
fuelled further research on characterizing the acoustic emission of scuba apparatus [5] and 
on developing hardware and software solutions to detect it [6].  

This paper reports on experiments on passive detection and localization of surface and 
underwater intruders. The principle of detection and localization and examples of 
experimental results are presented. These are followed by a discussion on the possible use 
of the presented approach for waterside security. 

2. PRINCIPLE OF DETECTION AND LOCALIZATION 

The proposed approach for passive detection and localization of underwater and surface 
threats is based on the use of a network of passive sonars. The function of a passive sonar 
is to detect and characterize sound sources and return their direction. Each passive sonar 
communicates its detections to a fusion unit that combines the detections from the various 
passive sonars into target positions and tracks. The detection of the source by a passive 
sonar and the localization by the fusion unit are presented in this section. 

Unlike active sonars that emit acoustic energy, passive sonars detect targets by the 
sound radiated by the target. An active sonar can evaluate the target range by measuring 
the time between the emission of a ping and the reception of an echo from the target. 
Passive sonars cannot measure the travel time because the time of emission of a signal 
from a target is usually unknown. They can, however, be used to measure the time 
difference of arrival (TDOA) between different passive elements, which enables 
localization in the near field [7] but yields only the direction for targets in the far field [6].  

The detection of acoustic sources is performed by means of TDOA measurements 
between the various hydrophones composing the passive sonar system. The approach has 
been presented in [6] and uses the generalized cross-correlation (GCC) [8]. The 
generalized cross-correlation )(R  between signals )(1 tx  and )(2 tx  is defined as: 

 deXXR j)()()()( *
21





  
 

(1) 
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where )(iX  is the Fourier transform of )(txi , * denotes complex conjugation and )(  
is a frequency weighting function. With 1)(  , the GCC reduces to the conventional 
cross-correlation. A particular case uses ))()(/(1)( 21  XXPHAT  , which can be 
interpreted as a whitening of the cross-spectrum. It is called phase transform (PHAT) 
because it only uses the phase information of the signal spectrum. When the frequencies 
which are amplified contain a signal (broadband source), the peak in the phase transform 
becomes sharper than with the conventional cross-correlation, but if the frequencies that 
are amplified only contain noise, the performance of this method decreases. Various 
alternate GCC methods have been proposed in the literature to mitigate this issue.  
The phase transform has been retained as a good candidate for the detection of the scuba 
acoustic emission because of its broadband character. Acoustic sources are detected in the 
phase transform by finding the peaks exceeding a preset detection threshold. The delay 0  
of the cross-correlation peak is related to the direction of the source 0  with respect to the 
hydrophone pair according to )cos( 0max0   , where the direction is measured from 
endfire (i.e. 00   corresponds to a source in line with the hydrophones) and cd /max   
is the maximum possible TDOA between the two hydrophones separated by distance d  in 
a propagation medium with speed of sound c . The locations that correspond to a same 
delay form a hyperbola in 2D (hyperboloid in 3D). The relationship between delay and 
direction is a far field simplification corresponding to the asymptotes of the hyperbola: it 
corresponds to the assumptions that the target range is much larger than both the sonar 
baseline (far field) and the water depth (2D).  

Because the cosine function is even, there are two bearings corresponding to a same 
measured delay: )/arccos( max00   , among which one is the true target direction, the 
other is referred to as ghost. For some deployment configurations, such as mounted on a 
pier, the water is only on one side of the hydrophone pair, so that only one of the two 
possible directions can physically correspond to an underwater target (no underwater 
target on the land side). If this is not the case, at least one additional non-collinear 
hydrophone is required to solve the ambiguity in direction. With three hydrophones, three 
pairs can be formed. The phase transform is computed for each pair, the delays of the 
peaks are extracted and converted into pairs of true-ghost directions. The true direction 
corresponds to the direction of the source and is the same for each pair, whereas the 
direction of the ghosts is pair dependent. This property is used to identify the true direction 
and discard the ghosts.     

Knowledge of the frequency content of the detected sound sources is useful for 
classification and association of detections from several passive sonars. Some frequency 
information can be extracted as a function of the direction by applying a GCC over 
frequency sub-bands. The frequency range can be partitioned into N  frequency bands 
using non-overlapping binary masks )(kM  so that )(kM  0 or 1 and 1)(

1
 

N

k kM  . 

These masks are used to define )(kR , the GGC with weighting function 

)()()(  PHATkk M . These GCC satisfy )()(
1

 PHAT
N

k k RR  
, which means that 

the phase transform is the superposition of the contributions from the various frequency 
bands. )( 0kR  is the contribution of the frequency band corresponding to )(kM  in the 
peak at 0   in the phase transform. It provides information on the frequency content of 
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the source at delay 0 , and can be used to evaluate which source dominates in which 
frequency band. 

The processing of the signals from each passive sonar results in a stream of detections 
containing detection time, estimated direction and information on the frequency content. 
These detections have to be further processed to localize, classify and track the targets. In 
the case of a single detection from two separate sonars, the target location can be found by 
intersecting rays starting from the passive sonars and going in the direction of the detected 
source. In the presence of multiple sources and false alarms, there can be many rays 
initiated from each sonar, thus leading to a number of ray intersections that exceeds the 
number of targets. The detections of a same target from the various sonars have to be 
properly associated to estimate the correct target location. Because the presence of other 
targets, such as for example boats, is likely during an intrusion, the localization procedure 
has to accommodate with this complexity. A probability hypothesis density (PHD) particle 
filter [9][10] has been considered to solve the localization problem, the presentation of 
which exceeds the scope of this paper. 

3. EXPERIMENTAL RESULTS 

This section presents examples of experimental results obtained by applying the 
described approach to datasets collected during a trial organized jointly between TNO and 
the Stevens Institute of Technology (NJ, USA) in October 2010 in the Royal Netherlands 
Navy harbour of Den Helder. Initial results from this trial have been presented in [11]. The 
trial involved SPADES [6], the system developed by the Stevens Institute of Technology 
and an acquisition system from SMID Technology S.r.l., Italy. Both systems are equipped 
with 4 hydrophones, sampled at 200 kHz for SPADES and 192 kHz for the SMID system. 
SPADES hydrophones were deployed on stands placed about 60 cm from the bottom, with 
a total baseline of about 70 m. The hydrophones of SMID were deployed as a linear array 
at the end of a pier with a baseline of 180 cm. Acquisition of acoustic signals was 
performed as divers or boats were approaching or passing by the deployed sensors. The 
divers involved in the trial were towing a surface float that was equipped with a GPS 
tracker. The GPS track can be used to estimate the diver range and direction to the sensor 
as a function of time, and can be used to validate the acoustic detection. 

Figs. 1 and 2 present examples of recorded signals and correlation computed using the 
phase transform. The top plot shows the spectrogram, which represents the frequency 
content as a function of time. The second plot represents the correlation as function of 
time. The vertical axis represents the delay, which corresponds to the target direction. We 
will refer to such a plot as a correlogram, although the term correlogram is often used to 
refer to the plot of a single cross-correlation. Several observations can be made on the 
spectrogram in Fig. 1. The low frequency content (up to 20 kHz) is dominated by shipping 
and environmental noises that have a rather continuous character. An active acoustic 
system is present at 50 kHz, and noise is present over 70 kHz. The latter is due to the 
analog to digital converter used in the SMID acquisition system. This system was 
developed for measurement below 60 kHz in a different context, and was used here only 
on loan. Different technological choices would have been made if the required bandwidth 
had been larger. For this reason, the frequency content over 70 kHz has not been used in 
the processing.  

Finally, some vertical stripes corresponding to an intermitted broadband emission are 
visible: these correspond to the diver signal. It is possible to associate events in the 
spectrogram with their direction in the correlogram because both plots share the same 
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temporal axis. The correlogram presents some rather continuous lines, which correspond 
to boats and a dashed line, corresponding to the diver who is detected at each broadband 
emission. 

 

 
Fig.1: Spectrogram (a) and correlogram (b) showing a boat and a diver (at 190 m) 

 
Fig. 2a presents an example of the phase transform computed by frequency band. Three 

targets are present. The target () is a boat that dominates the low frequency content. 
Target () is another boat with dominant spectral components around 20 kHz and 50 kHz 
(this boat is the owner of the 50 kHz active system). The spectral components of target () 
are predominantly around 35 kHz and 60 kHz. It is one of the divers. This figure illustrates 
the possibility of extracting information that is a function of both frequency and direction 
using the GCC. This information can be used to characterize the frequency content of the 
sources detected in various directions. In Fig. 2b, the peaks that were automatically 
detected are plotted as a function of time for about 20 min of recorded data. Each of the 
detections is represented by a dot whose colour has been chosen based on the ratio 
between high and low frequency content. Low frequency contacts are shown in red and 
high frequency contacts in green: the diver tracks appear in green whereas the large 
majority of other detected events appear in red. 
 

 
Fig.2: (a) Example GCC for various frequency bands. (b) Example of automated 

detection in GCC. The colour was chosen based on the ratio between HF and LF content 
estimated using frequency dependent GCC. Most green dots correspond to diver 

detections, most red dots correspond to boat detections. 

a b 







a 
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Fig. 3 presents two examples of localization results obtained by processing the contacts 

from the passive sonars with the PHD particle filter. The sensor positions (centre of 
hydrophone pairs) are represented with black squares. The localized targets are 
represented with ellipses placed at the location of the detection and whose size represents 
the localization uncertainty. The colour indicates the time at which the detections 
occurred, going from blue for the earliest events to red for the most recent events. In this 
representation, the track of a target exhibits a rainbow pattern, whereas false detections 
would results in random coloured spots. Fig. 3a is an example of localization of a boat 
using 3 pairs of hydrophones from SPADES. Fig. 3b shows the tracks of two divers 
obtained by fusing the data from two pairs of hydrophones from SPADES and one pair of 
hydrophones from the SMID system. The tracks of the two divers are resolved: this 
demonstrates the feasibility of the approach using passive sonars that do not share the 
same time base, i.e. localization at a data fusion stage.  

 

 
Fig.3: Automated boat (a) and diver (b) localization with PHD particle filter. 

4. DISCUSSION AND POSSIBLE APPLICATIONS 

The presented results demonstrate the possibility of passively detecting, classifying and 
localizing scuba divers at range up to 300-350 m in an operational harbour. This indicates 
that passive sonar presents a real potential for underwater intruder detection. It is also 
sensitive to other types of targets relevant to waterside security, such as boats. Additional 
advantages of passive sonars include covertness and absence of disturbance of marine life 
(e.g. mammals). These capabilities can be used to develop various systems relevant to 
maritime/harbour security, including in environmentally protected marine areas. 

A network of passive sonar can be deployed in and around an area to protect, providing 
localization of surface vessels and divers. Less ambitious deployments can involve for 
instance two passive sonars deployed on either side of the entrance of a harbour to monitor 
incoming and outgoing traffic. This bears similarity with the trip-wire idea proposed in 
[12], but would present the advantage of not requiring an underwater cable running across 
the harbour entrance, which could be damaged in case of dredging, mooring or fishing in 
the area. This is important from an operational point of view, since a security system 
should ensure protection functions without hindering the usual activity of the protected 
area. Other purely passive applications can be envisioned. For instance security and anti-
terrorist booms, which are reinforced lines of floats used to physically prevent the access 
to some water area by surface vessels, can be instrumented to provide awareness about the 
underwater situation. An even simpler device composed of a single sonar and devoid of 

a b 
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localization capability could be used for area clearance, for instance to ensure the absence 
of a diver prior to entering the water.  

Regarding the problem of waterside security in a wider sense, passive acoustic 
technology can be added to existing security solutions to improve the underwater situation 
awareness. This is true for security solutions involving active sonar as well. Passive sonars 
are not sensitive to the same characteristics of the target as active sonars, therefore 
offering an independent view on the underwater situation. Passive and active systems can 
be combined in various ways. Passive sonars can be used to increase the coverage area and 
to provide early warning capabilities, possibly at a lower cost than using additional active 
sonars especially in reverberation limited environments. Passive systems can also be used 
in direct conjunction with a collocated active sonar: the detections of the active sonar can 
be augmented with classification clues from the passive sonar if the latter performed a 
simultaneous detection of the target.  

5. CONCLUSION 

The experimental results presented in this paper demonstrate the feasibility of passive 
detection of scuba divers up to distances of the order of 300-350 m in an operational 
harbour environment. This distance corresponds to the maximum distance at which the 
diver entered in the water. This detection range enables a sufficient response time to 
consider using passive sonars for the underwater layer of waterside security systems. 
Various applications have been proposed that involve either passive or hybrid active-
passive solutions.  

The authors believe that the development of passive sonars for waterside security 
applications into operational devices will be mainly constrained by two aspects. On one 
hand, future regulation may limit or even forbid the use of active sonars in some areas to 
prevent adverse effects on the marine life. The underwater protection of such areas would 
have to be performed with passive solutions, possibly activating active sonars only in case 
of a detected threat or a high alert level. Implementation of such regulation will create a 
demand for a passive sonar solution. The other aspect is related to the detection 
capabilities of passive sonars. If scuba divers are considered as a likely underwater threat, 
other types of target constitute potential underwater threats, such as divers equipped with 
propulsion vehicles, unnamed underwater vehicles and divers equipped with rebreathers. 
A robust security solution should detect and localize any relevant type of threat. Among 
these, rebreathers are the most problematic. Rebreathers are breathing devices that recycle 
the air exhaled by the diver. They produce few or no bubbles at the surface and generate 
much less noise than scuba. Consistent detection of rebreathers with passive acoustics has 
not been reported yet. Positive results in that direction are required to develop efficient 
purely passive underwater security systems. Otherwise, rebreather detection will require 
the use of an active sonar. Nevertheless, even in such a case passive sonar can be used for 
the advantages it provides in terms of classification clues. 
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PASSIVE ACOUSTIC TRIPWIRES FOR PROTECTION IN 
HARBORS 
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Abstract: In this paper we discuss how passive acoustic tripwires can be used to detect 
intruding divers in order to protect restricted areas in complex environments such as 
harbors. We adopt a layered defense strategy of the protected area. Based on 
experimental detection results from the port of Gothenburg we design passive acoustic 
tripwire protection solutions for two scenarios. Our Passive Acoustic Tripwire (PAT) can 
be placed in the peripheral part of the surveillance area or deployed near the harbor inlet, 
alongside a quay or around a specific target. The passive acoustic tripwires can ideally be 
used in combination with active sonar. Differences in system characteristics between the 
passive and active acoustic systems imply that they can complement each other, raising 
the overall robustness. 

Keywords: Passive acoustic diver detection, Tripwires, Decision fusion, Harbor 
protection 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1031 -



 

1. INTRODUCTION 

During the last decade there has been an increased interest in port security. For example, 
issues such as how to secure normal port operation while deterring and preventing hostile 
operations have been addressed. Incidents that halt normal operation of a large port will 
cause significant economic and operational consequences. Any intruders, whether they are 
surface vessels, underwater vehicles, divers or swimmers, are all possible threats that may 
hide their real identity and intent. All these different threats call for different demands on 
surveillance, and hence, for different sensor configurations. In general, the underwater 
domain is poorly protected. While there are some systems in operational use, several 
recent efforts are aimed at finding cost-effective solutions that meet the requirements of 
effective harbor protection [1-3]. 

The most used system for underwater surveillance is the active sonar [4]. As the most 
mature system for diver detection in harbor environments, there are several providers of 
active diver detection sonar systems on the market [5]. The active sonar, at most 
conditions, displays outstanding performance compared to other underwater sensors. 
Diver detection ranges of up to 1 km can be achieved in good conditions [6-8]. However, 
the performance of an active system can drastically degrade due to time-varying sound 
propagation conditions and noise levels [9]. One possibility to make the performance more 
reliable is to use several active sonar systems. The use of several active systems will, 
however, make it necessary to handle interference between the systems. An alternative 
approach to overcome some of these limitations is to use passive sensors such as passive 
sonar or passive electromagnetic sensors. The characteristics of passive sonar systems are 
different from those of the active sonar, and they can therefore serve as useful 
complements [10], [11]. Motivated by the often low correlation between acoustic and 
electric background noise [12], a harbor protection solution using fusion of passive sonar 
and electromagnetic sensors has previously been described [7].  

Our Passive Acoustic Tripwire (PAT) can be deployed near the harbor inlet, alongside 
a quay or around a specific target. Results from application to data from two single sensor 
sea trials are presented. These are then used to design multi-sensor tripwires for two 
specific protection scenarios. 

2. PROTECTION METHODOLOGY 

Protection of restricted areas in complex environments such as harbors demands control of 
air, land, sea surface and sub surface domains. Controlling land and air space as well as 
the waterfront can, most of the time, be done by visual observation. However, in water, 
visual observation typically is of limited use. Prevention and rejection of intrusions are 
also more feasible above the sea surface due to the relative ease of communication and 
visual signaling between different units. Asset protection from sub-surface threats can be 
fulfilled using hydroacoustic sensors for detection and non-lethal countermeasures. 
Passive sensors are mainly used for detection and observation while active sonar may be 
useful both for surveillance and engagement.  
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Fig.1: This example shows how a harbor area can be divided into different protection 
zones around a high value asset.  

 
The underwater dimension of a restricted area can be controlled using a layered defense 

strategy where the area is divided into different protection zones, see e.g. [13] and [14]. 
The number of zones is determined by the specific functions, rules and regulations of the 
area of interest. In this report, we propose three different zones as illustrated in Fig. 1: 
Detect & Warn, Non-Lethal Engagement and Lethal Engagement. Using natural barriers 
and obstacles to reduce the in-water length of the zonal boundaries is a cost effective 
approach that can be taken into consideration when defining the geographical extent of 
each zone. 

When a diver passes the outermost tripwire and enters into the Detect & Warn zone, a 
first alarm is sent to a response team (RT). The task for the RT is to alert and warn the 
intruders that they have entered a prohibited area and that they have to leave or identify 
themselves by surfacing. The RT should also determine whether the intruders have hostile 
intentions or not. 

If the intruder(s) enter the next level, Non-Lethal Engagement, the mandate of the RT 
is expanded into using non-lethal countermeasures to stop them from advancing any 
further. At this point, intruding divers with non-hostile intent should already have been 
given several opportunities to leave or surfacing. 

In the area closest to the protected object(s), use of lethal countermeasures as well as 
barriers and other physical obstacles that prevent an intruder from fulfilling its task may be 
warranted. The present mandate depends on local regulations and environmental 
constraints.  

The PAT can be deployed for surveillance of the boundaries of the defined protection 
zones. An advantage of this approach is that the passive tripwire will provide a 
notification each time a diver passes a zonal boundary. 

3. DETECTION METHOD 

In this Section, we briefly describe the PAT signal processing. Figure 2 shows a schematic 
overview of the signal processing leading up to the decision between two hypotheses; H1: 
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that at least one diver is present in the area under surveillance or H0: that no diver is 
present. In the following we will briefly describe the method. For a more detailed 
description, see [7] and [15]. 
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Fig.2: A block diagram of the detection and fusion process for a tripwire with D 

sensors.  
 
Using data from the dth sensor, the statistic Sd is estimated. Divers with open circuit 

breathing systems radiate acoustic signals in a wide frequency band often up to at least 
100 kHz. The main source is the breathing regulator that generates wide-band transients at 
each inhalation. Our detector searches for such transients that are repeated at a rate that 
corresponds to typical breathing rates, a method that has been inspired by [10]. 

The detector operates from a spectrogram of a data segment. The data is pre-whitened 
by dividing it with an estimated noise power spectrum, which is estimated from statistics 
of each frequency bin. The absolute signal envelope is estimated by a summation of the 
power in the pre-whitened spectrogram in the band of interest. The test statistic Sd is 
estimated from the Fourier spectrum of the envelope as Sd = EBP,d ( EBP,d / EHP,d ) where 
EBP,d is the energy in the ”diver interval” (0.3 to 0.7 Hz) and EHP,d is the energy at 
frequencies above the diver interval.  

In an operational system, setting and updating the threshold τd can be expected to be a 
complicated process. It will not be addressed in this paper. Here, the threshold is simply 
set to a constant value based on statistics of Sd calculated from data recorded on the dth 
sensor when no divers were present. 

To fuse the decisions in a more sophisticated manner than with simple logical gates 
(e.g. AND or OR), we use a reliability estimate defined as Rd=Δd

2/(1+ Δd
2). This reliability 

estimate is bounded between 0 and 1 and can be used as an empirical probability of 
detection.  

We first use temporal fusion to smooth the test statistic Sd. Next, we use fusion between 
the sensors (multi-sensor fusion) to produce one unified decision from the tripwire. In both 
cases we use Bayesian inference to compute the combined a posteriori probability that an 
observation belongs to hypothesis Hj given a measurement Z, 
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where P(Hj |Zd) is the output á posteriori probability from detector/sensor d and D is the 
total number of detectors. We use P(H1| Zd)=Rd and P(H0| Zd)=1-Rd. In this way we can 
estimate the combined á posteriori probability from Eq. 1 and use that to form a final 
unified decision. We decide H1 if P(H1| Z) > 0.5 and otherwise H0. 
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4. SINGLE SENSOR DETECTION RESULTS 

Here, we present results from our diver detection method applied to single sensor data. 
Data from 6 diver passages recorded in 2008 and 16 passages recorded in 2009 has been 
used. Data was split into 10 s blocks with an overlap of 9 s. The large overlap was used to 
minimize the detection delay. The detector was applied to this data according to Fig. 2, 
giving an updated reliability estimate Rt

d for each sensor once every second.  
At each time, the distance from the diver to the sensor was calculated using GPS 

information. The probability of detection was estimated as the rate of Rt
d > 0.5 and is 

shown as a function of distance in Fig. 3. Here, three different noise thresholds have been 
used for the calculation of the reliability estimate Rt

d. These noise thresholds, 
corresponding to false alarm rates of 10, 1 and 0.1 %, are estimated from the output of the 
detector when applied to noise-only data. Since we use temporal fusion before forming the 
final decision, the false alarm rate at the decision level will be different to the original 
Pfa,in. In this example Pfa,in = 10% will result in Pfa,out = 8.6% and 8.7% for 2008 and 2009 
respectively. Both Pfa,in and Pfa,out are stated in each diagram in Fig. 3. In all cases 
presented in Fig. 3, the temporal fusion has lowered the false alarm rate. Results from both 
trials will be used to design protection solutions. 

 

 
 

Fig.3: The probability of detection as a function of diver-sensor distance. Three 
thresholds have been used, based on Pfa,in = 10 %, Pfa,in = 1 % and Pfa,in = 0.1 %. 

5. MULTI-SENSOR FUSION AND PROTECTION SOLUTIONS 

The experimental results from Section 4 are used to design PAT based solutions as 
outlined in Section 2 and using multi-sensor fusion as described in Section 3. Tripwires 
have been designed for protection of the Detect & Warn and Lethal Engagement zones. In 
general, the design of the tripwire, i.e. the spacing between the hydrophones, will depend 
on a compromise between accepted false alarm rate and detection probability. 

For the tripwire, deployed at the entrance to the Detect & Warn zone, we design a 
tripwire with lower false alarm rate. At the same time we accept a relatively low 
probability of detection, since a threat crossing this tripwire will still be relatively far-
away from the protected asset and there will most likely be other sensors (e.g. active 
sonar) that will be able to detect the threat as it comes closer. 
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For protection of the Lethal Engagement zone, no threat should be able to enter without 
being detected. Thus, a high probability of detection will be the overarching principle for 
the tripwire design.  

Table 1 presents tripwire designs for the two harbor protection scenarios of Fig. 1 
(Example 1) and Fig. 4 (Example 2). We have used the experimental detection results 
from 2008 and 2009 (shown in Fig. 3) to determine suitable hydrophone spacings. Using 
this spacing the number of hydrophones needed, N, is calculated.  

For the outer tripwires, a threshold corresponding to a false alarm rate of 0.01 has been 
used. The hydrophone spacing was chosen so that after multi-sensor fusion (Eq. 1) the 
probability of detection of a diver passing the tripwire will be at least 0.75 for at least 10 
m (corresponding to detection during 50 s if the diver swims with 0.2 m/s). The resulting 
hydrophone spacing is 16 m using 2008 data and 52 m using 2009 data.  

For the inner tripwire, a probability of detection of 0.99 for at least 10 m was required, 
while accepting a probability of false alarm of 0.1. In this case, the hydrophone spacing is 
optimized to 19 m using 2008 results and 32 m using 2009 results.  

In Fig. 4 the tripwires based on 2009 data are shown for Example 2. Here the total 
number of hydrophones needed is 35. Using 2008 results, 82 hydrophones would be 
needed.  

The response time (Table 1) is equal to the estimated swim time to the asset based on a 
diver passing the PAT at a speed of 0.2 m/s. To allow the RT enough time to take action 
against a detected intruder it is critical that the response time is long enough. Hence, the 
response time is a critical design parameter.  

 

 

 
Response 
time [min] 

Tripwire length 
[m] 

2008 2009 
Sensor 
Spacing [m] N 

Sensor 
Spacing [m] N 

Example 1, outer 30  230  16 15  52  5 

Example 1, inner 4  300  19 16  32  10 

Example 2, outer, part 1 33  100  16 7  52  3 

Example 2, outer, part 2 33  270  16 17  52  6 

Example 2, outer, part 3 42  490  16 31  52  10 

Example 2, inner 6  500  19 27  32  16 
 

Table 1: Examples of tripwire designs. 
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Fig.4: Examples of tripwire designs for a harbor. The sensor spacings are based on 

2009 data (see Fig.3). 

6. DISCUSSION & CONCLUSIONS 

In this paper we have discussed how passive acoustic tripwires can be part of a protection 
solution in complex environments such as harbors. Specifically, we design tripwires to 
detect divers. We propose a layered defense strategy, dividing the harbor area into three 
protection zones: Detect & Warn, Non-Lethal Engagement and Lethal Engagement.   

Diver detection results from two field trials in Gothenburg show a significant 
difference in performance. The results can, partly, be explained by improvements made to 
the PAT hardware between the 2008 and 2009 trials. We changed the hydrophones, 
amplifiers and filters. In addition, the sampling rate was significantly increased, permitting 
us to analyze and use data at higher frequencies, thus achieving a higher signal-to-noise 
ratio [15]. We believe that the improvement in detector performance from 2008 to 2009, 
that is evident from Fig. 3, is mainly caused by these changes. At the same time, the 
background noise in the harbor varies considerably over time [12].  

Based on the experimental detection results from the port of Gothenburg we have 
designed passive acoustic tripwire protection solutions for two example scenarios. For 
each scenario, tripwires for protection of the Detect & Warn and Lethal Engagement zones 
are designed. In general, the design of the tripwire, i.e. the spacing between the 
hydrophones, will depend on a compromise between accepted false alarm rate and 
detection probability. This paper has illustrated this trade-off using tripwire design 
examples.  

We have developed passive acoustic tripwires and demonstrated their use in harbor 
environments based on real data. Due to the different characteristics of passive and active 
sonar, the best system solution is likely to be a combination of both active and passive 
sensors, in order to take full advantage of this diversity. In addition, maintaining a detailed 
surface picture can, in may cases, help interpret the output from the underwater systems. 
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 DETECTION OF BURIED OBJECTS: THE MUD PROJECT 
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Abstract: The aim of the Mine Underwater Detection (MUD) project at TNO is to 
experimentally investigate the acoustic and magnetic detection of explosives underwater, 
buried in a soft sediment layer. This problem is relevant for the protection of harbors and 
littoral assets against terrorist attacks and for the detection of underwater unexploded 
ordnance (UXO). The present article focuses on the acoustic part of the project. An 
experimental system, referred to as ‘MUD system’, has been developed for the purpose. 
The design and development of this vessel-deployed system focuses on modularity in order 
to be able to test different system configurations (tilt angle, depth, bandwidth etc.). The 
system has been tested in a trial conducted in close collaboration with the Royal 
Netherlands Navy (RNLN). The trial was situated in the Haringvliet, an estuary in the 
Netherlands with water depth up to 20 m. The trial results include comparison of sidescan 
and Synthetic Aperture Sonar (SAS) images for different configurations of the MUD 
system,  a study of the detection performance and a comparison of the MUD system with 
detections done by a REMUS Autonomous Underwater Vehicle (AUV), equipped with a 
high frequency sonar. The results show that all the trial test objects have been detected by 
both systems, suggesting that the objects were not completely buried. A firm conclusion on 
the possibility to detect explosives buried in a mud layer can therefore not be drawn at this 
stage, although several features in the examined data indicate that this is the case. A new 
trial incorporating the knowledge acquired in the MUD project will be performed in 2011 
using an upgraded version of the MUD system. 

Keywords: buried target, unexploded ordnance, detection 
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1. INTRODUCTION  

For practical and economical reasons, harbours around the world are for a large 
majority located at the delta of rivers. The harbour of Rotterdam (The Netherlands) for 
instance is located at the delta of the Rhine. Rivers carry sediment along their course and 
for the Rhine “About half of the sediment from the Rhine that reaches Rotterdam settles in 
the port. The remainder flows directly with the river into the North Sea.” [1]. In this soft 
sediment layer, located in the vicinity of the delta of the river, objects laying on the seabed 
can be relatively quickly buried or revealed depending on the sediment streams. In these 
particular locations with a thin soft sediment layer, it is important to be able to detect 
buried objects in order to assess a possible hidden threat such as UXOs, Improvised 
Explosive Devices (IEDs) or other hazardous material. 

TNO was tasked by the Netherlands Ministry of Defence (NL MoD) to demonstrate a 
capability of detecting objects buried in soft sediments. An adapted TNO experimental 
low frequency side scan sonar system was used for that purpose and deployed in a suitable 
area together with the SEA SPY magnetic gradiometer system that TNO acquired from 
Marine Magnetics Inc. For the sake of brevity, this article will further only focus on the 
acoustical part of the MUD system.  

The acoustical part of the TNO MUD system and the trial area are presented in section 
2. A selection of results is presented in section 3 before a summary of the work achieved 
in section 4. Remarks about the MUD 2 trial, planned for April 2011, are also made. 

2. MUD TRIAL SETUP 

2.1. The MUD system 

The acoustical part of the MUD system consists of a low-frequency (LF) sidescan 
sonar. Low-frequencies are necessary to penetrate into the mud layer, but the use of low-
frequencies implies low resolution and poor signal-to-reverberation ratios. This is a 
delicate balance and to find the optimal frequencies and pulses is one of the aims of the 
project. To improve the signal-to-reverberation ratio at low frequencies by enhancement of 
the resolution, SAS processing is added to the LF sidescan sonar. Therefore this part of the 
MUD system is referred to as the LF-SAS system in the remainder of this document. 

The MUD system is an experimental system developed for research purposes. 
Therefore, the system is designed to be flexible so that different setup parameters can be 
varied (frequency, tilt angle and operational depth for instance). The wet end of the LF-
SAS system is composed of (See Fig.1): 

- Two acoustical sources covering (not simultaneously) a frequency bandwidth of 5 
kHz (from 4 kHz up to 9 kHz) for the LF source and 15 kHz (from 11 kHz up to 26 
kHz) for the HF source.  

- Two receiving arrays composed of 16 hydrophones each mounted in front of a 
sheet of absorbing material. 

- A frame supporting these components. The depth and tilt angle of the frame can be 
adjusted prior to its mounting along the side of a ship. 
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 The dry end of the LF-SAS system is composed of the necessary hardware and 
software allowing the control of the sources and the acoustical data acquisition. It also 
includes two navigation sensors: a high resolution Real Time Kinematic (RTK) GPS 
and a Motion Reference Unit (MRU). The latter is mounted together with a GPS 
antenna on top of the support frame (see “navigation support” in Fig.1). These two 
navigation sensors are necessary to obtain an accurate measure of the platform motion 
and hydrophone positions in time. The data from these sensors are necessary inputs for 
the SAS processing. 

 
Fig.1: Left hand side:  Picture of the MUD LF-SAS system wet end composed of two 

acoustical sources (LF and HF), two receiving arrays, a sheet of absorbing material 
(Cork) mounted on a support frame. Right hand side: MUD LF-SAS system on the deck of 

the support vessel NAUTILUS, the lower receiving array is mounted vertically. 

2.2. Trial location and setup 

The Haringvliet is an old access to the North Sea, closed in 1970 by the Haringvliet-
dam (Fig.2, left hand side). Its water is therefore mostly fresh water and the location 
independent of tide and sea streams. This location was chosen for the presence of a mud 
layer on the bottom. The mud layer thickness was estimated to be about 1 m in the 
selected area.  

The trial took place from Monday 11th to Wednesday 13th May 2009. A selection of test 
objects was deployed in this area: two sand-filled cylinders and one boulder buried in the 
mud, two (calibrated) spherical objects and one air-filled barrel were placed with anchors 
above the mud layer as references. The air-filled barrel unfortunately imploded due to the 
hydrostatic pressure, most likely during its installation. It could therefore not be further 
used as a reference in the trial. The buried objects were installed several weeks prior to the 
trial to make sure they would be well buried and to avoid artefacts from the digging 
(sediments in suspension, bubbles). At the exception of the barrel, the test objects have 
been placed on a line with a spacing of about 15 m (see Fig.2 right hand side for the exact 
setup). Considering the installation time, recovery time and the test of the magnetic sensor, 
the time constraints on the acquisition of all the different LF-SAS system setup parameters 
was challenging.  

A selection of four parameters has been varied during the one week trial: the tilt angle 
of the LF-SAS system, the closest point of approach to the test objects, the objects aspect 
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angle and the frequency band. A „run‟ is defined for this trial as a track along or across the 
test objects line, a selection of four GPS tracks corresponding to four runs, two along and 
two across the test objects line, is given as illustration in Fig.2 on the right hand side. 

 

 

Fig.2: Left hand side: MUD trial location: the haringvliet (orange box) is located close 
to Rotterdam and The Hague in the Netherlands. Right hand side: latitude/longitude 

position of the MUD trial test objects in the test area (red circles for the two calibrated 
spheres, red squares for the two sand-filled cylinders, red diamond for the boulder and 
red triangle for the air-filled barrel). The GPS track corresponding to four runs of the 

MUD trial are plotted in blue. 

3. PROCESSING AND RESULTS 

3.1. Processing 

The acoustical data processing was entirely developed at TNO. Two main processing 
packages are to be distinguished: The so-called “online processing suite”, designed as to 
be used for monitoring the data acquisition in real time during the trial and the so-called 
“offline processing suite”, designed for the post trial data analysis.  

The primary role of the online processing suite is to ensure that both the quality of the 
acquired acoustical and non acoustical data meets the trial specifications (the GPS quality 
should always be RTK for instance). Its secondary role is to help monitor the different trial 
runs in real time and to provide feedback for possible modifications of the trial run plan 
(reschedule a run if the data quality is not sufficient for instance). The online processing 
suite consists of a graphical user interface showing the acquired acoustical and non 
acoustical data (composed of time series, sidescan and frequency spectrum) and a real 
time geographic information system displaying the positions of both the platform and the 
test objects.  

The offline processing suite is then used to precondition all the acquired data and to 
analyze these with more advanced signal processing and imaging techniques such as SAS 
for instance. The preconditioning of the data involves equalisation, match filtering of the 
acoustical data, a decoding and synchronisation of the navigation systems on the 
acoustical data timing. This synchronisation is made possible with an analogue recording 
of the navigation frames. The RTK-GPS and the MRU are used as inputs for the motion 
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compensation necessary for the SAS imaging. An example of processing outputs is 
provided in Fig.3: sidescan output on the left hand side and corresponding SAS output on 
the right hand side. 
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Fig.3: Example of a sidescan (left hand side) and a SAS (right hand side) output for 

one MUD run (limited to a 250 m length along track). The horizontal axis represents the 
along track in meters the vertical axis the slant range in meters. Energy in dB normalized 
to the maximum in the image. At the white arrow location a line structure appears on the 

SAS image. 
 
The sidescan and SAS pictures examples provided in Fig.3 are representative of the 

MUD runs. The first few meters in slant range are dominated by the direct path from the 
source (LF source in this example) to the receivers and direct scattering from the water 
surface (the LF-SAS frame is mounted just two meters below the water surface). The 
bottom is visible at a range of about 12 meters,  and starting from this range, bottom 
structures and echoes are visible. The displayed energy is normalised to the maximum 
found in the run after discarding the first 5 meters to avoid any direct path contribution 
from the sources. Note in Fig.3 that the run has been cropped to its first 250 meters and 
that the maximum is not present in this part of the run. As expected, the scatterers in the 
sidescan images have the shape of hyperbolae corresponding to the range of the contact to 
the LF-SAS system passing along them. In the SAS images, enhancing the along-track 
resolution, these hyperbolae are focused to points. In fig.3, for instance, a line structure is 
clearly visible at the location of the white arrow after SAS processing. 

3.2. Results 

A qualitative comparison of the runs acquired with different parameter settings during 
the MUD trial has been performed during the post trial data analysis. The variations of the 
LF-SAS system tilt angle and the frequency bands used or the aspect angle to the contact 
objects have carefully been compared. Furthermore, a REMUS 100 AUV equipped with a 
900 kHz sidescan sonar from the RNLN has surveyed the test area during the trial. A 
comparison of the contacts from the REMUS with the contacts from the LF-SAS system 
has been performed. A summary of the main results is given in this section. 

Results of comparable runs with a tilt angle of 45 degrees and 60 degrees, defined as 
the angle between the horizontal and the LF-SAS system, have been analyzed. Contacts 
were observed for each tested tilt angle. The signal to reverberation ratio and detection 
ranges of the different contacts were dependent on the tilt angle. This was expected since 
the tilt angle directly influences the sonar footprint and grazing angles. It is difficult to 
further evaluate the gain of the one compared with the other, since more runs and hence 
more statistics would be necessary in order to achieve this. 
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Results of comparable runs with the LF and the HF sources of the LF-SAS system have 
been analyzed. It appears that approximately twice as many contacts are found with the LF 
source compared to the HF source. Since the penetration in the sediment is frequency 
dependent and lower frequencies are bound to be less attenuated than higher ones, this 
suggests that these extra contacts are buried deeper.  

Results of comparable runs with different aspect angles on the test objects have been 
analyzed. It was in particular noticed that a small slope is present in the test area, the 
measures from up- or down- slope looking runs give different performances linked with 
the associated footprints and grazing angles.  

On the last day of the trial, the lowest receiving array, originally placed horizontally 
(see Fig.1), was mounted vertically on the side of the LF-SAS system frame. This 
configuration is useful for identifying multipaths and for identifying the vertical angle of 
the received echoes.  It is then possible to filter the vertical contributions in the processing 
and to select only those coming from specific angles [2-4]. As an illustration, Fig.4 
presents a comparison of two sidescans produced using the horizontal array (left hand 
side) and the vertical array (right hand side). In the very shallow environment of the MUD 
trial, the gain in signal to reverberation is clearly visible. A cable-like contact, for instance, 
is visible throughout the entire track in the vertical sidescan (white arrows in Fig. 4, right 
hand side). 

 

Along Track [m]

R
a
n

g
e
 [

m
]

 

 

0 50 100 150 200 250 300
0

10

20

30

40

50

60

-15

-10

-5

0

5

10

15

20

Along Track [m]

R
a
n

g
e
 [

m
]

 

 

0 50 100 150 200 250 300
0

10

20

30

40

50

60

-15

-10

-5

0

5

10

15

20

 
Fig.4: Sidescan produced using the horizontal line array on the left hand side and 

sidescan produced using the vertical line array on the right hand side. The horizontal axes 
correspond to the along-track distance in meters and the vertical axes to the slant range in 

meters. Both images are normalized along slant range by mean of a median filter. 
 

A comparison of the REMUS detections with the LF-SAS detections has been 
performed. The LF-SAS detections have been identified on sidescan images of every run 
by two TNO scientists. These contacts have then been clustered and the resulting areas 
imaged with SAS. A selection of SAS outputs is presented in Fig.5. The REMUS 
detections are automatically saved as positions and snippets (zoom on the sidescan around 
the considered detection). Nevertheless, and in order to obtain a comparable procedure, a 
third person went trough the REMUS data as well. Examples of REMUS contacts for all 
the MUD bottom test objects are given in Fig.6.  
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Fig.5: SAS outputs corresponding to the three test objects laid on the bottom. From left 
to right and top to bottom: first sand-filled cylinder imaged with the LF source, first sand-
filled cylinder imaged with the HF source, second sand-filled cylinder imaged with the LF 
source, boulder imaged with the LF source, boulder imaged with the HF source. The 
horizontal axes correspond to the along-track distance in meters, the vertical axes to the 
slant range in meters and the colour represents the acoustical energy in decibels 
normalized to the maximum of each snippet. 

 
 

 

Fig.6: REMUS snippets corresponding to the bottom test objects of the MUD trial. 
From left to right: Two sand-filled cylinders and a boulder. The horizontal axes 

correspond to the along-track distance in meters, the vertical axes to the slant range in 
meters. 

It is clear from Fig.6 that all the test objects used for MUD are visible and detected by 
the REMUS AUV. A theoretical study has further shown that the frequency used by the 
REMUS AUV would not penetrate the sediment in the MUD trial configuration [5]. This 
shows that the MUD objects are then most likely not entirely buried.  

4. SUMMARY AND WAY AHEAD 

The main objective of the MUD trial was to demonstrate detection capabilities of 
objects in mud by deploying an adapted system in a suitable area. The MUD system was 
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designed and built for this purpose; a trial was planned and successfully conducted in the 
Haringvliet area. A large collection of data (88 runs) has been collected during this trial 
and analyzed.  

All the test objects placed in the test area have been detected by both the LF and HF 
sources of the LFSAS system. These objects have also been detected by a REMUS AUV 
equipped with a high frequency sidescan sonar, which suggests that the detected objects 
are most probably not entirely buried. Nevertheless, extra unknown contacts have also 
been detected by the MUD LF-SAS system, and these were not detected by the REMUS 
AUV. This suggests that these contacts are most probably buried in the mud layer.  

A definitive conclusion can not be drawn at this stage. For this reason, the MUD 2 trial 
is planned in April 2011 in the same area, in order to further assess the detection 
capabilities of the system in soft sediment.  

The MUD 2 trial is a repetition of the MUD trial with several updates based on the 
knowledge built during the first trial: 20 tests objects are placed in the trial area up to 6 
months prior to the trial. This allows for the soft sediment to settle back after having been 
disturbed by the burial. A special attention is given to their burial in the mud layer. The 
trial period has been extended from three days to five days. The LF-SAS system has been 
updated as well. In the wet end, one receiving array is placed permanently vertically, the 
absorption sheet has been extended, and an extra very low frequency source is available as 
well. For the dry end, the navigation systems and processing suites have also been 
updated.  
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Abstract: Assets at sea are vulnerable to attacks from fast craft relying on the effect of 
surprise. These threats are not necessarily stealthy but leave a very limited time of 
reaction to the platform at risk. Early detection of the approaching vessel provides an 
opportunity for the attacked ship to react in time. Accurate localisation of the threat helps 
deciding for the best reaction and reducing false alarms. Localisation of such threats is 
often performed using sparse hydrophone arrays. Reliable passive localisation is 
challenging as the precision is determined by geometry and sensor positioning accuracy. 
In this paper, we present a localisation technique of time delay estimates integration using 
a Maximum Likelihood Estimator that estimates the position and speed of a moving target. 
Using the Fisher Information Matrix and the Cramèr Rao Lower Bound, we provide 
performance indicators for different array and measurement configurations. We further 
investigate the influence of hydrophone position uncertainty on the localisation 
performance. The results of this work can be used to assess the applicability of this 
method to locate fast moving craft and optimise sensor configurations to obtain reliable 
localisation. 

Keywords: Passive sonar, sparse array, maximum likelihood, time delays 
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1. INTRODUCTION 

Assets at sea are vulnerable to attacks from fast craft relying on the effect of surprise. 
These threats are not necessarily stealthy but leave a very limited time of reaction to the 
platform at risk. Early detection of the approaching vessel provides an opportunity for the 
attacked ship to react in time. Accurate localisation of the threat helps deciding for the best 
reaction and reducing false alarms. Furthermore, an accurate and timely estimate of the 
speed of a suspicious craft can help determine whether this craft is a threat and decide for 
an appropriate response. 

Passive sonar is often used for detection and localisation of noisy sources, especially at 
close range. Its main advantage over sensors such as radar or active sonar is its complete 
discretion. Depending on the configuration of the sonar, different signal processing 
algorithms are used. 

Some passive sonars, such as low frequency towed arrays are usually “fully populated”, 
i.e. their hydrophones are spaced so as to sample the acoustic field according to Nyquist 
criterion. This type of configuration allows the application of beamforming techniques to 
the data collected by the sensor. Other sensors, such as passive ranging sonars are sparsely 
populated and rely on their baseline to estimate the position of a source. These techniques 
are often based on the estimation of time of arrival delays between the signal collected by 
a sensor and that of the other sensors [1-3]. These time delays are usually estimated by 
means of cross-correlation or an extension thereof [4]. The range and bearing of a target is 
then estimated using a single measurement, (usually a transient transmitted voluntarily or 
not by the source). Estimating the trajectory of a platform usually requires longer 
integration times which conflicts with the wish for a quick response. Here, we investigate 
the possibility of reducing the integration time by increasing the number of hydrophones 
in the array. 

In this paper, we propose an extension of this method based on the assumption that the 
source is transmitting continuous broadband sound or, a frequent series of transients. We 
then derive localisation performance indicators and use them to analyse the influence of 
target position, array population and platform position uncertainty on the localisation 
performance and ability to quickly and reliably assess the speed of an incoming target. 

2. LOCALISATION METHOD 

2.1. Principle 

 Let us consider a sonar array composed of  hydrophones mounted rigidly on a 
platform. The platform position at any instant  is  

 (1) 
 and the  hydrophone positions, relative to the position of the platform are  

 (2) 
 where  is the hydrophone index. The sonar is observing a moving target radiating a 

random, stationary (in the statistical sense) broadband acoustic signal. This signal is 
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measured at the hydrophones between frequencies  and . The source speed is 
assumed constant and its position at any time can therefore be written as  

 (3) 
If we assume that the propagation is cylindrical, the signal received by the  

hydrophone can be expressed as  
 (4) 

The time delay between the signal at the source and the signal received by the 
hydrophones cannot be estimated without knowledge of the radiated signal or the target 
range. We can however estimate the time of arrivals difference (TOAD) between each 
hydrophone and the first hydrophone over an integration time . Note that the integration 
time for cross-correlation is short enough so that the target and hydrophone positions can 
be assumed constant over the integration time . A compensation for target and receiver 
movement for time delay estimation is given in [5]. Let us write this time delay as:  

 (5) 
We estimate the time delays of the signal measured by the first hydrophone and that of 

the other hydrophones through cross-correlation over an integration time :  
 (6) 

 where  denotes the convolution operator. This estimation is performed for a batch of 
 measurements. We then note  for the TOAD of the  hydrophone of the  

measurement. 
Quazi [4] gives expressions for the Cramèr Rao Lower Bound (CRLB) of time delay 

estimation for such a signal at low Signal to Noise Ratios (SNR),  

 (7) 

 where  is the signal to noise ratio at hydrophone level. In the rest of the paper, we 
assume a TOAD precision of  s, which corresponds to a SNR of about -23 dB for a 
signal between 500 Hz and 1000 Hz and an integration time of one second. 

We will now present a Maximum Likelihood Estimator for the position and speed of 
the target, using the time delays as measurement, similarly to the approach presented by 
Farina in [6] for bearing only target motion analysis. This method will be referred to as 
Time Delay Target Motion Analysis (TD-TMA) in the rest of the paper. Let us write the 
state vector as  

 (8) 
 The observation vector consists of the measured TOADs, for each hydrophone, for 

each measurement:  
 (9) 

 where  
 (10) 

 and 
 (11) 

The measurement and state vectors are related through the observation function 
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 (12) 
Let  

 (13) 

 the likelihood function of the estimate given the measurement, where  is a 
probability. We define the log-likelihood, the maximisation of which results in the MLE 
of the state vector:  

 (14) 

 In our practical implementation we used a Differential Evolution algorithm [7], to 
minimise , kindly provided by Van Moll [8]. 

2.2. Simulation 

 
Fig. 1 Results of the MLE for a one minute scenario with a time delay precision of  

s: (a) Geographical display of the sailed track, the estimate and the ground truth. The dots 
mark the first point of each track. (b) Measured and estimated time delays for all three 

hydrophones. (c) and (d) Scatter plots of all energy function evaluations used in the 
optimisation for the target position and speed, respectively. The colour axis corresponds 

to a measure of the likelihood function. The  symbols mark the estimated (red) and 
actual (black) target position and speed. 

  
We will now briefly present simulation results. TOADs series were generated for an 

array of three hydrophones spaced by 15 m. Three hydrophones at least are needed for 
range estimation. These TOADs were measured with a centred Gaussian error of variance 

 s. The correlation integration time  is 1 s and the number of snapshots  is 
60, resulting in a total integration time of one minute. The target assumes a course of 120  
at a speed of 16 , while the measuring platform is sailing along a course of 90  at a 
speed of 6 . The target is situated at a range from the platform of 2.24 km at the 
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beginning of the simulation and 1.61 km at the end of the simulation. A single realisation 
of this simulation is shown in Fig. 1. A hundredfold repetition of the simulation reveals 
that the estimate is biased:  

 (15) 

, (16) 
where  is the actual state,  is the state estimate and  is the estimate bias. 

3. PERFORMANCE ANALYSIS 

We will now present two performance indicators and examine them while varying 
design and configuration parameters. 

3.1. Performance indicators 

3.1.1.  Precision 

The MLE is unbiased and asymptotically reaches the CRLB for precision. The CRLB 
is derived through the inversion of the Fisher Information Matrix (FIM). We reuse the 
derivations of the CRLB for Bearing Only Target Motion Analysis from [6] to deduce the 
CRLB for the estimator presented here. The Fisher Information Matrix (FIM) for TD-
TMA is equal to  

 (17) 

Let us consider  the Jacobian of , and define 

 (18) 
and 

 (19) 

and express the terms of the Jacobian, using the expression of  in equation (12) : 

 

 

 

 (20) 
By injecting these expressions in equation (17), we easily obtain the FIM for TD-TMA 

and the corresponding CRLB.  
  

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1051 -



 

 

3.1.2. Bias 

As we mentioned earlier, the MLE is asymptotically unbiased, as the number of 
measurements increases. The scope of this article concerns fast threatening targets (which 
imply short measurement times) and sparse arrays with a limited number of sensors. The 
total number of measurements ( ) is therefore limited and can lead to biases in the 
estimates. Expressions for the biases are given in [9] but are not derived in this paper. We 
chose to estimate the bias through repeated simulations of a given scenario. 

3.2. Performance analysis 

3.2.1.  Effect of target position 

 For these computations, we assumed an attacking target sailing towards the initial 
position of the platform at a speed of 16 . For initial target ranges ( ) of 0 km to 4 
km and bearings from 0  to 180 , we computed the FIM and deduced the CRLB. This is 
represented in Fig. 2 . One can note that the expected range precision ( ) increases 
linearly with target range. As can be expected from a linear array, the performance at 
forward and endfire bearings is worse than at broadside. With the given time delay 
accuracy, an acceptable range precision of the target of about 60 m is attained at ranges up 
to 4 km. The speed estimate errors are however of the order of 10  at similar ranges 
which makes it difficult to estimate the target trajectory. A threat assessment based on the 
speed (high versus low) is also infeasible with such speed uncertainties. As we will see in 
3.2.2, the speed accuracy can be improved by increasing the number of hydrophones in the 
array. 

 
Fig. 2 Precision parameters for TD-TMA. The lower plot (c) is a section of the other 

(a) for a target of initial bearing 45  
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3.2.2. Effect of array population 

A target incoming from 45  at 16  at an initial range of 1 km was considered. 
For a fixed array baseline (30 m), the number of hydrophones was increased and the effect 
on range and speed estimates precision observed. The integration time was varied as well 
(10 s, 30 s and 60 s). The effect is especially visible on the speed estimate for which a 
difference between 5 m s  and 2 m s  in precision (for 3 and 20 hydrophones) makes 
the speed estimate usable. By comparing the black curve with the green curve in the right 
plot, one can notice that doubling the number of hydrophones would allow obtaining the 
same speed estimate accuracy within half the integration time. 

 
Fig. 3: Effect of array population and platform position uncertainty on the localisation 

performance.  

3.2.3. Effect of platform position uncertainty 

An expected limitation of all synthetic aperture related methods, such as TD-TMA, is 
the effect of the relatively poor knowledge of hydrophone positions on performance. To 
evaluate this effect on the method presented here, we performed repeated simulations and 
considered the bias resulting from an increase in the hydrophone position error standard 
deviation. A random Gaussian perturbation was applied to the position of the platform (the 
respective position of the hydrophones were not affected, i.e. the array was still considered 
rigid). We can see in Fig 3 (c) that as long as the hydrophone position uncertainty ( ) 
stays under the TOAD input precision (  s), little effect is seen on the bias of the target 
position estimate, but very quickly rises afterwards.  

4. SUMMARY AND CONCLUSION 

A Maximum Likelihood method for acoustic source localisation using Time Delay of 
Arrivals was presented. We showed that this method could not only provide an estimate of 
the range of a source, but also of its speed and course. The Cramér Rao Lower Bound was 
derived for this measurement model. This CRLB is a useful tool for the dimensioning of a 
sonar and the choice of an integration time for a given type of target, and finally gives a 
measure of the estimates accuracy. 
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This CRLB as well as indicators of bias and observability were used to assess the 
influence of different parameters on localisation performance. It was shown that 
increasing the number of hydrophones in a sparse array was improving the estimate of a 
target's speed. This means that, by increasing the number of hydrophone in an array, one 
can reduce the integration time and therefore the reaction time. Furthermore, simulations 
showed that the bias in the estimates was increasing due to hydrophone position 
perturbations only if the standard deviation of the latter was of the order of the accuracy of 
the measured time delay of arrivals. 
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Abstract: In this paper, we test the Wide-Sense Stationarity (WSS) of the estimation error 
achieved by an exponentially weighted recursive least squares (RLS) algorithm, used to 
estimate the channel impulse response. We study the stationarity of this process because it is 
closely tied to the bit error rate performance of adaptive equalizers used for symbol 
estimation. The predictability of this error process is related to the predictability of the 
quality of the communications channel. Most adaptive estimators are based upon estimated 
channel statistics which assume that the process is wide sense stationary. We analyze the 
data set collected in the SPACE08 experiment, during which the environmental conditions 
varied significantly in time, potentially causing a non-stationary behavior of the channel 
impulse response. The considered stationarity test is based on an analysis of the frequency-
time properties of the signal and does not assume any model on how the data has been 
generated. This study aims at investigating the possibility of developing a predictor of the 
communications performance in order to trigger adaptive algorithms. Moreover, these 
results are useful to estimate the channel statistics for coherent communications systems and 
develop better channel models for shallow water. 
 

Keywords: Stationarity test, underwater acoustic channel, adaptive algorithms, underwater 
communications 
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1. INTRODUCTION  

In this paper, we study the WSS of the prediction error of an exponentially weighted 
Recursive Least Squares (RLS) algorithm, responsible for estimating the channel impulse 
response. 

 We test the WSS property of the prediction error process, because we are interested in 
analyzing the performance of data adaptive estimators able to predict the state of the 
communication system, given some observations. Nevertheless, those estimators are 
optimized for some statistics of the process, thus assuming that the WSS is verified at least 
over the time interval of the estimation and prediction. These predictors might play an 
important role in triggering adaptive algorithms , in order to improve the efficiency of the 
communication systems at the cost of a slightly more complicated system. 

We focus on the prediction error of a channel estimator, because it is strongly related to 
the performance of an equalizer, which, in case of coherent communication systems, is 
always employed. Finally, the choice of the RLS adaptive algorithm is justified by its 
robustness to slow variations of the channel statistics, thus resulting in a suitable algorithm 
for our case of study. 

In [1], we tested the WSS of the channel energy, which is a meaningful metric for non-
coherent systems, and we observed the relationship between the environmental conditions 
and the statistics of the channel energy. Differently, here we focus on a metric, which is more 
representative of the performance of coherent receiving systems, and we will show how the 
statistics vary over time in case we consider the effect of phase changes.  

We use the algorithm in [2] among other algorithms since it does not assume any model 
that generates the data, but analogously to the standard stationarity test, it studies the 
variations of the local spectra with respect to the global spectrum. In order to do so, the 
authors propose to generate a surrogate data set, which is a set of realizations of a 
stationarized version of the original data set. In this way we can compare the variations, 
between each local spectrum with respect to the global spectrum, observed in the surrogate 
data set, and those observed in the original data set.   

This work is one of the first contributions in testing the wide-sense stationarity over 
particular time intervals of a metric representing the quality of the underwater channel. In the 
literature, we find some similar studies for wireless channels. In [3] a stationarity test and an 
experimental study have been presented for MIMO mobile wireless channels. Moreover, 
other tests of the WSS for the mobile wireless channel on experimental data sets have been 
published in [4], [5] and [6].  

Unlike its wireless counterpart, the underwater acoustic channel might show some non-
stationarity even if it is measured between static nodes, mainly due to the time-varying 
environmental conditions, such as the surface roughness. Indeed, especially in shallow water, 
which is the case we analyze here, the acoustic waves interact with the surface waves and 
depending on the surface conditions and time variability, this gives rise to non-stationarity of 
the received acoustic field.  

We will show here the time scale in which the error process can be considered stationary. 
Even if we are studying a specific case in a specific environment, we expect that our 
conclusions are widely representative of the effects studies, and that the same results could be 
applied to scenarios with similar geometries.  
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2. DATA SET AND DESCRIPTION OF THE METRIC REPRESENTING THE 
CHANNEL QUALITY  

In this section we introduce the data set called Surface Processes and Acoustic 
Communications Experiment (SPACE08) and we present the processing that we performed 
on the data. The reader can find a more detailed description of the data set in [1]. For the sake 
of completeness we will describe shortly its meaningful characteristics for this work.  

The data set is a collection of recorded acoustic signals and environmental measurements. 
The experiments were performed in a location off the coast of Martha’s Vineyard island 
during 18-27 October 2008. The scenario consists of one transmitter, six fixed receiving 
systems, and other instruments used to measure environmental conditions (i.e., surface 
waves, wind speed and direction). We consider the data received at systems S3 and S4, which 
were located at 200 m from the transmitter at Southeast and Southwest directions, 
respectively, and at systems S5 and S6 at 1000 m from the transmitter, aligned respectively 
with S3 and S4. The water depth was almost uniform in the whole experiment area and was 
about 15 m. This implies that the acoustic field was mostly affected by the surface waves, 
which are in turn dependent on the wind speed and direction. Figure 1 shows the changing 
wind conditions during the experiments. The acoustic signals are a repetition of a 4095 point 
binary m-sequence, transmitted at a symbol rate of 6.5 kbps and modulated at a central 
frequency of 11.5 kHz.  

 

 
Fig.1: Wind speed and direction during SPACE08. The continue line is the wind speed 

while the circles represent the direction. 
  
For each received signal, we run the exponential weighted RLS algorithm [7] to estimate 

the channel and compute the prediction error. The exponential weighted least square 
algorithm is known to minimize the cost function defined as  





n

i

in ienC
1

2)()(  . 
 

(1) 

     The parameter   is a memory factor, which indicates the weight of the prediction error at 
i  time unites earlier and   is defined in the following. We assume that the channel has a 
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limited duration M and we let the column vector )(nw  be the channel estimate at time n . 
We denote the transmitted symbols at times 1 Mn  to n  as )(nu  and the received signal 
at time n  as )(nr . The computed metric, which we call the prediction error, can be expressed 
as 

),()1()()( * nnnr=ne uw    
(2) 

where the symbol * indicates conjugate transposed. Therefore, )(ne  is a measure of how 
accurately the present received value can be predicted using the previous channel estimate. 
This accuracy is related to the performance of the equalizer and therefore to the performance 
of the communication system. The parameters used in our implementation are 8M  ms and

95.0 .  

3. STATIONARITY TEST 

In this section we briefly describe the stationarity test that we employed in this study. We 
consider the methodology proposed in [2], and refer the reader to that paper for a more 
detailed description. We are interested in testing the wide-sense stationarity of the process, 
which is verified when the first (mean) and the second moment (the correlation) of the 
process are independent of time.  

The framework in [2] is suitable for our study, because it does not assume any model for 
the system that generated the data, and the test is based on the comparison of time-frequency 
features between stationarized versions of the data, called surrogates, and the original data 
set. We compute the local spectra by using the multitaper spectrogram defined as: 

,),(1),(
1

, 
K

h
eKe ftS

K
=ftS k  

 
(3) 

where ),( ftS kh
e  is the spectrogram of the process )(te  computed with the k -th Hermite 

function, whose length we indicate as hT . We obtain N local spectra. 
Given that we are analyzing an experimental data set, we expect to observe always a 

variability of the local spectra with respect to the global spectrum (obtained by 
marginalization, i.e.,  

tKes ftSEfG ),()( , ), therefore we will compare this variability to the 
fluctuation between the local and global spectra in the surrogate data set. The surrogate data 
set is computed by multiplying the amplitude of the Fourier transform of the original time 
series by an independent identically distributed phase sequence and then applying the inverse 
Fourier transform. In this way the correlation function of the obtained process depends only 
on the interval between two sequences and not on the absolute times at which they were 
taken, i.e. the WSS property is satisfied. We calculate J  realizations of the surrogate data set. 
We evaluate the distance between the local spectra and the global spectrum )( fGs as a 
combination of the Kullback-Leibler divergence defined as:  

  df
fG
fS

fGfSGSD
s

Ke
sKesKeKL 
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and the log-spectral deviation expressed as: 

df
fG
fS
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s

Ke
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(5) 

  The considered combination is:  

 ),(1),(),( ,,, sKeLSDsKeKLsKe GSDgsD=GSD    
(6) 

Kes , and sg  are respectively normalized versions of KeS , and sG , i.e., they are obtained 

by dividing KeS , and sG  by their integral. We compute the N  distances for each surrogate 
and for the experimental data, thus obtaining 1J  sets of N distances each. We then 
compute the variance of each set and we indicate as 1 the variance of the N distances over 
the experimental data set, while we denote as 0 the set of J variances of the distances over 
the surrogates. The authors in [2] showed that the elements of 0  can be thought as drawn 
from a Gamma distribution ).;( bax , which depends on the positive parameters a and b . We 
estimate these parameters from set 0 . We choose a probability of failure of %5  and, from 
the cumulative distribution function, we determine the threshold ( ) of the variance such 
that the probability that the variance is less than or equal to   is %95 . Then the test result is 
“stationary” if 1  and “non-stationary” otherwise. We perform this test for different 
values of hT  and we consider the largest value of hT  such that the test result is “stationary” as 
the interval of stationarity. In the following section we will present the parameters used  and 
show the results. 

4. RESULTS 

In this section we show the results  and provide some qualitative interpretation of the 
results by comparing the environmental and the acoustic data. 

In the implementation of the test we use 50J  , 05.0   and hT  varies from 8  s  to 80  
s. We are interested in verifying the stationarity over time intervals of the order of tens of 
seconds, because it opens the possibility to use stochastic predictors, or data adaptive 
estimators, which assume the stationarity property for upper layer protocols. If the process is 
found to be stationary over an interval of the orders of several seconds, we might be able to 
estimate the statistics of the process in order to optimize the performance of the 
communications and in order to take advantage of this statistics in protocols that take place 
over time intervals of tens of seconds (considering also the feedback) such as hybrid 
automatic repeat request techniques, medium access control and routing protocols. The time 
series is 160 s long (indeed every signal lasts less than one minute and is repeated three 
times), thus in order to compute a local spectrum different from the global spectrum, the 
maximum duration of the interval over which we test the stationarity is 80 s long. 

We run the test for each receiving system and we observe that in certain periods the test 
gives at least a non stationarity result in the time series of almost three minutes. Figures 2 and 
3 represent the results of the stationarity test respectively for systems S3 and S5. The y-axis 
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indicates when the test detects a non stationarity interval hT (-1), and when it does not (1), the 
x-axis represents the Julian date and the hour of the measurements (we recall that each 
measurement was taken every two hours). For reference, Julian date 292 corresponds to 
October 18, 2008.  

 
Fig.2: Result of the stationarity test for the SPACE08 data set and system S3 at 200 m 

from the transmitter at Southeast direction. 
  
It can be noticed that system S5 is characterized by having more non stationarity 

detections than system S3, which can be explained by the fact that the variability of the 
channel statistics observed at system S5 is greater than that for S3, due to the larger number 
of interactions between the acoustic wave and the time-varying surface. 

 

 
Fig.3: Result of the stationarity test for the SPACE08 data set and system S5at 1000 m 

from the transmitter and at Southeast direction. 
 
Moreover we can observe that during the periods between Julian dates 295 and 296 and 

between 298 and 300 both systems show non stationarity conditions. This might be explained 
by the changes conditions of the wind speed in those periods.    

We evaluate the probability that the stationarity interval is greater than a given value. We 
choose this metric, which we call Complementary Cumulative Distribution Function (CCDF), 
because it is representative of the probability that the process is stationary for a longer 
interval. 

Figure 4 shows the CCDF for all the receiving systems. We notice that systems S3 and S4 
are characterized by longer stationarity intervals than systems S5 and S6. This again can be 
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explained by the larger number of interactions between the acoustic signal and the surface 
waves, thus resulting in a more variable statistics of the observed metric. Indeed the observed 
metric is sensitive to the phase changes due to the superposition of constructive and 
destructive interference resulting from the scattering generated by the interaction with the 
surface waves. A future step is to correlate the spectrum (computed over the stationarity 
interval) of the observed metric with the spectrum of the surface waves.  
  

 
Fig.4: Complementary cumulative distribution function of the duration of the stationarity 

interval for all the receiving systems. 
 
To conclude, we can state that data adaptive estimators might not perform optimally in 

longer links, due to the lack of stationarity of the observed process, although it remains to be 
better understood to what extent the communication performance degrades when the 
stationarity is not verified.   

Nevertheless, these results give evidence that, in a shallow water scenario, shorter links 
seem to be more suitable for systems that use predictors and adaptive algorithms.     

5. CONCLUSION 

In this paper we tested the stationarity of the error process which is a channel dependent 
metric and is also related to communications performance. We  used the methodology 
described in [2] and considered the SPACE08 data set, which is characterized by time 
varying environmental conditions, and is particularly suitable for these kinds of statistical 
evaluations. The results show that shorter links are characterized by longer stationarity 
intervals than those at greater distances.  

As part of our future work, we want to analyze the performance of stochastic predictors, in 
case of stationary channel conditions, and to evaluate the improvement of the system 
performance when adaptive algorithms are triggered by those predictors.  
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Abstract: To fully capitalize sea experiments, a channel model driven by real data is 
presented. This model relies on the assumption that a channel recorded at sea is a single 
observation of an underlying random process. From this single observation, the channel 
statistical properties are estimated to then drive a stochastic simulator that generates 
multiple realizations of the underlying process. Such an approach offers the ability to test 
underwater communication systems under controlled and reproducible laboratory 
conditions while guaranteeing a realistic simulation environment. To be as close as 
possible to the true ocean statistical properties, the often invoked wide-sense stationary 
uncorrelated scattering (WSSUS) assumption is relaxed. The analyzed channels are shown 
to be trend stationary and the scatterers are assumed to be potentially correlated. 
 

Keywords: Underwater Acoustic Channel, Propagation, Empirical Mode Decomposition. 
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1. INTRODUCTION  

Accurate underwater acoustic propagation models are essential in order to anticipate 
the performance of underwater acoustic communication (UAC) systems in the laboratory 
or to compare new signaling schemes and transmission algorithms to legacy systems. 
Moreover, unlike other applications of acoustic propagation modeling (such as active or 
passive sonars), underwater acoustic communications are very sensitive to the fast time 
variations of the channel response. These fluctuations have therefore to be accurately 
taken into account which is usually done either by deterministic physic-driven models, by 
purely stochastic a priori models or by a combination of both (moments of a stochastic 
model being derived from physical considerations, e.g. [1]).  

The proposed paper addresses a new innovative approach, close to the one initially 
proposed in [2], based upon stochastic replay of previously recorded at sea UAC channels. 
This approach consists in a two steps procedure. First, using an empirical mode 
decomposition (EMD) [3], the channel response is split into its (pseudo-)deterministic and 
random parts. Then, the random part is replayed (another realization of this part is 
generated, with the same statistical moments as the measured channel response) and added 
to the (pseudo-)deterministic part. The benefit of this stochastic channel replay is that, 
thanks to Monte-Carlo simulations, all the metrics used for system design or validation 
can be computed with a good statistical significance level. 

The proposed channel model relies on the analysis of data collected in the Atlantic 
Ocean and the Mediterranean Sea. From this set of data, it is shown that we can fully relax 
the usual (quasi-)wide-sense stationary assumption and also that, thanks to the EMD, a 
trend stationary model suits the analyzed underwater acoustic communication channels 
very well. Scatterers with different path delays are also assumed to be potentially 
correlated so that the true second order statistics of the channel are taken into account by 
our model.  

Test cases finally illustrate the benefits of channel stochastic replay to communication 
system validation. 

2. SEA EXPERIMENTS  
 

The channel model derived in this paper relies on the analysis of experimental data 
collected by Thales Underwater Systems in the vicinity of Sanary-sur mer (Mediterranean 
Sea, France) in October 2004 and by the GESMA (Groupes d’Etudes Sous-Marines de 
l’Atlantique) in the Bay of Brest (Atlantic Ocean, France) in October 2007. The two 
experimental set-ups, as well as the trial conditions, are summarized in Table I. 

 
For the trials in 2004, a filter matched to a pseudo-random binary sequence was 

implemented to provide the time evolution of the channel response. In 2007, the 
experiment was not originally designed for channel sounding so that no dedicated probe 
signal was used. However, since all the transmitted data were perfectly known at 
reception, it was possible to provide the channel state information by least mean square 
data-aided adaptive channel estimation. Figure 1 shows two examples of estimated 
impulse responses (after compensation of Tx and Rx relative motion). 
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 Mediterranean Sea (2004) Atlantic Ocean (2007) 

Tx power (dB re 1 μPa @ 1 m) 190 185 
Tx-Rx distance range (m) 500-10000 500-3000 

Water depth (m) 60-120 10-40 
Tx/Rx immersion (m) 20-50 5 

Tx/Rx motion speed range (m.s−1) 0-4 0-3 
Carrier frequency (kHz) 6 11.2 or 17.5 

Probe signal 
Pseudo random binary sequence 

(PRBS) of duration 48 ms repeated 
every 125 ms as given in 

[4, pp. 293]. Baud rate: 1kBd 

Continuous QPSK modulated  
data flow at baud rates 
of 2.9 kBd or 4.35 kBd. 

Sea surface conditions Wind speed 10-15 m/s, moderate 
waves Little swell 

Table 1: Experimental set-ups 

 

 
(a) 

 
(b)

Figure 1: Examples of measured impulse responses.  (a) Atl. Ocean, D=2 km, (b) Med. Sea, D=5 km.  

3. STOCHASTIC REPLAY 
 

The stochastic replay relies on the postulate that a communication channel probed at a 
given location over a given time window is an observation of an underlying random 
process. Based on this single observation, the objective is then to be able to generate an 
infinite number of realizations of this process. To build this stochastic generator, the 
statistical properties of the measured impulse responses have first to be derived.  

As detailed in [5], the analysis of the experimental data reveals that each channel tap 
can be modeled as a trend stationary random process that satisfies 

)()()( kwkdkg lll  ,  
(1) 

with, for all 1,kk and 2k  

)()]([ kdkg ll  ,  
(2) 

and  

       )()()()()()( 12
**

2211 kkkwkwkgkgkgkg llllll 







 . 

 
(3) 
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)(kg l  is the output of the channel estimation representing the k-th sample of the l-th tap. 
)(kd l is called the trend which is a pseudo-coherent component that behaves almost as if 

the medium was deterministic and )(kwl is a zero-mean wide sense stationnary ergodic 
random process. )(kd l can be seen as the contributor to slow fading whereas )(kwl  
represents the channel fluctuations attributable to the scatterers that result in fast fading. In 
order to isolate )(kd l  and )(kwl  from )(kg l , an empirical mode decomposition (EMD) is 
performed on each tap. EMD is a method of signal decomposition, well suited to non 
wide-sense stationary signals, that does not require any predetermined basis functions. The 
decomposition is designed to seek the different intrinsic modes of oscillations (or rotations 
in the complex case) in any data, based on the principle of local scale separation [3]. The 
detail of the decomposition procedure is given in [5]. Figure 2 shows the EMD filtering 
applied to the tap at 7  ms of the channel displayed in Figure 1-(a). 

 (a)  
(b)

Figure 2: Illustration of EMD filtering applied to a real channel tap. (a) Original tap, (b) Separation of 
the trend and the random component. 

  
In our approach and at our observation scale, )(kd l is considered to be deterministic 

so that the randomness of each channel tap is expressed by )(kwl . Consequently, the 
observation vector  )(,),( 10 kwkw L , where L is the number of channel taps, is 
considered as a single realization of a multivariate random process. Our objective is now 
to generate new realizations of this process while being as close as possible to the true 
underlying process. Statistical analyzes show that )(kwl  is zero-mean Gaussian 
distributed. However, no general parametric model for its second order statistics, 
represented by its Doppler power spectrum, has been found. Nevertheless, providing that 
the observation duration is greater than the channel coherence time, it is shown in [5] that 
the second order statistics can be very well approximated by slightly modifying the Rice 
method for generating Gaussian processes [6]. Scatterers with different path delays are 
assumed to be potentially correlated so that the true second order statistics of the channel 
are taken into account by our model. Reflections on a same physical body or 
delay/Doppler leakage caused by band- or time-limited transmitted data can indeed induce 
correlations between multipath components. The overall procedure for generating new 
realizations of the observed channels is summarized by the pseudo-code given in 
Algorithm 1. 
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Algorithm 1 Channel stochastic replay 

Require: A probed channel of L taps over an observation windows of N samples (TX/RX 
motion must be compensated). 

1. Draw N realizations )(n  of a uniformly distributed random variable in ]2,0(   

      for 10  Ll  do 

            2.Using the EMD, decompose each tap )(kg l  as      

Nkkwkdkg lll  0),()()(  

            3. Compute 





1

0

/2)(1)(
N

k

Nnki
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n
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            4. Compute 





1

0
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N

n

niNnki
ll eenW

n
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            5. Add )(kl to )(kd l to get a new realization of the channel tap l 

       end for 

 
The Matlab code corresponding to the proposed simulator is available at 
http://perso.telecom-bretagne.eu/fxsocheleau/software.  

4. ILLUSTRATIONS 
 

The channel replay approach can prove to be a good complementary test method to 
field trials. While field trials guarantee realistic testing conditions, they are limited to a 
narrow validation scope since they correspond to “snapshots” of specific operational 
environments. Channel replay is of great interest to fully exploit sea experiments under 
controlled and reproducible laboratory conditions. For instance, it can be used to: 

 compute fading statistics useful to design error-correcting codes, 
 compare competing transmitter/receiver techniques (multi-carrier vs single carrier, 

equalizer structures, synchronization algorithms etc.), 
 assess the channel capacity (see [7]), 
 independently assess the contributions of different physical phenomena. 

The benefit of the stochastic characteristic in the channel replay is that, thanks to Monte-
Carlo simulations, all the metrics used for system design or validation can be computed 
with a good statistical significance level. 
 

To illustrate the relevance of channel replay for system validation, we hereafter 
consider two simple case studies. The first case corresponds to a situation where a system 
designer would like to estimate the SNR increase required to improve the spectral 
efficiency of its system. As shown in Figure 3 for instance, this can be done by measuring 
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the bit-error rate (BER) as a function of Eb/N0 for various system configurations. As the 
objective here is not to test a particular system but to exhibit some possibilities offered by 
the channel replay, we have considered for the simulation an ideal single-carrier SISO 
system perfectly symbol synchronized with an adaptive data-aided intersymbol 
interference canceler. No error-correcting codes are used. By testing various 
configurations in different environments, the system designer may identify guidelines 
useful to choose the right throughput/robustness compromise. As illustrated in Figure 3, 
for Eb/N0 less than 20 dB, reliable transmissions (i.e. uncoded BER 310 ) at a rate of 4 
to 5 bits/symbol seems conceivable in the channel of Figure 1-(a), whereas for the channel 
of Figure 1-(b) this rate is limited to 2 bits/symbol. 

 

 
(a) 

 
(b)

 
Figure 3: Bit error rate vs Eb/N0 for various modulation orders. (a) Atlantic channel shown in Figure 

1-(a), Mediterranean channel shown in Figure 1-(b). 
 

Channel replay may also be useful to tune the receiver algorithms. For instance, it may be 
interesting to know to what extent the receiver is able to track the fast fluctuations of the 
channel. This can be done by estimating the bit-error rate (BER) as a function of Eb/N0 
for various power ratios K between the pseudo-deterministic and the random components 
of the channel. Since we are able to isolate both components, we can artificially change 
the power of one or the other and measure the impact of this change on the BER. This is 
illustrated in Figure 4 for the Atlantic channel shown in Figure 1-(a) where K is artificially 
reduced to 0 dB by step of 3 dB, the true power ratio K being 18 dB.  
 

 
Figure 4: Influence on the BER of the Atlantic channel of the power ratio between the pseudo-

deterministic and the random components. 
 
 
 
Note that other illustrations of channel replay are shown in [5]. 
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5. CONCLUSIONS 

In the absence of standardized channel model, stochastic channel replay can be very 
useful to design and validate underwater communication systems. Such a simulation 
approach can also be relevant to compare competing transmission systems or to compute 
capacity bounds. The proposed model takes into account the non wide-sense stationary 
nature of the analyzed channel and also integrates the potential correlation between taps. 
The main limitation of the method discussed in this paper holds in that the channel replay 
cannot be extended beyond the duration of the original estimated impulse response. Such 
an extension would require to characterize and model the slow channel fluctuations.  

6. ACKNOWLEDGEMENTS  

The authors would like to thank the GESMA (Groupes d'Etudes Sous-Marines de 
l'Atlantique) for providing part of the data used for this work. 

REFERENCES 
 
[1] X. Cristol, NARCISSUS 2005: A global model of fading channel for application to 
acoustic communication in marine environment, Proc. of IEEE Oceans Conf., Brest, June 
2005  
[2] P. van Walree, P. Jenserud and M. Smedsrup, A discrete-time simulator driven by 
measured scattering functions, IEEE J. Sel. Areas Commun., vol. 26, no.9, pp. 1628-1637, 
2008 

[3] G. Rilling, P. Flandrin, O. Gonsalves and J.M. Lilly, Bivariate empirical mode 
decomposition, IEEE Signals Processing Letters, vol. 14, no.12, pp. 936-939, 2007 
 
[4] P. Fan and M. Darnell, Sequence Design for communications applications, Research 
Studies Press Ltd, 1996. 
 
[5] F.-X. Socheleau, C. Laot and J.-M. Passerieux, Stochastic Replay of non-WSSUS 
Underwater Acoustic Communication Channels Recorded at Sea, submitted to IEEE 
Transactions on Signal Processing (in revision), Dec. 2010. Available at 
http://perso.telecom-bretagne.eu/fxsocheleau/Publications/ 
 
[6] S. O. Rice, Mathematical analysis of random noise, Bell Syst. Tech Journal, vol. 23, pp. 
282–332, 1944. 
 
[7] J.-M. Passerieux, F.-X. Socheleau, C. Laot, On the Capacity of the Underwater 
Acoustic Communication Channel under Realistic Assumptions, in Proc. IEEE EW, Jun. 
2011 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1071 -

http://perso.telecom-bretagne.eu/fxsocheleau/Publications/


 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1072 -



 

VALIDATION METHODS FOR UNDERWATER ACOUSTIC 
COMMUNICATION CHANNEL SIMULATORS 

Roald Otnesa, Paul van Walreea, Trond Jenseruda 

aNorwegian Defence Research Establishment (FFI), PO box 115, 3191 Horten, Norway 

Contact author: Roald Otnes, Norwegian Defence Research Establishment (FFI), PO box 
115, 3191 Horten. Fax: +47 33047834. E-mail: roald.otnes@ffi.no  

Abstract: This paper discusses methods to validate an underwater acoustic 
communication channel simulator which is configured based on measurement of the time-
varying impulse response of an acoustic channel. The channel simulator may either replay 
the measured channel, or generate a new time-varying impulse response with similar 
statistical properties as the measured channel. FFI’s channel simulator “Mime”, which 
was developed in the FFI SMATUC and the European UCAC projects, and which also 
will be used in the EDA project RACUN, can operate in both these modes and also in a 
model-based mode. 
 
We discuss various channel and communication properties that can be used for validation, 
and present a method for validating a channel simulator. We then present an example of 
validating Mime by verifying that various properties are reproduced correctly. While a 
full-scale validation of Mime is beyond the scope of the paper, Mime is successfully 
validated for the investigated data set of 100 transmissions. 
 
We also briefly discuss how the proposed validation method with small modifications can 
be applied to model-based channel simulators. 

Keywords: Underwater acoustic communications, simulation, channel simulator, 
validation. 
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1. INTRODUCTION  

Unlike radio frequency communications, whose development is primarily based on 
channel simulation techniques, acoustic communications still rely on extensive sea trials 
for validation and testing of communication algorithms. Although the construction of an 
acoustic channel simulator also depends on sea trials for testing and validation of 
simulation algorithms, its availability can significantly reduce the cost of future 
developments in underwater communications. Another advantage of an acoustic channel 
simulator is the opportunity to define standard channels and test different modulation 
schemes under identical conditions. 

This paper discusses methods to validate acoustic channel simulators. A definition of 
validation is [1, 2] “substantiation that a computerized model within its domain of 
applicability possesses a satisfactory range of accuracy consistent with the intended 
application of the model”. Validation can also include identifying the borders of the 
domain of applicability, to avoid applying the model for cases where it is not valid. We 
focus on “operational validation”, where experimental and simulated data are compared. 

We note that validation is included in several papers presenting underwater acoustic 
channel simulators, e.g.,  [3, 4, 5, 6, 7], where various output properties from the simulator 
are compared with corresponding real-world results. 

The work presented in this paper was motivated by the need to validate FFI’s channel 
simulator “Mime” [5] using experimental data collected in different environments and 
frequency bands. Mime was developed in the FFI SMATUC and the European UCAC 
projects, and will also be used in the EDA project RACUN1. We do however strive to 
make the discussion general and not applicable only to Mime.  

2. CHANNEL SIMULATOR MODES 

We group channel simulators in three different simulation modes [5]: 

1. Replay the measured channel conditions. 
2. Generate channel conditions with statistical properties similar to measurement. 
3. Generate channel conditions by modelling based on environmental information. 

The definition of the term “channel conditions” above may vary from simulator to 
simulator. For Mime, it refers to the time-varying impulse response. For other channel 
simulators, it may be noise models and more elaborate channel characterization methods. 

3. OUTPUT PROPERTIES FOR VALIDATION 

A prerequisite for operational validation is to have experimental data available. The 
experimental data is collected using a transmitter and receiver in the water, and the 

                                                           
1 SMATUC = Simulation and modelling of the acoustic time-varying underwater channels. UCAC = UUV 
covert acoustic communications, RACUN = Robust acoustic communications in underwater networks, EDA 
= European Defence Agency. 
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transmitted signals should include channel probe signals tailored to estimate channel 
conditions, and also communication signals to evaluate communication performance. 

From the experimental data, various output properties can be estimated. Then, the same 
properties are estimated from the simulator output data, and a qualitative or quantitative 
comparison is made. Properties to be compared can be variables of 0, 1, or 2 (or even 
higher) dimensions. 0-dimensional variables (scalars) are the easiest to compare and are 
suitable for validation based on many transmissions, while 1- or 2- dimensional variables 
contain more details and are suitable for detailed study of a few transmissions. 

Table 1 lists various output properties that may be used for validation, and gives an 
overview of which properties have been presented in a validation context in selected 
papers on underwater acoustic communication channel simulators [3, 4, 5, 6, 7]. The right-
hand column shows which properties are discussed in the present paper. 

 
Dimensions Property [3] [4] [5] [6] [7] This paper 

2 Spreading (or scattering) function   x   x 
Time-varying impulse response    x  x 

1 
Delay profile  x    x 
Doppler profile      x 
Temporal coherence   x    

0 

Delay spread      x 
Doppler spread  x    x 
Rice number  x     
Level crossing rate    x x  
Average fade duration     x  
BER x  x  x x 
Output SINR   x  x x 

Table 1: Output properties used for validation in selected papers. 
 
The BER (bit error rate) and output SINR (signal-to-interference-plus-noise ratio) are 

estimated using communication signals, while the remaining properties are normally 
estimated using channel probe signals. In all cases, the output properties under 
consideration must be clearly defined. For example, the 90% energy criterion can be used 
for delay spread and Doppler spread [8]. 

For channel simulators operating in mode 1 or mode 2, experimental data (channel 
probe signals) is also required for configuration of the simulator. Using the same probe 
signal transmission for configuration and for validation will demonstrate the simulator’s 
ability to mimic the channel properties, while using different probe signal transmissions 
(close in time) will reveal whether the channel conditions are stationary enough to 
generalize results from a single transmission. 

To validate mode 3 channel simulators, an extensive set of environmental data (sound 
speed profiles, wave spectra, bathymetry, etc) should be gathered simultaneously with 
collecting the channel probe and communication data used for validation. 

4. A VALIDATION METHOD FOR MODE 1 AND 2 CHANNEL SIMULATORS 

The proposed validation method requires a software tool which can estimate and 
display the time-varying impulse response and related variables, based on received 
channel probe signals. We here refer to this as “probe analysis”. The proposed validation 
method, illustrated in Fig. 1, is: 
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 Analyze a received channel probe signal (measured on a real acoustic channel), to 
get an estimate of the channel conditions (e.g., time-varying impulse response 
during channel probing). 

 Configure the channel simulator to replay the channel conditions in mode 1, or 
generate channel conditions with the same statistical properties in mode 2. 

 Run the probe signal through the channel simulator and probe analysis, and 
compare output properties with the probe signal received at sea. 

 Run a communications signal through the channel simulator, and compare BER 
or output SINR with an actually received communications signal transmitted 
close in time to the probe signal used to configure the channel simulator. 

 

 

 
Fig. 1: Illustration of validation method for mode 1 and 2 channel simulators. 

 

5. VALIDATION EXAMPLES 

In this section we present a small number of examples of validating Mime using the 
proposed method. Presenting a full-scale validation is far beyond the scope of this paper. 

The data used here is collected in a Norwegian autumn fjord environment, with 
stationary source and receiver near the sea floor. The probe signal used is PRBS (pseudo 
random binary sequence) with repetition period 32 ms, and is analyzed as described in [8]. 

5.1. Channel properties 

Fig. 2 shows an example of measured and simulated time-varying impulse responses 
and delay-Doppler spreading functions. The example corresponds to “channel H” in [8], 
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but uses a different probe signal. We note that in mode 1, Mime replays the time-varying 
impulse response very well. In mode 2, it reproduces the spreading function reasonably 
well, but provides a different realization of the time-varying impulse response. This is 
correct behaviour, since the motivation for mode 2 is to provide a number of different 
channel realizations with the same statistical properties. 

Using such 2-D properties for validation is suitable for detailed study of selected cases, 
but mainly facilitates qualitative/subjective judgments as above. It would also be 
impractical in terms of work hours and report pages to use 2-D properties to validate 
simulator behaviour for a large number of measured channels. 

 
Fig. 2: Example of using 2-D properties for validation. Left: Measurement. 

Center: Mime mode 1. Right: Mime mode 2. 

Fig. 3 shows 1-D output properties (power delay and Doppler profiles) for the same 
example. These are more suitable for quantitative assessment. E.g., we note that in this 
case Mime mode 1 reproduces the Doppler spectrum exactly down to about -50 dB, and 
we also see how much stochastic variation there is between different realizations in mode 
2. Still, it is impractical to use 1-D properties for a large number of measured channels. 

Fig. 4 shows an example of identifying cases where the channel simulator is outside its 
domain of applicability. The channel (“channel F” in [8]) is cyclostationary with time-
varying delays due to surface interaction in a rough sea. This effect is not captured by the 
statistical description used to configure Mime in mode 2, which utterly fails. Validation 
also shows that in mode 1 (not shown), Mime is still able to replay this channel well. 

While many details are lost when 0-D (scalar) channel properties are used for 
validation, it is possible use batch scripts to run the processing and then investigate a 
larger data set in a single figure. An example is shown in Fig. 5 (top), where 100 
consecutive transmission cycles with 6 minutes time spacing are shown.  We can then also 
evaluate statistics across the data set. E.g., we find that for the data shown in Fig. 5, the 
root mean squared deviation (relative to measurement) in delay and Doppler spread is 
0.084 ms and 0.053 Hz for mode 1, and 1.107 ms and 0.246 Hz for mode 2 (averaged over 
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10 realizations for each transmission cycle). Outliers in the 0-D results may be candidates 
for a detailed 1-D or 2-D inspection.  
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Fig. 3: Example of using 1-D properties for validation. Bottom plots show 10 realizations 

in mode 2. 

 
Fig. 4: Example of using validation to identify cases where the channel simulator is 

outside its domain of applicability. Left: Measurement. Right: Mime mode 2.  

5.2. Communication properties 

At the end of the day, an important thing to the user is that the simulator is good at 
reproducing the performance of communication signals over the channel. Therefore, 
communication signals should also be used for validation. Here, we use the JANUS signal 
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proposed for standardization by NURC [9] with v0.3 receiver code, and a DSSS (direct 
sequence spread spectrum) signal with the same bandwidth and data rate, but a much more 
computationally expensive receiver. More details on the two signals and a comparison of 
their performance can be found in [10]. 

In Fig. 5 (bottom), we show measured and simulated communications performance for 
the same 100 investigated transmission cycles. For the JANUS signal we show the BER 
before decoding of the error-correcting code. Across this data set, the mean (median) BER 
is 0.073 (0.082) for the measurements, 0.095 (0.084) for Mime mode 1, and 0.079 (0.083) 
for Mime mode 2. Note that the mean BER is not a good measure here, as for example the 
single transmission with 50% bit errors in mode 1 will influence strongly on the mean. 

For the DSSS signal, there were very few bit errors in the investigated data even before 
the decoder, and hence we rather show the output SINR. In general, it is better to use 
output SINR (if available) rather than BER for validation, since BER may be a strongly 
nonlinear function of output SINR, e.g., with threshold effects. Across this data set, the 
mean SINR is 20.9 dB for the real acoustic channel, 22.3 dB for Mime mode 1, and 22.1 
dB for Mime mode 2. The similarity between mode 1 and mode 2 shows that mode 2 
reproduces the measured channel conditions well, while the small discrepancy between 
real acoustic channel and mode 1 tells us that not all subtleties of the channel was captured 
by the probe signal measurement used to configure the simulator: The measured impulse 
response is limited to 32 ms length, and additive noise is not considered in these 
simulations. 
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Fig. 5: Example of using 0-D properties for validation across many transmission 
cycles. Top: The channel properties delay spread (left) and Doppler spread (right). 
Bottom: The communication properties BER (left) and output SINR (right), for two 

different communication signals. 
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6. COMMENTS ON MODE 3 (MODEL-BASED SIMULATIONS) 

Simulators operating in mode 3 can be validated against real-world measurements in a 
similar manner as described in Chapter 4 (Fig. 1), except that the dashed lines are replaced 
by other input: The channel simulator is configured using all available environmental 
information, rather than configured using measured channel conditions. 

As a model-based approach will be limited by incomplete environmental information 
and model limitations, the reproduction of channel properties in mode 3 is generally 
expected to be less accurate than in mode 1 and 2. We are currently investigating several 
challenges related to improving the fidelity of a model-based approach [11, 12]. 

7. CONCLUSIONS 

We have presented an overview of properties that may be used for validation of 
underwater acoustic communication channel simulators. 0-D communication and channel 
properties are most suitable for validation based on large data sets, while 1-D and 2-D 
channel properties are suited for detailed investigation of selected transmissions. 

We have proposed a validation method for channel simulators operating in what we call 
mode 1 and mode 2, and presented examples of validating FFI’s channel simulator Mime. 
The validation is successful for the investigated data set of 100 transmissions over a 10-
hour period. A full-scale validation of Mime is beyond the scope of this paper. 
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Abstract: In this paper, we consider a variable-rate communication system, for which the digi-
tal modulation format in use can be varied across subsequent transmissions, i.e., by employing 
higher spectral efficiency schemes whenever the Signal-to-Noise Ratio (SNR) so allows. In or-
der to adapt to the evolution of the SNR, the transmitter must be informed on the channel 
quality via feedback from the receiver. However, in multiuser networks, the amount of feed-
back may account for a significant portion of the injected traffic, and thus be subject to inter-
ference, both from data and from other feedback packets. 
To alleviate this problem, we propose the usage of SNR prediction schemes, which relieve the 
need for frequent feedback by predicting the evolution of the SNR time series over a window of 
pre-defined length. We compare several schemes and discuss their capability to improve the 
communications performance in terms of throughput efficiency and outage probability. 

Keywords: Variable-rate modulation, SNR prediction, LPF, Kalman filter, RLS, Markov mod-
eling, throughput efficiency, outage, performance comparison. 
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1. INTRODUCTION AND MOTIVATION 

Variable-rate modulation (VRM) is an established technique in terrestrial radio communica-
tions [1], where it is employed to adapt the robustness of the transmission system to the current 
channel state. VRM makes use of feedback from the receiver node (and possibly past 
knowledge of the channel SNR evolution) in order to choose the modulation scheme, e.g., by 
avoiding that spectrally efficient schemes are used in the presence of a very low SNR, which 
would result in frequent transmission errors. Similarly, VRM also tries to ensure that the em-
ployed modulation fully exploits the current channel capabilities, by not choosing low-rate 
modulation formats in the presence of sufficiently high SNR. A successful VRM scheme 
would therefore improve the throughput of the communication system by matching the trans-
mission scheme to the channel, possibly requiring the least frequent feedback. 

The capabilities of a good VRM system can be of great help for underwater acoustic com-
munications. In fact, the acoustic channel state is often subject to changes due to several envi-
ronmental effects, such as sound speed variations over the water column (which induce differ-
ent refraction effects and ultimately change multipath patterns), wind-induced surface wave 
profiles, internal waves [2], as well as seasonal and day/night cycles. VRM schemes can  track 
such changes via feedback from the receiver. This feedback, however, must be sufficiently fre-
quent. Previous work [3] has shown that if the Signal-to-Noise Ratio (SNR) over a link is 
known only once every 15 s (the time separation between subsequent transmissions in the da-
taset considered there) it is likely that the wrong modulation is chosen, unless the average 
channel SNR is sufficiently high, typically over 30 dB. In a typical network, several entities 
may access the channel using some sort of medium access control (MAC) scheme, and then 
carry out transmissions, possibly employing a form of error control such as Automatic Repeat 
reQuest (ARQ) [4], [8]. In this context, ARQ feedback messages can also serve to report SNR 
information to be used for adapting the transmit modulation scheme. 

It has been shown that sending feedback very often may not be beneficial in multiuser net-
works, and that employing non-error-controlled schemes may actually yield better throughput 
and delivery ratio performance in several scenarios [7]. In order to meet the channel knowledge 
requirements of VRM schemes, while still keeping the amount of feedback to a minimum, in 
this paper we leverage on standard predictive filtering techniques as well as simple statistical 
models for the evolution of the SNR time series, and study the performance of a VRM scheme 
as a function of the feedback delay. In the periods between subsequent feedback packets, a 
prediction technique is applied to infer future SNR values based on the past knowledge of the 
SNR process. We compare the performance of the system in terms of the probability of outage 
events (defined as the choice of a modulation scheme not robust enough with respect to a bit 
error rate constraint), which reflect the capability of the scheme to actually follow the behavior 
of the SNR time series, and in terms of the throughput efficiency (defined as the average num-
ber of bits correctly transmitted per channel use, given the length of the transmit packet). We 
carry out our evaluation on the SPACE’08 dataset, collected off the coast of Martha’s Vine-
yard, MA, USA, in a very shallow water environment. 

2. SYSTEM DESCRIPTION AND CONSIDERED PREDICTION TECHNIQUES 

In the following evaluation, we will focus on a single transmitter-receiver link where VRM 
is employed at the transmitter side. The modulation schemes we focus on are Binary Phase 
Shift Keying (BPSK), Quaternary Phase Shift Keying (QPSK), 16-, 64- and 256-Quadrature 
Amplitude Modulation (QAM), which have a spectral efficiency of 1, 2, 4, 6 and 8 bits per 
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channel use, respectively. We assume that each modulation should be used only when the fore-
seen bit error rate (BER), given the available estimate of the future SNR value, is less than 

410 , which corresponds to the following vector of minimum SNR thresholds in dB: 
 430,424,418,711,448 .....dB  , where the first element in the vector corresponds to the min-

imum SNR that, under an Additive White Gaussian Noise (AWGN) assumption, ensures a 
BER of less than 410  to the BPSK modulation, the second to QPSK, and so forth. An SNR of 
less than 8.44 dB means that the system is certainly in outage, as even the most robust modula-
tion is unable to achieve the BER objective. However, we note that the thresholds above have 
not been chosen based on packet error rate. Therefore, the transmission of short packets may be 
successful even if the system is in outage, depending on how small the actual SNR value is 
with respect to the threshold of the modulation scheme in use. 

Call nx the nth sample of the time series of the SNR. The objective of prediction algorithms 
is to provide an estimate Mnx 

ˆ  of the SNR at time Mn , M = 1, 2, ... , given the past (known) 
samples of the time series, nx , 1nx , 2nx , etc.  

The first predictor we consider is an order-16 linear predictive filter (LPF), which basi-
cally models the SNR series as the output of a 16-pole filter whose input is white noise. The 
coefficients of the filter are derived using the Yule-Walker equations [5]. This predictor is sim-
ple, but makes the implicit assumption that the time series to predict has stationary statistics. In 
addition, the Yule-Walker equations take into account the estimated correlation of the signal, 
which decreases as the signal is sub-sampled, making future prediction increasingly noisier as 
M increases. 

The second predictor we consider is again a linear filter, whose taps are computed using the 
Recursive Least Squares (RLS) algorithm [5] with 5 taps, and a forgetting factor of 0.9. Un-
like the LPF, the RLS algorithm makes no implicit assumptions that the signal is stationary, 
and adapts instead the filter taps based on the error incurred by previous predictions. 

The third predictor is a Kalman filter which assumes the SNR time series to have locally 
constant first-order derivative, i.e.,  
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where sT  is the sampling interval of the SNR series. The Kalman filter takes as input an esti-
mate of the variance of the noise affecting the state observations [6]: a lower value makes the 
filter trust the measured SNR (and effectively turns it into a follower, i.e., a filter that almost 
replicates the previous known SNR value at any given time), whereas a higher value makes the 
filter rely more on the model. In the following we employed a value of 0.5, which strikes a bal-
ance between prompt reaction to variations and adherence to the state evolution model. 

The fourth prediction technique is based on a more conservative hysteresis behavior: basi-
cally, two sets of thresholds are defined, UP  and DOWN , the first containing the SNR values to 
be overcome in order to switch to a more spectrally efficient modulation, the second containing 
the SNR values beneath which the modulation is switched down to a more robust one. In the 
following, these thresholds are set to  25.1UP  and  1.1DOWN , where   contains the 
linear-scale values of the elements of the vector dB  introduced at the beginning of this Sec-
tion. These values will be shown to increase the resilience of the system to spurious SNR varia-
tions, while still allowing a sufficiently prompt adaptation of the modulation scheme, However, 
the scaling coefficients could be increased arbitrarily to provide greater robustness at the price 
of a higher probability that the channel is not fully exploited. 

As a further note, there are two ways to provide the transmitter with the feedback it needs to 
choose the modulation: i) every time a feedback packet is sent, the receiver includes a trace of 
all SNR values measured since the last feedback packet was sent, so that the transmitter can 
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run the predictive algorithms and tune the modulation correspondingly; ii) the receiver runs the 
predictive algorithms and informs the transmitter about the sequence of modulations to be cho-
sen until the next feedback. The first strategy requires longer feedback packets, whose size may 
grow considerably if the time period between subsequent feedbacks is long (as increasingly 
more SNR samples should be inserted into the packet); in turn longer periods would also make 
feedback more prone to channel errors. Strategy ii) requires much shorter feedback packets, as 
the receiver only has to state which modulation the transmitter should use. The number of 
schemes is typically limited, and can be addressed using just a few bits (3 per transmission, in 
our case). Thus, even in case of very long feedback intervals (e.g., one feedback packet every 
20 data packets), the feedback payload would be only 60 bits long. In turn, strategy ii) is more 
prone to losses, as no prediction is performed at the transmitter side. 

The fifth and last prediction technique we consider is based on a Markov model. This mod-
el contains as many states as the elements of the vector dB  plus one. Call )(ts  the sequence of 
the states of the Markov chain. We have its )(  if and only if )()(SNR)1( iti dBdB   , 
where 0)0( dB . The prediction performed by the Markov chain is based on the maximiza-
tion of the function ),~( ss  which is equal to the rate of the modulation corresponding to s~ , 

)~(sR , if the channel is able to support it, i.e., if ss ~ , and to 0 otherwise (in this case, we as-
sume that modulation cannot be supported by the channel, hence the transmission would be in 
error). Note that ),~( ss  is one possible definition of the throughput efficiency of a VRM sys-
tem. In this paper, throughput efficiency is defined based on the packet error rate rather than 
the outage probability, as  L

ssRssG )(BER1)~(),~( ~  , where )(BER ~ s  is the bit error rate 
of the modulation related to state s~  if the actual signal-to-noise ratio is equal to  , and an in-
dependent bit error model is assumed to compute the probability that a packet is correct. The 
prediction of the following state is formulated as an optimization problem, i.e., the next state ŝ  
is chosen among all possible states s~ , given the previous state i, such that the expected 
throughput is maximized: ]|),~([maxargˆ |~ issEs iss

 ; substituting the definitions above yields 

]|~[)~(maxargˆ
~ issPsRs
s

 , where the probability that the predicted state is less than or equal 

to the actual state can be obtained from the transition probability matrix of the Markov chain.  

3. THE SPACE’08 DATASET 

The dataset we consider in this paper is SPACE’08, which has been collected between Oc-
tober 18 and 27, 2008 at the Martha’s Vineyard Coastal Observatory, operated by the Woods 
Hole Oceanographic Institution, MA. The experiment performed for the collection of the da-
taset involved the transmission of 3-minute signals at a carrier frequency of 11.5 kHz frequen-
cy once every two hours, from a single location. We consider one of the six receivers that were 
deployed, namely S4, positioned at 200 m from the transmitter in the Southwest direction. Giv-
en the very shallow water flat-bottom environment, the time-variations of the channel were 
mainly induced by the wind-driven surface roughness and the underwater currents.  

The channel impulse responses were estimated every 15 ms from the received signals, 
which consist of a number of sequentially transmitted m-sequences, each composed of  4095 
BPSK-modulated symbols sent at a rate of 6.5 kbps. The SNR estimates are computed as the 

2L -norm of each impulse response, scaled to simulate higher or lower power, and averaged 
over 60 ms (i.e., 4 samples), in order to simulate SNR estimation over a typical preamble 
length. In particular, the stability of the SNR traces makes it difficult that more than two SNR 
thresholds in dB  are crossed in any experiment, and correspondingly, only 3 of the available 
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modulation schemes are effectively employed. In the following, we will scale the SNR so that 
the limited dynamics of the channel traces employed in our analysis allow the usage of the 
BPSK, QPSK and 16-QAM modulations. We assume that packet transmissions take place at 
the pace of one every 2.1sT s (which includes the transmission time and propagation delay) 
and correspondingly subsample the time series. 

All algorithms described above (with the exception of the thresholds with hysteresis), re-
quire a training period: the LPF needs it to estimate the autocorrelation of the time series, the 
RLS for making the filter weights converge, the Kalman filter to perform some first prediction-
correction cycles and the Markov model to estimate the transition probability matrix of the 
Markov chain. For this reason, for each time series taken from the data set (and lasting around 
170 s), we take the first 60 s (i.e., 50/60 sT samples) for training. In the following Section, 
we compare the prediction techniques in terms of the average throughput efficiency (defined in 
terms of the packet error rate as per the ),~( ssG  function introduced above), as well as the out-
age probability. Unless otherwise stated, the packet length is set to 256 bits, which makes the 
threshold BER of 410  conservative, as discussed in Section 2. 

4. RESULTS 

In Fig. 1, we evaluate the capability of the predictors to follow the SNR time series, for two 
different values of the delay between subsequent feedbacks, 4.8 s (1 feedback packet every 4 
data packets, dark gray dashed lines) and 24 s (1 every 20 packets, light gray dashed lines). 
Fig. 1(a) refers to the LPF predictor, whose filter taps are derived via the Yule-Walker equa-
tions: we observe that the filter under-estimates the absolute value of the time series; however, 
for a low delay it still can follow its general trend, whereas for larger delays the estimates of 
the correlation between farther samples become increasingly worse, and  
 

      
 (a) LPF (b) RLS 

 
(c) Kalman 

Fig. 1.  Example of prediction of an SNR time series from the SPACE’08 dataset. (a) LPF pre-
dictor (Yule-Walker); (b) RLS predictor; (c) Kalman filter. 
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Fig. 2.  Throughput efficiency for all policies for a feedback delay of 1.2 s. 

 
Fig. 3.  Throughput efficiency for all policies for a feedback delay of 12 s. 

the filter expectedly predicts an increasingly low value. On the contrary, on this specific time 
series, the RLS predictor can follow the average trend of the signal,  due to the adaptation of 
the filter taps and to the fact that it does not need the predicted signal to have stationary statis-
tics. However, instantaneous prediction can still be off the ground truth by 1 to 2 dB: in our 
case, this is expected not to play a major role, as the distance between the thresholds in the vec-
tor dB  introduced above is larger. The performance of the Kalman filter in Fig. 1(c) shows a 
similar behavior, with the exception of some overshoots in the long delay case. The reason is 
that the actual SNR evolution model is unknown, hence we have to resort to basic regularity 
assumptions, such as a fixed first-order derivative of the process. Hence, when the estimated 
variation of the signal is large (typically close to the limits of the prediction window, and in 
any event when the training signal becomes sparser due to undersampling), the Kalman filter 
predicts a significantly higher SNR with respect to the actual value (in some realizations, the 
overshoot can be even larger).  

We compare the throughput efficiency performance of the different policies in Figs. 2 and 3 
across different experiments, for a feedback delay of 1.2 s (1 feedback packet every data pack-
et) and 12 s (1 every 10), respectively. The policies introduced above are also compared 
against the perfect channel state information (CSI) case, where the SNR is known without error 
and therefore the chosen modulation always respects the BER constraints; a simple policy is 
also added which assumes the last known value of the SNR to be valid until new feedback ar-
rives (Hold). 
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Fig. 4.  Throughput efficiency for all policies as a function of the feedback delay. 

 
Fig. 5.  Outage probability for all policies as a function of the feedback delay. 

From the pictures above we observe first of all that even such a simple heuristic policy as 
the hysteresis predictor improves significantly over the Hold strategy: this result is due to the 
more conservative switching thresholds of the former, which avoid, e.g., having to hold a spec-
trally efficient modulation when the channel does not support it, while waiting for the next 
feedback packet to arrive. The LPF, RLS and Kalman predictors show even higher throughput, 
very close to that of the perfect CSI case. Actually, especially in the longer feedback delay case 
in Fig. 3, the Kalman filter shows a slightly higher throughput than with perfect CSI: this is due 
to the chosen SNR thresholds, which correspond to a BER of 

410

, and to the comparatively 
short packet length of 256 bits. In fact, with such parameters a transmission employing the 
wrong modulation has a chance to succeed. In this regard, it is interesting to compare the be-
havior of the Kalman and Markov predictors: since the latter chooses modulations conserva-
tively, with the objective to both maximize throughput and minimize the outage probability, 
the prediction results in QPSK being used almost always (with a throughput efficiency equal to 
2), even when a stronger modulation could be supported. 

We conclude the evaluation with Figs. 4 and 5, detailing a comparison of, respectively, 
throughput efficiency and outage probability as a function of the feedback delay. Fig. 4 con-
firms the behavior of the Kalman predictor observed previously, i.e., that increasing feedback 
delay leads to choosing the transmit modulation optimistically. Conversely, Fig. 5 confirms the 
capability of the Markov model to avoid outage events with high probability, as opposed to the 
Kalman predictor, whose number of outage events increases for increasing feedback delay. We 
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note that this is not necessarily due to the technique per se: part of the reason lies in the SNR 
evolution model, which does not reflect the behavior of the SNR as the time series is strongly 
subsampled in order to predict future SNR values. We also note that the LPF achieves an even 
lower outage probability, but recall that this result depends on the decreasing behavior of its 
SNR estimates as the feedback delay increases, see Fig. 1(a). 

5. CONCLUSIONS 

In this paper, we compared the performance of several prediction techniques applied to Var-
iable-Rate Modulation (VRM) schemes, in order to improve the throughput efficiency of the 
transmission and possibly decrease the probability of outage events, when a modulation 
scheme not supported by the current SNR is employed. Our schemes can be applied to the time 
series of the SNR estimated at the receiver, which are quite straightforward to collect from the 
preambles of the received packets. 

Our results showed that a simple Kalman predictor and a 5-tap RLS predictor perform quite 
well, and can achieve a throughput efficiency similar to that of the case of perfect channel state 
information at the transmitter. In case the optimization of the system throughput is given lower 
priority than the need to avoid outage events, the Markov model analyzed in this paper 
achieves very good results: this effect is due to its design, that limits the probability to choose a 
modulation not supported by the channel given the predicted SNR values. 
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Abstract:  
A technique for simulation and analysis of acoustic communication in realistic underwater 
environments is described. The technique employs time-domain hybrid ray-trace/plane wave mod-
elling of sound propagation in a fully 3D environment combined with communication signal 
processing algorithms for a SIMO (Single Input Multiple Output) channel. The sound propagation 
modeling accounts for effects of bulk attenuation, ambient noise, reverberation and ray path 
dependent doppler shifts caused by moving source, receivers or surface waves. The 
communication algorithms employ error-corrective encoding by adding redundancy into the 
messages, and apply channel estimation, equalization and decoding iteratively using soft decisions 
formulated in likelihood ratios for bit values.  
 
Examples of simulations of point-to-point communication scenarios used in the UAN10 field trials  
at Pianosa in the Mediterranean in September 2010 are presented and compared to experimental 
results.   
 
Keywords: Underwater communication, propagation modelling, simulation, turbo code, SIMO 
channel 
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1. INTRODUCTION 
 
A well known challenge for acoustic underwater communication systems is posed by the 
strong environmental effects on the transmitted signals, causing complications such as 
ambient noise, reverberation, frequency dependent transmission loss, and multiple 
propagation paths with individual time-variable doppler shifts from moving  source and 
receivers and a moving water medium. The net effect of the environment on 
communication performance is a function of several parameters including the bathymetry, 
the acoustic parameters of the medium, the positions and velocities of the emitter and 
receiver, the encoding and decoding schemes and the signal frequency and bandwidth, 
making quantitative prediction of the performance nontrivial. Simulation-based methods 
for such predictions are therefore valuable, for efficient operation of communication 
networks and for gaining insight in the limitations and the potential of underwater 
communication in complex shallow-water environments. 
   This paper describes techniques in a recently developed software called COMLAB for 
prediction of communication performance by simulation of point-to-point (P2P) 
communications in realistic underwater environments. For a given scenario, specified by 
parameters of  the environment, the positions and velocities of the transmitter and the 
receivers, and the communication signal processing schemes, COMLAB simulates the 
complete communication process and computes the incurred bit error rate (BER), 
interpretable as the probability of communication error. COMLAB is implemented as  a 
collection of Matlab® scripts and MEX-files for encoding, modulation, channel estimation 
and decoding by iterative turbo equalization [1], [2], [3], combined with the RAYLAB and 
REV3D models [4] for time-domain ray-trace/plane-wave modelling of propagation of the 
communication signals, and the MNOISE model [5] for superimposing ambient noise. The 
sound propagation and noise codes are stand-alone executables that are run controlled by  
Matlab® scripts for handling the data interface and for  distributing the computations 
among available processors when applicable.   
  A short overview of of the main components of the performance prediction method - the 
environmental model, the sound propagation and ambient noise models, and the 
communication signal processing is given in section 2. Section 3  presents results from 
predicted and experimentally observed communication performance at the P2P 
communication experiments at the UAN2010 trials at Pianosa in the Mediterranean in 
September 2010. Some comments and concluding remarks are given in section 4. 

 
2. PERFORMANCE PREDICTION METHOD 
 
2.1 Environmental model 
    The environment is modelled as a water layer above a seabed of a single layer of fluid 
or solid material. The geometry is three-dimensional, i.e. the water depth h may vary with 
the horizontal coordinates (x,y) and the sound speed c in water may vary with all three 
spatial coordinates (x,y,z). Similarly, the values at the seafloor of the elastic seabed 
parameters  ρ (density), cp (P-velocity), cs (S-velocity),  βp (P-absorption), βs (S-
absorption) may vary with (x,y). The input (measurement) data on these functions may be 
given at arbitrary spatial points. The data are processed by smoothing and interpolation 
combined with variance-reducing B-splines [6, ChXI] to obtain smooth representations of 
c, h and the seabed parameters as functions of the spatial coordinates. 
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2.2 Sound propagation and ambient noise  
   Two ray-trace based sound propagation models, REV3D and RAYLAB, are used. Both 
are based on time-domain propagation of the complex analytic signal and hybrid 
raytrace/planewave treatment of reflections at the bottom. The propagation can be 
modelled as restricted to a vertical plane or (for REV3D) full 3D  propagation. The models 
account for bulk attenuation, reverberation and ray path dependent doppler shifts caused 
by moving source, receiver or surface waves. Details on the sound propagation models 
may be found in [4], [7]. 
  The ambient noise mode MNOISE [5] is used to generate time-series of pseudo-random 
surface noise, rain-induced noise and ship noise with default spectra obtained from the 
literature [8], [9], [10] or alternatively user-specified by tables. 
 
2.3 Communication algorithms 
  The UW-com algorithms and software has developed at FOI since ca 2000 [1], [2], [3]. 
The algorithms handle a SIMO (Single Input Multiple Output) communication channel, 
i.e. a single transmitter and a receiver array, and employ error-corrective encoding by 
adding redundancy into the messages, and iterative turbo decoding using soft decisions 
formulated in likelihood ratios for bit values. 
  
2.3.1. Encoding 
The structure of the encoder is illustrated in the top diagram of Fig 1. The main steps are:  
- The message bitstream is divided into strings (codewords) of L bits, and each bit string is 
appended by CRC (Cyclic Redundancy Check) bits.  
- The codewords are rate 1/3 turbo encoded 
into code blocks (frames) of size 3*L by 
adding two redundant bits per bit and 
reordering the bits by interleaving. A 
training sequence of known bits is inserted 
ahead of each frame and after the last frame.  
- The bitstream is divided into groups with 
length Q or  bits and mapped into M-QAM 
complex symbols where M = 2Q is the length 
of the symbol alphabet. The symbols  are 
modulated by a root-raised cosine pulse and        
frequency shifted to the carrier frequency.  
              
2.3.2. Iterative turbo decoding 
The received message frames are decoded 
with an error correcting algorithm based on 
soft decisions, i.e. the bits  of the unknown 
message are represented by log likelihood 
ratios (LLR) which are initially zero, and 
then updated iteratively until a CRC test is 
passed. The structure of the decoding 
algorithm is shown in the bottom diagram of 
Fig. 1.                                                                                               

                                                                             

Figure 1. Block diagrams of  the encoder (top) 
and the iterative turbo decoder (bottom).  
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3. P2P COMMUNICATION AT THE UAN10 TRIALS 
 
3.1 Environment and source and receiver positions 
The left frame of Fig. 3 shows the bathymetry and the source and receiver positions at the 
site of the stationary-source P2P tests carried out on 2010-09-20 as part of the UAN2010 
trials. The figure covers a 2km x 2km area adjacent to the island Pianosa in the 
Mediterranean, with S1-S4, VA and PIER marking the four source positions, the position 
of the receiver array and location of a pier in the Little Harbour area on Pianosa. The water 
depth varies from ca 2 m at the pier to ca 58 m at the receiver. The right frame shows the 
sound speed profile used in the UW-com simulations, recorded at the receiver on Sept 23.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2. Left: Bathymetry and positions of the source (S1-S4) and receiver (VA). Right: 
Sound speed profile used for  UWcom modelling, recorded at  the receiver  2010-09-23.   

The seabed is modelled as a fluid with parameters density 1474 kg/m, sound speed 
1524 m/s, attenuation 0.11 db/ under a smooth (non-reverberant) seafloor. These values 
were obtained from matched field inversion analyses in which modelled bottom 
reflections of an LFM probe pulse in the frequency range 8-12 kHz were fitted to the data 
recorded by the receiver array [11].  
 
3.2. Source and encoding parameters, signal to nose ratio. 
The source at the P2P tests was the Portable Acoustic Source Unit (PASU) described in 
[12, p. 12], deployed at depth 10 m. The emitted signals were computer-generated random 
messages with the encoding parameters listed in table 1.  
 

source level  155 dB rel 1 µPa  
carrier frequecy  10 kHz   

symbol frequency  3.5 kHz   
modulation formats  04QAM, 16QAM, M32QAM,   

 M64QAM, 128QAM   
interleaver size  644 if 128QAM, else 640   

number of training symbols  255   
code rate  1/3   

number of frames in message  15   

Table 2. Source parameters and encoding formats for computer generated random messages used 
in the UAN2010 P2P trials. The net bitrates range from 1.78 kb/s (04QAM) to 4.05 kb/s 
(128QAM).  
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The experimentally observed signal to noise ratios at the receiver in the 10 kHz frequency 
band of the turbo-coded signals are reported in [13, Table 1.6, column C2]. They are 
quoted in Table 3 below.  
 
  
 
 
                     Table 3.  Signal to noise ratios at the receiver in the experimental data 
 
3.3 Predicted and experimental frame error rates 
For each source position the communication performance was predicted by simulations of 
ten cases, each case corresponding to one of the five modulation formats in Table 2 
combined with decoding using, respectively, all eight receivers and the top receiver only.  
For each case, independent transmissions of eight 15-frame long messages were simulated 
with the signal to noise ratio at the receiver adjusted to that  observed experimentally as 
shown in Table 1. Table 3 shows the frame error rates incurred at decoding the simulated 
transmissions 
 

 All 8 receivers  Top receiver only   
 S1  S2  S3  S4  S1  S2  S3  S4   

04QAM  0  0  0  0  0  0 16.2  0   
16QAM  0  0  0  0  0  78.7  2.5  0   

M32QAM  0  0  0  0  12.5  100  85.0  0   
M64QAM  0 0  0  0  100  100  100  0   
128QAM  1.2  20.0  18.8   0  100  100  100  100   

 
          Table 3: Predicted frame error rates, percent 
 

At the experiment, between five and eight ca 60 seconds long transmissions were sent 
from each of the four source positions. Each transmission was composed of a sequence of 
15 frame (ca 6 seconds) turbo-coded messages with the encoding parameters shown in 
Table 2. Table 3 shows the frame error rates in percent incurred when decoding the 
received experimental data, accumulated over all transmissions from the respective source 
locations.          
 

 All 8 receivers  Top receiver only   
 S1  S2  S3  S4  S1  S2  S3  S4   

04QAM  0  16.7  0  0  0  17.8 0  0   
16QAM  0  0  8.9  0  15.0  16.7  57.8  15.6   

M32QAM  3.3  0  24.4  0  49.2  70  95.6  47.8   
M64QAM  6.7  1.1  2.2  0  91.7  97.9  100  93.3   
128QAM  70  37.8  94.4  1.9  100  100  100  100   

 
                           Table 4: Experimentally obtained frame error rates, percent  
 
The predicted and the experimentally observed sets of (modulation, source position) 
combinations admitting error-free communication show a qualitatively similar dependence 
of (i) using single vs multiple receivers and (ii) modulation format. The simulation-
predicted number of such combinations is however larger than the experimentally 
observed, indicating influences from performance degrading effects not considered in the 

Source position S1 S2 S3 S4 
S/N, dB 17.8 20.6 9.3 25.3 
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modelling. Possible such effects are e.g. fine scale temporal variations in the 
environmental parameters or the background noise not accounted for, or variations of the 
signal quality between individual hydrophones in receiver array. 
 
4. COMMENTS AND CONCLUSIONS 
Time-domain simulation of the complete communication process is a generally applicable 
approach to analysis and prediction of the performance of underwater communication. By 
successively refined modelling of the complex, time-variable, environmental influences, 
this approach has the potential to provide increasingly accurate predictions in realistic 
environments, and is therefore likely to see an increasing use in the coming years.  
  The results of this first assessment of COMLAB against experimental data are promising 
and give valuable guidelines towards refinements of both the modelling and the 
communication signal processing methods. More extensive and systematic experimental 
validations of the methods will be pursued in coming work.  
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Abstract: Knowledge of geoacoustic properties of the seabed is needed for 
modelling of the underwater acoustic communication channel. In this paper a 
HFM (hyperbolic frequency modulation) probe signal in the frequency range 8-
12 kHz, which is sent ahead of the uw-com (underwater communication) 
message, is used to infer seafloor characteristics. Acoustic data were collected 
during a sea trial conducted by the joint European project UAN (Underwater 
Acoustic Network). The experiment took place in September 2010 off the west 
coast of Italy close to the island of Pianosa. Short distance (100-600 m) 
transmissions in shallow water depths (50 m) between both a towed and 
stationary source and a vertical hydrophone array were performed. The 
measurement geometry and the large signal bandwidth implied that the first 
arrivals could be recognized without overlap. The inversion for seabed 
parameters is based on a matched field technique in which modelled time-series 
of reflected amplitudes of just a few bottom bounces are fitted to measured data. 
Acoustic wave propagation is simulated by a ray model, while coherent and 
incoherent reflection at the water-seabed interface is modelled by the small slope 
approximation. Major parameters of the inversion are mean grain size and rms 
(root mean square) roughness height of the seafloor. Observed features of data 
and inversion results are presented. 
 

Keywords: roughness, mean grain size, coherent/incoherent scattering, small-
slope approximation  
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1. INTRODUCTION 

The capability to model IR (impulse response) of the acoustic channel is central 
to a model-based simulator for uw-com. This is a challenging task for several 
reasons. One is the imperfect knowledge of the sound speed profile, the 
movements of the sea surface, the heterogeneity of seabed impedance and the 
roughness. Another one is imprecise information on source-receiver positions and 
motions. In uw-com the complexity is compounded by the fact that the 
operational frequency is high and temporal and spatial scales of IR are 
comparable to those for the variability mentioned above. This paper is focused on 
modelling of acoustic bottom interaction at high frequency. The adopted strategy 
is to divide the bottom response into a coherent part and an incoherent part with a 
careful modelling of both contributions in the time domain. For the coherent part 
a ray-based propagation model is applied in the usual way except that an 
averaged reflection coefficient for plane wave incidence towards a random rough 
surface is applied. The incoherent part is represented by a cross section due to 
scattering from a random rough water/sediment interface. The bottom scattering 
model relies on the first-order small-slope approximation [1], which is suitable 
for both forward and backward scattering at all angles except very small grazing 
angles. The new model is used for geoacoustic inversion of uw-com data acquired 
at the Pianosa sea trial in the south Elba area in September 2010. The inversion is 
simplified to a bottom interaction model that depends on only two parameters, the 
mean grain size and the rms roughness height of the seafloor. 

The paper is organized as follows. A presentation of experimental data is given 
in Sec. 2. The propagation and reverberation models are described in Sec. 3. The 
inversion scheme and the results of an inversion example are given in Secs. 4 and 
5, respectively. Some conclusions are formulated in Sec. 6. 

2. EXPERIMENTAL DATA  

Data were acquired in a P2P (point-to-point) uw-com experiment conducted by 
the EU FP7 project UAN (Underwater Acoustic Network). The sea trial took 
place off the west coast of Italy at the island of Pianosa during September 7-25, 
2010. Short distance (50-600 m) P2P transmissions from both mobile and 
stationary sources were performed in shallow waters. The signals were received 
by a moored vertical line array (VLA). In this paper we consider transmissions 
from two stationary source positions referred to as S2 and S4, and receptions at 
hydrophones 4, 3, 5, 6, 1 and 7, which were submerged at increasing water depths 
at 30.9, 34.3, 35.9, 40.85, 42.35 and 44.30 m, respectively. The corresponding 
signals are referred to as SM-RN, M = source position, N = hydrophone no. The 
radial distances S2-RN and S4-RN were 312 and 513 m, respectively. The source 
was deployed from the research vessel Leonardo at a depth of 9 m. Fig. 1 shows 
the bathymetry along the radial distance S2-R7. Fig. 1 also includes ray paths of 
the direct arrival (D), the surface reflected arrival (S), and four arrivals with a 
single bottom bounce suitably labelled B, SB, BS and SBS. 

A variety of uw-com waveforms provided by the UAN consortium were 
stacked in a batch that was transmitted repeatedly. FOI signals were structured in 
a sequence with an HFM pulse in the front followed by a training sequence and 
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an uw-com message. The following analysis deals with the HFM pulse. The 
duration of the pulse was 250 ms during which the frequency was swept from 8 to 
12 kHz. 
 
 
 
 
 
 
 
 
 
 
 

Figure 1: Left: The bathymetry along the propagation path from station S2 to 
VLA including ray paths of the first six arrivals at R7. Right: the sound speed 

profile at the time of the experiment (Sept 20 2010). 
 

In preparation of data for inversion, the reception at each hydrophone is treated 
separately. After selection of 43 repetitive pings in time gaps of some 7 s and 
match filtering, the envelope signal was formed as the magnitude squared of the 
complex pressure time series. The D arrival of the envelope was identified and 
used for amplitude normalization and time adjustment. As a result, the amplitude 
of the direct wave was set to unity and its arrival time was aligned with the 
median of all arrival times of direct waves at that particular hydrophone. Finally, 
the arithmetic average of time aligned and normalized envelopes was formed. The 
average serves as the main entity that is subject to inversion later on. Fig. 2 shows 
43 envelope time traces at S2-R7 and their average in three time windows 
[−10,100] ms, [−1, 2] ms and [4,28] ms. 
 
 

 
 

Figure 2: Time traces of all 43 pings at S2-R7 and their average (solid black). 
The top frame shows the envelope signals in dB-scale in time interval [-10,70] 

ms, the middle frame shows merely the D and S arrivals, and the bottom frame is 
an expanded view of the B, SB, BS and SBS arrivals in time interval [4-28] ms. 

 
The most prominent feature is the D-arrival followed by the S-arrival after a 

delay of 1.35 ms. The amplitude and time variability of the S arrival is notable. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1097 -



 

The B-arrival is distinguished at delays of 5-7 ms, SB at 7-9 ms, BS at 17-19 
ms and SBS at 22-24 ms. On average their amplitudes are less than -17 dB. Four 
arrivals with exactly two bottom bounces are expected to appear in the time 
window 25-62 ms. They are apparently obscured by the background level (-35 
dB).  

3. MODELLING OF PROPAGATION AND REVERBERATION  

The magnitude of the reflection coefficient at plane wave incidence towards a 
rough surface is reduced compared to the flat case because of out-of-plane 
scattering. To a first approximation the complex amplitude Vc of a specularly 
reflected wave is given by 
 

    ,2

2p

iic eVV


   (1) 
p = 2 k0 h sin θi  (Rayleigh parameter) 
V(θi) = reflection coefficient at flat water/fluid sediment interface at grazing 

 angle θi 
h = rms roughness height of interface  
k0 = wave number of water. 
 
The reverberation contribution is usually quantified by a differential cross 

section. In this work we use the first-order small-slope approximation (SSA) [1], 
[2], which involves the covariance function for the bottom relief.  

Measurements of the spectral density W of the seafloor roughness are often 
well fitted to an isotropic power law 
 

W(kr) =   w2 / kr
2  , kr = (kx, ky) (2) 

w2 = spectral strength   [m4-γ2], 
γ2 = spectral exponent,    2 < γ2 < 4, 

K = kr = 22
yx kk     [m-1],   radial wave number of seafloor roughness where  

kx,ky are the horizontal components. 

In order to obtain a finite covariance of the relief function, the roughness 
spectrum is truncated at lower and upper bounds KL = 2π0.13 m-1 and KR = 2π130 
m-1. The imposed bounds cover three decades of scales of roughness wavelength 
from 8 mm to 8 m, which suffices for the frequency range of interest (8-12 kHz).  

For simplicity the spectral strength parameter γ2 will be held fixed using a 
typical value of γ2 = 3.25. The spectral strength parameter w2, which is typically 
of the order 10-4, is conveniently expressed in terms of rms roughness height h 
using the relation  

 

h2 = 2π w2 dKKK
KR

KL


 2
 (3) 

 
as obtained from an evaluation of the relief covariance function at zero offset [2]. 
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4. THE INVERSION SCHEME 

A ray trace model which includes both coherent and incoherent contributions of 
propagation and scattering was applied for inversion of two parameters, the mean 
grain size (Mz) and the rms roughness height (h). The use of Mz as a single 
descriptor of fluid sediment parameters (c,ρ,α) relies on empirical relationships 
obtained from the literature [2].  

The inversion is made in a time window that includes B, SB, BS and SBS rays 
only.  

The data/model mismatch is evaluated by the fitness function 
 

F(Mz,h) =   ),(1
1 1

mod
,, hMuu

MN z

M

i

N

j
ji

dat
ji

 

 ,      [dB] (4) 

where differences in dB of averaged data/model envelopes mod
,, / ji

dat
ji uu  are 

summed. The summation is over M hydrophones (indexed i) and N time samples 
(indexed j).  

The modelled time-series is made up by a sum of time traces of envelopes for 
propagation, reverberation and noise.  

5. EXAMPLE INVERSION 

The inversion technique outlined above will now be used to invert data for S2-R1 
and S2-R7. The minimization of the fitness function (4) was done over a uniform 
grid of 21x21 points in the space 
 

{(Mz,h),|  0 ≤ Mz ≤ 10, 0 ≤ h ≤ 10 cm} (5) 

by an exhaustive search. The best fitness with F =2.3 dB was obtained for Mz = 
9.0 (or c=1497m/s, ρ =1386 g/cm3, α=0.08 dB/λ), h=8.0cm. Fig. 3 shows a level 
plot of the fitness function over the search space (5). A data/model comparison of 
time traces based on simulations with inversion results are shown in Fig. 4. 
 

 
 

Figure 3: Level plot in dB of the fitness function as function of mean grain size Mz (-units) and 
rms roughness height h (cm). The minimum point is marked by a cross. 

It is evident from Fig. 3 that fitness improves by increasing the bottom 
roughness, which increases the reverberation and diminishes the coherent bottom 
reflections. The balance is governed by the Rayleigh parameter which increases 
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with bottom roughness in particular at large grazing angles. This might explain 
the poor fitness of BS and SBS arrivals as seen in the top frames of Fig. 4.  

Fitness of inversion with a flat bottom (h = 0 cm) is displayed at the bottom of 
Fig. 3. A model/data comparison in a case with a soft bottom is displayed in the 
bottom frame of Fig. 4. Here specular reflections are well reproduced, although 
the absence of reverberation leads to a large misfit in the time gaps between the 
specular reflections. 
 

 

Figure 4: Top and middle frames: time series in dB at S2-R4 and S2-R7 of 
measured data (black) and model data (red) based on simulation using the 

inversion result Mz=9.0  and h= 8 cm. Bottom frame: times series in dB at S2-
R7 of measured data (black) and model data (green) based on simulation with 

Mz=9.0  and a flat bottom (h = 0 cm). 

6. CONCLUSIONS 

 Observations of data reveal large ping to ping variations in arrival times 
(several ms) and amplitudes (several dB).  

 Care is needed to obtain the correct balance between propagation and 
reverberation contributions in the combined modelling.  
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Abstract: In 2007 the smallest sea ice extent in the Arctic Ocean ever recorded was 
observed, and 2011 could match or break this record.  The three smallest extents on 
record have occurred in the last four years.  Submarine measurements from 1957 to 2000 
and satellite measurements from 2003 to 2008 show a 65% reduction in multi-year ice 
extent and a 48% reduction in average sea ice thickness (3.64m to 1.89m) over the last 40 
years with over half of the total multi-year ice loss occurring in the last 10 years.  
Forecasts indicate that if these trends continue, the Arctic Ocean could be ice-free in the 
summer before the end of this century.  The waters of the Arctic Ocean have been 
warming since the early 1990s.  Average maximum temperatures of the Atlantic water 
(AW) in the Arctic Ocean have risen by more than 1°C. Expanded observational 
capabilities are needed to understand and better model and forecast this highly dynamic 
ocean-in-transition and the critical linkages between ocean, ice and atmosphere.  
Acoustic thermometry has been shown to be very effective for monitoring average heat 
content and average temperature of the AW in the Arctic Ocean.  Two experiments 
conducted in 1994 and 1999 measured the warming and demonstrated the feasibility of 
long-term observations.  Acoustic measurements combined with unmanned autonomous 
systems should be a key element of an integrated Arctic Ocean observing system.  
 

 

Keywords: Arctic, acoustic thermometry, heat content, ocean observing systems 
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1. INTRODUCTION 

The Arctic Ocean is in a state of transition.  In recent history until the early 1990s, the 
Arctic Ocean was characterized by a ubiquitous multi-year stable sea ice cover that in 
winter extended across the entire Arctic Ocean, well into the Fram Strait, Bearing Sea, and 
Barents Sea. The minimum extent in late summer and early fall still covered most of the 
Arctic Basin [1].  In 2007 the smallest sea ice extent in the Arctic Ocean ever recorded 
was observed.  In March of this year, the National Snow and Ice Data Center announced 
that the winter maximum sea ice extent for 2011 matched 2006 as the lowest recorded in 
the satellite record, 20% below the 1979-2000 average.  The three smallest extents on 
record have occurred in the last four years.  Submarine measurements from 1957 to 2000 
and satellite measurements from 2003 to 2008 show a 65% reduction in multi-year ice 
extent and a 48% reduction in average sea ice thickness (3.64m to 1.89m) over the last 40 
years, with over half of the total multi-year ice loss occurring in the last 10 years [2].  
Forecasts indicate that if these trends continue, the Arctic Ocean could be ice-free in the 
summer months by 2050.  

The loss of ice thickness and ice cover in the Arctic will have a profound affect on the 
propagation of sound.  Propagation loss and acoustic fluctuations are expected to decrease 
and increase respectively.  The magnitude and rate of these changes must be measured in 
situ.  Acoustic thermometry and tomography have been successfully demonstrated in 
high-latitude ice-covered waters including the central Arctic Ocean.  However, while 
current work is on-going in the Fram Strait as described below, there is no current work 
on-going in the Arctic Ocean itself, and the last experiments were conducted over a 
decade ago.  The changing conditions in the Arctic provide a unique opportunity to exploit 
the proven capability of acoustic thermometry and tomography to monitor integrated 
temperature, heat content and large-scale heat fluxes as the Arctic Ocean evolves from an 
ice-covered to a largely ice-free state. 

2. ARCTIC ACOUSTIC PROPAGATION AND THERMOMETRY 

The year-round cover of sea ice in the Arctic has been the dominant factor in the 
propagation of sound in that ocean since acoustic measurements were first made starting 
in 1958 by U.S. Navy Underwater Sound Laboratory (now Arctic Submarine Laboratory).  
The ice cover insulates the ocean from solar and atmospheric warming and cooling, 
creating and maintaining a very stable upward refracting sound speed profile.  Propagation 
loss in the arctic half-channel being bounded on the top by rough multi-year sea ice is 
dominated by the scattering and coupling of acoustic energy interacting with the ice cover 
that is highly frequency dependant, with losses increasing exponentially with frequency, 
creating a low-pass filter [1]. The very stable sound speed profile supports acoustic 
propagation with fluctuations in amplitude and phase that are orders of magnitude less 
than in the temperate oceans [1,3].   

In the Transarctic Acoustic Propagation (TAP) experiment in 1994, coherent acoustic 
waveforms were transmitted 2600 km across the Arctic Ocean basin (Fig. 1) for the first 
time. TAP tested the feasibility of applying acoustic thermometry to monitor the 
integrated temperature along the propagation path [4,5].  The calculations of transmission 
loss for the trans basin path that were made in planning for the experiment varied by 
several orders of magnitude depending on ice thickness and roughness assumptions and 
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Fig.1: The Transarctic Acoustic Propagation (TAP) experiment transmitted the first 
acoustic coherent coded waveforms across the Arctic Ocean from April 15-22, 1994.  The 
transmission path was 2,620 km from the TAP source ice camp north of Spitzbergen to the 
Office of Naval Research Sea Ice Mechanics Initiative (SIMI) ice camp in the Beaufort 
Sea.  These transmissions were also received in the Lincoln Sea north of Greenland, 1000 
km at the U.S./Canadian ice camp Narwhal. TAP established the feasibility of acoustic 
thermometry in the Arctic Ocean, and the measured travel times indicated an increase  of 
the average maximum temperature of the Atlantic Water (AW) of 0.4ºC when compared to 
1950-1989 climatology.  The Arctic Climate Observations using Underwater Sound 
(ACOUS) experiment established the first long-term acoustic thermometry time series in 
the Arctic Ocean.  Transmissions from a moored source in the Franz Victoria Strait 
between Spitzbergen and Franz Josef Land to a moored vertical line array in the Lincoln 
Sea, 1250 km, were completed from Oct. 15, 1998, through Dec. 8, 1999.  Analysis of 
these transmissions detected a warm intrusion of AW into the Arctic Ocean starting in 
May 1999 and continuing until the end of the record in December.  This was later 
confirmed by submarine measurements. The ACOUS transmissions of April 9 and 13, 
1999, were recorded at the APLIS ice camp in the Chukchi Sea 2,750 km from the source.  
The travel time measured indicated that the average maximum temperature of the AW had 
warmed an additional 0.5 ºC since the 1994 TAP measurement. 

TTAAPP  

SSIIMMII  
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the propagation models used.  A frequency of 20 Hz and a source level of 195 dB re 1μPa 
were determined to provide sufficient margin with the expected temporal and spatial 
processing gains.  In fact, the results showed our analysis was conservative.  There were 
four major findings of this experiment.  First, the feasibility of acoustic thermometry in 
the Arctic Ocean with sufficient post-processing signal-to-noise (SNR) (~30 dB) and 
travel time measurement accuracy was definitively demonstrated.  Second, the coupling of 
acoustic mode travel times to the major Arctic water masses, and in particular at 20 Hz 
mode 2 and 3 travel time with changes in the Atlantic Water (AW) temperature [1], was 
discovered.  AW (also referred to as Atlantic Intermediate Water and the Atlantic Layer) 
temperature and heat content is an important climatic variable as it measures the heat 
advected into the Arctic via the Fram Strait from the Atlantic Ocean and circulates 
throughout the Arctic (orange arrows in Fig. 1).  Third, optimal pulse compression gains 
were achieved with the transmitted maximal length sequences, and coherent integration 
times of the CW signals were limited only by the in-band SNR and not signal fluctuations 
(first discovered in 1981 [3] but at one-tenth the range).  Fourth, and unanticipated, the 
travel time measurements of mode 2 and 3 were faster than predicted by climatology, 
which indicated an increase in the average maximum temperature of the AW of 0.4ºC that 
was later confirmed by ice breaker- and submarine-measured CTD transects [5,6].   

TAP was a short-term experiment mounted on the pack ice from a drifting source camp 
north of Svalbard to receive arrays suspended from the ice in the Lincoln Sea and the 
Beaufort Sea with acoustic transmissions from April 15 to April 22.  The successful 
results of TAP lead to the Arctic Climate Observations using Underwater Sound 
(ACOUS) experiment conducted in 1998-1999 in which a new, autonomous, 20.5 Hz 195 
dB source (Fig. 2) was moored from the bottom at a depth of 60 m below the sea surface 
in the Franz Victoria Strait and transmitted to a bottom-moored vertical line array in the 
Lincoln Sea 1250 km away (Fig. 1).  The source transmitted 10 periods of a 255-bit 
maximal length sequence with each bit consisting of 10 cycles of the 20.5 Hz carrier 
frequency for a total duration of 20.7 minutes every four days.  Timing was synchronized 
to Global Positioning System (GPS) at installation and controlled by rubidium clocks in 
both the source and receive array.  The source transmitted successfully from October 11, 
1998, to Dec. 8, 1999.  The pulse-compressed 14-month time series of the modal arrivals 
was used to detect a warm influx of AW entering the Arctic Ocean [6,7].  In addition to 
the time series measured on the vertical array in the Lincoln Sea, two transmissions of the 
ACOUS source April 9 and 13, 1999, were recorded on a vertical line array suspended 
from the ice at the Applied Physics Laboratory Ice Camp (APLIS) in the Chukchi Sea.  
These data showed that the average maximum temperature of the AW had increased by an 
additional 0.5ºC since the 1994 TAP measurement, also consistent with submarine-
measured CTD transects [8]. 

From 1993 to 2001, submarine CTD transects across the Arctic Ocean were made as 
part of the Science Ice Exercises (SCICEX) program.  A team of scientists were deployed 
on the submarine for up to two months of comprehensive and unprecedented multi-
disciplinary Arctic Ocean research.  An excellent summary of the program and the science 
conducted can be found in Edwards and Coakley (2003) [9].  SCICEX CTD transects 
from 1995, 1998, 1999, and 2000 that were the most coincident with the transarctic 
acoustic sections of the TAP and ACOUS experiments and CTD data extracted from the 
Joint U.S./Russian Atlas of the Arctic Ocean [10] along the same transect (representing 
the climatology) were analysed.  Sound speed profiles were calculated from the measured  
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Fig.2: The ACOUS source was built at the Institute of Applied Physics in Nizhny-
Novgorod.  The source was 2.6 m in diameter and 1.4 m in width, weighing 5 tons in air 
and providing 195 dB (250 W) at 20 Hz with a Q of ~8 (2.5 Hz BW).  The source was 
successfully deployed on Oct. 11, 1998, by the ice breaker R/V Akademik Fyodorov in 
Franz Victoria Strait at the edge of the continental shelf in 440 m of water, moored up 
from the bottom to 60 m below the ice cover.  The source operated successfully, 
transmitting a 20.7-minute coded maximal length sequence every four days from Oct. 15, 
1998, to Dec. 8, 1999.  With the high SNRs realized in ACOUS and the lower propagation 
loss expected as result of the thinning ice cover in the Arctic Ocean, such custom sources 
may not be required for future tomography/thermometry work. (Photo taken by Russian 
ACOUS team)   
CTD data along the transects and used in acoustic propagation models to compute the 
corresponding travel times.  The AW temperature and heat content along the CTD 
sections were averaged between the 0.0ºC isotherms to yield a single average temperature 
and heat content of the AW for the Climatology and SCICEX 1995, 1998, 1999, and 
2000.  These were plotted against the corresponding computed acoustic travel times for 
modes 2 and 3.  The remarkable result was a linear correlation with a standard deviation 
from the best linear fit for the average section temperature and heat content of 9 mºC and 
7 x 1010 kJ/m ,respectively (two orders of magnitude less than the averages themselves), 
see Fig. 2 in [6].  This analysis confirmed the high correlation of acoustic modal travel 
times with the integrated temperature and heat content of the AW.   

These results, however, reflect the state of the Arctic Ocean over 10 years ago, when 
the last acoustic thermometry experiments and, in fact, the last long-range acoustic 
experiments were conducted in the Arctic Ocean.  With the dramatic changes in the ice 
cover over the last decade, it is clear that the characteristics of acoustic propagation have 
changed.  However, the nature, extent and rate of change of transmission loss and signal 
coherence, spatial and temporal, and coupling of acoustic modes and Arctic water masses 
is not known.  Modelling has been performed and estimates of transmission loss can be 
reasonably made; however, new in-situ multi-frequency and range measurements are 
needed. 
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3. FUTURE ACOUSTICS AND ARCTIC OCEAN OBSERVATIONS 

Acoustic thermometry can provide long-term monitoring of heat content and large-
scale fluxes in the Arctic Ocean as demonstrated by the TAP feasibility test and the 
ACOUS experiment.  In addition, the thermometry measurements can provide powerful 
integrative constraints for Arctic coupled atmosphere, ice, ocean models to better now-
cast and forecast this ocean in transition.  High-latitude under-ice acoustic thermometry 
and tomography have been successfully employed starting with the Greenland Sea 
Experiment in 1988-1989 [11].  The longest continuous high latitude observations with 
acoustic thermometry were carried out in the Labrador Sea Experiment monitoring deep 
convection from 1997 to 2003 [12].  Most recently in, 2008-2009, acoustic thermometry 
along a single path in the eastern Fram Strait was conducted as part of the DAMOCLES 
(Developing Arctic Modeling and Observing Capabilities for Long-Term Environmental 
Studies) research program [13]. This work is continuing as part of ACOBAR (Acoustic 
Technology for Observing the Interior of the Arctic Ocean) from 2010 to 2012, with three 
transceiver arrays in a triangular configuration and a single receive array in the center 
which will be presented by Hanne Sagen in this conference [14].  

  

 
Fig.3: A notional Arctic Ocean acoustic thermometry/tomography, tracking and 

communications network (left panel) and the existing ACOBAR and oceanographic 
mooring network in the Fram Strait (right panels). ATAM is an Acoustic Thermometry 
and Multipurpose mooring. Courtesy of Hanne Sagen. 

 
An acoustic thermometry observational system for the Arctic Ocean is shown in Fig. 3 

from the ACOBAR Web site http://acobar.nersc.no/, with the existing ACOBAR 
tomography array in the upper right of Fig. 3, which was installed and has been operating 
since September 2010, and the existing oceanographic moorings at 78º 50N are shown in 
the lower right of Fig. 3 that have been maintained by the Alfred Wegener Institute (AWI) 
and have been providing data on the West Spitzbergen Current inflow and East Greenland 
Current outflow with the Arctic since 1997.  ACOBAR also uses buoyancy gliders to 
provide higher spatial resolution and additional sampling to complement the tomography 
measurements and are navigated and tracked using 260 Hz RAFOS signals transmitted by 
the tomography sources. 
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The notional network of moorings (some cabled to shore) with acoustic sources and 
receivers shown in the left panel of Fig. 3 can provide a communications and navigation 
backbone for Arctic observations supporting navigation and tracking of floats and gliders 
and concomitant acoustic thermometry/tomography measurements as part of the 
autonomous platforms supporting the existing Arctic Observing Network (AON) [15,16].  
Cabled moorings exploiting the technology being developed and deployed under the 
National Science Foundation Ocean Observatories Initiative could provide power and 
real-time communications at critical points within the basin network for regional and 
smaller scale, real-time observational capability and unmanned vehicle recharging and 
data transfer.  The European Sea Floor Observatory Network (ESONET) is considering 
cabling the existing bottom-mounted/moored deep-sea observatory “Hausgarten” 
established by AWI and located in the Fram Strait in the same area as ACOBAR. 

With the loss of significant ice and corresponding thinning and less roughness in the 
central Arctic, preliminary calculations show that off-the-shelf sources at ~50 Hz with the 
expected pulse compression gains based on the TAP/ACOUS results can achieve the 
longest ranges shown in the notional grid.  The large, high-powered, 20 Hz, custom built 
sources needed for TAP/ACOUS (Fig. 2) will most likely not be required.  However, new 
measurements must be made in the Arctic to calibrate our propagation models and verify 
the signal processing and array processing gains that can be achieved.  The Arctic Ocean 
is undergoing dramatic change.  Acoustic thermometry/tomography can provide sustained 
long-term observations from basin to regional scale to observe and inform this change.   
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Abstract:  

For the first time, a multipurpose acoustic system has been deployed in a Marginal Ice 
Zone (MIZ) to serve acoustic tomography, navigation of gliders, tracking of floats and 
passive acoustics. A triangle of acoustic transceivers and a vertical receiver array in the 
centre were deployed in Fram Strait during summer 2010 and will be recovered in 2012. The 
system provides acoustic travel time measurements along six sections for direct assimilation 
into ocean models and for tomographic inversions. Gliders, equipped with acoustic receivers 
and software for acoustic navigation, will use the acoustic signals to perform under ice 
surveys during summer/autumn 2011. Furthermore, ambient noise measurements from five 
vertical arrays will be used to detect and study the sounds from marine mammals and sea ice 
dynamics. The system will be used to observe ocean temperature and currents, and points 
towards the future development of acoustic multipurpose systems for the Arctic Ocean. 

Keywords: Arctic, Fram Strait, acoustic tomography, ambient noise, glider navigation 
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1. INTRODUCTION  

The Fram Strait is a key location to study the impact of the Arctic Ocean on global climate 
change. The Fram Strait, with a sill depth of 2600 m and a width of nearly 400 km, is the 
only deep connection where exchanges of intermediate and deep waters take place between 
the North Atlantic and the Arctic Ocean. On the eastern side of the Strait, the northbound 
West Spitsbergen Current transports Atlantic water into the Arctic Ocean, whereas on the 
western side the southbound East Greenland Current transports sea ice and polar water from 
the Arctic Ocean to the Nordic Seas and the Atlantic Ocean.  

Since 1997 an array of 16–18 oceanographic moorings has been maintained in the 
northern Fram Strait at 78°50’N, covering the Strait between the east Greenland shelf and the 
shelf slope west of Svalbard. It is logistically and economically demanding to maintain the 
moored array, which also suffers from limitations in spatial resolution and in real time 
capability [1]. Our goal is to improve the accuracy of the heat, mass and freshwater transport 
estimates through the Fram Strait using an innovative and cost efficient four-dimensional data 
and model system combining acoustic travel time measurements and ocean data from gliders 
and moorings with high resolution ice-ocean modelling through data assimilation. A partial 
implementation of the ocean-acoustic system components was initiated within EU 
DAMOCLES (2005–2010) [2].  

Under the EU ACOBAR (2008–2012) project the separate moored arrays have evolved 
and merged into the multidisciplinary integrated Fram Strait Observatory. The system 
consists of oceanographic moorings, acoustic tomography transceivers and a long vertical 
receiving array, passive listening systems, RAFOS sound sources, gliders and floats (see 
http://acobar.nersc.no ).  

This paper focuses on describing the technical details of the Fram Strait acoustic system, 
the ongoing and planned exploitation of the system, and the role of such multipurpose 
acoustic systems in the future Arctic Ocean Observing System. 

2. THE FRAM STRAIT ACOUSTIC SYSTEM 

2.1. The Fram Strait acoustic experiments 

The first steps towards an integrated data and model system in the Fram Strait, combining 
high-resolution ice-ocean models (3.5 km horizontal resolution) and ocean acoustic 
tomography, were taken under the DAMOCLES EU/FP6 project (2005–2010, 
http://www.damocles-eu.org/). A single-track acoustic thermometry experiment was carried 
out in the Fram Strait during 2008–2009. Broadband acoustic signals (190–290 Hz) were 
transmitted every three hours for a year, and the signals were received 130.010 km away on a 
700-m-long vertical array with eight hydrophones spaced 96 m apart.  

The single-track acoustic experiment was followed by implementation of a multipurpose 
acoustic network in the Fram Strait for tomography, ambient noise, and glider navigation 
(http://acobar.nersc.no, [2], [3]). The network was deployed in August/September 2010 from 
R/V Håkon Mosby and the Norwegian Coast Guard ship K/V Svalbard. Three tomographic 
transceivers (A, B, C) and one central receiver (D) are configured as shown in Fig. 1. Two of 
the tomography moorings, B and C, are positioned in the MIZ and frequently covered with 
ice. Those two moorings will be recovered after two years during summer 2012. The source 
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near Svalbard (A) and the receiver mooring (D) will be recovered and redeployed after 
replacing batteries during September 2011. Two 260-Hz RAFOS sources are also integrated 
into the acoustic network (Fig. 1). The RAFOS sources will also be recovered in 2011 for 
replacement of batteries.  

During the experiment, the tomography sources transmit 60-s-long linear frequency 
modulated (LFM) signals sweeping from about 200 Hz to 300 Hz. The LFM signals are 
transmitted every three hours in a cycle involving each of the three sources, every other day. 
The tomographic signals from the different sources are separated in time by seven minutes 
and are also distinguished by slightly different start and end frequencies for each source. The 
“triangle experiment” configuration provides two-way acoustic travel times along the three 
sides of the triangle and one-way transmissions between each of the transceivers and the 
vertical receiving array in the center. 

In addition, the tomography sources are programmed to transmit standard narrowband 
RAFOS signals for glider navigation, sweeping linearly from 259.375 Hz to 260.898 Hz in 
80 s. RAFOS signals are transmitted by the three tomography sources and the two RAFOS 
sources every day during fall 2010 and fall through winter 2011–2012 to accommodate glider 
operations. The RAFOS signals are transmitted in cycles involving each acoustic source 
separated by 30 minutes every six hours. 

All sources were confirmed to be working at the end of the K/V Svalbard deployment 
cruise in 2010. Source signals (both RAFOS and tomography) were received on several 
sonobuoys during a mission on 4 October with P3 aircraft from the Norwegian Air Force. 
RAFOS signals were also heard around 1000 km away by the acoustic floats in Lofoten 
Basin (H. Søyland, 2010). 

2.2. Acoustic receivers. 

The experiment schedules for the tomographic transceivers and vertical receiving array are 
controlled by the Simple Tomographic Acoustic Receiver (STAR) technology, which was 
developed at Scripps Institution of Oceanography. The standard STAR technology provides a 
precise clock, using a two-oscillator system (MCXO plus Rubidium). This time keeping 
system provides a precision/stability better than 3 ms over a year. Furthermore, the STAR 
system together with four acoustic transponders surrounding each mooring location provide a 
long-baseline acoustic navigation system to measure the position of the control unit with an 
accuracy of about 1 m.  The four transponders are deployed 1–2 km away from the anchor 
position of each mooring, with the distance depending on the height of the navigation 
transducer on the mooring above the sea floor. A standard STAR comes in a pressure case 
containing the electronics and lithium batteries.  

The standard STAR electronics supports four hydrophones, each with a separate cable; the 
length of each cable cannot exceed 300 m. In the vertical arrays integrated with the sources, 
the hydrophones are spaced by 9 m (1.5 wavelengths at 250 Hz) to be able to measure both 
arrival time and arrival angle through array processing. In the standalone receiver mooring in 
the center of the triangle, a 686-m long, 8-element vertical receiver array is formed using two 
STARs, with the hydrophones for each STAR 96 m apart. The upper STAR instrument is at 
300 m, and the first hydrophone is positioned 7 m below the STAR navigation transducer. 
The hydrophones are at 307 m, 403 m, 499 m, 595 m, 691 m, 787 m, 883 m, and 979 m.  

More recently, a flexible Distributed Vertical Line Array (DVLA) receiver has been 
developed at Scripps Institution of Oceanography (Worcester et al., 2009). The DVLA is 
constructed of subarrays, each of which can be up to 1000 m long and include up to 99 
hydrophone/logger systems freely distributed along the mooring wire. An inductive modem is 
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used to send commands and synchronization signals from a central controller to the 
individual hydrophone/logger systems over the mooring wire. This development provides a 
new capability to map the arrival time structure as a function of depth, to use spatial filtering 
to separate the acoustic field into normal modes, and to implement advanced beam forming 
techniques.  

2.3. Acoustic sources  

The organ pipe sources used in ACOBAR/DAMOCLES are commercially available from 
Teledyne Webb Research Corporation, USA [4]. The sources produce broadband frequency 
modulated (FM) signals, sweeping over approximately 200–300 Hz.  The source level and 
duration of the transmissions are easily adjustable. The source can also be programmed to 
produce CW signals at selected frequencies or standard RAFOS signals. On axis, the 
maximum source level is close to 190 dB re 1 Pa at 1 m. To obtain accurate clock and 
positioning of the source in the water column, the sound source is integrated with STAR 
electronics in as single pressure housing. The sound source is generally rated down to 2000 
m, but can be rated to deeper depths on request.  
 

 

Fig. 1: The upper panel shows an 

ASAR image. The grey/white 

areas correspond to sea ice, while 

the darker areas are open water. 

The image shows a very dynamic 

MIZ, and in particular a vortex 

pair under development.  

Superimposed on the ASAR image 

we have mapped the transceiver 

moorings (labelled A, B, C), 

receiver mooring (D), two RAFOS 

sources (labelled FSQ1-2), and 

oceanographic moorings (white 

dots). An oceanographic profiler 

(MMP) is located near transceiver 

mooring A.  

 

The lower panel shows moorings 

overlaid on the temperature 

distribution in Fram Strait. Red 

colouring indicates warm Atlantic 

water and blue depicts cold Arctic 

waters.  
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2.4. Passive acoustic system 

The 700-m-long vertical hydrophone array in the middle of the triangle (D) and the 250-
Hz vertical arrays attached to each of the three acoustic sweeper sources (A, B, C) provide 
not only acoustic travel time measurements, but also ambient noise data sampled at 1000 Hz. 
Each of the transceivers records 2*100 s every three hours every day, and the receiver array 
records 3*100 s every three hours every day. These data will provide spatial coverage of 
ambient noise in the Fram Strait MIZ through different environmental conditions at daily and 
seasonal time scales.  

An autonomous acoustic recording system developed by NAXYS AS is integrated into the 
northernmost mooring (C) at a depth of 350 m. The system is designed to monitor acoustic 
emissions in the low- to medium-frequency range, spanning from ~1 Hz to 6250 Hz. This system 
has a 2-m-long, four-channel vertical hydrophone array and is programmed to record for five 
minutes every hour for two years.  

3. EXPLOITATION OF THE FRAM STRAIT OCEAN ACOUSTIC SYSTEM  

There is a significant lack of ocean data from the Arctic regions. Acoustic 
thermometry/tomography systems are particularly well suited for observing the interior of the 
Arctic Ocean environment. This has been demonstrated through previous successful 
experiments, in particular the Greenland Sea Experiment in 1988–1989 [5], the 6-year-long 
Labrador Sea experiment [6], the Transarctic Acoustic Propagation (TAP) Experiment [7], 
and the 14-month-long ACOUS experiment [8].  

3.1. Acoustic monitoring  

The Fram Strait single-track acoustic experiment was successfully carried out during 
2008–2009 in the Fram Strait under the DAMOCLES project [2]. Data from each of the 
hydrophones has been collected, quality checked, and pre-processed [9], which involves 
detection of arrivals and correction for mooring motion and clock drift. After pre-processing, 
the data has been used for inversion [10] and ocean model validation [9].  

The ultimate use of acoustic travel time measurements or acoustically derived parameters 

is to integrate them with ocean circulation models through data assimilation techniques. 

Acoustic travel times are currently being used for testing of assimilation into ocean models 
under the ongoing ACOBAR project using the EnKF formulation (http://acobar.nersc.no; 
[2]). Assimilation of acoustic travel times from six tracks into the TOPAZ system 
(http://topaz.nersc.no) is the goal of ACOBAR.  

3.2. Acoustic underwater “GPS” system. 

Gliders and floats have become popular and important platforms for oceanographic data 
collection. Gliders are remotely steered by an operator via satellite communication and have 
operated for up to nine months in temperate waters, while floats drift passively with the 
current for 2–4 years. Profiling Argo floats and gliders provide their position and data when 
they surface. However, in ice-covered areas gliders and profiling floats cannot rise to the 
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surface to use satellite-based navigation (GPS) and data telemetry via IRIDIUM and 
ARGOS.  For the Arctic, it is therefore necessary to develop acoustic navigation and 
telemetry systems for gliders similar to the tracking system of RAFOS floats [11].  

Narrowband acoustic signals (RAFOS) have been used for several decades for tracking of 
non-profiling RAFOS floats, with travel time residuals of up to 2–3 s, causing inaccuracies of 
the order of kilometres in the localization. Under-ice navigation capability has been 
developed by APL-UW for the Seaglider. The first under-ice operation of a glider using 780-
Hz narrowband RAFOS sources was done in the Davis Strait in 2008 [12]. Using this 
experience, the first trials of acoustically navigated gliders in Fram Strait are planned for 
summer 2011, exploiting the multipurpose acoustic network installed in the Fram Strait. 

Multipurpose acoustic networks provide 100-Hz bandwidth signals for tomography, which 
can also be used for improved long-range acoustic navigation [13]. The position accuracy of 
floats and gliders can be improved from the order of kilometres using RAFOS signals to the 
order of 100 meters using broadband acoustic tomography signals.  

3.3. Passive acoustic systems. 

There is no permanent operational systems for passive acoustics in the Arctic basin, but 
several scientific systems have been deployed for limited time periods, in particular during 
the 1980s and 1990s. The seasonal variation and impact of tidal currents on ambient noise in 
the Barents Sea was studied in a 1-year-long experiment (1992–1993) by NDRE and NERSC 
[14]. More recently, in 2008, two passive recording systems were deployed in Fram Strait in 
order to monitor marine mammals and anthropogenic sound (personal communication, S. 
Moore, 2009).  

Data from the Fram Strait acoustic system will provide benchmark information over a 
period of two years on ambient noise levels in the region, including noise generated by sea 
ice, seismic and other anthropogenic sounds, and the vocalizations of marine mammals in this 
remote area. One purpose is to analyze the ambient noise generated by dynamic processes in 
the ice, with particular focus on the period of waves in ice [15] and seasonal changes in sea 
ice dynamics. 

4. ACOUSTIC MULTIPURPOSE SYSTEMS IN THE ARCTIC 

An acoustic network can measure acoustic travel times to derive heat content and mean 
circulation on regional or basin scales in minutes or hours, respectively, and provide 
information about ice dynamics, earthquakes, and marine mammals through passive listening.  
Furthermore, the same network of acoustic sources forms an underwater “GPS” system 
providing the navigation and timing needed by gliders and floats under the ice in the Arctic. 
Gliders and floats provide oceanographic fields at a high resolution in space, complementing 
the high temporal resolution, horizontally-averaged acoustic measurements. In this way, 
acoustic infrastructure and measurements can contribute to fill the significant gap in ocean 
observations in the Arctic, including the marginal ice zones. It is therefore cost effective to 
develop and implement an acoustic multipurpose system in the Arctic [16].  

A major challenge is to provide a real time capability for observing systems in the Arctic. 
In the interior Arctic, drifting local acoustic networks (<100 km) consisting of ice-tethered 
platforms (Lagrangian) with surface units can provide data in real time. In areas with drifting 
and dynamic sea ice processes, as in the Marginal Ice Zones, the best solution is underwater 
moorings, floats, and underwater vehicles. However, underwater moorings, of any kind, in 
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the Arctic have a major problem in achieving real time capability, as they cannot be attached 
to surface units placed on a drifting ice floe. Acoustic communication can be used for small 
amounts of data, but the changing environmental conditions in the MIZ put severe limits on 
the transfer capabilities.  

The best solution would be to have a cabled system, integrated with mobile autonomous 
systems capable of navigating and communicating under ice. A cabled acoustic network 
consisting of a modest number of moorings in the Arctic would be a robust and manageable 
observing system. This would provide basin-wide measurements in real time and year round. 
Providing continuous data availability in fixed critical locations, the cabled network could 
observe episodic events such as eddies or the passage/influx of warm or cool water masses 
when they happen to permit researchers to deploy/redeploy/direct other assets such gliders, 
unmanned systems, ice-tethered or moored platforms to monitor, track, analyze and study the 
event. It is not a technological problem to integrate acoustic sources and receivers into a 
cabled network. The issue is more one of economics. 

5. RECOMMENDATION 

Implementation of cabled systems in the Arctic can only be developed through 
international collaboration. To proceed towards an operational acoustic network in the 
interior Arctic, co-ordinated actions involving multiple disciplines are required. The 
international ANCHOR (Acoustic Navigation and Communication for High-Latitude Ocean) 
group of experts was established to coordinate interoperable acoustic infrastructure in the 
high Arctic [11]. European efforts to establish an acoustic network infrastructure covering the 
Arctic have to be coordinated with Russian, Canadian and U.S. initiatives and interest. 
Actions to establish an international network are in progress both on European and U.S. side. 
The Svalbard Integrated Observing System can offer opportunities to develop a system in the 
European sector of the Arctic. 

An environmental assessment report has been developed for the ACOBAR project (see 
http://acobar.nersc.no for a summary). A final environmental assessment will also include the 
interior Arctic. 
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Abstract: Navigation and telemetry for AUVs operating in the Arctic currently rely on GPS 
and satellite communications that are poorly suited for polar areas where partial or complete 
ice cover restricts or makes hazardous access to the sea surface. Although the data rate of 
long range acoustic communications is much less than satellite communications, and the 
precision of acoustical navigation is less than GPS, underwater acoustic systems are the only 
way to provide geo-location and telemetry in ice-covered regions. We propose that 
broadband sound sources with precision clocks can provide underwater navigation in the 
Arctic, with frequency and signals selected for the ranges of interest, which span tens to 
thousands of kilometres. 

Approaches considered here for broadband sources include mechanically swept tube 
resonators, single-tube organ pipes and multi-tube organ pipe resonators. The mechanically 
swept device is excellent for frequency-modulated sweeps supporting tomography, while the 
non-swept tubes allow transmission of arbitrary waveforms within their bandwidth. Initial 
experiments in the Fram Strait in 2010 have shown the utility of the single-tube source for 
transmitting long-range communications and navigation signals. 
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1.  INTRODUCTION 
 

Gliders and long range AUVs could provide persistent, high-resolution, basin-wide 
sampling in ice-covered regions [1,2]. However, navigation and telemetry for these platforms 
relies on satellite positioning (GPS) and communications (Iridium, ARGOS) that are poorly 
suited for areas, where partial or complete ice cover restricts access to the sea surface. 
Underwater acoustic systems are the best way to provide navigation and communications in 
ice-covered regions and allow the research community to employ AUV and gliders to address 
wide range of actual problems in Arctic research. 

The acoustic solutions for basin- and region-scale tomography and communications 
require low-frequency and reliable broadband deepwater sound transmitters. The existing 
underwater navigation systems are based on the traditional 260 Hz and 780 Hz RAFOS 
narrow band organ-pipe sound sources with temperature-compensated quartz clocks. Such 
systems appear less reliable for under-ice use than desired [3,4]. 

A powerful, broadband 100 Hz swept frequency sound source with high precision 
Rubidium or Caesium atomic clock can increase precision and range of underwater 
navigation. Such sound sources have 10 years of continued refinement and use at sea. They 
are currently used for Philippine Sea ocean acoustic tomography experiments and in the 
FRAM Strait ACOBAR system for tomography and glider navigation. The tuneable organ 
pipe transducers are very broadband and efficient but have limitations for transmitting 
arbitrary waveforms. 

To transmit arbitrary broadband signals resonant or doubly-resonant broadband organ-
pipes are proposed for long-range underwater communications. The doubly-resonant sound 
source can increase navigational accuracy by up to ten times over standard RAFOS because 
of the additional bandwidth.  

Frequencies below 50 Hz are recommended for ranges more than one thousand kilometres 
in under-ice propagation conditions in order to reduce scattering loss from surface ice. Organ-
pipe transducers have limited use at low frequencies because they are enormously large and 
heavy and very difficult to deploy from the ice surface. Another approach for very low 
frequencies is being explored using an underwater air bubble resonator. The bubble source 
can be reasonably low cost and operate at a frequency range 10-50 Hz, which is perfect for 
long range Arctic navigation and communications. 

The organization of the paper is as follows. In Sec. 2 different sound sources designed at 
Teledyne Inc. and Woods Hole Oceanographic Institution suitable for an advanced under-ice 
long-range navigation, communications and tomography are considered. In Sec. 3 new results 
of experimental testing of the long-range, under-ice, underwater navigation and 
communications for glider operations are discussed. Summary and conclusions are given in 
Sec. 4. 
 
 
2.  LOW-FREQUENCY DEEP-WATER ACOUSTIC SOUND SOURCES 
 
 
2.1  The frequency swept tuneable organ pipe 
 

The tuneable organ-pipe is a highly efficient frequency-controlled broadband and 
deepwater sound source designed specifically for ocean acoustic tomography, which requires 
low-frequency signals covering a broad frequency band [5,6]. The required spectral width is 
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achieved by transmitting a linear frequency-modulated signal and simultaneously tuning the 
resonance frequency, keeping the sound source in resonance at the instantaneous frequency of 
the signal being transmitted. Such sound sources find applications in ocean-acoustic 
tomography and long-range underwater navigation. Mathematical analysis and numerical 
simulation show the tuneable resonator's ability to quickly adjust its resonant frequency to the 
instantaneous frequency signal. The concept of fast frequency adjustment is considered in [5]. 

The projector transmits a frequency sweep by mechanically tuning a resonator tube (or 
organ pipe) to match the frequency and phase of a reference signal. The resonant tube 
projector consists of a symmetrical pressure-balanced Tonpilz driver placed between two 
coaxially mounted tubes. The Tonpilz acoustical driver is composed of two pistons separated 
by preloaded ceramic stacks. The resonant tube is a simple, efficient, narrow-band, medium-
output projector that operates at any ocean depth. Both projector tubes have slots (or vents), 
which are progressively covered or uncovered by sliding coaxial tubular sleeves. The 
frequency varies with the sleeve position. A computer-controlled electromechanical actuator 
moves the cylindrical sleeves along the tubes, keeping the projector in resonance at the 
instantaneous frequency of a swept frequency signal. During normal tomography 
transmissions the actuator smoothly tunes the frequency of the resonator tube from 200 to 
300 Hz during a 135-s transmission. The duration of the signal can vary from a fraction of 
second to a few hundred seconds. A computer synthesizes the linear frequency-modulated 
signal; compares the phase between transmitted and reference signals; and, using a phase-
lock loop (PLL) system, keeps the resonator tube frequency in resonance with the driver 
frequency. The estimated PLL precision is better than 3 degrees of phase error. 

The projector prototype was first tested in the Pacific Ocean in 2001, and has been since 
employed in many ocean acoustic tomography experiments. 
 
 
2.2  Single-resonance pipe source 
 

A simpler, but narrower band, low-frequency source can be easily fabricated using a 
lightweight tube driven by a conventional ceramic. The organ-pipe resonator source is a low-
cost way to generate signals of modest bandwidth at frequencies of approximately 700-1000 
Hz. Several sources have been constructed using carbon-fiber tubes. While the bandwidth of 
the sources is 20 Hz, signals with approximately double that bandwidth can be successfully 
transmitted if -6 dB loss at the band edge can be tolerated. 

The table below summarizes the specifications for a recent source used for acoustic 
communications and navigation testing in the Arctic, which will be discussed in Section 3. 
 

Table 1: Tube Source Characteristics 
Resonant Frequency 694 Hz 
Bandwidth 20 Hz 
Weight in Water 6.75 kg 
Carbon Fiber Tube 
Dimensions 

20.4 cm diameter 
47 cm length 
4 mm wall thickness 

SPL 186 re 1 micro-Pascal at 1 m 
Efficiency > 50% 
Directivity Gain 3 dB 
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2.3  The doubly resonant organ pipe 
 

The tuneable organ pipe transducers have limitations when used for arbitrary waveforms. 
They can only transmit frequency-modulated signals. When the single-resonance organ-pipes 
do not provide sufficient bandwidth, a doubly-resonant organ pipe provides transmission of 
arbitrary waveforms over a much wider frequency band. As with the single-resonance pipes, 
the sources can be used at all depths and are efficient and very light if built from composites. 

The doubly-resonant organ pipes comprise an inner resonator tube with thin walls tuned to 
a certain frequency surrounded by a larger-diameter tube. The projector is driven by a 
monopole acoustic source attached by shock-mounts inside the inner resonator. These 
resonating tubes are open on both ends and typically made of aluminium or carbon-fiber. The 
inner tube typically has much thinner walls to allow the sound pressure to spread into the 
outer tube. The tubes are asymmetrically shifted along the main axis and sound pressure can 
penetrate from the internal pipe though the area under the shifted external pipe into that 
external pipe and back. By changing the length of the shifted area the coupling coefficient of 
two resonators can be regulated to achieve the desired bandwidth. The resulting resonant 
frequency is proportional to the pipe length. The radiated power from the resonators is 
proportional to the area of the orifices and the square of the propagated frequencies. To 
achieve a symmetrical frequency response the radiated power from both resonators should be 
approximately equal. The system can be expanded to the multi-resonance, multi-frequency 
case with multiple coaxial pipes coupled through the shifted areas. 

The doubly-resonant sound source was tested in water at the Woods Hole Oceanographic 
Institution and exhibited a high electro-acoustical efficiency and a high power output over a 
large operating band. The WHOI patent is pending. 
 

       
 

Fig. 1:  Internal structure of dual resonance sounds source, and experimentally measured 
conductance, real and imaginary parts. 

 
 
2.4  The gas-filled bubble sound source 
 

The low frequency of the tuneable-resonance organ pipe approaches a practical minimum 
at approximately 70 Hz. Further decreasing the frequency is complicated: the diameter of a 
100 Hz organ pipe must be larger than 1 meter and pipe length larger than 8 meters. 

The resonator can be much smaller and lighter if based on an underwater air balloon or 
bubble [7,8]. The bubble projector has several distinct advantages. The radiated impedance, 
as reflected to the driver, is larger than for a direct radiator, which implies that the radiated 
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power and the electro-acoustical efficiency are increased. The driver for the bubble projector 
must supply greater blocked pressure and reduced volume displacement than the direct 
emitter when both are operating at the same radiated power. Although the first feasibility 
experiment conducted by C. Sims with the electro-dynamic or variable-reluctance driver-
speaker showed disappointing 3-5% efficiency, there is no specific physical limitation for the 
efficiency. The bubble transducer has potential for efficiencies of up to 30-40%. An updated 
approach to the implementation may provide these higher efficiencies. Representative 
dimensions for a bubble sound source are shown in Fig. 2. The project is currently in a 
research and development phase, the Teledyne patent is pending. 
 

 
Fig. 2: Tuneable organ-pipe and gas-filled bubble sound source dimension comparison. 

 
 
3.  EXPERIMENTAL RESULTS 
 

The source described in Table 1 above was tested during a cruise organized by NERSC 
(Norway) as part of the ACOBAR program in the Fram Strait aboard the Norwegian ice 
breaker, the K/V Svalbard. The experiment was conducted in September 2010, with a small 
four-channel receiving array and digital recorder deployed at 79N26, 000W20. The vessel 
transited away, stopping at 10 km intervals to lower the source and transmit test signals. 
Ranges from 10 to 100 km were tested. 

While there were many open leads, the ice cover was relatively complete, so that the path 
between source and receiver is approximately 80-90% covered by broken ice flows of various 
sizes as shown in Fig. 3. 
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Fig. 3: Typical ice conditions along the source-receiver path. 
 

The sound-speed profile (Fig. 4) provided a relatively strong duct between 20 and 180 m 
and thus the receiver was deployed at 75 m, and the source at 100 m. Propagation models for 
this environment indicate that both surface-ducted and deeper refracted rays should be 
present, with the deeper rays refracting between 400 and 500 m. 

The results obtained during the experiment were quite favourable. Signals were easily 
observed (positive SNR in spectrograms) to 90 km, indicating that longer ranges would be 
possible, depending upon the processing gain of the signals. Both coded BPSK signals and 
FM sweeps were transmitted. The BPSK signals had an uncoded rate of 12 bps that was 
successful to 40 km using a single hydrophone (Fig. 5), and to 80 km when 4 hydrophones 
were utilized with a multi-channel decision-feedback equalizer. At ranges past 80 km 
additional coding gain is necessary, and the estimated data rate using all 4 hydrophones at 90 
km is 6 bps. 

The FM sweeps that were transmitted had lengths of 10-60 seconds and bandwidths of 12 
or 24 Hz. Ten second long signals with 12 Hz were matched-filtered at the 90 km range and 
provided an output SNR of approximately 10 dB. Longer signals provided higher output 
SNR, to approximately 20 dB in the case of the 60 sec long signal. The measureable delay 
spread at this range was about one second, but likely there are other arrivals that are not 
observable with this time-bandwidth product, which can be contrasted to the signalling used 
for tomography that includes many repetitions of an m-sequence in order to achieve a very 
high SNR after averaging. 

Overall the results were quite promising given the relatively low bandwidth of the source. 
An initial concern was that phase-coherent signalling would not be effective because of the 
low symbol rate, but it appears as though the rate of change of the channel is also low, 
allowing tracking of amplitude and phase changes at this relatively modest symbol rate.  
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4.  CONCLUSIONS 
 

Long-range tomography and acoustic communications and navigation all share the same 
need for efficient and manageable sources. In the Arctic the need for low frequencies is made 
more acute by the loss that occurs when signals reflect from the ice. While no single source 
technology can fulfil all needs, the tuneable and non-tuneable tube sources are shown to be 
remarkably efficient down to approximately 100 Hz. Other options, for example the gas 
bubble source, are possibilities for lower frequencies. Initial experiments with coherent 
signalling under the ice show that the technique is feasible to approximately 100 km, with 
additional range possible with additional coding gain. 

Such promising results will allow us to design an efficient long-range system for under-ice 
glider control and navigation. Two-way under-ice communications will allow combining a 
group of gliders into an underwater network and increasing the utility of gliders operating in 
the Arctic. Such systems will support long-term missions in the Arctic including, for 
example, glider missions to the North Pole. 
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Abstract: Climate change and fluctuations in hydrological regime of the West Spitsbergen 
Current alter the zooplankton composition in the shelf waters in this area (Svalbard). 
Systematic investigations of this phenomenon are carried out during last years in scope of 
the multidisciplinary project Alkekonge. Three methods are used: traditional net sampling 
on the stations, LOPC measurements on the stations and along the transects and 
echosounding at the high frequency 420 kHz. Nets deliver the detailed information on the 
species composition and size spectrum in a fixed point. Towed LOPC gives the particle 
size distributions at a chosen depth along the transect. Echosounder measures the 2-
dimensional field (depth distribution along the transect) of backscattering strength, being 
proportional to the concentration and size of zooplankters. Modelling the acoustic 
backscattering cross-section of the entire spectrum of zooplankton individuals taken from 
the microscope analysis of the net samples enables us to determine the abundance 
measured acoustically and to compare the results obtained by all three methods. It can be 
proved that during “warm” years the small species of Atlantic origin dominate, while in 
“cold” time the larger Arctic species are more abundant. The consequences of this 
variability are very important for the planktivorous seabirds survival. Comprehensive 
knowledge on zooplankton distribution in the sensitive Arctic frontal zone region will 
allow us to better foresee a possible consequence of climate change for zooplankton and 
their predators - seabirds. 

Keywords: Arctic zooplankton, climate change, West Spitsbergen Current 
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INTRODUCTION 

The Polish-Norwegian project ALKEKONGE is focused on the interrelations between 
physical environment, zooplankton and seabirds population, all in the context of the 
climate change. The part of this project presented here comprises the marine zooplankton, 
the biological element of the sea water connecting changes in hydrological conditions and 
warming climate with life conditions of planktivorous seabirds – little auks..  

Information on zooplankton abundance and their spatiotemporal distributions is needed 
to predict their contribution to many environmental processes, but investigation of a large 
oceanic area with traditional plankton nets requires a large amount of time and gives only 
a 1-dimensional snapshot information of zooplankton assemblages in the water column. 
We describe here three complementary methods - biological, optical and acoustical – 
applied to studies on Arctic zooplankton in the frontal zone of the West Spitsbergen Shelf. 
Nets deliver a detailed zooplankton species composition, size spectrum and abundance at 
the fixed points, while towed LOPC (Laser Optical Plankton Counter) gives the particle 
size distributions at a specific depth along the transect. Echosounder measures the 2-
dimensional field (depth distribution along the transect) of volume backscattering strength, 
being proportional to the concentration and size of zooplankters. 

Our goal is three-fold: (1) to find differences in zooplankton assemblages between 
different water masses; (2) to observe inter-annual variability of zooplankton abundance 
and distribution influenced by variable temperature conditions; (3) to compare three 
complementary methods by estimating the acoustic backscattering strength on the basis of 
zooplankton counted by LOPC and nets (scattering model) and its values measured at the 
same depth interval by the echosounder. 

 

Fig.1. Map of Spitsbergen with the northern and southern fjords marked with yellow 
frames. 
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STUDY AREA 

The research was conducted within the Polish-Norwegian project Alkekonge during 
two summer cruises 2009 and 2010 (July/August) of research vessel RV „Oceania‟ 
(Institute of Oceanology, Polish Academy of Sciences). The cruise surveyed the area of 
four West Spitsbergen fjords and their foregrounds with a focal point in two different 
hydrological regimes of the frontal zone of the West Spitsbergen Shelf, where the 
abundant plankton assemblages were advected northwards (Fig.1). 

The southern part near the Hornsund fjord is influenced by the cold South Cape Current 
(SCC) which carries water originating from the northern Barents Sea and transports cold-
water fauna. The northern part which consisted of two transects starting in 
Magdalenefjorden and Smeerenburgfjorden was under the influence of the West 
Spitsbergen Current (WSC), which flows northward carrying warmer and more saline 
Norwegian Atlantic Water with Atlantic fauna. These two distinct external water masses 
(WSC and SCC) are separated by a hydrological front (Arctic Front).  

METHODS  

The main objective of this study is to present zooplankton distribution in the West 
Spitsbergen Shelf obtained by three complementary methods. LOPC provided the spatial 
patterns of mesozooplankton at specific depths; the echosounder extended these 
measurements through the water column, whereas net samples delivered a detailed 
zooplankton species composition and abundance estimation at stations. These methods 
differ in resolution, sampling volume, counting accuracy, selectivity, identification 
capabilities and size range.  

Net samples  

The mesozooplankton samples were collected with WP2 net (0,25 m2 opening area) 
with 500 µm mesh size in vertically stratified hauls from 50m to the surface. Individual 
zooplankton samples were preserved and returned to the laboratory for microscopic 
analysis, where they were identified, measured and counted. For each sample the total 
number of individuals was converted to concentration per 1 m3 using filtered water 
volume.  

Laser Optical Plankton Counter (LOPC)  

Laser Optical Plankton Counter (Brook Ocean Technology Dartmouth, Canada) is the 
in situ sensor which autonomously provides the reliable abundance and community size 
structure of plankton and particles in marine and freshwater environments [1]. It measures 
cross-sectional area of each plankton particle in its collimated laser beam path in the 
sampling tunnel 7x7cm wide. As the particle passes the sensor, the portion of light 
blocked is recorded as digital size. The technical specifications allow to count and size 
particles in the size range of 100 µm to 35 mm ESD (Equivalent Spherical Diameter) 
which is often given as a range for mesozooplankton to which LOPC is best suited. 
Additionally LOPC is capable of assessing large-scale, rapid and continuous 
characterization of zooplankton distribution concurrently with environmental parameters 
(e.g. temperature, salinity, depth, fluorescence). 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1129 -



 

Acoustics 

Hydroacoustic methods offer two main advantages over conventional net sampling and 
particle counting: a greater volume of sampled water and a continuous, two-dimensional 
record. These techniques are relatively nonintrusive and can provide data in near-real time. 

A dual-beam 420 kHz echosounder DT-X produced by BioSonics Inc. with downward 
looking transducer mounted on the ship by the special frame was used to map the fine-
scale vertical patterns of acoustic backscatter along the ship‟s transect. A pulse length of 
0.3 ms and trigger rate of 2 s-1 were established. Echosignals were collected from 1 m to 
100m depth.  

For comparison reason, data were integrated over 30 to 225 seconds in 1-10m depths 
strata.  

Acoustic scattering model 

From great numbers of mathematical models describing the target strength TS of 
zooplankters with different degrees of complexity based on different mechanisms of 
scattering for different types of zooplankton, we have chosen the so-called “high-pass” 
model of TS, originally introduced by Johnson [2] to describe sound scattering on the fluid 
sphere, and developed by Stanton [3]. According to these models, backscattering cross-
section bs depends on geometrical cross section of the object and is modified by (ka)42  
in Rayleigh region, and by reflection coefficient R2 in geometric region of scattering.  as 
well as R are in control of density and sound speed contrasts. The seasonal variations of 
the density are closely related to the lipid content of the animal. Calanus finmarchicus has 
density less than seawater (1.026) during most of the year [4,5]. 

 
RESULTS 

Analysis of the net samples, LOPC records and echograms were performed for the 
transects, where all these measurements were conducted simultaneously. It was not always 
possible, because echosounding was limited to the ship speed not greater than 3 knots (due 
to transducer fixing) and sometimes the cruise logistics required greater speed to execute 
the whole program in time. Fortunately, we have two long transects performed in the north 
area in 2009 and 2010 – these are Magdalenenfjorden and Smeerenburgfjorden transects. 
Additionally, 6-hour transect crossing the Arctic Front on the Hornsund foreground was 
carried out in 2010. LOPC and echosounder data were logged every half a second, so there 
are tens of thousands transmissions recorded by both instruments during long transects 
(9hours x 60min/hour x 120transmissions/min). To reduce their number and their 
fluctuations they were averaged over some time intervals. Towing depth of LOPC was 
chosen at the beginning of each transect, but it was varying according to the vessel speed.  

The amplitude of these variations was about 4-7m. For comparison purposes, the 
echosignal had to be averaged in this depth interval. Fig.2 shows the results of LOPC and 
echosounder data averaged over 225 s together with the temperature recorded on the 
Hornsund foreground in 2010 (left column) and on the Smeerenburgfjorden transect in 
2009 (middle column) and in 2010 (right column). Temperature diagram in the South 
column illustrates the location of the Arctic Front – the maximal gradients occur between 
4ºC and 7ºC (blue-green-white-yellow-red). Also Sv and zooplankton abundance have their 
maxima in this area. 
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Inter-annual variation could be observed. The inflow of warm Atlantic water was 
significantly stronger in 2009 than in 2010 – it was connected with lower acoustic 
scattering in warmer 2009. The intense temperature gradient at the end of transects in both 
years was associated with high peaks of zooplankton abundance; indicated both by 
echosounder and LOPC. Additionally in the warmer year 2009 more melt water with 
suspensions discharged from the glacier was recorded. 

In order to perform the statistical analysis on a convenient linear scale, we have used 
instead of logarithmic form of scattering Sv its linear form – sv=10 Sv/10 – volume 
backscattering coefficient, that is proportional to the integral of the product of the number 
density of zooplankton of a given dimension with the backscattering cross-section of those 
individuals. The correlation occurred to be very satisfactory. One example for the north 
transects of Magdalenenfjorden and Smeerenburgfjorden 2010 is presented in Fig.2. 

 

 

Fig.2. Temperature, acoustic volume backscattering strength Sv and zooplankton 
abundance obtained by LOPC on the transect across the Arctic Front in the Hornsund 

foreground in summer 2010 (left) and on the Smeerenburgfjorden transect in 2009 
(middle) and 2010 (right). 
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Fig.3. Correlation between zooplankton measured by LOPC and backscattering 
coefficient on the entire Magdalenefjorden and Smeerenburgfjorden transects. Data 

averaged over 225 s. Linear regression, R=0.73. 
The last goal, a comparison of model-predicted and measured values of volume 

backscattering strength, was executed by applying the high-pass model of sound scattering 
to the distribution of zooplankton sizes measured by LOPC. In this way we obtained the 
size class contributions to the total volume backscattering. An example is shown in Fig.4. 
Density contrast g=1, sound speed contrast h=1.027. 
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Fig.4. Histogram of plankton radii (upper), target strength calculated by model 

(middle) and contributions of particular size group to total backscattering (lower). 
 
Its upper part presents the size distribution obtained by LOPC in Smeerenburgfjorden 

in 2009. Middle part illustrates the dependence of TS on the scatterer‟s radius, and the 
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lower one shows the individual contributions to total scattering. Pretty big contribution of 
relatively low number of the larger plankters is seen in range 5-7mm. 

The sum of all Sv terms from the lower part of Fig.4 (strictly, 10log Σsv) should give the 
total Sv comparable with the value measured by echosounder. Such a comparison is 
depicted in Fig.5. Despite some differences in absolute values, the shapes of both curves 
are quite similar, with synchronous minima and maxima. 
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Fig.5. 33-minute echosounder record of Sv (red curve) and Sv calculated by the model 

on the basis of zooplankton concentration measured by LOPC (blue curve) along the same 
transect at the same depth. Both signals are averaged over 60 transmissions (0.5 min). 

 
 
CONCLUSION 

Fjords in northern part of West Spitsbergen Shelf are surrounded by the mixture of two 
hydrologically different water masses, warm and more saline Atlantic waters and cold 
fresh Arctic waters. The same applies to zooplankton community structure, where occur 
smaller, more abundant Atlantic species together with bigger, less abundant Arctic 
species. Whereas in the southern region of Hornsund foreground these two distinct water 
masses are separated with Arctic Front, thus these two different types of zooplankton 
assemblages are isolated. 

The zooplankton composition is a crucial issue for little auks, which feed their chicks 
almost exclusively with arctic origin species Calanus glacialis. As a consequence, their 
foraging effort to collect preferred food among other zooplankters is higher in the northern 
region than in southern Hornsund foreground region. 

The northern region was studied in two years with different extent of Atlantic water 
inflow, which was reflected also with zooplankton assemblages which gather at strong 
temperature gradients. The warmer year 2009 was associated with stronger inflow of rich 
Atlantic water masses and more intense glacier meltdown. 
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Along the transects several net sampling stations were organized to support optical and 
acoustical measurements with detailed taxonomic information.  These data will be used 
for further zooplankton composition analysis as well as to strengthen the inference on 
zooplankton distribution in the context of dynamic processes in the Arctic system. The 
challenge is to model the real zooplankton individuals size spectrum which will 
correspond to different species and will be consistent with acoustic backscattering and 
LOPC cross-section measurements. 

Direct comparison of optical and acoustical results were executed. Despite the 
discrepancies including sampling volume and length range under measurement, scatter 
plots of the zooplankton abundance determined by LOPC against the volume 
backscattering coefficient show a significant correlation, with the regression coefficient 
values between 7 and 8.5. 

Acoustical estimates obtained by the mathematical modeling are very sensitive to 
changes in density and sound speed contrasts. Their values depend on species, and within 
the same species, on organism size and season, they vary with the percentage of the lipid 
content and rigid parts like skeleton and carapace. Their range of variability measured in 
natural conditions varies from 1.016 to 1.120 for density contrast and from 1.007 to 1.033 
for sound speed contrast [6]. Their impact on TS results in up to 16 dB change of the 
target strength when the extremal values are compared.  

The measured values of volume backscattering strength were compared with the 
model-predicted values by applying the high-pass model of sound scattering to the 
distribution of zooplankton sizes measured by LOPC. 

Generally speaking, we managed to follow the distribution of different water masses on 
West Spitsbergen Shelf, based on surface water temperature and associated zooplankton 
assemblages using three different methods. We conclude that this approach can be a novel 
method in mapping and estimating the quality of feeding area for little auks. 
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Abstract: Climate change is particularly visible in periglacial habitats, where its impact 
can greatly affect complete ecosystems. Rapid morphodynamic processes such as intense 
ice melting episodes influence biotic and abiotic environments. Two important indicators 
of these changes are benthic macroalgae spatial distribution and condition. Fast 
development of acoustic methods allows efficient habitat mapping monitoring but needs to 
be adapted to the difficult, Arctic conditions. During a 2005 summer research expedition 
in Hornsund fjord (Spitsbergen), single-beam echosounder (EK500, 120 kHz) and 
sidescan sonar (EdgeTech DF1000, 100 kHz and 390 kHz) were used simultaneously to 
collect acoustic data in euphotic zone. Received echoes were analysed to distinguish 
significant features correlated with macroalgae present on the bottom. Post-processing 
algorithms based on statistical echo analyses, feature extraction and fuzzy logic 
classification methods were created and analysed. 
Classification of acoustic data was done, presented as a map of macroalgae distribution 
and validated by video ground-truth data. Both single-beam and sidescan sonar data were 
compared to show their functional relationship. Angular response of benthic macroalgae 
was considered referring to sidescan sonar backscattering data to assess its impact on 
further classification based on signal features extraction. 

Keywords: Habitat mapping, Sidescan sonar, Single-beam echosounder, Macroalgae 
acoustic backscattering, Arctic environment, Cluster analysis 
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1. INTRODUCTION 

Arctic environment is an area where global warming is especially visible and causes 
significant changes in a whole ecosystem [1]. Glaciers fast melting, changes of seawater 
characteristics, higher UV radiation, create strong impact on biotic and abiotic 
environment [2]. Spitsbergen fjords have been investigated for many years as interesting 
and representative source of knowledge about range of these processes, their dynamics 
and key factors in climate-environment relations. Some of the most promising indicators 
are the spatial range, species composition and biomass of benthic macrophytes in 
Spitsbergen fjords.  

Macroalgae are benthic plants, growing attached to stony or rocky substrate. Their size 
depends on species composition, where dominant groups in Spitsbergen fjords are: 
Laminaria digitata and Saccharina latissima are 0.4-1.2 m high [2,3], growing in clumps 
and create patchy structures on bottom or covering it completely.  They play an important 
role in primary production and are a shelter for other benthic organisms. Our knowledge 
about macrophytobenthos abundance and distribution in Spitsbergen fjords is rather small 
and based mostly on some biological samples taken by divers or dredges [2,3]. 

This paper presents an acoustic approach to macroalgae habitat mapping and is focused 
on efficient methodology development for acoustic tools like single-beam echosounders 
and sidescan sonars use for benthic communities monitoring in difficult, Arctic conditions. 
All data were collected during 2005 expeditions in Hornsund fjord using Simrad EK 500 
echosounder (120kHz) and EdgeTech DF1000 sidescan sonar (100kHz and 390kHz). 
Wide variety of processing and classification methods based on signal processing and 
image analysis were used to optimise the results [4,5]. 

Acoustic signal is scattered by macroalgae thallus (algal body) but this process is 
complex, with bottom, water and signal parameters influence so careful studies are needed 
to understand and model this processes. This is why all acoustic data analyses are 
supported by ground-truth, biological data and underwater video recordings.  

2. ACOUSTIC STUDY OF MACROPHYTES 

2.1. Study area 

Hornsund is the southernmost fjord on the west coast of Spitsbergen Island. It is 30 km 
long and still growing due to glaciers melting in the end of fjords bay. The width is 
between 2 km and 12 km (Fig.1). The whole fjord area is about 264 km2 but 45% of it is 
postglacial bays with no conditions for macroalgae growth and only 18 km2 (7%) is in 
euphotic zone (up to 30 m deep). More than 62 km of shore line were investigated what is 
shown on acoustic transect map (Fig.1). The whole research area was divided into 7 
research sites for detail biological study and underwater camera recordings. 

The study areas were located in shallow waters close to the tidal zone so all 
measurements were done from a rubber boat with acoustical devices attached to research 
platform and connected to GPS unit. This allowed quick and precise data acquisition and 
covering large areas in relatively short time despite difficult weather conditions. 
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Fig.1: Study area in the Arctic. Left: IBCAO chart of Svalbard Archipelago, showing 
its main island Spitsbergen and Hornsund fjord. The image on the right presents 

Hornsund fjord map with acoustic transects (blue) and study areas (red): 1) 
Isbjornhamna, 2) Fannypynten, 3) Gnalodden, 4) Adriabukta, 5) Gruspynten, 6) Rasstupet 

and  7) Kulmstranda, PBP) Polish Polar Station 
 

2.2. SBES and SSS data collection and classification 

Data were recorded by SIMRAD EK500 software using a mode where all echoes are 
presented as SV values (i.e. mean volume backscattering strengths) after transmission loss 
compensation. During post-processing, echoes were classified as a function of bottom type 
and algae presence using signal envelopes extracted as equal areas around maximum SV 
value (bottom reflection). During parametrical analysis and segmentation algorithms [6,7] 
places with macrophytes were identified. Image analysis approach allows edge detection 
on echograms between water, kelps and bottom, macroalgae presence were established 
and their heights were calculated (using Sonar5). 

Side-scan sonar data were collected using CODA software and translated into Matlab 
files. All data were corrected using bespoke Matlab software for slant range correction and 
TVG adjustments [8]. After this pre-processing, segmentation was done using two 
approaches: signal and image analysis.  

2.3. Macroalgae acoustical response registered by SSS 

SSS data analysis was based on correlation between seabed type and its acoustical 
response. Macroalgae coverage is one of the factors influencing these echoes. However, 
these differences are better visible during SSS image texture and echo signals comparison. 
This is why both approaches: image and signal analysis were used during classification 
process. 

Figure 2 shows a part of an image registered by sidescan sonar. It is after slant range 
correction and TVG adjustments. Only the right part of the image from nadir is visible. 
Vertical axis relates to pings and horizontal to samples. Presented image shows a 200m x 
53m of bottom area which gives 0.2m x 0.03m resolution. The same part of an image is 
shown on Fig.3 compared to SBES data and after segmentation. 
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Upper area of the image (Fig.2) comes from rocky bottom and many shadow places 
(black) are visible coming from protrude rocks covered by macroalgae. On the right edge 
of this part of image (ping 190), higher backscattering values suggest, that the scattering at 
the larger angles may be strongly influenced by bottom below algae lamina. Ping 514 
shows echo from pebble substrata with macroalgae attached. Low values of echo in ping 
713 are related to muddy bottom. 

 

 
 

Fig.2: A part of sidescan sonar image (left) from the right transducer, vertical axis is 
for pings number. Charts on the right show related echoes values for 3 pings from the 
image. Ping 190 comes from rocky area covered by macroalgae, ping 514 comes from 

pebble bottom covered by macroalgae and ping 713 show low backscattering values from 
muddy bottom (compare with Fig.3) 

 
Differences between both signals coming from macroalgae habitats show that bottom 

morphology and type influence registered acoustical response. 

3. COMPARISON OF SBES AND SSS RESULTS WITH GROUND-TRUTH 
DATA 

For SBES classification algorithm some spectral, wavelet and fractal features of echoes 
envelopes were used as input parameters [6,7,9]. Promising results were obtained by using 
neural networks and Fuzzy C-Means (FCM) classification methods, especially the Gath-
Geva algorithm [10]. Results of bottom type detection correlated with macroalgae height 
estimation procedure from the Sonar5 software allows to distinguish areas with bottom 
covered by macroalgae and differentiate it from mud which is a common error in edge 
detection procedure. 

Sidescan sonar analysis is based on two approaches as well. The first one computes 
spectral, wavelet and fractal features of echoes signals inside the sliding signal window as 
the input to factor analysis and principal component analysis [10,11]. The second one is 
based on discrete wavelet analysis of sidescan sonar images with texture analysis 
parameters: entropy, homogeneity and energy [8].  
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 Two - dimensional discrete wavelet transformation results in a decomposition of input 
signals in approximation coefficients and the details in three orientations (horizontal, 
vertical, and diagonal). These coefficients are then input parameters for classification 
algorithm [11]. Image analysis approach was much less time consuming than signal 
analysis and allowed faster data processing with the same efficiency.  
         a) 

 
     b) 

 

Fig.3: SBES echograms comparison with sides scan sonar, SBES classification results 
and biological data from marked area (CAM): a) two parts of echograms with 

macroalgae presence correlated with SSS data area, the left one is from AB line and the 
right one from CD line. SBES traces are shown on SSS image b) as doted line with colours 
related to algae height estimated from SBES data; b) background image comes from SSS 

georectified intensity image of this region, it is covered by image after classification which 
is divided for 3 clusters: blue-acoustic shadow or mud, yellow – bare bottom, green – 

macroalgae. Colour scale shows macroalgae height in meters 
 
Figure 3 shows comparison of classification results applied for acoustic data. 

Macroalgae height distribution based on SBES data analysis gives good agreement with 
SSS classification results. The rectangle on the image determines the area where 
biological samples were collected by divers. Described results indicate on 95% of bottom 
coverage by macroalgae by 3 mixed species: Laminaria digitata, Saccharina latissima and 
Alaria esculenta on 5m deep area. However there are some differences between SBES and 
SSS classification results. Acoustic shadows on SSS image do not give any information 
about type of substrata there. It is hard to estimate SSS image classification error but 
texture analysis shows different values of texture parameters between edges of image and 
its close nadir areas. It is because of SSS beam geometry, what is possible to correct and 
recalculate but the second factor is correlated with macroalgae backscattering strength 
variation with the angle of incidence, what was mentioned before, and is in need of further 
study. 
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4. CONCLUSIONS 

Acoustic methods are very useful for remote sensing of polar macroalgae habitats. 
Algorithms and results presented in this paper show good agreement with ground-truth 
data but further experiments are necessary to determine how substrata and angle of 
incidence influence the backscattering strength registered from macroalgae by acoustic 
tools. 
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Abstract: It has been shown that ice breakup in Antarctica is one of the major sources of 
underwater noise in the oceans of the Southern Hemisphere. However, it is not certain 
whether disruption of ice shelves or breakup of icebergs cause the majority of noise events 
observed far away in the ocean. Sea noise data collected in 2002 and 2003 at two CTBT 
hydroacoustic stations, HA01 and HA08S, were used to identify the same ice events detected 
at both stations and to locate those events using bearing measurements and triangulation 
from these remote stations. It is demonstrated that sources of ice noise were located mainly in 
the ocean within 200 km from the Antarctic shore. This means that icebergs are the most 
likely sources of ice noise signals observed at the CTBT stations. The location of ice events 
was also verified by analysing frequency dispersion of mode 1 in the received signals and 
comparing results with numerical predictions. The accuracy of location using bearing 
measurements from a single station and frequency dispersion characteristics is discussed. 

Keywords: Antarctic ice noise, hydroacoustic location, frequency dispersion 

1. INTRODUCTION  

Antarctica is one of the major sources of low frequency underwater noise in the Southern 
and Indian Oceans [1]. Two different types of noise signals are found to originate in the 
Antarctic waters, which are: long-lasting quasi-tonal signals with multiple harmonics and 
short impulsive signals (transients) of 3 to 5 s duration [2]. The quasi-tonal signals, 
commonly referred to as harmonic tremors, have been shown to be emitted by icebergs 
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colliding with the ice shelves, seafloor or other icebergs [3, 4]. The transients are believed to 
be also associated with Antarctic ice. Using triangulation of underwater noise sources 
recorded at two hydroacoustic stations, HA01 and HA08S, of the Comprehensive nuclear-
Test-Ban Treaty (CTBT) monitoring network in the Indian Ocean during ten months in 2003, 
Hanson and Bowman [5] found that the sources of transients from Antarctica were located 
mainly within several distinct spatial clusters along the Antarctic coast. These authors 
suggested that the signal sources were most likely ice thermal fracturing and ridging events 
and noticed that such events occurred more frequently in austral spring than in autumn.  

By analyzing a 6-year long dataset collected at the HA01 station off Cape Leeuwin in 
Western Australia in 2002 – 2007, Gavrilov and Li [6] confirmed the seasonal variation in the 
frequency of occurrence of ice events and found that there was a significant offset of about 
3.5 month between the maximum sea surface temperature in Eastern Antarctica and the 
maximum frequency of occurrence of ice events. The study presented in this paper attempted 
to get a better understanding of the major sources (ice shelves or icebergs) and processes that 
generate intense underwater signals in the Southern Ocean off the Antarctic coast.  Ice events 
identified at both HA01 and HA08S hydroacoustic stations during 2002 and 2003 were used 
to locate the signal sources and analyse their spatial distribution in the Eastern Antarctica 
waters. The location procedure, location errors and results are discussed in Section 2.  

It has been noticed in [5] and in this study that only a small fraction of ice events detected 
at HA01 was also identified in sea noise recorded at HA08S, so that the majority of ice events 
could not be located via triangulation from these two remote stations. An attempt was made 
in this study to locate ice events from the single station, HA01, using measurements of back-
azimuth bearing and characteristics of frequency dispersion observed in the signal arrival 
structure. Spectrograms of low frequency signals propagated over long distances in the polar 
environment of the Southern Ocean reveal a modal structure of the signal arrival, with mode 
1 dominating the higher modes and arriving first at a remote receive station [2]. Compared to 
the higher modes, mode 1 is subject to strong frequency dispersion with the group velocity 
decreasing noticeably with the frequency increase. The dispersion effect on the signal arrival 
time at different frequencies increases with range that the signal propagates over in the polar 
environment, which makes it possible to estimate the range to the signal source [7]. Results 
of location of ice events from HA01 using the frequency dispersion of mode 1, associated 
errors and limitations are discussed in Section 3. Conclusions are made in Section 4.        

2. LOCATION OF ICE EVENTS FROM TWO STATIONS 

Each CTBT hydroacoustic station consists of three hydrophones moored on the seafloor as 
a triangular array of about 2-km sides. Such an array is capable of measuring bearing to a 
remote source of underwater noise. The algorithm of bearing estimation using a least-squares 
approach to find the best fit to the signal arrival time differences at different pairs of 
hydrophones in a triangular array is described in [8].  

The locations of the HA01 and HA08S CTBT hydroacoustic stations are shown on the 
map in Fig. 1. The procedure of identifying the same ice events at both stations and locating 
their origin involved the following steps:  
1. Using the bearing measurements, the signal propagation path along the great circle from 

Antarctica to HA01 was determined for each transient signal detected at this station; 
2. The signal source was assumed to be located on this great circle somewhere within 0-700 

km from the Antarctic coast. The minimum and maximum transmission times were 
calculated for the longest and shortest propagation distances respectively, based on the 
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adiabatic mode model of acoustic propagation and environmental conditions along the 
path derived from the seasonal temperature and salinity profiles of the World Ocean Atlas 
2008 and the 2-minute world ocean bathymetry grid; 

3. The minimum and maximum possible arrival times of the signal at HA08S were estimated 
from the minimum and maximum transmission times and the numerical prediction for 
mode 1 travel time to HA08S; 

4. Bearing from HA08S to the signal source was measured for all events of transient signals 
detected at HA08S within the time interval allowed from the initial assumption. The 
source location was determined by intersecting two great circles launching from the 
stations’ locations at the azimuth of bearing measurements;  

5. The signal travel time difference to HA01 and HA08S was calculated for all locations 
derived from the intersection of two great circles and then compared with the signal arrival 
time difference measured at these two stations; 

6. If the predicted and measured differences of the signal arrival times were consistent within 
a 20 s error interval, then the corresponding event detected at HA08S was accepted to be 
the same as the event detected at HA01 and the bearing measurements for this event at 
both stations were used to locate the signal source.       

HA01

HA08S

HA01

HA08S

 
Fig. 1:  Location of the HA01 and HA08S CTBT hydroacoustic stations and the  Antarctic 

coast observed acoustically from these stations.  
Bearing estimates contain errors resulting from: 1) a limited frequency bandwidth of 

transient signals, 2) limited signal-to-noise ratio and 3) errors in the horizontal position of 
hydrophones in the triangular array. Gavrilov and Li [9] made a conclusion that the major 
component of bearing errors should be due to different horizontal deviation of hydrophone 
moorings from their vertical position. Using underwater noise sources of known location and 
sources of long-lasting noise with unknown location (e.g. harmonic tremors from icebergs 
lasting over tens of hours), they estimated the random error of bearing from HA01 and 
HA08S to be typically 0.3 RMS and certainly less than 0.5 RMS.  

Bearing errors cause inaccurate location of the signal source. Random errors of location 
can be characterised by an error ellipse of chosen confidence level. The error ellipse is 
calculated from the covariance matrix of estimates for the source latitude   and longitude   
at the measured bearing angles 1 and 2  and the RMS bearing errors 1  and 2 . The 
covariance matrix C of the source location, determined by triangulation is: 

  1
 AAC T                                                                                                                    (1) 

where EJA  , E is a 2 by 2 diagonal matrix with the elements 1/1   and 2/1  , and  
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is the Jacobian matrix of bearing variations for given coordinates of the source. The Jacobian 
can be analytically derived for a spherical model of the Earth. If the measurement errors are 
normally distributed, then the distance from the mean location to each location sample is 2  
distributed and the size of the error ellipse can be calculated from the quantile of the 2  
distribution corresponding to the chosen confidence level. 

About twelve thousand transient signals from Antarctica were detected at HA01 in 2002-
2003. However, only 1035 signals were identified at both hydroacoustic stations as signals 
from the same events. There are several reasons explaining this result. Firstly, the sectors of 
the Antarctic coast observed acoustically from these two stations are different. Events located 
east of 143E can be seen only at HA01 while those located west of 54E can be seen only 
from HA08S. Secondly, the acoustic propagation paths from Antarctica to HA01 and HA08S 
are considerably different. The paths to HA08S are roughly two times longer. Moreover, the 
paths to the HA08S station from the western part of the sector observed from HA01 are partly 
blocked by islands and shoals.  

Dalton Iceberg Tongue
Law DomeShackleton Ice Shelf

Dalton Iceberg Tongue
Law DomeShackleton Ice Shelf

  
Fig. 2: Location of ice events detected at both CTBT stations in 2002 (yellow dots) and 

2003 (light magenta dots). Error ellipses show typical regions of 95% confidence level.   
 
The locations of ice events detected at both HA01 and HA08S in 2002 and 2003 are 

shown in Fig. 2. Typical errors ellipses of 95% confidence level are shown for four different 
locations in the observed area. Nearly half of ice events were located south of 65S, i.e. near 
the Antarctic coast. Three or four spatial clusters of higher concentration of ice events can be 
noticed along the Antarctic coast. These clusters are similar to those noticed by Hanson and 
Bowman [5] and can be associated with certain glacier features, indicated in Fig. 2. However, 
in addition to the near-coast clusters, one can notice “tongues” of located events spreading 
north-westward from the near-cost aggregates of ice events. The direction of tongues’ 
spreading is generally consistent with the prevailing direction of sea ice drift in this area [10]. 
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On the other hand, many of ice events located far from the coast were detected in austral 
summer, when sea ice extent off the Eastern Antarctica coast is less than 100 km. This means 
that the ice events observed at the CTBT stations are unlikely to relate to sea ice. The most 
likely sources of such transient signals are iceberg breaking up while drifting in warmer 
waters north of the Antarctic coast. 

3. LOCATION OF ICE EVENTS USING FREQUENCY DISPERSION  

A method for estimating the distance to a remote source of a broadband acoustic signal 
propagated in the Arctic Ocean was suggested by Yung [7]. This method is based on 
measuring the frequency of individual modes as a function of arrival time and comparing the 
measured values to those predicted from numerical modelling of acoustic propagation over 
different distances from the signal source. The frequency can be measured using one of the 
high frequency resolution methods for power spectrum estimate within the time window 
limited by the following relationship [7]:  

2/1

365.0 









df
dtt  , 

where dfdt  is a derivative of the signal travel time with respect to frequency. The main 
problem of this approach is that the signal transmission time is unknown, so that the arrival 
times at different frequencies can be evaluated only relative to a reference time, which is the 
arrival time at a certain frequency. Hence, the functional to be minimised in order to get an 
estimate of the range R, using numerical predictions of the mode travel time and the arrival 
time measurements     0

ˆˆ ftft n  , can be written as follows:  
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where  nft̂  are the arrival times at the measured frequencies nf , 0f is the reference 
frequency, and S is the slowness of mode propagation which depends on frequency and 
range.   

Equation 1 can be used to estimate the variance of range measurements due to random 
errors in the least-squares method. The partial derivative of the relative arrival travel time is 
   RfSRfS n ,, 0 , where S can be predicted from numerical modelling of the slowness at 

the range R. Errors of the arrival time measurements can be estimated from the error of 
frequency measurement as    fftft

Rfn
n


,
2  , where the factor 2  allows for the 

arrival time measurement error at the reference frequency and the derivative ft  is 
calculated at the range R using the numerical model of acoustic propagation.  Once the range 
estimation error is obtained, the source location error can be estimated using the same 
approach as that for errors of location by triangulation. In this case, the second element of the 
diagonal matrix E is R/1 , and the Jacobian is:  
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To estimate the instantaneous frequency of mode 1 at different arrival times, the signal 
was divided in 0.5-s non-overlapping segments with each segment multiplied by a Hanning 
window and zero-padded to extend it to 2 s. The frequency was estimated at the maximum of 
the power spectrum density of each segment. Consequently, the random error of frequency 
measurements was estimated to be about 0.5 Hz. The RMS error R of range measurements 
using the effect of frequency dispersion was estimated to vary from about 80 km to nearly 
120 km for sources located within a few hundred kilometres from the Antarctic coast, with 
smaller errors in the winter environmental conditions.  

To compare location estimates from triangulation and from the frequency dispersion of 
mode 1, we selected the signals that were located via triangulation from the two CTBT 
hydroacoustic stations and had the frequency band wide enough to get accurate estimates of 
the arrival time difference versus mode frequency. The mode slowness  RfS ,  was 
calculated for four different seasons along the great circles starting from the HA01 location at 
the azimuth of bearing measurement and ending at the Antarctic coast. Figures 3 and 4 show 
results of source location using both methods. The error ellipses of the method based on the 
frequency dispersion effect are noticeable longer in the longitudinal direction than those of 
the triangulation method. In some cases, the source locations estimated by both methods were 
consistent with each other within the measurement errors (Fig. 3). However, in most cases the 
distance from HA01 to the signal source estimated from the frequency dispersion of mode 1 
was noticeably shorter than that determined from triangulation (an example is shown in Fig. 
4). This is evident from the histogram in Fig. 5 that demonstrates the difference between the 
range determined from the triangulated location and the range estimated from the frequency 
dispersion. The most common difference was about 150 km, which is significantly larger 
than the random errors of measurements. The reason of such discrepancy is not certain. It 
could be due to an inadequate model of the underwater acoustic environment based on the 
climatology data. Another possible systematic error could be introduced by an approximate 
model of acoustic propagation from Antarctica to the CTBT hydroacoustic stations. 

 
Fig. 3: Left panel: spectrogram of a transient signal from an ice event and the best fit to the 
modelled frequency dispersion of mode 1 (white curve); Right panel: location of this event 

and its 95% confidence region estimated via triangulation (white cross and ellipse) and from 
frequency dispersion (yellow circle and ellipse) 

It is important to notice, that the majority of ice events located from HA01 using the effect 
of frequency dispersion occurred far from the Antarctic coast. The signals from those events 
had frequency spectra broad enough for measuring the effect of frequency dispersion. 
Transient signals located near the coast had generally much narrower spectra bounded at 
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higher frequencies at about 10 Hz. This is most likely due to higher attenuation at higher 
frequencies for signals propagated in shallow water under sea ice.                 

  

 
Fig. 4: Same as Fig. 3 but for a different ice event. 
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Fig. 5: Histogram of the difference between the distances from located ice events to HA01 

determined from triangulation and estimated from the frequency dispersion of mode 1. 

 

4. CONCLUSIONS 

More than a thousand of transient signals from Antarctica were received and identified at 
the HA01 and HA08S CTBT hydroacoustic stations in the Indian Ocean in 2002-2003. The 
sources of these signals were located using bearing measurements and triangulation from 
these two stations. It appeared that the sources of such signals were concentrated inshore near 
the glacier features known as regions of regular ice calving. The areas of high concentration 
of the located ice events spread offshore to more than 500 km in the north-western direction 
in the form of tongues of lower event density. Many of these events were detected in austral 
summer, when this part of the ocean is free of sea ice. This means that the most likely sources 
of transient noise signals from Antarctica are icebergs calving from the ice shelves and 
breaking up when drifting offshore.  

It was demonstrated that ice break up events in Antarctica generating broadband transient 
signals can be located from a single CTBT hydroacoustic station (e.g. HA01) using the effect 
of frequency dispersion of mode 1 measured in the received signal. However, this location 
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method is suitable only for signals with relatively broad spectra, which arrive mainly from 
the sources located far from the Antarctic coast. Moreover, the errors of location from a 
single station are noticeably larger than those of the triangulation method and have a 
considerable systematic component in the range estimate of about -150 km. An additional 
analysis and more accurate numerical modelling are needed to decrease or explain this 
systematic error.                       
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DETECTING AND ANALYZING UNDERWATER AMBIENT NOISE OF 
GLACIERS ON SVALBARD AS INDICATOR OF DYNAMIC 
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Abstract: The physical processes accompanying glacier melting generate underwater sound 
audible in the fjords of marine-terminating glaciers, and are potentially useful in the study of 
changing glacier dynamics. Measurements were conducted in two Spitsbergen fjords: the 
Hornsund – surrounded by melting glaciers and the Murchison fjord – devoid of glaciers but 
full of floating ice floes. Calm weather during the experiment allowed the recording of sounds 
produced mainly by the processes associated with melting ice without noise coming from 
wind, rain or breaking waves. Ambient noise recording were made at frequencies from 20 Hz 
to 24 kHz using an omnidirectional hydrophone deployed at depth of 18 meters. Significant 
differences in measured noise levels and spectral shapes are observed between the fjords. A 
parametric signal analysis of the noise has been undertaken to identify distinct geophysical 
phenomena, such as the noise generated by the bursting of air bubbles trapped in melting 
growlers and icebergs, waterfalls from glaciers and calving glacier noise. Recognition and 
quantification of the noise events was done in 1/3-octave frequency bands. In addition, 
spectral, statistical and wavelet energy parameters were computed as inputs for a neural 
network clusterization algorithm, resulting in the separation of ambient noise sources.  

Intensive glaciological research has shown that the glaciers around the Hornsund can be 
considered typical of the Atlantic sector of the Arctic. This suggests that the results from 
research carried out in this area will be of much greater than just local importance.  

Keywords: Arctic, ambient noise, field measurements, glacier melting 
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1. INTRODUCTION  

Climate changes observed over the last decades are especially visible in the Arctic 
environment with significant increases seen in melt-rate of glaciers. The noise generated by 
glaciers allows for quantification of melting processes in the Arctic and can be good indicator 
of rapid climate processes. The measurements of ambient noise in the Arctic have a long 
history [1-4], but the literature of this subject is not very extensive.  

In August 2009 we took part in the Arctic expedition on board the R/V Horyzont II from 
Gdynia Maritime University to study two Spitsbergen fjords which differ significantly in their 
surrounding environment. The Hornsund fjord is surrounded by mountains and melting 
glaciers (see Fig.1b), which are especially frequent in the inner part – Brepollen. The 
Murchison fjord, located in the northern part of Spitsbergen, is devoid of glaciers but full of 
floating ice floes. Such experimental circumstances allow for the comparison of ambient sea 
noise in completely different Arctic environments. During the measurement campaign, the 
weather was calm, with no wind, rain or breaking waves, but there were fast currents of water 
flowing from glaciers in the Hornsund and tidal currents in the Murchison fjord. Both fjords 
were empty of vessels during the noise measurements (R/V Horyzont II was anchored more 
than 10 km apart from the measurement points). Such particularly clean experimental 
conditions provided noise recordings dominated by melting and calving glaciers, melting 
icebergs and growlers in the Hornsund or by melting and colliding ice floes in the Murchison 
fjord.  

Fig.1a shows the map of the Svalbard Archipelago with depicted positions of the two 
fjords (black circles), where ambient noise recordings were taken. The more detailed map 
(Fig.1b) shows the Hornsund fjord with measurement points located at the Brepollen area. 
 

 

2. MEASUREMENT METHODOLOGY 

Ambient noise measurements were conducted from a rubber boat drifting freely through 
the fjords. All measurements were made using an omnidirectional broadband hydrophone 
ITC6050C, which was deployed at the depth of ~18 m with an attached 4 kg weight 2 meters 
below transducer. Ambient noise in the frequency range 20Hz–24kHz was recorded using a 

Fig.1: Map of Svalbard Archipelago (a) and localizations of study areas inside Hornsund 
fjord (b): Brepollen area– close to the Stor glacier (•1), Brepollen – central area (•2), mouth 
of Sammarin fjord (•3), r/v Horyzont II anchorage position (▪4). White areas depict glaciers. 

a) 
b) 
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16-bit Sony DAT TCD-D8 portable recorder with a 48 kHz sampling frequency. The 
sensitivity of the hydrophone is nearly flat in the measurement range and equal to -157 dB re 
1V/μPa. The DAT recorder gain was set to 19 dB. At the beginning and the end of each 
recording session (around 2 hours in duration), one minute of electronically-generated, white 
noise signal with known parameters was recorded for calibration purposes. GPS positions 
were recorded every several minutes to track the boat drift induced by strong currents. Video 
and photographic images were taken to document environmental conditions, including two 
360° panoramic photographs in the Brepollen area to allow the identification of glaciers. 
Finally, a satellite image (Landsat 7 ETM+) of the changing glaciers edge in Brepollen was 
used to establish the geometry of the experiment.  
 
3. DATA PROCESSING 
 

The main goal of the data processing effort was to characterize noise sources through the 
study of spectral, wavelet and other statistical features of the noise, with a particular emphasis 
on cracking and melting glaciers. Prior applications of spectral parameter analyses have 
shown their advantages in laboratory studies of noise generated by breaking waves [5] and in 
algorithms of anthropogenic noise detection and phenomena associated with atmospheric 
precipitation [6]. 

The spectral moments rm of the r-th order were computed using equation (1): 
 

  ωdωSωm r
r 




0

,     (1) 

 
where  S  is the Fourier power spectral density estimated from a segment of noise. From 
combinations of spectral moments of different orders, the mean frequency of the noise 
process and its spectral width, skewness and kurtosis were calculated. 

All spectral parameters were computed for 1 second time spans in frequency range of 
20Hz–18kHz (the upper limit being set by a weak slope in the white noise spectrum at higher 
frequencies, which was observed in the calibration signal). Moreover, the noise signal was 
filtered and analysed in twenty nine 1/3rd–octave frequency bands with centre frequencies 
fcentral={25, 31.5,...,16000} Hz.  

The next group of parameters were wavelet transformation coefficients and related 
wavelet energies. The wavelet energy content was computed using the 10-channel dyadic 
decomposition (scale a=2j, j=1,..,10) with a 3rd–order Coiflet wavelet: 
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b

b
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where C(a,b) is the continuous wavelet transformation coefficient, bmin and bmax are boundary 
values of time scale b.  

The last group of statistical parameters were the standard deviation, kurtosis and 
skewness.  

Chosen parameters – mean frequency, spectral width and wavelet energies were the input 
to the self organized Kohonen’s neural network algorithm [7] with learning set contained 25% 
of input data. The result of clusterization was established for 3 classes depicted different 
sources of ambient noise. 
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4. RESULTS 
 

Our hypothesis that different sources dominate the ambient noise in both experiment 
locations – the Hornsund and the Murchison fjord – is supported by the observation of distinct 
differences in the shape and level of the noise spectra (Fig.2). Noise spectrum levels (NSLs), 
which were calculated from 1 second time segments as described above and averaged over 20 
minute periods, demonstrate the most visible differences at the low frequency ranges, 
especially below 300 Hz. 

More detailed results for the Hornsund fjord (Fig.2a) shown that there is a wide local 
maximum appearing in spectrum between approximately 300 Hz and 2 kHz and, in turn, at 
the frequencies greater than ~2 kHz the spectral slopes dramatically decrease up to -30 
dB/decade. Due to boat drift away from glacier wall (which would logically be the main 
source of sound) consecutive spectral levels decrease for mid and high frequencies (this trend 
is especially clear during the first 40 minutes of the experiment). The effect can be explained 
as a consequence of higher acoustic attenuation for these higher frequencies and, moreover, 
with the reason that the high frequency components of the noise field begin come mainly from 
local sound sources, which cannot be generally related to the glacier. We observe a distinct 
increase of NSL of up to 17 dB at 80 Hz with comparison to NSLs at the relatively quiet 
conditions during the 20 to 40 minute time period. This increase in noise level was the result 
of a big calving event observed at the Stor glacier wall. 

 

 
A very different noise environment is observed in the Murchison fjord (Fig.2b), 

particularly in the low frequency band. At frequencies below 40 Hz, we observed an increase 
in spectral level relative to that seen in Hornsund. As the Murchison fjord is wider than 
Hornsund, and more strongly coupled to the ocean, we are attributing this increase to distant 
oceanic sources. Local maxima in the spectra can be seen in the frequency range of 70–200 
Hz and these can probably be interpreted as the result of frequent collisions and 
disintegrations of ice floes in this area. Generally, the NSLs are about 4–5 dB lower at 

Fig.2 Noise spectrum levels [dB re 1µPa2/Hz] averaged in 20-minutes time periods recorded in the 
Hornsund fjord at the Brepollen area close to the Stor glacier (a) and in the Murchison fjord (b). A 
black curves SS1 and SS4 are a typical noise spectrum levels observed in Ocean at the sea state 1 

and 4 in Beaufort scale, respectively (Wenz, 1962). 
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frequencies above 1 kHz in comparison to the Brepollen area. In turn, at frequencies near 
about ~5–6 kHz a change in spectral slope can be seen, which is a result of a weak increase of 
the noise spectrum levels for higher frequencies. This effect can be explained by the 
enormous number of gas bubbles released from ice floes during their collision, disintegration 
and melting (accordingly with [9], resonance frequencies 5-18kHz correspond to a bubbles 
with radius a=0.15–0.55mm).  

The one of the main goals of the experiment was the detection of physical processes 
related to acoustical events originating from glacier ice cracks resulting from thermal or 
mechanical stress. To achieve this goal, we created a classification algorithm based on 
spectral and wavelet parameters. 

As can be seen from spectra obtained in the Hornsund (Fig.2a) and also as stated by 
Zakarauskas and Thorleifson [3], the most visible changes in spectra shapes connected with 
ice cracking events are observed for frequencies below 1 kHz. Accordingly, we used mean 
frequency, spectral width and wavelet energies (eq. 2) computed over the range of 20Hz–
1kHz as inputs to our classification algorithm. The level, mean frequency and spectral width 
for ~2 hours of ambient noise at the Brepollen area (point 1 in Fig.1b) estimated from 1 
second segments over the entire  frequency range (20Hz-18kHz) are shown in Fig.3. As 
discussed above, mean noise level and frequency decreases as the boat drifts away from the 
glacier wall, with the most significant changes observed in the first 30-40 minutes. Transient, 
significant variations of parameters are connected with calving or cracking processes. 

 

Fig. 3d shows the result of our neural network classification of ambient noise recorded at 
Brepollen. The first class (the most frequent) depicts noise coming from the superposition of 
general processes forming the noise field in the area, whereas the second and third classes 
respectively correspond to cracking and calving events. The biggest calving event is observed 
~1600 seconds into the record as a sudden increase in noise level and significant decrease in 
mean noise frequency. There is also an observable broadening of the spectrum due to the 

Fig.3: Spectral moments of the ambient sea noise calculated in frequency range of 
20Hz – 18kHz at the Brepollen area: noise level in [dB re 1Pa] (a), mean 

frequency of the noise process in [Hz] (b), spectral width (c) and result of self 
organized neural network clustering of ice cracking events (d). 

 

a ) 

b ) 

c ) 

d ) 
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appearance of a low frequency noise component generated by mechanical vibrations 
associated with calving ice at the Stor glacier. 

The noise time-series from the calving event is shown in Fig 4. The observed fluctuations 
in the record are at least partly due to multipath sound transmission in the Brepollen area. 

 

 
Fig.4: Big event - calving glacier - acoustic pressure (~1600 sec). 

 
5. CONCLUSIONS 
 

The results of the experiment show that ambient noise level and its spectral, wavelet and 
statistical features are significantly different between the Hornsund fjord, which is surrounded 
by calving glaciers and the Murchison fjord, which is covered by marine ice floes. An initial 
parametrical analysis based on a neural network clustering algorithm has demonstrated the 
feasibility of detecting and classifying cracking and calving glacier events. Further studies 
will help elucidate the relationship between features in the ambient noise and the underlying 
physical processes taking place in the melting Arctic ice environment. 
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 CHALLENGES AND OPPORTUNITIES FOR REMOTE SENSING 
WITH OCEAN AMBIENT NOISE 

Martin Siderius, Joel Paddock 
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siderius@pdx.edu 

Abstract: Significant progress has been made on developing methods that use ocean noise 
to characterize the seabed. Bottom loss can be estimated using incoherent noise 
processing and seabed layering from coherent noise processing. Many data sets have been 
collected and have been favorably compared with other techniques when available. 
However, challenges have also become apparent. Most measurements have shown the 
bottom loss estimates are much more variable at low grazing angles as compared to steep 
angles. This is somewhat unfortunate since the low grazing angles tend to dominate long-
range sound propagation in shallow water. In addition, if the measurement is taken far 
from the seabed (as might be the case in deep water) then corrections are needed for 
refraction and sound absorption. For coherent noise processing, seabed roughness and 
noise averaging time are factors in the quality of the seabed layering data. In this 
presentation, the various challenges of seabed characterization using ambient noise will 
be described along with examples of the impact on sonar predictions. Further, the 
dependency of these measurements on factors such as sound absorption and seabed 
roughness may indicate new methods for estimating these quantities from ocean noise. 
These possibilities will also be discussed in this presentation. 
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 LOW FREQUENCY AMBIENT NOISE MEASUREMENTS WITH A 
MULTI-ELEMENT VOLUME ARRAY 

Ross Chapman and Andrea Price 

School of Earth and Ocean Sciences, University of Victoria 

Ross Chapman, School of Earth and Ocean Sciences, University of Victoria, 3800 
Finnerty Road, Victoria BC Canada V8W5C2; Fax: (250) 472-4620; chapman@uvic.ca 

Abstract: At low frequencies less than about 300 Hz, ambient noise in the ocean is 
dominated by shipping noise.  This paper addresses the issue of the trend in low frequency 
ambient noise levels in the ocean, and presents measurements of ambient noise and 
vertical and horizontal noise directionality at sites in the North Pacific Ocean from 1978-
1986.  The measurements were made using a calibrated multi-element volume array 
(MEVA) that consisted of 16 hydrophone channels separated into a vertical line array of 
10 or 12 elements, and a horizontal planar array of 6 or 4 elements. The system provided 
spectrum levels, and horizontal and vertical directionality of low frequency ambient noise 
from 10-400 Hz.  Some of the measurement sites were located in deep water several 
hundred kilometers offshore, and others were closer to the coast of western North 
America.  The coastal sites show the influence of merchant shipping into Vancouver and 
Seattle through the Strait of Juan de Fuca, and fishing activity off Vancouver Island.  
Compared to the 1960s ambient noise levels, the deep ocean noise measurements show an 
increase of 6-8 dB between 10-50 Hz, and 1-3 dB from 50-400 Hz.  The data presented 
here provide evidence that the trend predicted by Ross extended at least into the mid 
1980s. 

Keywords: ambient noise, low frequency, marine mammals, noise directionality, vertical 
and horizontal array 
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1. INTRODUCTION 

Concern about effects on marine life of anthropogenic sound generated by sources such 
as ships, seismic exploration, naval operations and ocean acoustic research has stimulated 
new studies of marine bioacoustics and the ambient noise background in the oceans.  The 
central focus of research is to understand the impact of noise on marine animal behavior.  
An underlying issue in assessing the noise impact is the question of comparing the 
background noise level at the present time to noise levels from previous times. 

At low frequencies, < 300 Hz, ambient noise in the ocean is dominated by noise 
generated by shipping.  Since the 1960s, the number of ships has nearly doubled and the 
vessel size and propulsion power have generally increased.  Not surprisingly, ambient 
noise levels have correspondingly increased over the same period.  Because the shipping 
activity is an indication of international trade, it has been suggested that the noise level in 
the ocean can be used as a measure of global economic growth1. 

The most generally accepted prediction of noise level trend at low frequencies is due to 
Ross2,3, who used noise levels from the 1950s and data published by Wenz4 from the mid 
1960s to predict an increase of about 3 dB/decade, or 0.55 dB/yr.  Recent studies by 
Andrew et al.5 and McDonald et al.6 using decommissioned navy arrays off the California 
coast at Point Sur and an autonomous acoustic recording system near San Nicolas Island, 
respectively, have been carried out to relate present day noise measurements to the 
predicted trend, using the Wenz4 data as reference values.  However their studies address 
only the magnitude of the increase in noise level between the two times, and do not 
provide information about the rate of change in the intervening years. 

This paper reports on the trend in low frequency ambient noise levels in the ocean, and 
presents measurements taken in the intermediate years between the Wenz4 data and the 
present time.  The measurements were made using calibrated hydrophone arrays at deep 
ocean sites in the Northeast Pacific from 1976 to 1986.  The data provide evidence that the 
trend predicted by Ross2,3 extended at least into the early 1980s, but afterwards the 
increase in noise level has been more gradual. 

2. AMBIENT NOISE MEASUREMENTS 
 
Noise measurements were made at several sites in the Northeast Pacific Ocean in 

surveys designed to characterize the low frequency ambient noise background. The site 
locations and environmental descriptions are listed in Table 1.  Sites „78, „80, and „86 were 
located in deep water, sites „84(2) and „85(1) were in deep water closer to the coast, and 
sites „84(1) and „83(1) were located on the continental shelf in shallow water, 

  The noise data were recorded by a Multi-Element Volume Array (MEVA) that was 
designed and built at the Defence Research Establishment Pacific.  The system consisted 
of a 6-element horizontal hexagonal planar array with a diagonal length of 2 m through the 
array centre, and a 10-element vertical line array (VLA) with hydrophones spaced at 6 m 
intervals suspended directly below the horizontal array7.  The arrays were deployed from 
the monitoring ship, CFAV Endeavour, so that the horizontal array was suspended near the 
sound channel axis at a nominal depth of 330 m. 

The MEVA was designed to provide reliable measurements of the noise level and 
directionality over the frequency band from 10-400 Hz.  Mechanical decoupling from the 
sea surface motion was achieved by a two-stage suspension system comprising a damper 
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plate and a sub-surface float that suspended the arrays and was connected to the damper 
plate by a neutrally buoyant line (Fig. 1).  The damper plate was suspended beneath a 
surface float from a cable that included a distributed buoyancy system at the sea surface.  

 
Site Latitude 

(N) 
Longitude 

(W) 
Start Time End Time Water 

Depth 
Array 
Depth 

„78 46° 30‟ 143° 30‟ 16/08/1978 19/08/1978 4400 m 380 m 
„80 51° 30‟ 136° 14/07/1980 17/07/1980 3500 m 380 m 

„83 (1) 48° 12‟ 125° 53‟ 19/06/1983 19/06/1983 600 m 318 m 
„84 (1) 48° 57‟ 126° 45‟ 09/06/1984 12/06/1984 500 m 110 m 
„84 (2) 48° 24‟ 127° 31‟ 05/06/1984 08/06/1984 2600 m 340 m 
„85 (1) 48° 16‟ 128° 15‟ 22/04/1985 24/04/1985 2500 m 340 m 
 

Table 1. Site locations, durations of measurements and experimental conditions. 
 

Heading and orientation of the horizontal array were monitored by a compass and tilt 
meters on the array frame. The acoustic data were digitized at a sampling rate of 1500 
samples/s using 12-bit analogue-to-digital conversion in a sub-surface electronics unit, and 
the digital data were subsequently transmitted to the monitoring ship by a radio frequency 
link from the surface float.  The hydrophone sensitivity was -187 dB re 1 Volt/Pa, and 
the calibration of the data acquisition system was known to within 1.0 dB over the 
measurement frequency band. 

  
   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 

 
 

Fig.1.  Schematic diagram of the MEVA system. 
 

Noise measurements were made regularly every 4–6 hours during „silent‟ periods when 
the ship power was shut off for about 30 minutes and the recording system was operated 
from batteries on the ship.  The deep ocean data reported here comprise 13 silent periods 
over 3 days in August 1978, 15 silent periods over 4 days in July 1980 and 11 silent 
periods over 3 days in June 1986.  The measurements include day- and night-time 
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conditions, and ocean wind speeds from 1-8 m/s.  The data excluded any periods where 
there was evidence of nearby ships or distant seismic survey from either the vertical or 
horizontal directionality data.   

3. DEEP OCEAN AMBIENT NOISE TRENDS: 1965-PRESENT 
 
The MEVA measurements are reported as single hydrophone spectral levels in dB re 

1Pa/Hz for third octave bands centred at specific frequencies.  Mean spectral levels were 
obtained from one-minute averages of noise data from each VLA hydrophone, and these 
were averaged over all the silent periods from each site.  The results for the two sites are 
plotted versus frequency in Fig. 2.  For comparison, the Wenz4 data from 1965 and the 
1994-2001 measurements of Andrew et al.5 from the Point Sur site are also plotted to 
represent limiting values of ambient noise in the Northeast Pacific between 1965 and the 
present time.  The MEVA values are generally within 1-2 dB at each frequency, and they 
lie roughly in the mid-range between the two other sets.  Compared to the 1965 values, the 
MEVA values are 6-8 dB greater between 10-50 Hz and 1-3 dB greater from 50-400 Hz, 
respectively.  The standard deviation of the measurements reported here is small, around 1 
dB for the band dominated by shipping (10-100 Hz).  At higher frequencies where the 
impact of noise due to sea surface winds is greater, the data set is limited by the small 
number of measurements and the seasonal bias.  For the 1978 data, the mean wind speed 
was 6 m/s, whereas in 1980 the mean wind speed was 4 m/s.  The higher levels for the 
1978 data above 100 Hz are likely due to the generally higher wind speeds. 

 

 
 

Fig. 2.  Noise level in 1/3 octave bands: (+) 1978 MEVA; (x) 1980 MEVA.  The solid 
triangles show the recent measurements by Andrew et al.5 at Point Sur, and the open 

circles show the 1965 noise levels from Wenz4 
 

The spectral levels from the three data sets for the band centred at 31 Hz are 
plotted versus year in Fig. 3 to display the trend in low frequency noise values due to 
shipping.  Assuming the predicted increase of 0.55 dB/year, the MEVA data are consistent 
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with the Ross trend2,3, and the figure shows that the trend persisted at least to around 1980.  
Over the remainder of the century the increase in noise level is only about 5 dB, 
corresponding to a slower trend of ~0.25 dB/yr.   The 1986 noise levels are consistent with 
the more gradual trend starting around 1980.  The decrease in noise trend was suggested 
by Ross3 who reasoned that factors such as better design of propulsion systems and 
economic conditions affecting the price of oil would contribute to a reduced rate of noise 
level increase. 

Another comparison of noise levels can be made using the results of McDonald et al.6 
from their analysis of the ambient noise measured at the San Nicolas Island site.  The 
noise levels at this site are consistently lower than those at Point Sur by about 10 dB in the 
low frequency shipping band, but the increase over the time from 1965 is about the same 
at each site.  The lower levels at San Nicolas may be due to its greater distance from the 
northern shipping lanes, or local conditions that affect the coupling with the sound 
channel.  McDonald et al. obtain a trend of 0.3 dB/yr. increase in noise level since the 
1965 measurements6.  This value is similar to the more gradual trend derived from the 
MEVA data for the period from 1980. 

 

 
 

Fig. 3.   Noise measurements for the 1/3 octave band at 31 Hz.  The closed circles are 
the deep ocean MEVA data; the solid triangle is the result from Andrew et al.5 and the 

solid square is the Wenz4 measurement from 1965.  The broken line is the Ross2 predicted 
trend of 0.55 dB/yr, and the dotted line shows a more gradual trend of 0.25 dB/yr. 

4. DEEP OCEAN NOISE DIRECTIONALITY 

4.1. Vertical Directionality 
 
Vertical directionality of the MEVA data was reported previously in connection with 

measurements of noise level due to sea surface winds7.  For all the data reported here, the 
vertical directionality at the deep ocean sites was dominated by the high intensity 
„pedestal‟ at small angles that is characteristic of distant shipping noise propagated at 
shallow angles in the sound channel. There are two mechanisms that can account for the 
high intensity at shallow propagation angles in low frequency deep ocean noise.  Sound 
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from surface ships is coupled to the sound channel by downslope conversion that occurs at 
continental margins where steep-angle bottom-interacting rays from ships transiting over 
the continental slope are converted to shallow angle paths8-10 that propagate sound 
throughout the ocean basin with relatively low loss.  Consequently, the noise observed at 
deep ocean sites is generated by distant ships entering and leaving major ports along the 
coast.  In the Northeast Pacific, another effective source of sound in the sound channel is 
due to ships at high latitudes.   The shipping lanes between Asia and North America 
follow great circle routes that pass through high northern latitudes where the axis of the 
sound channel is relatively shallow.  The sound from surface ships is coupled efficiently 
into the sound channel at the high latitude portions of the great circle routes.  Bannister11 
has also suggested that low frequency sound generated at the surface by wind is also 
efficiently converted into the shallow sound channel at high latitudes, so both types of 
sources may contribute to the low-angle noise pedestal by this mechanism. However, it is 
also possible that the high latitude wind noise and also surf noise generated by breaking 
waves at the Aleutian Island chain is coupled into the sound channel by downslope 
conversion along the island chain. 

4.2 Horizontal Directionality 
 

Horizontal directionality of the noise at each site was determined using the horizontal 
planar array.  The data were processed to obtain superdirective cardioid beams from first 
order pressure gradients between pairs of hydrophones on opposite sides of the array.  The 
beam function, )(0 Y , in the zero degree look direction for a plane wave of wavenumber k 
arriving at an angle   is given by 

  
0
100

0 )( GGWY  ,        (1)   

where W0  is a complex weight (taken as 3ik ), and G0 and G1 are the 0th and 1st order 
gradients, respectively.  Assuming that the noise sources are distant, 60 G , and 

cos20
1 kiG  .  The intensity in the beam, )(0 B , is then 

 
220 )cos(4)(   kB .      (2) 

The parameter  was taken as 0.5 in forming the beams, and the beam intensity was 
normalized to a single hydrophone by dividing by 2

06W .   

The superdirective pressure gradient beam processing provided bearing information 
over the band between 30-250 Hz.  A total of 6 evenly spaced beams were formed from 
the 6-element array in the primary look directions of 0, 60, 120, 180, 240 and 300°, and 
intermediate first order gradient beams were derived using the two nearest gradients in the 
primary directions.  

Horizontal directionality for the shipping noise is shown in Fig. 4 using the 1/3 octave 
band at 31 Hz for each site.  The 1978 data show highest intensity towards the east and 
northwest.  The eastern direction is consistent with the expected source of deep ocean 
shipping noise due to down slope conversion at continental margins off the west coast 
ports of North America (San Francisco, Los Angeles, Vancouver/Seattle).  The northwest 
direction points towards the Aleutian Islands where sound from ships traversing the 
northern great circle route would be coupled efficiently into the sound channel. 
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Fig.  4.  Horizontal directionality for 1/3 octave band noise data at 31 Hz: (A) – 1978 

data; (B) – 1980 data.  The centre of each scale is 75 dB re 1 Pa/Hz, and each ring 
increased by 5 dB.  The solid line in each panel points to the high latitude noise sources, 
and the broken line to the west coast noise sources from each site. 

 
For the 1980 site (4(B)) which is ~10° farther north, the highest sensitivity is towards 

the northwest, consistent with conversion from high latitude sources. Figure 5 shows the 
low-frequency noise directionality in 1/3 octave bands from 31–250 Hz.  At all 
frequencies within this band, the highest levels are from the northwest.  This observation 
may be explained by the Bannister model related to the efficient conversion of distant 
shipping or wind noise at high latitudes11.  However, it may also be explained by 
downslope conversion of broadband noise generated by surf along the coasts of the 
Aleutian Island chain.  

5. COASTAL OCEAN NOISE SITES 
 

The 1/3 octave band ambient noise levels from the 1983–1985 measurements listed in 
Table 2 are approximately 10–14 dB higher than expected over the low frequency band 
from 40–400 Hz.   All these sites are within a few hundred kilometers of the west coast of 
British Columbia and Washington, and two (83(1) and 84(1)) are in shallow water on the 
continental slope.   The most reasonable explanation for the increase is the proximity of 
these sites to the continental slope, and the heavy shipping traffic transiting over the 
continental slope near the mouth of the Strait of Juan de Fuca.  The strait is the entrance 
water way to the major west coast ports of Vancouver and Seattle.  Analysis of vertical 
noise directionality of the two shallow water sites by Scrimger et al.12 indicated the 
presence of nearby shipping in the data.  Both the deeper water sites near the coast show 
high intensity levels at small angles due to down slope propagation of shipping noise from 
the continental shelf.   In addition, the ship‟s log record notes that sound sources from a 
seismic survey were detected in several of the measurements at site 84(2)12. This can 
account for the generally higher levels for that data set.  The west coast of Vancouver 
Island is also heavily used by small pleasure craft and fishing boats.  The noise from these 
smaller vessels is generally strongest at higher frequencies (> 100 Hz) than those for the 
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larger merchant ships.  The noise directionality data from the planar array indicated 
stronger levels in the easterly directions for all the measurements at the coastal sites. 

 
 

Fig. 5. Noise directionality for 31 Hz 1/3 octave band data from 1980 site: (A) – 31 Hz ; 
(B) – 62 Hz; (C) – 125 Hz; (D) – 250 Hz.  The noise level is shown for the center of the 

scale at each frequency, and the level increases by 5 dB at each ring.  The solid line points 
to the high latitude noise sources in the northwest. 

 
Frequency 

(Hz) 
1978 APL-1995 1983 (1) 1984 (1) 1984 (2) 1985 (1) 

40 87 91     
50 86.5 90 93 93.4 96.5 94 
100 79.1 80 85 86.8 87.6 85 
200 69.3 75.5 82 81.2 83.3 78 
400 66.0 70 78 76.5 78.5 76 

 
Table 2: Coastal Ocean Sites Noise levels in dB re Pa/Hz 

 

6.    SUMMARY AND CONCLUSIONS  
 
Ambient noise data from deep water sites in the Northeast Pacific Ocean between 1978 

and 1986 provide new information about the low frequency noise level increase in the 
latter part of the 20th century.   The measurement system, a combined vertical line and 
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horizontal planar hydrophone array, was fully calibrated and the measured noise levels are 
characteristic of distant shipping noise in the Northeast Pacific.   The measurements 
indicate that the trend of 0.55 dB/yr predicted by Ross2,3 persisted until at least around 
1980.  Afterwards, the increase per year was significantly less, about 0.25 dB/yr.  Noise 
levels at sites closer to the west coast were significantly higher than the deep ocean noise 
levels, likely due to the high density of pleasure craft and fishing boats in the summer 
months during the surveys. 
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 RAIN NOISE IN THE DEEP OCEAN 

David R. Barclay, Michael J. Buckingham 

David R. Barclay, University of California, San Diego, Scripps Institution of 
Oceanography, Marine Physical Laboratory, 9500 Gilman Drive, Mail Code 0238, La 
Jolla, CA 92093-0238, United States 
dbarclay@mpl.ucsd.edu 

Abstract: Measurements of rain noise were made in the Philippine Sea using the 'Deep 
Sound' acoustic recorder.  The recordings were made with a bandwidth 5 Hz - 30 kHz on 
two vertically separated phones as the instrument made the return trip from the surface to 
a depth of 5 km.  The deployment time was six hours, during which several rainstorms 
passed over the instrument.  Spectra calculated from rain noise measurements were 
recorded at several depths, including near the sound channel axis, above and below the 
reciprocal depth and at 5 km.  The coherence between hydrophones was used to calculate 
the directionality of the ambient noise field, found to be dominated by the surface 
generated rain noise.  (Work supported by ONR) 
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Quantifying Physical Processes in the Marine Environment using Underwater 
Sound 
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Abstract: Many physical processes in the marine environment generate underwater sound.  
These sounds are often recognizable by their spectral or temporal characteristics.  By training 
an underwater recorder to first classify the sound source, quantifiable measurements of the 
physical processes can be made in real time, and reported as interpreted data, rather than just 
sound levels.  An objective acoustic classification procedure is presented.  Examples from 
different marine environments including deep ocean, coastal waters, under sea ice cover, in a 
tidewater glacier bay, and from a submarine groundwater spring are presented.  These 
measured sounds are interpreted as, for example, wind speed, precipitation, sea ice type, flow 
rate, etc...  These examples demonstrate that remote acoustic monitoring of the ocean 
environment will produce quantitative measurements of physical processes that will be 
continuous, in near real time, and from times and locations where it is difficult or impossible to 
make such measurements by more conventional methods.   
 
Keywords: ambient sound, acoustic classification, wind speed, rainfall rate, ice coverage, 
passive acoustic monitoring 
 

1. INTRODUCTION 
Monitoring underwater sound in the marine environment has become a new international 

mandate [1].  In addition to the direct measurements of sound levels, the interpretation of the 
sound can be used to identify the sources of the sound, and to quantify the processes producing 
it.  Sound in the ocean is generated by physical processes such as wind, rainfall, sea ice, seismic 
activity, biological activities such as marine mammal vocalizations, fish and crustacean sounds, 
and anthropogenic activities including shipping, construction, sonars, fishing, mineral 
exploration, etc…  All of these different sounds have spectral and temporal characteristics that 
allow them to be identified.  This classification process needs to be automated so that 
information derived from passive acoustic monitoring can be efficiently transmitted to users, 
many of whom are not interested in the original sound signals, but in the quantification of the 
processes producing the sound. 
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Figure 1 shows a typical time series of ambient sound in the marine environment.  
Different processes producing sound have different time scales, and so the time record can be 
thought of as a series of acoustic events imbedded in a background sound field.  In the frequency 
range from a few hundred Hertz to tens of kilohertz, most of the biological and anthropogenic 
sounds have very short time scales, or order seconds, whereas geophysical processes producing 
sound such as wind, rain and sea ice have time scales of minutes to hours.  This paper focuses on 
the geophysical sound sources, and treating them as the product of background ambient sound 
signals.  From this background ambient sound, sound budgets for different marine environments 
and locations can be produced [2,3].   

 
 Fig. 1:  A 20-day ambient sound record (a) from Athos in the northern Aegean Sea.  A slowly 
varying background sound is punctuated by shorter duration acoustic events such as rain storms, 
ship passages, whale vocalizations, etc…  The geophysical interpretation of the sound record (b) 
is the desired product for many users.  Classification includes the detection and removal of 
noises, such as ships, and then the subsequent quantification of the physical processes producing 
the sound.  Note that the surface anemometer on this mooring failed on Day 358, but the 
acoustical wind speed measurement continued throughout the duration of the deployment. 

 
2. RECORDING EQUIPMENT 
 Passive acoustic monitoring (PAM) instruments are becoming technically accomplished.  
High bandwidth and high sampling rates are now possible for longer and longer periods of 
deployment.  With this capacity, lots of data – even of the order of terabytes – are available for 
analysis.  Unfortunately, the reality of so much data is the challenge of processing it in a timely 
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manner, or transmitting it to shore from remote locations.  In fact, for many applications it is 
really the interpretation of the acoustic data as geophysical quantities, biological activities or 
human activities that is of greater interest than the original acoustic record.  Furthermore, if one 
is interested in the background acoustic signal, then a low-duty cycle recorder, sub-sampling the 
environment is a more practical recorder to deploy. 

The data reported here are from a low duty cycle (~ 1%), high bandwidth (50 kHz), low-
noise recorder known as a Passive Aquatic Listener (PAL).  These instruments are designed for 
low-term deployment (over 1 year is possible) as autonomous instruments on surface or sub-
surface ocean moorings, both deep water and coastal, either with other instruments on the same 
mooring or as dedicated acoustic moorings [4,5].  The PAL electronics has also been deployed 
on autonomous drifters [6].  The data recorded are not the temporal time series (at 100,000 Hz), 
but rather spectral components of the sound samples, producing a time series of spectral 
components with a time step determined by the duty cycle, i.e., one sample every few minutes.   
 

3.  CLASSIFICATION ANALYSIS 

 3.1 Open water 

  A critical component of the quantitative use of the ambient sound field to describe the 
marine environment is the identification of the sound source.  This analysis depends on the 
assumption that different sound sources have unique spectral characteristics that allow 
identification through multivariate analysis of spectral parameters, such as sound levels at 
various frequencies and spectral slopes in various frequency bands.  This process is illustrated in 
Fig. 2.  Different combinations of spectral parameters have been plotted with respect to one 
another for a 20-day period at the Athos PAL mooring (Fig. 1).  Several categories of sound 
sources are identified in their generic position on each subplot.  Two or three categories of 
precipitation are recognized (drizzle, heavier rain and very heavy convective rain), and two or 
three categories of ship noise (close ships, distance ships and distance ships during very calm sea 
conditions). Wind generated locus is highlighted and can be thought of as a continuous locus of 
data spanning a range of wind speeds from 3-15 m/s.  The combination of 8 kHz and 20 kHz (B) 
is most useful for separating wind source from precipitation, but shipping signal are often 
ambiguous with the wind/rain source.  In contrast, the shipping signal is better detected using 2 
kHz and 20 kHz (A), although heavy rain and loud close ships are still ambiguous.  Comparing 
the spectral slope from 2 – 8 kHz with the sound level at 8 kHz (C) allows heavy rain and close 
ships sources to be identified.  Using the slope between 8 – 15 kHz (D) easily identifies drizzle 
sound sources.  Additional temporal characteristics can also be considered, and are useful for 
identifying very short calls, clicks or banging, allowing these “noises” to be detected, identified 
and removed, or quantified for other users for whom these noises are their signal. 
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Fig. 2:  Scatter plots of acoustic parameters using (A) 2 Hz vs 20 kHz; (B) 8 kHz vs 20 kHz; (C) 
8 kHz vs 2-8 slope; (D) 8 kHz vs 8-15 slope.  Data acquired from the Athos mooring PAL for 
Days 350-370 of 2008, with the wind sound source data highlighted in red.  The units are dB 
relative 1 μPa2Hz-1 for sound level and dB/decade for spectral slope. 

 
From these diagrams, multivariate classification tests can be established (see Appendix).  

Once the sound sources categories are safely identified, quantitative algorithms can be applied 
(Fig. 1b).  Algorithms for wind speed and rainfall rate are given by: 
1)  Wind speed algorithm: 

      (1) 

where U is wind speed (m/s), SPL8 is the sound level at 8 kHz (dB relative to 1 µPa2 

Hz-1) and the coefficients are [.0005; -0.0310; .4904; 2.0871], respectively.   

2)  Rainfall rate algorithm: 

15010 )(log bSPLbR       (2) 

where R is rainfall rate (mm/hr), SPL5 is the sound level at 5 kHz (dB relative to 1 µPa2 

Hz-1) and the coefficients are [.0325; -1.4416], respectively (from [7]).   
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 3.2 Sea Ice 

 
Fig 3:  Sea ice classification diagrams for data from the Bering Sea.  Different ice conditions 
(melting, solid, freezing, storm at ice edge, open water) were present during the ice season and 
have different spectral characteristics.  The cluster of black dots in the “open water” category 
are from a brief time period (a few hours) in the middle of the ice season when open water was 
known to be present at the mooring site [8].  The “open water” category is from before the onset 
of sea ice at the mooring location.  Data from Icy Bay, Alaska, an ice covered tidewater fjord, 
show different spectral features, distinguishing its soundscape from the Bering Sea ice 
soundscape . 
 
 Sea ice is another major source of underwater sound in ice covered seas.  Physical 
processes associated with sea ice and sound generation include the screeching sound of ice floes 
rubbing together as the ice freezes, the banging of ice floes in storms, the fizzing of ice as it 
melts, and the relative quiet (at frequencies over 20 kHz) of solid ice coverage.  In addition to 
these physical sounds, marine seals and whales contribute a colorful sound chorus, at least in the 
Bering Sea where the data from Fig. 3 were collected.  Fig. 3 shows that these physical processes 
have very distinctive spectral characteristics and these features can be used to identify the surface 
ice conditions (from below the ocean surface).  This, in turn, suggests that it is possible to listen 
for open water, which could then be used to allow sub-surface instrumentation to surface safely.  
In Fig. 3, the acoustic detection of open water in the middle of the sea ice season is shown by the 
cluster of black points in the middle of the “open water” data cluster.  The ice pack was known to 
have retreated to the north at this time [8].    
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3.3 Tidewater glacial bay 
Monitoring glacial activity, especially the discharge of fresh water into the ocean from 

tidewater glaciers (ones that flow directly into the ocean), is very difficult.  The temporal record 
of ambient sound generated by glacial processes is being explored in Icy Bay, Alaska.  The 
spectral characteristics of the sound recorded at Icy Bay near the Yhatse Glacier are shown in 
Fig. 3.  The remarkable comment is that the sound levels are very high, and variable, and clearly 
different than sea ice acoustic spectra.  The interpretation of this signal is uncertain [9]. 
 

 3.4 Submarine freshwater spring 

Fig 4:  Ambient sound from a marine freshwater spring in Stuopa, Greece.  Sound levels are 
shown together with flow rate (cm/s) at the head of a submarine fresh water spring near Stoupa, 
Greece [10]. 
 
 Another example of using ambient sound to monitor physical processes in the marine 
environment is shown in Fig. 4.  Fresh water springs discharge into the coastal marine 
environment near Stoupa, Messinia, Greece.  The acoustic signal shows that the sound levels 
change as the flow rate changes, but not in a predictable way.  As the flow rate decreases on Day 
170, the sound levels increase! [10] 
 

4. CONCLUSIONS 
 The background ambient sound in the marine environment contains quantifiable 
information about the physical processes producing the sound.  By first classifying the sound 
source, geophysical summaries of these processes can be produced (Fig. 1).  This will allow real-
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time reporting of geophysical data from remote, and potentially difficult, locations using passive 
monitoring of ambient sound as a primary measurement technology.   An algorithm for the 
acoustic classification of typical open water sound sources is presented, and quantitative 
algorithms for wind speed and rainfall rate are given.  Classification diagrams for ice coverage 
are also presented and show the potential for ice type classification.  Other examples include 
sounds from a tidewater glacier fjord (Icy Bay, Alaska) and from a submarine freshwater spring 
near Stoupa, Messinia, Greece.   
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APPENDIX: An automated classification algorithm for sound sources in open water 

Shipping categories: 
Close ship passage if: SPL8 > 60 dB and SLOPE2-8 < -18 dB/decade 

Distant shipping if:  (SPL20 <0.93*SPL2 - 16.5 & SPL2 <63) or (SPL20 < -0.2448*SPL2
2 + 31.9*SPL2 - 996 & 63 dB 

< SPL2 < 68 dB) & SLOPE2-8 kHz < -18 dB/decade 

Distant shipping if: (SPL2 > 65 dB & SPL2 < 80 dB & SPL20 > -0.09*SPL2
3 + 12.18*SPL2 -363 & SPL20 < SPL2 - 

17) & SLOPE2-8 kHz < -18 dB/decade) 

Biological categories: 
Whale echo location clicking if : SPL30 > SPL20 & SPL30 > 38 dB 

Rainfall categories: 
Medium rain (stratiform) if: SPL20 > SPL5*.75 + 5 & SPL5 ≤ 70 dB 
Heavy rain (convective) if: SPL8 > 60 dB & SLOPE2-8 kHz > -18 dB/dec & SPL20 > 45 dB 
Drizzle if: SPL8 < 50 dB & SLOPE8-15 > -5 dB/decade & SPL20 > 35 dB & SPL20 > SPL8*.9 dB 
Rain with high winds if: (SPL20  > -0.1144*SPL8

2  + 12.728*SPL8  - 307) &  (SPL20  < -0.1 *SPL8
2 + 11.5*SPL8 -

281)  &  51 dB  < SPL8 < 64 dB  & SLOPE2-8 kHz > -18 dB/decade 
 

Wind categories: 

Wind if: SPL2 < 65 dB & SPL20 < 0.73*SPL2 + 1.3 & SPL20 > 0.93*SPL2 -16.5 

 High winds (with unresolved shipping noise) if:  SPL2 > 63 dB & (SPL20 > -0.2448*SPL2
2 + 31.9*SPL2 - 

996 & SPL2 < 68 dB) & (SPL20 < -0.09*SPL2
2 + 12.18*SPL2 - 363) 

A hierarchy of classifications is applied.  First the shipping and biological categories are 
determined.  These samples are removed, and then the rainfall categories are selected.  Finally, 
the remaining samples are tested for wind. 
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DESIGN OF ACOUSTIC LENS BEAMFORMER FOR AMBIENT 
NOISE IMAGING AND PRELIMINARY RESULTS OF TARGET 
DETECTION IN ACTUAL OCEAN TRIAL USING PROTOTYPE 

SYSTEM 

Kazuyoshi Moria, Hanako Ogasawaraa, Toshiaki Nakamuraa, Takenobu Tsuchiyab, 
Nobuyuki Endohb 

aDepartment of Earth and Ocean Sciences, National Defense Academy of Japan, 1-10-20 
Hashirimizu, Yokosuka, Kanagawa 239-8686, Japan 
bDepartment of Electronics and Informatics Frontiers, Kanagawa University, 3-27-1 
Rokkakubashi, Kanagawa-ku, Yokohama 221-8686, Japan 

Kazuyoshi Mori: Fax: +81-46-844-5902. Email: kmori@nda.ac.jp 

Abstract: In this study, an aspherical lens with an aperture diameter of 1.0 m was 
designed for utilization in an actual ocean trial of Ambient Noise Imaging (ANI). It was 
expected that this smallest-sized ANI system in the world would realize directional 
resolution, which is a beam width of 1 degree at the center frequency of 120 kHz. We 
analyzed the sound pressure distribution focused by the designed lens using the 3-D Finite 
Difference Time Domain method. The frequency dependence of the -3 dB area was 
compared between 120 kHz and the higher or lower frequency. The analysis results 
suggested that the designed lens has fine directional resolution over the center frequency 
of 120 kHz. We measured the directivity of the designed lens on an actual ocean trial in 
Uchiura Bay on November of 2010. It was verified that the prototype ANI system with this 
lens realizes the sufficient directional resolution. Our final aim is imaging silent target by 
natural ambient noise using the designed lens. In preliminary results of the target imaging 
trials conducted at the same time, we detected some silent targets under ocean natural 
ambient noise, which was mainly generated by snapping shrimps, using this prototype 
system successfully. 

Keywords: Ambient noise imaging, Acoustic lens beamformer, Actual ocean trial 
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1. INTRODUCTION 

In a traditional sonar system, target detection is hindered by ocean ambient noise, as 
noises distort and mask the sound characteristics of target signals. Buckingham et al. 
developed a radical idea, which views ambient noise as a sound source rather than a 
hindrance, and which is neither a passive nor an active sonar [1]. This method is often 
called ambient noise imaging (ANI), and some experimental systems incorporating ANI 
have been built. The Acoustic Daylight Ocean Noise Imaging System (ADONIS), 
consisting of a 3 m diameter spherical reflector with an array of 126 hydrophones attached 
to the focal surface, was built by Epifanio et al. [2]. Recently, the Remotely Operated 
Mobile Ambient Noise Imaging System (ROMANIS), consisting of a 2-D sparse array of 
504 hydrophones fully populating a 1.44 m circular aperture, was built by Venugopalan et 
al. [3]. Both systems successfully detected silent target objects under snapping shrimp 
dominant noises.  

An acoustic lens system could be a powerful choice for realizing ANI, because such a 
system would not require a large receiver array and a complex signal processing unit for 
two-dimensional beam forming, which could reduce the size and cost of the system. In our 
previous studies, we analyzed a sound pressure field focused by a single spherical 
biconcave lens or an aplanatic lens constructed for an ANI system using the finite 
difference time domain (FDTD) method. Our aim was to develop a lens with a directional 
resolution similar to the beam width of ROMANIS, which is 1 degree at a frequency of 60 
kHz. After analyses using the 2-D or 3-D FDTD method in the original scale and reduced 
scale experiments in a water tank, an aperture diameter of 2.0 m with sufficient resolution 
was determined [4-9].  

In this study, an aspherical lens with an aperture diameter of 1.0 m was designed for 
utilization in an actual ocean trial of ANI. We expected this ANI system would realize  
directional resolution, which is a beam width of 1 degree at the center frequency of 120 
kHz [10]. We analyzed the sound pressure distribution focused by the designed lens using 
the 3-D FDTD method. The frequency dependence of the -3 dB area was compared 
between 120 kHz and a higher or lower frequency. We also measured the directivity of the 
designed lens on an actual ocean trial in Uchiura Bay in November, 2010. Our final aim is 
to image a silent target by natural ambient noise using the designed lens. The preliminary 
results of the target detection trials conducted at the same time are described. 

2. DESIGN OF ACOUSTIC LENS BEAMFORMER 

The lens material was acrylic resin, as the sound speed of its longitudinal wave is well 
known from our previous studies. The refraction index was 0.54 between pure water and 
acrylic resin assuming a water temperature of 20 °C. The conditions for designing the lens 
were as follows. The object range is 50 m, and the focal length is 1.2 m. The center 
thickness of the lens is 10 mm. The separation between image points is greater than 20 
mm every 1 degree of incident angle because the diameter of the hydrophone is 10 mm 
and the width of its metal fitting is about 4 mm. The field of view is from -7 to +7 degrees. 
The lens shape and ray diagram are shown in Fig. 1 (a). The lens shape and image surface 
were optimized as aspherical surfaces by the commercial software “ZEMAX” for optical 
system design based on the ray tracing method. The -3 dB area obtained by the 3-D FDTD 
method, whose pressure is 3 dB lower than the maximum pressure at the image point, was 
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used for evaluating the directional resolution of the lens. The -3 dB areas are shown in 
Figs. 1(b)-1(d). In Fig. 1(c) at the center frequency of 120 kHz, we can see that each -3 dB 
area has a width of about 0.016 m. In Fig. 1(d) at 160 kHz, each -3 dB area is smaller than 
that at 120 kHz, and the width is about 0.012 m. Whenever the incidence angle increases 
by 1 degree, the image point shifts to the right by about 0.021 m. The -3 dB areas do not 
overlap each other in Figs. 1(c) and 1(d). These results suggest that the designed lens has 
fine resolution over 120 kHz. However, in Fig. 1(b) at 80 kHz, each -3 dB area is larger 
than that at 120 kHz, and the width is about 0.024 m. The directional resolution with a 
beam width of 1 degree cannot be realized under 120 kHz, because the -3 dB areas overlap 
each other in Fig. 1(b) at 80 kHz. 

 
 

0 deg 
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Lens Image  
Surface 

Focal Length: 1.2 m 

1.0 m 
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x 

 
(a) 

 
(b) 
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θ = 0, 1, … , 7 deg 
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Fig. 1: The designed acoustic lens and -3 dB areas. (a) lens shape and ray diagram,  

(b) -3 dB area at 80 kHz, (c) -3 dB area at 120 kHz, (d) -3 dB area at 160 kHz.  
In (b)-(d), the horizontal axis corresponds to the x-axis in (a), the vertical axis 

corresponds to the z-axis in (a), and the unit is in meters. Here, θ  is the incident angle. 

3. PRELIMINARY RESULTS ON ACTUAL OCEAN TRIAL 

The measurements of directivity of the designed lens were conducted in an actual ocean 
from November 8-13 of 2010. The equipment was deployed through the barge “OKI 
SEATEC II”, which was moored at Uchiura Bay. The water depth at this location is a 
nominal 30 m. The experimental setup is shown in Fig. 2. The prototype imaging system 
constructed with the acoustic lens and hydrophone array were suspended from the end of 
the barge. Here, fifteen hydrophones corresponding to the angles of look directions of -7,  
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-6, …, +7 degrees were arranged on the positions of Fig. 1(c) extended symmetrically. 
Focusing any object range is achieved by shifting the hydrophone array from 1.0 to 1.5 m 
at the origin, which is the center of the lens. A spherical sound source with a diameter of 
22 mm was suspended from the other end of the barge, and radiated a sinusoidal wave of 
120 kHz (the pinger of Target A). By using a spherical element of a piezoelectric 
ceramics, the sound source has a nearly perfect omni-directionality on the horizontal and 
vertical direction. The distance between the lens center and the source was about 30 m. 
The angle beam patterns were measured by rotating the shaft suspending the lens with a 
servomotor. The center axis was aligned by adjusting the rotation angle and by shifting the 
hydrophone array so that the amplitude voltage of the hydrophone output corresponding to 
0 degree of the angle of look direction is maximized. Each hydrophone output was 
recorded while the lens was rotated so that the angle of look direction was varied from -9 
to +9 degrees every 0.2 degree. Figure 3 shows the angle beam patterns at 120 kHz. We 
can see that each peak corresponds to each angle of the look direction. It was verified that 
the designed lens has a beam width of 1 degree because each main-lobe crosses with its 
neighbor at about -5 dB. It can be seen that some patterns are distorted because the lens 
and hydrophone array swung when the barge pitched and rolled by wave action. 
Additionally the side-lobe levels were comparatively large. Two reasons for this were 
suggested. One is that the electro-magnetic noise occurred by an inductive interference 
with the servomotor used in this experiment. The other possible reasoning is that mis-
focusing occurred by shifting the hydrophone array. 

Some silent targets were detected by using only ambient noise mainly generated by 
snapping shrimps in this trial at the same time. Examples of the target detection are shown 
in Fig. 4. Here, Target B is focused by shifting the hydrophone array so that the amplitude 
voltage of the hydrophone output corresponding to -6 degrees of the angle of look 
direction is maximized. The subtraction between the spectra at on-target and those at off-
target is shown in Fig. 4(a). We can see that the subtraction level at about 135 kHz and at  
-6 degrees is about 3 dB greater than the others. It was thus verified that the scattering 
wave from Target B could be detected by this prototype imaging system. The spectra at 
the target direction are compared in Fig. 4(b). Between 120 kHz and 160 kHz, the 
spectrum level at on-target is greater than that at off-target. However, the component of 
Target A does not appeared in Fig. 4(a). This suggests that the designed lens has the effect 
of selective focusing to see any target range by shifting the hydrophone array. 

Target A
3 m x 1 m
0 deg.

15 m

Sea Bottom

1 2 3

Target B
1 m x 1.6 m
-6 deg.

Sea Surface

Barge (SEATEC II)

30 m
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Pinger for 
Alignment

Imaging 
System
(Lens and 
Hydrophones)

Motor for 
Rotation IIII

 
Fig. 2: Experimental setup. 
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Fig. 3: Beam patterns measured at an actual ocean trial. 
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Fig. 4: Examples of target detection at an actual ocean trial. (a) subtraction between 
spectra at on-target and those at off-target, (b) comparison of spectra at target direction. 

Here, Target B is focused. 

4. CONCLUSION 

In this study, we developed a prototype system of the ANI. First, an aspherical lens 
with an aperture diameter of 1.0 m was designed to realize directional resolution, which is 
the beam width of 1 degree at the center frequency of 120 kHz. The sound pressure 
distribution focused by the designed lens was calculated by using the 3-D FDTD method. 
The frequency dependence of the -3 dB area was compared between 120 kHz and a higher 
or lower frequency. The results showed that the designed lens has fine directional 
resolution over 120 kHz, as the -3 dB areas did not overlap each other. Second, the 
directivity of the designed lens was measured in an actual ocean trial in Uchiura Bay in 
November, 2010. It was verified that the prototype ANI system with this lens realizes  
sufficient directional resolution. Finally, the preliminary results of the target detection 
trials showed that some silent targets were successfully detected under natural ocean 
ambient noise, which was mainly generated by snapping shrimps, using this prototype 
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system. It was also suggested that the designed lens has the effect of selective focusing to 
see any target range by shifting the hydrophone array. 
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 ACOUSTIC SEAGLIDERS IN THE PHILIPPINE SEA 

Lora J. Van Uffelen, Bruce M. Howe, Glenn S. Carter, Eva-Marie Nosal 

Lora J. Van Uffelen, 1000 Pope Road, MSB 205, Honolulu, HI  96822, United States 
loravu@hawaii.edu 

Abstract: In November 2010, four acoustic seagliders were deployed in the Northern 
Philippine Sea in the vicinity of an acoustic tomography array as part of the ONR-
sponsored PhilSea10 project with the goal of characterizing this oceanographically 
complex and highly dynamic region.  The gliders were flown clockwise between the 
moored transceivers of the pentagonal tomography array with a radius of approximately 
330 km until their recovery in April 2011.   During this 5-month mission they collected 
oceanographic and acoustic data in the upper 1000 m of the water column. Temperature, 
salinity, and pressure data collected by the seagliders provide a time-evolving 
characterization of the sound-speed environment in the variable upper ocean between the 
transceivers.  The gliders are also equipped with an integrated Acoustic Recorder System 
(ARS).  The ARS was scheduled to record transmissions from each of the 6 moored 
acoustic tomography sources, measuring the arrival structure between the various 
moorings in order to near-continuously map the arrival pattern as a function of range and 
depth. The gliders provide travel time data for use in tomographic inversions, thus 
potentially serving as additional nodes in the tomography array and multiplying the 
number of acoustic paths in the network.  The gliders also collected ambient noise data 
during times when the sources were not transmitting. [Work supported by ONR.] 
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ACOUSTIC DOPPLER VELOCITY OBSERVATIONS FROM 
MOORED PROFILERS 

Peter J Rusello, Atle Lohrmann, Chris Malzone 

Peter Rusello, 222 Severn Ave, Building 14, Suite 102, Annapolis, MD  21403, United 
States 
pj@nortekusa.com 

Abstract: A Nortek Aquadopp High Resolution (HR) Profiler was mounted on two 
different moored profilers to measure water column velocity profiles. Deployments were 
made in the Puget Sound near Seattle, WA and the Atlantic Ocean near Halifax, Nova 
Scotia. The HR Profiler utilizes pulse coherent processing to provide low noise 
measurements with high spatial resolution (typically 1–5 cm range cell size). Operating at 
1 or 2 MHz with three independent monostatic acoustic beams, meaningful single ping 
velocity measurements are obtained suitable for a variety of calculations. Noise levels are 
several orders of magnitude below typical Doppler current meters and profilers. Each 
narrow acoustic beam transmits short acoustic pulses on the order of 10 microseconds. By 
utilizing a variety of coherent processing techniques, phase shifts of +/- 3pi can be 
detected. Coupled with sample rates up to 8 Hz and the small range cells, the system is 
ideally suited for velocity measurements from moving bodies such as moored profilers or 
gliders. Estimates of profiler motion needed to correct the measured velocities are made 
from pressure data and the measured velocities themselves. After correction, mean 
profiles of East, North and Up water velocities and the turbulence intensity are calculated. 
Velocity spectra are examined for structure associated with turbulence, namely the -5/3 
slope predicted for the inertial subrange. Initial results are compared to mean velocity 
estimates from acoustic travel time sensors normally mounted on moored profilers. There 
is good agreement between the two instruments. Power consumption is comparable to 
acoustic travel time sensors while providing richer data. In addition to the mean and 
turbulent velocity data, the HR Profiler also provides acoustic backscatter data suitable 
for tracking suspended particulates such as zooplankton. The two experiments discussed 
here show the potential for this type of instrument and deployment scenario. Future work 
includes adjusting the instrument setup to further reduce noise and optimize power 
consumption versus data resolution. Ongoing work integrating high resolution 
accelerometers into the instrument data stream will facilitate easier velocity corrections. 
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 MEASURING GRAVITY-DRIVEN FLOW IN A SUBMARINE 
CHANNEL BEND: DIRECT FIELD EVIDENCE OF HELICAL FLOW 

REVERSAL REVEALED BY ADCP 

Daniel R. Parsons, Jeff Peakall 

Daniel R. Parsons, Woodhouse Lane, LEEDS, LS2 9JT, United Kingdom 
d.parsons@leeds.ac.uk 

Abstract: Submarine meandering channels are conduits that transport gravity-driven fl 
ows and sediments into the deep sea. Such channel systems form distributive networks 
across submarine fans, ultimately forming the largest sedimentary deposits on Earth. 
Despite this, our understanding of fl ow processes and the sedimentary evolution of 
sinuous submarine channel systems remains poor, primarily due to a lack of, thus far 
elusive, direct fi eld observation and measurements of fl ows within submarine channel 
bends. In the absence of direct fi eld measurements, our understanding of these systems 
has necessarily been speculative, relying until very recently on bend fl ow theory derived 
from research in subaerial river channel bends. Although recent measurements and 
results from scaled laboratory experiments and numerical modeling of submarine channel 
bends have advanced our understanding of some of the relations between fl ows, forms, 
and the implications for sedimentary deposits, key results from this recent research have 
been contradictory. Notably, several studies have indicated that the helical fl ow 
structures within submarine bend flows closely match those found ubiquitously in 
subaerial river channels, while confl icting research has reported a reversal of this helical 
fl ow structure, with associated far-reaching implications for deep-sea sedimentology. 
This paper presents the fi rst direct three-dimensional measurements of the fl ow fi eld in a 
natural submarine channel bend.  The results, from a submarine channel bend on the 
Black Sea shelf, demonstrate for the fi rst time that a reversed helical fl ow structure can 
occur in seafl oor channel bends. Such fi ndings have major implications for process 
sedimentology in these environments, because the direction and strength of helical fl ow fi 
elds are known to impart a significant infl uence on cross-stream sediment sorting in 
bends and thus the stratigraphy of the deposits produced by these channel systems. 
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CONTINUOUS ACTIVE DOPPLER SONAR USING M-SEQUENCES 

Harry A. DeFerrari 

Harry DeFerrari, 4600 Rickenbacker Causeway, Miami, FL.  33149, United States 
hdeferrari@rsmas.miami.edu 

Abstract: Pulse compression gain for long period coded signals is only achieved against a 
noise background.  Reverberation or clutter has the same waveform as the signal so that 
little or no gain is realized by coherent processing. But, Doppler processing can be used 
to concentrate the clutter in one set of Doppler bins and the target returns in others thus 
shifting the detection background from reverberation-limited to noise-limited. M-
sequences work well for this approach. They have linear sensitivity in both time and 
Doppler and, more importantly they have a unique and exact correlation property that 
makes it possible to cleanly separate reverberation and leakage from noise for many 
practical applications and environments.  The simplest example of an active sonar 
application is for a fixed source and receiver in a barrier configuration.  Here the bottom 
reverberation from all directions has zero Doppler and is confined to a narrow zero 
Doppler ridge in the arrival time-Doppler plane.  Moving targets returns appear Doppler 
shifted pulse arrivals in a noise-only background. A signal processing approach for m-
sequences is presented that removes direct path and reverberation arrivals and their 
leakage in both time and Doppler leading to a clean reverberation free and noise-limited 
display.  Numerical simulations verify that the approach is exact. In turn, the numerical 
simulations are verified with real shallow ocean propagation data ocean data from basic 
research experiments that used m-sequences with fixed systems.  Extending the idea to 
moving platforms is complicated by the facts that Doppler depends on angle so that a 
separate processor is needed for each receiver beam. Coherence properties of ocean 
propagation channel, the fundamental nature of the bottom and surface reverberation may 
limit the performance in real applications.  These practical limitations, assumptions and 
approximations are discussed. 
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Abstract: The principles of seafloor imaging using Side Scan Sonars (SSS) and Synthetic 
Aperture Sonars (SAS) are well-described in literature. These sonar types are often 
extended for bathymetric mapping based on an interferometric approach. In general the 
prediction of water depth is based on the estimation of time delays between the received 
signals of at least two vertically displaced receivers. The environmental conditions 
promoting multipath propagation like shallow water will adversely affect bathymetric 
mapping. We carried out trials in the Baltic Sea in shallow and very shallow waters 
together with the Bundeswehr Technical Center for Ships and Naval Weapons, Maritime 
Technology and Research Using the ATLAS SeaOtter MKII autonomous underwater 
vehicle (AUV) with the ATLAS sonar demonstrator for interferometric measurements, 
experiments with different antenna parameters were carried out. We identify the 
coherence as an appropriate quality indicator not only for interferometric height 
estimation and thus bathymetric mapping, but also for evaluating the quality of SAS 
images. 

Keywords: interferometric sonar, shallow water, multipath 
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1. INTRODUCTION 

The principles of seafloor imaging using Side Scan Sonars (SSS) and Synthetic 
Aperture Sonars (SAS) are well-described in literature [1]. These sonar types can be 
extended for bathymetric mapping based on an interferometric approach [2], [3], [4]. The 
prediction of water depth is generally based on estimating the time delay between the 
signals received at two vertically displaced receivers. NURC (Mark Pinto[5]) showed that 
multipath propagation is the major factor degrading seafloor imaging with inter alia 
negative impacts on the interferometry performance. Environmental conditions promoting 
multipath propagation like shallow water associated with a low sea state will adversely 
affect bathymetric mapping. A related estimate of quality for SSS and SAS measurements 
based on the interferometric sonar coherence was presented by Synnes at al [6].  

 
In this paper we experimentally investigate the influence of shallow water based effects 

on bathymetric mapping and the underlying processing namely the time delay based 
interferometric height estimation. In the section 2 the experiments we carried out in the 
Baltic Sea in shallow and very shallow waters are described. The experimental results with 
the interferometric sonar, namely the coherence and bathymetric results are given in 
section 3. In section 4 the conclusion are summarized. 

 

2. SEA TRIALS 

In 2009 and 2010 sea trials have been carried out with the ATAS MCM-SLS antenna 
demonstrator mounted on the SeaOtter MKII demonstrator [Fig. 1]. The MCM SLS 
antenna is an adaptation of the ATLAS hull mounted IMCMS antenna for use in the 
SeaOtter autonomous underwater vehicle (AUV). The receiver antenna consists of several 
modules of individual receivers. The receiver modules can be combined to a linear 
receiver array of a maximum length of 2m. With the antenna mounting unit the realisation 
of different receiver antenna designs is possible. The lower dummy panels [Fig. 1] can be 
equipped with receiver blocks to build up interferometric antennas. Two transmitters with 
two different frequency bands are fitted to the antenna equipment. The tilt angle of the 
total antenna system (receivers and transmitters) is mechanically adjustable. Only the 
starbord side of the system is equipped with active elements.  

 
The sea trials have been performed in two different shallow and very shallow water 

areas of the Baltic Sea in cooperation with the Technical Center for Ships and Naval 
Weapons, Naval Technology and Research. In area I (very shallow water) the water depth 
varies from approx. 9 to 14m; in area II the water depth is about 20-25m. In area I the 
AUV was operated at 5m depth and at different mechanical antenna tilt angles. In area II 
missions at different vehicle altitudes were carried out, with a fixed mechanical antenna 
tilt.  
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Fig. 1: ATLAS MCM SLS Demonstrator System 

3. INTERFEROMETRIE IN SHALLOW WATER 

The data from the different shallow water areas were analysed with respect to 
interferometric data processing. Especially the influence of multipath returns affects the 
underlying processing, namely the time delay based interferometric height estimation. The 
coherence of the signals of the two interferometric antennas is a quality measure for the 
performance of the time delay estimation. 

 
Fig. 2 (left) shows the coherence of the signals of the two interferometric antennas 

recorded in the very shallow water area (sea area I). The coherence is displayed for 200 
successive pings and ranges from 15m to 150m. The vehicle was operating at 5m depth 
with the antenna tilt angle of 0°. The resulting image appears split. In the left region, the 
coherence decreases smoothly from high values at short range to low values at large 
distance. High coherence is found up to about 80m; at larger ranges, there are spots of 
high coherence. In the right half of the picture, the coherence at short range is high, but 
plunges down abruptly along a sharp line from 40m to 60m. Beyond that line, the 
coherence is low. The corresponding bathymetric image of this sea area is shown in Fig. 2 
(right). The left side of the image shows a flat bottom of approx. 15m depth. Bathymetric 
mapping is reliable up to approx. 80m; however the variance increases with range. 
Moving from the left to the right, the bottom is rising from approx. 15m up to approx. 
10m. The range limit permitting reliable depth estimation corresponds to the area of high 
coherence, up to approx. 40m to 60m. Surface reverberation increases because of 
multipath propagation and the slope of the sea bed above 60m. This causes a reduction of 

Dummy panel Receiver modules 
Transmitter 
modules (HF,VHF) 

Connecting cable 
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coherence and, consequently, of the evaluable depth estimation range to 40m to 60m. In 
the centre of the image at approx. 40m we observe a coherence gap, which is caused by a 
sea floor brim. The brim is not orientated parallel to the vehicle track and thus shadows 
the area behind. Depth estimation is successful in the areas of high coherence (> 0.6). 

 
Fig. 2: Left: Coherence, Sea Area I (very shallow), 0° Antenna Tilt 

                                   Right: Corresponding Bathymetric Map 
 

Fig. 3 (left) shows the coherence and the bathymetric map of the same area as given in 
Fig. 2, however with the mechanical tilt angle of the antenna set to 6° downwards. The 
steeper transmitter tilt angle reduces the sound intensity transmitted to the water surface 
and the resulting surface reverberation. In the left side of the image the coherence is higher 
and shows less variance compared to the 0° results. Also in the very shallow water region 
(right side) the coherence at short range is increased, but decreases fast at the 40m-60m 
line. Depth estimation with the steeper angle [Fig. 3, right] is significantly more reliable 
showing less variance. Reliable bathymetric mapping in the 15m water depth region (left 
side) is increased to about 100m range; additionally the variance of the depth estimates is 
decreased. The antenna tilt angle is more appropriate for this water depth. In the more 
shallow water area (right half of the image) the bathymetry range is not increased. Here 
the impact of the changed antenna tilt angle is not reducing the multipath effect 
significantly, because of the relative large vertical transmitter beam width. In areas of high 
coherence depth estimation is reliable. 

 
Fig. 3:  Left: Coherence, Sea Area I (very shallow), 6° Antenna Tilt 

                                   Right: Corresponding Bathymetric Map 
 
Fig. 4 shows data from sea area II. Here the water depth is approx. 22 to 25m. The 

vehicle was running at 10m altitude, the mechanical tilt angle was 6°. High coherence 
[Fig. 4 left] is observed up to ranges of more than 120m without truncations: Good depth 
estimation is obtained up to ranges of more than 120m almost up to 140m. A huge man-
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made obstacle is located in the centre of the image, here the coherence decreases. The 
bathymetric map shows the slope of the section, the area behind is shadowed. Areas of 
high coherence correspond to areas of reliable depth estimation. 

 
Fig. 4: Left: Coherence, Sea Area II, 6° Antenna Tilt 

 Right: Corresponding Bathymetric Map 
 

4. CONCLUSSIONS 

In shallow and very shallow water areas of the Baltic Sea, sea trails have been carried 
out with the ATLAS MCM-SLS antenna mounted on the SeaOtter AUV. The AUV was 
operated at different vehicle altitudes the antenna was set to different tilt angles. The data 
sets have been analysed with respect the coherence of the signals of the two 
interferometric antennas. 

Due to multipath propagation in very shallow water (approx. 10m) high coherence is 
obtained only at short ranges up approx. 40m to 60m. By setting the antenna tilt angle to 
steeper angles, the range of high coherence could not be increased for this shallow water 
region. In waters of 15m depth the range of high coherence increased by steeper antenna 
tilt angles by approx. 25%; the magnitude of coherence also increased and the variance 
decreased. In deeper waters (22-25m) the range of good coherence at 6° antenna tilt angle 
is with approx. 120m even higher than in 15m waters. 

Generally for all areas of high coherence bathymetric mapping is reliable. The areas of 
high coherence correspond to areas of good depth estimate. The higher the coherence the 
less is the variance of dept estimation. Thus coherence is identified as a good quality 
measure wrt. bathymetric mapping. 
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Abstract: Near field measurement has been proved to be an applicable method in 
predicting the performance of transducer which has relatively longer far field distance. To 
implement near field measurement, a specific array shall be designed and integrated into 
a positioning system which will drive the array to scan in the acoustic field. In practice, it 
is a hard work to design and make a near field array with appropriate performance, not 
mention to maintain the array in normal condition.  
In contrast with the methods based on hydrophones, one of the attractions of optical 
detection is in its non-perturbing nature, the optical interferometry has been used 
successfully in detecting underwater acoustic fields. As the optical method can achieve 
higher temporal and spatial resolutions, it can be applied to measure acoustic pressures 
accurately in the far field of a projector.  
In this paper, the optical method is developed into the near field of a transducer. With a 
commercial scanning vibrometer, the acoustic field very close to the surface of the 
transducer is detected; then, its transmitting response and directivity of the transducer are 
forecasted. To validate the results from the optical method, the above parameters are 
measured in far field using a hydrophone. Through the comparison between the results 
from different methods, it can be concluded that optical interferometry is a convenient and 
accurate method in predicting transducers‟ parameters. 
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Abstract: The current primary method for hydrophone calibration is the three-transducer 
spherical-wave reciprocity at NPL, covering the frequency range between 1 kHz up to 500 
kHz with expanded uncertainties as low as ± 0.5 dB. Optical methods can provide an 
alternative method for primary calibration as they directly measure the acoustic particle 
velocity at a specific point in the field. The hydrophone is then placed at the exact same 
point and can be calibrated directly referenced to the acoustic Pascal, with traceability to 
the wavelength of the light source used. This paper discusses the optical development of a 
heterodyne interferometer for such purpose. A transducer is placed in a water tank while 
an acoustically transparent pellicle is mounted at a certain distance. As sound 
propagates, the pellicle follows the movement of sound. A heterodyne interferometer with 
an 80 MHz carrier provides a reference beam while the measurement beam probes the 
pellicle. The reflected measurement beam is then mixed back with the reference and the 
output of the interferometer is a frequency modulated voltage signal with modulation 
depth corresponding to the amplitude of the acoustic field. This paper explains the optical 
arrangement required for the measurements and considers the resulting signal 
demodulation based on the zero-crossing point method that enables the calculation of the 
Doppler shift and hence the velocity due to the sound field. 

Keywords: Hydrophone calibration, optical heterodyne interferometry, zero-crossing 
frequency demodulation 
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1. INTRODUCTION  

Absolute measurements of sound pressure in the field of underwater acoustics are 
usually undertaken with hydrophones [1]. It is therefore necessary for such devices to be 
calibrated with a specific method traceable to specific standards [2]. Such methods are 
based on the principle of reciprocity [2,3] and standardised in the so-called three-
transducer spherical wave reciprocity method [4]. 

In this last mentioned method, three hydrophones are used. One of these devices must 
be reciprocal; linear, passive and reversible. In this sense, the ratio of the transmitting to 
receiving responses needs to be equal to a constant. With regards to the measurement 
setup, the three hydrophones are arranged in three separate pairs and, for a given pair, one 
acts as the transmitter while the other acts as the receiver. In each case, the current driving 
the transmitting device and voltage produced by the receiving device are recorded. An 
additional parameter that is required is the so-called acoustic transfer impedance; this is 
equal to the ratio of the sound pressure at the position of the receiver to the volume 
velocity produced by the transmitter. In spherical wave reciprocity it depends on 
parameters such as the separation distance between the devices, the acoustic frequency 
and the density of the water. By applying the reciprocity principle in conjunction with the 
above measurements, the absolute sensitivity of the three hydrophones may be calculated 
over a standard frequency range with a typical expanded uncertainty of 0.5 dB.  

This calibration method is traceable to primary electrical standards and is derived 
without any knowledge of the actual pressure of the sound field generated. In addition, it 
relies on the acoustic field itself being spherical-wave propagated and also on the 
availability of a transducer being reciprocal. From a metrological perspective, an 
alternative method that would provide direct traceability to the acoustical Pascal, making 
no assumptions about the acoustic field would be more favourable as a new primary 
calibration standard.  

Optical methods, such as interferometry, provide such a potential method [5-8]. In this 
case, such a system could directly measure the acoustic particle velocity in a point in 
water, therefore providing knowledge of the sound pressure present. The hydrophone to be 
calibrated would then be placed at that point in water and its sensitivity would be acquired 
traceable directly to the unit of pressure without the need of pairing up different 
hydrophones or relying on their reciprocal nature. 

This paper outlines and focuses upon the details of an optical system based on 
heterodyne interferometry that can directly measure acoustic particle velocities in water. 
Special attention is also given to the demodulation method that calculates the required 
acoustic amplitudes. For comparison purposes, a number of measurements are illustrated 
against a standard hydrophone and a separate commercially available Vibrometer. Good 
agreement is shown between the three methods employed. 

2. OPTICAL SYSTEM AND SIGNAL PROCESSING 

The optical setup is essentially a Michelson interferometer in heterodyne mode. A 150 
mW frequency doubled Nd:YAG source (532 nm wavelength) provides a highly 
collimated beam that enters a Bragg cell. The emerging zero-order serves as the 
measurement beam, while the resulting first order of diffraction is shifted by 80 MHz; and 
serves as the reference beam. The reference beam is kept within the interferometer itself, 
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while the measurement beam exits the system and through a suitable pinhole/beam 
expander probes a mounted pellicle positioned in a water tank. The pellicle itself is a 5 m 
Mylar membrane that is coated with a 25 nm thick layer of gold and is positioned 
normal to the laser beam so that the reflected measurement beam can re-enter the 
interferometer through the same beam expander/pinhole. A piston transducer placed at a 
distance from the pellicle provides the required acoustic excitation in the form of a 
repeatable tone burst. 

The reflected measurement beam carries the acoustic displacement from the pellicle 
and is then re-combined with the reference beam in the interferometer. The combined 
beams produce a frequency modulated (FM) signal with the centre carrier (80 MHz) and 
modulation depth resulting from the acoustic displacement. The FM signal y(t) is 
expressed as: 

)}2sin(2sin{)( tf
f

tfAty m
m

c 


   
 

(1) 

where A is the amplitude, cf  is the carrier frequency,  is the peak deviation from the 
carrier and mf  is the instantaneous frequency deviation due to the measurement signal. 
This optical FM signal is then split using a polarising prism so that the two emerging 
beams are brought into quadrature onto two photodiodes. Subsequent amplification 
produces a continuous signal with no DC offset that is captured on a high resolution 
oscilloscope for further processing. 

From a metrological perspective, the most direct and suitable demodulation technique 
to extract the acoustic velocity, is the zero crossing method. Other methods such as built-
in demodulation functions using the Hilbert transform in MATLAB or frequency domain 
matched filtering between FM signals would require software calibrations and corrections, 
hence increasing the overall uncertainties associated with the presented optical technique. 
The zero-crossing method requires, in principle, no corrections and most importantly 
directly measures the change in the frequency of the carrier. This method is traceable to a 
standard [9] that provides details on the calibration of laser vibrometers. 

 The captured signal from the oscilloscope consists of a number of points per cycle, 
however, there will be no zero-crossing point present and this needs to be identified 
separately. The captured sequence is analysed point by point until a unique pair of 
adjacent points, xi and xi+1, are identified to meet the conditions such that xi is <0 and xi+1 
is >0. These two points can then be represented in terms of their Cartesian co-ordinates; 
firstly their gradient m is calculated and then by analytically solving the gradient equation 
that relates the two Cartesian points, the equation of the line can be calculated with no 
knowledge of the y-axis intercept. Since the sampling of the data acquisition is known, the 
negative-to-positive zero-crossing point can be calculated. This operation is repeated for 
the entire data capture until all zero-crossing points have been calculated.  

Subsequently, from the time spacing between adjacent zero-crossing points, the 
Doppler shift can be calculated. For each case, this frequency shift is multiplied by half 
the wavelength of the light source and a series of instantaneous velocity amplitudes are 
calculated using the following formula: 

**

2 ii fv 
  

 
(2) 
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It is worth noting that the denominator in Eq. 2 should include the cosine of the angle 
between the bisector of the measurement and reference beams and the velocity vector. 
However, due to the experimental arrangement of the system this angle is 0, hence its 
cosine is 1.  

*
iv is essentially the demodulated acoustic tone burst and its amplitude represents the 

acoustic velocity needed for the calibration. In order to accurately calculate this acoustic 
velocity, a simple amplitude calculation is not sufficient, mainly due to relatively low 
signal-to-noise ratio due to high frequency components present. This issue can be 
significantly reduced by calculating the discrete Fourier transform (DFT) coefficient at the 
applied acoustic frequency instead. In this way, only the amplitude contribution  at the 
acoustic frequency of interest is calculated, therefore providing an accurate velocity 
calculation. 

3. EXPERIMENTAL RESULTS  

A number of experiments were carried out using the optical heterodyne interferometer 
discussed in the previous section. The measurements were undertaken in a small water 
tank with dimensions 600 mm x 300 mm x 390 mm (length x width x depth). Inside the 
tank, a 5 m Mylar gold plated (25 nm layer) pellicle mounted on small ring frame was 
placed near the edge of the tank. On the other edge of tank (along the 600 mm dimension), 
a Panametrics 1 MHz 1’’ diameter immersion transducer was placed facing the pellicle 
was electrically driven to provide the acoustic tone burst excitation. To reduce reflections, 
an acoustic absorbing tile was placed behind the transducer. 

The interferometer itself was placed at a distance of 1 metre away from the tank with 
its measurement beam probing the pellicle at 90 (from the opposite side); the exit 
measurement beam from the interferometer and the reflected beam from the pellicle were 
aligned in such a way that they coincided, therefore producing a 0 angle (the reason why 
the cosine factor in Eq. 2 is equal to 1). As the transducer provided the acoustic stimulus, 
the measurement beam probed the pellicle (following the propagated sound) and when 
reflected back into the interferometer was mixed with the reference beam at the 80 MHz 
carrier. The beam was splitted into two components that were then focused onto the two 
photodiodes. The electrical FM output was captured on a high resolution oscilloscope that 
was analysed in MATLAB using the method discussed in the previous section..  

For comparison purposes, measurements were also undertaken with a commercially 
available laser scanning Vibrometer (Polytec PSV-400) probing the pellicle along the 
same axis and point on the pellicle, and a GEC 25 mm polyvinylidine difluoride (PVDF) 
hydrophone replacing the pellicle. Figure 1 shows the acoustic burst demodulated using 
the zero-corssing method from the interferometer output and the burst captured by the 
hydrophone when placed at the same place as the pellicle.  

A number of acoustic frequencies were experimented with; in this case the results 
obtained at 400 kHz, 500 kHz and 600 kHz are shown. The comparison was performed 
between the two optical systems and the hydrophone. In all cases, the dB (rms) levels 
were calculated and these are shown in Table 1. 

The calculated pressures from the two optical systems and the hydrophone compare 
well; it also seems that the difference between them is of random rather than systematic 
nature.  
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Fig.1: The acoustic tone burst at 600 kHz demodulated using the optical interferometer 
(top) and captured by a calibrated hydrophone (bottom) 

 
 

Frequency 
(kHz) 

 
Inteferometer 

(dB rms) 

 
Vibrometer 

(dB rms) 

 
Hydrophone 

(dB rms) 

Difference 
int.-hyd. 
(dB rms) 

Difference 
vib.-hyd. 
(dB rms) 

400 144.3 143.8 143.5 -0.2 0.3 
500 146.0 146.8 146.3 -0.3 0.5 
600 149.4 149.5 149.1 0.3 0.4 

Table 1: Pressure comparison (dB) between the two optical methods and the hydrophone 

4. DISCUSIION 

There is a number of potential sources of error that need to be considered at this point. 
For the optical interferometer, the quality and stability of the signal depend on the power 
ratio between the reference and measurement beams, the speckle produced by the water in 
the tank, as well as the purity of the water as particles can cause sufficient scatter. Though 
the optical path of the measurement and reflected beams were made to coincide, a fraction 
of a degree deviation would cause the Doppler shift to be calculated with a degree of error. 
The acousto-optic effect would also need to be accounted for but in this case it would be 
necessary to trace the phase of the FM signal and calculate the displacements in order to 
correct for the effect. These issues apply for the vibrometer itself, except for the split ratio 
of the beams that is already fixed within the system. Though the two optical systems are 
effectively covering the same path length, it is necessary for both to probe the pellicle at 
precisely the same angle (90), otherwise they will be measuring slightly different velocity 
vectors. The hydrophone itself is also extremely directional and therefore its inaccurate 
positioning will produce pressure discrepancies. Finally, the pellicle and hydrophone need 
to be placed at the same point in the sound field; a small difference in their relative 
position can also contribute an error. Despite all the sources of error, reasonable 
agreement between the three methods may be observed. 

5. CONCLUSIONS  

This paper presented the details of an optical interferometer and associated zero- 
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crossing demodulation method designed to measure particle velocities generated within 
underwater sound fields. A fixed high water-matched pellicle was placed inside the water 
tank with the transducer, with the interferometer probing the pellicle. A comparison was 
also performed with a commercially available vibrometer and a standard hydrophone and 
reasonable agreement in the derived acoustic pressure level demonstrated. 

The next steps in this work include the implementation of this technique in a large tank, 
so that the full frequency range covered by reciprocity can be attempted. Modelling and 
analysis of the acousto-optic effect contribution to the FM signals will also need to be 
attempted, in addition to the preparation of a complete uncertainty budget to examine the 
limitations and suitability of the technique as a potential primary calibration standard for 
underwater acoustics.   
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TARGET STRENGTH MEASUREMENTS IN SHALLOW WATER 
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email: jorgen.pihl@foi.se, Fax: +46 (8) 55 50 38 69 

Abstract: A submarine on patrol needs to know how far it can be detected by active sonar. 
In order for such sonar performance calculations to be useful the target strength (TS) of 
the submarine must be known. Measurements done in deep water indicate that TS can 
vary as much as 20 dB as a function of aspect angle. This corresponds to a doubling of the 
detection distance in a noise limited environment, and up to a ten-fold increase in a 
reverberation limited situations. Hence, it is crucial for a submarine to know its TS and 
the angular dependence of it, in case it is subject to Anti Submarine Warfare (ASW) with 
active sonar.  
The Royal Swedish Navy (RSN) has recognised the need to measure TS for its submarines, 
but has hesitated to initiate a measurement program due to the huge problems of accurate 
measurements in shallow water. Attempts to measure TS have been made, but with poor 
results, mainly due to the influence of surface and bottom scattering. However, FOI has 
now proposed a new procedure where we use modern signal processing and antennas to 
suppress unwanted echoes. The method uses a transmitter with both horizontal and 
vertical directivity, and a line receiver with a narrow lobe. Broad-band pulses are used in 
the measurements. The result is that unwanted echoes from surface or bottom objects can 
be suppressed, giving more accurate values for the measured TS. The problem with 
transmission loss is solved by mounting reference hydrophones on the submarine. By 
analysing the signal from these hydrophones also the aspect angle of the submarine is 
determined. 
We have also developed a computational tool for modelling and analysis of the 
measurements. The purpose of this tool is to support planning and configuration of TS 
measurement campaigns as well as post-trial analysis of data from such campaigns 
including, in particular, identification and elimination of environmental influences on the 
measurement results. 

Keywords: Target strength, TS, active sonar, signature prediction 
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1. INTRODUCTION  

Modern submarines are very quiet, making them difficult to detect with passive sonar. 
Therefore to make Anti Submarine Warfare (ASW) effective, there has been an intense 
development of active sonar. The result is that today there are sonar available for deep 
water ASW with the capability to detect submarines up to the second convergence zone 
(around 80 km).  

Calculations of acoustic targets strength (TS) for a typical submarine [1] show that TS 
can vary as much as 20 dB as a function of aspect angle. This corresponds to a doubling of 
the detection distance in a noise limited environment, and up to a ten-fold increase in a 
reverberation limited situation. Hence, it is crucial for a submarine to know the angular 
dependence of its TS, in case it is subject to ASW with active sonar.  

The Royal Swedish Navy (RSN) has recognised the need to measure TS for its 
submarines. Due to large costs associated with measurements at existing ranges abroad [2] 
and lack of suitable domestic places (i.e. deep water) RSN has hesitated to initiate a 
measurement program. An alternative method for shallow has been described in [3]. 

However, FOI has presented a new measurement method, which can be carried out in 
very shallow waters. We use modern signal processing and antennas to suppress unwanted 
echoes from the surface and the bottom.  

The method uses a transmitter with both horizontal and vertical directivity, and a 
vertical linear receiver array. Broad-band pulses are used in the measurements. The result 
is that unwanted echoes from surface or bottom objects can be suppressed, giving a better 
estimate for the measured TS. 

Here we report the first tests with a new system operating in the frequency range 20-30 
kHz. 

2. MEASUREMENT METHOD 

2.1. Equipment and processing 

In shallow water, target strength measurements are strongly affected by the environment. 
In order to reduce the environmental impact, measurements are done at shortest possible 
distance while still being in the far field. Due to the short range to the support vessel In 
such measurements the submarine has to be suspended and moored.  

The transmitter and receiver of the sonar are both directive, in order to suppress mul-
tipath propagation. The pings from the sonar are recoded by three hydrophones mounted 
on the submarine (Fig. 1, right) and digitized by a computer mounted in the sail onboard 
the submarine. This computer is connected via a buoy with a WLAN transceiver to the 
main computer in the measurement station. By inspecting these signals we could 
determine the transmission loss, the distance and the aspect angle in real time. 

The sonar system is composed by the wet end of the Thomson DUAV-4 sonar, a linear 
receiver array and a control unit (Fig. 1, left). The wet end is equipped with an electrical 
motor that allows for a mechanical steering of the transmitter beam. The transmitter has a 
source level of 210 dB, with directivities of 30° horizontally and 20° and vertically.  

The recording system on the support vessel consists of a PC with MicroStar Labs fast 
A/D converters. The software is developed at FOI, and optimized for maximum sampling 
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Fig. 1: (Left) The high frequency sonar consists of a motor that allows for mechanical 
steering, a transceiver plus an external receiver array. (Right) One of three hydrophones 
which were placed on the submarine (stem, sail and stern) for accurate monitoring of the 

aspect angle. 
 

speed. At each ping the data acquisition is started by hardware triggering with a latency of 
less than 20 ns. This accurate timing allows several pulses to be “stacked”, i.e. added 
together coherently, which enhances the signal-to-noise ratio. 

The 32-element linear array permits us to employ vertical beam forming. Appropriate 
weights for shading the elements are found by minimising the side lobe level under the 
constraint that the main lobe reaches a normalised amplitude of 1. The 10 dB main lobe 
width is 9.9 degrees, which at a range of 100 m corresponds to a lobe width of 17.5 m. 
Since the submarine is at a keel depth of 26.8 m, this lobe width is sufficient to discern 
direct target echoes (except possibly sail echoes) from surface reflections. 

The pulse shapes used in the experiments were 70 ms long chirps from 21.5 to 26.5 
kHz. The received signals are beam formed and then match filtered using an analytical, i.e. 
simulated, replica. This is correct up to an unknown constant factor. This factor is 
determined by recording the transmitted pulse using a calibrated reference hydrophone. 
The source level is measured from the peak magnitude of this reference signal, which is 
then processed in the same way as the target echoes. When calculating the target strength 
according to the sonar equation the unknown constant then cancels out. 

2.2. Measurement procedure 

The procedure we have developed for TS measurement is based on accurate positioning of 
all systems. When the submarine is in a safe position in the hinges, and measurements can 
start, the scheme at each measuring point is as follows: 

 Anchor the support vessel with two anchors, as tight as possible, to minimize 
movement of the ship. The ship position is logged from a GPS. 

 Measure the sound velocity profile, and perform ray trace calculations to find 
the optimum depth for the transmitter. 
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 Deploy the wet end with transmitter and receiver array. 
 Rotate the transmitter while observing real time display of pings recorded with 

the hydrophones on the submarine. 
 When optimum direction is found, adjust gains for the receiving hydrophones 

for best fit to the A/D max input amplitude. 
 Perform the recording, with real time control of signals. Typically 50 pings are 

stored for each position. If errors are found, e.g. disturbances or A/D overload, 
the measurement sequence is repeated, as it takes less than a minute. 

 Do near-realtime analysis by beam forming, match filtering and TS calculation. 
If onerous values are found, repeat the measurement. 

2.3. Pre-trial numerical modelling 

A pre-trial numerical study was conducted to analyse and assess the configuration and 
instrumentation of the experiment. The study consisted of complete time-domain 
simulation of the TS-measurements including pulse emission, propagation, reflections at 
the target, the surface and the seafloor, signal reception and processing. The simulations 
accounted for environmental effects including sound refraction caused by depth-variable 
soundspeed, bottom losses at reflections at the seafloor, and used a 3D numerical model of 
a submarine consisting of hull and sail as shown in Fig. 2. Sound propagation and 
reflections are modelled by ray theory, using source-target-receiver eigenrays computed by 
nonlinear minimization of travel time (Fermat’s principle) as illustrated in the right frame  
 
 

     
 
 
 
 
 
 
       

 
 

Fig. 2: Simplified model submarine (left), experimental geometry from above with 
sonar position cross marked (centre)and geometry projected on a vertical plane (right). 

 
 
 
 
 
 
 
 
 
 
 

Fig. 3: Simulated received echo after pulse compression before (left) and after (right) 
vertical beamforming. Black: Echo from submarine. Red: Echo from fictive rigid sphere 

with radius 2m at centre of the hull. 
 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1214 -



 

of Fig. 2. The black diagrams in Fig. 3 show the received signal after pulse compression 
before (left) and after (right) vertical beam forming for the target heading −45o, shown in 
the centre frame of Fig. 2. The numbered arrows at the top of Fig. 3 are type codes of the 
eigenrays associated with the arrivals. For this target heading the source-hull-receiver 
arrival (black nr 3), is seen to be separated from the surface or bottom reflected arrivals 
(black numbers 1,2,4,5) in time by ca 7 ms  and with a 10 dB higher amplitude,  due to the 
vertical beam forming.   

3. SEA TRIAL   

A sea trial for a testing of the concept was performed 3 – 5 May 2010. The test site was 
situated in the Stockholm archipelago in the bay Mysingen. This site fulfilled all require-
ments known from considerations when designing the TS range concept, i.e. a water depth 
over 40 m with a flat bottom, sheltered from open sea and near land based logistics. 

A water depth of 40 m is needed in order to minimize the effects of surface and bottom 
reflections, and in this perspective even larger depths are favourable. On the other hand, a 
too deep area renders more difficulties to anchor the submarine and the support vessel.  

During the measurements the submarine was moored and suspended as closed as 
possible in the middle of the water column.  

The sound velocity profile was measured regularly, two to three times each day during 
the trial. Small variations in the upper water layer above 25 meters depth were observed 
during the trial period over three days. 

Ray trace calculations to find the optimum depth for the transmitter were performed. The 
results from these calculations showed that the small variations in the profiles did not 
crucially affect the sound transmission at the typical measuring distance of 100 m. 
Measurements were done at five different aspects angles, varying from the bow to the stern 
of the submarine. At each position two different sonar depths, 10 m and 20 m, were used.  

 

  
 

Fig. 4: Schematic illustration of the sea trial layout. 
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The received signals were of high quality, allowing us to quite accurately determine the 
target strength versus aspect angle for the submarine. Unfortunately, due to the classified 
nature of these recordings, they can not be depicted here. 

4. DISCUSSION 

We find that our newly designed method to measure TS, including the equipment, to a 
large extent fulfilled the requirements. The gained experiences from the trial are valuable 
knowledge for the continuing development work of the TS concept. There are still some 
issues that have to be improved to achieve an operational method. 

Even if the weather conditions during the period for the field trial were calm the 
support vessel had to bee moored with two anchors. With only one anchor the movements 
of the ship were too large to compensate for with the sonar steering control system.  

The need for anchoring the support vessel was a main obstacle. It takes a long time to 
deploy two anchors, typically one hour or more, plus around 15 minutes to deploy and 
recover the sonar. Compared to the time for a typical measurement, 5 minutes for ping 
recording, one realises that much time can be gained by using a ship with hovering 
capability. This would give at least a 5-fold increase in measuring capability, so that say 
30 measurement points could be covered in a day instead of only 6. 

The analysis method with near real-time beamforming and TS calibrations was 
effective. The capability to directly evaluate signal quality and to obtain preliminary 
results made in possible to change to a new measuring position with minimum delay.  

Further work includes similar measurements in the frequency range 1-7 kHz. The 
design of the transmitter and receiver are finished and production will take place during 
the third quarter of this year. 

In addition, the data collected will be used to calibrate numerical models of the target 
strength. The goal is that these models will then be able to predict the target strength of a 
submarine, in an arbitrary operation area. 
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CRITICAL POPULATION DENSITY TRIGGERS RAPID 
FORMATION OF VAST OCEANIC FISH SHOALS 

Nicholas Makris 

Nicholas Makris, 77 Massachusetts Ave, Room 5-212, Cambridge, MA 02139, USA 
makris@mit.edu 

Abstract: Similarities in the behavior of diverse animal species that form large groups 
have motivated attempts to establish general principles governing animal group behavior. 
It has been difficult, however, to make quantitative measurements of the temporal and 
spatial behavior of extensive animal groups in the wild, such as bird flocks, fish shoals, 
and locust swarms. By quantifying the formation processes of vast oceanic fish shoals 
during spawning, we show that (i) a rapid transition from disordered to highly 
synchronized behavior occurs as population density reaches a critical value; (ii) 
organized group migration occurs after this transition; and (iii) small sets of leaders 
significantly influence the actions of much larger groups. Each of these findings confirms 
general theoretical predictions believed to apply in nature irrespective of animal species. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1219 -



 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1220 -



 
 

FLOW NOISE ASSESMENT OF SLIM TOWED ARRAYS FOR 
UNDERWATER AUTONOMOUS VEHICLES 

L.Troiano, R.Dymond , P.Guerrini, A.Maguer  

 

NATO Undersea Research Centre, Viale San Bartolomeo, 400, 19126, La Spezia (SP), 
ITALY 
 
Contact author: Luigi Troiano, NATO Undersea Research Centre, Viale San Bartolomeo, 
400, 19126, La Spezia (SP), ITALY, +390187527344, troiano@nurc.nato.int 

 
Abstract: The NATO Undersea Research Centre has been involved since 2007 in the design of slim 
towed arrays for autonomous underwater vehicles. Different slim towed arrays have been 
designed and successfully tested at sea in the framework of developing an enabling technology for 
AUVs in networked systems. The principle limiting factor to reducing the radius of a towed array 
is the associated increase in self noise due to the turbulent boundary layer flow over the skin. This 
has been a limiting factor for the use of slim arrays for underwater applications. Due to the low 
towing speed (up to 2.5 knots) achieved by the AUV towing the arrays, NURC experimental results 
did not show so far flow noise limitations. However, in a view to be able to use those arrays with 
higher speed autonomous vehicles and/or surface ships it has been decided to evaluate the 
performance of the NURC slim arrays for higher speed state conditions.  The purpose of this 
paper is to describe the work that has been recently done at NURC for assessing the flow noise 
limitations that those arrays could get as a function of frequency and tow speed. For that work, 
specific experimentations were performed where the slim arrays were towed from NURC 
ALLIANCE ship in order to achieve towing speed up to the order of 7 knots. Coherence analysis 
on the collected data was performed as an attempt to separate the flow noise component from the 
ambient noise. The method relies on the assumption that the noise received by the hydrophone can 
be separated on two components, one spatially correlated component being the sea noise and the 
tow ship noise and the other spatially uncorrelated being the flow noise and electronic noise. The 
obtained results are shown to be in good agreement with the flow noise frequency dependence 
found in the literature.  Reported results show also that it can be seen that above a 3knot towing 
speed, the flow noise tends to be the dominant form of noise below a certain cut off frequency.  
 

Keywords: towed arrays, autonomous underwater vehicles, flow noise, acoustics 
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1. INTRODUCTION  

The continual shift towards compact autonomous underwater vehicles to undertake 
surveillance tasks has spurred the development of slim, lightweight, hydrophone line 
arrays. NURC has built several such arrays, with diameters varying from 32 to 10mm. 
This reduction in dimensions, however, must inevitably raise questions regarding flow 
noise, which is traditionally reduced by increasing the hose diameter. It would therefore 
be of great value to be able to characterize the flow noise to allow correct dimensioning of 
future arrays at the design stage. 

In an attempt to address this issue, NURC undertook a towing test using an 18mm 
diameter towed array, at speeds between 2 and 7 knots, undertaken in a short window of 
opportunity during a NURC scientific sea trial from the research vessel Alliance. 

The results presented include power spectra, cross and auto correlation analysis. 

2. ARRAY UNDER TEST 

The array under test is the NURC SlimBENS array, which has a nested configuration 
consisting of 31 hydrophones spaced at 210 mm and 31 hydrophones spaced at 420 mm. 
For this measurement, signals from two hydrophones spaced at 420 mm were acquired. 
The first hydrophone was 12.7 m from the leading end of the hose (the connection 
between hose and tow cable). Overall length of the hosed section is 27.5 m.  

The array was towed at speeds from 2 knots to 7 knots, and 90 seconds of data were 
acquired on each hydrophone at each speed. Figure 1 is a photograph of the array on the 
bench, shown next to an array of larger diameter. Also shown in Figure 1 is the 
hydrophone/pre-amplifier unit. The sensing element is a cylindrical ceramic, 10 mm long 
and 6.5 mm in diameter. The pre-amplifier has a 72Hz single pole high pass roll off, 
which is compensated for in the noise spectra. 

 

 

Fig.1:  The SlimBENS towed 
hydrophone array (right) 

 

 

 

3. MEASURED NOISE SPECTRUM  

Wind speed over the one hour time period of the measurements is shown in Figure 2 
together with the ship speed. 
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Fig.2: Ship speed and wind speed taken during the measurement period 

The noise spectrum measured on one of the two hydrophones acquired, as a function of 
towing speed is shown in Figure 3. A mean wind speed of 5.5 m/s was used to calculate 
the deep-sea ambient noise. 

 

Fig.3: Single hydrophone noise spectrum as a function of towing speed 

The spectra in Figure 3 show various characteristics that merit further comment.  
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Firstly, the 2 and 3 knot spectra are very similar, indicating that flow noise is not yet 
significant at these speeds. Furthermore, the 2 and 3 knots spectra display a ‘hump’ above 
the general background between 50 and 150Hz.  

This feature is masked by overall higher noise levels at higher speeds, indicating that 
it’s level is not speed dependent and possibly due to distant shipping. The sharp rise in 
noise level below 30Hz, is characteristic of ship’s engines, but in this case does not 
become masked by the overall higher noise levels at higher speeds. This would indicate 
that the level is speed/load related.  

Above 1 kHz, the spectra merge into each other with a slope that would be expected 
from ambient noise. At these frequencies and ambient conditions, ship and flow-related 
noise no longer play a leading role in the characteristics of the measured noise spectrum. 

4. CORRELATION ANALYSIS  

 

4.1. Theory 
The qualitative description of the measured spectra given in Section 3 would benefit 

greatly from any technique able to separate the various noise sources. Of particular interest 
of course would be to separate ambient/ship related noise from the flow noise that we wish 
to characterize.  Reference [1] describes use of coherence (or cross-correlation) analysis to 
separate flow noise from ambient noise in a triplet towed array.  

The method relies on the assumption that the noise received by the hydrophone can be 
separated into two components:  
 spatially correlated (sea noise and tow ship noise) 
 spatially uncorrelated (flow noise and electronic noise) 
 
Knowledge of the theoretical correlation coefficient then allows separation of the two 

noise components as follows. The assumed correlation coefficients are: 
 Sea noise [2] :                   (1)   
 Flow noise [3]:                (2) 

Where k is the acoustic wavenumber (ω/c , c being the sound speed), kc is the convective 
wavenumber (ω /Uc , Uc being the convection velocity, generally taken as 0.9U (U is the 
towing speed) at the frequencies of interest in the present study and d is the hydrophone 
spacing (0.42m for the hydrophone pair chosen) 

 
In order to separate the noise components, the total noise power  NN is expressed as the 

sum of the sea noise Ns and the flow noise Nf and the measured noise correlation 
coefficient C can be expressed by equation (4) [1]. 

 
  

     
     

   (3) 

   
  

 

  
     

  
 

  
     (4) 

 
These two equations can be re-arranged in order to solve for the required quantity, Nf : 

 
  

     
 (

    

      
)  (5) 
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4.2. Analysis  
In order to calculate the correlation coefficient between the two hydrophones as a 

function of frequency, the signals were band-pass filtered into 5Hz sub-bands across the 
20 to 1000Hz analysis range. The Matlab ® function ‘corrcoef’ was subsequently used to 
calculate C for each sub-band. The results are shown in Figure 4. The correlations Cs and 
Cf are also shown on figure 4. 

 
It is clear that, at the frequencies and hydrophone spacing of interest for the 

measurements, Cf is close to zero, implying that any correlated noise should be due to 
ambient conditions and not due to flow noise. 

 
The principal features of Figure 4 are: 

 At 20Hz, the noise is highly correlated, consistent with the assumption that it is ship 
generated. 

 Between 30 and 40Hz there is a low correlation notch, which has a tow speed 
dependent minimum frequency. This is very likely to be flow-noise related. 

 At 70Hz there is again, a correlation peak, independent of towing speed, 
corresponding to the feature previously attributed to distant shipping. 

 Above 100Hz and at towing speeds above 3 knots, correlation dips sharply, and re-
joins Cs at a frequency which depends on the towing speed.  

 
 

 

 

 

 

 

 

 

 

 

 

Fig.4: Correlation coefficient between the two hydrophones at various towing speeds  

 
 

4.3.   Flow Noise Model 
In an effort to investigate the origin of the tow speed dependent notch, the turbulent 

noise pressure spectrum model from [5] was implemented. The results from its calculation 
at two towing speeds are shown in Figure 5.  
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The ‘convective ridge’ which is a characteristic of turbulent flow noise is evident. The 
slope of the ridge is the convection velocity Uc. In order to calculate the total pressure 
spectrum as a function of frequency, the k-ω spectrum is integrated over the range of k at 
each frequency.  

The results, shown in Figure 6, indicate peaks in the spectrum which occur at 
frequencies comparable to the notch of Figure 4. It should be noted that the model is only 
a partial implementation; the k-ω spectrum should be multiplied by the wavenumber 
response of the array hose, which results in significant attenuation of the convective ridge 
(the hose is said to act as a wavenumber filter). However since the frequency 
characteristics and not the overall level was of primary interest, this added complication 
was avoided.  

 
 

 

 

 

 

 

Fig.5: Turbulent flow noise wavenumber-frequency (k-ω) pressure spectrum at 2 and 7 knots 

 

 

 

Fig.6: Frequency peaks in the 
turbulent noise pressure spectrum 

predicted by the model. 

 

 

 
 

4.4.   Flow Noise calculated from the measurements 
Equation 5 and the results of Figure 4 were used to separate flow noise from ambient 

noise. The results are plotted in Figure 7. The following observations can be made: 
 Above 3 knot towing speed, the flow noise tends to be the dominant form of noise 

below a certain cut off frequency. 
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 Correlation analysis has attenuated the measured noise below 30Hz which was due to 
the ship. 

 The remaining noise below 100Hz has slope of approximately 7dB/Octave (in 
agreement with published data [1], [6]). 

 The 3 and 6 knot flow noise curves below 300Hz, show a difference of approximately 
20dB (in agreement with the empirical relationship regarding speed doubling) 

 Change in slope (at around 300Hz) is attributed to the hydrophone dimensions 
becoming similar to the convective wavelength (spacing of the individual eddies in the 
turbulent layer around the array). This attenuation of the pressure level, due to the 
averaging over the hydrophone’s length, is analogous to the so-called diffraction 
constant of hydrophones. Slopes typically quoted [4] are between 15 and 20dB/octave, 
depending on hydrophone size and shape. Although the measured flow noise closely 
follows a roll off of 20dB/octave, the cut-off frequency seems independent of towing 
speed. This is an unexpected result since the roll off should occur at  f0 ≈ Uc /L  where 
L is the length of the hydrophone in the axial direction. At 7 knots, f0=350Hz, but this 
should reduce to 200Hz at 4 knots. 

 
 

 

 

 

 

 

 

 

 

 

 

 

Fig.7: Flow noise compared with total noise for each towing speed. 

 

4.5.   Hydrophone Autocorrelation 
Autocorrelation of the hydrophone signal is used to gain insight into the characteristics 

of the turbulent pressure field perceived by the hydrophone, as it is being dragged through 
a quasi-static field of eddies (the frozen field hypothesis). The correlation length thus 
calculated can be used to determine the optimal spacing for cancellation of flow noise [8]. 
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Results, shown in Figure 8 indicate very short correlation lengths of the order of 1.5 to 
3cm, which is in agreement with the analysis made on the high-pass filtered signals in 
[8]). 

 

 

Fig.8: Autocorrelation of one of the 
hydrophones as a function of towing 

speed 

 

 

 

SUMMARY 

 
The paper has described the analysis of small diameter towed arrays data recorded at 

different speeds. Reported results show also that it can be seen that above a 3knot towing 
speed, the flow noise tends to be the dominant form of noise below a certain cut off 
frequency. In addition, with the exception of the fixed-frequency roll-off, independent of 
towing speed, the measurements are in reasonable agreement with other reported flow 
noise measurements.  
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Abstract: Acoustic Research Laboratory under Tropical Marine Science Institute in 
National University of Singapore has been engaged in the development of thin line towed 
arrays since 2001 and many prototypes have been built and tested in the field. One recent 
addition to this development work has been a Digital Thin Line Array (DTLA) which 
provides digital data directly at the array output.  The DTLA, which weighs less than 2Kg, 
is modular in construction and can easily be assembled to meet different array 
configurations such as nested or linearly spaced. Apart from acoustic sensors, the array 
also has a depth sensor and an electronic compass for estimating the array heading.  The 
output of the array can be easily interfaced with any receiver processor platform with a 
SPI interface. In this paper the details of array design, associated receiver system and 
results from some experiments conducted (both in-house and in the field) using the DTLA 
will be presented. The array has been characterised for its vibration and flow noise 
sensitivities, which were believed to limit its use for practical applications, at different tow 
speeds. The results from experiments indicated that for many shallow water applications 
and tow speeds of less than 4 knots the array performance would only be limited by the 
ambient noise conditions rather than the noise arising from flow noise or platform 
vibrations. This makes DTLA an ideal acoustic sensing platform for small Autonomous 
Underwater Vehicles. 

Keywords: Thin Line Array, Digital Array, Towed Array, AUV 
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1. INTRODUCTION  

Underwater sensing, monitoring and surveying using autonomous assets such as AUVs 
and USVs has become common among many research communities. There have been 
some efforts to develop and integrate towed hydrophone array sensing capabilities to the 
AUVs [1-4]. A fleet of AUVs with short arrays of hydrophones remotely operating in a 
distributed sensing configuration has many advantages in applications of seabed mapping 
as well as object detection and localisation. Other applications of such an array 
configuration include geo-acoustic inversion, ambient noise directionality measurement 
etc. Acoustic Research Laboratory under Tropical Marine Science Institute in National 
University of Singapore has been engaged in the development of thin line towed arrays 
since 2001 [5] and many prototypes have been built and tested in the field. One recent 
development has been a Digital Thin Line Array (DTLA) which provides digital data 
directly from the array [6]. This array, which measures about 10.5mm in diameter and 
24m long (including the tow cable) is believed to be the smallest towed digital array ever 
built using ceramic sensing elements and can be towed using AUVs similar to REMUS 
100 class. The array has been characterised for its vibration and flow noise sensitivities, 
which were believed to limit its use for practical applications, at different tow speeds.  The 
results from experiments indicated that for many shallow water applications and tow 
speeds of less than 4 knots the array performance would only be limited by the propeller 
noise of AUV and or ambient noise conditions rather than the noise arising from flow past 
the array or platform vibrations. The DTLA, which weighs less than 1Kg in water, is 
modular in construction and can easily be assembled to meet different array configurations 
such as nested or linearly spaced. Apart from acoustic sensors, the array also has a depth 
sensor and an electronic compass.  The electronic compass gives the array heading which 
can then be compared with the AUV heading to find the straightness of the array with 
respect to the AUV. This information is further used when beamforming the data from the 
array. The array output can be easily interfaced with any receiver processor platform with 
a SPI interface. In this paper the details of array design, associated receiver system and 
results from some experiments conducted (both in-house and in the field) using the DTLA 
will be presented. In addition to using as a towed array, DTLA can also be used for any 
other applications which require a static horizontal or vertical array configuration. 

2. DESIGN AND CONSTRUCTION OF DTLA 

 
The first DTLA was built in 2005 and the intended platform was a custom built AUV 

similar to REMUS 100 class. The main objective of this development work was to 
experiment and explore the engineering challenges associated with marrying and towing 
the array with the AUV.  For example, what speeds can be achieved and how much drag 
and instability the array would offer to the AUV at different speeds. The other objectives 
were to test whether some basic field applications such as ambient noise directionality 
measurement and beamforming to localise a known source can be performed.  

 
A sketch of the first DTLA is shown in figure 1. It consisted of eleven acoustic ‘super-

elements’ in a nested configuration so that beamforming is optimised for three specific 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1230 -



 

frequencies, 500, 1000 and 2000 Hz. Each acoustic ‘super-element’ has been built using 
an array of 6 serially connected omni-directional elements. Apart from providing an 
increased sensitivity (due to array gain), this configuration was assumed to provide some 
spatial averaging of flow induced noise as compared to a single element (this hypothesis is 
yet to be established).  The array also carried an electronic compass for array heading 
estimation and a depth sensor to measure the depth of tow. A detailed description of the 
array design can be found in [6] and is beyond the scope of this review paper. The main 
features of the array and its electrical and mechanical characteristics are summarised in the 
table 1.   

 
Table 1 Summary of DTLA specifications 

 
Array Parameter Specifications Remarks 
General   

No of acoustic super 
elements 

11 (6 serially connected 
EDO sensors) 

Design of a 24 channel array 
is progressing 

Configuration Modular – nested or 
linear spacing 

Configurable prior to 
assembly 

Auxiliary sensors – 
analogue 

Heading and pressure All digital in the new design 

Strength member Vectran rope  > 100 kg pulling load 
Filling medium Isopar  

Electrical   
Supply +- 12VDC (main)  
Power consumption < 8W  
Super element 
sensitivity 

-147+- 2dB re 1V/uPa  

Heading sensor 
accuracy 

~ 3 deg  As estimated from the 
sensor spec. 

Depth sensor (rating 
and accuracy) 

100m rated 
+- 0.5m 

MEMS construction, 2mm 
diameter 

Preamp gain 59+- 2 dB Fixed. New design aims to 
provide programmable gain 

Figure 1DTLA sketch and one of the super-element 
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Channel cross talk  < -40 dB  
Output Digital serial SPI interface 
Sampling rate/ch 25kHz, max  

Mechanical   
Length of array 12m (10m sensing 

aperture) 
 

Array enclosure PVC New design will employ PU 
Array diameter 10.5mm (ext), 8.5mm 

(int) 
 

Tow cable length 12m  
Tow cable diameter 8.2mm  
No of conductors 18 6x24 AWG twisted pairs, 

6x22AWG single conductor 
Weight of array 2.7 kg (in air) 

1 kg (in water) 
Including tow cable 

Internal PCB  220x6.5x2mm New design 133x10x2mm 
   

 
The array was housed inside a PVC tube of 10.5 mm external diameter, manually. The 

elements were held in position inside the array using nylon spacers and a Vectran® rope 
was used for strengthening. The array was gravity filled with Isopar®, an acoustically 
transparent medium. The modular construction of the array elements allows its re-
configuration (to different array element spacing) by changing the lengths of the inter-
connecting cables. A photograph of the finished array is shown in figure 2(a).  

 
 

 
The array receiver (shown in figure 2(b)) was built around and a DSP. The array 

provided data in the SPI format which was received by the DSP processor and then later 
stored in an array of SD cards. The receiver design since then has been modified to 
include an embedded PC104 Plus processor system so that the data can be written to a 
hard disk.  

 
 

Figure 2 (a) DTLA photograph Figure 2(b) DTLA receiver -exposed 
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3. PRELIMINARY EXPERIMENTS AND RESULTS 

The initial functional tests were conducted in a large pool with sufficient water depth. 
The slight imbalance of the AUV due to the negative buoyancy of the array was 
compensated using counter weights. The functional tests included testing of the various 
sensors and also the capability of the vehicle to tow the array at speeds up to 4 knots. Yet 
another objective was to establish the beamforming capability of the array and resolving 
and localising multiple underwater sources. The depth and heading information as 
obtained from the array are shown in figure 3, while being towed at 2 knots. Also given in 
the figures are similar information acquired from the AUV. The difference in depth 
information in the two cases indicated that the array tail (where the depth sensor was 
housed) was at a different depth as compared to the AUV and the array was taking a 
slanted trajectory. This was to be expected as the array was negatively buoyant. The 
heading information in the two cases was matching within the errors allowed by the 
sensors. The heading data have been unrolled, to avoid discontinuities during 360 to 0 deg 
transition and plotted. The array was also picking up acoustic transmissions from a nearby  

 
source. The functional tests were followed by an experiment to localise the source through 
beamforming.  

The pool trials were followed by a one off sea trial in the shallow waters of Singapore. 
The AUV was programmed to do a mission pattern as shown in figure 4(a), with multiple 
sources within the mission pattern (see figure). One of the main observations has been the 
oscillatory behaviour of the heading sensor in the open ocean as shown in figure 4(b), 
which was not visible in the pool trials. Though it could not be verified by another 
experiment, it was concluded that the currents in the ocean would have caused the 
fluctuations in the heading sensor output due to unstable motion of the array. The 
oscillations were found picking up and reaching a maximum when the array got oriented 
against the cross currents.   The beaforming result is shown in figure 5. 

Figure 3 Heading and pressure sensor readings of 
the DTLA 
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An opportunity arose in 2009 to tow the array using the OEX AUV platform in Italian 
waters. In these tests also, the acoustic functionality of the array was re-established and the 
array picked up many distant vessel activities. The beamforming capability of the array 
was also ascertained through the localisation of an acoustic source deployed near to the 
shore. The data from the array was also used in estimating the non-acoustic noise 
contributions using frequency wave-number (F-K) analysis for a qualitative assessment of 
its impact on the array performance. The results of F-K beamforming are shown in figure 
6.   
 
 

 
 
 

Figure 4 (a) AUV mission pattern (each arm is 200m). (b) Heading sensor output of the 
DTLA 

Source 

Figure 5 Beamformer output for a 1 kHz source (data from section S1 of the 
array mission pattern) 
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Figure 6 Results from the F-K analysis of data from DTLA 

 
The dotted vertical lines represent the slowness limits for real beamformer angles – the 
vertical line on the left represents the end-fire direction away from the AUV, while the 
vertical line on the right represents the end-fire direction towards the AUV.  The data to 
the left and right of those lines represent imaginary angles.  The dotted horizontal line 
represents the highest frequency that can be beamformed without spatial aliasing (half-
wavelength spacing).  As is clear, the pinger at 1.8 kHz is above this limit and therefore is 
expected to have aliases. The bright spot just to the left of slowness -0.5 ms/s is the actual 
pinger.  This matches closely with the expected angle from the geometry plot, and also is 
consistent with all frequency components being localized at the same angle (aliases show 
different slowness for different frequencies). 

The major conclusions from this experiment were the following: 

a. The array performed well and was able to detect and localise underwater sound 
sources within the designed resolution 

b. The noise power at the array output was found to increase with the tow speed 
@3dB/knot, but inconclusive whether all of it was contributed by flow noise 

c. The non-acoustic noise contributions were below the ambient noise, which was 
measured separately, and hence was not impacting the array performance when 
towed at a speed of up to 4 knots 

d. The array was picking up strong acoustic modem communication signals which 
were out of band indicating that the anti-aliasing filter may require a sharper cut off 
to avoid modem signals interfering with other signals of interest 
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4. CHARACTERISATION OF DTLA 
 

The pool tests and the sea trials established the array functionality and feasibility of 
using the array as a sensing platform for smaller AUVs. Nevertheless some of the 
questions remained unanswered. For example, how does the platform noise and vibrations 
affect the array performance? Is the flow noise is limiting the performance of the array and 
if so in what way? In order to answer these questions experiments were performed in 
controlled environments to measure the vibration levels experienced by the array at 
different tow speeds and also to deduce the impact of flow induced noise on the array 
performance. The details of these experiments and relevant results are discussed in the 
following paragraphs. 
 

4.1 Estimating vibration levels experienced by the array 

 
An experiment was designed to measure the level of vibrations experienced by the array 
and also to estimate its propagation along the array at different tow speeds. The array was 
equipped with three 3-axis MEMS accelerometers, one each at its tow end and tail end and 
third one placed at the centre of the array.  A test was conducted in a high speed test tank 
facility by towing the array at different speeds and recording the accelerometer output. For 
a description of the test set up and the details of the experiments performed the readers 
may refer to [7]. The results from these experiments are summarised as below (see figure): 

a. The vibration levels as recorded by the accelerometers indicated that the levels 
along the axis of the array is higher than in the other two orthogonal directions 

b. The vibration levels were found to be decreasing along the array as one moves 
from the tow end to the tail end indicating that their origin is near to the tow end 

c. Levels of vibration experienced by the array was found to be increasing with 
increasing tow speed 

d. The levels of vibration are low enough not to impact the array performance at least 
up to 4 knots 

The major conclusion from the above experiment was that there is no need for a vibration 
isolation system (as in the case of conventional towed arrays) for the DTLA when towed 
at speeds of less than 5 knots.  
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4.2 Estimating flow noise  

It has been believed that the small diameter of the array and hence the close proximity 
of the sensors to the array enclosure would result in significant coupling of flow induced 
noise to the sensors and thus would impact its acoustic performance. Though the limited 
tests conducted in the ocean tend to suggest that the ambient noise could be the 
performance limiting factor, there was no clear experimental evidence to quantify the 
levels of contribution by the flow noise. So, an experiment was designed to study this 
aspect. Experimental estimation flow noise was difficult as it required a test facility free 
from other noises and also not to be contaminated by the machinery noise arising from the 
towing mechanism.  To address this problem to a larger extent, the experiment was carried 
out in a quiet lake where the array was deployed from a dinghy which was pulled by a 
hydraulic winch, decoupled from the platform using vibration isolation mounts. A full 
description of the experiment can be found in [6]. The dinghy was pulled at different 
speeds and the data were recorded in a receiver which was placed in the dinghy and 
connected to the array. 

The data were analysed to find the trend of flow induced noise for different tow speeds 
and the result is shown in figure 8. The figure also shows the estimated flow noise using 
empirical models [8]. The empirical model estimates of flow induced noise were found to 
be in fair agreement with the estimates from experimental values. The flow noise 
contributions could be estimated only for frequencies below 400 Hz as for higher 
frequencies the contributions were minimal and embedded in the ambient noise. The 
results again suggested that the flow noise effect can be neglected at least for the local seas 
where the ambient noise levels are very high. 

Figure 7 Outputs of the Y=component of the accelerometers for different tow speeds. 
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Figure 8 Measured and empirically estimated flow induced noise levels for various towing speeds of 

DTLA 

 
5. CONCLUSIONS 
 

The design, development and experimental verification of DTLA which can be used as 
a low cost acoustic sensing solution for AUVs have been presented in this paper. The 
results indicated that the DTLA performed reasonably well and was able to do basic 
detection and localisation of an acoustic source through beamforming. It was also deduced 
that neither the platform vibration nor the flow induced noise was impacting the acoustic 
performance of the array for speeds up to 4 knots. Though developed as a towed array for 
the AUV, this light weight array is also useful for many other applications which require a 
vertical or horizontal array for underwater measurements. 
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Abstract: The Five Octave Research Array (FORA) was placed in service in July 2002 and has
participated in 10 sea trials where it was used as a principal data collection tool. It is a research
towed array that covers a beamformable frequency range of 50 – 3750 Hz. The FORA is operated
by Penn State Univ. primarily for the Office of Naval Research’s (ONR) Ocean Acoustic Program.
There are four conventional apertures and at the front of the array is a triplet aperture to allow
left - right discrimination of received energy above about 700 Hz. In this paper a summary of the
array architecture, its capabilities and some key uses of the array are presented. Both acoustic
and non-acoustic data have usually been of very high quality. Also included is a summary of 8
years of upgrades and improvements. Along the way users discovered some problems with the
data acquisition system. Some of the lessons learned and corrections to the dry end processing
are summarized and as a result important upgrades were made for operations that require a GPS
synchronized time base across multiple systems with 1 ms accuracies. Finally, some promising
new array technologies and design considerations that could be used in a replacement array for
the FORA are briefly discussed.

Keywords: towed arrays, line arrays, array design
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1. INTRODUCTION

Starting in 2000, the Office of Naval Research sponsored the construction of an experimental
research array with port/starboard discrimination capabilities. Called the Five Octave Research
Array (FORA), the array was designed and built by Chesapeake Sciences Corporation based on
high data rate ATM/SONET (Asynchronous Transfer Mode/Synchronous Optical Network) towed
array telemetry. Final construction of the array assembly was done under subcontract by Teledyne
Instruments Inc. with technical oversight of the array design and construction done by Penn State
University. FORA was built for the ONR ocean acoustics program, primarily for use as a basic
research tool. Significant support for both hardware and the software acquisition system came
from ONR’s MACE (Multistatic ASW Capabilities Enhancement) program office. Digital Sys-
tems Research Inc. wrote the original FORA acquisition software and the M.I.T. Dept. of Ocean
Engineering provided some resources for software upgrades and beamforming modifications. The
software was modified extensively by Lilimar Ruhlmann and most recently rewritten completely
by George Ruhlmann both of WaveTech Engineering, LLC. Penn State Univ. is tasked with array
operation and technical support to identify and facilitate any repairs, upgrades or updates for the
array to enable its use as a community asset for basic and applied research in underwater acous-
tics. This article updates a much earlier overview of FORA [1].

2. FORA DESCRIPTION

FORA is a 277-m-long streamer X oil-filled array with a diameter of 78 mm except for the
triplet module which is 88 mm in diameter. The conventional portion of the array consists of 4
apertures that form nested sets of channels cut for frequencies between 250 and 2000 Hz. Each
aperture has 64 chnnels. A fifth module is comprised of a linear array of 78 hydrophone triplets
cut for 3750 Hz. Each triplet set is formed by placing hydrophones on an equilateral triangle
with 38.5 mm spacing between the individual phones. The individual sub-apertures are referred to
by their frequency designations in increasing bands as ultralow frequency (ULF), low frequency
(LF), mid frequency (MF), and high frequency (HF) corresponding to cut frequencies of 250, 500,
1000, and 2000 Hz, respectively. Acoustic aperture lengths for the linear portions of the array are
189 m, 94.5 m, 47.25 m, and 23.625 m for the ULF, LF, MF, and HF, respectively. The cardioid,
or triplet, module has a total linear acoustic aperture of 15.6 m. It should be noted that the 88 m
aft ULF module is removable, meaning that the FORA can be operated as a short or long towed
array or as a short or long vertical array.

In addition to the acoustic sensors, the array is outfitted with sensors to provide array attitude
data. Four non-acoustic sensor (NAS) suites are employed which provide heading, pitch, roll,
depth, and temperature data across the length of the array. The NAS suites are positioned at both
ends of the cardioid module, just before the aft ULF module and at the end of the ULF module.
Positioning NAS at the ends of the cardioid allows module twist to be measured which is a required
input any beamforming that does port/starboard discrimination. The FORA system module layout
is shown in Fig.1 illustrating the relative positions of array, modules and NAS.

In this configuration, individual hydrophones contribute to multiple apertures via both real
and synthesized acoustic channels so the number of hydrophones used throughout the array is
minimized. To mitigate flow noise on each of the channels, the output of multiple hydrophones are
summed for each channel with the acoustic center located at the geometric center of the summed
phones. For the ULF section of the array, 4 hydrophones are summed per channel and for the LF
and MF apertures 2 hydrophones are summed per channel. For the HF and cardioid sections, no
hydrophone summing occurs. For the cardioid section, one hydrophone per channel allows for
estimation of the phase differences between the three triplet phones needed by any beamformer
that does port/starboard discrimination.
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Fig. 1: Schematic of FORA system module layout. The nested acoustic apertures
are spread across the physical modules.

The acoustic section of the array is bounded on each end by vibration isolation modules
(VIMs) used to isolate the array from vibrations transmitted through the tow cable or by the tail
drogue. The 305 m long tail drogue is designed to provide enough drag on the array to ensure
proper inter-element spacing along the length of the array. Originally designed to provide 500 lbs.
of drag at 5 knots, the drogue was later split in half and re-coupled with a swivel to allow for tow
speeds up to 10 knots by using only half the drogue length. The tow cable is 950 m of armored
cable with both copper and fiber-optic signal cables which provide array power and data transmis-
sion. This length allows a maximum array tow depth of≈350 m at 4.5 knots . The array, including
tow cable and drogue, are wound onto the 1.27 m diameter drum of a hydraulic winch with a linear
payout/take up speed of up to 2 m/s. A 30 m deck cable connects the array on the winch to the
array controller located inside the ship. As there is no optical slip ring between the deck cable and
array on the winch, the deck cable must be disconnected for deployment and retrieval. The array
and winch weigh 7950 kg and take up a volume 2.45 x 2.45 x 2.45 m (approximately an 8 ft.
cube) on a ships deck. A fairlead (or chute) is used to smoothly guide the array over the ship’s
stern.

Communication with the array for both configuration downloads and data acquisition is over
an ATM/SONET optical network. The array is equipped with three multifunction hubs which
handle signal conversion from electrical to optical format. Data is digitized using 24-bit sigma-
delta converters with an effective dynamic range of 19 bits at the hydrophone channel level by dual
acoustic nodes (DANs); there is one for each pair of hydrophones. There is also one desensitized
phone to record very high signals unclipped. Using this telemetry, the array is capable of acoustic
data rates up to 130 Mb/s.

During operation, power to the array is provided by a constant current supply. Control of array
operations is provided by the Towed Array Test Set (TATS). The TATS includes a PC running
software that provides a graphical user interface (GUI) to access array configurations and data.
TATS is used to set the array sampling rates, gains, and perform array and data quality checks, as
well as many other functions too numerous to mention here. There are five sampling configura-
tions available: 2, 6.25, 8, 16 and 25 kHz. There are also 4 amplifier gain settings from zero to 18
dB. TATS can also capture data for examining individual time series and frequency content of in-
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dividual array channels. Finally, the TATS provides real time monitoring capabilities for all NAS
data. Real time displays of heading, pitch, roll, and pressure are available from all the sensors.
This capability is essential for checking array attitude and height above the bottom during a tow,
particularly in shallow water when there is a chance of dragging the array along the bottom.

Data returned from the array via a fiber-optic link is passed through a 4-way optical splitter
for data acquisition. One link is connected to the TATS, one to a D/A converter to monitor phones
aurally, and two links are available for connection to external data acquisition and processing ma-
chines via ATM network interface cards. The primary FORA acquisitions systems acquire data to
hard disks and are based on standard Linux workstations with Linux-ATM support installed. The
acquisition software takes the raw array data and strips off the header information and writes the
acoustic data to disk for archiving and later processing. At present the FORA acquisition system
can record all 4 linear sections of the array or the triplet section, but we have not tried both simul-
taneously. A software beamformer with complex bandshifting and decimated output, developed
by R. Hollett at SACLANTCEN (now NURC) and modified by E. Sheer of Woods Hole Oceano-
graphic Institute (WHOI), is available. A version for the triplet beamformer is also available [2].

3. OVERVIEW OF FORA SEA TRIALS AND HISTORY

The FORA was deployed during 10 different sea trials over the period from May 2002 to Sept.
2010. The first deployment in May 2002 was an engineering sea trial and factory acceptance test
of the array. The engineering runs were mainly designed to test performance related to array de-
ployment and towing characteristics as measured by the onboard NAS as well as acoustic response
characteristics. Specific tests were designed to measure array attitude, including array heading,
pitch (tilt), and roll (or twist). Other tests were to measure array response to both ambient noise
conditions and calibrated source signals. Observations and measurements were made for the array
as it was towed through a variety of different depth, speed, and course changes. Array attitude was
closely monitored during all maneuvers to determine the effects of turns on array twist and depth.

Table 1 below summarizes pertinent facts for each of the rest of the trials. During the accep-
tance test and the first actual sea trial (T-MAST02), it was observed that the FORA towed in a
nose down orientation with the tail higher in the water than the nose. There was about a 6 meter
difference between the aft end of the triplet module and the aft end of the LF/MF module whose
relative positions are indicated in Fig. 1. In March 2003 the array was refurbished by Teledyne
Instruments and re-ballasted to make it neutrally buoyant. After this, the array towed with a tilt of
about 1-2 meters over the full length of the array (approximately 0.6◦ tilt). It has been observed
that the FORA usually tows nearly straight and level at speeds of 4.5 knots and above.

Throughout the course of the sea trials acoustic data quality was monitored using TATS. Short
time segments of data were captured and displayed on TATS for each of the array apertures. Data
can be displayed as either time series or frequency plots for individual channels or entire apertures.
In this way, the TATS was used to quickly examine data quality on each channel of the array. The
TATS was also used to check channel amplitude matching across the different apertures for both
ambient noise and calibrated CW tones. The individual channels appear to be well matched in
amplitude for these tests. During all deployments, the TATS was used to monitor and log array
performance for quality control.

Array capabilities in shallow water were demonstrated during the first actual sea trial in July
2002 when the array was operational for 208 hours and cycled through 6 deployments/retrievals.
Further, using a gain setting of 18 dB, unclipped acoustic data were observed with SNRs of greater
than 70 dB. For the trials listed in Table 1, 7 were in shallow water/bottom limited conditions and
3 were in deep water.

Figure 2 shows a sample reverberation plot acquired on the array during the May 2003 Acous-
tic Clutter experiment. Shown in the plot is reverberation level as a function of position for a
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Experiment Year Location Objective(s) Sponsor(s) Scientist Freq.
Name in Range

Charge (Hz)
T-MAST02 2002 Stanton Military ONR-MACE Hanson various

Banks Exercises
Acoustic 2003 New Jersey Clutter ONR-OA Makris 380–
Clutter03 Shelf 1350
NPAL04 2004 Central Acoustic ONR-OA Baggeroer 60–

Pacific Thermometry 320
OREX05 2005 Oregon Scattering NRL Gauss 500–

Shelf and Reverb Gaumond 2000
GOM06 2006 Gulf of Remote ONR-OA Makris 380–

Maine Sensing 1350
CLUTTER07 2007 Malta Clutter ONR-OA Preston 500–

Plateau Studies Garr 3500
BASE07 2007 Malta Echo ONR-US Nielsen 500–

Plateau Characterization 3500
LWAD07-2 2007 East China Equipment LWAD Porter 900–

Sea Tests 1000
PHILEX09 2009 Philippine RAP ONR-OA Baggeroer 50–

Sea 400
LRAC10 2010 Off San Long Range ONR-OA Song 250–

Diego Communication 500

Table 1: Summary of the ten sea trials to date using the FORA.

CRUISE NAME : geoc2               

CENTER FREQ. : 1325.0

EVENT: mtrk2523wm11b135191635

ARRAY HEADING : 234.9

DATE/TIME COLLECTED :    DATE/TIME COLLECTED :    

2003 135 19:16:35.**

50.0
53.0
56.0
59.0
62.0
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Fig. 2: Bistatic reverberation level from the 2003 Acoustic Clutter Experiment vs.
location for a 1s LFM pulse centered at 1325 Hz from the triplet sub-aperture of

FORA that resolves bearing ambiguity
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1s LFM pulse centered at 1325 Hz, emitted from another ship (bistatic reception) and using the
triplet beamformer. The ellipse shows the area insonified by the 1 s long pulse after reception on
FORA. The source was located on the right side of the ellipse at the triangle and the FORA was at
on the left of the ellipse heading at 235◦ T as indicated by the line with the arrow. This is from the
ONR study area known as the STRATAFORM on the New Jersey shelf about 90 nm offshore. See
[3] for more details on this work. Researchers using the FORA have produced many publications
based on FORA data. Some selected examples include [2, 3, 4, 5, 6, 7, 8, 9, 10, 11].

4. FORA PROBLEMS, REPAIRS AND RELIABILITY

4.1. FORA acquisition software problem history and fixes

The original FORA acquisition software was adapted from other active systems. As a result
experiments using FORA as an active system receiver went fairly smoothly but in 2004 in the
NPAL04 experiment, it was used for the first time to measure one-way travel times. In 2006-
2007, careful post analysis of the NPAL04 experiment revealed there were one-way timing errors
of at least 0.5 s with no way of correcting them. (This problem had little or no effect on active
experiments because zero time reference starts at the direct arrival of each ping). In 2007 during
the CLUTTER 07 sea trial modifications suggested by E. Scheer of WHOI reduced the one-way
time uncertainty to 0.25 s at the 8 kHz sample rate. In the PHILEX09 sea trial one-way travel
times were also needed. To prepare for this trial, several improvements were made to the FORA
acquisition system (by G. Ruhlmann). Many small coding errors were corrected. Among the most
important was the ability to accurately estimate one-way time travel. Previous timing errors were
found and corrected. To test it we measured time of arrival of impulses from a pinger system
designed by K. von der Heydt of WHOI that was attached directly to the FORA. We found a
nearly consistent latency of 8 ms ± 0.1 ms for the 8 kHz sampling configuration of FORA. After
returning from PHILEX09, it was also discovered that micro dropouts lasting on average of 20 ms
could sometimes occur especially when the array was under higher stress (higher sea states).

In 2010 the acquisition system was completely rewritten. In the course of improving the FORA
acquisition system for the LRAC10 experiment, GPS time tags have been added for each data
block, and all data dropouts are logged with location and duration. After one at sea modification
the new acquisition software worked flawlessly during the remainder of the LRAC10 experiment
recently completed (no dropouts). Now one-way timing errors are down to approximately 1 ms.

4.2. Summary of other upgrades and repairs to FORA

As the FORA was originally built at Teledyne Instruments in Houston, TX, that is where it is
sent for refurbishment. There have been five refurbishments. While monitoring the array during
the T-MAST02 experiment, it was discovered that a few of the hydrophone channels were not per-
forming or had failed. These channels were noted and fixed during the first FORA refurbishment
so all channels were available for the next trial, the 2003 Acoustic Clutter experiment. During
2003 funding was also provided to replace the Isopar-M oil in several modules with Streamer X
oil (a much more environmentally friendly version), buy a hardened version of the TATS com-
puter, and upgrade to new LINUX-based data acquisition computers. In 2004 during the second
refurbishment, hydrophones/DANs in two modules were repaired and the rest of the array was
filled with Streamer X. In 2005 (3rd refurbishment) the ULF and triplet modules were repaired
and the heading-pitch and roll sensor was added to the aft of the ULF module. In 2008 (4th re-
furbishment), four modules were repaired and a modification made to the TATS VME chassis to
better syncronize the data to the GPS as was done in the Acoustic Observatory hardware for ONR.
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Also, a new tow cable was installed to give the FORA an ITC (Instrumented Tow Cable) capabil-
ity (i. e. like a thermistor chain). In 2010 (5th refurbishment) the ULF module was repaired. In
addition to these efforts, in 2006 a new level wind was added to the FORA winch, and in 2009
new LINUX-based acquisition computers were added.

4.3. Overall reliability

During the course of FORA’s ten sea trials it has been requested to collect data for a total of
138 days and only 3.5 days were actually missed due to FORA equipment problems (including the
winch). Compared with other arrays the authors have worked with this is an exceptional record.
It should be mentioned that during two trials some portions of the array were not available, for
instance in PHILEX09 the aft ULF section was shorted out by a sea water leak so the last 28
channels were lost after the first two days but the rest of the array continued to collect data on the
other 134 channels being recorded.

5. SOME FUTURE DIRECTIONS IN ARRAY TECHNOLOGY

Based on discussions with ONR researchers, L-3 Chesapeake Sciences put forth the design
shown in Fig. 3. It is a schematic of a possible replacement array for the lower frequency range
covered by FORA (below 2 kHz) showing several areas where FORA technology could be im-
proved. First it is a thin line array so it would be more compact and thus easier and cheaper to
ship and install/de-install onboard research vessels. Second, it uses a new Compact Towed Array
(CTA) Telemetry with only a single unit doing the same job as the 3 multi-function hubs used by
the FORA so reliability is greatly improved. Also it has 128 elements for the 3 apertures listed so
its angular resolution is doubled.

Fig. 3: Possible future towed array showing latest technology
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Abstract: Acoustic target strength TS of fish in situ and and its dependence on fish length LT  
(TS-LT dependence) play a key role in the estimation of the absolute fish stock and the catchability of 
research trawls by a hydroacoustic method. The paper presents the results of the ten-year research on 
TS in situ for main commercial fish species in the seas of the Northeast Atlantic. The data were 
obtained during the trawl-acoustic surveys by echo sounders with the precision TVG and split-beam 
transducers, research trawls and post-processing software. Based on the meta-analysis of the data on 
TS, which were collected at 38 kHz, derived was the new TS-LT dependence for the Atlantic cod 
(Gadus morhua), haddock (Melanogrammus aeglefinus), saithe (Pollachius virens), polar cod 
(Boreogadus saida), capelin (Mallotus villosus villosus), blue whiting (Micromesisteus poutassou) and 
Atlantic beaked redfish (Sebastes mentella): 
 TS (young cod, LT = 5 - 40 cm) = 23.5 log10 (LT) - 72.2, n=89, r2=0.96, s.e.=1.3;  
 TS (adult cod, LT = 40 - 90 cm) = 25.5 log10 (LT) - 75.4, n=456, r2=0.81, s.e.=1.1;  
 TS (largest cod, LT = 90 - 140 cm) = 35.3 log10 (LT) - 94.6, n=293, r2=0.73, s.e.=1.1;  
 TS (haddock, LT = 9 - 77 cm) = 22.0 log10 (LT) - 69.6, n=191, r2=0.87, s.e.=1.3;  
 TS (saithe, LT =8 - 115 cm) = 23.8 log10 (LT) - 70.8, n=27, r2=0.98, s.e.=1.5; 
 TS (polar cod, LT = 3 - 23 cm) = 18.9 log10 (LT) - 68.6, n=118, r2=0.9, s.e.=1.4;  
 TS (capelin, LT = 4 - 19 cm) = 19.0 log10 (LT) - 73.6, n =35, r2=0.97, s.e.=0.7;  
 TS (blue whiting, LT = 18 - 44 cm) = 25.8 log10 (LT) - 73.1, n=78, r2=0.78, s.e.=0.9; 
 TS (Beaked Redfish, Barents sea, LT =6 - 38 cm) =18.0 log10 (LT)-67.5, n=96, r2=0.93, s.e.=1.2; 
 TS (Beaked Redfish, Norwegian sea, LT =36 - 38 cm) =20.0 log10 (LT)-69.5, n=12, r2=0.2, s.e.=0.7 
 TS (Beaked Redfish, Irminger sea, LT =34 - 37 cm) =20.0 log10 (LT)-69.5, n=14, r2=0.2, s.e.=0.6 
 
Key words: acoustic target strength of fish, catchibility, meta-analysis, trawl-acoustic surveys  
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1. Introduction 
  
Applicable equations to estimate the mean density of fish aggregation in a layer by 

hydroacoustic (echo integration) method [1, 2] and trawling method [3] are as follows: 
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where A - mean density of fish aggregation in [pieces/mile2]; I – echo integration index;  

T – trawl index; i  – fish species index; j  – fish length group index; ijP – portion of fish from 
j -length group of i -species in aggregation; As - nautical area scattering coefficient of fish 
aggregation in a layer in [m2/mile2];  - the mean backscattering cross - section for a fish in 
[m2], which is connected with fish target strength TS in [dB] through the relationship 
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 ; the dependence of target strength TSon total fish length TL  is expressed 

as A )L( log BTS T10  , where B  and A - coefficients depending on fish species; TC - 
trawl catch in fish quantity; Tk - the trawl catchability; sweptA - the swept area by the trawl in 
[mile2]; TD - the trawled distance in [mile]; TW - the width of swept area by the trawl in [m]; 
1852 - the scaling factor for the transition from meters to miles. The As -value is measured by 
echo sounder. When measuring As -value in a layer of sweptA  (trawl opening = integration 
range), the equations (1) and (2) can be taken as equal (  ATAIsweptAI ss )and that one for 
the trawl catchability estimation by hydroacoustic method can be given as [4, 5]:                                                                      
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The equation (1) is applied, when aggregations of fish are completely registered by echo 

sounder whereas the others (2) and (3) are used when aggregations of fish are recorded by 
echo sounder without required representativeness (for example, near surface and bottom and 
in a layer with a lot of the other organisms, which are not fish). In both cases the acoustic 
target strength TS of fish in situ and its dependence on fish length TL ( TS- TL  dependence) 
play a key role. 

Investigations of fish target strength have been conducted since 1962 as ex situ placing fish 
in special cages, as in natural aggregations of freely swimming fish in situ [2, 6]. It was 
concluded that only direct measurements of TS in situ may provide with obtaining more 
correct and statistically grounded data [7].  

Nowadays, to estimate fish stocks in the seas of the North Atlantic used are the TS-
TL dependences received 20-30 years ago [8, 9, 10, 11] which already need checking and 

updating.  The  Laboratory of Hydroacoustics and Underwater Research in the Polar Research 
Institute of Marine Fisheries and Oceanography (PINRO) has been carrying out research on 
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 3 

fish TS in situ since 1998 [12]. In the recent years, having been developed is methodology to 
define TS in situ during the trawl-acoustic surveys (ТАS), using Simrad EK60 scientific echo 
sounder (38 kHz) [13] with a high-precision TVG and the transducer with a split beam, trawls 
with small-meshed insertions to reduce their selectivity and special software for collection, 
storage and post-processing of data (Norwegian BI60 in EK60 and Russian Famas-2009 [14]) 
(Fig.1). This paper presents the results of ten-year (from 2000 to 2011) research on TS in situ for 
main commercial fish species in the seas of the Northeast Atlantic. 

 

 
Fig.1: System of using methodology of fish target strength estimation in situ 

 
 

2. Material and methods 
 

PINRO’s methodology to estimate the acoustic target strength TS of fish in situ in the seas of 
the Northeast Atlantic and some results are presented in several papers [15, 16, 17] including 
that one at the UAM2009 Conference [16]. To be brief, the methods are applied at three 
stages. 

The first stage: Collection of data on fish TS in situ in the swept area using software and 
the length species composition of fishes in trawl catches. 

The second stage: Processing of acoustic and biological data by two methods.  The first 
method:  the TS-distribution, and the mean target strength TS are estimated within the swept 
area using the Famas-2009 post-processing software. The TL -composition and mean length 

TL  of fish in catches are also defined. The mean TS is associated with the mean TL  of fish in 
a catch, this method makes it possible to estimate mean TS of fish from small and middle 
size groups. The second method is likelihood-statistical and assumes that the maximum 
observed target strength mTS  within the swept area corresponds to the greatest length TmL of 
fish in a catch. This method allows us to estimate TS of the largest length groups TmL  of fish, 
using the BI60 and Famas-2009 post-processing software. It should be noticed that the second 
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 4 

method has the advantage that it is more applicable in commercial fishing, where any trawl 
including those ones without a small-meshed insertion could be used. 

The third stage: Defined are the TS- TL  dependences covering all length groups of fish, 
using the likelihood-statistical method of processing described by Ricker [18] and Glantz 
[19], allowing us to reveal and filter doubtful pairs of TS and TL  data. 

 
 

3. Results and conclusions  
 

In the period from 1998 till March 2011, more than 60 trawl-acoustic surveys (TAS) for fish 
stocks were conducted in the seas of the Northeast Atlantic. There were more than 2000 hauls 
made by bottom and pelagic trawls with simultaneous registration of TS- distribution within 
the trawl swept area. Fish TS was estimated in situ. Meta-analysis was made for all the 
obtained TS and determined were the new TS- TL dependences for the Atlantic cod (Gadus 
morhua), haddocks (Melanogrammus aeglefinus), polar cod (Boreogadus saida), blue whiting 
(Micromesisteus poutassou), saithe (Pollachius virens), capelin (Mallotus villosus villosus), 
Atlantic beaked redfish (Sebastes mentella) and the Atlantic gold redfish (Sebastes marinus) 
which are presented in Fig. 2 and Table 1. Have revealed was the expediency of use of not 
one but three dependences for cod from all size groups: the first - for young cod with 5-40 cm 
length, the second - for cod adults 40-90 cm in length, and the third - for the largest cod as 
long as 90 - 140 cm [17]. Using the new TS- TL  dependences will lead to more proved 
estimations of stocks of the mentioned fish species. 
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Fig. 2: Total TS- TL  dependences in situ at 38 kHz for Atlantic cod, haddock, saithe, polar 
cod,  Atlantic beaked redfish (S. mentella), Atlantic gold redfish (S. marinus) and capelin in 

the seas of  the Northeast Atlantic 
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Fish 
 species 

 

Length
TL , 

sm 

Mean 
length, 

TL , sm 

New  
TS- TL   

dependences 

Applied (old)   
TS- TL  

dependences   

)L(TS T  
dB 

Atlantic Cod 5-136 84.4 26.0 log10 (LT) – 76.1 
n=699, r2=0.95, s.e.=1.2 

20 log10 (LT) – 68 
[8,9] 

3.5 

Atlantic Cod 5-40 34.1 23.5 log10 (LT) – 72.2 
n=89, r2=0,96, s.e.=1,3 

20 log10 (LT) – 68 
[8,9] 

1.2 

Atlantic Cod 40-90 79.0 25.5 log10 (LT) – 75.4 
n=456, r2=0,81, s.e.=1.1 

20 log10 (LT) – 68 
[8,9] 

3.0 

Atlantic Cod 90-136 106.9 35,3 log10 (LT) – 94.6 
n=293, r2=0,73, s.e.=1.1 

20 log10 (LT) – 68 
[8,9] 

4.4 

Haddock 9-81 36.8 22.0 log10 (LT) –69.6 
n=191, r2=0.87, s.e.=1.3 

20 log10 (LT) – 68 
[8,9] 

1.5 

Saithe 8-114 62.3 23.8 log10 (LT) – 70.8 
n=27, r2=0.98, s.e.=1,5 

20 log10 (LT) – 68 
[8,9] 

4.0 

Polar  
cod 

3-23 8.7 18.9 log10 (LT) – 68.6 
n=118, r2=0.90, s.e.=1.4 

21.8 log10(LT) –
72.7  
[8, 9] 

1.4 

Capelin 4-19 12,9 19.0 log10 (LT) – 73.6 
n=35, r2=0.97, s.e.= 0.7 

19.1 log10(LT)–74.0   
[8, 9] 

0.3 

Blue  whiting 18-44 28.8 25.8 log10 (LT) – 73.1 
n=78, r2=0.78, s.e.= 0.9 

21.8 log10(LT) –
72.7   [8, 9] 

5.4  

Atlantic 
Beaked redfish,  
The Irminger 

Sea 

34-37 
 
 

35.2 
 

30.5 log10 (LT) – 85.8 
n=14, r2=0.20, s.e.= 0.6 

12.5 log10(LT)–59.5  
L T = 35.7-38.5 cm,  

n = 16, r2
 = 0.15 

[10] 

1.5 

Atlantic 
Beaked redfish, 
The Norwegian 

Sea 

35-38 
 
 

36.9 
 

46.4 log10 (LT) – 110.9 
n=12, r2=0.20, s.e.= 0.7 

20 log10 (LT) – 68  
L T = 19.7 cm, n=1 

[11] 

-1.5 

Atlantic 
Beaked redfish, 

The Barents 
Sea 

6-38 24.2 18.0 log10 (LT) – 67.5, 
n=96, r2=0.93, s.e.= 1.2 

20 log10 (LT) – 68  
L T = 19.7 cm, n=1 

[8,9] 

-2.3  
 

Atlantic Gold 
redfish, The 

Norwegian Sea 

8-43 23.6 20.5 log10 (LT) – 68.2, 
n=3, r2=0.99, s.e.= 0.3 

20 log10 (LT) – 68  
L T = 19.7 cm, n=1 

[11] 

0.5 
 

 
Table1: New and applied TS- TL  dependences for main commercial fish species in the seas of 

the Northeast Atlantic ))L(TS)L(TS)L(TS( oldTnewTT   
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Abstract: The main objective of this paper is development of efficient and reliable acoustic 
techniques for monitoring the Baltic seafloor geomorphological and sedimentological 
features.  Exhaustive investigations were performed in selected six areas of a size up to 10 
by 20 km located in the southern Baltic Sea which is characterized by diversified types of 
sediments, geomorphologic forms, and benthic habitats. In addition, measurements were 
made in the narrow euphotic zone of a length of 220 km and depth between 4-20m parallel 
to the Polish cost. We used multibeam echosounders, side scan sonar, subbotom profiler 
and Van Veen sediment grab. The efficient and fast seafloor classification system was 
constructed and tested for extensive data collection. The basis of the system is 
computation of spectral and continuous wavelet transformation parameters of multibeam 
echosounder angular backscatter. Two sets of parameters are the input to the self-
organized neural network with Kohonen’s learning algorithm, utilizing 25% of the input 
data volume. Moreover, the relationships between wavelet transformation, spectral 
parameters and mean grain diameter of sediments were determined, indicating the 
sensitivity of spectral parameters to type of sediments and of wavelet parameters to the 
seafloor morphology. The correctness of the method was verified, using underwater video 
recordings from underwater vehicle, sidescan sonar mosaic maps and analysis of 
subbotom profiler recordings. 
         
  
Keywords: multibeam echosounder, seafloor classification algorithm, southern Baltic Sea 
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1. INTRODUCTION  

Acoustical methods and especially swath techniques are very attractive as the main 
source of knowledge on bottom bathymetry and seafloor morphology. Many activities 
related to seabed exploration as marine geology, ecology, oil industry, laying of pipelines 
and cables on the seafloor, designing and construction of hydrotechnical objects and navy 
operations need tools for fast and effective bottom recognition. Hence, special attention 
should be paid to the rapid development of multibeam echosounders (MBES) which 
provide comprehensive information on the bottom surface.  

The high-resolution MBES systems produce two types of data - bathymetric and 
angular dependency of backscattered intensity. The well known dependency of measured 
and modelled bottom backscattered strength (BBS) on the angle of incidence is a result of 
relationship between scattered acoustical energy and big set of seafloor geoacoustic 
features directly related to sediment grain size and compactness. Moreover, the value of 
BBS in function of acoustical wave incident angle strongly depends on seafloor roughness 
and slope angle. The angular dependency of the backscatter strength is an inherent 
property of the seafloor and is the function of geophysical characteristics of sediment. This 
feature of MBES data is especially useful in the automatic bottom classification 
algorithms [e.g. 1-5] and developed in commercial bottom classification systems [e.g. 6]. 

The classification systems based on the angular dependency of BBS require precise and 
corrected values. The correction procedures are not trivial and beside accurate information 
about measurement geometry, beam pattern, angle and time varying gains, need numerical 
simulation of bottom backscattered energy [e.g. 7, 8]. Removing the backscatter angular 
response in order to obtain mosaic map of real BBS values requires thus the use of special 
correctness techniques [9-11]. 

This work is focused on development of consistent remote bottom classification 
method based on angular response parameterisation, which allows estimation of seafloor 
morphologic and sedimentary properties. The method provides accurate results without 
the use of special correction methodology, which can be insufficiently accurate in some 
cases.  

In 2007-2010, the Maritime Institute in Gdansk conducted exhaustive acoustical 
research of the bottom in the Polish Exclusive Economic Zone, (the Baltic Sea) and 
collected a large set of swath and subbotom data. A special attention was paid on six 
different areas named: Kuznica, Rozewie, Rowy, Kolobrzeg, Rewal and Slupsk Bank, 
which demonstrate typical seafloor features for the southern Baltic. A size of the 
investigated areas reached up to 10 km by 20 km. Moreover, for the coastal zone were 
conducted measurements in area 220 km long and more than 1 km width within euphotic 
zone of the depth between 4-20m parallel to the cost. The acoustical measurements were 
accompanied by geological sampling and video inspection. 

For the remote sensing recognition of morphological forms, types of sediments and 
benthic habitat mapping in the explored area was necessary an effective bottom 
classification system based on MBES measurements, which allows monitoring, 
conservation and management of  the Baltic shallow water seafloor.  

In this work we present results of the algorithm functioning only for the Rewal area 
which is located in the western part of the Polish Baltic coastal zone. The methods used 
were tested positive in other areas in the Polish Exclusive Economic Zone. 
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2. MEASUREMENT METHODOLOGY 

The acoustical measurements of the bottom were conducted onboard the research 
vessel of the Maritime Institute in Gdansk  r/v Imor. The vessel is constructed especially 
for acoustic, geophysic and geologic marine measurements. The following equipment 
were used: the multibeam echosounder Reson 8125 operating at a frequency of 455 kHz, 
range from 0,5m to 120m, no. of beams - 248, scan width - 120º and single beam width - 
0.5º, chirp dual frequency sidescan sonar EdgeTech 4200SP (300/600 kHz) and subbotom 
profiler OreTech Pipeliner II 3010 with frequency 3.5 kHz – 14 kHz. Samples of 
sediments (Van Veen grab and vibrosonde) were collected in many sites and additionally 
in some areas underwater videos were registered with a Remote Operating Vehicle 
(ROV). For precise calibration measurements of the echo signals scattered at the selected 
locations the USBL underwater positioning system was employed. At some locations 
information about seafloor morphological and biological features were also collected, 
using SCUBA-diving technique. 

3. PARAMETRICAL ANALYSIS OF BOTTOM BACKSCATTER INTENSITY 

Parametrical analysis is based on the assumption that the shape of the backscatter 
angular profiles reflects morphological features of bottom. Figure 1 presents three curves 
of backscatter angular response collected at different locations of the Rewal area.  Red top 
line indicates angular response of signals scattered at seafloor covered by medium grained 
sand, green middle line – fine sand and blue bottom line - boulder clay. All presented 
backscattered intensities are the results of the averaging procedure for 30 consecutive 
curves. 

 
 

Fig.1: Average backscattered intensity level versus transmission angle. 

The differences in backscatter angular profiles coming from sound scattered at 
different seafloor morphological types are shown in a form of mosaic map of bottom 
backscattering intensity, which reflects geomorphological forms parallel to the NE-SW 
direction (Fig.2). In the map are evident patchiness containing different geomorphologic 
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Fig.2: Bottom backscattering intensity – Rewal area; 1 – ridges – medium-grained sand; 
2 – boulder clay and gyttja, isolated outcrops of lacustrine gyttja and mud covered with a 

layer of sand (up to 30cm); 3 – slopes of elevations, fine and medium -grained sands. 

 
characteristics of the bottom. 

For each registered angular dependency the 26 spectral and wavelet transformation 
parameters were computed. Following Pace and Gao [1], the normalized power spectrum 

)(~ fS  is the base of classification parameters defined as the relationships between parts of 
spectral density functions: 



Ny

1

f
m
1

0f

)(~1 dffS
S

Dqm ,         (1) 

 
where m=1, 2, 4, 8, 16 and fNy is the Nyquist frequency. Next part of spectral parameters 
are combinations of spectral moments the r-th order (r=0, 1,..,7) defined as:  

  ωdωSωm r
r 




0

,     (2) 

 
where  S  is the Fourier power spectral density. Spectral moments and spectral density 
are the base for computation of spectral widths, spectral skewness and fractal dimension 
calculated from slope of spectral density [7].   

The continuous wavelet transformation of backscatter angular profiles computed for the 
7-channel dyadic decomposition (scale a=2j, j=1,..,7) and 3rd-order Coiflet wavelet is the 
base for determination of wavelet energies, energy distribution indicator - entropy and 
fractal dimension: 

 
max

min

d,2
3,

b

b
Coifj bbaCE ,     (3) 

 
where C(a,b) are the wavelet transformation coefficients, bmin  and bmax are boundary 
values of scale b (time).  

Examples of spatial distributions of wavelet energy Ecoif33 (scale a=23, 3rd order 
Coiflet wavelet) and spectral width in the Rewal area are presented in Fig.3. Both maps 
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reflect features of the Rewal seafloor area showing geomorphological forms dislocation 
and areas of similar sediments. 

 
 

 
 
Fig.3: Spatial distribution of wavelet energy Ecoif33 (top figure) end spectral width 2 

(bottom figure) in the Rewal area. 

4. RELATIONSHIP BETWEEN SEDIMENT PROPERTIES AND PARAMETERS 
OF BACKSCATTER ANGULAR PROFILES 

Correlation analysis was performed between MBES backscattered intensity features 
and the grain size in order to determine sensitivity of the parameters analysed to type of 
sediments and specific geomorphological forms. In the Rewal area 86 sediment samples 
were collected but only 56 were included into further analyses.  For locations where 
sediment samples were taken, in the areas of radius of 50m MBES backscattered intensity 
was processed. If more than one swath was included in the grab area, the values of 
parameters were averaged. In the Rewal area seafloor was mainly covered with medium 
and fine-grained sands. For our calculations it was assumed the following particle-size 
divisions of the sediment categories ( D2log ): 1.11.0   - coarse sand,  

1.211.1  - medium sand and 9.211.2   - fine-grained sand. Examples of 
backscattered intensity features versus the mean grain size are shown in Fig. 4.a-f. The 
graphs contain the correlation coefficient r, whose absolute magnitude ranges from 0.56  
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Fig.4: Dependence of selected bottom backscattered intensity parameters on the mean 
particle diameter (-log2D). The solid lines show dependence calculated using linear 

regression algorithm; dashed lines indicate the Prediction interval (95%). 
 

for the spectral parameter Dq1 to 0.18 for the wavelet energy E1. For all relationships the 
associated Prediction interval (95%) was estimated. Statistically significant correlations of 
spectral features with grain size permit these parameters to be used for acoustical 
classification of sediments, using MBES backscattered signals, whereas weak correlation 
of wavelet parameters do not allow using them for this type of classification.  However, on 
the basis of the qualitative correspondence between seafloor forms (Fig. 2) and wavelet 
energies (e.g. Ecoif33) spatial distribution (Fig. 3 top) wavelet transformation parameters 
are useful for classification of seafloor geomorphological forms.  
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5. RESULTS 

The acoustical classification of bottom sediments and separately seafloor 
geomorphologic forms were made for input vector contained spectral parameters only in 
the first case and wavelet energies in the second one. As the classification algorithm was 
used the self-organised Kohonen’s neural network with learning set containing 25% of the 
input data. Results of classification are presented in Fig. 5. 

 
 

 
 

Fig.5: Results of classification procedure, for seafloor geomorphologic forms a) and 
types of bottom sediments b). 

 
The top graph of Fig.5 presents results of classification for four clusters and correctly 

indicates such geomorphologic forms as ridges, slopes of elevations and outcrops of mud, 
where the fourth cluster can not be accurately interpreted as the geomorphologic form and 
is considered the artefact. The bottom graph shows seafloor areas covered by different 
types of sediments as medium, fine and medium and fine-grained sands and boulder clay 
and gyttja. Spectral parameters are not sufficiently sensitive to the weaknesses of MBES 
registrations as wavelet transformation registrations (lack of artefacts). Verification of 
classification algorithm was made on the base of sediment grab, sidescan sonar and video 
recordings and geological maps analyses. 

a) 

b) 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1263 -



 

6. CONCLUSIONS  
 
 The presented MBES bottom segmentation algorithm provides a relatively simple and 
efficient method for extraction and classification of morphological forms of the sea 
bottom. The good correlation of spectral parameters with mean grain diameter of 
sediments indicates the possibility of its use for the sediment type classification, whereas 
the qualitative correspondence between seafloor forms and spatial distribution of wavelet 
energy allows  using  wavelet transformation parameters for classification of seafloor 
geomorphological forms. Results of classification conducted in many areas of the Polish 
Exclusive Economic Zone in the Baltic Sea confirmed its usefulness for the large area 
marine geological and biological habitat mapping. 
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ABUNDANCE ESTIMATION OF SANDEEL BIOMASS 
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Abstract: The increased sampling volume of a multibeam echo sounder is valuable when 
trying to reduce the total uncertainty in the abundance estimate of sandeel schools. 
Earlier trials with multifrequency echo sounders, repeated coverage, omni-directional 
sonar and horizontally guided multibeam scientific sonar partially failed to gain 
sufficient, accurate measurement or coverage on these relatively weak and small schools 
in shallow water.   A detailed calibration of the Simrad MS70 multibeam echo sounder is 
shown together with examples of 3D representation of the sandeel schools. A rough 
estimate of the increased survey mapping efficiency of this particular fish species is also 
presented.  
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Abstract: Insight into the river morphology is an important issue in the Netherlands due to 

a large number of rivers used for navigation. The conventional approach, to map the 

sediment composition of a riverbed, is to take sediment grab samples. This is not 

economic in the presence of the modern underwater acoustic systems. An attractive 

alternative is the use of acoustic remote sensing techniques due to their high spatial 

coverage capabilities at limited cost. The backscatter strength of multi-beam echo-

sounder (MBES) systems is employed to obtain information on the physical properties of 

the riverbed sediment. In practice, the measured backscatter values of the sonar cannot be 

directly related to such physical properties due to the system calibration effect. In this 

paper a model-based approach is considered to estimate the calibration curve of the 

backscatter measurements. The model uses the differential evolution (DE) optimisation 

technique of which a robust optimization principle is employed to remove outliers of the 

collected grab samples and/or backscatter measurements. The optimisation of sediment 

parameters like the spectral strength of the sediment surface roughness and the volume 

scattering is based on the values of the mean grain size at the bottom grab positions. After 

correcting for the calibration effect the sediment parameters such as grain size, spectral 

strength, and volume scattering parameter can be estimated at the other parts of the river. 

Keywords: Calibration effect, multi-beam echo-sounders (MBES), backscatter data, 

means grain size, spectral strength, and volume scattering parameter. 

1. INTRODUCTION  

As an acoustic remote sensing technique the multi-beam echo-sounder (MBES) 

systems are widely used in many marine applications [1], [2]. One can measure 
bathymetry in shallow and deep water using such systems with high spatial coverage 
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capabilities. Whereas travel time is used for the bathymetry measurements, the backscatter 

values of the received signal can provide useful information for seafloor classification. 
Many studies are currently ongoing to characterize seafloor sediments using backscatter 

data. Efficient algorithms for seafloor classification using acoustic data are highly 
demanded because of a significant reduction of the cost.   

Two methods have been introduced for seafloor classification: model-based methods 
and empirical methods. Model-based methods have the advantage that they take the 

physics into account for seafloor characterization [3]. Parameter estimation using 

inversion procedures are subject to intensive research. These methods often require 

knowledge about system characteristics such as sensitivity and directivity patterns. In case 

of MBES, the measured backscatter values cannot be directly related to such physical 

properties because of the system calibration effect. The calibration curve of the systems, to 

which the measured backscatter data refer, needs to be estimated. Empirical methods study 

certain signal features that are correlated with sediment properties [4]. These features are 

usually fed into the principal component analysis and a clustering method. The empirical 

methods are easy to implement, but, interpretation of the results is not a trivial task. 

We employ a model-based method to estimate the calibration curve of the backscatter 

measurements. A few good grab samples in homogenous areas of which the mean 

backscatter curve is also available are required for such a calibration. We hypothesize that 

many of the grab samples taken do not fulfil the above-mentioned requirements. The 
model employed uses the differential evolution (DE) optimization technique (Ref. [5]) of 

which a robust principle is employed to remove outliers of the collected grab samples 
and/or backscatter measurements. The optimization of sediment parameters like the 

spectral strength and the volume scattering is based on the values of the mean grain size at 
the bottom grab positions. After correcting the backscatter curve for the effect of the 

calibration curve all sediment parameters such as mean grain size, spectral strength, and 
volume scattering parameter can be searched for over the other parts of the area surveyed. 

This paper is organized as follows. Section 2 describes our strategy for estimating the 

calibration curve of the MBES system using a robust estimation criterion handled through 

the differential evolution (DE) technique. In section 3, the proposed method is applied to a 

recent data set acquired at a Dutch river. Some preliminary results will be presented for 

the estimated mean grain sizes, spectral strength, and volume scattering parameter over the 

surveyed area. Section 4 concludes this paper. 

2. MODELING BACKSCATTER CURVE 

2.1 Backscatter model 

 

The backscatter model described in Ref. [6] is employed to estimate the sediment 

parameters. It states that the total backscatter strength is a combination of the interface 

roughness scattering and volume scattering, i.e., ( )10( ) 10 log ( ) ( )r vBS θ σ θ σ θ= + , where  

r
σ  and 

v
σ  are the backscattering cross section per units area and solid angle, respectively. 

The former is due to the interface roughness and the latter is due to the volume scattering. 

Three different approximations are used for interface roughness scattering cross 

section rσ  [6]. 1) The Kirchhoff approximation is valid at grazing angles close to 90� . 2)  

The composite roughness approximation is used for all other angles. The first two 

approximations are valid for smooth and moderately rough surfaces (e.g., clay, silt, and 
sand). 3) For rough bottoms (e.g., gravel and rock), the large-roughness scattering cross 
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section is determined from an empirical expression. The final result for 
r

σ  is obtained by 

an appropriate interpolation between these three approximations. 

All of the above contributions are a function of the roughness spectrum. The following 

isotropic relief spectrum is assumed: 
2 0 2( ) ( )W K h K w

γ−= , where K  is  the wave number 

of the bottom relief, 
0

h  is a reference length (1 cm), 
2

w  is the spectral strength parameter 

and γ  is the spectral exponent. Additionally, the backscatter strengths are determined by 

the sediment density, attenuation coefficient, and sound speed. 

The term 
v

σ  describes sediment volume scattering (SVS). The following expression is 

used for SVS cross section 

( )

2 2

2

2

5 |1 ( ) | sin

ln10 | ( ) | Im ( )
p

R

P P
ν

δσ θ θ
σ

ν θ θ

−
=       (1) 

where ν  is the ratio of sediment to water sound speed, δ  is the ratio of imaginary to real 

wavenumber of the sediment, R  is the amplitude reflection coefficient, θ  is the incidence 

angle, 
2σ  is the ratio of sediment volume scattering cross section to attenuation 

coefficient, 2 2( ) cosP θ κ θ= − , with (1 ) /iκ δ ν= + . There is another parameter, which 

is also input to the backscatter model. It is the ratio of sediment to water mass density 

denoted as ρ .  Empirical relations are available that relate 
2w , ρ , ν , and δ  to sediment 

mean grain size [6]. We take 3.25.γ =   

 

2.2 Optimization method 

 

 In this section we apply an optimization method both to obtain the calibration curve 

and to estimate the sediment parameters. Among all parameters defined we use the 

spectral strength parameter, 
2w , and the ratio of sediment volume scattering cross section 

to attenuation coefficient,
2

σ . The remaining parameters will be kept fixed to their 

expected values. 

 To compare the measured backscatter curves with those predicted by the model, areas 

with constant sediment type should be selected. The methodology presented here will take 

a large number of mean backscatter curves close to the grab samples. The grab samples 

have been analyzed for the mean grain sizes. Because sediment types might change along 

the swaths we will consider removing some of the bad data. This will be achieved by a 

robust estimation criterion. This has the advantage that it can mask the bad data and hence 

removing them from further analysis makes that the optimized parameters are less 

sensitive to some possible undetected gross errors.  

 The robust estimation criterion employed is based on the L1 norm minimization 
method instead of the ordinary least-squares (L2 norm) criterion. This minimizes the sum 

of the absolute discrepancies between the measured backscatters and the modelled ones. In 
case of linear models a method is presented by Ref. [7]. However, because in our 

application, the formulation in terms of linear models is rather difficult, we will use the 
differential evolution method described in Ref. [5]. This method has the advantage that 

any objective function can be used in the analysis.  To obtain the calibration curve in the 
optimization procedure, the following objective function is to be minimized 

 ( ) ( ) ( ; )me mo

i if x b b x
θ

θ θ= −∑       (2) 
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where me

i
b  and mo

i
b  are the measured and modelled backscatter strength. The search was 

carried out for obtaining those values of 
2σ  and 

2w  that provide the maximum agreement 

between the modelled and measured backscatter data. The mean grain size 
z

M  of the grab 

samples is considered to be fixed when estimating the calibration curve (we only allow 

this parameter to change slightly). However when applying the method to the entire area, 

the inversion is performed for 
zM , 

2w , and 
2σ . 

 This minimization problem should be carried out for different seafloor types. There is 

however one complication. The calibration curve will affect the optimization problem. We 

hypothesize that the mean curve of the differences is the calibration curve. Because these 

differences are also affected by the effect of the (uncorrected) calibration curve, the final 
calibration curve should be estimated through an iterative procedure. In other words, the 

calibration curve of the first iteration is just an approximation of the final one. Therefore 
the mean backscatter curves, in the second iteration, are approximately corrected for the 

effect of the calibration curve. After a few iterations the calibration curve is converged to 
zeros, and the final curve is the sum of all curves in different iterations.  

3. RESULTS AND DISCUSSIONS 

 

 The Dordtse Kil river is located in the province South Holland in the Netherlands. It 

is a river that serves the main waterway connecting the Oude Maas and the Hollands Diep 

for navigation of commercial vessels. Sediment classification of The Dordtse Kil is of 

interest for the Dutch Ministry of Transportation and Water Management. The Dordtse Kil 

was surveyed in October 2009 using a dual head multi-beam echo-sounder, namely 

EM3002D Kongsberg. The total number of beams used is 320 (160 per head). The 
operation frequency is 300 kHz, the pulse length is 150 µs, and the maximum ping rate is 

40 Hz.  
 The strategy explained above is now applied to this data set. At 50 grab positions, the 

mean backscatter curve is obtained over a few consecutive pings. These mean curves are 

then compared with the curves predicted by the model. We aim to search for the three 

sediment parameters, namely, 
z

M , 
2

w , and 
2

σ  to maximize the match between observed 

and modelled backscatter curves. Because the 
zM  values of the grab samples are already 

known, the search bounds for this parameter is limited to 1 
z

M φ±  unit. 

 In the optimization process, the L1 norm criterion in Eq. (2) is minimized using the 
differential evolution. The results are presented in Fig. 1. The middle frame at left shows 

the (minimized) differences between modelled and observed backscatter curves. In an 
ideal case the differences are supposed to be identical and hence representing the final 

calibration curve. However due to changes of the sediment types along the swathes and 
because of measurement noise, an ideal curve can never be obtained. Therefore the mean 

(or in fact median) curve of the differences is considered to be the calibration curve (thick 
black line in the left frame). 

  Due to the robustness of the L1 norm minimization, the results presented are not 

affected by the possible gross errors of the samples taken and/or the backscatter 

measurements. In fact the black curve is independent of the possible blunders of the data. 

We have also the possibility to remove some of the bad data. In each iteration, the sample 

that has the maximum discrepancy with the mean curve will be masked as outlier. Also in 

the optimization process the previously estimated calibration curve will be used to correct 

the backscatter data. After removing a large number of bad samples the differences 
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between samples get smaller and the calibration curve becomes zero. The final curve is the 

sum of all curves over all iterations. The results after removing 30 data are presented in 
Fig. 1, right frame. 

 The optimization method is now applied to parts of the Dordtse Kil data set. The 
mean backscatter curves, obtained by averaging over a few consecutive pings, are then 

corrected for the effect of the calibration curve. We search for the three parameters as 

1 9
z

M− ≤ ≤ , 5 2

25.10 2.10w
− −≤ ≤ , and 5 2

25.10 2.10σ− −≤ ≤ . Figure 2 shows four typical 

examples where this inversion has been applied. The modelled curves fit the measured 

curves quite well indicating a reliable optimization method. It is highlighted that here use 

was made of the robust estimation criterion in Eq. (1), which was implemented using the 

differential evolution technique described in [5]. 

 Empirical relations between 
z

M  and 
2

w  and 
2

σ  are provided in Ref. [6]. For 

1 5,zM− ≤ ≤ the relation between 
zM  and 

2w  is  

2

2

2.03846 0.26923
0.00207   with  

1 0.076923

z

z

M
w h h

M

−
= =

+
    (3) 

Because we have searched for all three parameters independently, the estimated values are 

now used to compare them with this empirical relation. The results are presented in Fig. 3. 

Overall the agreement is quite satisfactory. The results show, however, that the 
2w  values 

predicted by this model are underestimated by a factor of 1.5. This conclusion was made 

by comparing the results with the second-order polynomial fitted to the estimated values 

in the least-squares sense. We also computed the correlation coefficient between the 
z

M  

and 
2w  values. The correlation was shown to be significant ( 0.66ρ = − ). The negative 

sign indicates that 
2

w  will decrease when 
z

M  increases (cf. Eq. 3 and Fig. 3). 

 Finally, the estimated values for 
zM ,

2w  and 
2σ  are plotted versus position to make 

the classification maps. The results are presented in Fig. 4. It is more illustrative to use 

logarithm scales to present 
2w  and 

2σ . The three maps clearly show areas differencing in 

sediment types. In general, these three estimated parameters reveal similar spatial patterns, 

dividing the river into a few distinct regions. 

 
Fig. 1 Measured and modelled backscatter curves (top sub-frames), difference between 

modelled and measured backscatter curves (middle sub-frame), and measured and 

modelled backscatter curves after applying the calibration curve (bottom sub-frame); all 

grab samples (a), removing outliers (b).  
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Fig. 2 Four typical examples (a-d) of the optimization problem where the three parameters 

zM , 2w , and 2σ  are searched for. In each frame the top sub-frame is the calibration curve, 

the middle is the measured backscatter curve, and the bottom is the corrected and 

modelled backscatter curve.  
 

 

 
Fig. 3 Estimated 

2
w  versus  

z
M  of the optimization method. Also shown are the values

2
w  

predicted by empirical model (3), values predicted by model (3) and scaled by a factor of 

1.5, and values obtained by the second-order polynomial best fit.  
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Fig. 4 Maps of inverted mean grain size 

zM , spectral strength 
2w , and volume scattering 

parameter 
2

σ . 

4. SUMMARY AND CONCLUSIONS 

This contribution considered a model-based classification method that can be applied 

to discriminate between different riverbed/seafloor sediment types. The use of acoustic 
remote sensing techniques, due to their high spatial coverage capabilities with limited 

cost, is highly demanded. The method is therefore an attractive alternative to the 
conventional methods of taking grab samples. The backscatter strength of multi-beam 

echo-sounder (MBES) systems was employed to obtain information on the physical 

properties of the riverbed sediment. The measured backscatter values of the MBES 

systems cannot be directly related to sediment physical properties because of the system 

calibration effect. The backscatter strength curves should be corrected for such an effect. 

A model-based approach was considered to estimate the calibration curve of the 

backscatter measurements.  

The model used the differential evolution (DE) optimization technique. Also a robust 

principle namely the L1 norm minimization criterion was employed to remove outliers 

from the collected grab samples and/or backscatter measurements. The optimization of 

sediment parameters like the spectral strength of the sediment surface roughness and the 

volume scattering is based on the values of the mean grain size at the bottom grab 

positions. After correcting for the calibration effect the sediment parameters such as 

mean grain size, spectral strength, and volume scattering parameter were estimated for 
the entire surveyed area. The method was applied to parts of the MBES data set collected 

at Dordtse Kil river, the Netherlands, where consistent results were obtained. Future work 
should consider groundtruthing the results. Also the method needs to be tested to other 

MBES data sets.  
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Abstract: For safe commercial navigation in the Dutch rivers, appropriate methods to 
determine riverbed sediment composition are highly demanded. This contribution presents 
sediment classification results based on two different methods. The first method is based 
on the Bayes decision rule which has recently been developed to produce riverbed 
sediment composition maps using backscatter strength acquired by multi-beam echo-
sounder (MBES). The approach uses the average backscatter data per beam and therefore 
is independent of the quality of the MBES calibration. The second method is the Multi-
Element Detector for Underwater Sediment Activity (MEDUSA) system. The system 
integrates data from multiple sensors into high resolution composition maps derives 
sediment information from these sensors. The Medusa sensor measures the (natural) 
radioactivity of a number of elements in the sediment (40-Potassium, 238-Uranium, 232-
Thorium, and 137-Cesium), which are determined by the chemical composition of the 
sediments. This paper primarily focuses on presenting indicative riverbed sediment 
composition maps that resulted from the statistical analysis of the backscatter data and 
the Medusa method. Furthermore a basic comparison between the maps is presented and 
the more complete knowledge of the riverbed composition gained by combining the 
information from the two methods is highlighted. 

Keywords: Multi-beam, echo-sounder, Medusa, sediment classification, Bayes, 
radioactivity 
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1. INTRODUCTION 

Obtaining information about the sea- or river floor composition is of high importance 
for a large number of applications. These include marine geology, marine biology, off-
shore construction projects, as well as cable and pipeline route planning. Traditionally, 
obtaining information on the type of sediments requires extensive collection of physical 
samples and subsequent laboratory analysis, which is usually costly and time consuming.  

This paper examines two alternative approaches. First, a statistical method that utilizes 
the backscatter strength measurements obtained with a multi-beam echo-sounder (MBES). 
The method employs the backscatter data at a certain angle to obtain the number of 
sediment classes and to discriminate between them by applying the Bayes decision rule to 
multiple hypotheses [1, 2]. Second, the Medusa method based on measurements obtained 
with a gamma-ray scintillation detector that is towed over the sediment bed behind a 
vessel [3, 4]. This detection system measures gamma rays being emitted from very low 
concentrations of a number of radionuclides (e.g. 137-Cs, 40-K, and radionuclides from 
the decay series of 238-U and 232-Th) in the sediment. Due to the attenuation of gamma 
radiation in the sediment, the concentrations measured by MEDUSA are characteristic for 
the top 30-50 cm of the sediment bed. Hence, the methods are based on a completely 
different physical measurement principle. Where the MBES method measures the 
response from the grain size of the sediments, the Medusa method measures the chemical 
composition of the minerals that compose the sediments. The main goal of the paper is to 
present the two methods and to provide a first assessment on their capabilities. 

This paper is organized as follows. In section 2, the two methods are briefly described. 
In section 3, the surveyed area along with the experiment carried out is described. Section 
4 presents the riverbed sediment composition maps resulting from the application of the 
two methods. Finally, the conclusions of the paper are summarized in section 5.  

2. DESCRIPTION OF THE TWO METHODOLOGIES 

2.1. Classification based on backscatter data as measured by the multi-beam 
echo-sounder 

The method described in [1] employs the backscatter strength collected at a certain 
incident angle instead of studying the angular behaviour of the backscatter strength. The 
classification is performed per angle, separately from other angles and hence is considered 
to be angle-independent. The method is mainly based on the assumption that the 
backscatter values are an average value of the scatter pixels. Therefore, according to the 
central limit theorem, for independent and identically distributed random variables, the 
averaged backscatter value follows a Gaussian distribution for a sufficiently large number 
of scatter pixels. The method fits a number of Gaussian Probability Density Functions 
(PDFs) to the histogram of the backscatter data at a given incident angle. The optimum 
number of PDFs is found by consecutively increasing the number of PDFs until a chi-
square distributed test-statistics becomes less than a critical value. The resulting number of 
Gaussians is then the number of classes, and the borders of the classes are the intersections 
of each Gaussian with its neighbour. The method is valid for coastal water environments 
(water depth > 30 m), where the beam footprint is large and many scatter pixels fall within 
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it. On the contrary, the central limit theorem is violated in shallow waters where small 
beam footprints result in a limited number of scatter pixels per beam. In a recent work 
described in [2] a new method was developed to overcome the above-mentioned problem 
and to restore the Gaussianity for processing shallow water data. This was achieved by 
averaging the backscatter values over small surface patches. The surface patches consist of 
a small number of beams in the across-track direction and a few pings in the along-track 
direction. The method has the additional advantage that through the creation of surface 
patches one can apply two kinds of slope corrections to the backscatter data. The first 
correction is due to the changes of the area of the signal footprint and the second 
correction is due to the true beam grazing angle. An additional advantage of the method 
described in [2] is that it utilizes the full high resolution potential of the statistical method, 
conceived in [1], as it extends the analysis to more than one angle. First, the backscatter 
data at a few low grazing angles are processed to estimate the main analysis parameters 
such as: the variances and the coefficients of PDFs. Then these parameters are kept fixed 
and they are used for the statistical processing at all other angles.  

2.2. Medusa, classification based on gamma radiation 

The Medusa system measures natural gamma radiation. The technology is based on 
novel scintillator-based radioactivity sensors and enhanced spectral analysis methods. This 
technology allows for: a) measurement of natural background radiation, b) absolute 
measurement of radionuclide concentrations in the field, and c) quantification of mineral 
composition and grain size (“fingerprinting”). Towed underwater gamma-ray detectors are 
used to generate maps of natural or anthropogenic radionuclides (40-K, 238-U, 232-Th, 
137-Cs) in the sediments. Various studies have shown that these radionuclides are a proxy 
for sediment texture (grain size, clay content [3]) or sediment contaminants such as heavy 
metals or organic microcompounds [4].  

Uranium occurs naturally in trace amounts in sediments by its incorporation in clay, 
sand, and in some heavy minerals. In the Netherlands typical concentrations in clays are 
higher than in sand. Thorium is also naturally present in sediments in approximately 
similar concentrations as uranium with higher concentrations in clay (typically 45 Bq/kg) 
than in sand (typically 5 Bq/kg). Potassium (K) constitutes about 2.4% of the mass of the 
Earth and is present at %-level in clays, feldspars and mica’s. The natural radioisotope 40-
K has an abundance of 0.0119% leading to an activity concentration of approximately 200 
Bq Kg-1 in sand and 700 Bq Kg-1 in Dutch clays. There is a distinct difference between the 
natural radionuclides and 137-Cs in the way they are distributed in a sediment bed. The 
natural radionuclides will at least initially be a more or less integral part of the minerals 
comprising the sediment while 137-Cs is a later surface addition that has been distributed 
in the environment by atmospheric testing of nuclear weapons in the 1960s and by the 
Chernobyl accident.  

The methodology used is presented in Fig. 1. The typical concentration of radio-active 
nuclides in a specific type of sediment is called the radiometric fingerprint of that 
sediment. The derivation of these fingerprints is the actual calibration of MEDUSA. To 
derive a fingerprint for a certain area, the radio-active emissions measured by MEDUSA 
have to be compared to the actual sediment composition, which is established using 
traditional measuring techniques. When the relation between measured gamma-ray 
intensities and sediment composition is known the fingerprint of the soil is derived. This 
fingerprint is then used to determine bed composition using radiometric measurements 
alone. 
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Fig.1: Schematic representation of the process of measurement and calibration. 

3. THE MEASUREMENT 

The Dordtse Kil is a river in the province South Holland of the Netherlands and is the 
main link and transport axis between the Oude Maas and the Hollands Diep. It is mainly 
navigated by commercial vessels. Across the Dordtse Kil runs Kiltunnel (toll tunnel for 
road traffic) and the HSL Zuid. The latter is an immersed tunnel eighteen feet below the 
water line. The main dimensions of the River are as follows: a) length: 9 km, b) average 
width: 260 m, and c) average depth: 10 m (NAP). The morphology (bathymetry) of the 
Dortdse Kil River as acquired by MBES measurements is presented in Figure 2.  

The Dordtse Kil River was surveyed in October 2009. An EM3002D, dual head multi-
beam Kongsberg echo-sounder was used. The total number of beams was 320 (160 per 
head). The operation frequency was 300 kHz, the pulse length 150 μs and the maximum 
ping rate 40 Hz. All beams were electronically stabilized for pitch and roll.    
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Fig.2: Bathymetry of Dordtse Kil as measured from MBES system. 

4. RESULTS & DISCUSSION  

The first step in the analysis of the MBES data is to create small surface patches and 
average the backscatter strength over the patches in order to ensure (based on the central 
limit theorem) normally distributed backscatter measurements. Since slopes affect the 
backscatter measurements, their presence requires a correction of the backscatter 
measurements per sediment type. These slopes are determined from the MBES 
bathymetric measurements within each surface patch. The corrected backscatter values are 
input into the classification procedure. By fitting a set of normal probability density 
functions to the histogram of the corrected backscatter values for the outer grazing angles, 
the number of sediment types that can be discriminated from the MBES measurements is 
determined. Figure 3 presents the histogram and its best fit for the averaged backscatter 
values at grazing angles φ=26o and φ=28o. As it can be seen from Figure 3, four different 
sediment classes were identified for the Dordtse Kil. Based on the results of these outer 
angles the statistical parameters (standard deviation, percentages of classes) are kept fixed 
and they are used for the statistical processing of all other angles. 

 

(m) 
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Fig.3: Histogram (light bars) of “corrected” averaged backscatter data and the four 
Gaussians (solid lines), each representing an individual sediment type, and the best fit 

(dashed line, corresponding to the sum of the four Gaussians) per transducer. 
 

For achieving a homogeneous map, the area was gridded and the values were 
interpolated using a weighted moving average. The resulting map of the sediment 
composition of the lower part of Dordtse Kil is presented in Figure 4. This part was used 
as a first indicator of the capabilities of the methods since it contains the full range of the 
different sediment types. 

 

 
 

Fig.4: Sediments classification map of lower Dordtse Kil from MBES. 

The radiometric measurements were performed on the samples in the laboratory setup 
at Medusa Explorations BV. The wet samples were transferred to a Marinelli beaker. The 
total activity of the nuclides was determined by full spectrum deconvolution on the 
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measured signal. The activity concentrations were then determined by the measured 
activity divided by the mass of the sample and the dry matter percentage. The dry matter 
percentage was determined by the moisture loss in 6 hours at a temperature of 130oC. To 
determine the radioactive fingerprint, calibration curves were drawn with the 
measurements of the silt (% < 63 µm) and organic matter content compared to the 
concentration of thorium and potassium and cesium. The analysis showed that there was a 
correlation between silt content and radiometry, and the potassium and thorium 
concentrations were increasing with increasing silt content. Furthermore, there was a 
correlation between cesium and the fraction of organic matter in the samples.  

For variations in sediment grain size, the median grain size was correlated to the 
concentrations of thorium and potassium and in this study the concentration of potassium 
was used as a predictor of grain size fraction (Fig. 5b). One additional parameter that the 
Medusa system measures is the roughness of the soil. This is achieved by using a 
microphone, which its primary purpose is to check whether the Medusa system touches 
the seafloor and does not freely float in the water. Several studies have examined how the 
sound sensor can be used to provide a quantitative picture of the shell content and objects 
contained in the sediments. The map of the roughness of the seabed is presented in Fig. 5a. 

The Medusa measurements were performed along 6 lines of the river with an average 
distance of 40 m between the lines. Therefore the spatial resolution of the area was low. In 
order to produce a homogeneous map a kriging interpolation method was used.    

 
    SOUND (MEDUSA)             D50 (MEDUSA)          CLASS (MBES) 

 
 
 
 
 
 
 

 
Fig.5: Indicative results from the methods for the lower part of the River. 

In order to make a first comparison between the different maps the MBES map was 
also krigged (Fig. 5c) and a common scale was selected. This procedure was basic and the 
main scope was to make visibly clear regions of similar or very different patterns. For ease 
of comparison, three smaller areas with known sediment types (from video recordings) are 
considered. 
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 Area 1: The presence of riprap (rock armour) is clearly indicated in all three 
maps 

 Area 2: The presence of mussels is indicated in the sound and backscatter maps 
but it does not appear in the radionuclear measurements 

 Area 3: For the clay area all maps are in general agreement. 

5. CONCLUSIONS & FUTURE WORK 

The capability of the two classification methods, one that employs backscatter 
measurements and another that employs the natural radioactivity of a number of elements 
in the soil, was presented. The methods were tested in the Dordtse Kil River in the 
Netherlands. A first comparison was performed through a visual comparison of the 
produced maps. The comparison revealed similar patterns but future work needs to 
address the following issues: a) creation of full maps of Dordtse Kil, b) comparison of the 
actual measurements of the methods since the selected interpolation method can 
significantly affect the final complete map, and c) assessment of the differences and 
similarities on geotechnical level. 
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Abstract 
 
Transitional environments like lagoons and estuaries have generally a complex morphology 
characterized by the presence of channels, salt marshes and tidal flats. These environments  are 
often very anthropised areas where a constant bathymetric monitoring is needed. At the same time, 
being often super-shallow (with average depth of the order of 1 m), lagoons and estuaries represent 
a challenge for acoustic bathymetric surveys since the water shallowness requires an high 
measurement accuracy. Moreover, high reverberation and multiple reflections can substantially 
distort the acoustic signals, increasing the error range of the bathymetric instruments. Within this 
context, a series of experiments are currently ongoing in the Lagoon of Venice with the newest 
bathymetric instruments designed for very shallow water surveys in order to test their functioning 
in different conditions: in correspondence of navigation channels, natural channels or creeks,  tidal 
flats and close to salt marshes. The aim of these trials is to assess and compare the operational 
capability of the instruments considered and, more generally, to find the best instrumental setup for 
super-shallow water conditions in terms of minimal relative error on the bathymetric data and of 
minimal survey costs.  
 

Keywords: Bathymetric survey; super-shallow water, interferometric and beam forming systems, 
Venice Lagoon 
 
 
1. INTRODUCTION 
 
The management of very anthropised coastal areas often requires high resolution bathymetries.  
Bathymetric data are commonly used for the monitoring of navigation canals and as a starting point 
for any coastal engineering intervention. Bathymetric data are employed for geomorphological 
studies and modelling of the evolution trends of the highly dynamical coastal areas. Moreover 
bathymetric and backscatter data can provide information for seafloor sediment characterization and 
habitat mapping (for recent applications see [1] and reference therein). Among the coastal systems, 
transitional environments, like lagoons and estuaries, are often super-shallow (of the order of 1m 
deep or less) and morphologically complex. This kind of environment represents a challenge for 
acoustic bathymetric surveys since the water shallowness requires an high measurement accuracy. 
At the same time, high reverberation and multiple reflections can substantially distort the acoustic 
signals, increasing the error range. To assess the possibilities and the limits of acoustic surveys in 
super-shallow environments, we carried out  
three surveys in the Lagoon of Venice with two interferometric sonars (IS) and a multibeam 
echosounder (MBES). These field tests were carried out to directly compare the data acquired with 
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the different instruments on the same study area with the aim of finding the best instrumental setup 
for extremely shallow conditions. 
 
 
2. GEOGRAPHYCAL AND GEOLOGICAL SETTING 
 
The surveys were carried out in the Lagoon of Venice in different areas (see Fig.1 ). The lagoon of 
Venice is the biggest lagoon in the Mediterranean area with a surface of about 550 km2, 
communicating with the Adriatic Sea through three inlets. The Lagoon of Venice has an average 
depth of about 0.8 m and the typical morphological features are navigation canals (20 m deep at the 
inlets up to 2 m), natural tidal channels and creeks (few m to few dm deep), tidal flats (often less 
than 1 m deep), intertidal areas and salt marshes.  
The lagoon began to form about 6000 yrs BP during the Last Marine Transgression and, since then, 
natural and artificial changes occurred over the centuries giving to the lagoon its actual 
configuration. 

 
Fig. 1. Locations of the field tests in the Lagoon of Venice. 

 
However, the morphological and ecological properties of the lagoon changed dramatically in the 
last century: salt marsh areas decreased by more than 50%(from 68 km2 in 1927 to 32 km2 in 2002)  
and a deepening trend in some parts of  the lagoon was observed with a net sediment flux exiting 
from the inlets [2]. Moreover major engineering intervention are currently on going at the inlets 
(MOSE project). These changes at the inlets could affect substantially the lagoon environment 
([3],[4]). 
To understand the future lagoon evolution it is very important to monitor the hot spot areas of 
erosion and sedimentation. In particular, the observation of the tidal network can give insights to 
model the sediment transport trends given that the natural tidal channels and creeks are responsible 
for the sediment transport from the shallower areas to the main navigation canals and vice versa [5]. 
The first trials were done in the historical city in the area of the Venice Arsenal. To test the 
instruments in different water depth conditions, surveys were carried out at the Lido inlet (water 
depth about 15 m), in the S. Marco’s Basin (water depth about 10-15 m), in the Dese River in the 
northern lagoon (water depth 2-3m) in the Scanello channel, a natural tidal channel (water depth 
ranging from 5 to 0.5 m). The Scanello channel and its salt marshes were studied in the past by [6] 
who found a strong relationship between the medium and short term erosional and depositional 
trends and the local hydrodynamics. Being a natural channel, the Scanello channel is not 
periodically dredged as it happens for most of the navigation canals in the lagoon. Therefore, for the 
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field comparisons of the instruments, we focused on the Scanello channel, since it is an ideal 
environment for studying the sedimentation/erosion trends in the area. Moreover, the varying water 
depth of the channel (from about 8 to 0.5 m) allowed the test of the instruments up to extreme 
shallow conditions. 
In general, the environmental condition in the shallow areas of the lagoon are really difficult 
because of the tide excursion in the lagoon (about 1m), the current speed (about 1 ms-1 in the Lido 
inlet and 0.2 ms-1 in the Scanello channel) and the related sound velocity variation. In Fig.2, there 
are some example of the diurnal tidal variation and a SVP profiler acquired in the Scanello channel. 
 

  
 

Fig. 2. Left: MiniSVS data for a single line north to south showing a high variability of the sound 
velocity. Right: Simulated tides at the stations displayed above (series1 to series3, north to south, 
respectively) for survey day 03/02/11. The survey was conducted between 14.00 and 15.00 hours. 

Note the lateral variability. The stations are c. 400 m apart. 
 
 
3. METHODS  
 
The first survey was carried out from January 31st to February 2nd 2011 with a 7 m long boat with 
30 cm draft. Two configurations of the GeoSwath Plus interferometric sonars of the GeoAcoustics 
were used, 250 kHz and 500 kHz. In both configurations the same standard deck unit was used, set-
up with the corresponding acquisition board. A standard v-plate with two separate transducers was 
used for the 250 kHz installation and a compact 500 kHz t-plate with a single mould dual head 
transducer. The sonar head (v-plate / t-plate) was installed on an over-the-side mount pole prepared 
within the framework of a Laguna Project and IAMC-ISMAR CNR collaboration. The TSS DMS05 
motion sensor was mounted on the sonar head together with the MiniSVS and in case of the 250 
Khz system the Valeport PA500 altimeter. A Hemisphere V101 GPS compass was installed on top 
of the pole.  
 

 
 

Fig. 3. Vessel configurations in the two surveys with the Geoswath Plus 250 and 500kHz IS (left) 
and the Reson 7125 MBES together with the Optech Laser Scanner (right). 
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The second survey was carried out from March 14th to 23rd 2011 with the same boat. The sonar head 
of the 400 kHz Multibeam Reson SeaBat 7125 together with a Mini SVP were installed on the same 
side mount pole used in the first survey. A GPS RTK positioning system Applanix POS-MV4 
together with a GPS Omnistar was used for the positioning. A GPS antenna was mounted on the 
pole and another one was set on the other side of the boat for the heading corrections. The motion 
sensor was mounted in the centre of the boat. Finally, a co-referenced Laser Scanner Optech HD 
High Density (see Fig.2 right) was co-referenced and laser data were acquired simultaneously. 
The Scanello channel was surveyed with the three systems on different days with different tidal 
conditions. The tide corrections in all the areas were obtained thanks to the hydrodynamic model 
SHYFEM [7] giving the values of water level, currents and wind measured on the survey days. The 
software GS+ was used to process the Geoswath data for both the 250 kHz and 500 kHz systems. 
For visualisation we used Fledermaus and ArcGIS. For the processing of the Multibeam Reason 
SeaBat we used PDS 2000 and Caris Hips ad Sips. 
 
 
4. RESULTS AND DISCUSSION 
 
The preliminary results of the survey  are summarized in bathymetric maps of the Scanello channel. 
We first compared the results of the two Geoswath IS systems. In Fig.4 we show the bathymetry of 
the channel acquired with the 500 kHz Geoswath IS that had a swath of about 15 times the depth in 
extremely shallow water. The channel flows as a branch of a main navigation canal in an eastern 
direction within a salt marsh area. After a short straight path of about 200m, the channel bends to 
the North for about 300 m where it separates into two smaller branches flowing into an extremely 
shallow tidal flat. In correspondence of the external bend (Fig.4 right) there is a deep scour and in 
the inner bank a point bar deposition trend is clearly visible. The erosion-deposition pattern is 
characteristic of the meandering tidal channels. Dunes are present in correspondence of the scours 
with a wavelength ranging from a few meters up to ten meters generally increasing with channel 
depth. The dune crest lines connect the deepest part of the scour to the point bar slope with an 
orientation perpendicular to the tidal flow direction. The absence of dunes in the deepest part of the 
bend scour indicate the strength of the current in that point. Another deep confluence scour is 
present in correspondence of the channel bifurcation. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 4. Left: Bathymentry of the Scanello channel with the 500 kHz system (0.5 m DTM Vertical 
exageration 10x). In the small picture the difference of the 250kHz and 500kHz data sets. Right: 3D 
visualization of the channel bent with a depth profile of the channel bend scour and point bar slope. 
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An analogous map of that shown in Fig. 4 was obtained with the 250 kHz Geoswath plus IS. 
However, the data quality was poorer (see Fig 5C and D) and the effective swath was about 8 times 
the depth in very shallow water. In the small picture of the left side of Fig. 4, we show the 
difference obtained subtracting the bathymetric data of the 500 and 250 kHz IS in correspondence 
of the left upper branch of the channel. The difference between the two data sets is mostly contained 
in the interval between -5 and +10 cm (in red and orange) showing a very good agreement in the 
bathymetry, considering that the data include all the possible errors, from the offsets to the tide 
corrections. The highest difference is in correspondence with the channel dunes and can be related 
to the DGPS positioning system that gives an accuracy of ±1m. 
In Fig. 5A we show the bathymetry of the Scanello channel acquired with the Reson 7125 MBES. 
In Fig. 5B, 5C and 5D we show the bathymetric data in correspondence to the Scanello channel 
bifurcation acquired with the Reson 7125 MBES, the Geoacoutics 500 kHz and 250 kHz IS, 
respectively. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 5. Bathymetry of the Scanello channel acquired with the MBES Reson 7125 (A) and a zoom (B) 
to compare with the bathymetry acquired with the GeoAcoustics 500 kHz IS (C), the 250 kHz IS(D). 

 
From the visual comparison no main difference in the morphologic feature recognition can be seen 
with all three instruments. The signal to noise ratio of MBES data (Fig.5B) seems better compared 
with the IS data (Fig. 5C and D), however the coverage of the MBES appears generally smaller than 
the 500 kHz IS, as it should be expected. The MBES swath in this shallow environment was of 6-8 
times the depth. 

 
 
5. CONCLUSIONS 
 
Two IS and one MBES bathymetric systems have been tested in environments of the Venice 
Lagoon characterized by different water depth. From the direct visual comparison of the data in 

A B 

C D 
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correspondence of a natural tidal channel between the two Geoswath IS, the 500 kHz compact 
transducer seems to be the best option among the two IS tested for the shallow water surveys. It is 
very compact and very easy to mount on a small boat. It performed very well in comparison to the 
250 kHz system achieving a better coverage in the shallow areas (up to 15 times the depth vs 8-10 
times of  the 250 kHz), where both systems were deployed. The 500 kHz has a superior resolution 
to the 250 kHz system and very good signal to noise ratio. 
The direct comparison of the 0.5 m grid of the Scanello channel with the Reson 7125 MBES against 
the Geoswath 250 and 500 kHz IS shows on one hand that the MBES data were less noisy, on the 
other hand that in very shallow water all the main morphological features were captured by all three 
systems. 
The sound velocity profile data gathered in the study area showed high temporal and lateral 
variability, indicating that great care needs to be taken in these survey conditions to apply the 
correct tidal and sound velocity corrections. This can be achieved by regularly taking SVP profiles 
at closely spaced locations. The GPS positioning system is also crucial to obtain higher resolution 
grids. It is remarkable that although the DGPS positioning system and the different tide corrections 
the surveys gave repeatable results on different days mostly within a 10 cm error range. 
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Abstract 

Waveguide invariant in shallow water is an attractive topic in recent three 
decades. The interference phenomena of direct wave of radiated noise of underwater 
target and reflection wave from sea surface and sea bottom can be considered as a 
typical case of shallow water waveguide. The interference striation pattern of direct 
wave and its reflection is the effective and comprehensive figure for better 
understanding the essence of shallow water waveguide invariant. The theoretical 
analysis of interference phenomena generated by direct wave of radiated noise of 
underwater target and its reflection wave from sea surface and sea bottom is presented 
in this paper. It is shown that the interference wave resulted by sea surface reflection 
will produce striation pattern centered at high frequency band. But the interference of 
nulling frequency resulted by sea bottom reflection may be at low frequency or high 
frequency, it strongly depends on the acoustic behavior of sea bottom.  The 
relationship between main parameters of interference striation pattern and target, 
receiver, and environment is derived. It is shown that the interference striation have 
the shape of hyperbolic curve. The equation set of the hyperbolic curve and its 
asymptotic line is presented. The at sea experiment carried out in South China sea 
shows some interesting results. A part of data processing results are illustrated in this 
paper. The results expressed in this paper show that the interference striation pattern 
can be used, in some conditions, as a potential means for target recognition.     
 
1. Introduction 

The waveguide invariant concept in shallow water is formulated by Chuprov et 
al. ]2,1[ . It shows that, in some condition, the propagation of broad band signal in 
shallow water will produce interference striation pattern due to reflection wave from 
sea surface and sea bottom. Kuperman et al. generalize the waveguide invariant 
concept and apply the invariant theory to the signal processing of vertical and 

horizontal array ]53[  . Kapolka shows that in the case of waveguide invariant 1 , 

the two-path ray model is equivalent to the waveguide theory in isovelocity sound 
profile, the interference  phenomena  resulted by sea surface reflection wave is 
studied ]6[ .  

The interference phenomena generated by the broad band signal can be derived 
from mode theory. The number of modes contributing to the sound field is a function 
of frequency. The 2-D LOFAR (Low Frequency Analysis Record) figure can be used 
to show the striation pattern ]7,6[ .  

In the shallow water, the phenomena of interference striation pattern can be 
calculated directly from the direct wave of radiated noise of underwater target and its 
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reflection wave from sea bottom and sea surface. The expression of wave interference 
signal is derived in the case of sea bottom reflection or sea surface reflection. The null 
frequency of interference striation strongly depends on various parameters, including 
the depth of source/receiver, and the depth of sea water. 

The equation of range-frequency dependence of interference striation pattern is 
expressed as hyperbolic curve and its asymptotic line can be also found based on the 
information of source/receiver. The interference striation pattern can be used to detect 
the radiated noise of underwater target; the shape of hyperbolic curve is an auxiliary 
mean for target identification.  

   The results of at sea experiment verify the theoretical analysis. It is shows that 
the concept of waveguide invariant, as well as the interference striation pattern 
produced by the direct wave and reflection wave in shallow water provides a useful 
method for underwater target detection and classification.    

 
2. Theoretical analysis of interference wave in shallow water 

If a source generates a single tone with frequency, f , and amplitude )( fA , at 

depth d , and range, r , from an omnidirectional point receiver at depth h , then the 
complex pressure can be written as ]3[ : 

   



N

n
nn rkftjhdBfAfhdrp

1
)]4/2(exp[),()(),,,(        (1) 

Where nk  is the horizontal wave number and ),( hdBn is the function of 

eigenfunction. The intensity of received pressure spectrum is the average mean square 

value of ),,,( fhdrp . Kuperman shows that the intensity of sound pressure is 

composed of two terms; the first one varies slowly with range and frequency, whereas 
the second term oscillates due to mode interference. 

The interference phenomena for radiated noise of underwater target in shallow 
water can be analyzed by Lloyd’s mirror principle. Kapolka calculates the interference 
result of direct wave and its reflection wave from sea surface ]6[ . It can be proved that 
the striation pattern generated by the sea surface interference will be centered at 
relative high frequency. Actually, the interference caused by reflection wave from sea 
bottom may result striation pattern in low frequency.  

Since the propagation loss of low frequency signal is usually much smaller than 
high frequency in shallow water, therefore the interference striation pattern in low 
frequency band shows a more practical meaning in target detection and classification. 

Fig.1 illustrates the scenario we consider in shallow water condition. The 
meanings of various parameters are as follows: 

d : distance of source to sea surface; 
h : distance of receiver to sea surface; 
b : distance of source to sea bottom; 
k : distance of receiver to sea bottom; 
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r : horizontal distance of source to receiver; 

dr : distance of direct wave from source to receiver; 

br : distance of sea bottom reflection wave to receiver; 

sr : distance of sea surface reflection wave to receiver. 

In the calculation of waveguide interference, the values of range difference of sound 
travel play an important role. For the sea surface reflection, range difference is 

   dss rrr                (2) 

And for the bottom reflection, range difference is 

   dbb rrr                (3) 

 
 
 
 
 
 
 
 
 
              

 
 
 
 
 
If the direct wave of source is sinusoidal signal 

)2cos()(   ftAtx                   (4) 

Where f  is the frequency of signal and   is the random phase, uniformly 

distributed in )2,0(  . It is easy to show that the reflection wave from sea surface and 

sea bottom will be 

]/22cos[)( crfftAtx sss         (5) 

and  

   ]/22c o s [)( crfftAtx bbb         (6) 

respectively. 
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In equation (5), the phase   indicates that the sea surface is “soft boundary” for 

underwater signal reflection. In equation (6),   is an additional phase, which 

strongly depends on the acoustic behavior of sea bottom and the incidental angle of 
signal. 
  It is easy to show that 

      rhdrs /2 ,  for )( dhr           (7) 

and  

        rkbrb /2 ,  for )( bkr         (8) 

From equations (4) and (5) we can see, if AAs  , and  

    1 , 2 , . . .n  ,/  nrs                       (9) 

Then the direct wave will be nulled by the reflection wave from sea surface and 

fc / . n  is the integer number. The equation (9) can be expressed in another 

way: 

      ,...2,1   ,2
 nn

r
hd


                  (10) 

It means that in some condition, the direct wave and reflection wave from sea surface 
will be cancelled each other. 
   The same conclusion is valid for bottom reflection when the additional phase 
satisfies some conditions. That is 

   ,...2,1,0    ,2/)(/  nnrb         (11) 

Or 

   ,....2,1,0    ,
2

2



 nn

r
kb






           (12) 

 
3. Interference striation pattern of wave guide 

Based on equations (10) and (12), it is possible to calculate the interference 
striation pattern in different cases. In the case of sea surface reflection, for a fixed 

range value r , the nulling frequency nf  can be solved as 

,...2,1   ,
2

 n
hd
crnfn             (13). 

For example, suppose 8h  m, 45d  m, and 1000r  m, it follows 

2083 nfn  Hz. 

It is easy to show that, in general case,   

   ,...2,1    ,
21   n

hd
crfff nnn         (14) 
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nf  is independent to n . That means, in the figure of ),( rf  plot, for fixed range r  

the nulling frequency nf  will be equally spaced happened.   

   It is obvious that 

     
r
hd

nnnnn
2

)1(
1

1


              (15) 

In the case of sea bottom reflection, the interference relationship between direct 
wave and reflection wave is quite different with sea surface reflection. In equation (6), 
the sea bottom reflection wave have additional phase shift. General speaking, if the 

sound speed of sea water 1c  is smaller than the sound speed 2c in sediment of sea 

bottom, see Fig.2. Then there exists a critical angle 

   )/a r c c o s (21 ccc                       (16) 

When the incidental angle  of signal is smaller than c , that is c  , then the 

perfect reflection will occur and the additional phase shift depends on  . That means 

1bA . It is easy to prove that 

   )]/sin/()/(cosarctan[2 12
2

21
2  cc        (17) 

 

Where 1  is the density of sea water and  2  is the density of sea bottom sediment. 

Since   is the function of range r , therefore the additional phase shift is also the 
function of range r . 
   From equations (4), (6) and (17), we know if 

,...2,1,0   ,2/2  nnb            (18) 

Or 

,...2,1,0   ,2/2  nnrkb            (19) 

then the direct wave may be cancelled by the reflection wave from sea bottom. Note 
that the additional phase shift value is range dependent.  
 
   It is easy to solve the equation (19), that 

,...2,1,0    ,
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For example, if m  1000   ,0  and  m,  25b  m, 70 ,9.0  rnk , we have 

    4.210 f  Hz. 

This result shows that the interference phenomena may occur in the low frequency 

band in the case of sea bottom reflection. Since the value of additional phase shift   

depends on the value of rang r , therefore the relationship between nulling frequency 
and range will more complicated than in the case of sea surface reflection. 
   The interference striation pattern can be easily solved based on the trace of 
moving target ]6[ . Fig.3 is an example of target movement. 
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Suppose the target is moving along a straight line with uniform speed v , see Fig.3. 
We have 

     22
0

2 )(vtrr            (22) 

For the sea surface reflection, in terms of equation (13), we have 

    f
nc
hdr 2

                (23) 

The n -th interference striation should satisfy the equation as follows: 
22222

0 )2( tvf
nc
hdr     ,...2,1n             (24) 

This is a set of hyperbolic equations for variables ft    and   . Of course, we can 

calculate the asymptotic line of the hyperbolic curve, that is 

f
nc
hd

v
t 

21                      (25) 

The results for sea bottom reflection can be calculated in similar way, but a little 
complicated.  
 
 
      
 
 
 
 
 
 
 
 
   Fig.4 illustrates hyperbolic curve for frequency and range (time). It is worth to 
show that the curve shape is different, when target is in near field or far field. 
 
4. System simulation and at sea experiment results 

It is proved that LOFAR image is a very effective mean to detect radiated noise 
of underwater target, particularly in using interference striation pattern. The existence 
of interference striation shows that a target contact is happened. The minimum 
detectable signal to noise ratio for LOFAR image is usually lower than convention 
detection means. The time accumulation and striation pattern not only can be used in 
target detection, but also can be used target classification/recognition.  

Fig.5 is some results of system simulation. As we can see, in the case of 

0)( inSNR  dB, it is easy to identify occurrence of target. When the signal to noise 

ratio decrease to – 6 dB, it is also easy to extract the radiated noise, regardless near 
field or far field. 

Fig.6 illustrates some results of at sea experiment in South China sea. These are 
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LOFAR image for a surface ship. The far field case presents the target distance 11 km.   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
              
 
 
 
 
 
 
 

 
5. Conclusion 

Based on the two-path ray model, the interference striation pattern, generated by 
the sea surface reflection and sea bottom reflection is studied. The nulling frequency 
for sea surface and sea bottom reflection is different. The additional phase shift in sea 
bottom reflection wave plays an important role in producing interference striation. 
The equations of interference striation pattern are derived. The result of system 
simulation and at sea experiment show that the predicted result by two-path model is 
correct. 
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Abstract: The present paper deals with the surface/submerged source depth discrimination, 
by addressing a physical modelling for modal scintillation due to source depth modulation. 
The guiding principle of the work is to provide a predictive model, addressing shallow and 
deep water environments without limitation in the frequency domain, and providing several 
physical information of the modal scintillation: energy, time and frequency effects of source 
depth modulation on propagating modes, and geometrical effects of modal scintillation on 
the response of vertical or horizontal linear arrays. The contribution of these predicted 
physical observables will allow developing dedicated processing and then allow improving 
the classification performance for the surface/submerged source depth discrimination.  
As illustrations, quantified results obtained by simulations based on outputs from the 
MOCTESUMA 2006 coupled modes model and comparison with recent experimental results 
are presented. 
 
Keywords: underwater acoustics, modal propagation, depth discrimination. 
 
 
1. INTRODUCTION 
 
In very low frequency underwater acoustics, the scintillation of normal modes amplitudes is 
known, since about ten years, to be a useful tool for: 1) the characterization and 
understanding of acoustic propagation in a randomly fluctuating shallow water waveguide 
[1], and 2) the surface/submerged source depth discrimination in a shallow water waveguide, 
in terms of classification performance predictions based on simulated receiver operating 
characteristic curves [2], or in terms of the exploitation of statistical fluctuations to enhance 
the detectability of stable amplitude signals relative to a fluctuating background [3].  
The present paper is linked with the source depth discrimination, by addressing a physical 
modelling for modal scintillation due to source depth modulation. The guiding principle of 
the work is to provide a predictive model, addressing shallow and deep water environments 
without limitation in the frequency domain, and providing several physical information of the 
modal scintillation: energy, time and frequency effects of source depth modulation on 
propagating modes, and geometrical effects of modal scintillation on the response of vertical 
or horizontal linear arrays. The contribution of these predicted physical observables will 
allow developing dedicated processing and then allow improving the classification 
performance for the surface/submerged source depth discrimination. 
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2. PHYSICAL MODELING OF THE MODAL SCINTILLATION PROCESS 

2.1 Theoretical formulation 

In an acoustical waveguide, the acoustic pressure p can be written as a sum of discrete modal 
contributions pm in the following way: 





M

1m
RSSmRSS  )z;z,r;t(p)z;z,r;t(p  

Where le pressure for each propagating modes takes the form (1) 
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We now assume a variation with time for both the source and the receiver depths. Equations 
(1) (2) and (3) can still be used we have to point out that, for each mode m, the value of the 
source depth ZS(t) has to be taken at the time srmrkt  , corresponding to the excitation 
time of the propagating modes, according to the phase velocity rmk  of the modes. 
For depths variations Sz (respectively Rz ) limited to the vicinity of 
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This leads, to the first order in the depths variations, to 
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Finally, we can write the total acoustic pressure as 

 



M

1m
RSS

R
mRSS

S
mRSS

)0(
mRSS )z;z,r;t(p)z;z,r;t(p)z;z,r;t(p)z;z,r;t(p  (7) 

The modal acoustic pressure takes the following form 
    tzzSrktzzSzzrtpzzrtp RRmsrmSSmRSSmRSSm  )()(1);,;();,;( )0()0()0(

  (8) 
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2.2 Statistical characterization: the scintillation index 

The scintillation index  for the total acoustic pressure )z;z,r;t(p RSS  is defined as the 
normalized variance of the acoustic intensity: 

22
RSS

22
RSS

4
RSS

)z;z,r;t(p

)z;z,r;t(p)z;z,r;t(p 

  (9) 

For the m mode, the scintillation index m is deduced from the modal 
pressure )z;z,r;t(p RSSm : 
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By writing 
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with 
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the general derivation for the scintillation index, without any assumption done about the 
statistics for the fluctuations in depth, is then:  
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For harmonic variations for the source and receiver depths, the scintillation index reduces 
to 
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and finally: 
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We can observe that the natural parameter for the scintillation index is the relative vertical 
gradient of the modal functions, multiplied by the maximum amplitude of the depth 
variations. The scintillation index will then be stronger for source and receiver depth close 
to the zeros of these modal functions. This configuration is always reached for depths 
close to the sea surface, for all the modes. Elsewhere, for a given depth, only few modes 
will participate in the scintillation, depending on the vicinity of their zeros depth to the 
source or receiver depths (cf. Fig.1). 
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Fig.1: Modal scintillation index. On the right: Theoretical curve deduced from Eq.15;  

On the left: Depths areas of strong and weak scintillation. 

1. NUMERICAL SIMULATIONS 

This paragraph is dedicated to numerical simulations of the modal scintillation, by using 
the MOCTESUMA 2006 coupled modes model developed by Thales Underwater Systems 
SAS. For illustrating the capability of the modelling and of the associated simulation tool 
developed, we present an example with the following parameters: deep water environment 
(water depth 4500m, summer time north-Atlantic sound velocity profile with double channel) 
very low frequency continuous wave (CW) transmitted signal at frequency 30 Hz. Assuming 
harmonic variations for the source depth, we first compute the modal amplitude (cf. Eq.(8)) 
for two source types: a sub-surface source with 5m mean depth, and a deep source with 200m 
mean depth. Both source types are located at 50km range from the receiver, whose depth is 
320m. Fig.(2) shows the modal intensity as a function of time and mode elevation angle for 
the sub-surface source (Fig.(2), on the left) and for the deep source (Fig.(2), on the right), 
with the following parameters for the depth variations: amplitude =  2m, period = 10s. As 
expected, we can see that the modal scintillation is stronger for the sub-surface source than 
for the deep one. This can be more clearly visible on Fig.(3) showing the local maxima of the 
modal intensity. For the sub-surface source, all the modes exhibit scintillation, due to modes 
vanishing at the sea surface. In the deep source case, only few modes have zeros in the 
vicinity of the source depth and then exhibit notable scintillation. 

 

Fig.2: Modal intensity as a function of time and mode elevation angle for the sub-surface 
source (on the left) and for the deep source (on the right).  
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Fig.3: Local maxima of the modal intensity as a function of time and mode elevation angle 
for the sub-surface source (on the left) and for the deep source (on the right). 

 
We now have to compare the results of the numerical simulations to the analytical 

formulation we obtained for the scintillation index (cf. Eq.(14)), in order to quantify the 
accuracy of the numerical modelling. The last three figures are dedicated to this task: Fig.(4) 
(resp. Fig.(5)) shows the scintillation index for the sub-surface source (resp. for the deep 
source), computed from Eq.(8) applied to the simulated modal amplitudes over a time sample 
of 100s duration. We can see a very good agreement between simulation and analytical 
solution, agreement which can be reinforced by the results from Fig.(6) where the relative 
error between the theoretical and the simulated scintillation index is computed, for both types 
of source depth. These relative errors are less than 10-12, showing the good accuracy of the 
numerical modelling. 

 

Fig.4: Modelled vs Simulated Scintillation Index for the sub-surface source. 

 

Fig.5: Modelled vs Simulated Scintillation Index for the deepsource. 
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Fig.6: Relative error between the theoretical and the simulated scintillation index. 

2. CONCLUSION 

The accuracy of the results presented in this paper shows that the aim of designing a 
prediction tool for the modal scintillation index, physically based, has been reached. This 
physical modelling and the associated numerical simulation tool, based on a coupled modes 
model, provide physical observables which will be useful for testing and validating 
processing dedicated to source depth discrimination based on modal scintillation, for very 
low frequency sonar applications. 

REFERENCES 

[1] D.B. Creamer, “Scintillating shallow-water waveguides”, J. Acoust. Soc. Am., vol. 99, pp 
2825-2838, 1996. 

[2] V. Premus, “modal scintillation index: A physics-based statistic for acoustic source depth 
discrimination”, J. Acoust. Soc. Am., vol 105 (4), pp 2170-2180, 1999. 

[3] R.A Wagstaff, “Exploitation of fluctuations to enhance target detection and to reduce 
clutter and background noise in the marine environment”, In Proc. SPIE 
Aerospace/Defense Sensing and Contols ’96 Symp. Targets and Backgrounds: 
Characterization and Representation II, 2742, pp. 276-283, 1996. 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1306 -



 

Session 25 
Seafloor and Sea Surface scattering 

Organizers: Peter Dobbins, William Megill, Grant Deane and James Preisig 

  

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1307 -



  

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1308 -



 

 THE USE OF THE VIRTUAL SOURCE TECHNIQUE IN 
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Abstract: In this paper the virtual source technique is used to compute scattering of a 
plane wave from a periodic ocean surface.  The virtual source technique is a method of 
imposing boundary conditions using virtual sources, with initially unknown complex 
amplitudes.  These amplitudes are then determined by applying the boundary conditions.  
The fields due to these virtual sources are given by the environment Green's function. 
In principle, satisfying boundary conditions on an infinite surface requires an infinite 
number of sources.  In this paper, the periodic nature of the surface is employed to 
populate a single period of the surface with virtual sources and m surface periods are 
added to obtain scattering from the entire surface.  The use of an accelerated sum formula 
makes it possible to obtain a convergent sum with relatively small (m ~40).  The accuracy 
of the technique is verified by comparing its results with those obtained using the integral 
equation technique. 
 
Keywords: Scattering, Virtual source technique, Periodic surfaces  
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INTRODUCTION 

The problem of scattering of waves from periodic surfaces, especially sinusoidal surfaces, 
has attracted a fair amount of interest.  One of the reasons for this is that the simple nature 
of the boundary surface offers rather simple mathematical treatment; the other reason is 
that scattering from a periodic surface results in strong scattering in directions other than 
specular. Such non-specular returns are important in studying scattering from traveling 
ocean waves in underwater acoustics and from diffraction gratings in optics.   
 
In this paper, we use the virtual source technique to provide an exact solution for scattering 
of a plane wave from a periodic ocean surface.  The virtual source technique, also known 
as the method of superposition, is a method of imposing boundary conditions on a surface 
(or interface) by using virtual sources of unknown complex amplitudes, which are 
determined by applying the boundary conditions.  The functions representing the fields 
due to the virtual sources must satisfy the wave equation and the radiation condition.  For 
this purpose, it is convenient to mathematically represent them by the environment Green's 
functions.  We apply the virtual source technique to an infinite periodic surface satisfying 
the pressure-release or Dirichlet boundary condition.  Because of the infinite extent of the 
boundary surface, in principle an infinite number of sources are required to satisfy the 
boundary condition.  However, it turns out that the very periodic nature of the boundary 
enables the solution to be constructed over one period.  But to obtain the solution for the 
entire boundary, an infinite number of such solutions must be added. The use of an 
accelerated sum formula [1] enables this sum to converge for relatively small (~40) 
number of terms.    

THE VIRTUAL SOURCE SOLUTION FOR A PERIODIC SURFACE 

The geometry of the problem is shown in Fig. (1), where a plane wave is incident on a 
pressure-release periodic surface.  The surface, which is given by z=z (x), is uniform in 
the y direction.  This problem is solved in two-dimensions and the solution is denoted by 
p(x, z;k)where k is the free-space wavenumber.  Because the boundary is independent of 
the y coordinate, it follows immediately that for a non-penetrable surface the solution in 
three-dimensions can be obtained from the 2-D solution by 

 
 
where b  is the angle that the incident wave makes with the xz plane.  Due to the periodic 
nature of the surface, the incident field is scattered exactly the same way from two points 
separated by a surface wavelength, L.  If the path length difference between rays scattered 
from these two points is a multiple of the acoustic wavelength, l , rays interfere 
constructively.  This can be expressed by the well-known grating equation, which can be 
obtained by taking the path length difference between rays k1q1and k2q2 . 

 
 
In the above equation, q0 represents the direction of the incident wave and q l represents 

 
(1) 
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the directions for which the wave scattered from the individual periods of the surface 
will be in phase and will reinforce each other, giving rise to the modes of the scattering 
problem.  

 

 

Figure 1:The geometry of the scattering problem 

We will use the virtual source technique to impose the pressure-release boundary condition 
on the periodic surface S, represented by z (x).  For this purpose we place virtual sources 
on a surface ¢S , which is exactly like S, but translated slightly below it.  The field due to 
each virtual source is represented by the environment Green's function with an unknown 
complex coefficient, which will be determined by satisfying the boundary condition at 
points on S, referred to as nodes and shown as dots on the boundary surface in Fig. (1).  
The Green's function for the environment is given by 
 

 
(2) 

 
where r = (x, z)  is a field point, ¢r = ( ¢x , ¢z)  a source point, and H0

(1) is the Hankel function.  
The total field due to the incident field and the field produced by the virtual sources at 
point r  is given by 
 

 

 
(3) 

 
Here N represents the number of virtual sources in one period of the surface, m represents 
the number of periods and Qi  represents the unknown complex source amplitude located 
at ¢ri .  yinc is the incident plane wave given by 
 

 (4) 
 
To determine the coefficients Q, we apply the pressure-release boundary condition 
y(rp Î S) = 0 .  Then Eq. (3) becomes, 
 

 

 
(5) 

 
Where ¢rn Î ¢S .  Since the surface S is periodic with period L, z (x+L) =z (x), the 
incident field has the property 
 

 (6) 
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Which shows that it must be multiplied by eikLcosq as one moves one surface wavelength to 
the right. Similarly, since ¢S  is also periodic with period L, ¢xn+mN = ¢xn +mL and 

¢z ( ¢xn+mN ) = ¢z ( ¢xn +mL) = ¢z ( ¢xn) .  Due to the infinite, periodic nature of the surface, the 
source amplitudes for two sources a distance L apart must also satisfy 
 

 
 
Using this property we can write Qn+mN = eimkLcosq0Qn .  Based on these arguments, Eq. (5) can 
be written as 
 

 

 
  (7) 

Where 
 

 

 
(8) 

 
Let the position of all the nodes on the surface be denoted by a vector r = (x,z (x))of 
length n, and the position of sources be denoted by a vector of the same length 

¢r = ( ¢x ,z ( ¢x )) .  From Eq. (7) the source amplitudes can be obtained using the following 
equation written in vector-matrix notation 
 

 
 

  (9)  
 

 
 

 

In the above equation yincis a column vector of length n containing the incident field at n 
nodal points, Q  is a column vector of length n containing the complex source amplitudes 
and Gmis an n´n matrix.  Substitution of Q  in Eq. (3) gives the field everywhere in the 
medium.  The Green's function in Eq. (8) is given by Eq. (2), which gives 
 

 
 

 
(10) 

 
It is not practical to compute G  using Eq. (10) since the sum over the Hankel function 
converges very slowly and requires m to be very large.  To deal with this, we use an 
accelerated sum formula described in [1].  Consider the sum 
 

 
Where 
 

 
 

 

And 
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The use the Poisson sum formula results in the accelerated form of Eq. (10) 
 

 

 
(11) 

 
In the above formula, p= 2p / L , bm = mp+b  and gm = bm

2 -k2 .  The exponential in the 
above sum ensures its rapid convergence.  Other properties of the above equation are 
discussed in [1].   
  

THE NATURE OF THE SOLUTION OF THE WAVE EQUATION FOR A 
PERIODIC SURFACE 

Scattering of a plane wave from a periodic ocean surface can be described by the 
following expression due to Rayleigh: 

 

 

 
  (12) 

Whereai = cosqi  and g i = sinqi , and the z-axis is pointing downward.  According to the 
above equation below the hollows of the boundary, the scattered field consists of discrete 
plane waves of amplitude Rn , a finite number of which (gn  real) propagate away from the 
boundary, while the remainder (gn purely imaginary) correspond to surface waves since 
their amplitudes decay exponentially in the z direction.  According to Eq. (1) propagating 
solutions are obtained only when l / L <1and l ¹ 0 .  This means that there is always a 
propagating wave in the specular direction l = 0  regardless of the ratio of the radiation 
wavelength to the surface wavelength, l / L.  However, propagating waves in directions 
other than specular can only occur when l / L <1.  The coefficients Rn  in Eq. (12) may be 
thought of as a set of transformation coefficients that carry the energy of the incident wave 
in the direction q0  into a set of outgoing waves in the directions qn .  This concept can be 
used to define a scalar product and derive an expression for the conservation of energy for 
a surface with no attenuation [2]: 
 

 
 

(13) 

COMPARISON WITH THE INTEGRAL EQUATION SOLUTION THE NATURE 
OF THE SOLUTION OF THE WAVE EQUATION  

In this section we benchmark the solution of scattering of a plane wave from a 
sinusoidal surface against the integral equation solution obtained by Holford [3]. The 
surface in these benchmark solutions is given by 

 

 
  (13) 
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Where H the surface amplitude and L is its wavelength.  In all of the computations 
reported here we use 60 sources per acoustic wavelength and use the projection method 
described in the previous section to compute the components of the propagating modes as 
a function of H / L. The latter is a measure of surface roughness and is used as an 
independent variable in these computations. In Fig. (2) we show comparison between the 
integral equation method and the virtual source method for each normalized propagating 
mode intensity.  The top, middle and bottom rows show results for cases when    , 
       and        , respectively.  The left and right columns show results for 30 and 
75 degrees angles of incidence.  When    , Eq. (1) allows two propagating modes: l=-1 
and l=0 The top curves represent the normalized intensity for mode l=0, which 
corresponds to the specular reflection.   
  

 
Figure 2: Comparison between the integral equation solution (solid black lines) and the 
virtual source solution (red dashed lines) of scattering of a plane wave from a sinusoidal 
surface as function of the ratio of surface height to surface wavelength. 

 
Note that when the surface is flat ( H / L = 0), the reflected energy is entirely in the 
specular direction.  As the surface roughness increases, the off-specular mode, l=-1, begins 
to contribute to the total scattered energy.    When        there are four propagating 
modes, l=-3, -2, -1, 0 for the 30 degrees and l=-2, -1, 0, 1 for the 75 degrees.  Finally, 
when         eight propagating modes exist: l=-7, -6, -5, -4, -3, -2, -1, 0 for the 30 
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degrees, and l=-5, -4, -3, -2, -1, 0, 1, 2 for 75 degrees.  Again, the contribution from off-
specular angles starts when H / L is non-zero.  Note that conservation of energy is 
satisfied for all values of H / L according to  (13) for all cases shown.  In the above 
figures, individual modes have not been labelled to save space.  However, our goal in 
presenting these results is to show that the virtual source solution produces identical results 
to those obtained from the integral equation solution for all propagating modes and a wide 
range of incident angles. 
 

CONCLUSIONS 

In this paper we solved the problem of scattering of a plane wave from a periodic 
surface satisfying the pressure-release boundary condition using the virtual source 
technique.  In principle, satisfying boundary conditions on an infinite surface requires an 
infinite number of sources.  In this paper, we employed the periodic nature of the surface 
to populate a single period of the surface with virtual sources and added m surface periods 
to obtain scattering from the entire surface.  The use of an accelerated sum formula 
enabled us to obtain a convergent sum with relatively small m (~40). 
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Abstract: The most common approach to source localisation using passive sonar methods is 
to use the differences in the signal arrival times between pairs of sensors to define curves of 
constant time difference. When the source and sensors are in the same plane, for instance, 
three sensors are sufficient to locate the source with the intersection of two hyperbolas 
defining the source location. When the sensors are positioned along a straight line, the range 
(from the middle sensor) and bearing (with respect to the array axis) of the source can be 
estimated using a time-of-arrival difference method referred to as passive ranging by 
wavefront curvature. However, the accuracy of the source position estimated by this method 
is shown to be sensitive to even a small transverse displacement of the middle sensor relative 
to the array axis. When the sensor positions are not collinear, the source range estimates can 
have significant bias. A modification is proposed that enables the wavefront curvature 
method to be used for the accurate localisation of the source even when the sensor positions 
are not collinear. The two source localisation methods are compared using accurate time-of-
arrival data for a regular click biosonar transmission sequence, which was emitted by a 
dolphin while swimming freely in its natural habitat. This sequence of underwater sound 
pulses was received by a line array of hydrophones located near the sea floor in a shallow 
water environment. Although the precise source localisation of dolphin biosonar pulse 
transmissions using the passive ranging by wavefront curvature method has been previously 
reported, the advance of the present paper is the accurate localisation of the sound source 
with the bias errors introduced by uncertainty in the sensor positions being quantified. 

Keywords: Passive ranging, source localisation, dolphin biosonar 
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1. INTRODUCTION  

Signals travelling from a source arrive at the sensors of an array at times dependent on the 
source-sensor geometry and the characteristics of the propagation medium.  Differences in 
arrival times of the source signals at pairs of sensors are measurable and so the location of the 
source can be estimated if the sensor positions are known. In a constant velocity medium, the 
time difference of arrival (TDOA) at a pair of spatially-separated sensors is proportional to 
the difference in the two source-sensor ranges, termed the range difference (RD). When the 
source and sensors are in the same plane, the locus of possible source positions for a constant 
RD is a hyperbola, and the location of the source can be estimated as an intersection of the set 
of hyperbolas defined by the RD measurements of various sensor pairs [1]. Passive ranging 
by wavefront curvature is the simplest method for locating the signal source [2]. This method 
requires two TDOA measurements of the signal wavefront using three sensors which are 
widely separated along a straight line. For arbitrarily distributed sensors, the line of position 
method [3] provides a closed-form solution for locating the source by using TDOA  
measurements and known sensor positions.  Another approach to solving the two dimensional 
passive source localisation problem is the circle intersection method, which is the two 
dimensional case of the general three dimensional spherical intersection method [4].   

   Passive ranging by wavefront curvature is a practical nonintrusive technique for 
studying the behaviour of individual echolocating odontocetes (toothed whales including 
dolphins) in their natural habitats. The combination of precise (0.1 μs) signal arrival time 
measurements and widely-spaced (14 m) hydrophones in a collinear array configuration 
enables the source of dolphin biosonar click transmissions to be localised with a (range-
independent) bearing precision of 0.01° and with centimetric precision at ranges of about 25 
m, increasing to 1 m at about 250 m [5]. However, if the sensor positions are not strictly 
collinear, the source range estimates will be biased, which affects the accuracy of the source 
localisation [6]. This paper shows that this problem can be obviated by extending the passive 
ranging by wavefront curvature method to include sensors positions that are not collinear. 
The source location estimated using this modified wavefront curvature method is compared 
with the source locations estimated using the line of  position and circle intersection methods 
for a regular click sequence of  dolphin bionsonar pulse transmissions recorded on a four-
element line array, which was located in a shallow water environment. 

2. PASSIVE SOURCE LOCALISATION USING WAVEFRONT CURVATURE 
METHODS 

2.1. Wavefront Curvature Method – Collinear Sensor Positions 

The range sR  of the source from the origin (corresponding to the position of the middle 
sensor) and the bearing angle s  of the source (with respect to the array axis) are given by 
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where 1id  and 1ir  ( 3,2i ) are the respective intersensor separation distances and source-
sensor range differences with respect to the middle sensor (sensor 1).  

If the source is in the farfield so that the wavefront incident on the sensors is planar, then 
the source bearing can be approximated by 
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2.2. Wavefront Curvature Method – Noncollinear Sensor Positions 

When the middle sensor is displaced in a direction that is transverse to the array axis (or 
the line joining the two end sensors), the array sensor positions are no longer collinear and 
the range estimate, when calculated using (1), can have a significant bias even for small 
transverse displacements [6]. For example, Fig. 1 shows the variation of the fractional range 
error as a function of small transverse displacements of the middle sensor, which are 
expressed as a fraction of the intersensor separation distance (15 m) between adjacent 
sensors. When the displacement is toward the source (which is in the broadside direction), the 
range estimate is less than the true value (negative bias), whereas a displacement away from 
the source results in the range being overestimated (positive bias). Figure 1 shows that the 
bias error increases significantly as the true source range increases from 15 m to 150 m. 

   The following method is proposed that enables the wavefront curvature method 
equations (1) and (2) to be used for passive ranging when the sensor positions are not 
collinear. Figure 2 is a schematic diagram of the source-sensor geometry where the middle 
sensor (sensor 1) position does not lay on the array axis, which joins sensors 2 and 3. The 
present approach is to move the sensor 1 position from the origin at O :  0,0 11  yx  to a 
point on the array axis denoted by O :  yyxx   11 ,  and then to apply a range difference 
compensation term of r  to each of the range differences: 21r  and 31r  , before estimating the 
source location using passive ranging by wavefront curvature for a collinear array (see 
Section 2.1 above). The passive ranging procedure involves modifying Equation (1) so that it  
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Fig. 2. Source-sensor geometry for the modified passive ranging by wavefront curvature method. 

provides an improved estimate of the true value of the source range sRˆ  (from O ). The 
modification involves the following substitutions: 
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Fig. 1. Variation of the fractional source range error as a function of small transverse displacements 
of the middle sensor; the latter are expressed as a fraction (converted to a percentage) of the 
intersensor separation distance (15 m). The true source ranges are 15 m and 150 m from the origin, 
which corresponds to the position of the middle sensor of the three-element line array. 
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When the source is not in the farfield, the relative bearing of the source s  has a range-

dependent term and so the estimate of ŝ  given by (15) needs refinement. Once sRˆ  is 
calculated, the refined estimate of the relative bearing of the source is given by   
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This refined estimate s 
ˆ  of the relative bearing of the source then replaces ŝ  in (11) and 

(12) to improve further the respective estimates of r  and   (and hence, x  and y ) before 
recomputing the next estimate of the source range, which is denoted by sR ˆ . Repeating the 
iterative process leads to the refined bearing estimate converging to the actual source bearing: 

ss  ˆ . The iterative process for refining the solution of the source location terminates 
when some convergence condition is satisfied. For the present application of locating the 
source of dolphin biosonar pulse transmissions (below), the iterative process stops when the 
change in the updated relative bearing estimate is less than one hundredth of a degree. 
Finally, the addition of the range difference compensation term r  to the source range 
estimate sRˆ  (from the origin at O )  provides the source range estimate sR̂  (from the origin 

at O ); mathematically, rRR OssO  
ˆˆ .  

3. APPLICATION TO THE LOCALISATION OF DOLPHIN BIOSONAR PULSE 
TRANSMISSIONS 

3.1. Experiment 

A sequence of Tursiops aduncus dolphin click signals were recorded on four hydrophones 
(labelled N, O, P and Q) located at known positions in Jervis Bay (35° 07’ S, 150° 42’ E), 
New South Wales, Australia. The hydrophones are located about 1 m above the sea floor in 
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about 20 m of water. They are spatially distributed in an almost linear configuration with a 
nominal intersensor spacing of 14 m. Data on the surveyed positions of the sensors were 
provided by the Defence Science and Technology Organisation (DSTO). The time of arrival 
of the transient signal at each hydrophone is measured to within 0.1 μs for each acoustic 
pulse in the 53 click sequence, which occurred over a 2.9 s time interval. The TDOA data are 
converted to RD data using a constant underwater sound speed of 1521 m/s, which was 
measured during the experiment.  

3.2. Passive Ranging of Dolphin Biosonar Pulse Transmissions 

The passive ranging by wavefront curvature method is applied to a three-element 
receiving array formed by sensors N, O and P. The length of the array is 28 m. The source 
range sR  for each click emitted by the dolphin’s biosonar is estimated using (12), which 
requires values for the sensor separation distances 21d  and 31d  (calculated using the surveyed 
sensor position data) as well as RD measurements for 21r  and 31r  (from the time-of-arrival 
data). The variation with click number of the range estimates is shown in Fig. 3 for array 
NOP as a series of blue squares □.  For comparison purposes, the source range is also 
estimated using an array configured with sensors N, O and Q; the NOQ array is 42 m in 
length. The range estimates for the click sequence are also shown in Fig. 3 for array NOQ as 
a series of red squares □.  The source range estimates are then estimated using the passive 
ranging by wavefront curvature method but with the modified input parameters: 21d  , 31d  , 21r   
and 31r  . The results for the modified wavefront curvature method when applied to the NOP 
and NOQ array data are shown in Fig. 3 as a series blue circles ○ and red circles ○ 
(obscured), respectively. Comparing the results of the two methods indicates that there is a 
range bias error of 165 m for the array NOP range estimates when calculated using the 
passive ranging by wavefront curvature method. For array NOP, the transverse displacement 

d of sensor O from the array axis that connects sensors N and P is 0.07 m. This transverse 
displacement leads to an overestimate of the average source range sR = 417.4 m by the 
passive ranging by wavefront curvature method, which assumes the sensor positions are 
collinear. For the modified wavefront curvature method, which allows for the actual sensor 
positions not being collinear, 3.252sR m. Similarly, for array NOQ,  d = 0.12 m and sR = 
391.4 m for the passive ranging by wavefront curvature method, which has a positive range 
bias of about 138 m when compared with 3.253sR m for the modified wavefront curvature 
method. For the modified wavefront curvature method, the standard deviation of the source 
range estimates )( sR = 0.96 m for array NOQ, and )( sR = 1.73 m for array NOP. Thus, the 
standard deviation of the range estimates is smaller by a factor of about two for the longer 
array (NOQ).   

3.3. Source Localisation for Arbitrary Sensor Positions 

The Cartesian coordinates of the source position ),( ss yx  for each biosonar click 
transmission are calculated using the line of position, circle intersection and modified 
wavefront curvature methods for the complete dolphin click sequence. The results for each of 
the arrays (blue symbols for array NOP and red symbols for array NOQ) are plotted in Fig. 4. 
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These methods provide identical values for the source coordinates and so the symbols 
representing the results of these methods (× circle intersection, + line of position, ○ modified 
wavefront curvature) overlay each other. Comparing the results for the two arrays indicates 
that there is a bias error of 1 m in the average x-coordinate of the source position: 

33.252sx  m for array NOP, and 32.253sx  m array for NOQ. This bias is attributed to 
the uncertainty in the surveyed positions of the sensors. The standard deviation in the 
estimates of NOPsx ,  is   73.1NOPsx  m, which (as expected) is larger for the shorter array 
than for the longer array NOQ, where   96.0NOQsx  m. For the estimates of the source 

ordinates:  83.1sy  m and   12.0sy  m, which is the same for both arrays. Given the 
source-sensor geometry where ss xR  , there is also a bias of 1 m in the average range 
estimates: 34.252sR  m for array NOP and 33.253sR m for array NOQ. Again, this 
small bias error is attributed to uncertainty in the surveyed sensor position data. 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

 

 
 
 
 

Fig. 4. Cartesian coordinates of the source 
location for each of the 53 dolphin biosonar 
click transmissions for array NOP: blue 
symbols and array NOQ: red symbols. 
 
 
 
 
 
 
 
 

Fig. 3.  Variation with click number of the source 
range for a sequence of dolphin biosonar click 
transmissions. The source ranges are estimated 
using the conventional passive ranging by wavefront 
curvature method and a modified wavefront 
curvature method. The variations are for two arrays: 
one array of length 28 m and configured with three 
hydrophones: N, O and P; the other of length 42 m 
has N, O and Q as its array elements.  
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4. CONCLUSIONS 

Underwater acoustic passive ranging methods based on knowledge of the sensor positions 
and range difference measurements are able to provide precise and accurate positions of the 
source of dolphin biosonar pulse transmissions. When the source and sensors are in the same 
plane, these methods are referred to as the line of position, circle intersection and modified 
wavefront curvature technique. For a 53 click sequence emitted by a Tursiops aduncus 
dolphin, the mean ranges of the source (and coefficients of variation in %) are 252.34 m 
(0.71%) and 253.33 m (0.38%) for two three-element receiving arrays of length 28 m (array 
NOP) and 42 m (array NOQ), respectively.  The conventional passive ranging by wavefront 
curvature method significantly overestimates the range with bias errors of about 165 m for 
array NOP and 138 m for array NOQ.  
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Abstract: Passive Acoustic Monitoring (PAM) is becoming commonplace for detecting the 
presence of vocalising marine mammals for research or for minimizing the environmental 
impact of, for instance, seismic surveys. However, there are situations such as high 
ambient noise environments where PAM is ineffective, and there are also many examples 
of marine life that do not vocalise. In these situations, Active Acoustic Monitoring (AAM) 
is more likely to detect the occurrence of species of interest. However, active transmission 
also has the potential to cause harm, either through physical damage to sensitive 
creatures or through behavioural influences that may lead to longer term population 
impacts. One possible means of minimising these negative impacts is to use biomimetic 
acoustic waveforms: that is signals derived from waveforms that exist in nature in the 
environment to be monitored. Physical damage thresholds would remain the same as for 
artificial signals but, perhaps, behavioural reactions would be reduced. This paper 
reviews the waveforms that might be used for such applications and presents a 
preliminary estimate of their performance in practical AAM systems, along with an 
assessment of the potential impacts on marine lifeforms. 

Keywords: Passive Acoustic Monitoring, Active Acoustic Monitoring, biomimetic 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1325 -



 

1. INTRODUCTION  

There is a rapidly expanding requirement for marine mammal monitoring in the 
defence, offshore, renewable energy, academic research and leisure sectors. This is driven 
partly by increased public interest in these animals, but mainly by legislation such as the 
US Marine Mammal Protection Act [1], JNCC (Joint Nature Conservation Committee) 
Regulations applying to seismic survey in the UK [2], the UK Offshore Marine 
Conservation Regulations [3], and similar regulatory and licensing requirements elsewhere 
throughout the world. 

Generally, such requirements are met using Passive Acoustic Monitoring (PAM) [4], 
which is based on listening for the vocalisations produced by many marine mammals, such 
as the echolocation clicks of dolphins and porpoises [5] or the low frequency calls of 
baleen whales [6]. However, some marine species do not vocalise and some applications, 
such as monitoring for mammals in the vicinity of tidal energy devices, take place in noisy 
and turbulent environments where passive listening for potentially quiet signals may not 
be viable. In such situations, Active Acoustic Monitoring (AAM) may be appropriate [7]. 
AAM simply means active sonar, which transmits a pulse of sound and then listens for 
reflections (echoes) of the pulse to generate an image such as that shown in Fig. 2. 

 

 
 

Fig. 1:  Active sonar image from Strangford Lough [8] 

2. ACTIVE ACOUSTIC MONITORING 

AAM systems for marine life monitoring are not nearly so well established as PAM. 
However, there have been some tentative experiments in recent years [7], including a 
successful installation at Strangford Lough [8] in Ireland. 

The main advantage of AAM over PAM is that, potentially, detection is possible at 
much greater ranges. The main disadvantage is that transmitting at a Source Level (SL) 
high enough to achieve these ranges, at least at lower frequencies, both physical impact, 
such as Temporary or Permanent Threshold Shift (TTS or PTS) and behavioural 
disturbance of nearby animals are likely problems. 

As an example, Fig. 2 shows a typical active sonar signal level plotted against range for 
a dolphin like target at 100kHz in a shallow water environment near Portland, Dorset, UK 
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[9], representative of the highly turbulent locations where AAM might be employed. The 
target strength of marine mammals is not well understood, but a reasonable value for a 
dolphin, porpoise or seal is about -20dB [10]. 

 

 
 

Fig. 2:  Active sonar returned signal level plotted against range for a dolphin-like 
target at 100kHz, 220dB SL, compared with ambient noise and reverberation. 

 
The plot uses a target strength of -20dB and an SL of 220dB re 1mPa @ 1m. The solid 

line shows the signal level, the dash-dot line is the reverberation level and the horizontal 
dashed line is the ambient noise level. It can be seen that the signal falls below the 
reverberation at about 200m and below the ambient noise at about 900m. Whether or not 
this represents an acceptable detection range depends, of course, on the particular 
application. 

3. ENVIRONMENTAL IMPACT 

The interaction of marine mammals and man-made or anthropogenic sound is a subject 
of some contention. Our understanding of detailed interactions is relatively poor and 
largely restricted to a few species. However, there are instances where man-made sounds 
have been demonstrated to have adverse effects on marine mammals, and this includes 
sonar transmissions [11].  

Behavioural impacts are difficult to measure or predict. The challenge is to distinguish 
a significant behavioural response from an insignificant momentary alteration in 
behaviour. However, in the present application, we are assuming that the biomimetic 
waveforms under consideration are likely to minimise behavioural reactions. On the other 
hand, there are widely accepted guidelines relating to exposure criteria for injury in the 
form of TTS or PTS [12]. 

Given a specified waveform, SL, and other sonar parameters, the Sound Pressure Level 
(SPL) in the water around the sonar can be computed, as in the example shown in Fig. 3. 
Comparison between the SPLs and the exposure criteria can then be used to assess the 
likelihood of physical impact, either TTS or PTS, for a range of mammals with different 
hearing ranges. This assessment can be based on the instantaneous SPL or, possibly more 
realistically, the cumulative exposure of an animal to the sound field for an extended 
period as it moves around, referred to as the Sound Exposure Level (SEL) [13].  
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Fig. 3: Example SPL contours plotted against range and depth for an upward looking 

bottom mounted sonar in the same environment as used for Fig. 2. 
 
In order to weigh the performance of conventional sonar signals against the biomimetic 

waveforms to be described in §4 below, a simple metric will be applied in §5: the potential 
detection performance will be compared for signals adjusted to obtain the same SEL for a 
given marine mammal target in a specified environment. 

4. BIOMIMETIC WAVEFORMS 

 

 

Fig. 4:  Typical dolphin echolocation 
waveform. 

 

Fig. 5:  Spectrogram of dolphin click 
shown in Fig. 4, computed using a Short 

Time Fractional Fourier Transform. 

 
Marine mammals produce a variety of vocalisations, but this exercise will be based on 

the echolocation clicks produced by dolphins and other odontocetes (toothed whales). This 
is mainly because these animals use their sonar for locating prey such as fish or small 
marine mammals, so the waveforms should perform well in an AAM application. 

The inspiration for these novel signals comes from the analysis of bottlenose dolphin 
(Tursiops truncatus) clicks [14]. The pulses are very short duration, between 50 and 80 µs, 
and Fig. 4 shows a typical dolphin echolocation click. A spectrogram, computed using a 
Short Time Fractional Fourier Transform [15] is shown in Figure 2, and this shows the 
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spectrum level as colour plotted against time horizontally and frequency vertically. Here it 
is clear that the signal comprises two short down chirps.  

The analysis presented in [14] shows a double chirp structure is typical of bottlenose 
waveforms, but few other species have been studied. However, the present author has 
conducted a similar analysis with sperm whale (Physeter macrocephalus) clicks and an 
example result is shown in Fig. 6. Once again, the double chirp structure is evident, 
although this signal is much lower in frequency and extended in duration. 
 

 
Fig. 6:  Spectrogram of sperm whale click. 

 
Although not proven, it seems that the double chirp structure may be in widespread use 

for odontocete echolocation waveforms, and scalable in both time and frequency. Also not 
proven, but quite feasible, a signal structure that is likely to be heard frequently, albeit 
with a range of time and frequency scaling, might appear less threatening to most 
mammals and so have a lower behavioural impact. Therefore, a biomimetic signal model 
was implemented, following the techniques used in [14] as shown schematically in Fig. 7, 
based on two linear frequency modulated chirps. 

 

 
Fig. 7:  Chirp components for the biomimetic waveforms (after [14]). 

 
In this implementation, both chirps have the same duration and chirp rate and are 

amplitude weighted by a Gaussian time window. A waveform is fully defined by the 
frequency range and duration of the two chirps, along with the delay between the first and 
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second. The chirps are generated using a method described in [16] which allows for 
arbitrary time/frequency curves should this prove useful. For the analysis presented here, a 
waveform has been chosen as representative of a dolphin click, and is specified in Table 1. 

 
Table 1:  Biomimetic signal parameters 

Signal 
 

Chirp Length  
 

Second Chirp 
Delay 

Frequency Band 

Chirp 1 Chirp 2 

Dolphin 100 s 20 s 30 – 78 kHz 82 – 130 kHz 

5. SONAR PERFORMANCE 

For comparison with the synthesised dolphin click, a typical sidescan sonar operating at 
100 kHz with a 100 s CW pulse will be used as an example. This is appropriate as such 
systems have been used for fish detection in shallow water [17], so should be useable in 
AAM applications.  

Following the method described in [13], the SEL can be calculated for a single pulse by 
integrating the square of the pressure waveform over the duration of the pulse. For the two 
pulses of interest, this leads to SEL values of (SPL – 43) dB re 1 Pa2.s for the sidescan 
and (SPL – 48.6) dB re 1 Pa2.s for the biomimetic waveform. The cumulative SEL can 
be computed from these values for a mammal swimming over a specified path simply by 
estimating the SPL at the mammal for each ping transmitted and summing the resultant 
SELs for the duration of interest. 

Fig. 8 gives an example for an MF cetacean swimming at a constant 10 kt in a straight 
line towards the sonar from a distance of 1 km, arriving at the sonar after 200 s. The sonar 
SL is 220 dB re 1Pa @ 1m for both waveforms, and the transmission rate is four pulses 
per second. The cumulative SEL when the animal reaches the sonar is only 192 dB re 1 
Pa2.s for the sidescan waveform and 186 dB re 1 Pa2.s for the biomimetic signal. These 
both fall below the criteria for injury suggested by [12] of 198 dB re 1 Pa2.s for multiple 
pulse sources. 

 

 
Fig. 8:  Calculated cumulative SEL for an HF cetacean swimming directly towards 

sonar. 
 

Clearly, neither of these waveforms would lead to injury in the situation as described. 
Furthermore, the biomimetic waveform could be transmitted at a raised SL of 226 dB re 
1Pa @ 1m and still maintain the same SEL as the sidescan. This gives the biomimetic 
waveform a performance advantage of perhaps ten percent detection range increase, but 
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further than that, because it contains more structure, the biomimetic waveform can also be 
detected at lower Signal to Noise Ratios (SNRs) than the conventional signal. 
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Fig. 9:  Matched filter detector response of the sidescan and biomimetic waveforms, 

both at -6dB SNR. 
 
Fig. 9 shows the detection response of both waveforms with a simple matched filter 

detector when both are buried in noise with an SNR of -6 dB. Clearly, the biomimetic 
waveform is detected quite robustly, whereas the sidescan response is at a lower level and 
smeared in time. Again, being more detectable at low SNR would give the biomimetic 
signal an additional performance advantage.  

6. DISCUSSION AND CONCLUSIONS 

In this paper, the possibility of using biomimetic waveforms for AAM has been 
considered. The main driver for this was the idea that signals similar to those used by 
marine mammals might appear less threatening than conventional sonar signals and so 
reduce the potential behavioural impact. A second consideration was that the waveforms 
used by these mammals have evolved primarily to detect fish or other prey species, so 
should be particularly suited to AAM applications. 

A brief analysis was presented, based on a synthesised waveform derived from a 
dolphin echolocation click. It was noted that the model used to generate the dolphin click 
was also applicable to sperm whale clicks and, possibly, a wide range of other 
echolocating toothed whales. This biomimetic waveform was compared with a 
conventional signal representative of a 100 kHz sidescan sonar. This is appropriate as such 
systems have been used in AAM applications.  

To make the comparison meaningful with respect to minimising physical impact on 
marine mammals, the cumulative SEL was estimated for both signals for the simple case 
of a mammal swimming directly toward the sonar at 10 kt. The results of this comparison 
may be summarised as follows: 

1. The biomimetic waveform could be transmitted with an SL 6dB higher than the 
sidescan for the same cumulative SEL. 

2. The biomimetic waveform was detectable at lower SNR than the sidescan. 
3. Both 1 and 2 give the biomimetic waveform a detection range advantage over 

the conventional signal. 
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Clearly, this particular biomimetic waveform outperforms this particular conventional 
waveform without increasing the risk of physical impact on marine mammals. As yet, it 
is not known whether or not such naturally occurring signals have a lower behavioural 
impact, but it is certainly worth exploring further. 
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Abstract: Baleen whales are not generally thought to use active sonar to navigate. It is 
however likely that they use cues in the ambient soundscape. We present a study of the 
potential of some of these cues for navigation by grey whales. Recordings were made 
using kayak-deployed hydrophones on calm days in two bays on the coast of British 
Columbia, Canada, where grey whales were observed to feed. Recordings were made 
throughout the bays, in open water, in and around kelp beds, and near the surf zone.  
The frequency content of the surf signatures in bays varied with substrate, shore slope, 
and exposure to wind and swell. On a shallow-sloping sandy shore, the surf had a broad 
frequency range (0 - 10 kHz) with a distinct centre frequency at 1.1 kHz. In contrast, on a 
steeper-sloping mixed-sediment shore, the surf was more broadband (1.2 - 20 kHz) and 
had no discernible centre frequency. On a relatively steep solid rocky shore, the surf was 
more narrowband (0 - 4 kHz) with a centre frequency at approximately 860 Hz. Grey 
whales could plausibly use these cues to localise prey species associated with each of 
these habitat types. Ambient noise maps of the two bays reveal that the main sources are 
surf on shore and biological noise, and their contribution varies depending on the 
characteristics of the bay. Kelp beds are particularly important to grey whales as their 
principal prey is typically associated with them. Experimental measurements and 
simulation results show that kelp beds create both acoustic bright spots (increase of 3 dB 
at 3 kHz) and shadows (attenuation of 0.12 dB/m with spectral filtering at 1.1, 2.3, 5.3, 
and 7.7 kHz) in the ambient soundscape. Thus it is plausible for greys to detect kelp beds 
through variations in the ambient sound field. 
 
Keywords: ambient noise, grey whales, surf signatures, kelp beds 
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1. INTRODUCTION  

This research investigated the natural ambient soundscape in the underwater coastal 
environment with particular focus on its potential use as an orientational reference and 
navigational aid to grey whales, Eschrichtius robustus. These whales are closely 
associated with shallow waters, migrating between Baja California, Mexico and Alaska 
without the apparent use of echolocation [1]. However, the nearshore underwater 
environment is acoustically active and variable, and thus it is proposed that there is 
valuable information in the ambient soundscape for it to be useful to marine mammals for 
navigation. 

Field work was conducted along the central coast of British Columbia, Canada where 
the ambient noise field was examined at various spatial scales and on the temporal scale 
with respect to its importance to foraging grey whales. These whales feed on various prey 
species which have their own unique habitat [2]. Surf noise was therefore examined in 
three feeding bays to identify whether there was a quantitative difference in their acoustic 
signatures with respect to the temporal process and frequency composition. Such 
distinctions would suggest the possibility of grey whales using the ambient soundscape in 
the feeding grounds as an aid in finding suitable prey. Since grey whales feed primarily in 
and around kelp beds in this study area [3 - 6], these algal patches were investigated in 
terms of being an acoustic beacon or shadow in the shallow water soundscape. Due to the 
abundance of biological organisms in and around kelp beds [7, 8], it was hypothesized that 
the beds are an acoustic source. However, the plants are gas-filled, refracting sound, and 
therefore, it is also possible that they produce acoustic shadows. These variations in the 
ambient soundscape could aid grey whales in locating their prey. One such organism that 
is predominantly found in these temperate kelp beds is sea urchin [5,6], which has been 
shown to produce sounds when feeding [9].  24-hour recordings will reveal whether there 
are any diurnal biological patterns in the ambient sound field near kelp beds.  

This paper is a summary of the field work and analysis presented in a doctoral thesis 
(apart from Section 3.4 which is new field work) by JLW [10]. 

2. DATA COLLECTION AND ANALYSIS/METHODS  

All recordings were done with a single hydrophone deployed off a sea kayak in low 
weather states suspended a few metres under the surface. The equipment used was a 
broadband (100 Hz – 30 kHz) omni-directional SQ26-07 hydrophone (-168 dB re 1V/μPa) 
manufactured by Cetacean Research Technology, Seattle. The hydrophone was connected 
to a Zoom H2 digital recorder at the surface, sampling at 96 kHz, 24-bit. A GPS device 
was used to record latitude and longitude (and accuracy in metres), as well as the time at 
which each recording was taken. 

2.1. Surf Signatures 

Ambient noise recordings were taken on the seaward side of the surf zone in three bays 
to examine any differences in sound quality due to variation in the shore composition, 
beach slope, and bay orientation. All three bays varied substantially with respect to these 
parameters. Burnett Bay has a comparatively very shallow-sloping sandy beach with rocky 
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shores at either end, North Bay is strictly comprised of relatively steep rocky shores, and 
Roller Bay has a relatively steep mixed-sediment beach. In order to examine spectral 
differences between the surf signatures, the frequency spectra were created for each wave-
breaking event in the recording from each bay investigated. 

2.2. Kelp Beds as Acoustic Bright Spots and Shadows 

Due to the abundance of marine life in and around kelp beds, it was hypothesized that 
these sites would be a source of noise in the nearshore underwater environment. 
Recordings were made near kelp and in open water in order to compare sound levels and 
spectral characteristics.  

As discussed in the introduction, kelp beds may also create acoustic shadows in the 
soundscape. In order to test this, a white noise signal was emitted from an underwater 
speaker and was recorded on the opposite side of the kelp bed. Transmission loss and 
spectral filtering were investigated in the analysis.  

2.3. Temporal Cycles in Ambient Sound Levels 

A remote bottom-mounted recording device was deployed in the two bays to monitor 
changes in the ambient sound field over a 24-hour cycle, with a duty cycle of 5 minutes 
on, 30 minutes off. Spectrograms were created to visually observe any patterns or cycles 
in the ambient noise spectrum over the 24-hour recording period. In order to specifically 
inspect any presence of a biological noise cycle, the number of biological snaps per 
minute was calculated for each recording, and was plotted against time. 

3. RESULTS 

3.1. Surf 

Recordings of surf noise were used to determine the average centre frequencies of the 
wave-breaking events on each shore type. Nine wave-breaking events occurred during the 
recording in Roller Bay, seven in Burnett Bay and three in North Bay (Figure 1).  

 

 (a) 
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(b)

(c) 
Fig.1: Frequency-power spectra (Hanning window, 512 FFT length) of wave-breaking 

events in three bays with varying substrate: (a) Roller Bay has a mixed-sediment shore, 
(b) Burnett Bay has a fine-grained sandy shore, (c) North Bay has a solid rocky shore. Of 

interest is the much more broadband signal on Roller Bay shore with many peaks (or a 
general increase) across the whole frequency range examined; whereas in Burnett Bay 

and North Bay a more obvious single peak is observed. 
 

The surf on the mixed-sediment shore in Roller Bay (Figure 1a) has the most 
broadband spectral range in comparison to the other two bays, but a lack of low-frequency 
content (< 1.2 kHz) in the surf’s acoustic signature is apparent. There was also no 
discernible centre frequency of the acoustic signature, but rather a general increase across 
all frequencies (1.2 – 20 kHz). On the very shallow sloping fine-grained shore in Burnett 
Bay (Figure 1b) two breaker types were identified: plunging and spilling. Interestingly, 
both breakers had obvious peaks in the frequency spectra and both were at 1.1 kHz. And 
lastly, the surf in North Bay (Figure 1c) had the narrowest bandwidth, and consequently 
the lowest peak frequency (600 Hz). The wave-breaking events on the relatively steep 
rocky shore were of short duration and only extended to approximately 4 kHz, which 
could possibly be explained by the lack of sediment transport and reduction in bubble 
entrainment due to surging breakers 
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3.2. Kelp Beds 

3.2.1.  Acoustic Bright Spots 

A comparison was done to quantitatively determine whether or not kelp beds can be 
described as acoustic beacons in the underwater costal environment. This would be useful 
to foraging grey whales as their primary prey species along the B.C. coast is often 
associated with kelp beds. Average power spectra were created from ambient noise 
recordings taken in open water (nine recordings) and for those taken near kelp (nine 
recordings). Comparison of these two average spectra reveals that the ambient sound level 
near kelp is higher than in open shallow water, with an increase across all frequencies 
above approximately 500 Hz and a maximum of 2.9 dB at 3.1 kHz (Figure 3).  

 
North Bay - Comparison of Open Water and Kelp Bed Ambient Noise Levels
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Fig.3: Average frequency-power spectra (Hanning window, 512 FFT length) of the North 

Bay ambient noise recordings taken near kelp beds (green) and in open shallow water 
(blue); 9 files were used to calculate the average spectrum for each group, and standard 

error of the mean is represented with error bars. There is an increase of at least a decibel 
in the sound level near kelp beds from approximately 500 Hz to above 20 kHz, with a 

maximum of 2.9 dB at 3.1 kHz. 

3.2.2.  Acoustic Shadows 

Average frequency spectra were created for the white noise signal reference level 
(measured 1 m from the source), the average received level in open water, and the average 
level after propagation through kelp (Figure 4). The shaded area pointed out in this plot, 
between the average TL in open water (blue line) and the average TL through kelp (green 
line), is the excess attenuation which corresponds to the reduction in the white noise signal 
level due to the presence of a kelp bed. This plot of the average frequency spectra of the 
received white noise signal through kelp and in open water shows that attenuation 
occurred across the whole frequency range examined by the presence of kelp, but more 
prominently at frequencies 1.1, 2.3, 5.3, and 7.7 kHz. The maximum attenuation of 6.4 dB 
occurs at approximately 5.3 kHz.  
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Fig.4: Frequency-power spectra (Hanning window, 512 FFT length) of received white 

noise signal recorded 1 m from the source (black line), the average received level in open 
water (blue line), and the average received level after propagation through kelp (green 

line). The shaded area shows excess attenuation due to the presence of kelp, which 
appears to occur across the whole frequency range examined, but more prominently at 

frequencies 1.1, 2.3, 5.3, and 7.7 kHz. The greatest attenuation loss observed is 6.4 dB at 
approximately 5.3 kHz. 

3.3. Temporal Cycles 

The files collected on the remote recording device were analyzed with respect to the 
amount of biological activity over time in order to reveal any temporal patterns. The 
results presented here are preliminary but show an interesting relationship between the 
number of biological snaps and time of day (Figure 5). 

 

 
Fig.5: Plot showing number of biological snaps per minute detected in the ambient noise 

recording taken near a kelp bed over a near 12-hr period. 

Excess attenuation due to presence of kelp; 
largest difference is 6.4 dB at 5.3 kHz 
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The origin of the biological noise is suspected to be a combination of organisms, 
particularly sea urchins and fishes. The observed increase in acoustic activity near kelp 
beds during the daytime period may suggest an optimal time for grey whales to forage, as 
this may help localize their prey. 

4. DISCUSSION 

It has not been shown that any mysticete uses active acoustics when navigating, as they 
tend to produce calls with a lower centre frequency, which are generally masked by 
ambient noise [1, 11, 12] and would only be useful for coarse-scale object detection [13]. 
However, due to the abundance and diversity of noise in the underwater coastal 
environment, it would be logical to assume that the whales make use of the ambient 
soundscape. Particularly in the coastal habitat, the ambient sound field has been observed 
to vary between areas [1] due to change in the amount and diversity of marine life, local 
bathymetry, as well as seafloor and shoreline composition. The work presented here 
concurs with this statement and reveals that surf and kelp beds are important acoustical 
features in the coastal soundscape and could be critical to grey whales in terms of 
navigational aids and localizing prey. 
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Abstract: The Comprehensive Nuclear-Test-Ban Treaty Organization (CTBTO) operates 
an International Monitoring System (IMS) including seismic, hydroacoustic and 
infrasound sensors that record signals travelling through the solid earth, ocean and 
atmosphere. Signals may be generated by events including earthquakes, volcanic 
eruptions and explosions. Data from sensors are combined and processed at CTBTO’s 
International Data Centre (IDC) in Vienna to produce bulletins listing the events that 
generated the signals detected. The IMS has been operating for more than a decade and 
large volumes of data have been archived during this time. This archive represents a 
valuable source of information that might be used in research designed to improve the 
data gathering and processing carried out in support of CTBTO’s mission. To focus 
efforts on subsets of data that show the most promising and interesting features, data 
displays have been developed to provide rapid summaries of the large volumes of data 
that are available. Data are presented from hydrophone sensors that make up part of the 
hydroacoustic network of the IMS. Discrete signals in the data – passive transients in 
sonar terminology – are detected by IDC’s automatic processing software and the 
distribution of signals as a function of time and azimuth are discussed. Figures showing 
time-azimuth information are presented and features characteristic of ice-breaking events, 
earthquake and marine mammal noise are described. The same hydrophone data are 
processed to investigate the variation of the total background noise levels – ambient noise 
in sonar terminology. Data from the IMS hydrophone station at Cape Leeuwin, Australia 
are presented, covering an eight-year period. Features characteristic of microseisms, ice-
breaking and marine mammal noise are described. The views expressed are those of the 
authors and do not necessarily reflect the view of CTBTO Preparatory Commission. 

Keywords: Ambient noise, transients, seismology 
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1. INTRODUCTION 

The International Monitoring System (IMS) is a global network of sensors operated by 
the comprehensive nuclear-test-ban treaty organisation (CTBTO). It includes 
hydroacoustic stations designed to detect signals propagating through the ocean [1]. The 
hydroacoustic sub-network of the IMS uses hydrophones deployed in the ocean deep-
sound-channel in a two-kilometre-side, triangular configuration in the horizontal plane. 
This configuration, known as a triad, allows the arrival time and azimuth of signals to be 
determined. This information is used to help determine the location of the source 
responsible for generating those signals. 

Data are recorded on hydrophone triads continuously and transmitted in near real-time 
to CTBTO’s International Data Centre (IDC) in Vienna, Austria. At the IDC, discrete 
signals are identified within the data and associated with seismic, infrasound and other 
hydroacoustic data to produce lists of events that are hypothesised to have generated the 
signals. Initial processing is done by automatic algorithms and the results of these are 
subsequently refined by human analysts [1] to produce a Reviewed Event Bulletin (REB). 
All waveform data are stored at the IDC. The times, azimuths and other properties of all 
detected signals are also stored in database tables. A significant archive has been built up 
during the decade for which the IMS has operated and this represents a valuable resource 
for understanding underwater acoustic noise conditions.  

This paper describes some of the features of the data contained in the IDC hydrophone 
data archive. Section 2 gives a brief description of the hydrophone stations and discusses 
the processing by which raw data are converted to useful measurements of the underwater 
noise field. Section 3 describes features in data showing signal azimuth and time over a 
period of one year at two stations. Section 4 presents ambient noise spectra measured over 
the course of many years at one station and relates features in the spectra to their physical 
cause.  

2. EQUIPMENT AND DATA DESCRIPTION 

Each hydrophone station consists of two major sub-systems: a) the underwater segment 
that incorporates acoustic sensors, undersea electronics and undersea cable that connects 
the facility to shore, and b) the data acquisition and storage segment that consists of shore-
based utilities, data storage, state-of-health monitoring and data communication systems. 
Station names, locations and dates of earliest contribution to the REB are given in Table 1. 
Of the six hydrophone stations, five are located on islands and have a northern and a 
southern triad to provide omni-directional coverage. The only hydrophone station with a 
single triad is at Cape Leeuwin, Australia. 

The general technical requirements of hydrophone stations dictate a passband from 1-
100 Hz with a flat sensor response over this band. For Cape Leeuwin, the sampling 
frequency is 250 Hz with a -3 dB bandpass from 1.2-103 Hz and -4 dB at 1 Hz to ensure 
the minimum operating requirements. The system self-noise is more than 10 dB below 
Urick’s deep ocean low noise curve [2] throughout the passband. The system’s dynamic 
range, defined as the difference between the rms clipping level and system noise, is 120 
dB. For 1 Hz the system sensitivity is better than 42 dB re 1V/μPa while for broadband is 
better than 59 dB re 1V/μPa. Signals undergo 24-bit digitisation before transmission to 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1344 -



 

IDC where calibration information is stored in database tables to allow reconstruction of 
absolute, in-water pressure levels.  

 
Station Name Latitude 

(deg. N) 
Longitude 
(deg. E) 

Sensor 
Depth 
(m) 

Water 
Depth 
(m) 

First REB 
contribution 

Cape Leeuwin, Australia  -34.892 114.153 1055 1558 Apr 2002 
Juan Fernandez Island, Chile (N)  -33.441 -78.911 754 1825 Jul 2003 
Juan Fernandez Island, Chile (S)  -33.843 -78.905 752 1928 Jul 2003 
Crozet Islands, France (N) -46.160  51.779 280 1480 Oct 2003 
Crozet Islands, France (S) -46.840  51.913 348 1175 Oct 2003 
Diego Garcia, UK (N)  -6.342  71.014 1224 2341 Oct 2001 
Diego Garcia, UK (S)  -7.645  72.474 1861 1861 Oct 2001 
Ascension, USA (N) -7.845 -14.480 847 2005 Mar 2005 
Ascension, USA (S) -8.941 -14.648 860 1733 Mar 2005 
Wake Island USA (N)  19.713 166.891 1426 1426 Dec 2007 
Wake Island USA (S)  18.508 166.702 1174 1174 Dec 2007 

 
Table 1: Hydrophone station locations, sensor depths, water depths and dates of earliest 
contribution to Reviewed Event Bulletin. Depths are averaged over three hydrophones 

locations 

Upon reception at the IDC, data are first processed by algorithms that identify discrete 
signals [1]. Two sliding windows of lengths 150 and 10 seconds are convolved with the 
data and the ratio of their mean-square sums is taken as a measure of signal-to-noise-ratio 
(SNR) at the location of the smaller window. Times with SNR greater than 1.2 are 
identified as having a signal present. Signal properties such as energy distribution among 
frequency bands, duration and cepstral features are then calculated to aid signal 
characterization. Signals recorded at the three hydrophones of a triad are correlated to 
determine the inter-hydrophone lags. If the sum of these lags over all hydrophone pairs is 
less than a threshold value, the three signals are assumed to be measurements of the same 
acoustic wave passing over the three hydrophones. Lag values are then combined with 
hydrophone position data to determine the arrival azimuth of the signal. Signal arrival 
times, azimuths and characterisation information are then stored in database tables and 
used in subsequent routines that associate them with other signals to produce lists of 
events that are hypothesised to have caused the observed signals. 

The processing described in the preceding paragraph is designed to help identify events 
that might be relevant to the monitoring of a global nuclear-test-ban treaty. In addition to 
this standard processing, waveform data is routinely processed at IDC to produce 
background noise spectra for every sensor in the IMS. In the case of hydrophones, these 
spectra give the noise in dB re 1 Pa in a 1-Hz band over the entire bandwidth of the 
sensor. No signal-identification algorithms are used in this processing and the entire 
waveform is treated as “noise”. The spectra resulting from this processing are analysed to 
identify problems such as calibration-drift or signal “spiking”. 

IMS hydrophone data include signals from earthquakes, submarine volcanic eruptions, 
ocean-swell-induced noise, marine mammal noise, ice-breaking noise and signals from 
human sources such as seismic surveys and underwater explosions. Some of these data 
features are described in the following sections. 
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3. TIME-AZIMUTH DISTRIBUTION OF SIGNALS 

Signal arrival times and azimuths recorded at a hydrophone station and stored in 
database tables can be used to provide an “acoustic picture” of noise conditions. Signals 
can be sorted into a 2D histogram of the number of signals versus time and azimuth and an 
example of such a dataset is shown in Fig. 1.  

 

 

Fig.1: Number of signals detected at Cape Leeuwin station as a function of time and 
azimuth. Bin size is one day by five degrees. Data cover year beginning October 2009. 

Fig. 1 shows a shaded image of a 2D histogram of the number of signals detected 
within one-day-by-five-degree bins at the Cape Leeuwin station in Australia. The colour 
bar at the bottom of the image gives the relation between the number of signals and the 
shading. The map on the right shows a “Cape Leeuwin’s eye view” of the world, i.e. land 
masses are plotted as a function of range and azimuth as measured from the Cape Leeuwin 
station. The azimuth scale of the map in Fig. 1 matches the azimuth scale of the shaded 
image so that signal sources can be identified. For example, the broad grey band between 
150 degrees and 200 degrees covers the directions in which Antarctica is “seen” from 
Cape Leeuwin [3]. The concentration of signals with azimuths in this range is caused by 
the detection of ice-breaking noise. The strong, white line in Fig. 1 (marked with an 
arrow) that runs between December and February records the path of a single, large 
iceberg that drifted north and whose break-up resulted in the emission of a large number 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1346 -



 

of impulsive signals. What appear to be dashed white lines in 150-200-degree azimuth 
band are paths traced by other icebergs as they calved from Antarctica then broke up. A 
second arrow in Fig. 1 indicates a bright dot at around 330 degrees in April 2010. This 
azimuth value shows a thin, grey line, indicating that this direction from Cape Leeuwin 
points to a region from which signals are frequently received. The white dot corresponds 
to a large number of signals originating from aftershocks that followed a magnitude 7.8 
earthquake that occurred off Sumatra on April 7, 2010. The region around Sumatra is very 
seismically active and this is the reason for the presence of the grey line around 330 
degrees.  

 

Fig.2: Number of signals detected at Diego Garcia (S) station as a function of time and 
azimuth. Bin size is one day by five degrees. Data cover year beginning October 2009. 

Fig. 2 shows data in the same form as Fig. 1 but for signals recorded at the southern 
triad of the Diego Garcia hydrophone station. Note that the map on the right side of the 
figure is different from Fig. 1 because land masses are displayed as a function of azimuth 
and range measured from Diego Garcia. The diagonal white arrow in the figure indicates 
signals arriving at the station from the Sumatra earthquake highlighted in Fig. 1 and the 
ongoing aftershock activity can be seen in the lighter grey-shading to the right of the white 
dot. This “comet” pattern of a bright white dot with a grey trail to its right is typical of 
aftershock activity and a similar feature is seen in Fig. 2 at around 50 degrees in June and 
July 2010. The vertical white arrow in Fig.2 points to a short time period in which an 
unusually large number of signals were received at the station from a wide range of 
azimuths. Inspection of signals recorded on this day shows many examples of blue whale 
noise [4]. Marine mammals are typically detected on IMS hydrophones only when they 
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are close to the sensor. As individuals or groups of animals pass by a triad, their signals 
are recorded over a wide range of azimuths and the vertical white line in Fig. 2 is 
indicative of the presence of marine mammals near the station. Similar features are shown 
in Fig. 2 in late June and September.  

4. AMBIENT NOISE SPECTRA 

Figs. 1 and 2 show how the properties of the discrete signals detected at hydrophone 
stations can be used provide a description of sound conditions. In sonar terminology, such 
signals are “passive transients”. An alternative approach to processing data treats it as 
“ambient noise” and data may be processed as a continuous waveform and used to 
produce spectra of noise versus frequency. If many such spectra are calculated for the 
same station over a period of time then an alternative picture of noise conditions can be 
obtained. 

 

Fig.3: Ambient noise spectra for Cape Leeuwin station stacked over the entire period 
of operation of the station. Data are plotted both as a surface and a shaded image. White 

contours on the shaded image are used to pick out seasonal features. 

Fig. 3 shows ambient noise spectra calculated on the basis of monthly averages. Spectra 
are displayed from the start of the station’s operational life. Colour shading is related to 
noise level and the shaded image shows the same data as the 2D surface. Noise values are 
given in absolute levels and were observed to be similar to deep-water values from the 
literature [2]. Fig. 3 shows that all spectra had a local maximum at around 0.2 Hz and that 
the height of this maximum varied regularly with time; largest peaks always being 
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associated with the Austral winter period. This is the microseism peak [5] caused by non-
linear interactions between waves on the ocean surface. The microseism peak is detected 
on seismometers all over the world but the data in Fig. 3 are unusual in that the noise is 
measured in-water, rather than after propagation through the Earth’s crust. The seasonal 
peaks in microseism activity are a consequence of increased storm activity in the Austral 
winter conditions local to Cape Leeuwin. For frequencies greater than 3 Hz, the surface in 
Fig. 3 shows ridges that are present in the Austral summer but absent in the winter. These 
ridges are present at frequencies as high as 20 Hz where they merge with local maxima 
(“hills”) that are present for most of the first half of each year. The combined “ridge and 
hill” feature each year is highlighted by white contours in the shaded image in Fig. 3 and a 
characteristic L-shape is shown. The bases of the L-shapes are peaks in the spectra caused 
by fin-whale noise. These noises are common in the southern oceans and signal 
spectrograms frequently show discrete signals from nearby whales and a band of increased 
noise caused by many distant whales. The ridges in the surface in Fig. 3 are caused by ice-
breaking noise that occurs only during the summer months when the sea ice has melted 
from most of the Antarctic coast. 

 

Fig.4: Ambient noise correlation for Cape Leeuwin for two days, one – 15th of 
February 2009 – when the ridge feature was present and – 15th August 2009 – when it was 

not. Directions of correlated noise indicate the source of the noise responsible for the 
ridge feature 

Fig. 4 demonstrates that the noise responsible for the formation of the ridges in Fig. 3 
arrived from azimuths pointing towards Antarctica; strongly suggesting an ice-related 
source. The data in Fig. 4 were produced by dividing the noise on the subject days into 
one-minute segments and correlating segments across the three hydrophones in the triad. 
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Correlation was done in a similar way to that used to identify the azimuths of discrete 
signals but, in this case, entire segments were correlated, independently of the presence of 
any discrete signal. In cases where noise arrived at the triad from a dominant direction, 
correlation lags between all three hydrophone pairs summed to zero and an arrival azimuth 
could be inferred. The bars in Fig. 4 show histograms of the number of minutes for which 
noise-correlation led to the deduction of an azimuth. The data for February show 
significantly more noise arriving from azimuths pointing to Antarctica than were observed 
in August.  

SUMMARY 

Data gathered on IMS hydrophone sensors allow underwater acoustic noise conditions 
to be characterised in deep-water environments. Continuous acquisition makes the data 
particularly suitable for studies associated with long-term monitoring of underwater 
ambient noise.  

Analysis of arrival times and azimuths of discrete signals allows periods rich in 
particular types of signal to be identified straightforwardly. Regions of high seismicity and 
ice-breaking activity show up as azimuths from which signals are consistently received. 
The passage of marine mammals close to a station results in the detection of signals over a 
wide range of azimuths within a short period. This form of “quick look” analysis allows 
rapid identification of these events and helps target more detailed data analysis efforts.  

Analysis of ambient noise spectra derived from IMS hydrophone data allow absolute 
noise levels to be calculated and monitored over extended periods. Patterns in time-
stacked spectra allow identification of periods of high microseismic, ice-breaking and 
marine-mammal noise.  

 
 

REFERENCES 

[1] deGroot-Hedlin, C., and  Orcutt, J. (Eds), “Monitoring the Comprehensive Nuclear-
Test-Ban Treaty: Hydroacoustics,”, Pure and Applied Geophysics, 158(3), pp. 421-
626, 2001. 

[2] Urick, R. J., Principles of Underwater Sound; 3rd edition. McGraw-Hill, 1983, 
Chapter 7.  

[3] Gavrilov A. and Li, B., “Correlation between ocean noise and changes in the 
environmental conditions in Antarctica”, In 3rd International Conference and 
Exhibition on “Underwater Acoustic Measurements”: Technologies and Results, 
Napflion, Greece, Papadakis, J.S. and Bjønø, L.  pp 1199. 2009. 

[4] Samaran F., Adam O., Guinet C., “Detection range modeling of blue whale calls in 
Southwestern Indian Ocean”. Applied Acoustics, 71, pp. 1099-1106. 2010 

[5] Longuet-Higgins, M. S., “A theory of the origin of microseisms”. Phil. Trans. R. Soc. 
Lond. A., 243, pp. 1-35. 1950 

  

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1350 -



 

  LOW-FREQUENCY BROADBAND NOISE CORRELATION 
PROCESSING IN DEEP-WATER  

W. A. Kupermana,  S. Frieda, S. C. Walkera, H. Schmidtb 

aUniversity of California, San Diego, Scripps Inst. of Oceanography, La Jolla, CA, 92093-
0238, USA 
bMassachussetts Institute of Technology, Cambridge, MA, 02139, USA. 
 
Contact author: W. A. Kuperman, University of California, San Diego, Scripps Inst. of 
Oceanography, La Jolla, CA, 92093-0238, wkuperman@ucsd.edu 
 
Abstract: Correlation processing of ocean ambient noise has been shown to reveal ocean 
environmental information. While theory confirms the efficacy of this procedure, 
experimental confirmation has been limited to either shallow water scenarios or the 
shipping noise regime. The basic issue of the potential utility of this procedure is the time 
needed to build up the relevant cross-correlation peaks that are diagnostic of the ocean 
environment. This time is a function of frequency/bandwidth, the ocean environment and 
noise structure/distribution, sensor separation and, if employed, the array configuration. 
We use existing shallow and deep-water data and theory, appropriately scaled, to estimate 
the sensing configurations necessary to realistically utilize noise correlation processing in 
the below 10 Hz, basin-scale regime. Arrays in the southern hemisphere that monitor loud, 
discrete Antarctic noise events may provide extremely valuable data for this processing. 

Keywords: Noise, Deep-water, Correlation-processing, Antarctic, CTBTO 
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INTRODUCTION  

  Acoustic tomography for measuring temperature change in the ocean depends on the  
information extracted from long-range deep water acoustic signals generated from active 
sources [1,2]. For example, time or arrival structure may be accumulated over many years 
to extract information on temperature changes on anywhere from mesoscale time-scales to 
annual and longer times scales, the latter being indicative of global trends. In this paper, 
we explore some aspects of passively extracting similar information at the longer time-
scales. Passive means the utilization of existing noise sources and the key factors in 
utilizing these sources is their pervasive availability over the time-scales of interest and 
the available receiver apertures. Opportunistic sources can be classified as 1) stochastic: 
sea surface noise, diffuse distributions of shipping, diffuse seismic noise, etc. or 2) 
deterministic: specific man-made sounds, specific earthquakes, other specific geophysical 
events, etc. Diffuse man-made and natural ocean noise is described by the well-known 
Wenz curves as per Fig. 1. Utilization of man-made shipping noise (~50-100 Hz) in deep 
water using correlation processing has already been demonstrated [4,5], though only over 
short ranges (~5 km). One can argue, as indicated in the next section, that longer ranges in 
this frequency band becomes problematic. Longer ranges, though, have been 
accomplished by using ocean microseisms ( ~.25 Hz) as the source and land-based seismic 
stations [6,7]; however, the low frequency receptions in the microseism band do not 
significantly reveal ocean environmental information.  We are then left with either diffuse 
seismic events such as T-phase noise in the ~1-10Hz band [8] or geophysical events. such 
as specific activity at the edge of the Antarctic continent [9,10] in approximately the same 
frequency band. 

 
Fig.1: Wenz Curves summarizing sources and levels of ocean noise [3]. 
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In this note we discuss the possibility of using either diffuse T-phase noise or specific 

Antarctic sources for extracting information of average temperature change in the ocean.  
For the former we use scaling arguments from noise measurements made in shallow water 
and for the latter, we use previous measurements of Antarctic ice generated tremors. 

 

ON THE POTENTIAL UTILIZATION OF DIFFUSE LOW-FREQUENCY 
NOISE FOR LONG-RANGE ENVIRONMENTAL MEASUREMENTS 

 
For a simple estimation of the utility of diffuse low-frequency noise such as T-Phase 
noise,  we can model it as a diffuse distribution of sources with a center frequency of ~6 
Hz and an approximate 10 Hz bandwidth. Over a year time scale, for example, CTBTO 
hydroacoustic stations have collected data consistent with the levels of the Wenz curves in 
this band.(see Fig. 2). 

 
Fig. 2. Noise levels averaged over a year at CTBTO hydroacoustic stations. HO1W, 
HO8N/S are the Cape Leeuwin and Diego Garcia stations. [Taken from M.W. Lawrence, 
Acoustic Monitoring of the Global Ocean for the CTBT, Acoustics 2004, Gold Coast 
Australia]. 
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Except for the fact that the sources are in the bottom, much of the analysis is similar to the 
surface generated diffuse noise theory [11] combined with correlation noise processing 
methods [12,13,14]. First we note that the SNR of the arrival peaks from the noise 
correlation method involves the inline sensor coherent receptions as the “signal” and the 
total noise field as the “noise.”  The correlation processing will produce a peak with SNR 
defined as the ratio of the strength of the correlation at the relevant time peak to the 
standard deviation of the correlation signal. This same idea for correlating beam outputs 
provides array gain to the processing akin to “split beam processing.” 
 
The issue with noise correlation processing is the length of time necessary to accumulate 
information with the sufficient accuracy. Results from one of our recent higher-frequency  
experiments [15 ] can be scaled to indicate the expected performance of this method for 
long-range deep water environments. Thus the scaling indicates that with a bandwidth 
reduction factor of .01, one would require 30000 seconds accumulation time to produce an 
SNR of about 15 dB for two 10-element arrays separated by 50 km. For 5000 km, an 
additional 20 dB is needed or in other words, about 8 hrs processing would give only 
about -5 dB SNR. Adding 10 dB to give an SNR of 5 dB would require of order of one 
month accumulation time which is still marginal. A year would bring the SNR to about 10 
dB, which is a reasonable number.  Now, the bandwidth gives us about 100 ms resolution 
and we are looking for changes of about .1 deg/year which corresponds to c~.3 m/sec.  
Over a 5000 km range, this corresponds to ~600 ms. Therefore, it is within the realm of 
possibility that two 10 -element arrays separated by order 5000 km could reveal a yearly 
trend of as little as .05 deg C. On the other hand, two  3-element  triad arrays as we might 
have with  the CTBTO facilities would have an SNR of order 3 dB (over a years time), a 
number probably too low for passive tomography of diffuse sources. However, any noise 
directionality favoring the southern Antarctic sources has not been factored into the above 
estimates-- and Fig. 2 is certainly suggestive that this noise directionality is likely. Greater 
than 3-5 dB anisotropy may make CTBTO arrays viable for noise monitoring  of long 
scale temperature changes in the ocean. While it is still only a hyporthesis that the use of 
the CTBTO arrays will yield useable results for temperature monitoring, the very fact that 
they can collect data over long time periods make it imperative that the data be examined 
vis a vis this potential application. 
 
3. CORRELATING DISCRETE EVENTS OVER LONG RANGES    
    
An alternative and possibly more viable method or passive acoustic thermometry is using 
discrete Antarctic events as reported by [9,10,16],  Such discrete loud events remain quite 
detectable at long ranges as indicated by observations  and model calculation such as that 
in Fig. 3 in which a source was places at the 300 m channel depth (virtually at surface for 
this low frequency case). For the lowest frequencies, the source is “dipole-like” and one 
sees more of a final second mode arrival structure as opposed to the first mode crescendo 
typical of higher frequency deep channel propagation. The proposed processing on 
CTBTO arrays involved cross correlations of events (see [10 ] for a discussion of event 
localization/identification) combined with a dispersion search/matching optimization in 
order to determine range-averaged sound-speed changes over long times. Because of the 
high levels of the noise events, this method is not subject to the long accumulation times 
required for the diffuse correlation noise processing. 

4. CONCLUSION 
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Correlation processing of data received on CTBTO type arrays and analyzed over 
multiyear intervals may provide range-averaged information of temperature changes in the 
ocean. The methods suggested in the paper have already been applied to either shorter 
ranges at higher frequencies of long ranges in seismology. The low frequency range 
suggested in this note eliminates much of the degradation due the internal waves and 
provides some averaging over larger mesoscale oceanography. Further, by locating the 
sensors north of the Antarctic Circumpolar Current which is basically an acoustic 
scrambler [17] , the correlation processing and subsequent analysis will be greatly 
simplified.  In conclusion, the CTBTO arrays are potentially an important tool in 
monitoring the average ocean temperature over long time periods. 
 

 
Fig. 3. Pulse arrival structure for 5000 km propagation using the Parabolic Equation 
model. The Munk profile channel-depth at the source was 300 m and 1300 m at the 
receive array. 
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 GLOBAL ACOUSTIC PROPAGATION MODELING 

Kevin D. Heaney, Richard L. Campbell 
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Abstract: In 1960, a set of explosives was detonated off the coast of Perth Australia and 
multi-pulse receptions were recorded from moored hydrophones off of Bermuda.  The 
Perth-Bermuda experiment demonstrated the capability of trans-oceanic acoustic 
propagation.  The two-pulse arrival, separated by approximately 25 seconds, was 
explained by Heaney, et. al. (JASA, 1991) in terms of two disparate paths – a northern 
path refracting off islands in the southern Indian Ocean and the other refracting off the 
shelf-break on the coast of Brazil.  This explanation was derived using climatology (from 
gridded paper atlases) for sound speed, and a simple model of vertical normal modes and 
horizontal rays.  Single rays were shot until global eigenrays were found for each mode.  
Modern environmental models and acoustic codes permit a significantly higher precision 
acoustic computation.  In this paper three acoustic models will be applied to the 
experiment.  A full vertical mode- horizontal ray computation will be used to compute the 
calibrated impulse response of the broadband 3D propagation.  A global PE model, based 
upon the RAM Parabolic Equation Kernel, will be applied to the problem – neglecting 
horizontal refraction.  The third model will be a vertical mode – horizontal global PE, 
which will provide the refracted broadband impulse response, which can be quantitatively 
compared with the measurements. 
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 MULTI-YEAR OBSERVATION OF PYGMY BLUE WHALES FROM 
THE CAPE LEEUWIN CTBT HYDROACOUSTIC STATION 

Alexander Gavrilov 
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Abstract: An algorithm for automatic detection of vocalizations by pygmy blue whales was 
developed and used to monitor the passage of whales off the southwest coast of Australia 
over a period of six years, from 2002 to 2007, using the Cape Leeuwin CTBT 
hydroacoustic station. A total of nearly thirty three thousand calls were detected over six 
years. Seasonal and interannual changes in the whale presence in this area were 
analysed. It was found that the number of detected whales was steadily growing in 2002-
2006 and then dropped significantly in 2007. Another important finding of this 
observation was that the fundamental frequencies of whale calls were gradually 
decreasing during these years. The source level of whale vocalisation was accurately 
measured by locating nearby animals via triangulation from the hydrophone triad of the 
station. Based on the source level and results of numerical modelling of acoustic 
propagation in the ocean around the station, the whale detection area was estimated to be 
about 150 km in diameter. 
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Abstract: End of May 2010, signals resulting from the eruption of the South Sarigan 
submarine volcano were recorded at instruments belonging to the International 
Monitoring System (IMS). The IMS is used as a verification system for the Comprehensive 
Nuclear-Test-Ban Treaty. The South Sarigan volcano is located on the Marianas Arc 
(16.6N, 145.8E) in the Pacific Ocean. The sensors recording these signals consisted of 
seismic stations, hydro-acoustic stations and airborne infrasound stations. Signals have 
been detected for days after propagating over ranges of thousands of kilometres. 
In this contribution, the signals resulting from the South Sarigan eruption and recorded at 
the hydro-acoustic stations are analyzed. Range-dependent normal-mode modelling is 
employed to reveal the propagation characteristics. Use is made of historic databases to 
assess the conditions within the water column and its influence on the acoustic 
propagation. The event considered in this contribution was generated within the water 
column. Insights obtained through these types of studies will be employed for combining 
the measurements taken at the different sensors, where, for example, knowledge about the 
transfer of sound from within the water column to the atmosphere and sea-bottom is 
essential. In addition, knowledge on the source and the propagation characteristics can be 
used in an inverse manner to retrieve medium specific characteristics. The deployment of 
the IMS enables such studies on a regional and global scale. 

Keywords: Normal mode modelling, Long range acoustic propagation, Comprehensive 
Nuclear Test Ban Treaty Organization 
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1. INTRODUCTION  

Within the framework of the Comprehensive Nuclear Test Ban Treaty Organization 
(CTBTO) a worldwide sensor network has been established. The network’s aim is to 
detect and localize nuclear tests. Global coverage is obtained by combining a range of 
sensor types, being infrasound, seismological, radionuclide, and hydro-acoustic 
measurement facilities. 

Although the IMS is originally set up for detecting and localizing nuclear explosions, 
the IMS potential for scientific applications is large. Integration of data recorded at the 
infrasound, seismological, and hydro-acoustic sensors, for example, is of interest for 
obtaining improved insight in the propagation characteristics in different media (air, water 
and solids) and for identifying and characterizing sources close to the interfaces between 
the solid earth, ocean and atmosphere. 

Only few events have resulted in related seismic, infrasound, and hydro-acoustic 
arrivals. One of these is the South Sarigan submarine (16.6N, 145.8E) volcanic eruption in 
the northwest Pacific that occurred in May 2010. The volcanic activity lasted for 
approximately 2.5 days and was recorded at the hydro-acoustic receivers of the H11 
station (Wake Island) which is located at a distance of over 2200 km from the submarine 
volcano. Signals corresponding to the eruption have also been received at seismic and 
infrasound stations. Analysis of the signals received at these three sensor types can assist 
in monitoring volcanic activity and understanding volcanic processes in remote and poorly 
monitored submarine environments. 

In this contribution we focus on the analysis of the signals received at the H11 hydro-
acoustic station. Normal-mode modelling is employed to obtain insight in the underwater 
propagation characteristics. Section 2 provides a description of the data considered. 
Section 3 describes the modelling approach taken; the modelling results are presented and 
an attempt is made for interpretation. This contribution ends with a summary and 
conclusions in Section 4.  

2. DESCRIPTION OF THE HYDRO-ACOUSTIC DATA 

The Wake Island hydro-acoustic station consists of 2 receiving stations, each 
containing three hydrophones. One receiving station is placed North of Wake Island and 
one is placed at the South end of the island. 

Table 1 indicates the hydrophone locations of the two stations. 
 

Hydrophone Latitude (deg) Longitude (deg) 
1 19.71 166.89 
2 19.73 166.90 
3 19.72 166.91 
4 18.51 166.70 
5 18.49 166.71 
6 18.49 166.69 

Table 1: Wake Island station hydrophone locations. 
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Fig. 1 shows the bathymetry in the area, with the locations of the volcano and the two 
receiving stations indicated. 

 

 
Fig.1: The bathymetry in the area between the source (cyan square) and the two 

receiving stations (yellow squares) ([1]). In the inset a more detailed bathymetry around 
the volcano region is shown ([2]). 

 
Signals corresponding to the South Sarigan eruption and received at the Wake Island 

stations have been visible for almost 2.5 days. In this contribution we consider data 
acquired on the morning of May 29, during which the volcano showed high activity. Fig. 2 
shows an example of the signals received at the two stations over a 15-minutes time 
period. These signals are typical for the entire 4 hours of data considered, and consist of an 
almost continuous tone around 10 Hz and frequently occurring impulsive signals. 

From the 4 hours of data a series of snapshots, each containing an impulsive-like 
signal, has been selected based on visual inspection. For each of these selected signals, 
arrival time differences within a receiving station have been determined, i.e., the two 
receiving stations are considered separately. Fig. 3 shows an example of the selected 
signals. The upper plots shows signals recorded at the Northern hydro-acoustics station, 
whereas the lower plot shows the corresponding signals recorded at the Southern station. 
The signals were aligned for each of the stations separately. Especially for the Northern 
array, the arrivals at the three different hydrophones show very high similarity. Also, 
signal amplitudes on the Northern array are higher than those on the Southern array. This 
behaviour is typical for almost all selected snapshots. 

Based on these arrival time differences, a least squares approach was applied to 
estimate the angle of the incoming sound, together with the sound speed for all snapshots. 
For the Northern station a sound speed of 1488 ± 3 m/s is found. This is close to the sound 
speed of 1485 m/s as obtained from historical profiles for May at the receiver depths, see  
Fig. 4. The estimate for the angle of the incoming sound is 6.3 ± 0.1 º, which is close to 
the 5.5º, as expected from the geographic locations of the volcano and the receiver station. 
The estimates for both the sound speed and the angle at the Southern array are highly 
scattered. Inspection of the signals indicates that this variation is mainly due to the 
contribution of signals from a single hydrophone, and that the variation can be strongly 
reduced by considering signals received at two of the three hydrophones only, thereby 
discarding hydrophone 6 of Table 1. The angle estimate based on the signals arriving at 
hydrophones 4 and 5 is 3.0 ± 0.1 º, which is close to 2.2 º corresponding to the geographic 
locations of the source and receiver. The sound speed was taken to be 1484 m/s (Fig. 4). 
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Fig.2: Example of received signals corresponding to eruptions of the South Sarigan 

volcano. The plots at the left show the signals belonging to the Northern station. The plots 
at the right those corresponding to the Southern station. The upper plots show the signals 
in the time domain. Different colours indicate the signals at the three individual 
hydrophones. The lower plots indicate the signals’ spectrograms. 

 

 
Fig.3: Example of a snapshot. The upper plot shows the signals as received at the 

Northern station after they have been aligned. The three colours indicate the signals at the 
three different hydrophones. The lower plot shows the signals as received at the Southern 
station after alignment. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1364 -



 

 
Fig.4: May sound speed profile (ssp) at the receiving stations ([3]). The dashed line 

indicates the ssp at the Northern station, the solid line indicates the ssp at the Southern 
station. Circles indicate the Southern station receiver depths and corresponding sound 
speeds. The stars indicate the Northern station receiver depths and corresponding sound 
speeds. 

3. MODELLING THE SOUND PROPAGATION 

For modelling the sound propagation use was made of a normal mode model. To 
account for the range-dependency (in both the water depths and the sound speed profiles) 
use was made of the ‘adiabatic approximation’, where the environment between source 
and receiver is divided into a number of segments differencing in water depth and sound 
speed profile. Within each of these segments the environment is assumed range-
independent. For each of the segments the eigenvalues and eigenvectors are determined. 
The assumption made in the adiabatic approximation is that from one range segment to 
another, the modes couple without any transfer of energy to higher or lower order modes. 
This means that there is no energy transfer in between modes of different orders, i.e., for a 
situation with L modes, mode n does not couple with modes n+1, n+2,…, L, and with 
modes n-1, n-2, .., 1. Consequently, modes will disappear when going to smaller water 
depths. Similarly, when going to larger water depths, the new modes have no 
neighbouring modes to couple with, and are discarded. 

The derivation of the expressions for the adiabatic approximation is given in ([4]). The 
resulting expression for the complex pressure field is: 
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with Lmin the minimum amount of modes encountered over all segments up to range r. 
(zs) is the density at the source depth zs and the Ψn are the eigenfunctions or modes. Use 
is made of the averaged (over range) horizontal wavenumber kn and the averaged modal 
attenuation coefficient n. Note that employing the adiabatic approximation requires 
solving for the eigenvalues of the modal equation in all segments. The eigenfunctions are 
needed only for the segments that contain the source and the receiver. 

Figs. 5A and 5B show the bathymetry along the tracks between the volcano and 
receiver 1 and between the volcano and receiver 4, respectively. The bathymetry profiles 
were obtained by combining the ETOPO1 Global Relief Model ([1]) and more detailed 
bathymetric measurements in the area around the volcano ([2]). The bathymetry between 
the volcano and receivers 2 and 3 is comparable to that shown in Fig. 5A, whereas Fig. 5B 
shows the bathymetry that is comparable to the bathymetry between the volcano and 
receivers 5 and 6. It can be seen that the bathymetry along all the tracks is strongly range-
dependent. Especially along the tracks between the volcano and the Southern receiving 
station, bathymetric features occur that result in an almost complete blockage of the 
waveguide. 

Also shown are the sound speed profiles along the tracks. The profiles were extracted 
for the month May. The profiles are seen to virtually coincide, indicating very small 
variations in the sound speeds in the direction along the tracks. 

 

 
 
Fig.5: A) Bathymetry and sound speed profiles along the track between the Sarigan 

volcano and receiver 1 (Northern station, Table 1). B) Bathymetry and sound speed 
profiles along the track between the Sarigan volcano and receiver 4 (Southern station, 
Table 1). 

 
The normal mode model was employed for a first assessment of the acoustic 

propagation characteristics along the two different tracks shown in Figs. 5A and 5B. Since 
much of the energy of the impulsive signals is centered around 20 Hz, this frequency was 
selected for the calculations. The source depth was chosen as 350 m, corresponding to the 
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depth of the South Sarigan volcano as determined from the bathymetric maps. The exact 
depth at which the sound is generated is subject to further research. More than 6000 
segments have been selected along the acoustic tracks to account for the range-
dependency in the bathymetry. Fig. 6 presents an overview of the resulting propagation 
losses for the tracks to receivers 1 and 4, respectively. 

From the lower plot, the strong effects on the acoustic propagation of the bathymetric 
features, extending to within the sound propagation channel, are visible. The propagation 
of the sound is almost blocked, resulting in high propagation losses from ~ 750 km away 
from the source. These high acoustic losses along this track are also visible in the 
measurements where the signals received at the Southern station have much lower 
amplitudes than the Northern station arrivals, see Fig. 3, assuming both stations to be 
calibrated. 

 

 
 

 
Fig.6: The upper plot shows propagation losses along the track from the South Sarigan 

volcano position towards receiver 1. In the lower plot the propagation loss along the track 
from the volcano position towards receiver 4 is shown. 

4. SUMMARY AND CONCLUSIONS 

The work presented in this contribution represents a first step in an attempt to combine 
signals from events that result in arrivals at different sensor types of the CTBTO receiving 
network. In this context, signals resulting from the South Sarigan volcano eruption (May 
2010) are of high interest, since these were recorded on three station types, i.e., infra-
sound, seismic, and hydro-acoustic stations. In this contribution we focus on signals 
resulting from the South Sarigan volcano eruption that have been recorded at the H11 
hydro-acoustics station (Wake Island). 

The Wake Island station consists of two receiving stations, each containing three 
hydrophones. One receiving station is placed North of Wake Island and one is placed at 
the South end of the island. Clear arrivals resulting from the volcano eruption are visible 
on both the Northern and the Southern receiving stations. The signal arrivals at Northern 
station are stronger than those observed on the Southern station. In addition, the signals 
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received at the hydrophones of the Northern station show high correlation. For the 
Southern receiving station, arrivals show much more variation between signals as received 
at the individual hydrophones. 

Range-dependent normal mode modelling shows that the lower signal quality at the 
Southern receiving station is due to bathymetric features that extend to within the sound 
channel along the tracks, resulting in high propagation losses. Future work will consider 
broadband normal mode modelling for a more detailed modelling of the signal arrivals. 
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Abstract: Underwater acoustic positioning systems, which are generally categorized into 
three broad groups (long baseline system, short baseline system, and ultra-short baseline 
system), have been extensively used in a wide variety of underwater work, including oil and 
gas exploration, ocean sciences, and military activities. The working principles and 
positioning accuracies of these three groups are reviewed. A novel underwater acoustic 
positioning concept is proposed, which takes advantage of a tether cable between a reference 
platform and a moving target. The target’s position is monitored in real-time via a 
continuous measurement of the phase difference between a reference signal and an acoustic 
signal transmitted by the target to the reference platform. Positioning error is determined by 
the phase estimation error, which is affected by environmental factors, including ocean 
currents and acoustic ray refraction. These errors can be overcome by reciprocal 
transmission and proper layout of the observatory sites based on the topographic features of 
the sea floor. The proposed positioning approach has prominent advantages in long-term 
monitoring of submerged tectonic plate movement, important in the verification of theoretical 
models in ocean seismology and in the prediction of earthquakes and associated tsunamis. In 
this paper, the system structure is addressed and the results of some limited laboratory 
experiments are presented in support of theoretical simulations. This method can also find 
application in underwater remotely operated vehicle (ROV) localization and continuous 
ocean current observation.  

Keywords: Underwater Positioning, Plate Tectonics, Phase Measurement. 
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1. INTRODUCTION  

On 11 March 2011, a 9.0-magnitude undersea earthquake occurred off the coast of eastern 
Japan. This earthquake and the subsequent tsunami caused extensive loss of lives and 
property and will have long-term consequences for countries along the Pacific Ocean coast. 
This disaster brought renewed attention to the cause of earthquakes and their prediction. 
Essentially, most earthquakes are the result of plate tectonic movement. 

 
Our Earth consists of several distinct geological layers. The outermost layer is the crust, 

which comprises the continents and ocean basins. The crust layer, with a portion of the 
mantle layer beneath it, is broken up into seven major and many minor tectonic plates. The 
seven major plates are the Pacific Plate, the North American Plate, the Nazca Plate, the South 
American Plate, the African Plate, the Eurasian Plate, and the Indo-Australian Plate. Tectonic 
plates are rigid, but in constant motion because they float atop the planet’s liquid interior. 
Their movement results in three types of plate boundaries: convergent boundaries, divergent 
boundaries, and transform boundaries. Crustal movements, such as earthquakes, volcanic 
activity, mountain-building, and oceanic trench formation, primarily occur along plate 
boundaries. The earthquake that struck Japan recently was caused by the interactions among 
three tectonic plates, the Pacific Plate, the Eurasian Plate, and the Philippine Sea Plate. It is 
essential to monitor tectonic plate motions in the long term to make reliable and timely 
forecasts of natural hazards. Measurement of plate tectonic movement is of particular concern 
in the northeast Pacific off the coasts of British Columbia, Washington, and Oregon, due to 
the presence of the Juan de Fuca tectonic plate. This plate is one of the smallest of Earth’s 
several dozen plates, bounded by the coast of Oregon, Washington, and British Columbia to 
the east and the gigantic Pacific tectonic plate a few hundred kilometres to the west (as shown 
in Fig. 1). 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1: Juan de Fuca Plate[1] 
 

Relative motion between plates can be estimated using mathematic models, such as a set 
of equations encompassing angular velocities of the motion of each of the seven major 
tectonic plates. These equations were developed based on observations of the rates of seafloor 
spreading, directions of oceanic transform faults, and horizontal slip directions during 
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earthquakes. Geodetic data are collected on the seafloor, with the site of collection requiring 
precise measurement. Among these mathematical models, the recently proposed MORVEL 
(Mid-Ocean Ridge Velocities) model achieves considerable accuracy with the help of 
multibeam sonar, side-scan sonar, dense magnetic surveys, and global positioning system 
(GPS) stations [2]. Plate movement can also be monitored directly by means of ground-based 
or space-based geodeticmeasurements. Ground-based measurements are made with 
traditional, but very precise ground-surveying techniques, using laser-electronic instruments. 
Because of the global-scale plate motion, a better measurement is obtained by using space-
based or satellite-based methods; these methods take precise, repeated measurements of 
carefully chosen points on the Earth’s surface separated by hundreds to thousands of 
kilometres. The most commonly used space-based geodetic technique for studying the 
Earth’s crustal movement is the GPS techniques [3].  

 
Plate tectonic boundaries are among the most dynamic geologic environments on the 

planet and the majority of them are located underwater. Measurement techniques used inland 
are not applicable to the measurement of undersea plate movement since they involve the use 
of electromagnetic energy that does not penetrate significantly into seawater. The localization 
of a reference point beneath the sea surface employs underwater acoustic positioning systems 
[4]. A combined GPS and acoustic technique (GPS/A) has been developed by the seafloor 
geodesy group at Scripps Institution of Oceanography to determine the absolute position of 
seafloor reference points [5-7]. It involves synchronizing data collection to locate 
geodetically a research vessel in the terrestrial reference frame by means of the GPS system, 
while simultaneously locating a seafloor transponder array with respect to the research vessel 
using a long baseline localization approach. The relative locations of the seafloor 
transponders can be determined with centimetre accuracy. The technical challenges within 
this GPS/A method include synchronous GPS and acoustic data collection, determination of 
onshore geodetic reference motions, knowledge of the sound speed profile through the water 
column, tidal variations, and orientation of the seafloor units [5]. 

 
A novel system for monitoring submerged tectonic plate movements based on acoustic 

signals is proposed in this paper. Instead of measuring the absolute position of the points of 
interest, the dynamic displacement between points of interest is monitored by continuously 
measuring the phase difference between a reference signal (with zero phase) and an acoustic 
signal transmitted from one point of interest to the other. The underlying principle is that a 
range increment equal to the transmitted signal’s wavelength will result in a 2π-phase change. 
Under ideal conditions, the displacement measurement accuracy is a fraction of the 
wavelength. Three major environmental factors, sound speed variation, deep ocean currents, 
and acoustic ray refractions, will degrade the measurement accuracy of the proposed method. 
Solutions are proposed to overcome these practical problems. Computer simulated results are 
supported by in-lab experimental data using a scaled-down air prototype.  

 
The structure of this paper is as follows. After this introduction, Section 2 presents a brief 

review of underwater acoustic systems. Section 3 describes the proposed system 
configuration in which received data is processed using a phase estimator followed by a 
phase unwrapper to estimate the phase difference and, thus, the displacement between the 
two points of interest. In Section 4, we discuss environmental factors that degrade the system 
performance. Section 5 presents the results from an air-prototype experiment. Section 6 
provides a summary and indicates the direction of future research and other potential 
applications.  
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2. UNDERWATER ACOUSTIC POSITIONING SYSTEMS – A SHORT REVIEW 

The basic components of an acoustic positioning system include a transceiver and an array 
of transponders (or a transponder and an array of transceivers), a processing unit, and a 
display unit [4]. Transceivers and transponders transmit and receive acoustic signals for 
distance and direction measurements. The spacing between transponders (or transceivers) in 
the array is called the baseline. Underwater acoustic positioning systems are categorized into 
three major groups according to the size of their baselines, as given in Table 1.  
 

System Type Baseline Length 

Long Baseline (LBL) 50m~6000m 

Short Baseline (SBL) 10m~50m 

Ultra Short Baseline (USBL) <10cm 

 
Table 1: Major groups of underwater acoustic positioning systems 

A typical LBL positioning system consists of one transceiver and at least three 
transponders. The transceiver is mounted on a submersible or a surface vessel, which is the 
target to be positioned. The transponders are installed on the seafloor to form an array. Divers 
or an underwater automatic vehicle deploy and retrieve the transponders on the seafloor. The 
LBL transceiver pings each transponder on the seafloor. The travelling time of the 
transmitted signal from the target to the transponders and back is measured. Knowing the 
sound speed at the site allows conversion of this measurement directly to the travelling 
distances. In a method called “trilateration” [8], once the distances from all transponders to 
the transceiver are obtained, one can calculate the unique point where all the distances 
intersect, the position of the transceiver. The calculated transceiver’s position is within the 
transponder array and is referenced to it. Therefore, the coordinates of all transponders need 
precise determination. SBL systems do not require any seafloor mounted instruments. In an 
SBL system, three or more transceivers are installed on the hull of a ship or a surface 
platform. A transponder is attached to the submersible to be positioned. One of the 
transceivers sends out an acoustic signal. The transponder responds with another acoustic 
signal on a different frequency. This signal is received by the transceiver array. The two-way 
time of flight from the transponder to the transceiver array is measured and may be converted 
into a slant range if we know the sound speed at the site. The submersible’s position is 
obtained by using the trilateration method. Similar to the SBL system, in a USBL system an 
array of transceivers (three or more) is fixed to a surface vessel while a transponder is 
attached to a submerged target. An acoustic pulse transmitted by the transceiver is detected 
by the transponder on the target, which replies with its own acoustic pulse. This return pulse 
is detected by the shipboard transceiver array. The time from the transmission of the initial 
acoustic pulse to the reply is detected, measured, and converted into a range. 

 
The positioning accuracy of a LBL system is in the order of decimetres to a few meters 

over a range up to several kilometres, which is much more accurate than USBL or SBL 
positioning methods for large area applications. The accuracy does not change when the 
range from the target to the transponder array changes, thus giving LBL systems an 
advantage in deep water surveys. However, LBL systems provide high accuracy positioning 
only over the area that the seafloor transponder array covers. As well, the system itself is 
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complicated. It requires expert operators and time-consuming deployment and retrieval of a 
transponder array on the seafloor. In addition, it needs comprehensive calibration at each 
deployment. Compared to LBL systems, the low system complexity of SBL and USBL 
systems makes them easier to use. Since a SBL system is ship-based, it is not necessary to 
deploy and retrieve transceivers on the seafloor, saving time and money. The transceivers in a 
USBL system are typically built into a single assembly in close proximity, which makes 
USBL systems easily deployed. Since the range and bearing measured in an SBL or a USBL 
system is referenced to transceivers mounted on the surface vessel, additional sensors are 
necessary to provide a position that is seafloor referenced. 

 
The measurement accuracy of conventional underwater acoustic positioning systems is 

restricted, due to varying sound speed, medium inhomogeneities, ocean currents, and 
multipath interferences. Recently, because of rapidly developing GPS technology, new 
underwater acoustic positioning systems utilise buoys equipped with GPS receivers and 
acoustic communication techniques. Examples include the GPS Intelligent Buoys (GIB) 
system [9, 10], the Global Acoustic Positioning system (GAPS) [11], and the GPS/A 
positioning system [5].  

3. DISPLACEMENT MONITORING BASED ON PHASE MEASUREMENT 

A novel, high-precision acoustic displacement measuring system that takes advantage of a 
tether cable has been proposed [12] and can be used for the measurement of tectonic plate 
motion [13]. This method relies on relative rather than absolute positioning of points of 
interest. The architecture of the proposed system is depicted in Fig. 2. We consider two 
adjacent oceanic plates, Plate A (reference plate, assumed stationary) and Plate B (target 
plate, may move), and focus on any displacement between the plates along their boundary. 
Both plates have one station installed on the seafloor near the plate boundary. The distance 
between them is pre-determined by conventional positioning methods (e.g., the generalized 
cross correlation method [14]). A tether cable connects the stations and serves as a data 
transmission link. Power to the stations is provided by a cable connected to an onshore station 
or to a seafloor observatory node [15]. For simplicity, the sea floor is assumed smooth and 
flat to ensure a clear line of sight between Station A and Station B.  

 
The proposed Positioning-based-on-PHase-Measurement (PPHM) method works as 

follows. At 0t , the oscillator at Station A generates a sinusoidal signal, )cos()(0 tAts  . 
This electrical signal, sent to Station B via the tethered cable, also serves as a reference for 
later phase estimation. Upon receipt, the transducer at Station B re-transmits the signal back 
to Station A in an acoustic form. The pre-determined distance, r, between Station A and 
Station B causes an initial phase difference, 0 , in the received acoustic signal, )(1 ts , at 
Station A. As long as both plates are stationary and no other perturbations exist, 0  is 
constant. If Plate B is moving away in the radial direction with respect to Plate A, a 
displacement, r , between Station B and Station A occurs, which corresponds to an 
additional phase shift,  , in the received signal, as shown in Equation (1),  
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Fig. 2: Architecture of the proposed system 
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is the phase shift introduced by the displacement r . The waveforms are illustrated in Fig. 3.  

 

 
 

Fig. 3: Waveforms of phase shift 
 
In Equations (1) ~ (3), f0 is the transmitted signal frequency, 0/ fc is the wavelength, 

and c is the sound speed in water. According to Equation (3), a displacement r equal to λ 
will result in a 2π-phase shift in the received signal. The relative movement between the two 
plates is, therefore, obtained by continuously monitoring  . In a practical system, the 
received signal is corrupted by noise. Therefore, the estimated displacement, r̂ , is obtained 
by measuring the phase shift, ̂ , between the actually received signal, )()()( 11 tntstx  , and 
the reference signal, ),cos()(0 tAts  where n(t) is the background noise: 
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Conventional phase detectors (e.g., a quadrature phase detector [16]) usually require an 
inverse tangent computation to obtain ̂ . Since the inverse tangent function is a many-to-
one function, all values of ̂  outside the interval ),(   will be mapped back into this 
interval. As r increases,   will go beyond the interval ),(  and the phase obtained 
from the phase detector cannot correctly reflect the range increment. This so-called phase 
ambiguity can be resolved using a phase unwrapper following the phase detector. We monitor 
̂  continuously and mark any jumps exceeding 2π. These jumps are then corrected by 

adding a factor of 2π to all subsequent terms in the sequence. The system’s block diagram is 
given in Fig. 4.  

 
 

Fig. 4: PPHM system block diagram 
 
From Equation (4), the measurement error for r̂  is determined by the phase 

measurement error and λ. A properly designed phase detector and unwrapper can reduce this 
error. To reduce the effect of λ on the range increment measurement error, a transmitted 
signal with a higher frequency is preferred. However, since a higher frequency signal suffers 
more transmission loss, it is applicable only for near-field applications. A compromise has to 
be made. As a numerical example, if the transmitted signal is at f0 = 200kHz, and the phase is 
measured with an error, 10ˆ 


e , the measurement error for r  can be calculated as  
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4. PERFORMANCE ANALYSIS 
 
Performance of the proposed method will degrade due to a number of environmental 

factors. One of them is the variation of sound speed in time and space. When a sound ray 
propagates in water, its speed is a function of temperature, depth, and salinity. If the proposed 
system is operated in a relatively flat plane at a depth up to a few thousands of meters, water 
temperature and salinity at this depth are quite stable [9]. Therefore, we can assume a 
constant sound speed, which could be calculated from measurements of the local temperature, 
pressure, and salinity [17], or could be measured directly with the claimed accuracy of a few 
centimetres per second [5][18].  

 
The received signal will exhibit an additional phase shift, )(tc , caused by ocean currents. 

Ocean currents are a horizontal, directed movement of seawater at or beneath the ocean’s 
surface. In ascertaining tectonic plate motion, we consider the deep ocean current driven by 
seawater density and temperature gradients. Continuous bulk water movement in the current 
has a speed, vc, of up to 0.1m/s in a specific direction [19]. Assuming an ocean current 
flowing along the A to B direction with speed, )(tvc , the phase of the received acoustic signal 
at Station A is   

 

)()(
)(

)( 02
000 ttv

c
r

c
r

tvc
rt cc
c




 


                             (6) 

 
where )(tc  is induced by )(tvc . In reality, )(tvc  is nearly constant with small fluctuations. 
These small fluctuations will cause oscillations in the received signal phase and will interfere 
with the phase shift due to the target’s movement. A reciprocal transmission scheme can 
effectively eliminate )(tc [13]. 
 

Another error source in the proposed system is the refraction of sound rays. The 
propagation path of sound is determined by its speed profiles. As the water depth increases, 
so does the pressure and, therefore, the sound speed. According to Snell’s law, the sound ray 
will bend toward the direction with lower sound speed. As a result, the propagation path of 
the acoustic signal in the deep sea is a curve instead of a straight line, as shown in Fig. 5. This 
phenomenon causes two potential problems: existence of shadow zones and errors in 
determination of the distance between the transmitter and the receiver. We can use a 
simplified formula [17] for the sound speed profile: 

 
c = c0 + 4.6T + 0.016z + 1.3(S-35).                                           (7) 

 
Assuming the sound speed at the sea surface, c0 = 1450 m/s, the temperature, T = 0°C, and 
the constant salinity, S = 35 ppt, we have 
 

c = 1450 + 0.016z,                                                        (8) 
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where z is water depth. If a transmitter is installed on a tower two meters above the sea floor 
and the water depth is z2 = 2000 m, the transmitter’s depth will be z1 = 1998 m. From 
Equation (8), the sound speed at z1 is c1 = 1481.968 m/s. The transmitter sends out an 
acoustic signal towards the receiver with θ1 = 90°. As shown in Equation (8), the sound speed 
increases as water depth increases. The sound ray will propagate along a curve bending 
upward until it hits the sea floor. The horizontal distance from this point to the transmitter is 
given as  

rc = 22 )( hRR   .                                                      (9) 
 

Assuming complete reflection without energy loss, the sound ray will go up until it arrives at 
the receiver, as illustrated in Fig. 5. In Equation (9), h is the height of the transmitter and the 
receiver (assuming they are installed at the same level) with respect to the sea floor and R is 
the radius of the arc in Fig. 5 [17],  
 

R = (ab)-1,                                                            (10) 
 

where a = sinθ1/c1. In this example, R = c1/b = 1481.968/0.016 = 92623 m. To avoid the 
shadow zone we require rd - the distance between the transmitter and the receiver - to be 
smaller than 2rc. In this example, rd ≈1217.4 m, which is the maximum distance between the 
transmitter and the receiver that will avoid the shadow zone. Here, rd does not change 
considerably when h or θ1 varies. A second problem associated with acoustic refraction is the 
calculation of the direct distance between the transmitter and the receiver. Since sound does 
not propagate along a straight line, the product of the travelling time and the sound speed is 
the arc length, ra. The actual trajectory, ra, and the direct distance, rd, have a linear 
relationship [20]. Assuming the receiver is moving away from its initial position due to plate 
motion, both ra and rd will change. From the phase measurement, we obtain ra, then find rd.   
 

 
Fig. 5: Acoustic ray refraction 

In addition to ocean currents, turbulence also causes measurement error in the proposed 
method. For long-term, large-scale turbulence related to the rotation of the Earth, a reciprocal 
transmission will eliminate the errors [20]. However, a detailed study of the effects of short-
term, small-scale turbulence due to local temperature and salinity variations on phase 
measurement is still needed.   

c c1 c0

z
z2 (Seafloor)

c2

z1

R

rd

ra

Transmitter
Receiver

1

Shadow 
Zone

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1377 -



5. AN AIR-PROTOTYPE EXPERIMENT 
 

An in-air experiment using ultrasonic transmission has been conducted to verify the above 
theoretical discussion. A Kobitone 400ST16 ultrasonic transmitter that transmitted a 
continuous sinusoidal wave at a carrier frequency f0 = 40 kHz was placed in line with a 
Kobitone 400SR12 ultrasonic receiver and separated by a distance of r0 = 0.3 m, as shown in 
Fig. 6. A function generator produced the 40 kHz sinusoidal wave to drive the transmitter 
and, at the same time, to serve as the reference signal for phase measurement. This reference 
signal and the receiver output at position 1 were analog signals fed into the A/D PHONIC 
Helix Board 12 Plus device. The analog signals were sampled at 96 kHz sampling frequency 
and digitized by the 24-bit A/D converter and recorded. The data was recorded starting at t0 = 
0 sec. At t = 10 sec, the receiver was moved away from the transmitter, from position 1 to 
position 2 (which simulated a moving tectonic plate). While the receiver was moving, the 
phase between the reference signal and the receiver signal changed. The distance between 
position 1 and position 2 was Δr = 0.5 m. We then used a quadrature phase detector to obtain 
the phase shift, and converted it into the displacement, as shown in Fig. 7. The measured 
trajectory agreed with the receiver’s actual movement.     
 
 

 
 
 

 
Fig. 6: Air-prototype experiment setup Fig. 7: Recovered trajectory 

6. SUMMARY 
 

A novel displacement measuring method was proposed in this paper for observing tectonic 
plate motion in a deep-water environment. We believe that with this method, the 
displacement between two adjacent tectonic plates can be measured with millimetre-level 
accuracy. Future research will focus on the development of a robust phase estimator and 
unwrapper when multipath interference is present. For tectonic plate motion measurement in 
deep water, multipath interference is primarily due to reverberation from a flat seafloor and 
from topographic sources such as hills and cliffs. An appropriate array processing method 
will also be investigated to solve the signal fading problem, that is, discontinuities in the 
received signal caused due to cancellation of the reflected-path signal by the direct-path 
signal. The proposed method can be used in conjunction with inland GPS data to verify the 
accuracy of mathematic models of plate tectonic motions [21]. It can also find application in 
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monitoring the velocity of ocean currents and in localization of an underwater automatic 
vehicle.  
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Abstract: This paper presents some results on adaptive minimum mean-square error 
(MMSE) turbo equalization obtained from underwater experiments in the Atlantic ocean. 
Single-carrier transmission with high-order modulations is considered (8-PSK, 16-QAM, 
32-QAM and 64-QAM), at a coded bit rate as high as 28800 bps on the underwater 
acoustic channel. The all-digital receiver performs timing recovery, equalization, 
interleaving and channel decoding. The results are evaluated in term of bit error rate 
(BER) and mean square error (MSE). Turbo equalization improves the performance of the 
receiver and allows reliable high order transmissions when the signal to noise ratio is 
sufficient.  
 
 

Keywords: underwater acoustic communications, high order modulation, turbo 
equalization 
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1. INTRODUCTION  

This paper presents a high data rate acoustic link between two boats in motion. The 
proposed receiver is based on the TRIDENT receiver [1], developed by GESMA (Groupe 
d'Etudes Sous-Marines de l'Atlantique, Brest, France), in collaboration with Telecom 
Bretagne and SERCEL. This receiver was designed for text, images and speech data 
transmission in a shallow water environment. Initially designed for QPSK, the TRIDENT 
receiver has been extended in this paper to high-order modulations (8-PSK, 16-QAM, 32-
QAM and 64-QAM). This results in the transmission of coded bit rates as high as 28800 
bps over distances greater than 1 km. 

 
To maximize the spectral efficiency of the link, a single-carrier modulation is used. 

Data transmission is organized into long bursts. In contrast to OFDM systems, this scheme 
avoids the spectral efficiency loss due to the insertion of a guard interval or a cyclic prefix. 
The proposed receiver must be able to deal with time- and frequency-selective channels. 
Therefore we use efficient synchronization schemes and an adaptive multiple-input 
equalizer. In addition, channel coding is used to increase the robustness of the 
transmission. 

 
In this paper, we evaluate the performance of an adaptive MMSE turbo equalizer. 

Minimum mean square error (MMSE) turbo equalization [2-3] has proven to be effective 
for removing intersymbol interference. The equalizer and the channel decoder exchange 
soft information in an iterative process. It is shown that, as expected, the performance 
improves when the number of iteration increases especially when the channel is very 
frequency selective. Experimental results are given on the performance of the turbo 
equalizer using high-order modulations. 

2. TRANSMISSON MODEL  
 
The transmission scheme is depicted in Fig. 1. A convolutional code is fed by binary data. 
An interleaver shuffles the coded bits. Each set of  Mm 2log  interleaved coded bits is 
mapped onto an M-ary complex symbol kd  taken from an M-PSK or M-QAM signal set, 
using Gray or quasi-Gray labelling. Data transmission is organized into long bursts of 
several seconds. Each burst is made of an initial preamble used for frame detection and 
synchronization, followed by several fixed-size data blocks separated by pilot sequences. 
A transducer transmits the modulated signal on the time- and frequency-selective 
underwater channel. The receiver is equipped with a chain of 4RN  hydrophones spaced 
25cm apart. An all-digital single-carrier receiver is used, relying on a multiple-input 
adaptive MMSE turbo equalization scheme.  

Let  ts  be the transmitted waveform,      









 






n

tfj
k

cekTtgdets 2 , where cf  is 

the carrier frequency,   is the carrier phase uncertainty, T1  is the symbol rate with T  
the symbol duration, kd  are the transmitted symbols with variance 2

d  and  tg  is a 
square-root raised-cosine filter with roll-off factor 0.25. 
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Fig. 1: Single-carrier transmission scheme overview 
 

 
When the signal is centred on a relatively low carrier frequency ( cf =17.5 kHz in our 

experiments - see Section 4), an all-digital receiver is feasible [4]. Oversampling is 
performed at the rate sT1  where sT  is chosen so as to satisfy the sampling theorem. In 
this paper, we have chosen sTT 20 . The down-conversion is performed digitally, and a 
timing synchronization scheme based on a sample rate converter is used to determine to 
optimum sampling epochs. The resulting all-digital receiver is depicted in Fig. 2. 
 

In wide-band transmission, as it is the case in underwater acoustic communications, 
the Doppler effect introduces a scaling of the symbol period which must be taken into 
account in the design of the timing recovery scheme [5]. The optimum sample time not 
only depends on the propagation delay at hydrophone RNjj ,,1;   but also on a 
common Doppler shift depending on the relative speed of the boats and the propagation 
wave velocity [5]. Because the receiver is all-digital, the optimum sampling time  j

kkT   
is not necessarily a multiple of sT , a sample rate conversion based on interpolation, 
filtering and decimation is then required [4]. The optimum sampling time is unknown and 
must be estimated. Initial compensation of the common Doppler shift is performed by 
using the short preamble inserted at the beginning of the transmission to estimate the 
relative velocity. Note that this preamble is also used to perform frame detection and 
synchronization. Then, a non-data-aided (NDA) timing recovery scheme is designed 
which takes into account the residual Doppler shift due to the moving platforms and the 
different channel delays at each antenna. 
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Fig. 2: Structure of the all-digital receiver 

3. TURBO EQUALIZATION PRINCIPLE 
 
 

The adaptive turbo equalizer is depicted in Fig. 3. Equalization and channel decoding 
exchange soft information in an iterative manner. Each iteration consists of a multiple-
input equalizer, a soft-input soft-output (SISO) demapper, a deinterleaver 1 , a binary 
SISO channel decoder, an interleaver   and a SISO mapper. The equalizer is fed in by 
the received signal samples  j

kr  and also by the estimated data kd  obtained from the 
previous iteration. The channel decoder produces soft decisions on the coded bits, which 
are used in turn by the SISO mapper to compute the soft symbol estimates kd  to be used 
by the equalizer in the next iteration. 
 

The multiple-input equalizer combines the outputs of the feedforward transversal 
filters fed by the signals received from the hydrophones. Second-order phase-lock loops 
(PLLs) are optimized jointly with the equalizer filters in order to compensate for the 
residual frequency offsets. When a priori information is available from the channel 
decoder at the previous iteration, a feedback filter fed in by the estimated symbols kd  is 
used to suppress the interference at the combiner output. 
 
An adaptive least mean square (LMS) algorithm is used to obtain the filter coefficients 
allowing tracking of the channel time variations. The adaptive algorithm is composed of 
two distinct phases: the training phase and the tracking phase. The training phase makes 
use of pilot sequences known to the receiver (data-aided (DA)) to initialize the equalizer 
coefficients. Next, during the tracking period, the coefficients are continuously updated in 
a decision-directed (DD) manner, based on the receiver decisions on the transmitted 
symbols.  
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Fig. 3: Turbo-equalization scheme 
 
This paper focusing on experimental results, additional information on the SISO mapping, 
the SISO demapping and the adaptive LMS equalizer used in this paper are available in  
previous references [2][6].  

4. EXPERIMENTALS RESULTS 
 
Our simulations emphasize the performance of the MMSE turbo equalizer over real sea 
trials. Experimental sea trials were carried out on March 2010 in the site "bay of Brest", 
France, by DGA/GESMA. The aim of these sea trials was to transmit data from a ship to 
another boat in a shallow water environment with a water depth of 10 to 30 meters. These 
trials were carried out in a context of rough sea. As depicted in the Fig. 4, the transmitter 
was placed on the board of the "Aventurière II" and the receiver on board of the boat 
"Idaco". At the receiver side, the antenna array was a vertical chain of 4RN  
hydrophones spaced with 25 cm.  
 
 

 
Fig. 4: Sea trial configuration 
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During these trials, two particular sequences were recorded (AIT44 and AIT63) with the 
objective to test the turbo-equalization with high order modulations. Each recorded 
sequence included consecutive bursts of symbols (8PSK, 16QAM, 32QAM and 64-QAM) 
separated by a guard interval of 5 seconds. Single carrier transmissions with a carrier 
frequency of 17.5 kHz were used. The symbol rate was 4800 symbols per seconds. The 
features of the two recorded sequences are given in Table I.  
 
To build a burst of symbols, a rate 2/1cR  convolutional code with constraint length 5 
was fed by a block of binary data. An interleaver shuffled 22500 coded data. Each set of 

 Mm 2log  interleaved coded data was associated with M-ary complex symbol. A 
transmitted burst resulted on the concatenation of one preamble of 1 second followed by a 
repetition of m  blocks of m22500  symbols separated by a pilot sequence of 256 
symbols. The burst duration was 25 seconds. The ratio between the user bit rate and the 
channel bit rate was approximately 0.45.  
 
In order to emphasize on the improvements with the proposed turbo equalizer, we show 
the behavior of the receiver in terms of decision-directed minimum mean square error 
(DD-MSE) at the equalizer output versus the iteration number over duration of 25 s. The 

DD-MSE is estimate by  
2

1
ˆ1   kkkk dzDDMSEDDMSE   where 99.0 .  

 
Modulation type 8-PSK 16-QAM 32-QAM 64-QAM 
Channel Bit Rate (bits/s) 14400 19200 24000 28800 
User Bit Rate (bits/s) 6840 8640 10800 12960 

 
Table I : Features of the real sea trials 

 
In Table II, we give the bit error rate (BER) at the equalizer and channel decoder outputs 
versus the iteration. The BER was computed on duration of 25 seconds. The improvement 
of the BER is rather weak and only visible for 32-QAM and 64-QAM.  
 

Sequence AIT63 8-PSK 16-QAM 32-QAM 64-QAM 
BER equalizer output (1st iter) 3.7e-4 1.1e-3 1.3e-2 1.8e-1 
BER decoder output (1st iter) 0 0 1.77e-4 2.3e-1 
BER equalizer output (3rd iter) 3.7e-4 1.1e-3 1.0e-2 1.2e-1 
BER decoder output (3rd iter) 0 0 8.53e-5 1.5e-1 

 
Table II : Features of the real sea trials 

 
In Fig. 5, we have plotted the DD-MSE at the output of the equalizer versus iteration and 
the constellations for 1 second duration (4800 symbols) from the 5th to the 6th second. 
Constellations shown that receiver detects the 64-QAM modulation. Nevertheless, the 
SNR is rather weak and the channel decoder runs in a SNR range where the BER increases 
instead of decrease. The performance gain between the first and the third iteration of the 
turbo equalizer is weak because the intersymbol interference on this transmission is not 
significant. In Fig. 6 is depicted the channel state information (CSI) after Doppler shift 
compensation. Performing the characterization of the frequency response, it can be shown 
that frequency selectivity is weak with fading lower than 5 dB. Because it is well-known 
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that the turbo equalization is essentially efficient when the frequency selectivity is high, 
the performance results obtained for these real sea experiments are in accordance.  
 

 
Fig. Sequence AIT63: 64-QAM, 4800 symbols/s, fc = 17.5 kHz, distance=640m, v=1.7m/s 
 

 
Fig. Sequence AIT63: channel state information, 4800 symbols/s, fc = 17.5 kHz, 

distance=640m 
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5. CONCLUSIONS 

Single-carrier underwater acoustic transmissions based on high-order modulations and 
adaptive MMSE turbo equalization have been successfully demonstrated in real 
conditions, with user data rates greater than 10 kbps. Unfortunately, from the database of 
real recorded signals, the performance improvement obtained by the turbo equalization 
process have not been emphasized because of a low frequency selectivity of the channel. 
We hope that the recorded signals in a future campaign of measure will be more corrupted 
with strong intersymbol interference in order to prove the efficiency of the turbo 
equalization.  
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Abstract: Spread spectrum techniques have been used for many cellular communication 
systems, and are being adopted widely for military communication networks. The 
motivation for employing this technique is its ability to suppress fading due to multipath 
propagation. In this paper, receivers based on chip level equalization are considered for a 
downlink code division multiple access (CDMA) system employing user-specific long or 
short spreading sequences to ensure good performance at low signal-to-noise ratios 
(SNRs). Adaptive turbo architectures for joint parameter estimation and multiple-access 
interference cancellation integrate the functions of equalization, multi-access interference 
cancellation, error correction and phase-carrier tracking. A direct adaptive CDMA 
receiver uses continuous pilots as training data and the filter coefficients are optimized 
based on the minimum mean square error (MMSE) criterion to suppress noise, ISI, and 
multiple access interference (MAI) with reasonable system complexity. Moreover, the 
proposed detectors with continuous pilots operate just in a tracking mode after the initial 
delay acquisition is accomplished. By exploiting the presence of a continuous pilot signal 
in the entire transmitted frame, this approach is well suited to tracking fast fading 
channels. The receivers are compared with Rake multiuser receiver-based channel 
estimation (CE) techniques using data obtained from experimental trials in the North Sea. 
Furthermore, three simultaneous users are reliably acquired and demodulated using a few 
stages. These results show that the direct adaptive receivers in both types of CDMA 
exhibit better immunity against the spectral channel characteristics and significant 
performance improvement over CE based receivers. 

Keywords: Long code CDMA, Short code CDMA, Underwater Communication.

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1391 -



 

1.   INTRODUCTION 
Spread spectrum systems (SSS) show significant potential for underwater acoustic 

communications. In these systems, the data to be transmitted is multiplied by a spreading 
sequence and the use of different signatures allows multiuser transmissions. The system is 
known as short code CDMA, if the spreading sequences assigned to users are periodic or 
remain the same for all symbols. In long code CDMA, they are periodic or essentially 
pseudorandom and vary for the different transmitted symbols. By sharing these sequences, 
reliable simultaneous communication may exist in the same bandwidth. Additionally, the 
large bandwidth signals improve the immunity against the channel effects by 
discriminating the different paths at the reception [1].  
 

Unlike deep-water propagation, where the signal arrivals include only the dominant 
path and surface bounce, fading in shallow-water channels is caused by closed paths that 
include many rays of similar amplitude arriving close together. The interactions of these 
arrivals with the surface further complicate propagation and increases time variability [2]. 
In multiuser CDMA systems, these effects and the MAI signals are the major problems to 
signal detection and separation. Therefore, in order to avoid performance degradation, 
multiuser detectors (MUD) can be used and significant improvement can be obtained 
where the MAI signal is explicitly part of the signal model. In IDMA systems [3], joint 
chip level equalization and detection has proven to be one of the most attractive receivers. 
These detection algorithms are used in [4] with semi-blind channel estimation for short 
and long spreading CDMA systems.  In this paper, the sub-optimal detectors in [5] are 
used for CDMA detection signals with large complexity savings. These receivers do not 
need a multiplexed training sequence, which was the case for the system presented in [5], 
and use only a unique continuous pilot approach in the network. 

 
2. SYSTEM DESCRIPTION 
 

The information bits, )(nbk  of user k  in Fig.1, are encoded by a rate 1/2 convolutional 
encoder, producing the encoded bit sequence. The encoded bits, after bit level 
interleaving I , are modulated using QPSK mapping and then scrambled using user-
specific spreading sequence S  of length 8 bits. Since the downlink is being considered, all 
users' signals are synchronously transmitted with a continuous pilot sequence on the same 
channel.  

 
The SISO multiuser detector in Fig.1 takes soft information )(nr  and, after some 

processing, delivers refined a posteriori log-likelihood ratios (LLRs), )]([ nxL km . The 
outputs after despreading and deinterleaving are sent to the decoders (DECs). The kth user 
decoder output )]([ nxL kd  after interleaving and user-specific spreading is subtracted from 

)]([ nxL km  to form the extrinsic information of the kth user as follows 

)]([)]([)]([ nxLnxLnxL kdkmke   (1) 

This soft information is passed to the detector for the next turbo pass. Then, by the 
turbo-principle, the soft information is greatly enhanced and the process stops after a 
predetermined number of iterations or specific convergence criteria. In general, multiuser 
receivers may simultaneously decode data from all users or may sequentially decode and 
then remove the signals from other interfering users. 
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Fig.1: Block diagram of the CDMA transmission scheme. 
 

2.1 SOFT RAKE MULTIUSER CDMA RECEIVER 
 

The detector combines the peaks of all paths L  together instead of considering them as 
a harmful phenomenon with multiple access cancellation concepts to improve the 
performance. Due to cross-correlations between spreading sequences, there is interference 
after the multiuser detector and despreading operation. Therefore, by using a Gaussian 
approximation, l

I
km nxL )]([  of the real part of )(nx I
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where )()(~ *
, lnrhlnr lk  , )](~[ , nE I

lk  and  )](~var[ , nI
lk  represent the mean and variance of 

the interference )(~
, nI
lk , respectively. The benefits from the spread spectrum signal are 

conditioned on the receiver’s ability to track the channel variations.  
 
The semi-blind channel estimation algorithm in [4] with continuous pilots is used to 

estimate )(ˆ nh . The adaptive process can be any adaptation algorithm and the phase update 
is also optimized jointly using a classical phase tracking approach. The adaptive 
estimation is refined with the combination of the pilot sequences, which are inserted into 
the feedback estimate stream to give information at each time instant and the updated soft 
estimates, which are assumed to be correct. Since the pilot sequence does not take part in 
the detection, it is removed before detection.  
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2.2 DIRECT ADAPTIVE DFE-CDMA RECEIVER 
 
      The receiver uses a combined adaptive equaliser with a carrier phase estimator based 
on MMSE filtering and a parallel interference detector followed by a single user's decoder. 
The output signal of a chip-level equalizer is the total users' signals. A feedback filter 
employing previous symbol decisions is added to eliminate the ISI on the current symbol 
being detected, transforming the linear receiver into a decision-feedback equaliser (DFE). 
The equalizers rely on prior knowledge of the previous signal that is not easily available 
since the constellation of all users’ signal sum is a high-order constellation. By using the 
central limit theorem and removing the training sequence, the remaining interference 
signal in )(nz  with respect to user k  can be modelled as a Gaussian random variable. 
Therefore, [.]mL  of the real part of )(nx I

k , can be estimated as 

nk
nxnz

nxEnzEnznxL I
k

I

I
k

II
I
km ,,

)](var[)](var[
)]}([)]([)({2)]([ 




   

(4) 

 
with 





K

k
k nnxEnzE

1
)],([)]([  (5) 

and 





K

k
wk nnxnz

1

2)](var[)](var[ 
 (6) 

)]([ nxL ke  is used to calculate the a priori means, )]([ nxE I
k , and variances )](var[ nxI

k of the 
transmitted signal )(nxk . The weight vector for the feed forward section of the equalizer 
and for the feedback section of the equalizer, are updated once per symbol to track the 
rapid fluctuations in the channel. The filter weights are adapted several times per packet 
according to a performance metric. 

3. RESULTS AND DISCUSSION 
 
         The effectiveness of turbo multiuser techniques is demonstrated using data 
transmitted on three shallow water channels. The data were collected from sea trials 
carried out by the Newcastle University, in the North Sea. The choice of the simulation 
parameters for each channel is valid for all packets since experimental data demonstrate 
similar properties. For more information on this, see the experimental setup in [4]. In these 
experiments and with K =3, the DFE-based CDMA receivers produced no errors over 15 
transmitted packets except for 2 bits over 500 trials with long code CDMA, whereas the 
BERs of the receivers based on Rake in Table. 1 and Fig.2 increase significantly. 
However, the Rake receiver demonstrates expectable performance for some of these trials. 
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Table 1: Performance results of different CDMA receivers.  
 
         The performance of the Rake CDMA receivers is affected by channel estimation 
errors. In the case of high variation of the transmission channel as in the 200 m channel 
range, the performance of various receivers is deteriorated since the equalization is not 
perfect in a time-varying fading environment. However, the degradation in performance 
due to channel estimation is not severe. Further, it is not surprising to see that both forms 
of direct CDMA receiver have much better performance and are less affected and limited 
by other factors, such as ISI. The results in terms of signal-to-interference and noise ratio 
(SINR) are also shown in Fig.3 and illustrate this deterioration for the rake receivers, 
where the channel estimation errors increase with increasing channel variation. The direct 
adaptive equalizer also suffers minor deterioration with increasing channel delay spread. 
The reason is that adaptive equalization becomes difficult to mitigate ISI and trace the 
variation of the transmission channel. However, the direct adaptive receivers generally 
outperform the Rake receiver. 
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Fig.2: BER performance of Rake CDMA receivers. 
 
 
 
 
 
 
 
 

 long code Rake-CDMA long code DFE-CDMA 
Channel Range (m) 200 500 1000 200 500 1000 

Average BER 1681/46080 84/46080 359/46080 0 2/46080 0 
Average SINR(dB) 6.3 9.8 9.3 10.3 10.4 11 

 short code Rake-CDMA short code DFE-CDMA 
Average BER 859/46080 151/46080 307/46080 0 0 0 

Average SINR (dB) 6.6 9.3 9.2 10.3 10.7 11.1 
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Fig.3 SINR comparison of different CDMA receivers. 
 

4. CONCLUSIONS 
       Turbo CDMA with effective direct form equalization and decoding receivers were 
presented as an efficient alternative to the joint detection methods for Rake CDMA 
receivers based channel estimation. The robustness to interference of systems in chip 
synchronous situations was evaluated for different channels ranges. The algorithms based 
on continuous pilots adapt the tap coefficients at chip rate; therefore, it is capable of 
tracking the changes in underwater channels. Furthermore, by including multiuser 
detection implemented by PIC, MAI can be suppressed effectively. Finally, the results 
show significant performance improvements when direct adaptive forms of CDMA are 
employed instead of the conventional receiver in both downlink forms of CDMA. 
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Abstract: Using swept pulses a variety of multipath components of a receive signal can be 
often resolved in time-frequency domain. In result of synchronization of the receiver with 
the most powerful component, other multipaths can be effectively suppressed by means of 
a matched filter. Owing to exact synchronization, the difference frequency of this 
component is equal to zero and outputs of the matched filter are good for estimation of 
(information) parameters. However, the synchronous component (as well as others) can 
occasionally turn out to be composite and to contain energy of several non-resolved 
multipaths. In this case, the synchronization time of the receiver will be not exact and the 
difference frequency of demodulated signal will differ from zero. This effect can cause a 
systematic error in estimation of the information parameter. This paper represents the 
results of mathematic modelling of the systematic error (for receivers, utilizing the swept 
carrier technology), as well as, numerical experiments on synchronization of the receiver 
by means of wideband sweep spread pulses. 

Keywords: underwater communication, underwater telemerty, hydro-acoustic data link, 
underwater data link, underwater acoustic modem, hydro-acoustic modem 
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1. INTRODUCTION 
In most applications of digital telemetry the time of signal receiving is unknown. To 

synchronize the receiver with receive signals, there exist different methods [1], based on 
the transmission of header sequences of special forms and subsequent calculation of a 
correlation function of such signals with a reference signal. In some cases, the model of 
the receive signal assumes that it consists of the sum of the transmitted signal and 
Gaussian noise, and, accordingly, a normal distribution of time synchronization estimate is 
assumed to comprise a mean value equal to the true receive time of the signal. In other 
cases, the model of the receive signal is based on the fact that apart of Gaussian noise the 
receive signal contains also a scattered energy of multipath and, consequently, the error of 
time synchronization can have a distribution that differs from normal one. To compensate 
for this error, in the process of data receive a procedure of gliding synchronization can be 
executed, for example, during signal processing by means of equalizer, combined with 
phase-locked loop. 

However, when using spread spectrum methods the accuracy of receiver 
synchronization is of particular importance, since even a relatively small synchronization 
error can significantly affect the reliability of digital signal detection. This article provides 
a quantitative assessment of the influence of delayed multipaths on the accuracy of 
receiver synchronization, when using synchronization signals in form of broadband swept 
pulses. 

2. ANALYTICAL MODEL OF THE SYNCHRONIZATION ERROR 

As proposed in [2], the transmitted data packet contains a section of synchronization 
signals coming before a data block having a certain time offset. After receive of a 
synchronization pulse the maximum of its correlation with a copy of the transmitted pulse 
corresponds to the time instant of entirely received pulse. Taking into account this time 
and also known time offset, the receiver can estimate the timing of each digital signal of 
the data block. 

Below, the analytical assessment of synchronization error is derived, caused by the 
influence of delayed multipaths. 

Let the synchronization pulse has the form of a linearly swept signal, which is written 
as: 
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where T – duration, E - energy, LL f 2 , Lf  – start frequency, G  –frequency gradient. 

In a hydro-acoustic channel the real part of the generated signal is emitted, and after its 
propagation in a the channel (along numerous paths) the received signal can be 
represented by the sum of multipath components, delayed by some amount of time in 
relation to each other, that is 
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where n  – coefficient of attenuation of the n-th multipath (the zero index corresponds to 
the dominant path), n  – excess propagation delay of the n-th component, and n  – 
random phase shift of signal during its propagation along n -th path.  

The received signal consisting of two multipaths can be written as 
 




























































1

2
1

101

0

2
0

000

2

22











)()(cos

)(
)(cos

)(
tGt

tG
t

T
Etrsync      (3) 

 
Since namely internal relations between parameters of multipath components are of the 

most interest for the consideration, for simplicity there was assumed that the excess 
propagation delay of the first multipath is zero, and the delay of the second one is  , the 
phase offset of the first multipath component is zero and of the second one is a random 
variable   (random shift depends on properties of the channel along given propagation 
path). Then, after conversion and normalization the received signal can be represented as 
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where   22

0 Gr  – shift of the beginning phase of the second multipath 
component in relation to the beginning phase of the first multipath component, consisting 
of the deterministic value 22

0  G  and random phase  . 
Let received signal processing is carried out by means of a correlator: the instant, at 

which the correlation function achieves maximum, is used for synchronization of the 
receiver. It is obvious, if the peak of the correlation function experiences a random shift 
along time axis, the synchronization error can occur. 

The effect of delayed multipaths on the time position of the peak of the correlation 
function is investigated below. 

The output signal of a correlator comprising complex reference signal can be 
represented as follows: 
 































 


tT

t
sync dtttGttjtr

T
tR

2
2 2

0
)()(exp)()(        (5) 

 
where )()(   TtT  is a random shift of the reference signal in time.  

Since the received signal (4) is represented as a sum of two multipath components, the 
right side of expression (5) can be written as a sum of functions 
 

)()()( tRtRtR  1211          (6) 
 
where )(tR 11  – autocorrelation function of the reference signal, and )(tR 12  – cross-
correlation function of the delayed multipath component with the reference signal. Thus, 
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For frequencies of the most practical interest, only the difference components that can 

be obtained after multiplication of the integrands in expressions (7) and (8) are significant 
[3]. After appropriate transformation, they can be written as: 
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Taking into account (9) and (10), let us perform analysis of the expression (6) and 

determine the position of the maximum of the cross-correlation function between received 
signal and the reference. The received synchronization signal phase is not essential, thus 
the absolute maximum value of the cross-correlation can be written as 
 

2
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where )(  and )(  indicate real and imaginary parts of the argument. 

Consider the worst case, when random phase shift r  obtains a value, which 
maximizes )(tR 11  with every time shift t  , that is, when 
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Then, after transformation, the maximum of the expression (5) can be written as  
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Analysis of the expression )(max tR
r




 shows that with exact time coincidence of the 

multipath component having index 0 with the reference signal, their cross-correlation at 
0't  do not obviously gives maximum. In particular, for large 1  and negative values of 
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 prevails and the maximum of )(tR   is reached 

when t   is shifted towards positive values of excess propagation delays of delayed 
multipath components. 

Taking into account (9) and (12) the synchronization error of the received signal is 
equal to 
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The results of simulation can be extended to an arbitrary number of multipath 

components. By superposition of waves the correlation function of the received signal can 
be represented by a sum of correlation functions of the individual multipath components 
with a reference signal.  

When using the expression (13) a numerical simulation of the synchronization error at 
different parameters of synchronization signals is carried out below. 

3. NUMERICAL EXPERIMENT 

Below the numerical simulation of the synchronization error is carried our especially 
for parameters of synchronization signals practically used in digital hydro-acoustic 
communications (typical frequencies and durations). Fig. 1 shows the maximum of the 
synchronization error as function of excess propagation delay of the multipath component 
(for frequency range 18 - 34 kHz and duration 4.096 ms). Fig. 2 represents a similar 
dependence, but for synchronization signals occupying the frequency range between 48 
and 78 kHz and having duration of 2.048 ms. As figures show, with increase of excess 
propagation delay of the multipath component the synchronization error of received signal 
decreases, and the dependence has the form of a damped oscillation. In addition, when the 
energy of the delayed multipath component increases, the synchronization error grows. 
This is illustrated in Fig. 1 and Fig. 2 for three different ratios 01  / . 

 

 
Fig. 1. Synchronization error synct  when 

signals occupy frequencies between 18 and 
34 kHz and have a duration of 4.096 ms 

 
Fig. 4.2. Synchronization error synct  when 
signals occupy frequencies between 48 and 

78 kHz and have a duration of 2.048 ms 
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In particular, when multipath components of a received signal have equal energies the 
synchronization error reaches its highest values: in first case 4.3 mcs (Fig. 1, solid line) 
and in second case 1.7 mcs (Fig. 2, solid line). If the ratio between energies of multipath 
components have a minor value, the synchronization error is smaller, as well. For 
example, if 5001 ./   (dashed line), the largest value of the error is in first case about 
3.0 mcs, while in second case only 1.2 mcs. When the ratio is 25001 ./   (dotted 
line), the largest errors reach 1.8 mcs and 0.8 mcs, respectively. 

As follows from the comparison of the curves, the errors depend on the parameters of 
the synchronization signals, in particular on the occupied bandwidth and duration. Thus, 
the maximum of synchronization error in first case (signal with frequencies 18-34 kHz and 
duration 4.096 ms) is more than 2.5 times larger than the maximum of synchronization 
error obtained in second case (signal with frequencies 48-78 kHz and duration 2.048 ms). 

4. CONCLUSIONS 

In both the first and second case, such synchronization errors usually do not 
significantly affect the reliability of detection of subsequently received digital signals. In 
particular, by means of simulations it was found that for frequency bandwidths of the most 
practical interest (between half-octave and full-octave bandwidths above 10 kHz) and 
practical conditions of signal propagation (6-12 multipath components) the 
synchronization errors and corresponding performance degradations of the received signal 
are rather low. For example, a reduce of output SNR, which is caused with 
synchronization errors above, ranges between 0.1 and 0.3 dB. For majority of practical 
problems such SNR reduction can be neglected. However, when lower frequencies and 
narrower bandwidths should be applied, the synchronization error can become more 
significant what has to be considered during development of corresponding receivers. 
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Abstract: Natural-gradient (NG) adaptive algorithms are known to be superior to stochastic-
gradient (SG) algorithms when the channel to be identified exhibits a known Riemannian 
structure. In sparse channel identification, for example, the improved-proportionate normalized 
least-mean-square (IPNLMS) is a well known NG algorithm which outperforms the classical SG 
normalized least-mean square (NLMS) algorithm. Apart from Riemannian geometry, the L0 
norm is an alternative way to describe channel sparseness. In this work, a new algorithm is 
proposed for sparse underwater acoustic (UWA) channel estimation by incorporating the 
Riemannian metric of the IPNLMS and an appropriately defined L0 norm of the channel taps 
into the same cost function. To cope with the high Doppler frequencies often encountered in 
UWA channels, carrier-phase estimation is incorporated into the algorithm. Based on data 
recorded over a sparse acoustic link, the superior performance of the proposed algorithm to 
existing NG and SG algorithms is validated.  

Keywords: Underwater acoustic communications, channel estimation, natural gradient, sparse 
adaptive filters, NRLS, RLS, IPNLMS, L0 norm. 

1. INTRODUCTION 

In short- and medium-range shallow water acoustic links, the channel impulse responses are 
typically of hundreds of taps. Moreover, these responses are highly time-varying and exhibit a 
sparse structure [1-2]. Stochastic-gradient (SG) adaptive filters, such as the normalized least-
mean square (NLMS) or the recursive least-squares (RLS), not only converge slowly to their 
steady-state values but also these steady-state values are far from the optimum ones. Parameter 
(filter tap) adaptation for this class of filters is performed by minimizing a cost function based on 
the gradient descent method [3]. In sparse channels, however, the negative of the ordinary 
(Euclidean) gradient does not represent the steepest descent direction of the cost function and 
therefore any gradient descent method will perform poorly [4]. 
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The natural gradient (NG) method computes the steepest descent direction of the target cost 
function if knowledge of the Riemannian structure of the parameter space is available. For 
sparse channels, the optimum filter parameters are expected to lie close to the coordinate axes. 
Hence, the parameter space close to the axes should be regarded as warped in the following 
sense: any direction orthogonal to the axes should be larger than the ordinary Euclidean 
distance[5]. Two NG-based sparse adaptive algorithms that are reviewed and compared below 
are the improved proportionate normalized least-mean-square (IPNLMS) and the natural RLS 
(NRLS) [6].    

Motivated by the capability of the L0 norm to describe channel sparseness, the authors in [7] 
proposed the IPNLMS-0 algorithm by replacing the L1 norm with the L0 norm of the filter 
parameters. A novel NLMS was proposed for real-valued channels in [8] by incorporating the L0 
norm into the NLMS cost function. Based on our previous results [9], we propose a better way to 
enhance the performance of the IPNLMS algorithm by constraining its cost function with an 
appropriately defined L0 norm of the filter parameters. In addition, carrier-phase estimation is 
included in the algorithm. The validity of the proposed algorithm is demonstrated by comparing 
its performance with two SG-based algorithms (NLMS and RLS) and three NG-based 
algorithms (NRLS, IPNLMS, and IPNLMS-0) using experimental data recorded over a sparse 
short-range acoustic link in a shallow water area. 

Notation and definitions: Column vectors (matrices) are denoted by boldface lowercase 
(uppercase) letters. Superscripts (·)' and (·)* stand for Hermitian transpose and conjugate, 
respectively. The N×N identity matrix is denoted by IN. For a complex number x, the L1-norm is 
defined as |x|1=|Re{x}|+|Im{x}| and the complex sign function is denoted as 
csgn(x)=sgn(Re{x})+jsgn(Im{x}), where sgn(·) stands for the sign function of a real number. 
For a K-tap complex vector x, the L0 norm is denoted as ||x||0 and equals to the number of the 
non-zero entries of x and the L1 norm is denoted as 






1

01

K

i ixx , where *
iii xxx  . 

2. THE IPNLMS, IPNLMS-0, AND NRLS ALGORITHMS 

The IPNLMS, NRLS and IPNLMS-0 algorithms have been derived for estimation of real-
valued impulse responses encountered in network/acoustic echo cancelation applications. Here, 
we revisit these algorithms in the context of baseband (complex-valued) UWA channel 
estimation coupled with carrier-phase tracking. For the description of these algorithms, the 
following system model is used [10]: 
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where y[n] is the received baseband signal sampled at 2 samples/symbol, h[n] denotes the K-
dimensional sparse impulse response at discrete time n, x[n] stands for the input signal, θ[n] is 
the residual carrier-phase occurring after imperfect Doppler compensation and/or mismatch 
between the transmitter and receiver sampling clocks, and w[n] denotes the additive noise. 
Moreover, some important definitions that will be used below are the following: 
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where ĥ[n] and ][ˆ n stand for the estimated impulse response (or equivalently the adaptive filter 
parameters) and carrier phase, respectively, e[n] denotes the a priori prediction error of y[n], r[n] 
is the channel update vector and ε[n] stands for the a posterior prediction error of y[n].  

Before we describe the various algorithms, we first focus on ][̂n  estimation assuming 
knowledge of ĥ[n]. This is accomplished via a second order phase locked loop (PLL) as 
follows[10]: 
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where Φ[n] is the negative gradient of |ε[n]|2 with respect to ]1[̂ n  and M1, M2 are positive 
phase tracking parameters. 

The IPNLMS algorithm [6] adjusts the filter parameters by using the Riemannian metric 
tensor G[n], a K×K diagonal positive definite matrix that describes the local curvature of the 
parameter space at ĥ[n]. The channel update equation is given by 
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where μ is the step-size parameter and δ is a regularization parameter. The diagonal entries of 
G[n-1]-1 are given by 
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where ε is a small positive constant (a typical value is 10-4) to avoid division by zero when the 
algorithm is initialized and β is the parameter that controls the sparseness of the solution; larger 
β leads to more sparse solutions. Note that when β=-1, the IPNLMS reduces to the standard 
NLMS. In theory, G[n] does not assume a unique form provided that it remains positive definite 
(for instance, the L1 norm could be replaced by other norms in Eq. (5)).  

Similarly to IPNLMS, the IPNLMS-0 [7] tries to better exploit the channel sparseness by 
using ||ĥ[n]||0 instead of ||ĥ[n]||1. For complex channel parameters, ||ĥ[n]||0 may be approximated 
by the differentiable function 
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where the parameter η depends on the range of values of the channel taps. In this case, the 
diagonal entries of G[n-1]-1 are expressed as 
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Using the above Riemannian metric tensor, the NRLS algorithm [6] is summarized by 

KKnnn
nnnnnn

nnn
nennnnnn

IR
sRs

RssRRR

uGs
uGRGhh








 




























2
1]0[,

][]1[]'[1
]1[]'[][]1[]1[][

],[]1[][
][][]1[][]1[]1[ˆ][ˆ

11

112
111

2/1

*2/112/1

 
(8) 

where λ is the forgetting factor and R[n] is an estimate of the input signal autocorrelation matrix. 
The update of NRLS can be explained from the fact that G[n]-1/2R[n]-1G[n]-1/2 is a positive 
definite matrix and so the vector -G[n]-1/2R[n]-1G[n]-1/2u[n]e[n]* becomes a gradient descent 
direction of the NRLS cost function. For a sampling rate of 2 samples/symbol, NRLS 
performance becomes very sensitive to the condition number of R[n]. To circumvent this issue, 
we run two independent NRLS for the even and odd filter parameters and combine the results. 
Note again that when β=-1, NRLS reduces to the standard RLS. 

3. IPNLMS WITH L0 NORM PENALTY 

An instructive way to derive the IPNLMS algorithm is by minimizing the cost function 

0,][][]1[][][ 2
1   nnnnnJ rGr  (9) 

with respect to r[n]* [5]. Since the L0 norm represents the standard description of a sparse 
channel, constraining J1[n] with ||ĥ[n]||0 would accelerate the convergence rate and decrease the 
misadjustment of the channel estimator. Towards this end, we minimize the following cost 
function: 
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Note that J2[n] is not a convex function and thus, the algorithm could stall at a local minimum. 
However, based on experimental data processing from various channels, if α is chosen small 
enough then the algorithm always converges to meaningful results (as we will show below). 

To derive the new algorithm, we employ the complex gradient operator defined in Appendix 
B of [3]. Thus, taking complex gradients with respect to r[n]* we have: 
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Moreover, taking the derivative of the L0 penalty term in Eq. (10) with respect to rk[n]* we have 
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Setting the gradient of J2[n] equal to zero, we finally have the vector-form equation 

  *][][][][]'[][]1[ nennnnnn uvruuG    (13) 

where the components of the vector v[n] are given in Eq. (12). From Eq. (13), we note that is 
rather tedious to solve for r[n] since v[n] depends on ĥ[n] in a non-linear fashion. It is plausible, 
however, to assume that v[n]≈v[n-1] at steady-state and so by using the matrix inversion lemma, 
the channel update equations of the proposed algorithm are:  
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The algorithm described by Eq. (3) and (14) will be called L0-IPNLMS hereafter. From 
Eq.(14) note that the K×1 vector d[n] is the analog of the zero attractor (forces inactive channel 
taps to remain close to zero value) as mentioned in [8]. A good rule of thumb for the choice of η 
in Eq. (6) is 5/q, where q is the smallest non-zero channel tap amplitude. The algorithm is 
initialized for ĥk[0]=0, k=0,…,K-1 and 0]0[̂  . 

4. EXPERIMENTAL RESULTS 

In this section, a comparison between L0-IPNLMS, IPNLMS, IPNLMS-0, NRLS, RLS, and 
NLMS in terms of steady-state misadjustment and channel tracking is reported. The channel to 
be estimated was recorded during the Focused Acoustic Fields (FAF’05) experiment off the 
coast of Pianosa, Italy, in July 22nd, 2005. The transmitter was attached on the hull of the 
research vessel Leonardo 4.5m below the sea level while the receiver was a moving autonomous 
underwater vehicle (AUV). The ocean depth was 85m and the range of the link was 
approximately 700m. The transmitted signal was a 6250bps-rate, QPSK-modulated m-sequence 
with 12kHz carrier frequency. Snapshots of the estimated channel impulse response amplitude 
are given in Fig.1(a). Note that the channel delay spread is approximately 36ms, corresponding 
to a channel length of 454 taps when the received signal is sampled at 2samples/symbol. 

All the algorithm parameters, used for the results below, are given in Table 1. To ensure a fair 
comparison between L0-IPNLMS, IPNLMS, and IPNLMS-0, we chose their parameters such 
that all algorithms show the same initial convergence rate. The parameters of NLMS, RLS, and 
NRLS were chosen for optimum convergence and steady-state performance. 

Fig.1(b)-(e) show the learning curves of each algorithm for various values of the sparseness 
parameter β. Clearly, all the sparse algorithms outperform the standard NLMS and RLS 
corroborating the fact that the channel parameter space is better described by a Riemannian 
metric tensor. Moreover, all the IPNLMS-type of algorithms exhibit superior performance than 
NRLS for all β. Finally, note that L0-IPNLMS outperforms both IPNLMS and IPNLMS-0 when 
β=-0.5, 0, 0.5 while for β=0.9 all three algorithms have the same performance. Thus,               
L0-IPNLMS is a better choice since it is more robust to any mismatch in the parameter β.    
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Fig.1(f) illustrates the carrier-phase estimation for each algorithm for β=0.5. As expected, 
different algorithms give different carrier-phase estimates but the carrier-phase of the              
L0-IPNLMS is the most reliable since it corresponds to the best channel estimate. 
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Fig.1: (a) snapshots of the time-varying channel impulse computed at a rate of 6250Hz. The 
horizontal axis represents multipath delay, the vertical axis represents absolute time and the 

colorbar represents the amplitude; (b)-(e) learning curves for all algorithms for various β; (f) 
carrier-phase estimates for all algorithms when β=0.5. 

 
 

Algorithm parameters λ δ μ α η M1 M2 
NLMS - 0.5 0.8 - - 5 10-3 5 10-5 
RLS 0.993 0.02 - - - 5 10-3 5 10-5 
NRLS 0.996 0.02 - - - 5 10-3 5 10-5 
IPNLMS - 0.5 0.8 - - 5 10-3 5 10-5 
IPNLMS-0 - 0.5 0.8 - 0.5 5 10-3 5 10-5 
L0-IPNLMS - - 3.5 10-3 20 5 10-3 5 10-5 

Table 1: Parameters for all algorithms. 
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5. CONCLUSIONS 

We reviewed and investigated the performance of three NG-based (IPNLMS, IPNLMS-0, 
and NRLS) and two SG-based (RLS and NLMS) adaptive algorithms for sparse underwater 
acoustic (UWA) channel identification. The clear superiority of the NG-based algorithms was 
demonstrated by using signals recorded over a short-range shallow water channel. This result 
validates that sparse UWA channels exhibit an underlying Riemannian structure that can be 
exploited in adaptive filtering operations. Moreover, NRLS showed worse performance than 
IPNLMS and IPNLMS-0 for this particular channel. Finally, a new algorithm, the L0-IPNLMS 
algorithm, was derived by penalizing the cost function of the IPNLMS with an appropriately 
defined L0 norm of the filter parameters. Using the same experimental channel, the L0-IPNLMS 
showed an improved performance compared to IPNLMS and IPNLMS-0 for different values of 
the sparseness parameter β.  
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Abstract: Reliable data transmission technology in underwater acoustic multi-hop networks 
is an important work due to the unique characteristics of underwater acoustic channel, such 
as high bit error rate, large propagation latency, non-reciprocal links and half-duplex 
characteristic. Some studies have shown that hop-by-hop Stop and Wait (SW) protocol is a 
suitable technique to improve data transmission reliability and reduce power consumption in 
underwater acoustic sensor networks. This paper compares the concepts of explicit ACK, 
implicit ACK and mixed ACK mechanisms for hop-by-hop S&W protocol in underwater 
acoustic network from power consumption point of view. Mathematical analysis and 
numerical simulation of three mechanisms are carried out using typical underwater 
acoustical channel parameters. Results show that implicit and mixed ACKs mechanisms have 
obvious advantage on network energy efficiency, especially，mixed ACK can perform well in 
the situation of non-reciprocal channel. But these two mechanisms are sensitive to the length 
of packets, and the length ratio between data packet and acknowledgement packet. In the 
design of underwater acoustic networks, the specific acknowledgement mechanism should be 
selected in the practical applications. When data packet is small, or the lengths of data 
packet and acknowledgement packet are close, implicit and mixed ACK should be selected, 
otherwise, explicit ACK still is a good choice. 

Keywords: Acknowledgement schemes, underwater acoustic sensor networks, energy 
efficiency, packet length 
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1. INTRODUCTION 

ARQ is one of techniques which are used to guarantee reliable data transmission among 
nodes in wire or wireless networks. In underwater acoustic networks, it’s hard to realize the 
full-duplex communication, so Stop & Wait (SW) protocol which is suitable for half-duplex 
operation is consistent with the half-duplex characteristic of the underwater acoustic Modem 
at present. On the other hand, work in reference [1] shows that multi-hop network topology 
has evident advantage in decreasing total energy consumption of networks. References [2] 
and [3] introduce two acknowledgement methods, i.e. End-to-End (E2E) and Hop-by-Hop 
(HBH) SW protocols in terrestrial wireless sensor networks. Theoretical and experimental 
results show that HBH SW is better than E2E SW in energy efficiency aspect. Reference [4] 
presents concepts of implicit and explicit ACKs with HBH SW, but they are applied to 
terrestrial wireless sensor networks. Reference [5] introduces these concepts into underwater 
acoustic sensor networks, and proposes a scheme which switches between implicit and 
explicit ACK according to the changes of error bit rate in the underwater channel to improve 
the energy efficiency of underwater wireless sensor networks. The underwater channel is 
assumed reciprocal whereas in practice the forward and backward link is unsymmetrical 
generally.  

This paper compares the performance of explicit, implicit and mixed ACK mechanisms in 
non-reciprocal channel of underwater acoustic network from energy efficiency point of view. 
In addition, the principle of acknowledgement mechanism selection is drawn according to the 
lengths of packets. 

The contents of the paper are organized as follows. In section two, operations of three 
ACK methods are presented and average power consumptions of them are derived 
respectively in multi-hop line topology networks. Section three compares the energy 
efficiency of three mechanisms by numerical computation choosing typical transmission 
packet lengths and underwater acoustic channel parameters. The last section draws 
conclusions. 

2. MATHEMATICAL ANALYSIS  

Explicit ACK is a straightforward acknowledgement scheme by transmitting back a short 
ACK packet to the previous node to confirm that data packet has been received correctly. If 
the previous node does not receive the ACK packet in a given period of time, it would 
consider a transmission failure and initiate the retransmission.  

Implicit ACK is a new scheme presented recently using the characteristic of omni-
directional propagation of the wireless channel. The present node completes the 
acknowledgement by listening to packet relaying from the next hop node. ACK packets need 
not be transmitted back except for the last node in the link. Therefore overhead and power 
consumed by the networks are decreased a lot. Implicit ACK mechanism has been 
successfully applied to the reliable transport protocols in terrestrial wireless sensor networks 
as reported in reference [6]. However, if the forward and backward link is unsymmetrical or 
non-reciprocal, which is commonly met in underwater sensor networks, implicit ACK 
scheme could lead to a series of unnecessary retransmission along the multi-hop path to form 
an “avalanche” effect. The “avalanche” effect brings great energy waste and network 
congestion. Mixed ACK scheme combines implicit and explicit ACKs together to avoid the 
“avalanche” effect. In mixed ACK mechanism, the implicit ACK method was carried out in 
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general cases. When the “avalanche” effect happens, the node would transmit explicit ACK 
packet back to the previous node to terminate the retransmitting procedure in successive hops. 

The comparison and evaluation of three above ACK schemes are carried out from the 
energy efficiency point of view. We define the average power consumption of successful 
transmission from source to destination as the criterion instead of expected transmission 
numbers used in references [4] and [7] to evaluate the performances of three ACK 
mechanisms. 

1 j-10 j j+1 n-1 n

0ep
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)1( neq

source destination

 
Fig.1: Single multi-hop string topology 

The models are established using one dimension multi-hop line topology shown as figure 1. 
There are altogether 1n  nodes in the network, node 0 is a source and node n is a destination 
which is n hops apart from the source. ejp  and ejq  are forward and backward bit error rate 
respectively in the jth hop. Data and ACK packet lengths are referred as dN and aN , then 
forward/backward data packet error probability and backward ACK packet error probability 
can be respectively given by 

                             dN
ejdj pP )1(1      ,    dN

ejdj qQ )1(1                                         (1) 
aN

ejaj qQ )1(1                                                               (2) 
The energies consumed when transmitting a data packet and an ACK packet are referred as 

dE  and aE , which must guarantee node can receive the packets effectively after the path loss.  
For explicit ACK, packets are considered successfully transmitted in the jth hop only when 

both data and ACK packets are received correctly, so the average power consumption for the 
successful data packet transmission in the jth hop is given by 

                              1
_ ))1)(1((  ajdjdeACKdj QPEE                                             (3) 

Thus the average energy consumed to transmit a data packet through n hops equals to the 
sum of all average energy values of single hop. It can be calculated as 
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In implicit ACK mechanism, for each node j ， ]1,,1,0[  nj  , it is believed that data is 
transmitted successfully only when the node transmit the packet and then hear the relaying 
data correctly from the next hop node. So the average power consumed to transmit a data 
packet in the jth hop is given by 

                                                 1
_ ))1)(1((  djdjdiACKdj QPEE                               (5) 

 If node 1j  has received data from node j  and relayed it successfully to the node 2j , 
but node j doesn’t hear the relaying procedure of node 1j  due to the worse situation of 
reverse channel, then node j  would consider node 1j  hasn’t received its data and initiate 
the retransmission, hence the latter 1 jn  nodes will initiate the retransmission 
successively to form the “avalanche” effect as a result. For the node j , ]2,,1,0[  nj  , the 
probability of generating an “avalanche” effect is 

djdj QP )1(  , and energy consumed by 
retransmission is given by 
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djdjdRdj QPjnEE )1)(1(_                                               (6) 
The destination node n  still needs transmit an ACK packet to complete the data 

acknowledgement, so the average energy consumed to transmit a data packet through n hops 
with Implicit ACK method can be calculated as 
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In mixed ACK mechanism, for each node j ， ]1,,1,0[  nj  , the average energy 
needed for transmitting packets successfully is iACKdjE _ , while node 1j  would transmit an 
ACK when the “avalanche” effect could happen which has the probability of djdj QP )1(   for 

node j ， ]2,,1,0[  nj  . At the time, the average energy for transmitting explicit ACKs is 
1

_ )1()1(  ajdjdjamACKaj QQPEE                                       (8) 
So the average energy consumed to transmit a data packet through n hops using mixed 

ACK method can be calculated as 
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3. NUMERICAL RESULTS 

Firstly, we suppose that underwater channel is reciprocal and invariable, i.e. 
eeejej qpqp  . Assume the packet length is 200bits and 900bits which represent long 

packets and short packets cases respectively. Scale of the network is represented by number 
of relay hops n which ranges from 1 to 20. The bit error rates are 410 ee qp . 

 

(a )Case of ejej qp                        (b )Case of ejej qp   
Fig.2: Energy performance for reciprocal and non- reciprocal channels 

The simulation results are shown in figure 2(a), which includes average energy of three 
acknowledgement mechanisms with different packet lengths. Two groups of curves represent 
the results of long packets and small packets cases respectively. Curves with squares, 
asterisks and circles denote explicit, implicit and mixed ACK mechanism respectively. 
Performances of implicit and mixed ACKs schemes are close and average energy consumed 
by explicit ACK method is highest when the number of hops is small. With the scale of 
network getting bigger, the differences are enlarged obviously. For the 200bits case, average 
energy of explicit ACK method is 50% higher than other two schemes. For the 900bits case, 
energy efficiency of implicit ACK is decreased and even close to explicit ACK with increase 
of hops, but mixed ACK still has evident advantages in average energy consumption. This 
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also shows that implicit ACK method is more sensitive to the length of packets. 
Secondly, we suppose that underwater channel is non-reciprocal which can be represented 

using the bit error rates as )1(  jeej pp  and )1(  jeej qq . This situation is commonly met in 
underwater acoustic channels. A spatial variant linear model is used to describe the variance 
of the error rate, and the error probability in the jth hop is given by  

)
2

(1_
njcpp aveeej                                                          (10) 

)
2

(2_
njcqq aveeej                                                           (11) 

In equation (10) and (11) aveep _ 、 aveeq _  are mean error probabilities of the channel, and 

n is the hop number of total path. Slopes of 1c  and 2c  represent error probability variation 
rates. The meaning of the equations can be illustrated using cluster topology. Because 
multiple data packets are transmitted towards the cluster head, the channel quality close to the 
cluster head node could decrease due to increased traffic.  

Assuming 4
_ 10aveep ， 4

_ 105 aveeq ， 5
1 102 c ， 5

2 105 c . The simulation 
results are shown in figure 2(b). Comparing with figure 2(a), the average energy consumed 
by every protocol increases in total in the same simulation conditions. The reason lies on the 
frequent retransmission due to reverse channel getting worse and error probability becoming 
higher. In addition, it can be observed that the performance of implicit ACK mechanism is 
not stable when the bit error rate of reverse channel increases. In the curves group 
corresponding long packets, the average energy consumed by implicit ACK is over explicit 
ACK when the network scale is increased to 12 hops. However, the performance of mixed 
ACK is much better which always consume the least power among three mechanisms. The 
bigger the network scale is, the more evident the advantage of mixed ACK method. Therefore 
mixed ACK method is effective in preventing “avalanche” effect and reducing the average 
power consumption of network. 

 

(a) small data packet                           (b) long data packet 
Fig.3: Relation between energy efficiency and   value 

The results above are obtained assuming that lengths of data and ACK packets are same. 
But in some applications they could not be same, which makes the energies consumption and 
packet error probabilities for transmitting two kinds of packets different. All of these factors 
would influence the performance of the protocols. Let da NN  denote the length ratio 
between two kinds of packets, ]1,1.0[ . Because only the destination transmits ACK back 
in implicit ACK mechanism, its performance is influenced mainly by packet length and 
channel quality instead of value of  . Therefore we just compare the performance of explicit 
and mixed ACKs with the change of  . Let dN  is 200bits and 900bits respectively，number 
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of hops is 15. The simulation results are shown in figure 4. If   is smaller than 0.2, the 
average energy of mixed ACK is close to explicit ACK mechanism as illustrated in figure 
3(a). With   getting bigger, the advantage on energy efficiency of mixed ACK is showed 
gradually. It’s more evident in figure 3 (b) in which length of data packet is 900bits. When   
is larger than 0.5, the average energy of mixed ACK is even over the one corresponding to 
explicit ACK. From these facts, we can draw a conclusion that the energy efficiency of mixed 
ACK is very sensitive to the ratio between data packets and ACK packets. 

4. CONCLUSION 

Implicit and mixed ACKs mechanisms have obvious advantage on network energy 
efficiency because they ignore or reduce the transmission of ACK packets. Especially，
mixed ACK can perform well in the situation of non-reciprocal channel. But these two 
mechanisms are sensitive to the length of packets, and the length ratio between data packet 
and acknowledgement packet. In the design of the underwater acoustic networks, the specific 
acknowledgement mechanism should be selected according to the practical applications.  

Generally, the data packets are small in underwater or territorial wireless sensor networks, 
and the length ratio between ACK packets and data packets is in the range of 0.5~1. So 
implicit ACK and mixed ACK is suitable to be selected to obtain the good energy efficiency. 
However, if a long data packet could not be divided into small packets and   is very small, 
then explicit ACK still is a good choice. 
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Abstract: We have conducted the basic research on long horizontal communication, 
especially  using time reversal in the deep ocean, which will be applied for communicating 
with an autonomous underwater vehicle (AUV). In our previous studies, a method of 
combining time reversal and adaptive equalization was proposed. In our latest trial, we 
executed experiments of passive time-reversal communication as follow. First, the 
experiment at the range of 1,000 km was performed. This is the first implementation of 
time-reversal communication at such a range. As results, demodulation could be achieved 
well by the proposed method. The second was the experiment of the communication from 
the source near the seafloor to the receiver at the axis of the SOFAR channel at ranges up 
to 180 km. The results show that it is possible to realize communication in transmitting 
from outside the SOFAR channel. The third is the experiment in which the two sources 
transmit signals simultaneously, that is, a kind of experiment of multi-user 
communication. By the simple frequency division multiplexing, it was demonstrated that 
communication from the two sources were accomplished. In this paper, the results in these 
experiments are described. 

Keywords: Time reversal (phase conjugate), underwater acoustic communication, deep 
ocean 
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1. INTRODUCTION  

In Japan Agency for Marine-Earth Science and Technology (JAMSTEC), there is a 
plan to develop a new AUV, which will have the capability to cruise long distances over 
several hundred kilometers, or relatively small multiple AUVs for sea bottom observation. 
Achieving acoustic communication with such AUVs, even at a low data transmission rate, 
will be important. 

Time reversal is an attractive solution to achieve such a long-range communication 
[1,2], because multipath waves converged and ISI are removed. In our previous studies, a 
method of time reversal and adaptive equalization has been proposed, and at-sea 
experiments have been conducted to confirm its performance [3-6]. Our first at-sea 
experiment was executed at the range of 10 km, in which both active and passive time-
reversal communication in the deep ocean were demonstrated. The subsequent 
experiments were executed at ranges from 20 to 40 km in the range-dependent area and at 
the ranges up to 900 km in the outer ocean. In our latest sea trial, we have executed three 
kinds of the experiments. The first is the trial of passive time-reversal communication at 
the range of 1,000 km. The second is the experiments of communication transmitting from 
the source below the SOFAR channel. The third is the experiment of simultaneous 
communication from the two sources. The results of these experiments are described in 
this paper. 

2. THEORY OF TIME-REVERSAL COMMUNICATION 

Here, the theory of time-reversal communication and the proposed method are 
explained in brief. Time reversal can be applied to both multiple-input-single-output 
(MISO) and single-input-multiple-output (SIMO) communication. They are called active 
and passive time reversal communication, respectively. In the case of active time reversal, 
a probe signal transmitted from a point source is received at the array, time-reversed, and 
sent back modulated with digital data. By time reversal focusing, multipath waves 
converged to the original source point so that signals can be received without ISI. In the 
meantime, in passive time reversal communication, a probe and data signals are 
transmitted from a point source, received at an array, cross-correlated and summed over 
the channels. This is equivalent to active time-reversal process, so that the demodulation 
can be achieved. 

In practice, it is difficult to realize demodulation only by time-reversal focusing even 
with a dense-arranged array. Thus, we have proposed a method of processing the signal 
converged by time reversal with adaptive equalization. In this method, after multipath 
signals are utilized by time reversal as cost-effective as possible, residual not-converged 
signals are removed by the adaptive equalizer.  

3. EXPERIMENTAL SET-UP 

The experiments were performed using two kinds of sources and twenty channels 
receiver array. One of the source, indicated as No. 1 source, is the projector manufatured 
with IXSEA, whose maximum source level is 200 dB. The other, indicated as No. 2 
source, is PS-500 D manufactured by EAI, whose source level is 186 dB. The bandwidth 
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of both projectors is 500 +/- 50 Hz approximately. The receiver array was composed of 
twenty receiver systems, which were spaced approximately 6.0 m apart. The total length 
of the array was approximately 114 m. HTI-90-U hydrophones were used as the receivers. 

Fig. 1 (a) shows the bathymetry of the experiment site, whose depth is from 4,000 to 
5,000 m approximately. The measurement of communication at the range of 1,000 km was 
executed on the line between the points A and B as shown in Fig. 1 (a). Other 
measurements were executed on the line between B, C, and D. In Fig. 1 (b) and (c), the 
sound velocity profiles are shown in these measurements. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: (a) Bathymetry of experiment site, (b) sound velocity profiles at points A and B, (c) 
sound velocity profiles at points B, C, and D. 

4. EXPERIMENT RESULTS 

4.1. Communication at the range of 1,000 km 

In the experiment at the range of 1,000 km, the receiver array was moored at the point 
A and the No. 1 source was moored at the Point B. Both the source and the receiver array 
were set at the depth around the axis of SOFAR channel. 

In this experiment, binary phase shift keying (BPSK) was used as the modulation 
method, and the symbol rate was 100 bps. In the proposed method, the adaptive equalizer, 
one-channel decision feedback equalizer (DFE) is used after time reversal focusing. In this 
case, the initial 200 symbols were used as the training signal for the adaptive equalizer. In 
the previous experiments, the probe signal for passive time reversal was transmitted before 
the data signal. However, by sending probe signals, the effective data rate is decreased. 
Then, in this experiment, the initial 200 symbols were used also as a probe signal for 
passive time reversal. 
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In Fig. 2 (a), an example of the signals after chirp correlation received at the array is 
shown. This figure shows that many multipath signals were received. In Fig. 2 (b), one of 
the demodulation results is shown. In these figures and hereafter, “TR” indicates the case 
when only time reversal is used, and “TR+AE” indicates the method in which time 
reversal and adaptive equalization were combined. From these results, it is proved that the 
proposed method, TR+AE, makes communication at the range of 1,000 km possible. 

 
 
 
 
 
 
 
 
 
 
 

Fig.2: (a) Channel response, (b) demodulation results at the range of 1,000 km. 

4.2. Communication from the source near the seafloor 

As known well, there exists acoustic channel duct named SOFAR channel in the deep 
ocean, in which many multipath waves are received to the long range by refraction in the 
typical sound velocity profiles as shown in Fig. 1. The previous experiments were 
conducted inside this duct, so that multipath waves are utilized effectively by time 
reversal. It is planned that AUV will cruise inside this duct and execute communication. 

In the meantime, it is also preferred that it is possible to communicate with AUV near 
the seafloor. Thus, the experiment of communication from the source under the SOFAR 
channel was carried out. In this experiment, the receiver array was moored at the point B 
and the No. 1 source was suspended from the research vessel to the depth of 4,000 m and 
3,500 m at the ranges of 150 and 180 km, respectively, around the point C. 

Fig. 3 (a) shows the signals after the chirp correlation received at the array at the range 
of 150. This shows that signals could be observed at the axis of the SOFAR channel 
although they were transmitted from the depth of 4,000m. Fig. 3 (b) shows one of the 
demodulation results, which demonstrate that it is possible to achieve communication 
from outside the SOFAR channel. 

 
 
 
 
 
 
 
 
 
 

Fig.3: (a) Channel response, (b) demodulation results at the range of 150 km. 
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Fig. 4 similarly show the results at the range of 180 km, in which signals were 
transmitted from the depth of 3,500 m. Fig. 4 (a) show that signals are not received 
considerably at the axis of the duct, differently from the previous case. However, Fig. 4 
(b) shows that communication can be realized. 

 
 
 
 
 
 
 
 
 
 
 

Fig.4: (a) Channel response, (b) demodulation results at the range of 180 km. 

4.3. Communication from the two sources 

As mentioned above, there is a plan to develop multiple AUVs in JAMSTEC. Then, 
basic experiments of multi-user communication in the deep ocean were conducted. 

Active time reversal can focus waves to multiple targets simultaneously in space, as 
known well. Passive time reversal has also been applied to communication from multiple 
sources. Different probe signals from different sources bring anti-cross talk 
communication. However, these probe signals are not always orthogonal, then cross talk 
mitigation is not adequate in practice. First, in this experiment, passive time-reversal 
communication from two sources was tried, however, it was not possible to achieve 
demodulation. For reference, adaptive time reversal is studied to mitigate cross talk in 
time reversal communication by Song et al [7]. 

Then, the experiment adopting the simple frequency division multiplexing method was 
executed. The receiver array was moored at the point B. The No. 1 source was suspended 
from the research vessel and the No. 2 source was moored, around the point D to the depth 
of 1,000 m approximately. Thus the experiments were executed at the range of 500 km. 
The bandwidth of signals transmitted from the No.1 and No. 2 sources are 475+/-24 Hz 
and 525+/-24 Hz, respectively, so that the data rates are 48 bps. These signals are divided 
with sharp band path filters. They were transmitted almost simultaneously. 

Fig. 5 (a) and (b) show the demodulation results from the No. 1 and No. 2 sources, 
respectively. Comparing the results of single user communication, the demodulation 
results are deteriorated because data signals from the two sources were received 
concurrently. However, demodulations with two users were demonstrated well. 

5. SUMMARY 

Various kinds of experiments about passive time-reversal communication were 
executed. It was performed that the communication up to ranges of 1,000 km could be 
realized in the SOFAR channel. The experiments of communication outside nder the 
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SOFAR channel and the communication from two users at the range of 500 km were also 
demonstrated in the deep ocean.  

In future work, experiments including the effects of a moving source or current flow, 
and experiments on active time-reversal communication will be carried out. In addition, 
more quantitative analyses will be conducted to clarify the contribution of time reversal to 
extend the communication distance or to improve communication. 

 
 
 
 
 
 
 
 
 
 
 

Fig.5: Demodulation result from two sources at the range of 500 km. 
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Abstract: Modelling the time-varying Underwater Acoustic Channel (UAC) is useful 
for prediction of a system performance via simulation and thus avoiding expensive 
ocean experiments. However, it is difficult to capture all effects of the signal 
propagation in realistic sense. The main features of UAC for such applications as 
communications and sonar are the multipath propagation and motion induced 
Doppler effect. To account for these features, the time-varying channel Impulse 
Response (IR) needs to be computed. We propose a new method to model the signal 
transmission. The motion induced channel time variations are modelled by sampling 
the trajectory of the source with respect to the receiver at the signal sampling rate 
and calculating the IR by acoustic field computation for each position. This, however, 
results in a high computational complexity. To reduce the complexity, the IR is 
calculated for a relatively small number of the trajectory positions. Local splines are 
used to interpolate the IR variations with reduced memory consumption. This 
approach can be used for arbitrarily long trajectories. The proposed method is 
verified by comparing data from real ocean experiment with simulated data. In the 
high-frequency deep water experiment with a very fast moving source transmitting 
OFDM communications signals, the ray tracing field computation is used. The IR 
variations and the detection performance obtained in the simulation of an OFDM 
modem are similar to that from the experiment. The proposed method can be used for 
modelling acoustic signal propagation for underwater communication, sonar, 
navigation, and other systems where the source and/or receiver are moving. 

Keywords: channel simulator, channel modelling, interpolation, time-varying channel 
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1. Introduction 

The underwater acoustic propagation channel is multipath and time-varying. 
Time variations to be taken into account when developing such systems as sonar 
and acoustic communication systems are often due to relative movement of the 
signal source with respect to the receiver [1]. It is a widely spread opinion that 
only real underwater experiments can prove that an acoustic system has high 
performance. This is highly true. However, such experiments are expensive. 
Moreover, they are usually done only in a particular acoustic environment or in a 
few different environments. Also, due to significant time and space variability of 
the underwater acoustic environment, it is almost impossible to compare two 
different systems in the same conditions. E.g., in underwater acoustic 
communications, many techniques have been proposed to deal with the Doppler 
effect (see e.g. [2, 3, 4]), and it would be very useful to compare the techniques in 
the same environments. Therefore, developing a simulator which models the 
signal propagation in time-varying underwater acoustic channels is highly 
desirable. 

Extensive effort has been devoted to this subject.   A channel simulator [5] is 
based on a „static‟ channel impulse response computed by solving the underwater 
acoustic wave propagation equation using the normal mode method or ray tracing 
method. This does not account for the movement of the transmitter and receiver; 
thus, the Doppler effect is not considered in such channel simulators. A channel 
simulator in [6] models fluctuations of the amplitude and phase of each eigenpath 
(with a fixed delay) as random processes. However, this model does not give a 
physical relation between these fluctuations and the motions, therefore, it cannot 
be used to model signal for arbitrary source and receiver motions. The simulator 
proposed in [7] does incorporate the Doppler effect by adding different Doppler 
frequency shifts to different eigenpaths and use some statistical assumptions to 
model variations of the impulse response. However, for a fast moving source or a 
source moving for a long distance, the structure of the impulse response, i.e., the 
eigenpath number and their delays, may change significantly; in these cases, it is 
difficult to define statistics of these variations. A more advanced channel 
simulator [8] accounts for the channel time variations according to the time-
varying source/receiver positions. The time-varying eigenpaths are generated by 
interpolating pre-computed eigenpaths at a regular grid in the area of interest. For 
complicated and long-time signals, this approach results in high complexity. 

In this work, we propose an approach for simulating underwater acoustic 
signals propagating through a time-varying multipath underwater acoustic channel 
caused by transmitter and/or receiver motions. We sample the movement 
trajectory at a low rate and compute „waymark‟ impulse responses at these 
sampling instances by solving the wave propagation equation. The waymark 
impulse responses are then interpolated in time to obtain impulse responses for 
each sampling instant of the source signal. The proposed simulation approach can 
deal with arbitrary underwater movement. 
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2. Underwater acoustic channel simulator 

In a time-variant channel, the received signal ( )y t  is given by 

 ( ) ( ) ( , ) ,y t s h t t d  



         (1) 

where )(ts  is the source signal and ( , )h t   is the time-varying channel impulse 
response. In digital form, for a specific sampling frequency 1/sf T , we have:

 ( ) ( ) ( , ).
i

y nT s iT h nT nT iT




         (2) 

For modeling the propagation channel, we need to find the channel impulse 
response ( , )h nT iT  at each sampling instant nT . 

Generating the channel impulse response: The channel impulse response can 
be computed by solving the wave equation that governs the propagation of 
underwater acoustic waves. The wave equation, the solution of which is an 
acoustic field p  generated by an isotropic point source, is given by [9]: 

2

2 2
1 1 ( ) ( , ),

( ) s
p s t z z r

c z t r
 

 

  
      

 
     (3) 

where  is the density of water, )(zc is the sound speed at depth z , sz is the 
source depth, and r  is the horizontal distance from the source. With the 
knowledge of the environment parameters such as the sound speed profile (SSP) 
and the boundary conditions (bottom and surface parameters), the wave equation 
(3) can be solved by different methods. For computing the impulse response, two 
ways can be used.  One is to compute the acoustic field for harmonic signals 
representing the signal of interest by using the normal mode method [10]. The 
impulse response is then obtained from Fourier synthesis of the resulted complex 
acoustic field for the harmonics. The other way is the ray tracing method [11], 
which is based on computing the eigenpaths starting from the source and hitting 
the receiver in the end. The propagation delay and the complex amplitude of each 
eigenpath can be used to compute the impulse response for a given signal 
bandwidth. 

There are well developed programs for solving the wave equation. With 
accurate environment description, these acoustic field computation programs can 
provide results very close to those in realistic cases [12]. For low frequencies, the 
normal mode method such as KRAKEN [10], which provides accurate field 
computations with high computation speed, can be used. For high frequencies 
signals when the normal mode method becomes slow, the ray tracing method such 
as BELLHOP [13] can be adopted to compute eigenpaths. 

Interpolation of the channel impulse response: According to (2), the impulse 
response should be represented at the same sampling rate as the transmitted and 
received signals. By mapping the signal instances nt nT  to the source range 

( )nr t and depth ( )nz t and computing the acoustic field for these positions, we can 
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generate the time-varying impulse response ( , )nh t  . However, solving the wave 
equation for each signal sample would require a large amount of field 
computation. E.g., to model a 10 -sec signal at a sampling rate of 10 kHz, 105 

impulse responses should be generated. To reduce the complexity, we sample the 
trajectory at a much lower rate, compute a relatively small number of waymark 
impulse responses by the field computation, and find the impulse response at each 
(high-rate) sampling instant by interpolation in time. With this approach, for the 
example above, assuming that the source is moving at a constant speed of 10 m/s, 
we may sample the range trajectory at a low rate of 10 Hz, and only102, instead of 
105, impulse responses are calculated by the field computation. 

With a high speed of the source and low-rate sampling of the trajectory, direct 
interpolation of the waymark impulse responses may result in low accuracy due to 
fast variation of the propagation delay. To improve the accuracy while keeping the 
trajectory sampling rate low, we align the waymark impulse responses so that to 
reduce the time variations. This is done by shifting each waymark impulse 
response by a specific delay. This delay is then taken into account by delaying the 
produced signal. The shifting delay can be the delay of the first arrival or a delay 
related to the speed of the source. For the interpolation, we use local B-splines 
[14]; this provides a high accuracy and requires a relatively small memory space 
for the computation, which does not depend on the duration of the simulated 
experiment. 

 
3. Numerical and Experimental Results 

In this section, we verify the proposed approach by comparing simulation 
results with real experimental data obtained in a deep water experiment in the 
Pacific Ocean. During the experiment, an acoustic source, at a nominal depth of 
200 m, was towed by a fast moving vessel at a speed of about 6 m/s towards the 
receiver. A hydrophone at a distance of about 40 km from the source and a depth 
of about 400 m was used to receive the signals. OFDM symbols were transmitted 
in a frequency band of 2560 Hz to 3583 Hz with 1 Hz frequency step between the 
subcarriers. The duration of each OFDM symbol is 1 s (see more details in [15]) 
and the data rate is about 500 bit/s (~0.5 bits/s/Hz). The experiment lasted for 
about 360 s. SSPs measured in the nearby areas before the experiment are shown 
in Fig. 1. The averaged SSP shown in Fig. 1 was used in our simulation and the 
BELLHOP program was used to compute the eigenpaths. 
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Fig. 1: Measured and averaged Sound Speed Profile (SSP) for the Pacific Ocean 
experiment 

Fig. 2 (a) shows the estimated impulse responses obtained by applying a 
channel estimator to the experimental data. It is seen that there are some 
fluctuations of delay for each multipath component. The fluctuations have similar 
shape for all multipath arrivals, e.g., if the delay of the first arrival at a time instant 
increases, the delay of later arrivals will also increase, and vice versa. This feature 
is due to the fluctuation of the source range instead of source depth, which would 
result in opposite fluctuations for some multipath arrivals. The fluctuations were 
caused by the towing mechanism and their spectrum matches well to the surface 
waves and has an average period about 10 s (see Fig. 4 below). Therefore, in the 
simulation, the source is assumed to be moving at a constant depth with a time-
varying speed. For simplicity, the range of the source is modeled as: 

 0 0( ) sin(2 / )r t r v t t     ,      (4) 

where 0 42.16r   km, 0 6v   m/s, 1.0  m/s, and 10  s. The source trajectory 
is sampled at every 0.5 s, i.e., on average every 3 m.    

 
 (a)               (b) 

Fig. 2: Estimates of the impulse response obtained from the: (a) experimental 
data; (b) simulated data. 
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The same channel estimator is used to estimate the impulse responses from the 
experimental and simulated data; the results are shown in Fig. 2. Comparing Fig. 2 
(a) and (b), we can see that the proposed simulator well describes the effect 
caused by the source range fluctuations. Of course, due to the lack of knowledge 
of the environmental parameters, the simulated impulse responses are not exactly 
the same as those in the experiment. 

In underwater acoustic systems with a time-varying speed of movement, the 
Doppler effect is the main problem that influences upon the performance of 
communications. Fig. 3 shows fluctuations of the Doppler frequency for the 
strongest path estimated from the experimental and simulated data. In the 
simulation, as the movement is assumed with a sinusoid time-varying speed [see 
equation (4)], the time variation of the Doppler shift also has a periodic structure. 
The period of the variations is 10 s, as indicated in (4) and verified by its spectrum 
shown in Fig. 4. For the experimental data, the variation of the Doppler shift is 
more noise like, as shown in Fig. 3, and corresponds to a more complicated 
movement.  

 
Fig. 3: Fluctuations of the Doppler shift estimated in the Experiment (left) and in 

the Simulation (right) 
 

 
Fig. 4: Spectrum of the Doppler shift variation for the Experiment (left) and the 

Simulation (right) 

For the experimental and simulated data, we use the same receiver. In the 
receiver, the channel impulse response and the Doppler compression factor are 
estimated with a sampling interval. The BER performance of the receiver is 
investigated as a function of the ratio between the sampling interval and the 
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OFDM symbol duration (see Fig. 5). The estimated samples of compression factor 
are used for linear interpolation to recover the time-varying Doppler compression 
factor. The Doppler effect is compensated by resampling the received signal 
according to the recovered time-varying compression factor.  

The average SNR in the simulated signal is set to 25 dB, which is the same as 
measured in the experimental data. It is seen in Fig. 5 that the BER performance 
of the receiver obtained with the simulated data very well matches to that in the 
experiment. With higher rate of updating the Doppler compression factor and the 
channel impulse response, the receiver has lower BER. This is because the 
modelling error in the linear interpolation of the Doppler compression factor is 
reduced as more basis functions (smaller sampling interval) are used. When the 
rate is further increased (the sampling interval is reduced), the statistical error 
caused by noise increases and dominates in the total interpolation error. As a 
result, the BER increases. The small difference in the optimal sampling interval 
for the experiment and simulation is due to the mismatch of the movemen, as 
explained above. This good match between the simulated and real experimental 
data verifies that the proposed simulator can be efficiently used to predict the 
performance of underwater acoustic modems.  

 

Fig. 5: Bit Error Rate (BER) versus the rate (sampling interval/symbol duration) 
of estimating the Doppler compression factor 

4. Conclusions 

In this paper, we have proposed a new underwater acoustic channel simulator 
for modeling the time-varying multipath underwater acoustic channel for such 
applications as sonar and underwater acoustic communications. The Doppler 
effect is taken into account in a realistic manner by introducing the motion of the 
signal source with respect to the receiver. The complexity of generating the time-
varying channel impulse response is reduced by adopting local B-spline 
interpolation. The simulator is successfully verified by comparing the simulated 
data to real experimental data in a deep water scenario.  
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Abstract: An adaptive Doppler-shift compensation scheme for wideband orthogonal 
frequency division multiplexing (OFDM) is proposed in this paper. This approach 
accommodates a time-varying Doppler, where the time scaling factor for each OFDM 
symbol is frequently estimated depending on the inherent periodicity of the cyclic-prefix 
and its preceding neighbours' values. The proposed technique relies on a single preamble 
of a packet consisting of multiple OFDM symbols to detect the start of the packet, the 
concept of nearest neighbour rule to facilitate smoothing between symbols, and a dynamic 
symbol synchronization point to update the time scaling factor. To accomplish this, an 
adaptation step is derived involving the weight of the nearest neighbour's time scaling in 
estimating the current re-sampling factor. In this paper, the synchronization point is 
updated frequently and therefore an adaptive time scaling is obtained implicitly. The 
velocity perturbation is tackled by employing the concept of nearest neighbour rule in 
addition to adopting a dynamic synchronization point. Instead of utilizing the whole guard 
interval, the proposed system has exploited a finite length window of the cyclic prefix for 
correlation in each OFDM symbol to frequently estimate the Doppler shift. No iterative 
computation is required for the interpolation factor estimation. Furthermore, the 
proposed algorithm needs to only buffer one OFDM frame before data demodulation 
instead of buffering the whole data packet. Thus, it necessitates a lesser degree of 
complexity and memory requirements. An experiment has been conducted in the North Sea 
during 2009 and the proposed algorithm has been compared with the block Doppler 
compensation technique. Results show that there is variation in speed during the packet 
time, therefore the proposed system surpasses the block technique. It is confirmed that the 
time scaling factor of the adaptive system is estimated for each OFDM symbol, whereas 
the block approach fails in estimating these variations. 

Keywords: Doppler-shift, OFDM, Underwater acoustic communications. 
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1. INTRODUCTION 

 Recently, OFDM has gained considerable interest for use in underwater acoustic 
communication (UWAC). This is due to the simplicity of the modulation/demodulation by 
means of fast Fourier transform (FFT). However, the inherent Doppler shift in the channel 
due to the transmitter/receiver motion and the sensitivity of the OFDM to the Doppler 
effect, necessitates a considerable effort to mitigate the consequent synchronization 
impairments. Previous studies on UWAC have addressed several approaches for 
synchronization in the presence of Doppler distortion for both single-carrier (SC) and 
multi-carrier (MC) systems. For an SC system, a block-based approach [1] has been used 
to estimate and compensate the Doppler-shift. This approach is suitable for constant speed. 
For MC systems, the authors in [2] have utilized two LFMs and null sub-carriers for re-
sampling factor estimation and residual Doppler compensation respectively, whereas two 
identical OFDM symbols preceded by a cyclic prefix (CP) have been utilized as a 
preamble by [3] instead of LFM. On the receiver side, a point estimate of the Doppler 
scale is adopted, therefore it is suitable for situations where the Doppler scale stays 
constant or varies slowly during the packet time. 

2. SYSTEM DESIGN 

 Figure 1 (a) depicts the block diagram of the transmitter of the proposed system.  The 
incoming bit stream is encoded by applying a convolutional code of ½-rate and a 
constraint length of 5.  The output codeword is then permuted by passing it through an 
interleaver to produce scrambled coded bits.  These interleaved bits are then mapped using 
a quadrature phase shift keying (QPSK) based on non-Gray labelling. In practical OFDM, 
the peak to average power ratio (PAPR) reduction technique should be considered. This 
system adopts a selective mapping approach to determine the optimum phase at the 
transmitter which will be used on the receiver side. The resulting OFDM symbol is then 
modulated via an IFFT operation. A prefix of length gN  consisting of data symbols 
rotated cyclically is added to each symbol to form an OFDM frame. This cyclic-prefix 
(CP) is chosen to be longer than the delay spread to minimize the inter-symbol 
interference (ISI).   Figure 1 (b) illustrates the receiver block diagram of the proposed 
system. 

 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: Block diagram of the proposed system: (a) Transmitter; (b) Receiver. 

Convolutional code 
& Interleaving PAPR reduction 

OFDM Modulation 
&CP Insertion 

bits 

Doppler shift 
& CFO 
Estimation 

Re-
sampling 

FFT 
Modulator & 
CP removal 

Channel 
Estimation 

BCJR 
Decoder 

bits 

(a) 

(b) 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1432 -



 

Due to the Doppler effect, errors in the symbol timing will be increased or decreased 
proportionally to the Doppler shift Δ. Therefore,   samples should be removed or added 
to align the symbol within its period. The redundancy introduced by the guard interval can 
be exploited to measure the expansion/compression in the received samples by correlating 
the first gN samples with an anticipated observation window, hence the Doppler shift can 
be estimated as: 

f

f

f

f

L
L

L
L








ˆ  

 
(1) 

where fL  represents the transmitted samples length and fL   is the Doppler-shifted 
received samples length respectively.  

3. ADAPTIVE DOPPLER COMPENSATION 

  Until now, the timing metric and the time scaling factor are estimated on a symbol-by-
symbol basis, and assumed to be independent between symbols, thus it can be considered 
a semi-adaptive system. An alternative adaptive system is to estimate these parameters in 
accordance with their preceding neighbours' values. To formulate the adaptation step, the 
following assumption is adopted: 

Assumption 1: Due to the Doppler shift, the OFDM symbol can be expanded towards 
the far edge or compressed in the opposite direction. In both cases, the edge between the 
current symbol and its nearest neighbour should be smoothed to mitigate both the channel 
and noise effects. 

 Consider a set of  OFDM symbols; the adaptation equation for the symbol timing is: 

,)(ˆ)()(ˆ
1

0
pnpnWn

p

p






  
 

(2) 

where )( pnW  is a weighting coefficients vector of p symbols. The fractional part 
of this timing metric is exploited to update the synchronization point at the start of each 
OFDM symbol. 

3.1. Weighting coefficients 

Although there are many possible choices of weights W found in literature [4], the 
weights in this paper have been chosen in accordance with the concept of the nearest 
neighbour rule [5] and the premised acceleration. To be more specific, let us consider this 
assumption: 

 Assumption 2: If sT  is 256 ms, then it needs approximately sT4  to accelerate 

to )m1( 2s . From this assumption, we can infer that the maximum acceleration in each 
OFDM symbol is approximately 2( 0.25 m )s , i.e., within the symbol time. This leads us 
to use the concept of the nearest neighbour rule [5], where the cardinality [4] is 
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proportional to how close the neighbour symbol is to the current one. This is practically 
true and therefore assigning the nearest symbol )1(ˆ n  higher weight means that its 
reliability is high, on the assumption that the Doppler shift is varied linearly from symbol 
to symbol while the weight decreases with time. Consequently, each OFDM symbol in the 
packet can be assigned a weight; however, this is inexpedient due to the convergence 
speed. An alternative is to consider a dedicated group of symbols p from the transmitted 
packet. This group consists only of the information related to the two previous symbols' 
timing metric, with their weights involved in estimating the new timing metric. This 
weighting vector of tripartite coefficients is empirically obtained and should satisfy the 
following: 

 

,if0)(,1,10   ppnWniWW ii   
(4) 

3.2. Channel and fractional CFO estimation 

Thus far, we have only estimated the time scaling factor. Based on this factor, the 
coarse estimation of the Doppler frequency shift is then approximated as 

 

ˆ( ) 1d cF coa f    
(6) 

In order to only re-sample the integer part, this coarse estimate is quantized.  
Let    denote rounding toward the lower integer, then ˆ ˆ( ) ( ) 0.5d dF quant F coa  

 
, 

and 
 

ˆ ( )ˆ c d
new

c

f F quant
f


   

 
(7) 

An efficient linear interpolation method is used in the receiver to re-sample the OFDM 
block with a re-sampling factor ˆ

new  for the whole OFDM. The subsequent stage is to 
compute the residual Doppler shift ̂ based on the following coarse carrier frequency 
estimation: 

 

ˆ ˆˆ ( ) ( ).d dF coa F quant     
(8) 

After re-sampling at the time-domain and CFO compensation, the channel estimation is 
implemented using the least square (LS) method using pilot sub-carriers, which are 
distributed based on a comb method. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1434 -



 

4. EXPERIMENTAL RESULTS 

The (BERs) of the experiment are plotted in Fig. 3 (a). Only in packets (12, 18) of this 
figure can it be seen that no significant reduction in bit error was found with the proposed 
technique compared with the block method. This is due to an error in estimating the time 
scaling factor at a fixed speed. Looking at Fig. 3 (b), it is apparent that the speed of packet 
(P12) was fixed; thus, estimation of the average time scaling during a long packet time is 
approximately equal to the actual Doppler-shift, and consequently the block technique 
outperforms our proposed system. 

 

 
Fig.2: (a) Channel impulse response over a range of 1 km, (b) Estimated speed during 

the transmitted packets duration of 51.2 s. 
  

 

Fig.3: (a)Bit error rate of the proposed system (AD) and block technique (BLK) over 
each packet of 8920 bits where, 510 and dotted line represent zero error and a system 
without adaptation, respectively. (b) Estimated time scaling factor caused by Doppler-shift 
over each OFDM symbol for packets (P12, P2). 
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Fig. 2 (b) presents, however, that there is a variation in the speed during the packet 
time; therefore the proposed system surpasses the block technique. This is evidenced by 
Fig. 3 (b), where the time scaling factor of the adaptive system in packet 2 (P2-AD) has 
been estimated for each OFDM symbol; whereas in the same packet, the block approach 
(P2-BLK) fails in estimating this variation. Furthermore, compared with a semi adaptive 
system which processes symbol-by-symbol independently, appearing in the dotted line, it 
is shown in Fig. 3 (a) that there is an improvement in the performance due to adopting 
smoothing of the timing metric. The achieved data rate was 3.2794 kb/s and the bandwidth 
utilization factor was 0.8198 bits/sec/Hz for the quadrature phase shift keying (QPSK) 
modulation scheme.  The carrier frequency was set to 12 kHz, whereas the sampling 
frequency was 48 kHz. Utilising 1024 sub-carriers and a bandwidth of 4 kHz led to a sub-
carrier spacing of 3.90625 Hz. The guard interval was set as 16gT  ms. 

5. CONCLUSIONS  

This paper has presented an adaptive system to estimate and compensate Doppler-shift, 
and has discussed the importance of using this system in a variable speed environment 
over block Doppler compensation. Both techniques have been tested and applied to 
experimental data over a 1 km range using QPSK. The proposed algorithm adopts a 
dynamic synchronization point to estimate both Doppler and CFO by exploiting the 
inherent periodicity of the cyclic prefix. It has been shown that adopting the nearest 
neighbour rule achieves good performance in terms of mitigating the error in estimating 
the time scaling factor compared with the symbol-by-symbol technique, which processes 
each symbol independantly. Furthermore, the investigation results related to the proposed 
system show that it accommodates a channel of variable Doppler speed within a packet 
time, which is more realistic than a channel of fixed acceleration.    
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Abstract: The available bandwidth is quite limited in underwater acoustic communication 
channel. Therefore, it’s needed to decrease the bit rate of speech coding greatly when 
digital speech signal is transmitted underwater. It is more convenient to base this work on 
MELP (Mixed Excitation Linear Prediction), which was selected as the 2.4kbps Federal 
Standard speech coder by United States DDVPC (Department of Defence Digital Voice 
Processing Consortium). At first, the redundancy reduction of MELP 4-level LSF (Linear 
Spectrum Pair Frequency) VQ (Vector Quantization) CB (codebook) is considered. The 
normal initial CB choosing algorithm is used to choose a new 2-level initial CB. During 
this, some problems were found, such as: 1) the MELP CB is not arranged appropriately; 
2) normal algorithm doesn’t converge well in some conditions; 3) convergence result is 
not unique; 4) weighted distance doesn’t fit the second level CB training, etc. In this 
paper, an improved initial CB choosing algorithm, whose iterative time decreases, was 
proposed to conquer some of the problems above. The 2-level initial CB was trained by 
LBG (Linde, Buzo, Gray) algorithm, in order to make the 2-level CB cause perceptual 
degeneration as small as possible compared with MELP 4-level CB. 

Keywords: MELP, LSF, VQ, Codebook 
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1. GENERAL 

The MELP standard converts analog voice to 2.4kbps digitized voice and reconverts it 
back. But, its bit rate is still high for UACC (underwater acoustic communication channel) 
because of UACC bandwidth limit. This work was aimed at making speech coding bit rate 
low enough for UACC within the compass that speaker was distinguishable at receiving 
end [2]. 

A 2-level CB was chosen by improved initial CB choosing algorithm and trained by 
LBG algorithm to replace the 4-level CB of MELP, so that the bit rate decreased 222 bits 
per second. At last, some unimportant coding bits which affect perception little were 
removed. 

The paper is organized as follows. MELP standard is simply introduced and the 
unnecessary coding bits are pointed out in section 2. In section 3, the improved initial CB 
choosing algorithm is proposed, which decreases iterative time and converges to a better 
point compared with normal algorithm. The results are given and analyzed in section 4.  

2. MELP STANDARD INTRODUCTION 

The MELP algorithm grew out of work done in the mid 1990‟s on another military 
coder known as LPC-10e. It was selected as the new 2.4kbps Federal Standard speech 
coder by the United States DDVPC (Department of Defence Digital Voice Processing 
Consortium) after a multi-year extensive testing program [2]. 

A MELP frame interval is 22.5ms in duration and contains 180 voice samples, at a 
sampling rate of 8kHz. Recommended analog requirements are for a nominal bandwidth 
ranging from 100Hz ~ 3800Hz. 

 
Fig.1: MELP Analysis Process 
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MELP analysis process of voiced frame refers to Fig.1, in which the rectangle means 
calculation or process, and the ellipse denotes data result. The results in bold ellipses with 
the same Roman numerals on the top-left are identical so as to avoid crosses. The coding 
result contains 53 bits. One synchronization bit added makes 54 bits per frame in all.  

Fourier magnitude (FS_MAG1-10), band pass voice strength (BPVC1-5) and aperiodic 
flag (JITTER) are meaningless for unvoiced frame, so they are replaced by FEC (Forward 
Error Correction) codes, which protect the first stage LSF index (7 bits) and both gain 
indices (8 bits). The synthesis process of MELP is shown in Fig.2. The inputs in ellipses 
except the synthesized speech are all unpacked from the coding result in Fig.1. 

 
Fig.2: MELP Synthesis Process 

As shown in Fig.1 and Fig.2, GAIN0, which is only quantized to 3 bits, is the energy of 
front half frame. It is so rough that we need not transmit GAIN0, because it can be educed 
by interpolation algorithm at the receiving end. FS_MAG1-10, 8 bits quantized, are 
Fourier magnitudes of LPC residual. They are unimportant for synthesized speech; maybe 
synthesized speech quality could be better if we remove them. 

3. REDUNDANCY REDUCTION OF LSF VQ CODEBOOK 

In MELP standard, LSF1-10 are quantized to 25 bits by a 4-level vector CB (7, 6, 6, 6 
bits respectively). This means there are 225 ten-dimensional float vectors if we expand the 
4-level vector CB progressively. While most voice features are covered, redundancy exists 
inevitably.  

A 2-level new vector CB (11, 9 bits respectively, 20 bits in total) was chosen by the 
improved CB choosing algorithm and trained by LBG algorithm to replace 4-level vector 
CB of MELP, so that 5 bits per frame are saved. The flow chart of the 2-level codebook 
generation is shown in Fig.3 [1] [3]. 

 
Fig.3 2-Level Ten-Dimensional Vector Codebook Generation 

Each original CB data base occupies 1.25GB storage space in PC. It takes much time to 
traverse once. An efficient initial CB choosing algorithm is needed, otherwise, not only 
much more time would be wasted, but the chosen initial CB couldn‟t cover the most voice 
features contained in original CB. The synthesised speech should be poor degenerated. 
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The process of normal initial CB choosing algorithm refers to references [3]. Normal 
algorithm converges fast, and the chosen vectors distribute more uniformly in original CB, 
especially when the CB search range threshold, called R, is set to almost 100%, for 
example, R = 99.95%. But, problem comes at the same time. Normal algorithm would 
relapse into a bad “vale” and swing back and forth if R is too close to 100%, because the 
original CB of MELP doesn‟t distribute uniformly in ten-dimensional vector space.  

Table 1 records the normal algorithm CB choosing process of the second-level, which 
needs 29 = 512 ten-dimensional float vectors. R was set to 99.95%. Referring to Table 1, 
after 11 times, the algorithm gets to a “vale” and can not converge any more. The common 
solution is set R lower, 90% ~ 95%, for example, but the initial CB chosen in this way 
would not cover the most voice features, and the synthesised speech quality would be 
poorer than the one in which R is higher.  

Time Distance Threshold (T) Searched Range Vectors Chosen 
1 409596.985119 100.0% 11 
2 156466.048315 100.0% 87 
3 59770.030456 17.57% 512 
… … … … 
9 81811.247742 100.0% 499 
10 81025.012370 100.0% 507 
11 80724.670458 100.0% 508 
… … … … 
15 80718.275033 100.0% 508 
16 80711.880881 94.85% 512 
17 80718.192467 100.0% 508 
18 80708.111906 94.85% 512 
… … … … 

 
Table 1: Converge Data of Normal Codebook Choosing Algorithm 

An improved initial CB choosing algorithm was proposed to conquer the problems 
above. The WD (weighted distance) d2 of original vector f and training vector f ’ is 
defined as[2]: 

d2( f , f ‟)=∑wivi( fi－fi‟)2, i = 1,…,10 (1) 

In which, for the first-level initial CB: 

wi = P( fi )0.3, i = 1,…,10; vi = 1.0, i = 1,…,8; v9 = 0.64; v10 = 0.16 (2) 

P( fi ) is the inverse prediction filter power spectrum evaluated at frequency fi. Before fi 
minuses fi‟, the frequency separations between each dimension of fi must be clamped to 
bigger than 50Hz, and the value of the i+1th dimension must be bigger than that of the ith. 
For the second-level initial CB which is composed by residual vectors: 

wivi =1.0，i = 1,…,10 (3) 

And there is also no need to clamp the frequency separation between dimensions.  
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Taking the first-level for example, the algorithm procedure is listed as follows: 

a) Generate the MELP original CB for the first-level, which contains 225 original ten-
dimensional float vectors. The number of training vectors to be found is supposed 
to be V (V = 211 for the first-level and 29 for the second-level in our settings). The 
original CB of second-level also contains 225 original ten-dimensional float vectors, 
which are the differences of the first-level original CB and the first-level final CB. 
Assign searching range threshold to R (0 < R < 100%). 

b) Calculate the maximum WD Δmax and the minimum one Δmin, referring to Eq. 
(1)~(3),  and set the distance threshold T = (Δmax+ Δmin)/2.  

c) Choose the first original vector in original CB as the first training vector. Now, X = 
1 training vectors have been found.  

d) Search the original CB, calculate WDs, X in total, between the Nth (1 < N < 225) 
original vector and all the training vectors. If all the WDs of the Nth

 original vector 
are bigger than T, X increases 1, choose the Nth

 original vector as the Xth training 
vector. Otherwise, record it as a suboptimal vector. Keep S suboptimal vectors, and 
sort them ascending by the difference of T and the mean of X WDs. 

e) If X and V are equal and searched range doesn‟t achieve R, new T is update to 
0.618×Δmax + 0.382×T. Return to c). 

f) If V－X > S and the original CB has been traversed, new T is update to 0.382×
Δmin+0.618×T. Return to c).  

g) If V－X (can be 0) < S and searched range of the original CB is no less than R, the 
first V－X suboptimal vectors are chosen as training vectors. The initial CB is 
composed of all the training vectors. End. 

Referring to Table 1, if we set S = 10, when iterative time equals 10, V－X = 5. 
Therefore， the first 5 suboptimal vectors were chosen as the training vectors. The 
iteration ends. Referring to Fig.3 and Table 2, each level initial CB was trained by LBG 
algorithm to get the corresponding level final CB then. The end threshold of LBG, which 
is the variation rate of WD (weighted distance) total sum, was set to no more than 0.01%. 

4. RESULTS ANALYZATION 
Algorithm       

Codebook 
Normal  
90.00% 

Improved  
99.95% 

Choosing First-Level Initial from Original 12 14 
Training First-Level Initial to Final by LBG, 

Final WD total sum 
35 

1.924845×1013 
32 

1.924783×1013 

Choosing Second-Level Initial from Original 10 9 
Training Second-Level Initial to Final by LBG, 

Final WD total sum 
45 

4.429692×1012 
45 

4.440489×1012 

 
Table 2: Comparison of LBG algorithm for Different Initial Codebooks 

The comparison of LBG algorithm iterative times and results are listed in Table 2. 
Because the normal algorithm could not converge when searching range threshold was 
high, the searching range threshold was set to 90.00%. Referring to Fig.3 and Table 2, 
although improved algorithm iterated 2 times more than the normal algorithm, the time of 
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once iteration of training progress is much longer than that of choosing progress. 
Therefore, the improved algorithm saves time even though the searching range of normal 
algorithm is 9.95% lower.  

Two pieces of representative voice were chosen as samples, which were male and 
female voices in English. The contents are:  “They took the cross town bus. I use ketchup 
on fish. The goose laid an odd egg. That quiz was much too hard.” “That is the oldest 
wine. Line up at the screen door. Tom and Thomas discussed. We watch the new 
program.” respectively. The PESQ (Perceptual Evaluation of Speech Quality) [4] MOS 
(Mean Opinion Score) grades are listed in Table 3, where „2-level Normal CB‟ and „2-
level Improved CB‟ are the final CBs referenced in Table 2, „11 bits‟ denotes the 
quantization bits for GAIN0 (3 bits) and FS_MAG1-10 (8 bits) mentioned in Part 2. 

MELP BIT RATE MALE FEMALE 
 Standard 2.4kbps 3.233 3.238 

2-level Normal CB 2.18kbps 3.195 3.196 
2-level Improved CB 2.18kbps 3.233 3.238 

Normal CB & 11 bits Removed ~1.69kbps 2.844 2.797 
Improved CB & 11 bits Removed ~1.69kbps 2.882 2.836 

 
Table 3: Comparison of PESQ Grades of Different MELP Coding Algorithms 

The full grade of PESQ is 4.5, and the synthesised speech whose PESQ grade is lower 
than 2.5 listens uncomfortable. Referring to Table 3, the improved CB got higher PESQ 
grades than normal CB. When the synthesised speeches are replayed by Hi-Fi amplifier 
and headphone, difference between 4-level CB and 2-level CB can‟t be perceived. A little 
degeneration appears when the 11 bits are removed, but the speaker can be distinguished.  

The next step, different coding method will be used to different speech frame, for 
example, a few coding bits will be assigned to silence frame, but voiced frame will take as 
more bits as possible. Therefore, the bit rate will be lower. 
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Abstract: In Japan Agency for Marine-Earth Science and Technology (JAMSTEC), high-
speed underwater acoustic communication system is developing of image or huge data 
transmission for vehicle control or data transfer from bottom placed observation system 
like seismometer. The wide band tilted toroidal beam transducer and hydrophone have 
been developed for this system. The effect of the number of receiving channels for QPSK 
modulation was reported in last UAM. After that, another sea experiment was carried out 
at the transmission range of 500 – 1,000 m. The results of error free transmission has 
been obtained at: 1) the transmission rate of 80 kbps, transmission range of 900 m, 2) the 
transmission rate of 120 kbps, transmission range of 600 m. The modulation method was 
QPSK and 8PSK. In this paper, the results of the experiment are described. 

Keywords: acoustic communications, high-speed, deep sea 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1443 -



 

1. INTRODUCTION  

Underwater acoustic communications have been investigating by many researchers in 
the world [1-6]. In Japan Agency for Marine-Earth Science and Technology (JAMSTEC), 
we have been studying on underwater acoustic communications over the past two decades. 
Two practical systems of image transmission have been developed and those are now 
operational. One is the manned submersible SHINKAI 6500’s acoustic communication 
system, which transmits color still images from SHINKAI 6500 to surface mother ship. Its 
transmission range is 7,000 m maximum, and transmission rate is 16 k bit per sec (bps). 
The other system is a full duplex system for autonomous underwater vehicle (AUV) 
URASHIMA, which transmits color still images from URASHIMA to a surface ship. Its 
transmission range is 3,700 m maximum, and transmission rate is 32 kbps. In these several 
years, we are studying about short range, high speed acoustic communications as the 
solution for large-capacity data communications such as acoustic remote control of 
underwater vehicles or the bottom-deployed seismometer (Fig.1) [7,8]. It is assumed that 
the range is 500 to 1,000 m, and the bit rate is more than 80 kbps. 

 

Fig. 1  Image of application of the high-speed short range acoustic communication. 

2. EXPERIMENTAL CONSTITUTION 

2.1. Transducer and Hydrophone 

The tilted toroidal beam wideband transducer [9] and hydrophones were used in this 
experiment. Transmitted voltage responses (TVR) of 60, 80 and 100 kHz are shown in Fig 
3. with a photo of the transducer. This transducer is moored at near the bottom, as its main 
beam is directed to 20 degrees above the horizontal. Fig 4. shows open circuit voltage 
sensitivity (OCV) of 60, 80 and 100 kHz with a photo of the hydrophone. This 
hydrophone is suspended from surface ship. So, its main beam is directed to 
approximately 20 degrees below the horizontal. And main beam width of them is 
approximately 30 degrees. As shown in Fig 5, square array is shaped by four-
hydrophones. The size of array is 375 mm square, which is 20 of 80 kHz. In this 
experiment, main beam of the transducer and the hydrophone has been faced each other. 
With keeping this geometry, slant range between them has been changed. 
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2.2. Transmitter and Receiver 

Carrier frequency was 80 kHz, and the bandwidth was 40 kHz. Wide band tilted 
toroidal beam transducer and hydrophones have been installed in the transmitter and the 
receiver. Transmitted data were two fixed color image data, which resolution was 320 by 
240 pixels, and JPEG compressed data amount were 60,080 and 46,600 bits. For training 
the adaptive filter, preamble data were transmitted before image data, which is composed 
of 1,024 digits random codes. The length of preamble code was approximately 26 ms. At 
the receiver, the demodulation was processed by software which is composed of four-
channel decision feedback equalizer (DFE) [10] after recovering it on the vessel,. 

 

Fig. 5  A photo of hydrophone array. 

3. EXPERIMENT 

The experiment was carried out on 19/Jan./2010 at Suruga Bay in Japan. Fig. 6 shows 
an arrangement of experiment. The transmitter was moored at near the bottom, which 
height was approximately 8 m. And the receiver was suspended from surface vessel by 

-40
-35
-30
-25
-20
-15
-10
-5
0

0

30

120

150

180

210

240

270

300

330

60kHz
80kHz
100kHz

TV
R

 [d
B

]

Fig. 3 TVR and a photo of the transducer. 
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Fig. 4 OCV and a photo of the receiver. 
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wire rope. With keeping its direction from the transmitter to the receiver as around 20 
degrees, distances between them have been changed from 560 m to 940 m. To acquire the 
position of the receiver, the acoustic navigation system, and CTD sensor were used. 
Measured receiver position was shown in Fig. 7. Relative receiver position from the 
transmitter was changed along the line of 20 degrees. By keep this direction, directivity of 
the transducer and hydrophones are no longer necessary to consider.  
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Fig. 6  Arrangement of the experiment.          Fig. 7  Relative position of the receiver. 

(0,0): position of the transmitter. 

    
(a) Slant range: 780 m, error free (b) Slant range: 940 m, SER: 6.65x10-5 

Fig. 8  Demodulation result of QPSK. Transmission rate: 80 kbps. 

  
(a) Slant range: 680 m, error free. (b) Slant range: 780 m, SER: 5.4x10-4. 

Fig. 9  Demodulation result of 8PSK. Transmission range: 120 kbps. 
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Examples of demodulation are shown in Figs. 8 and 9. In each figure, scatter of 
adaptive filter output during training mode is the top left subplot, scatter of filter output 
while decision oriented mode is the top right subplot. And bottom left shows MSE of 
training and decision oriented mode. X-axis shows time in symbols. Fig. 8 is results of 
QPSK. Fig. 8 (a) is a case of 780 m of transmission distance. Average input signal to noise 
ratio (SNR) of four hydrophones was 10.6 dB. When output SNR is defined as Eq (1), 
which is an estimator, about how  nd̂  converge to correct constellation. 
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where, d(n) is correct nth symbol. In case of Fig. 8 (a), output SNR was 15.0 dB, and an 
error free transmission results had been obtained. The case of 940 m of transmission 
distance is shown in Fig. 8 (b). In this case, output SNR was 12.6 dB and 2 symbols error 
occurred. The average input SNR was 8.6 dB.  Using QPSK modulation, one color image 
can be transmitted in approximately 800 ms. 

Fig. 9 is result of 8PSK. Fig. 9 (a) is a case of 680 m of transmission distance. Average 
input SNR of four hydrophones was 16.4 dB. At this 680 m of transmission distance, error 
free transmission was carried out. At the distance of 780 m, average input SNR was going 
down to less than 12 dB, and over 10 symbols error occurred (Fig. 9 (b)). Using 8PSK 
modulation, one color image can be transmitted in approximately 550 ms. 
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Fig. 10  Symbol error rate vs. slant range of QPSK and 8PSK. Lines are weighted 

average. 
 
Finally, demodulation results are concluded in Fig.10 and Table. I. X-axis is slant 

range. Y-axis is symbol error rate. Triangle plot shows QPSK results, and square plot 
shows 8PSK results. Lines are weighted average for each modulation method. In 940 m of 
distance by QPSK, single error occurred at 4packets, two symbols error occurred at 2 
packets, out of 27 packets. In 8PSK, error free data transmission was achieved at less than 
620 m of slant range. At 650, 680 and 710 m of distance, single error occurred in some 
packet. Table. I shows whole results of the experiment in 8PSK case. At longer than 730 
m of slant range, the number of symbol error was became large. Especially, at 780 m of 
distance, the only one error free packet was obtained out of 36 packets.  
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Table. I  Results of demodulation of 8PSK. 

 Slant range 
620 m 650 m 680 m 710 m 730 m 780 m 

N
um

be
r o

f s
ym

bo
l 

er
ro

r i
n 

a 
pa

ck
et

 0 (error free) 31 9 19 8 6 1 
1 (single error) 0 1 1 2 5 3 

2 0 0 0 0 2 1 
3 0 0 0 0 3 5 
4 0 0 0 0 1 2 

5 to 9 0 0 0 0 5 15 
More than 10 0 0 0 0 2 9 

 Total 31 10 20 10 24 36 

4. CONCLUSIONS 

A high-speed short range underwater acoustic transmission experiment was carried out 
at deep sea, which depth was approximately 1,600 m using 80 kHz as a carrier frequency. 
QPSK and 8PSK were applied for modulation method. Bit rate of each modulation were 
80 kbps and 120 kbps. Error free transmission was carried out at the distance of 840 m 
using QPSK, and 620 m using 8PSK. Now we are developing new hard ware for real time 
processing, and it has almost the same specification as this experiment but it will be able 
to real time communication. 
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Abstract: Underwater acoustic communications constitute a very difficult issue since the 
transmission channel is severely doubly dispersive. Indeed, radio waves suffer from strong 
attenuation so that the only solution is to use acoustical modems. Thus, achievable bandpass 
is very reduced (typically less than 20kHz) and narrowband signal approximation cannot be 
assumed since sound velocity is around 1500 m/s and frequency carrier is around 10kHz. A 
natural choice to fight against time dispersivity is the use of OFDM (Orthogonal Frequency 
Division Multiplex). Unfortunately, this choice increases the sensitivity to the Doppler effect. 
That is why the subject of this paper, the estimation of this Doppler effect, is so crucial. For 
this purpose, we use ZP-OFDM (OFDM with Zero Padding) modulation in order to consider 
independent time blocks with duration chosen such that the Doppler effect can be considered 
as approximately constant. Our study is restricted to the case of a single path. Firstly, 
Doppler is estimated thanks to a correlation between the received signal and a pilot signal. 
Then, another estimator is also studied, using the minimization of a cost function based on the 
exponential base of the OFDM signal.  

Keywords: Underwater communication, shallow water, OFDM, Doppler estimation, Pilot 
tones. 
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1. GENERAL CONTEXT 
 
Underwater acoustic communication channel being severely doubly dispersive, the use of 

ZP-OFDM in order to mitigate time dispersivity also imposes to develop a strategy in order to 
evaluate and compensate Doppler effect. Several methods based on pilot tones have already 
been published, but with some limitations. Thus the method developed in [1] applies to 
Doppler shift inferior to the intercarrier spacing. In [2] the Doppler shift in frequency is 
considered to be the same over all subcarriers and this approximation involves errors during 
Doppler compensation and demodulation. 

The principle of ZP-OFDM is to use several carriers in parallel, mf  ( 00= mFffm  ), 
1/2/2  MmM , with M  the number of carriers, with a symbol duration slightly higher 

than necessary. Indeed, since the frequency spacing 0F  is identical between each carrier 
frequency, then the minimum symbol duration is equal to 00 1/= FT . And yet, in ZP-OFDM, a 
symbol duration is in fact equal to 00 >= TTTT g  where gT  is called a guard time. If this 
guard interval is long enough, there will be no interference between OFDM symbols at 
reception [3]. Among the M  carriers, we choose pilot tones for whom we know the 
transmitted symbols ][mc . We note V  the set of natural numbers between 2/M  and 

12/ M . pV  represents the set of natural numbers for the pilot carriers and iV  the set for 

information carriers: VVV ip =  and =ip VV  . Then, for /2/2 00 TtTTg   (one 
symbol duration), the ZP-OFDM baseband signal writes:  
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with 01/=)( Ttg  for /2[/2,[ 00 TTt  , and 0=)(tg  otherwise. Thus, 0=)(ts  for 
/2</2 00 TtTTg  , which results in a Zero Padding operation after sampling of the 

signal. Moreover )()(=)( tststs ip   writes as the sum of two independent signals, the first 
one containing pilot symbols, known at reception, )(ts p , and the second one containing 
information symbols, )(tsi . 

2. UNDERWATER ACOUSTIC CHANNEL MODEL 
 

In our model, the emitter-receiver distance is supposed to be close to one kilometer 
and the deep is about 100  meters. Considering the geometry of the problem, we use the ray 
theory for sound propagation [4]. First of all, we suppose that the acoustic channel can be 
described thanks to a time-varying multipath model. We moreover assume that the time-
varying nature of the channel during one OFDM block is mainly caused by the relative 
motion between the receiver and the transmitter [5]. Then, assuming a constant relative speed 
v  between the emitter and the receiver, the received low pass signal )(tr  writes: 

)()(=)( 021)(02

1=
tneetdsAtr lfjtdfj

lll

L

l







  (2) 
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with L  the number of propagation paths, lA  the amplitude of the l -th path, l  and ld  the 
the corresponding initial path delay and Doppler parameter, respectively, )(tn  an additive 
white Gaussian noise in the band of interest, 0f  the central carrier frequency. Note that if we 
denote l  the arrival angle of the l -th path and c the sound velocity, then cvd ll /)(cos1= 

The received signal is sampled at the period 02/1= MFTs  in order to respect the sampling 
theorem even if the Doppler effect enlarge the bandwith of the signal. We consider the 
beginning time of sampling  /2= 00 TTt g , with 1)/2(= 0  mindT  with mind  the 
minimum Doppler parameter d  we can encounter. So finally, after sampling at 0= tkTt sk  , 
we get K  samples of the received signal : )(=][ skTrkr . 

3. DOPPLER  ESTIMATION 
 
  From this part, we restrict to the simplified one path case : ][)()(=][ kndtsdtskr kpki  . 

We consider that the received signal has been temporally synchronized with the beginning of 
the OFDM symbol. Without loss of generality, given that each block begins with a guard time 
constituted of a signal equal to zero, we can assume that 1=10  KMMk g , with 

sgg TMT = . The number of pilot and information carriers are denoted pM  and iM  , 
respectively. 

 
 

3.1.CORRELATION MAXIMISATION 
 
In this section, pilot subcarriers are based on P-QAM symbols known by the receiver. We 

denote  TKrr 1][,[0],= r ,  TKnn 1][,[0],= n  ,  Tii dKsdsd )1]([,),[0](=)( is  

and  Tpp dKsdsd )1]([,),[0](=)( ps , with )(=)]([ kpp dtsdks , )(=)]([ kii dtsdks and T  
the transpose operator. At reception, we suppose the signal )(dps  to be known. The signal r  
is affected by an additive white Gaussian noise in the band of interest.  The first idea to get an 
estimate of d  is to compute the likelihood and to maximize it: ))(|(=)( dpd psr . By 
maximizing the likelihood, we look for the value of d  which is the most likely to appear, 
knowing one realization of r . If we note )(diS  the set of all the possible values taken by 

)(dis , then the likelihood becomes : 
)|)(|()(=))(|(

)(
ssrssr p

iSs
p dppdp

d



  (3) 

The likelihood depends on all the values that can be taken by )(dis .  All information 
messages have the same probability of appearance. Using P-QAM modulation we have

iMPd ))(Card( iS  and iMPdp 1/=))(( is . Given that the components of n  are complex 
Gaussian, independent, zero-mean and with variance 2 , we have : 
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Thus, we have to compute a sum containing iMP terms which may be prohibitive. It can be 
simplified considering that 

22
)( ssr p d

2
))(( ssr p  d 22
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Therefore, we can compute a suboptimal approximation of d  with the formula: 
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Furthermore, 2r  and 
2

)(dps  are almost independent from d , so that, after a few 

calculus, we get   >)(|<a r gm a x=ˆ dd d psr . In the special case where all the emitted 
symbol ][mc  of the OFDM signal are known by the receiver, equation (5) meets the 
expression of the Maximum Likelihood (ML) estimator of the Doppler parameter d . This 
estimator has been developed in a previous publication [4] with the calculation of the Cramer 
Rao bound in this case. 

 
 
3.2.COST MINIMIZATION USING EXPONENTIAL BASE 

 
In this part, the pilot subcarriers contain no energy:  0=][    mcVm p . We consider the 

vector nf  with elements )(=][ 02
k

skTFj
n tgekf 



  and we compute the following scalar 
product: 
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 Let us now denote fr  the vector composed of the M  components nfr | . We also 

consider the M  by M  matrix ),( dG  with   )(021

0=,),( ndmskTFjK

knm edG 




 so that 

),(= dcGrf , with c the vector composed of the emitted QAM symbols. For the special case 

where =d  it is possible to write cGrf =),( 1 . Thus, d  may be approximated by: 
21),(argmin=ˆ 



  Grd f
Vm p

 (7) 

The estimator consists in minimizing the energy on null subcarriers. The time computation 
of this estimator is strongly affected by the inversion of matrix ),( G , which  might be non 
invertible or badly conditioned ( 0)),((det G ), depending on the value  of   . When the 
Doppler effect provokes a time compression of the signal, we may have aliasing. We have 
aliasing if: sTFM /1>1)( 0 . Then a way to avoid bad conditioned matrix is to oversample 
the signal by a factor 2 . Then MTF s 1/2=0  and aliasing appears only if: )1/(2> MM . 
Considering that the velocity of the mobile will always be really inferior to the speed of sound 
in water (1500m/s), this condition will always be fulfilled.  
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4. SIMULATION RESULTS  
 

The emission of a ZP-OFDM symbol through the channel presented before is 
simulated. The UWA channel is doubly dispersive. As presented in [6] the coherence time is 
close to the second for communication distance over one kilometer, while the typical delay 
observed in shallow water environment is around 40 ms.  We choose a carrier frequency 

20=0f kHz, 200=T ms and the guard interval has a duration 53.5=gT ms. 
Communications are simulated over 1500=M  subcarriers. Subcarrier spacing is 8.6 Hz. 
QPSK modulation is used. The pilot tones or null subcarriers are equally spaced among the 
M  subcarriers.  

 

 
   

Fig.  1: CRB and variance of the estimators for 100 pilot or null subcarriers. 
 

 
Fig.  2: CRB and variance of the estimators for 300 pilot or  null subcarriers. 

. 
 

Typical transmission will concern underwater vehicles moving around 6  to 12  knots, 
corresponding to a Doppler parameter of 0.0021= d  and 0.0041= d , depending on the 
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movement direction. The Doppler shift will be between 40  and 80 Hz. As presented in [6], 
considering the number of subcarriers and the value of 0f , we need an estimate of d  very 
accurate. The desired estimator should have a standard deviation inferior to 52.10  in order to 
guarantee the decoding of the information after demodulation with a limited error rate.  A one 
path channel is simulated with a Doppler parameter 0.9974=d . Both estimators are 
compared with 100 (Fig. 1) and 300 (Fig. 2) pilot or null subcarriers. Each figure also recalls 
the Cramer-Rao Bound of the first estimator when all subcarriers are kwown that is to say for

1500=MM p  (dashed black line), as well as the variance of this estimator in this latter case 
(black, solid line). The optimization of (5) and (7) is realized using Nelder-Mead algorithm in 
Matlab. Our purpose is to have a variance inferior to 104.10 . For 300=pM , this target is 
achieved even with strong noise, SNR up to 13.70 dB. But for 100=pM , the variance is 
inferior to the target only for SNR up to 4.5 dB. For the second estimator, using the inversion 
of matrix ),( G , all the null subcarriers are equally spaced among the spectrum.  

5. CONCLUSION 
 
In this paper, we have investigated the application of two estimators of the Doppler effect  

using perfect knowledge of pilot tones of a ZP-OFDM signal in UWA channel. The receiver 
is based on block-by-block processing. In the first method, pilot subcarriers yield QPSK 
symbols. In the second method, null subcarriers are used. These methods allow us to estimate 
the channel parameters and communicate information in the same time. We have to assume 
that the Doppler parameter will not change during one OFDM block. The proposed method is 
tested in simulations for a channel with different intercarrier spaces for the pilot tones. 
Simulations show the variance of the estimator compared to theoretical Cramer Rao Bound. 
Further improvements will focus on perfect Doppler compensation and application to 
multipath channel. 
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Abstract: Efficiency of acoustic data transmissions depends on parameters of hydroacoustic 
channel as well as on distance between communication devices, data delivery algorithms and 
traffic patterns. Recently developed algorithms of hydroacoustic data delivery reduce the 
impact of long propagation delays and are adjustable to the hydroacoustic channel 
parameters.  While the algorithms are efficient when transmitting large amounts of data, 
transmission of small amounts of data appears to be highly inefficient. The short messages 
delivery time can be unreasonably large. 
 
The paper introduces the definition of an instant message, proposes different types of such 
messages and classifies them. The paper demonstrates that, when instant messages used, the 
channel utilization efficiency of acoustic communication devices can be significantly 
increased for a wide range of applications.  

Keywords: underwater communication, underwater telemetry, underwater media access 
control, D-MAC, underwater acoustic sensor networks, UASN  
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1. INTRODUCTION 

Underwater technologies rapidly evolved over the last decade, stimulating intense 
development of acoustic communications. A wide range of practical applications, such as 
exchanging data with autonomous underwater vehicles or downloading sensor data from 
ocean bottom observatories, demands reliable and efficient means of point-to-point 
communication. Conventional data transfer protocols suffer from long propagation delays of 
acoustic signals. Such systems waste a lot of time merely waiting for acknowledgments. As a 
result, the channel utilization efficiency is very poor. 

In [1][1] an ability to compensate long propagation delays by means of packet train 
transmissions with subsequent acknowledgements transmission over a feedback channel has 
been studied. Several protocols of reliable point-to-point data transfer are reviewed in [2]. 
In [3] several protocols for reliable point-to-point data delivery with a protocol utilizing an 
interwoven order of packets have been compared. The technique offers an opportunity to 
neutralize the impact of long propagation delays on the channel utilization efficiency. 

Reviewed papers have shown that protocols for reliable acoustic data transmission can be 
efficient. Key prerequisites for good efficiency are a transmission of sufficiently big amounts 
of data and unidirectionality of data exchange. Bidirectional transmission substantially 
reduces the channel utilization efficiency. Both prerequisites are met only in the simplest 
cases of practical applications. 

Let us look at several application scenarios of hydroacoustic communication. 

 A top-side node sends a request and receives data from a bottom-side node. The 
requested amount of data is inadequate to the channel capacity. Data transmission has 
to be stopped for sending a modified request. Inability to stop the data transmission 
leads to unreasonable waste of both energy and time. 

 An upper-level data transfer protocol needs a feedback channel for transmitting data 
stream control commands - an application using XMODEM or ZMODEM protocols 
for file transfer is an example. The acoustic communication devices must be able to 
reverse the direction of data transmission. Since duplex data transmission is impossible 
on the physical layer, frequent reversal of the transmission direction significantly 
reduces the channel utilization efficiency. 

 During a mission, an operator exchanges small amounts of data with an AUV. 
Frequent reversal of data transmission direction is typical for this scenario as well. In 
addition, the amounts of data are small enough to be sent in single packets, so a train 
of packets can not be formed. 

All these application scenarios have one common feature: they all require rapid delivery of 
small amounts of delay-sensitive data, especially with simultaneous transmission of delay-
tolerant data. In other words, these scenarios do not meet at least one of the key prerequisites 
for efficient channel utilization - the data is to be sent bidirectionally and/or the amount of 
data to be sent is small. In Error! Reference source not found. there has been presented the 
D-MAC protocol architecture - a new media channel access protocol architecture that 
combines two media access algorithms for transferring different types of data, namely burst 
data and instant messages. 

The paper proposes a classification of instant messages within the D-MAC protocol 
architecture, exemplifies typical application scenarios for different types of instant messages 
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and demonstrates, how combining both burst data and instant messages allows implementing 
these scenarios without significant reductions of the channel utilization efficiency.  

2. INSTANT MESSAGES CLASSIFICATION 

Let us define an instant message as a message that is O(102) bits long, being transmitted 
with a fixed bitrate ensuring the bit error rate is acceptable for a wide range of acoustic 
channel parameters. 

A low bit error rate implies a low transmission bitrate. On the other hand, duration of a 
message must be less than the channel coherence time [4]. Thus, the bitrate must be high 
enough to make sure the message duration meets the time constraints, forced by the channel 
coherence time. A physical layer protocol, based on the S2C technology [6], provides an 
opportunity for reliable instant messages transmission with a fixed bitrate. It applies even for 
highly dynamic channels like confined waters with moving nodes. 

On the data-link layer, the message delivery time can be made shortest by transmitting the 
message with a fixed low bitrate without a handshake and an adaptation to channel 
parameters. In [4] it was shown that, for the same amount of data, the delivery time of instant 
messages is shorter than using the interwoven packet train acknowledgment protocol. 

According to the D-MAC protocol architecture, an instant message can be delivered as a 
part of a service message. Service messages are messages, used for establishing an acoustic 
link and maintaining the connection. The D-MAC architecture offers a possibility to deliver 
instant messages without interrupting the burst data delivery protocol and without reversing 
the data transmission direction. 

Instant messages can be classified according to message addressing type, acknowledgment 
and synchronization requirements. Table 1 displays the classification of instant messages. 

Instant Message 
Ack No Ack 

Unicast Unicast Broadcast 
Async Async Sync Async Sync 

Robust Datagram synchronous 
datagram broadcast synchronous 

broadcast 

Table 1: Classification of instant messages. 

Types of instant messages, defined in Table 1, are described in the following sections. 

2.1. Robust Instant Message 

A robust instant message is unicast and requires reception of an acknowledgement. The 
retransmissions can be limited by device settings. Transmission start is not synchronized with 
an upper-layer protocol. They can be sent as a part of service messages during burst data 
transmission if the instant message's destination address (or the one of its acknowledgment) is 
equal to the source/destination address of that burst data.  

Typical applications of robust instant messages include counter-current data flow control, 
they may be applied for interrupting or suspending of the data delivery. Another example is 
delivering critical data to a remote node - like sending mission modification commands to an 
AUV or triggering an acoustic releaser etc. 
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Fig.1: Short message delivery as burst data (top) and as instant messages (bottom)  

In Fig. 1, two cases of delivering short amounts of data are compared. Blank rectangles 
symbolize packets on the receiving side, solid black rectangles - service messages on the 
transmitting side, and solid gray rectangles - burst data packets.  

In the first case, node A1 sends a big amount of data to node A2 using the interwoven 
packet train acknowledgment protocol. Node A1 sends the first part of the train, followed by 
an acknowledgment request ackReq, holds for the duration of an acknowledgment ack and 
sends the second part of the train. The transmission ends merely before the expected time of 
the ack arrival. Node A2 has a short message to send to node A1. It starts the procedure of 
reversing the data transmission direction, sending a direction reversal request in the ack. 
Node A1 sends a clear-to-send message cts, answering the ack. Upon cts reception, node A2 
sends the short message in a data packet, followed by an ackReq. The transmission direction 
is reversed once again. As we can see, delivering the short message requires four-times the 
round trip time plus transmission of 4 service messages in addition to the data packet itself. 

In the second case, node A2
* uses instant messages to transmit a short amount of data 

during data reception from node A1
*. Instant message im is transmitted as part of the 

acknowledgment ack+im. The instant message delivery acknowledgment imack is 
transmitted as a part of the next acknowledgment request ackReq+imack. Burst data delivery 
is neither broken nor suspended during the instant message delivery. 

Two cases of delivering an instant message as part of ack are possible. In the first case, the 
burst data delivery protocol allocates a time slot for an instant message reception in each 
train. In the second case, transmission of an instant message causes a collision that results in 
losing one or even several packets of the train, depending on the instant message duration.  

Fig. 1 illustrates the second case. The ack+im reception causes a loss of the first packet in 
the train. Intensity of instant message and data transmission determines the choice between 
implementation options. 

2.2. Datagram Instant Message 

A datagram instant message is unicast and doesn't require an acknowledgement reception. 
Upon an upper layer request, it is transmitted once. Transmission begin is not synchronized 
with an upper-layer protocol. During burst data delivery, datagram instant messages can be 
sent to any destination addresses as parts of service messages. 

Let's pick the task of underwater vehicle remote control to illustrate a scenario, where 
datagram instant messages can be efficiently applied. Assume the vehicle remote control is 
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implemented in form of transmitting messages with control sequences. The vehicle replies 
with system status messages. Data exchange between the vehicle and the operator does not 
require transmitting acknowledgments, as successful execution of a control sequence is 
reflected in the vehicle's status messages. Acknowledgments transmission is in this case 
excessive, so, compared to robust instant messages, datagram instant messages provide a 
more efficient solution. The described application scenario is applied in the DNS Pegel AUV 
control [7]. 

In case of transmitting datagram instant messages during burst data delivery, an instant 
message is transmitted as part of the next service message. When no burst data is being 
delivered at the moment, an instant message is transmitted directly after it has been received 
from the upper layer, provided the communication device is not busy with sending previous 
messages or receiving remote ones. If the device is busy, the datagram instant message is 
dropped with an appropriate report to the upper layer. 

2.3. Broadcast Instant Message 

A broadcast instant message doesn't require an acknowledgement reception. It is 
transmitted once upon an upper layer request. Transmission begin is not synchronized with an 
upper-layer protocol. Datagram instant messages can be sent as parts of service messages 
during burst data delivery. 

Broadcast instant messages can be implemented for solving intermediate tasks of upper 
layer protocols, such as composing tables of adjoining nodes for routing protocols in ad-hoc 
networks. 

2.4. Synchronous Datagram Instant Message 

A synchronous datagram instant message is unicast and does not require an 
acknowledgement reception. It is transmitted once upon an upper-layer request. Synchronous 
instant messages can not be sent as parts of service messages during burst data delivery. 
Transmission begin is synchronized with an upper-layer protocol. 

Synchronous datagram instant messages can be implemented for upper-layer protocols, 
where strict synchronization of transmission timing is required. Authors in [9] describe a 
protocol, which avoids collisions by a particular arrangement of nodes that makes sure the 
duration of a packet is at least half the propagation delay difference between parent and child 
nodes. The protocol requires synchronizing the timing of transmissions between nodes. 

2.5. Synchronous Broadcast Instant Message 

A synchronous broadcast instant message doesn't require an acknowledgement reception. 
It is transmitted once upon a request from the upper layer. Synchronous broadcast instant 
messages can not be sent as parts of service messages during burst data delivery. 
Transmission start is synchronized with an upper-layer protocol. 

Synchronous broadcast instant messages can be used for positioning moving vehicles 
using an underwater network of stationary nodes. A protocol, utilizing these instant 
messages, must base on the principle of “each node hears all others”. Synchronization of the 
transmission timing allows estimating the propagation delays. In addition, bearing angles can 
be estimated with an ultra-short baseline antenna combined with communication devices. 
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3. SUMMARY 

This paper addresses the problem of increasing the channel utilization efficiency for 
bidirectional data transmission and transmission of short messages within an acoustic 
network. A frequent reversal of data transmission direction is a waste of time having order of 
the round trip time. In many applications the traffic is asymmetric; the amount of data to be 
transmitted in one direction is relatively small. Placing an instant message within a service 
message of a burst data delivery protocol increases the channel utilization efficiency. 

When delivering small amounts of data, the protocol of instant messages delivery with a 
fixed low bitrate utilizes the channel more efficiently, than the protocols of burst data 
delivery. Moreover, the burst data delivery protocol supports only point-to-point data 
delivery, whilst instant messages have a broadcasting nature that can be efficiently exploited 
for underwater acoustic sensor networks. 

The paper suggests a classification of instant messages within the D-MAC protocol 
architecture. Application scenarios are proposed for each type of instant messages. 
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Abstract: In recent years the Research Department of WTD 71 has carried out work on 
low frequency active sonar (LFAS) systems, distributed buoy systems and bottomed 
sensors to evaluate the potential of these systems / sensors in a homogeneous or 
heterogeneous network for underwater surveillance. 
 

In this paper we will present our system design considerations ranging from powerful 
ship-based LFAS systems to next generation stand-off autonomous, easy deployable 
systems. These systems can be linked together to networks. The selection of sensors will be 
specified by the tasks that have to be fulfilled (e.g. sea basing scenario or choke point 
monitoring). All these systems have different surveillance areas and diverse detection, 
classification and localization capabilities that have to be taken into account for 
multistatic signal processing techniques at the data fusion centre. Instancing tracking 
results will be shown that demonstrate necessary adaptations to the characteristics of the 
different systems.  

New concepts allow to improve the potential of distributed networked systems to meet 
the requirements for countering mobile underwater threats effectively. 

Keywords: Heterogeneous network, distributed systems, anti-submarine warfare (ASW), 
multistatics, signal processing 
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1. INTRODUCTION  
 

The current R&D efforts at the German Research Department for Underwater Acoustic 
and Marine Geophysics (FWG) within the Bundeswehr Technical Centre for Ships, Naval 
Weapons, Maritime Technology and Research (WTD 71) in anti-submarine warfare 
(ASW) are focussed on the development of powerful systems, new concepts and advanced 
signal processing techniques for operations in littoral waters. The littorals are often 
acoustically poor regions, e.g. with a lot of noise, reverberation and varying sound 
propagation conditions. Hunting small, quiet diesel-electric submarines under these 
conditions is often challenging.  

Since the 90s towed low frequency active sonar systems (LFAS) are available (see Fig. 
1). Compared to the well known hull-mounted sonar (HMS) systems these systems use 
powerful low frequency acoustic transmissions for long-range detections and are able to 
overcome thermoclines due to a variable depth setting.  

Several co-operating LFAS systems that are linked together in a multistatic network 
can even further increase the overall potential in ASW. Their advantages had been 
explored intensively by WTD 71- FWG and other research institutes within the last 10 to 
15 years. 

The potential of distributed autonomous off-board sensors (mobile or stationary ones) 
linked to a network, with and without participation of platform-based or platform-
controlled sonar systems is subject of current ASW-related research activities at WTD 71 
– FWG. This paper describes concepts, systems and multistatic signal processing 
techniques for countering mobile underwater threats effectively. 

 

 
 
Fig.1: The German LFAS system “LFTAS” – a sketch of the wet end and photos of the 
twin-array (left) and the towed body with winch-and-handling system (WHS, right). 

 

2. SYSTEMS AND CONCEPTS 

Since the 90s towed low frequency active sonar systems (LFAS) are available. One of 
these is the German LFTAS  system shown in Fig. 1. It’s a variable depth sonar with high 
source levels and large aperture line arrays towed in parallel (the so-called twin-array 
configuration). The system enables a good detection, localisation and classification 
performance due to a high resolution in range and bearing, sophisticated signal processing 
and trained sonar operators in front of the consoles [1]. The system is designed for frigates 
or frigate-like ships. It can be towed at high speeds and allows to keep a large area under 
surveillance. Signal processing algorithms have been developed to overcome high false 
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alarm rates and varying sound propagation conditions that are typically for ASW 
operations in shallow water areas. But as the bearing to the LFAS unit is well known 
onboard of the target, smart manoeuvring of the submarine may lead to complicated 
detection conditions in a monostatic scenario because the submarines target strength is 
strongly aspect  dependent.  

Co-operating LFAS systems exchange signal and system parameters (e.g. type of sonar 
signal, time and geographical position of transmission, speed over ground) via RF links or 
satellite communication, do the bistatic processing and fuse sonar contacts and/or tracks 
and pass these to multistatic tracking algorithms (see Fig. 2). These co-operating 
multistatic systems are able to improve performance in ASW compared to a monostatic 
system.  Research activities at WTD 71 – FWG together with other research institutes 
showed the benefits of multistatic sonar , e.g.: 

 Increased surveillance area 
 Improved target detection performance 
 Higher localisation accuracy 
 Improved tracking capabilities 

Multistatic LFAS is a powerful sonar concept. But, as it is platform-intensive, it is an 
expensive solution as well.  

In case the performance of the different co-operating sonar systems is balanced, e.g. 
several LFAS systems are working together, this scenario is called a homogeneous 
network.  

 
 

Fig. 2: Trends in ASW seen from the scientific point of view: Progressing  from todays 
monostatic sonar to heterogeneous networked systems in near future. 

 
 
While a sea basing scenario (e.g. task force protection) with large surveillance areas is 

suitable for multistatic LFAS operations, the surveillance of bounded areas like choke 
points can be fulfilled by adding mobile and stationary off-board sensors and systems. 
These systems can be deployed easily, include acoustic and non-acoustic sensing and 
autonomous in-sensor signal processing. Once the systems are deployed, they are self-
organizing the connection among each other (Ad Hoc Network), e.g. [2,3]. These 
distributed networked systems form a heterogeneous network. Personnel risk will be 
reduced. As the systems are battery-powered their lifetime is limited, but smart energy 
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management in combination with low-power processors (e.g. ARM processor based) 
enable long endurance at station. 

Every system faces a different target strength, reverberation and noise situation. 
Nevertheless, the probability that a target will be detected at all, increases with the number 
of involved systems. Although the accuracy of off-board sensors is limited compared to 
powerful ship-based LFAS systems, modern signal processing techniques at the data 
fusion centre allow to track a target even with low quality input data (see section 3).   

 

Fig. 3: Sketch of a modular off-board system (receiving or transmitting system, left) 
and WTD71-FWG stationary acoustic transmitter system (right).   

 
In figure 3 the sketch of a modular transmitting and/or receiving system is shown that is 

one part of current R&D activities at WTD71-FWG. The system has the ability of real 
time data processing. The modular design concept allows flexible fields of application and 
cheap clones.  The stationary acoustic transmitting system (Fig. 3, right) has been tested in 
several sea trials for different tasks. In the illustrated version the system can adapt the 
transducer depth by acoustic commands in discrete steps, e.g. to react to current sound 
propagation conditions. The transmission of sonar signals is triggered automatically, or 
can be controlled via a web-based user interface which allows the setting of signal 
parameters as well. The next version will be equipped with an underwater winch to adapt 
the transducer depth continuously.  

A target detection would be dispatched in the network using acoustic underwater 
(ACOMMS) or above water communications (RF or SatComm). Gateway buoys serve as 
relay and could transmit an ACOMM signal to a fusion station on land or onboard a naval 
platform. In case of mobile nodes like USVs or UUVs with towed arrays [4] the detection 
message would lead to a change in the networks behaviour: it would adapt to the new 
situation. Sensor management tools like NURCs Multistatic Tactical Planning Aid 
(MSTPA) [4] or new approaches from robotics [5] assist in solving this problem.  

3. DATA FUSION AND TRACKING 

Within a distributed sensor network the amount of data that is generated from the 
different sensors is often huge. Thus a sonar operator needs assistance from signal 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1466 -



 

processing algorithms that automatically fuse the incoming data and build target tracks. 
Subsequently the evaluated information are relayed back to the ASW commander.  

 Small light-weight systems, e.g. sonobuoys or small-sized bottom nodes, as nodes in a 
network are easy deployable, but these systems can often provide data only with low 
probabilities of detection and with large measurement errors. Thus, a huge amount of low 
quality input data is passed to the tracking system which has to be adapted appropriately to 
achieve high quality tracking results. A Multi-Hypothesis Tracking (MHT) approach is 
presented, that models the target behaviour precisely and adapts to the challenging  
conditions of a distributed networked system. 

 
Due to the low probability of detection within each single sensor, a distributed data 

fusion is not applicable. Including centralised fusion in the presented Multi-Hypothesis 
approach would lead to unacceptable high processing times. Therefore, a contact fusion 
method, prior to the MHT, is presented. Thereby, the amount of input data is kept small, 
while at the same time, measurement errors are reduced. 

The association task is split into two parts: The association over time is done by the 
MHT, while the multi-sensor association is done in the contact fusion step.  

3.1. Introduction to the Data Set 

In this paper we present results from a distributed sonobuoy field based on the Metron 
data set [6] as a testbed for the new algorithms. This data set was distributed by Metron 
Inc. to the Multistatic Tracking Working Group (MSTWG).  

Fig. 4: Geometry of scenario 1 of the Metron data set. 
 
It is a simulated data set with four active sources and 25 receivers representing five 

scenarios with deployed sonobuoys. Only scenario 1 is subject to analysis in this paper. 
In figure 4 the geometry of scenario 1 of the Metron data set is shown. It includes data 

of 200 sonar transmissions with an interping time of 180s. During the run each target 
performs 4 loops on the rectangular paths (labelled ‘target 1-4’). The receivers are 
represented by blue asterisks, the blue circles denote the sources. Only one source emits a 
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signal at a time. Two different sonar signals (FM and CW) are transmitted in an 
alternating manner.  

Target tracking in the Metron data set is challenging: The probability of detection PD is 
low for each target and each source-receiver combination. Moreover, the measurement 
errors of the contact data are large, especially for the bearing error with a standard 
deviation of σφ=8°. 

3.2. Contact Fusion 
 

For contact data of this distributed buoy system, the probability of detection (PD) for each 
sensor is low while in general, at the same time there is a large number of false 
measurements. However, even though the PD of each sensor and each ping is low, the 
probability that the target is detected by one of the sensors within the network can be 
sufficient for target tracking. For the Metron data set each sensor provides a PD of about 
0.15. Thus, the probability that the target is detected by one of the 25 sensors is                
1-0.8525 = 0.98. However, the low quality of a single measurement and the high number of 
false alarms make track association challenging. Therefore, contacts are fused to increase 
the precision of measurements and to decrease the number of false contacts [7].  
Fusion of the contacts is realised by calculating intersections of ellipses from bistatic 
range measurements of each two sensors within the network [8]. By the application of a 
gating procedure, measurements of a third sensor are processed using a Kalman Filter 
update. If a CW signal is broadcasted, the measured Doppler is used to generate a velocity 
estimate of the target. The outcome of this procedure are Cartesian estimates, including 
information on Cartesian positions x,y and, if possible velocities vx, vy. Since a single sonar 
contact should only be used once for generating a fused estimate, a multitarget association 
[9] is applied to determine valid Cartesian estimates. 

3.3. Multi-Hypothesis Tracking 

The main idea behind Multi-Hypothesis Tracking (MHT) is to delay decisions until 
enough information is available. Probable target tracks (hypotheses) are formed by 
sequentially associating sonar contacts to already existing target tracks. Instead of keeping 
only the most probable association, in MHT several hypotheses are continued as possible 
target tracks. 

Tracking using the MHT scheme as described in [10] is done in the Cartesian plane. 
Thus, targets are described by state vectors which are defined in Cartesian coordinates 
with information on position and velocity: 

T
yx )v,vy,(x,=x .  

(1) 

Assuming a linear dependency of the subsequent states, the motion model is linear and 
thus, can be described in matrix notation 

kkk wxAx 
1   

(2) 
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with the system matrix A. w is a random variable modelling the process noise. Especially 
in challenging tracking environments a precise modelling of the given conditions is 
essential to achieve high-quality tracks. As presented in [7], a Nearly Constant Velocity 
(NCV) Model is applied which models the target dynamics according to a Gaussian 
mixture (GM) approach. The fundamental assumption of this model is that a change in the 
target's velocity vector is more likely to happen due to changes in the heading h than by 
changes in the absolute value of the velocity, that is by a change in speed s. Thus, in this 
case the new process noise variable k


 is given by  

T
hs ]v,v[= 


  

(3) 

and describes deviations from the constant velocity in the Polar coordination plane. k


 is 
distributed according to a Gaussian distribution. The transformation to the Cartesian plane 
is non-linear, resulting in a non-linear distribution. This can be approximated by a 
Gaussian Mixture for the use within the NCV model. This approach together with results 
are presented in [7].     

 
Data association is realised by applying the MHT scheme as described in [10] where 

target states are represented by several different hypotheses. New hypotheses are built by 
associating sonar contacts 

j
kz  ),,1( Jj   within one ping k to already existing 

hypothesis states ix . For every new composed hypothesis a corresponding weight ija  is 
calculated, representing the probability that the respective hypothesis denotes the target 
state. 

 

Fig. 5: Tracking results for the Metron data set. 
 
In figure 5 the tracking results for the presented MHT applied to fused contacts of the 

Metron data set are shown. The results show the first circuit of each individual target on 
the true trajectories. All targets are detected and only a few false tracks are extracted. 
Thus, these advanced multistatic fusion and tracking algorithms are able to cope even with 
low quality input data and are suitable for distributed networked systems. 
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4. CONCLUSION AND OUTLOOK 

Networked ASW had already demonstrated its great potential in detecting submarines. 
Autonomous systems allow operations with minimal human interaction and reduced 
personnel risk. It is not very likely that these autonomous systems will replace platform-
based or platform-controlled systems, e.g. LFAS systems, in nearer future, but they can do 
their stint. Interoperability between the systems or cluster of sensors/systems is a 
prerequisite for successful operations in distributed networks.  

Topical ASW-related R&D activities at WTD 71-FWG focus on the evaluation of 
gateway buoys, development of autonomous stationary and mobile systems that can be 
linked together to surveillance networks, above and underwater communications, optimal 
sensor management and multistatic processing techniques. 
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Abstract: The NATO Undersea Research Centre (NURC) has been transitioning its 
experimental multistatic sonar surveillance system to be utilized for multistatic tracking 
with underwater vehicles.  NURC’s Ocean Explorer (OEX) vehicles have been upgraded 
to pull a towed array, which is used as a receiver in a multistatic system.  Behaviours have 
been designed to optimize sonar localization and tracking, both individually (single 
vehicle) and jointly (two vehicles working as a team).  In order to make these decisions in 
real time, an active real-time embedded acquisition and processing system has been 
developed.  The processing software included reused and integrated legacy processing 
software, as well as newly optimized routines and libraries.  Additionally, acoustic 
communication is used and decisions regarding the usage of this limited range and 
bandwidth have been made.  The onboard system and its capabilities will be described, as 
well as current usage and results from recent sea trials.  Plans for future developments, 
including the use of acoustics for optimization, motivated in large part by lessons learned 
at sea, will also be discussed. 

Keywords: ASW, multistatics, AUV, autonomy 
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1. INTRODUCTION  

The migration of multistatic anti-submarine warfare (ASW) software and system 
concepts onto autonomous underwater vehicles (AUVs) has been the subject of an 
ongoing program of research at NATO Undersea Research Centre for the past several 
years [1,2].  Migration of multistatics to AUVs has obvious implications for on-board 
signal processing, which is limited to the available computational resources.  Furthermore, 
there is a requirement for increased vehicle autonomy due to the infeasibility of 
underwater wireless remote control.  With recent advances of computational performance 
of embedded hardware, the migration of the active sonar signal processing chain onto 
AUVs has proven to be less problematic than anticipated.  It is now possible to run the full 
sonar processing chain, through tracking, on board a relatively low-power computer with 
negligible power consumption and heat dissipation requirements.   

 
Rather, the challenge for AUVs lies in the requirement for autonomy and collaboration.  

Finding submarine targets is already a challenging task for trained sonar operators onboard 
high value ASW platforms, due to the stealthy nature of the latest generation submarines 
and the clutter problems in shallow water.  Thus the migration of active ASW onto 
autonomous platforms requires the use of advanced thinking in how to make it possible for 
AUVs to be able to detect low signature targets autonomously, and how they should react 
to their perception of the underwater battlespace to increase their performance.  The 
controlling factors limiting the performance of a network of AUVs are therefore the 
optimality of emergent behaviours dictated by lower level autonomy algorithms inside the 
vehicle decision engine, and the amount of collaboration possible between vehicles. This 
latter is controlled by the extremely low bandwidth nature of underwater communications.   

2. COMPONENTS OF AUTONOMOUS MULTISTATIC ACTIVE ASW 

The components required to field a network of multistatic active AUVs include the 
AUVs themselves, deploying a capable towed array, reliable onboard underwater 
navigation, synchronized timing between all assets, a full processing chain of on-board 
signal processing, and the best underwater communications available.  The multistatic 
network also requires the ability to ensonify the underwater battlespace with active sonar 
signals.  Sonar sources may be deployed on board AUVs, on dedicated off-board sources, 
or from high-value assets deployed out of harm’s way.  Finally, the network requires inter-
vehicle communications to realize collaborative autonomy to approach globally optimal 
performance.  In the following subsections we discuss the present state of these various 
elements in NURC’s Collaborative ASW programme.  

2.1. Topsides Command and Control Centre 

The command and control of the multistatic active ASW network is conducted on 
board the NRV Alliance.  This consists of several elements, including an OEX legacy 
vehicle control system using either radio communications or underwater communications 
with the Edgetech modem, an ability to wirelessly access and monitor the AUVs when 
they are on the surface, a Google Earth based geographical display, and communications 
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software to frame and transmit acoustic messages to the vehicle payload (autonomy) 
computer when submerged using a WHOI Modem.  These latter two capabilities were 
provided with the MOOS-IvP middleware [3], discussed in more detail below. 

2.2. Off-board DEMUS Source 

The NURC Deployable Multistatic Source (DEMUS) is a moored source capable of 
transmissions in the 1.8-4.0 kHz range at a controllable source level up to 210 dB re Pa 
@ 1 m. It is deployable in up to 150 m water depth and can be activated and de-activated 
either through radio communications, or underwater communications using a WHOI 
Modem. 

2.3. OEX Autonomous Underwater Vehicles 

NURC uses two Florida Atlantic Ocean Explorer (OEX) AUVs as its autonomous 
multistatic platforms.  These vehicles have an endurance of 6-7 hrs at a speed of 2.0 kts, 
and the ability to dive to 250 m. They have a reliable on-board navigation suite which 
combines the output of an Inertial Measurement Unit (IMU) and a bottom locked Doppler 
Velocity Log (DVL).  The low-level vehicle control is a legacy vehicle navigation and 
control computer (known as the “frontseat”) running the QNX operating system.  This 
computer in turn can receive navigation commands from the autonomy architecture on the 
vehicle’s payload computer, the “backseat” realized using the MOOS-IvP middleware. 

 
The OEX AUVs are configured as active ASW receivers in a multistatic sonar network. 

As such they are provided with a towed array antenna and an on-board sonar signal 
processing chain that can process the data, encompassing beamforming, matched filtering, 
CFAR detection, and tracking.  The vehicles are also capable of underwater 
communications to share information, and receive commands from the command and 
control center. For these purposes, the vehicles have two acoustic modems: an FSK 
EdgeTech modem for frontseat communications operating in the 16-24 kHz band, and a 
WHOI Modem for backseat communications operating in the 23-27 kHz band.  

2.3.1. On-board active ASW signal processing 

Each OEX deploys a nested 32 element 3 octave towed array with design frequencies 
of 3760, 1780 and 890 Hz.  The A/D board samples the acoustic signals with 24 bit 
precision at selectable sample frequencies up to 120 kHz. The A/D board is triggered in 
synchronization with GPS time, with a maximum drift of 20 s/hr while submerged.  The 
acquisition board writes files onto a disk which is accessible by a dedicated PC 104 
computer.  All onboard signal processing is performed by this computer in real time.  The 
on-board signal processing is written in C++ and as of 2010 consists of the following 
elements   

 Frequency domain narrow band matched filter and beamformer 
 Split window normalization 
 Clustering algorithm and contact formation with adjustable threshold 
 NURC’s Distributed Multi-Hypothesis Tracker (DMHT) 
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2.3.2. Onboard Autonomy 

The on-board autonomy and related inter-asset communications are implemented using the 
MOOS-IvP middleware developed at NUWC, MIT, and Oxford University [3].  The 
autonomy engine itself is connected via an interface to MOOS’s publish and subscribe 
framework to a central information buffer known as the MOOSDB.  The on-board 
autonomy algorithms are executed by the IvP (Interval Programming) helm. This can read 
any data from the MOOSDB, such as the tracks output by the DMHT.  The IvP helm 
outputs desired speed, heading and depth values to the MOOSDB, which the frontseat 
interface process reads and transmits to the frontseat, the vehicle’s legacy command and 
control computer.  IvP enables behavior-based autonomy and calculates the optimal action 
at any given time, combining all active behaviours (objective functions). Behaviours 
developed at NURC, which adapt the vehicle’s heading (rudder command),  include: 

 Maximization of signal excess (SE) 
 Minimization of localization error  
 Global minimization of localization error with a collaborating asset. 

The details of the latter two of these behaviours are detailed below. 

2.3.3. Minimization of Localization Error 

The localization error of a bistatic sonar system was derived in terms of the system 
geometry and variances.  Utilizing these equations to generate a cost function [4], one 
finds that two terms dominate.  The first dominant term is the directivity of the receiver 
array, which is best at broadside and degenerate at endfire.  The resulting cost function 
therefore is optimized when the vehicle (and array) turns perpendicular to the target.  The 
next dominant term is the “blanking region” when the target is between the source and 
receiver.  At this location, the time difference of arrival between direct blast and target 
reflection becomes smaller than the standard deviation of the time of arrival.  The solution 
for the target location variance therefore becomes asymptotically large.  The resulting cost 
function therefore is optimized when the vehicle is moving away from this “blanking 
region”.  

 
Fig. 1: Minimization of localization error objective function (left panel) and preferred 

vehicle heading (right panel). 
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These two effects are clearly visible in the right panel of Fig. 1, where the optimal 
heading is plotted as an arrow for all locations in the system.  The vehicle moves always 
perpendicular to the target and away from the blanking region.  The left panel of Fig. 1 
shows the utility (inverse of the localization error) of each location neglecting the array 
pointing direction term.  Here, the blanking region can be seen clearly behind the target.   
Also, the effect of signal excess previously mentioned is visible in that the areas close to 
the target are best.  However, this effect is much less significant than the array pointing 
direction. 

 

2.3.4. Global Minimization of Localization Error, Collaborating Asset 

In this case, two vehicles collaborate [4].  The first vehicle uses the previously 
described Minimization of Localization Error behavior.  The second vehicle, utilizing 
information about the position of its collaborator, then computes the localization error for 
itself and the first vehicle.  The optimal move for the collaborating vehicle is then the 
move which minimizes the error of the two vehicles considered jointly.  

 

Fig. 2: Joint minimization of localization error objective difference function (left panel) 
and preferred direction for the collaborating vehicle (right panel).  

 
The dominant term in this case is again array directivity, causing the maximum utility 

to occur when the array is turned to broadside.  However, in this case the blanking region 
term competes with a term representing increased angular diversity on the target with 
respect to the first vehicle.  This is illustrated by the right panel of Fig. 2.  The vectors 
generally move away from the collaborating receiver (marked RX) and the blanking 
region and converge into a balance line southwest from the target in this example.  
However, the difference between the blanking region and angular diversity terms is small 
in most locations, with respect to the broadside term.  This is illustrated in the left panel of 
Fig. 2, which shows the difference between the terms for avoiding blanking region vs. 
achieving angular diversity, scaled by the broadside term.  

3. RESULTS: GLINT10 SEA TRIALS  

During July and August of 2010, NURC conducted its third multi-static active ASW 
exercise with all assets as detailed in Section 2. The experiment was conducted in the 
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Tyrrhenian Sea just to the north of Isola del Giglio and northwest of Porto Santo Stefano 
(GR) in the Tuscan Archipelago of Italy (see Fig. 3).  In GLINT09  the on-board active 
bistatic sonar signal processing chain was demonstrated for the first time [1], including a 
simple adaptive behaviour.  The goal during GLINT10 was to demonstrate the 
aforementioned behaviours, the extended signal processing suite and the ability to have 
heterogeneous vehicles cooperate.    

 

 
 

Fig. 3: Location of the GLINT10 Experiment in the Tyrrhenian Sea northwest of Porto 
Santo Stefano (GR) Italy. 

3.1. Passive Cueing Active and Maximization of Signal Excess 

The collaboration between three heterogeneous nodes was first demonstrated with a 
passive cueing active scenario.  The first OEX, Harpo, was deployed on a racetrack 
pattern sailing north-south at the east side of the operations box, running a MIT legacy 
passive processor to search for contacts. The second OEX, Groucho, sailed 450 m to the 
west in an identical racetrack, running NURC’s on-board active processing suite.  The 
CRV Leonardo was deployed 2.6 km further to the west and deployed both an echo 
repeater (E/R) and a towed sound source radiating shaped random noise in the 750-850 Hz 
band.  Once Harpo made a passive detection on the radiated noise, it sent an acoustic 
message to the DEMUS off-board source.  

 
When the DEMUS received the message, it went active, transmitting a 2.6-3.0 kHz 

HFM every 12 seconds.  The on-board active processor on Groucho detected the direct 
blast from the DEMUS, and began forming contacts on sonar returns with more than a 
certain level of signal excess (SE).  These contacts were fed to the DMH tracker, and a 
track evaluation process prioritized the tracks according to length (in pings) and SE.  For a 
set amount of pings, e.g. 15, the tracks would be evaluated. If at that point the two highest 
ranked tracks had identical values for both of these parameters, Groucho entered into a 
disambiguation mode where it turned 30 degrees to starboard.  This manoeuvre would 
break the ambiguous track, and Groucho then entered its track optimization mode, where 
it attempted to maximize the SE on the target.  During the experiment, the track ranked 
highest by the track evaluator was not the E/R, which was operating at a low target 
strength (TS), but an unknown target to the south of the operations box.  The maximize SE 
behaviour circled this unknown target instead of the E/R, but else performed as expected. 
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3.2. Single Vehicle Optimization: Minimization of Localization Error 

Next, the minimization of localization error behaviour was tested after some refinement 
of the on-board signal processing chain and the track selector.  A higher E/R TS was 
found to be nearly optimum for the split window normaliser used.  At the higher TS, the 
DMHT together with the track evaluator quite reliably formed and ranked the tracks for 
the echo repeater.  Four tests were made in total;  three for a static E/R and the fourth with 
the CRV Leonardo towing the E/R at 4 kts. 

 
The left panel of Fig. 4 shows the better of the results obtained for the static E/R 

position, where the on-board signal processing chain most reliably located the E/R.  The 
OEX (Harpo) was seen to very nearly circle the track formed on the E/R (trk_123).  As the 
minimization of localization error is most dominated by the desire to keep the target at 
broadside, this is the expected behaviour until the vehicle sails behind the target, at which 
point it is expected to turn around to avoid the unfavourable geometry.  

 

        
 

Fig. 4: The OEX Harpo (oex_harpo/e-oex_02) minimizing the localization error on the 
track (trk_123) formed near the E/R  position (left panel). The OEX Harpo (oex_harpo/e-
oex_02) minimizing the localization error on the track formed on the moving E/R position 

(leonardo) (right panel). 
   
In the right panel of Fig. 4 the results for Harpo adapting on the moving E/R while 

minimizing the localization error are shown.  In this case Harpo was sailing at 
approximately 2 kts, while the CRV Leonardo was sailing from east to west at 
approximately 4 kts.  In this case Harpo's trajectory describes a hyperbola: at long range it 
approaches the target at an angle that is the arc cosine of the ratio of its speed to the targets 
speed, with this angle gradually decreasing to zero at the point of closest approach.  

3.3. Two Vehicle Optimization: Global Minimization of Localization Error 

The collaborative optimization on a single target track by two AUVs was attempted at 
the end of the GLINT10 experiment.  Harpo performed local minimization of the 
localization error and sent its current position (x, y, heading, depth) to Groucho.  Groucho 
used this to estimate Harpo’s localization error ellipse under the assumption that the track 
Harpo was adapting on was the same track that Groucho was adapting on.  This 
information was then used by Groucho to estimate the best manoeuvre which would lead 
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to a global minimization of the localization error.  The geometrical setup of the 
experiment was such that Groucho, in collaborating, would perform a different manoeuver 
than if it were not collaborating.  This concept was inconclusively tested during the at-sea 
demonstration due to an eastwards bias of the tracks formed by Groucho on the target.   

4. SUMMARY AND CONCLUSIONS  

The NURC autonomous multistatic active sensor network, realized using two AUVs 
towing arrays and a moored source, has been described, with an emphasis on the deployed 
signal processing suite and the behaviours developed and deployed during the GLINT10 
sea trials.  This paper has described three system concepts, tested at sea, where AUVs 
either singly or jointly autonomously prosecute a target.  The minimization of localization 
error behaviour seeks to obtain an aspect and bistatic location with respect to the target to 
have the smallest possible localization error.  We demonstrated both in simulation and 
during GLINT10 that the emergent behaviour of this autonomy rule is to circle a static 
target, or to describe a hyperbola when adapting on a faster moving target, in both cases 
keeping the target near or on broadside aspect.    

 
The first of the two joint system concepts, passive cueing active, was also tested in 

simulation and at sea.  One AUV, towing an array, performed a passive detection on 
radiated noise generated by the target, whereupon it sent an acoustic message to the 
DEMUS source to begin pinging.  The on-board active processing on the second, 
collaborative vehicle, detecting the activation of the off-board source, then sought to 
maximize its own performance through the execution of a signal excess maximization 
behaviour, leading to the emergent behaviour of circling the target.   

 
The second collaborative system concept, joint minimization of localization error, was 

based on direct inter-vehicle communications, in the form of status messages periodically 
sent by each vehicle to report their position, speed, heading and depth.  In this case, both 
vehicles deployed their active processing suite, and each found the target with the highest 
signal excess.  Upon receipt of the position of the locally optimizing AUV, the 
collaborating vehicle attempted to reduce the area of the fused localization error by 
seeking angular diversity on the target. 
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Abstract: FFI has developed a demonstrator system for easily deployable autonomous 
underwater sensor networks, called NILUS. The system consists of easily portable sensor 
nodes that are dropped onto the sea floor from a boat of any size, and recovered again 
using an integrated inflatable lift bag. The NILUS sensor nodes have passive acoustic and 
magnetic sensors, and local autonomous signal processing which automatically detects 
passing targets. Information on detected passages is sent to an operations center through 
an underwater acoustic communications network using tethered acoustic modems 
hovering above the sensor nodes. In the demonstrator system, the US Seaweb 
communications network is used for communications. The NILUS system has been used in 
numerous trials during 2009 and 2010, against submarines and various other military and 
civilian targets. This paper summarizes the experiences harvested from these trials. 
NILUS has also proved to be a versatile sensor for other purposes than the original 
intention. To illustrate this, the paper briefly describes how NILUS has been used as a 
receiver for measurements of underwater acoustic communication channels. 

Keywords: Autonomous underwater sensors, Underwater sensor networks, Underwater 
acoustic communications, Sea trials, Channel sounding 
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1. INTRODUCTION  

Distributed underwater sensor fields for monitoring purposes are being investigated by 
several research institutes and administrations. FFI has developed a versatile demonstrator 
system for easily deployable autonomous underwater sensor networks, called NILUS 
(Networked Intelligent Underwater sensors).  

The NILUS system consists of relatively small sensor nodes that are simply dropped 
onto the sea floor from a boat of any size, and recovered again using an integrated 
inflatable lift bag. The NILUS sensor nodes have passive acoustic and magnetic sensors, 
and a local autonomous signal processing unit which automatically detects passing targets. 
Information on detected passages is sent to an operations center through an underwater 
acoustic communications network using tethered acoustic modems hovering a few meters 
above the sensor nodes, through a gateway buoy equipped with acoustic and radio 
modems. In the demonstrator system, the US Seaweb communications network is used for 
underwater acoustic communications.  

FFI has four NILUS sensor nodes. These are equipped with two different types of 
physically small passive acoustic sensors, to assess the performance of both types. Two of 
the nodes have a 4-hydrophone tetrahedral array, called TETRA. The other two are 
equipped with DIFAR (Directional Frequency Analysis and Recording) acoustic sensor. 

The NILUS system has been deployed in numerous sea trials in 2009 and 2010, against 
different target vessels. This paper summarizes experiences harvested from these trials, 
while we refer to [1] for a more detailed description of the NILUS system. There have 
been some minor changes to the system since [1], but the main principles remain. 

NILUS has also proved to be a versatile sensor for other purposes than the original 
intention. When the local signal processing algorithms are switched off, raw acoustic data 
can be recorded at a sampling rate of up to 72 kHz. This gives an easily deployable and 
retrievable sensor suitable for any application where recording of acoustic data is required. 
Only the TETRA version is suitable for data recording mode since the DIFAR sensor has 
a limited bandwidth, up to only a few kHz.  

2. NILUS SEA TRIAL EXPERIENCES 

The NILUS system has been used in its normal mode of operation (detection mode) in 
numerous sea trials. These include two trials in the NGAS Joint Research Project together 
with NURC, Canada, USA, and Italy, one trial in cooperation with Sweden, and two trials 
with the Norwegian Navy. There have also been many deployments near FFI in Horten. 

Target vessels in these trials have been submarines, Navy surface vessels, divers, AIS-
equipped targets of opportunity, RHIBs, and other working boats.  

Additionally, the NILUS system has been deployed in data recording mode for 
underwater acoustic communication channel soundings as described in Section 3.1. The 
present chapter mentions differences between detection mode and data recording mode, 
where applicable. 

2.1. Deployment and recovery 
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Due to the small size of the NILUS nodes, there is no requirement for a big ship to 
handle the system. Fig. 1 shows four NILUS nodes and the gateway buoy on the deck of a 
23-foot working boat, after recovery of all this in less than two hours including transit. 

In air, a NILUS sensor node weighs less than 60 kg, and is easily handled by two 
persons. Deployment is easy: The node is simply dropped over the side of any boat. The 
nodes have a stable tripod construction which always lands on its feet (stabilized by 
battery weight at the bottom and modem float at the top). 

For recovery, the nodes are equipped with a composite air bottle with compressed air, a 
solenoid control valve, and an inflatable lift bag. When a recovery command is issued 
through the modem and interpreted by the NILUS node software, the valve is opened and 
the lift bag fills with air, and the node surfaces after some minutes (depending on depth). 
The maximum deployment depth is a few hundred meters. 

The design of the recovery mechanism has gone through some iterations regarding 
choice of valves, bottles, etc. Also, with early and unstable versions of the NILUS node 
software there was an issue that a software crash could inhibit the recovery command from 
being interpreted. This issue is now resolved, but it might have been more failsafe if the 
recovery command was interpreted by an independent subsystem. For these reasons, we 
have learnt that it is also relatively straightforward to recover the NILUS nodes using a 
ROV (remotely operated vehicle) as a backup solution. 

The gateway buoy seen in Fig. 1 was relatively cumbersome to deploy, and in the 
autumn of 2010 it did not survive a sustained wind speed of approximately 15 m/s. A new 
gateway buoy with slimmer and more robust mechanical design is now being built. 

 

 
 

Fig. 1: NILUS nodes and gateway buoy. Acoustic modems are inside the red floats. 

2.2. Endurance 

The NILUS nodes are equipped with NiMH batteries, which last approximately ten 
days of typical use. The same is the case for the gateway buoy. Note that this is a 
demonstrator system. For an operational system one might increase battery lifetime by 
putting more efforts into energy saving, and utilizing newer battery technology. 

The node can in principle operate in detection mode until the battery is empty. But to 
facilitate post-trial analysis, it is also desirable to store the raw sensor data. The node is 
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equipped with SD memory cards, and in detection mode it is able to store raw data to one 
32-GB SD card. The acoustic data requires the most space. In all trials using detection 
mode until the autumn of 2010 the acoustic sampling rate has been 18 kHz for the DIFAR 
version (3 channels) and 14.4 kHz for the TETRA version (4 channels), storing the 24-bit 
A/D converter output as 32-bit data. Then, the storage capacity corresponds to about 36 
hours of acoustic data. Recording of acoustic data can be turned on and off remotely, 
making it possible to record only during the time intervals of interest. 

In detection mode, the NILUS nodes have been operating at the brink of the processing 
capacity of the internal processor (Atmel AP7000). For this and other reasons, the 
sampling rate in detection mode was recently reduced to 4 kHz. A side effect of this is that 
storage capacity is increased to more than five days (with 4 channels of 32-bit data). 

In data recording mode, it has been desired to record acoustic data continuously for the 
entire battery lifetime (ten days). For this purpose, a small extension board with four 
additional 32-GB SD cards was added to the NILUS node. Also, the option of storing 
acoustic data at 16-bit resolution was added. It is therefore now possible to store 
approximately ten days of data from one channel with a sampling rate of up to 48 kHz at 
32-bit resolution or 72 kHz at 16-bit resolution. 

2.3. Contact reports 

To demonstrate the operational potential of autonomous underwater sensor systems, 
NILUS has been given the capability to send contact reports based on local processing of 
the sensor data. The contact reports are formatted in a dynamic binary messages format 
defined by FFI specifically for this purpose. The nodes can be configured to autonomously 
send all contact reports, or be polled for the last contact report. In both cases, it is 
configurable which data fields are included in the contact reports. Possible data fields 
include: 

Magnetic data: Detection time, Time series of magnetic field vector. 
Acoustic data: Detection time, Target lost time, Time series of bearing, Time series of 

received power level, Power spectrum estimate, Estimated frequency lines. 
The contact reports are sent through the Seaweb communications network, received at 

the operations center, interpreted by the NILUS operator software, and displayed on 
screen. Examples of displayed plots are shown in Fig. 2. The upper left panel shows time 
series of bearing and received power level, and the lower left panel is an animated display 
combining these time series data from several sensor nodes. The upper right panel shows 
estimated acoustic power spectrum and frequency lines, and the lower right panel shows 
time series of magnetic field vector (deviation from static field). 

If all available data fields are turned on, the size of each contact report may be in the 
range 1–2 kB. In one stress-test experiment, four nodes within few hundred meters of each 
other were configured to autonomously send such large contact reports. This overwhelmed 
the acoustic communication network operating at 800 bps link data rate. In [2], we 
discussed the communication requirements of underwater sensor nodes and implications 
of simultaneous detections by nearby nodes. Similar issues are also discussed in [3]. 

The amount of data can be reduced by turning off some data fields. Our experience is 
that the most informative data for a human operator are the time series of bearing and 
received power level (left-hand panels in Fig. 2). The bearing curve shape tells whether 
there actually was a target passing, and the power level curve tells whether it was a strong 
or weak target. Retaining only this information, a typical contact report may be about 500 
bytes long. A possible future improvement is to make algorithms to interpret these curves 
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inside the nodes, and only transmit a few parameters describing the curve shapes. This 
could significantly reduce the size of the contact reports. 

It is also possible to poll the nodes for status messages (battery status, memory card 
status, temperature, orientation, depth, etc). This functionality has proven very useful 
under all NILUS deployments. In data recording mode, the contact reports are disabled but 
the status messages are still available. 

 

 
Fig. 2: Examples of contact report data interpreted and plotted by 
the NILUS operator software. The plots are explained in the text. 

The four example plots are from three different target passages. In the upper left panel 
time format is hours:minutes, while in right-hand panels time format is minutes:seconds. 

2.4. Interference to sensors 

One argument against physically small sensor nodes is the risk of electromagnetic 
interference from electronics to sensors. Part of the motivation for building the NILUS 
system was to gain realistic experience on this issue. As it turns out, the acoustic sensors 
and preamplifiers have very rarely been troubled by electromagnetic interference issues. 
The magnetic sensor, on the other hand, has been much disturbed. 

A large source of interference to the magnetic sensor is the fact that the modem 
hovering above the node is provided with power from batteries mounted on the node. The 
modem current draw then causes a magnetic field to be induced around the battery and 
around the current-carrying vertical cable. Of course, the magnetic field sensor does its job 
and detects this: We clearly see steps in the data when the modem switches between idle, 
receive, and transmit states. Using a modem with its own internal batteries would help 
significantly, but would also make the weight distribution of the nodes less ideal.  
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Another issue is direct acoustic interference from the modem to the acoustic sensor. 
Since the modem is transmitting at frequencies higher than what is used for acoustic signal 
processing, this is not a problem as long as the gain setting is such that there is no 
saturation. This is easy to achieve with the TETRA version, but with the DIFAR there has 
been saturation in an inaccessible preamplifier inside the sensor. For this reason, on 
DIFAR the two accelerometer channels (which do not saturate as easily) have been 
preferred over the hydrophone channel as input to various signal processing algorithms. 

2.5. Signal processing 

Signal processing algorithms for NILUS are developed and tested in Matlab, using 
recorded data from previous trials. Algorithms and parameter settings then found to be 
usable are implemented in C code which run locally on the processor inside the node. 

The magnetic data is processed with the automatic detection algorithm in [4]. Many 
false alarms have been experienced, particularly due to electromagnetic interference from 
the modem current draw. Therefore, the algorithm was extended by monitoring the 
modem current draw and discarding detections if the modem was in transmit state. This 
helped significantly, but due to the interference the performance is still unsatisfactory. 

All acoustic signal processing is done in the frequency domain, using windowed FFT’s 
as the first processing step. An acoustic detection is triggered when there is an increase 
rate (above threshold) in received signal level at a number (above threshold) of frequency 
bins. The automatic detection algorithm has worked well against all targets, in the sense 
that there is good correspondence between non-transient signals in the data and automatic 
detections. The two threshold parameters have rarely been tuned. What is lacking is a 
target classification algorithm, a task which is very hard to do completely autonomously.  

When an acoustic target is detected, additional signal processing algorithms are 
switched on, in order to extract the additional information to be reported (bearing, power 
level, power spectrum, frequency lines). Bearing estimation algorithms for the TETRA 
sensor are discussed in [5], while for the DIFAR sensor, bearing is estimated by the arctan 
operator followed by averaging over frequency bins. The relative performance 
experienced with the two sensors using the implemented algorithms can be summarized 
as: TETRA works best in multi-target situations, while DIFAR works best in single-target 
situations. Another aspect of this comparison is that DIFAR sensors on the market are 
designed for use in expendable sonobuoys, and therefore there is an issue with reliability 
in a system designed for multiple deployments. 

3. ALTERNATIVE APPLICATIONS OF NILUS OR SIMILAR SYSTEMS 

3.1. Underwater acoustic communication channel soundings 

In a project that initially was independent of NILUS, FFI has been, and still is, 
undertaking underwater acoustic communication channel soundings (i.e., measurements of 
the time-varying impulse response), while also testing communication signals on the same 
channels. That project only had cabled transmitters and receivers available, which put 
severe constraints on the deployment geometry. 
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Using NILUS in data recording mode, a lot of flexibility was added. NILUS receivers 
could quickly be deployed at a suitable place on the sea floor, and easily relocated in the 
midst of a trial in order to give a more diversified data set. Also, a battery-operated 
transmitter called SNILUS (Sender NILUS) was built on a spare NILUS frame that was 
available, giving flexibility also regarding transmitter position. 

Fig. 3 shows an example of channel sounding analysis results using SNILUS as 
transmitter and NILUS as receiver. In this case, the propagation path is approx 1200 m 
long and the frequency range is 10 kHz–18 kHz. As can be seen, the measurement data 
has high fidelity. Channel soundings and communication signals recorded by NILUS have 
been reported on in several papers, e.g., [6]. 

 

 
Fig. 3: Example of channel sounding analysis results based on data recorded by NILUS. 

3.2. Other potential applications 

NILUS or similar systems could be used as a receiver for multi-bistatic applications. As 
a first simple step, NILUS could be used (as it is) in data recording mode for purposes of 
R&D in multi-bistatic sonar. A more challenging task would be to design and implement 
suitable algorithms to run locally on the nodes for bistatic detection. 

NILUS or similar systems could also be used as a mobile test range, by vessels which 
have an operational requirement for in situ measurement of their acoustic and magnetic 
signatures. Quick deployment and recovery would be a benefit for this application. A 
related potential application could be short-term environmental monitoring (recording ship 
traffic, marine mammal activity, ambient noise, etc). 
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We have not yet pursued the ideas mentioned in this section. 

4. CONCLUSIONS 

With NILUS, FFI has demonstrated the feasibility of using an underwater network with 
easily deployable battery-operated nodes for monitoring purposes, with the operations 
center at safe distance (no geographic restriction) thanks to communication through a 
gateway buoy. With local signal processing inside each sensor node, it is possible to 
generate contact reports which can be sent through an underwater acoustic network and 
provide operationally relevant information to the user. 

Some challenges for such detection systems have however emerged: Electromagnetic 
interference to a magnetic sensor on a compact sensor platform, achieving unassisted 
autonomous target classification, and reducing the amount of contact data to transmit so as 
to be tractable for an underwater acoustic communications network. 

NILUS has also proved to be a versatile sensor for other purposes than its original 
intention. It has been used with success as a receiver and data recorder for underwater 
acoustic communication channel sounding experiments. 
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Abstract: An integrated framework based on information theory and environmental 
acoustics has been developed for enhancing the multistatic target tracking with distributed 
autonomous underwater vehicle (AUV) networks.  The framework is discussed in the 
context of bistatic assets and a generalized approach is presented that allows the target 
tracking and behavior-based autonomy to operate on any one of the six variants of 
commonly-used bistatic measurement vectors.  The filter kernel in the target tracking 
algorithm and the bistatic autonomous behavior are first developed independent on the 
choice of the bistatic measurement vectors.  The integrated information theoretic and 
environmental acoustic framework is then set up to interface the filter kernel and bistatic 
behavior by adapting the measurement covariance matrix based on the prior estimate of 
the target state vector.  The utilization of this framework is validated using the Generic 
Littoral Intelligent Network Technology (GLINT) 2009 experimental data, collected jointly 
with the NATO Undersea Research Centre (NURC), and simulated data.  It is shown that 
this framework provides an attractive methodology to adapt the settings in an AUV for the 
autonomous bistatic tracking of an underwater target.  [Work supported by ONR and 
NURC] 
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based autonomy, Fisher's information, Cramér-Rao lower bound, information theory, 
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1. INTRODUCTION 

The benefits of using multistatic sonar system for tracking underwater target are well 
established [1][2].  The geometric diversity associated with the simultaneous deployment 
of myriad configurations of source(s) and receiver(s) provides multiple angle observations 
for complementary detection opportunities and improved efficacy in target tracking.  In 
this work, multistatic tracking is implemented on a distributed AUV network with each 
AUV towing a receiver array.  The effectiveness of the multistatic sonar system then relies 
heavily on the information sharing amongst the network of spatially dispersed AUVs.  The 
amount of information that can be exchanged is restricted due to the limited bandwidth 
and intermittency of the underwater acoustic communication channel.  As a result, this 
work adopts the nested autonomy paradigm [3] where each AUV must be capable of 
operating by herself in bistatic configuration, comprising a source-receiver pair. 

The sonar signal processing algorithm is placed at the front-end to process the 
hydrophone data from the receiver and generate the measured quantities [2].  The target 
tracking algorithm is then used to associate and filter these quantities to produce the track 
solution.  This track solution is then fed into the behavior-based autonomy algorithm, and 
the integrated information theoretic and environmental acoustic framework.  In the heart 
of the target tracking algorithm resides the ubiquitous Kalman filter (KF) kernel.  A 
specific bistatic autonomous behavior for the AUV is developed to maximize the 
information reward in terms of the bistatic sonar tracking performance.  This paper 
provides an overview of the integrated framework and demonstrates its interfacing with 
the KF kernel and behaviour-based autonomy via the measurement covariance matrix. 

2. BISTATIC GEOMETRY 

The two-dimensional bistatic geometry involving a source (denoted as S), target 
(denoted as T) and receiver (denoted as R) at a particular time scan   is depicted in Fig. 1, 
where dependency of the quantities in the geometry on   is implied.  The source is 
transmitting a frequency-modulated (FM) and continuous wave (CW) sonar pulse signals 
concurrently.  The sonar pulse signals reach the receiver through two traveling paths.  The 
direct blast travels directly from the source to receiver, while the indirect blast from the 
source to receiver via scattering at the target. 

The measured navigational quantities   ( ),   ( ),  ̇ ( ),  ̇ ( ),   ( ) and   ( ), 
where   *   +, and the measured environmental quantity  ( ) are assumed to be known 
at the receiver.  The measured acoustical quantities   ( ),   ( ) and   ( ), where 
  *               +, are estimated from the sonar signal processing algorithm discussed 
in [2].  Specifically, the FM and CW processing chains in the algorithm are used to 
estimate the quantities   ( ) and   ( ), and the quantity   ( ) respectively.  With these 
measured quantities available at the receiver, the time difference of arrival (TDOA) 
between the indirect and direct blasts   ( ), the range from the target to receiver   ( ), 
and the Cartesian position of the target   ( ) and   ( ) are computed as shown in [4]. 
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Note: 
DOA, TOA, TL - direction-of-arrival, time-of-arrival and transmission loss 

 

  ,    Cartesian position of  -th asset,   *     + 

 ̇ ,  ̇  Cartesian velocity of  -th asset,   *     + 

  ,    speed and heading of  -th asset,   *     + 

    
relative bearing of  -th asset from  -th asset, 
    *     + and     

       ,           DOAs of direct and indirect blasts at R 

 ,   bistatic and separation angles 

  ,   ,     range, travel time and TL from  -th asset to T,   *   + 

  ,   ,     (baseline) range, travel time and TL from S to R 

       ,        ,          
range, travel time (TOA) and TL loss related to 
direct blast     ,   ,     

         ,          ,            
(bistatic) range, travel time (TOA) and TL related to 
indirect blast        ,      ,         

  average underwater sound speed along traveling paths 

       ,           frequencies of direct and indirect blasts detected at R 

 

 

Fig. 1: Two-dimensional bistatic geometry involving source (S), target (T) and receiver (R). 

3. TARGET TRACKING FORMULATION 

The basic problem of the bistatic geometry in Fig. 1 is to estimate the kinematic state 
vector of the target defined as   ( )  ,   ( )   ( )  ̇ ( )  ̇ ( ) - .  The target is 
described by a linear and nearly constant velocity (NCV) dynamic model   (   )  
    ( )   ( ), where        is the state transition matrix [4].  Here, 
 ( )   (      ) is the process noise with covariance matrix    * ( )   ( )+  
    .  The process covariance matrix is defined using the NCV model [4]. 

Six variants of commonly-used bistatic measurement vectors are considered for 
generalization, 
 
    ( )  ,   ( )   ( ) -

  ,   ( )  ,   
 ( )          ( ) -

  , (1) 
    ( )  ,   ( )          ( ) -

  ,   ( )  ,   
 ( )          ( ) -

  , (2) 
    ( )  ,   ( )          ( ) -

  ,   ( )  ,   
 ( )          ( ) -

  . (3) 

The measurement equation is then modeled as   ( )    (  ( ))    ( ),   
     , with   ( )   

     being the transformation vectors [4].  Here, 
  ( )   (       ( )) is the measurement noise with covariance matrix   ( )  
 *  ( )   

 ( )+      , and is uncorrelated with the process noise  ( ).  It follows 
that     for         and     for        .  The measurement errors are 
represented by the covariance matrices 
 
 

  ( )  [ 
   
 ( )      ( )

     ( )    
 ( )

 ] ,     ( )  [ 
  ( )     
              

 ( )
 ] , (4) 

 
  ( )  [ 

   
 ( )  

           
 ( )

 ] ,     ( )  [ 
  ( )     
              

 ( )
 ] , (5) 

 
  ( )  [ 

   
 ( )             ( )

            ( )           
 ( )

 ] ,     ( )  [ 
  ( )     
              

 ( )
 ] , (6) 

Being dependent on the prior state vector  ̂ ( |   ),   ( ) should be more precisely 
denoted as   ( |   ). 
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The initialization, prediction and update steps for the linear/extended KFs (LKF/EKFs) 
are fully described in [4].  At time scan  , the prior state vector  ̂ ( |   ) is first 
predicted.  The non-linear functions   ( ̂ ( |   )) are linearized using the 
measurement matrix   ( ̂ ( |   ))     

   (  )|    ̂ ( |   ) [4].  The posterior state 
vector  ̂ ( | ) and state covariance matrix  ( | )       are then updated upon receipt 
of measurement   ( ). 

To assess the performance of the target tracking algorithm, two performance metrics 
are employed.  They are the square-root trace of the posterior state covariance matrix 
 ( | )      , and the square-root trace of the Cramér-Rao lower bound (CRLB) matrix 
     ( )   

   .  The inverse of      ( ) is the Fisher's information matrix (FIM) 
    ( )   

   , which is computed recursively as described in [5]. 

4. BEHAVIOR-BASED AUTONOMY FORMULATION 

A specific bistatic autonomous behavior for the AUV is developed to maximize the 
information reward in terms of the bistatic sonar tracking performance.  The FIM     ( ) 
or equivalently the inverse of the CRLB matrix      ( ) is selected for this reward 
function.  The maximization of     ( ) is equivalent to the minimization of      ( ).  
To be consistent with the performance metrics introduced in Section 3, the trace of 
     ( ) is employed as the objective function. 

Let     determine the amount of forward time scan in predicting the bistatic source-
target-receiver geometry.  At time scan  , the prior state vector  ̂ (   | ) is predicted 
using the KF kernel, and the source state vector  ̂ (   ) is readily predicted for a 
cooperative source.  With a known receiver state vector   ( ), different values of speed 
  ( ) and heading   ( ) project the receiver into different  ̂ (   ).  It is assumed that 
  ( )      (     ) and   ( )      (     ).  Denoting the possible 
values of speed and heading    ( ),        , and    ( ),        , the 
corresponding projected receiver state vector is obtained as  ̂    (   ).  The optimal 
bistatic behavior is then found by minimizing the objective function, 
 
 ,  ( )   ( )-          ̂ (   )*     ,     (   )-+       ̂ (   )   ̂    (   ), (7) 

where      (   ) is a function of the bistatic source-target-receiver geometry.  The 
feasible region is further reduced by constraining  ̂ (   ) such that (i) the receiver is 
prevented from getting too near to the source, and (ii) the target is prevented from entering 
the direct blast masking zone.  The optimal   ( ) and   ( ) will then redeploy the AUV 
to the predicted information-rich waypoint at time scan    . 

5. INFORMATION THEORETIC FRAMEWORK 

The measurement covariance matrices   ( ) in equations (4) to (6) play important 
roles in the update of the posterior state covariance matrix  ( | ) in the KF kernel, and 
the recursive computation of the FIM     ( ) in the bistatic behavior.  The derivation of 
  ( ) is based on an extension of the work by Coraluppi [6]. 
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The errors in the measured acoustical quantities discussed are obtained using the CRLB 
with respect to their respective quantities as [7] 
 
 

   ( )      
√       

  ( )    

√         
  ( )

 ,     ( )       ( )
√       

  ( )    

√         
  ( )

 ,    ( )      
√       

  ( )    

√         
  ( )

 , (8) 

where,   ,    and    are parameters associated with the sonar signal processing algorithm, 
and   *               +.  The subscripts    and    denote the quantities relating to 
the matched filter and beamformer in the sonar signal processing algorithm, and the 
superscripts    and    denote the relation to FM and CW processing chains.      , 
     ( ) and      depend on the delay estimation resolution of the FM matched filter, 
the beamwidth of the beamformer, and the Doppler estimation resolution of the CW 
matched filter respectively [4].  The signal-to-noise ratios (SNRs) at the matched filter 
output are denoted as      ( ), where   *     +, and the calculations are provided 
in Section 6.  If the errors in the TOAs of the direct and indirect blasts are uncorrelated, 
the error in the TDOA   ( ) is given as 
 
     

 ( )          
 ( )            

 ( ) . (9) 

The errors in the measured range from the receiver to target   ( ), the measured DOA of 
the indirect blast          ( ), and the measured Cartesian position   ( ) and   ( ) are 
denoted    

 ( ),             ( ),    
 ( ),    

 ( ) and      ( ), and are function of the 
bistatic source-target-receiver geometry and the error covariances of the measured 
quantities [6]. 

6. ENVIRONMENTAL ACOUSTIC FRAMEWORK 

The SNRs at the matched filter output      ( ), where   *     + and   
*               +, are used in equation (8) to define the error variances in the measured 
acoustical quantities   ( ),   ( ) and   ( ).  The computations presented here form the 
environmental acoustic framework and is combined with the information theoretic 
framework to yield the integrated framework. 

The bistatic sonar equation is used to compute the SNRs in logarithmic units (denoted 
by superscript (  )), and the combined form for noise- and reverberation-limited case are, 
for   *     +, expressed as [1] 
 
         

  (  )( )      (  )( )  [(  (  )          
  (  )( )      (  ))           

(  ) ( )] , 

           
  (  ) ( )      (  )( )  [(  (  )            

  (  ) ( )      (  ))             
(  ) ( )] , 

(10) 

where   denotes the power summation,    is the noise intensity level at the beamformer 
input,     ( ) is the array gain against noise in the beamformer, and     is the 
processing gain of the matched filter.  The direct blast intensity level and indirect 
blast/echo intensity level are given as [1][8] 
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      (  )( )    (  )     
(  )( )         

  (  )( ) , 

     (  )( )    (  )     
(  )( )     

(  )( )    (  )( )           
  (  ) ( ) , 

(11) 

where    is the source intensity level, and   ( ) is the target strength that is a function of 
the bistatic angle  ( ).  The Q-function   

  (  )( ) is the time integration of the 
ambiguity function of the sonar pulse signal described in [8].  The bottom reverberation 
intensity level at the beamformer output is denoted as    ( ) and is given by [1][8] 
 
     

(  )( )    (  )       
(  )( )       

(  )( )      
(  )( ) , (12) 

where      ( ) and      ( ) are the transmission losses (TLs) from the source and 
receiver to the bottom scattering patch.  The TLs in equations (11) and (12) and bottom 
target strength     ( ) are using the expressions derived by Harrison [9].  Both the BTSs 
and TLs are function of the bistatic source-target-receiver geometry, bathymetry and 
measured environmental quantity. 

7. RESULTS 

The experimental data from the GLINT 2009 experiment is used to evaluate the 
performance of the integrated framework.  The Deployable Experimental Multistatic 
Undersea Surveillance (DEMUS) source was deployed and transmitting both the FM and 
CW sonar pulse signals concurrently.  The Deployable Echo-Repeater System was used as 
a target and towed by the CRV Leonardo.  The passive receiver was the BENS array, 
towed by the Ocean Explorer (OEX) AUV.  For the case of a two-dimensional 
measurement vector such as   ( ), the reverberation-limited            

   (  )( |   ) and 
|  ( |   )|   at time scan       are shown in Fig. 2.  The positions of the 
stationary DEMUS source and moving OEX AUV/BENS array are depicted, with its 
current speed and heading indicated by the length and direction of the arrow at the current 
position.  The intensities on the plots represent the computed values of 
           

   (  )( |   ) and |  ( |   )|   if the target was at that particular position.  
The poor results at the endfires of the array and in the direct blast masking zone are 
evident on the plots.  If the prior estimate of the state vector  ̂ ( |   ) is available, the 
corresponding              ( |   ) and   ( |   ) can be used in the LKF to compute 
the posterior state vector  ̂ ( | ).  Next, the Doppler information is added to the 
measurement vector   ( ) that results in   ( ).  Using the integrated framework on the 
EKF, the measurement covariance matrix   ( |   ), posterior state vector  ̂ ( | ), 
and posterior state covariance matrix  ( | ) are computed and plotted in Fig. 3 at time 
scan      .  Leonardo was cruising westward at    m/s, and this is reflected by the 
historical  ̂ ( | ) and the current velocity estimate ,  ̇ ( | )  ̇ ( | ) -

  
,         - m/s.  The performance metrics of the target tracking algorithm using all the 
measurement vectors   ( ) from time scan     to     are depicted in Fig. 5(a).  From 
the results (although not too obvious), the posterior state covariance matrix  ( | ) is 
bounded by the CRLB matrix      ( ) at its lower limit.  The peaks of  ( | ) and 
     ( ) in the vicinity of time scan       occur because the target had entered the 
forward endfire of the BENS array when the OEX AUV was making a turn from the 
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southbound to northbound run.  In general, the algorithm performs better when Doppler 
information is added to the measurement vector. 
 
           

   (  )( |   )       (  )( |   )            
(  ) ( |   ) |  ( |   )|   

  
 

Fig. 2: Computed reverberation-limited            
   (  )( |   ) and |  ( |   )|   at 

time scan at      .  Intensities represent computed values if target was at that position. 
 
 

  
 

Fig. 3: Measurement covariance matrix   ( |   ), posterior state vector  ̂ ( | ), and 
posterior state covariance matrix  ( | ) with experimental data at time scan      . 

To evaluate the bistatic autonomous behavior with the integrated framework, simulated 
data is used to generate the bistatic measurement vectors   ( ).  Using the same bistatic 
assets as the experimental data, the simulated data depicted in  is considered, with  the 
target cruising eastward and the OEX heading north.  Upon tracking the target using 
measurement vector   ( ), the bistatic behavior is activated and the AUV adaptively 
maneuvers to minimize the objective function as shown in Fig. 4a.  The AUV then skirted 
along the green dotted circle in Fig. 4a to avoid closing on the DEMUS source.  
Subsequently, the AUV deflects south from the optimized path in Fig. 4b to prevent the 
target from entering the direct blast masking zone.  The intensity plots depict the objective 
function computed in the feasible region.  The CRLB performance metrics are shown in 
Fig. 5(b), reflecting the adaptive maneuvering of the AUV to reduce the CRLB matrix 
     ( ). 
  

Historical  ̂ ( | ) 

  ( |   ) 

Current  ̂ ( | ) 

 ( | ) 

Ground truth 
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(a)       (b)       

  
 

 

Fig. 4: Bistatic behavior on AUV (red) using simulated data with target (magenta) 
cruising eastward and stationary source (green).  Intensity plots depict objective 

functions, with selected   ( ) and   ( ) indicated by white cross with black circle. 
 
 

 (a) Experimental data used in Fig. 3  (b) Simulated data used in Fig. 4 
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 √     , ( | )- √     ,     ( )-  √     , ( | )- √     ,     ( )- 

 

 

Fig. 5: Square-root trace of posterior state covariance matrix  ( | ) and square-root 
trace of CRLB matrix      ( ) with (a) experimental data used in Fig. 3 from time scan 
    to    , and (b) with simulated data used in Fig. 4 from time scan     to    . 

8. SUMMARY AND CONCLUSION 

An integrated framework based on information theory and environmental acoustics has 
been developed for enhancing the multistatic target tracking by distributed AUV networks.  
A generalized approach was presented that allows the each network node to adaptively 
track and autonomously adapt her survey path to optimize the bistatic information that can 
be collected under the current tactical situation.  The framework was validated using the 
data from the joint GLINT 2009 experiment and simulated data.  It was demonstrated that 
the integration of target tracking with the autonomous control provides an attractive 
methodology for bistatic tracking of an underwater target by AUV networks. 
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Abstract: Multistatic sonar operation provides some well-known advantages compared to 
monostatic operation like enlarged detection areas and increased probability of detection. 
In order to gain the maximal profit from the information of different sources highly 
sophisticated fusion algorithms have been developed during the last years. Furthermore, 
today’s processing power allows the application of modern algorithms in real time. 
In the literature there are two general concepts for data fusion. One concept is the 
decentralised fusion, where each sensor has its own tracking system and the fusion of the 
data is performed on track basis. Another approach is the centralised fusion, where the 
contacts of all sensors are processed in a common tracker.  
From the theoretical point of view the centralised fusion can provide the optimal 
performance concerning track stability and accuracy of the estimated target kinematics. 
However, in some applications the decentralised tracking is preferable, e.g. to overcome 
systematic measurement errors.  
In this presentation evaluations of data sets recorded by two completely different sensor 
systems are shown. It turns out that each of these sensor systems requires its individual 
fusion concept. 

Keywords: Multistatic tracking, ASW, centralised fusion, decentralised fusion 
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1. INTRODUCTION  

The performance potential of multistatic sonar operation has been investigated by 
several research institutes and proven in numerous international sea trials during the last 
years. The characteristics of multistatic sonar operation are the use of one or more 
spatially separated transmitters and receivers, the exchange of the contact or track 
information as well as the appropriate combination of all available data in order to 
optimise the detection and localisation performance.  

One advantage of multistatic systems is the increased detection area compared to 
monostatic systems. Another important feature of multistatic systems is the growth of 
detection opportunity due to the diversity of available sound sources and pulse forms. The 
probability that a target will be detected increases with the number of sonar systems 
involved because every system faces a different target strength, reverberation, and noise 
situation. This property of multistatic systems improves system track holding. Gaps in the 
detection sequence of one platform may be filled with detections of other platforms. 

All bistatic systems have the additional advantage that targets can not choose an 
optimal course to reduce their target strength, since the targets usually can not be aware of 
the receiving position of the bistatic system. A target not knowing the receiver position 
will not even recognise that it is detected. 

To draw the maximum profit from these advantages, it is necessary to combine all the 
information available from different sources, sensors and signals into a unified general 
view of the underwater situation. Therefore, highly sophisticated fusion algorithms have 
been developed during the last years. Furthermore, today’s processing power allows the 
application of modern algorithms in real time. 

2. FUSION CONCEPTS 

There are two general concepts for the fusion of contact data from different sensors: 
centralised and decentralised fusion. In the first case the contacts of all sensors are 
transmitted to a common tracking system and tracks are built using all available data. In 
the second approach each sensor has its own tracking system which builds up sensor 
tracks from the sensor data. Afterwards, the sensor tracks are transmitted to a fusion 
centre, where the data fusion is performed on track basis. 

From the theoretical point of view centralised fusion provides the optimal performance 
with respect to the accuracy of the estimated target parameters (position and velocity). 
Additionally, the combination of contacts from several sensors increases the probability of 
track extraction and the track stability. Even weak targets, which can not be tracked by a 
single sensor (e.g. due to many detection losses), may be tracked by using the data of 
several sensors and a centralised fusion. 

On the other hand, decentralised fusion has the advantage that it is more robust against 
systematic errors, which can occur e.g. due to compass misalignment or errors in the 
estimated sound velocity. Less data transfer is necessary as the number of tracks is usually 
lower than the total number of contacts. Furthermore, unrecognised failures in single 
sensor cannot degrade the complete system and the integration of additional sensors is 
straightforward. 
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Since each of the fusion concepts has its advantages and disadvantages none of them 
performs generally better than the other one. Actually, it depends on the sensor layout and 
the data situation in a specific application, which tracking approach is preferable.  

In the following sections examples of two different sonar applications will be 
presented: the Metron dataset and the SEABAR’07 sea trial. Due to the completely 
different conditions of the particular sensor systems we have used a centralised fusion for 
the first dataset and a decentralised fusion for the second one. 

 

        
Fig. 1: Metron sensor layout (left) and SEABAR geometry for run A01 (right). 

3. METRON DATASET 

The Metron dataset [1] was generated by Metron, Inc. for the Multistatic Tracking 
Working Group (MSTWG), which is organised under the auspices of the International 
Society of Information Fusion (ISIF). The aim of this group is to foster interaction among 
researchers in sonar and radar multi-sensor tracking, and to compare complementary 
approaches to fusion and tracking using common datasets. The Metron dataset is a 
simulated data set with five distinct scenarios. The sensor layout, which is the same for all 
scenarios, consists of 4 sources and 25 receivers in an observation area of 72   72 km2 
(see Fig. 1). There are alternating FM and CW transmissions simulated with a pulse 
repetition time of 180 seconds.  

One of the most challenging problems in this dataset is the low probability of detection 
of about 12.5% in combination with the high pulse repetition time. This means that the 
average detection rate of each receiver is approximately once per 24 minutes. A target 
with a speed of 6 m/s, such as given in scenario 1, will move more than 8 km in that time 
and can totally change its course and speed. Under these circumstances decentralised 
tracking seems to be very challenging and we decided to use a centralised tracker to 
overcome the difficulties of this dataset. Furthermore, the simulation contains no 
systematic registration errors which could trouble the centralised fusion. We used a 
multiple hypothesis tracker (MHT), which is based mainly on [2], in the central fusion 
centre. The extraction and termination of tracks is managed by a sequential likelihood 
ratio test. 
A further difficulty in the Metron dataset are the large measurement errors with respect to 
the bearing. The bearing error is normally distributed with a standard deviation of 8°. The 
centralised data fusion requires a common coordinate system for the contacts from all 
receivers. But the large bearing errors lead to imprecise transformation of the error 
covariance from polar to Cartesian coordinates. This problem was reduced by 
approximating the bearing error covariance by a Gaussian sum (see [3]). The resulting 
parts are then transformed separately to Cartesians. 
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The tracking results for the five Metron scenarios are shown in Fig. 2. The ground truth 
(blue) is known for scenario 1 and scenario 4. The remaining three scenarios are ‘blind’, 
meaning the true target locations and the numbers of targets are unknown. In spite of the 
described difficulties tracks could be extracted for all known targets. There are only few 
fragmentations and nearly no false tracks. 

 

     
Scenario 1, Scans 1-50       Scenario 1, Scans 51-100       Scenario 2, Scans 1-100 

     
Scenario 3, Scans 1-200       Scenario 4, Scans 1-200       Scenario 5, Scans 1-200 

 

Fig. 2: Results for the Metron data. 

4. SEABAR’07 DATASET 

The SEABAR’07 sea trial [4] was a multistatic experiment conducted by the NATO 
Undersea Research Centre on the Malta Plateau, south of Sicily, in October 2007. The 
experiment included a single source and three receivers. Alternating CW and FM pulses 
were transmitted by the source at one minute intervals. The target was an echo repeater 
towed by a NURC research vessel. The geometry of run A01, which is investigated in this 
paper, is shown in Fig. 1. The experiment was situated in a challenging shallow water 
area, with high levels of reverberation, clutter, and shipping noise. 

The main difficulty in this dataset is the existence of large systematic errors in the 
bearing measurements. In the following evaluations the original dataset without bias 
correction was used since alignment errors are realistic for an operational system and the 
tracking system should be able to overcome this problem. 

Due to the alignment errors and the temporary failure of the single receivers a 
decentralised fusion seems to be preferable. Systematic errors affect the sensor trackers 
only marginally, and the association of sensor tracks is less sensitive than contact 
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association in a centralised fusion. We decided here to use a two-stage data fusion 
consisting of the following operations.  

At the first stage, sensor tracks are built up using CW and FM contacts of the separate 
transmitter-receiver combinations. Therefore, the same MHT as in Section 3 is used. The 
sensor tracks and the corresponding target contacts are passed on to the fusion system. At 
the second stage, the association of the tracks of the different sensors is done by a global 
nearest neighbour approach (see [2]). Then the track fusion is accomplished by a Kalman 
filter, working on the pre-associated target contacts of all receivers. 

One advantage of this approach is that the amount of data will be reduced considerably 
in the first fusion stage. For the subsequent track fusion the original measurements were 
used instead of the estimated track states in order to avoid correlation problems (see [5] 
for more information). 

In Fig. 3, on the left hand side, the sensor tracks belonging to the target of receiver 1 
(blue), receiver 2 (red) and receiver 3 (green) are shown. The ground truth is marked with 
black crosses, where the target starts at the upper left corner. It is obvious that due to the 
systematic bearing errors the estimated positions of the tracks do not match. Furthermore, 
sensor track 1 exists only for a short time, and also sensor track 3 stops earlier than sensor 
track 2. In the middle of Fig. 3, the result of the fusion of the three sensor tracks is shown. 
It is visible that the alignment errors are compensated to some extent, but there are still 
deviations from the true target positions, especially at the end of the track, where only 
measurements from receiver 2 are available. 

 

     
Fig. 3: Results for the SEABAR data. Sensor tracks (left), fused track (middle) and fused 

track with error estimation (right). 

In order to overcome the localisation problems of the data fusion an automatic 
estimation of the systematic measurement errors was added to the Kalman filter in the 
second tracking stage. Therefore, the state vector of several selected targets and an 
additional state vector for the systematic error terms are combined to a common state 
vector. By updating this common state vector with the associated measurements in an 
Extended Kalman filter ([6]) the target states and the measurement errors are estimated. 
The result of this method is displayed on the right hand side of Fig. 3. Here, the complete 
estimated track is very close to the ground truth. Fig. 4 shows the online estimated bearing 
errors (blue) for the three receivers, in comparison to the mean bearing errors estimated 
after the trial (red). The lower right picture shows the estimated range error resulting from 
the imprecisely estimated sound velocity. 
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In summary, by the use of the detections of several spatially separated receivers an 
automatic online estimation of unknown bias errors is possible. By this means, the target 
state estimation can be improved essentially. 

 

 
Fig. 4: Estimated bearing and range errors. 

5. CONCLUSIONS 

In this paper we presented evaluations of datasets recorded by two completely different 
multistatic sonar systems. It turned out that each sensor system requires its individual 
fusion concept depending on the layout and performance of the single sensors. In both 
cases excellent tracking results could be achieved by an appropriate data fusion. For the 
first dataset a centralised fusion concept was applied, which is the optimal approach in the 
theoretical sense. However, for the second dataset a decentralised solution was more 
advantageous. In summary, one has to decide depending on the individual situation which 
fusion concept is most suitable for a multistatic operation. 
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Abstract: Selective Automatic Repeat Request (SRQ) is a mechanism implemented in 
digital communication links as a measure for mitigating unreliability inherent in the 
physical channel. In January 2004, an experiment was performed in St. Andrew’s Bay, 
Panama City, Florida. The goal was to transmit large data files through underwater 
acoustic links consistent with those compressed imagery file telemetry. For three point-to-
point test geometries, SRQ was tested with a noisy and variable physical layer. Through 
the incorporation of SRQ, the unreliability was overcome. A link-budget model calibrated 
with the sound channel data collected from the experiment quantifies the SRQ gain. 
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1. INTRODUCTION  

By use of acoustic signaling and digital communications theory, data packets can be 
sent through the underwater environment. Battery-operated modems can be deployed as 
wide-area wireless grids for unattended operations in littoral environments. The Seaweb 
network can provide numerous services including communications, acoustic ranging, 
localization, and also imagery file telemetry [1].  

Selective Automatic Repeat Request (SRQ) is a link-layer mechanism used to mitigate 
the loss of data in a variable and unreliable physical layer. The purpose is successful 
telemetry of large imagery files. The SRQ protocol tested and evaluated in this paper is 
now implemented in the U.S. Navy Seaweb underwater wireless network.  

Raw images can be compressed into more manageable files (of about 1500 bytes) 
which can be sent through the Seaweb network. Problems in initial tests were caused by 
limitations of the underwater acoustic channel. With data rates of around 800 bits per 
second to 1200 bits per second, the transmission of a 1500-byte file is exposed to the 
variable underwater channel for a significant time. In initial tests, transmission of the 
1500-byte file as a contiguous packet had a high failure rate. A proposed solution was the 
implementation of a SRQ Protocol. With this mechanism in place, the files are divided 
into smaller subpackets, and retransmission of lost data is completed on a smaller scale, 
which eventually leads to successful transmission of the entire data packet. 

2. ERROR CONTROL IN DIGITAL COMMUNICATIONS 

The International Standards Organization’s Open Systems Interconnection model is a 
reference hierearchy designed to allow for efficient communications between systems. 
The OSI model is a seven-layer model shown in Fig. 1. SRQ is a mechanism implemented 
at the link layer. 

 

 
Fig. 1. The seven layers of the OSI stacked model. SRQ is incorporated in the Data Link 

Layer. [2]. 
 

The physical layer, the lowest layer on the OSI model, is responsible for transmission 
of the actual stream of data through the propagation medium. This involves mapping a bit-
stream into a signal appropriate for transmission given the electrical, mechanical, 
functional, and procedural characteristics of the medium. On the receiving end, the 
physical layer interprets the signal and performs the inverse mapping. The modulating and 
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demodulating of the signal is usually done by a modem. The bit stream is then sent up to 
the next layer, the link layer.  

The link layer provides the higher layers a reliable point-to-point packet pipe over a 
single link. The link layer organizes the data into packets and subpackets, and attaches 
headers and trailers along with other overhead control bits. In the case of Seaweb, a 9-byte 
header carrying information such as node addresses is attached to all transmissions. Also 
included in the link layer are protocols which deal with the issues of handshaking and 
medium access control. 

Detecting and correcting errors in packets transmitted between two nodes in a network 
is the responsibility of the link layer. The protocols implemented with this objective fall 
under the concept of error control. Error control deals with the detection and, in some 
cases, correction of errors that occur during the transmission of subpackets (resulting in 
lost or damaged subpackets). In order to detect such errors, extra bits must be added to the 
subpackets. The number of added bits depends on what kind of error control is being 
implemented. In the case of forward error correction (FEC), redundant bits are encoded 
into the subpacket in order to reconstruct, or decode, the signal if corrupted. In order for 
FEC to be successful in the presence of bit-errors, a substantial amount of redundancy 
must be added to the data. 

In addition to forward error correction (FEC), automatic repeat request (ARQ) is a 
mechanism that detects and handles errors that are uncorrectable by FEC. The ARQ 
protocol detects the presence of uncorrected bits, and if a packet is determined to be 
corrupt, the receiver asks for it to be re-transmitted. To detect corruption, a series of 
check-bytes are added to the packet. The simplest of these is a checksum which treats the 
message as if it was a sequence of bytes and sums them [2]. The most common checksum 
is called a Cyclic Redundancy Check (CRC) code, which uses binary long division. In a 
CRC code, redundancy bits are added based on the contents of the packet. When the signal 
is received, the CRC performs its function and determines if the signal has been corrupted. 
The ARQ protocol automatically requests that the corrupted signal be resent. A 16-bit 
CRC code has the capacity to detect 99.9985% of all errors possible in a packet [3]. 

In the case of Selective ARQ (SRQ), the entire packet is divided into smaller 
subpackets of equal size, each with its own CRC code. When a packet is received, errors 
are checked for on a subpacket level. The “selective” feature picks out the corrupted 
subpackets and has only those retransmitted, instead of the entire packet, which can be 
time-intensive. This is done repeatedly until every subpacket has been received 
uncorrupted, or until the process times out. 

The acoustic modem currently used by Seaweb is manufactured by Benthos, Inc. This 
modem is programmed with SRQ as a link layer mechanism in order to recover messages 
that contain errors. The following is a description of SRQ as it is presently implemented. 

The Seaweb link layer attaches a 9-byte header to all data packets sent. The maximum 
size of a packet is 2048 bytes. This packet can be broken down into 8 subpackets, each of 
256 bytes. Included in each subpacket is the aforementioned 16-bit CRC code [4]. 

When a data packet is received, the CRC is calculated for each subpacket and then 
compared to the transmitted CRC code. A CRC status variable is constructed as an 8-bit 
mask with 1 bit for each of up to 8 subpackets. If the CRC check passes for a given 
subpacket, then the status variable is unchanged. If a CRC check fails, which means a 
subpacket contained an uncorrectable bit error, a one is written into the status variable at 
that subpacket’s specific location in the mask. 

The received data packet and the CRC status variable are sent to the SRQ protocol 
manager. The protocol manager copies the received data packet into a temporary buffer 
and checks the CRC bit-field for any value other than zero. If a value other than zero 
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exists, an SRQ message is sent back to the transmitting modem with the CRC status 
variable. The originating modem then retransmits only those subpackets masked by the 
CRC status variable. The receiving modem then receives the same number of subpackets 
back as requested. It again performs the CRC check on the data and copies the good 
subpackets into the buffer. Another CRC status variable is constructed, and if there are any 
ones, another SRQ with a CRC mask is sent back to the originating modem, again asking 
for retransmission of only those subpackets that were corrupted. This continues until either 
the data message is received in full, or the maximum number of SRQ retries is exceeded. 
The maximum number of retries is not set in the hardware, but can vary due to the needs 
of the network. 

The Seaweb underwater network contains several link-layer protocols for managing 
successful transmissions. These are generally implemented in the form of efficient 9-byte 
utility packets. 

In normal operations, two acoustic modems (nodes in the Seaweb network) first 
perform a handshake to establish a link. This is done with a series of short transmissions. 
The node transmitting data (Node A) sends a 9-byte Request to Send (RTS) utility packet 
which serves to wake up the receiving node and prepare it for an incoming message. The 
receiving node (Node B) acknowledges node A by sending back a 9-byte Clear to Send 
(CTS) utility packet. This process is called RTS/CTS handshaking and it supports 
addressing, ranging, channel estimation, power control, and adaptive modulation [1]. 

When a node sends a data message it attaches a 9-byte header (HDR) utility packet 
which includes information similar to the RTS/CTS. The HDR is also used to insure the 
correct signal is being received, since there may be other traffic on the network. The HDR 
also makes it possible to communicate without benefit of RTS/CTS handshaking. 

In testing the transmission of images through the Seaweb network, the file size was 
1532 bytes with six 256-byte subpackets. Fig. 2 outlines a typical dialogue between nodes 
for the transmission of such an image. The bar-graph representation is useful in 
representing whole data sets.  

The SRQ mechanism is invoked if the received data packet is corrupt. The 9-byte SRQ 
transmission is yet another utility packet format. 
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3 subpackets contained 
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Fig. 2. Representation of a typical dialogue between two nodes. Note that display on 

left can be condensed simply into bar graph on right, with each bar representing a single 
data transmission. The total height of the bar is the number of subpackets sent; green 

represents those successful, and red represents those corrupt. 
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3. EXPERIMENT  

In January 2004, an experiment was held in St. Andrew’s Bay, FL. A Seaweb network 
was deployed using Benthos commercial modem hardware. The Seaweb network included 
two radio/acoustic communications (Racom) gateway buoys. Along with their radio 
communications, the Racoms each have a telesonar modem that is part of the underwater 
network. The link margin was tested throughout the network to evaluate the performance 
of the SRQ protocol. The experiment stressed the effectiveness of transmitting large data 
files through the network. The test files were compressed images of approximately 1500 
bytes. 

The experiment site was located in St. Andrew’s Bay, Panama City, Florida, on the 
Gulf of Mexico coast. The Bay is part of the Intracoastal Waterway system, which can 
often be busy with commercial traffic and private vessels. The bathymetry is displayed in 
Fig. 3. Shallow-water propagation characteristics apply, with an average depth of 5-10 
meters. The bottom consists of an acoustically absorptive mud/silt composition. Currents 
are tidally influenced. The experiment was conducted in January, during the coolest 
season. 

 

R4R4
2330m2330m

R8R8
985m985m

R5R5
1300m1300m G1G1

 
 

Fig. 3. St. Andrew’s Bay with Seaweb network overlay. Links used specifically for SRQ 
evaluation are noted in yellow. Values shown represent distances in meters from specific 

node (R4, R5, or R8) to G1, the gateway buoy. 
 
Fig. 3 also shows the location of the nodes composing the Seaweb network. The circles 

denote the nodes, and the lines represent network propagation paths. Two gateway nodes, 
G1 and G2, were used along with five repeater nodes, R4 through R8. The gateway nodes 
consisted of a floating buoy equipped with radio communications gear and telesonar 
modem. Each repeater node consisted of a telesonar modem tethered to the seafloor with a 
floating buoy to allow for recovery. The SDV periscope controller was kept on a surface 
vessel for convenience and mobility, and was connected to the Seaweb network via an 
over-the-side dunking transducer. Its Seaweb nodal identification was V3. Multi-link 
image transmissions were performed through the network in the January experiment. 
Testing numerous network routes, the transmissions attained a high success rate, due in 
part to the implementation of SRQ, as will be shown. 
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Fig. 3 also overlays the links, in yellow, used to test the performance of the SRQ 
protocol being evaluated in-water for the first time. The three links were from R4, R5, and 
R8 each to G1, the gateway node with a FreeWave radio antenna. These three test 
geometries while differing in range also covered different cross-sections of the Bay, in 
order to generalize the results. For the SRQ portion of the experiment, each of the three 
links were actually established with the V3 mobile node positioned at the R4, R5, and R8 
locations instead of with the repeater node itself. There were several advantages to this. It 
was important that the same two transducers were used in all three test geometries (V3 to 
G1) so as to limit any possible hardware variation. From the interface, an operator could 
quickly set the transmit power level. With the mobile node positioned at the specific 
location, the dunking transducer was placed over the side at the appropriate depth. The 
mobile node V3 was a research vessel equipped with radio communications and a 
computer interface which allowed for network administration. When a sonar signal was 
sent from V3 to G1, immediate feedback arrived from G1 to V3 over FreeWave radio. 
This setup allowed for immediate knowledge of signal success which led to modification 
of transmit power level in order to reduce the link margin to failure. 

As mentioned, one of the objectives was to monitor the acoustic propagation 
characteristics throughout the experiment. Characteristics of the water column were taken 
at various times and locations, including temperature, salinity, and density. 

 
 

Fig. 4. Left: Sound speed profile at R4, indicative of Bay in general. Note gradient 
between one and three meters, refracting sound waves upward towards surface. Right: 

Ray traces modeled from sound speed profile. Source is located in the middle of the water 
column at a depth of 3 meters. Note number of surface reflections that occur in first 

kilometer of propagation, and their effect on signal intensity, in color (colorbar values in 
decibels). While this is only a model based on the sound speed profile, it represents the 

difficulty of operating in a shallow-water environment. 

CTD (Salinity, Temperature, Density measurement device) data were collected at 
location R4. The depth at this location was six meters and the results are indicative of the 
Bay in general. Nearby freshwater sources contribute to the layer of brackish, cool water 
on top of a layer of saltier, warmer water from the Gulf of Mexico. Below three meters the 
column is well mixed. This layering results in an upward-refracting sound-speed profile, 
shown in Fig. 4. Sound waves propagating down the channel are forced to reflect off the 
surface repeatedly. This is undesirable because the propagation becomes dependent on 
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surface roughness, just one of many difficulties inherent in propagation in a shallow-water 
littoral environment. 

The extent of surface interaction is visible in the ray trace displayed in Fig. 4. Note how 
many surface reflections occur over the short distance. The propagation model, based on 
the sound speed profile of Fig. 4, indicates a 30 dB drop in signal strength (intensity) over 
just the first kilometer of propagation. The ray traces help with understanding the 
propagation difficulties in the upward-refracting shallow water environment. 

4. TEST PROCEDURE AND DATA 

The three channel geometries discussed above were all tested on the same day, 14 
January 2004, at the times indicated in Table 1. For each location, approximately 10 
dialogues were recorded. A dialogue is to be considered an attempt at transmitting a data 
packet. The data packet sent was the same for every dialogue, a compressed image file. 
The images used in the Seaweb experiment were obtained previously with the SDV 
periscope and with an underwater camera mounted on an AUV. The 77,878-byte images 
were compressed using a 50:1 wavelet compression algorithm to obtain 1532-byte files. 
As stated earlier, the data packet was divided into six subpackets of equal size (256 bytes). 
 

Transmitting 
Node 

Distance 
to G1 

(meters) 

Data 
Transmission 
Rate (bits/sec) 

Date of Transmission 

Day 
Time 

Start Finish 

R4 2330 800 14 JAN 1454 1522 

R5 1300 800 14 JAN 1145 1210 

R8 985 800 14 JAN 1413 1431 

Table 1. Experiment details for each of the three locations used in the SRQ evaluation. 
 
Through Racom radio communications, knowledge of the signal’s success was known 

immediately. With this feedback, power level settings were adjusted so as to intentionally 
drive the link margin to failure. The Seaweb server was used to set the power level and 
also to log diagnostics for of each transmission. This detailed log proved invaluable as a 
reference during data analysis. 

The desired power level setting could be inputted into the server. There were eight 
power level settings, at source level increments of 3 dB. Table 2 shows each power level 
and its related acoustic source level, in decibels referenced to one micro Pascal at one 
meter from the source. 

The objective of the experiment was to transmit imagery files with varying power level 
settings, lowering the power level to the point where transmissions were no longer 
successful, which is what is meant by driving the link margin to failure. For a given test 
geometry, the 1532-byte (6 subpackets) packet was transmitted at a given power level. If 
the packet was not received in full uncorrupted, the corrupted subpackets were resent 
through the SRQ mechanism. Retransmission attempts were limited to five for each 
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dialogue. If the file was not received in full with five SRQ retries, the dialogue was 
abandoned. The mobile node V3, which was a U.S. Navy research vessel, acoustically 
transmits its packet to G1 acoustically. G1 then sends immediate confirmation back to V3 
through FreeWave radio communications. 

 

Power Level Source Level (dB ref 1 μPa @ 1 meter) 
8 185 
7 182 
6 179 
5 176 
4 173 
3 170 
2 167 
1 164 

Table 2. Seaweb Power Level relationship to acoustic Source Level. 
 
A total of 28 dialogues were recorded from the three test geometries. Within each 

dialogue, a record was kept of each transmission. Power level, subpackets sent, and 
subpackets corrupted were recorded for each transmission. The displays in Fig. 5 organize 
the dialogues in order of decreasing power level for each of the three geometries. 

For example, for the 985-meter range, at power-level 7 all six subpackets were 
successfully received, while at power-level 6 only four subpackets were successfully 
received on the first try. The two corrupted subpackets were successfully received on the 
first SRQ retry. At the 2330-meter range, the first dialogue at power-level 5 had three 
successful subpackets on the first try, but no success on the following three retries. The 
protocol is set for five retries, but degrading channel conditions occasionally caused even 
the header reception to fail, thus reducing the number of retries in some of the 
experimental events. 

Ordering transmissions based on power level is somewhat deceiving. As noted earlier, 
the ambient noise in the Bay was extremely variable, so on a time scale of seconds the 
transmission channel changed. This ordering does show a general trend of dialogues at 
lower power levels having less success than those at higher power levels. Note that at the 
longer ranges higher power levels were required for success due to the larger range-
dependent transmission losses. 

The important factor is that the data set covers transmissions from complete success on 
the first attempt to complete failure. This range of test cases allows for an evaluation of 
the SRQ protocol. 

5. DATA ANALYSIS 

Observing the success of transmissions at the subpacket level provides the best way to 
evaluate the SRQ function. But this needs to be set against a measurable performance 
criterion in order to derive quantifiable results. In the context of the link margin, that 
parameter was chosen to be the signal-to-noise ratio (SNR) of the signal at the receiving 
node. The experiment included a floating recording station at the location of the receiving 
gateway node G1. This set-up serves as an experimental control and is described below. 
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The recording transducer was submerged over the side of the recording boat at 
approximately the same depth as the receiving transducer of the gateway node. The 
transducer remained within 15 meters of the gateway node. The transducer used for 
recording was an International Transducer Corp. ITC-1032. The frequency response of the 
ITC-1032 was essentially flat (within several dB) over the 9-14 kHz transmission 
bandwidth. 
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Fig. 5. Transmission results for all three test geometries. A dialogue is represented as a 

group of bars, with power level noted below each. As in Fig. 2, one bar represents a single 
transmission. The total height of the bar represents the total subpackets sent in that 

transmission; the height of the red portion of a bar represents those subpackets that were 
received corrupt. If the last bar (transmission) of a dialogue is fully green, the file was 

successfully sent. 
 
SNR is simply the ratio of the signal at the receiver to the ambient noise at the receiver. 

An important consideration is the fact that the signal recorded by the ITC-1032 transducer 
was in fact the signal at that frequency plus the noise at that frequency. Due to the fact that 
the noise and signal are uncorrelated, combining the two requires the Pythagorean sum 
shown in Equation (1) [5,6]. If the signal is at least twice the noise, the signal plus noise 
differs from the signal by 12%. If the signal is three times the noise, the difference is only 
5%, and only 3% if it is four times the noise. 
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Since a signal-to-noise ratio of 2 to 1 in decibels is 6 dB, and the majority of SNRs 
recorded in this experiment were 10 dB and higher, approximating S+N to just S assumes 
a maximum difference of 10%, more often less than 5%. This makes S+N a good 
approximation for the actual received signal.  

With the above approximation in mind, the SNR was extracted from the display by 
simply taking the height in dB of the signal portion in the 9-14 kHz band, and subtracting 
from it the height of the surrounding noise. Since the SNR value may be slightly different 
across the 9-14 kHz band for a given transmission, the smallest SNR was always taken. 
The advantage of the SNR is that it can be compared from one signal to another without 
having to take into account the absolute noise levels and transmission losses for each 
specific signal. Thus the receptions from each of the three test geometries can be 
accurately compared using SNR as a consistent metric. 

6. SELECTIVE ARQ RESULTS 

As stated earlier, the purpose for the SNR extraction is to find a method to 
quantitatively evaluate the success of the SRQ protocol. SNR is an appropriate metric 
because it allows for results to be independent of absolute signal and noise levels, and 
transmission ranges. 

For each of the 80 transmissions recorded for the 28 dialogues at the three ranges, SNR 
was measured using the FFT analysis method described in the previous chapter. Fig. 6 
displays all 80 of these transmissions in order of decreasing SNR. Note that the graph is 
not linear with respect to SNR, but simply arranges each transmission in order of SNR. 
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Fig. 6. For all data at all three ranges, each independent transmission is displayed in 

order of decreasing SNR. Note that the plot is not linear with respect to SNR. 
 
Ordering the transmissions in this fashion reveals the expected trend of diminishing 

communications effectiveness as a function of SNR reduction. Below 5 dB of SNR, not 
one subpacket was successfully received. There are several outliers in the data set, mainly 
involving just one or two subpackets. Notice the two unsuccessful receptions of a single 
subpacket around 18 dB, while below 9 dB there was a successful reception of a two-
subpacket signal. This is due to the FFT averaging of the signal. In the case of the 
unsuccessful subpackets with high SNRs, over the course of the reception there were one 
or two extremely loud snapping shrimp clicks amongst an otherwise very quiet 
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background. These one or two clicks were enough to corrupt a subpacket but their effects 
were hidden by the averaging. 

To plot the SRQ performance linearly, reception success was used as the parameter to 
plot against SNR. Reception success was calculated on a subpacket level. For the example, 
of a full message containing 6 subpackets with 3 corrupted, the success for that reception 
is 50%. Fig. 7 shows all 80 receptions on a success vs. Received SNR plot with SNR in 
decibels. Each transmission was appropriately weighted according to the number of 
subpackets sent. The red line in Fig. 7 represents a linear regression of the displayed data 
with the weighting taken into account. What this meant was that a 6-subpacket signal had 
6 times the effect on the regression as that of a 1-subpacket signal. 
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Fig. 7. Reception success rate plotted against received SNR for each transmission. Data 

points are weighted according to number of subpackets sent. The red line is a linear 
regression of all 80 data points. 

 
The red line shows that at and below 4 dB of SNR the expectation is that there should 

be no success at all. A signal above 20 dB SNR should expect complete reception success. 
An important note to this is that in a July 2003 experiment in St. Andrew’s Bay the same 
imagery files were sent through a Seaweb network with almost no success. There was no 
SRQ implemented at that time. For successful reception, a SNR of more than 20 dB had to 
be achieved for the entire signal through every link of the network. 

As can be seen in the graph almost every reception that achieved a SNR of greater than 
10 dB had some success, often times a significant amount. In this experiment, there were 
cases of imagery file telemetry success where none of the receptions in the dialogue 
achieved even 15 dB of SNR. This was due to the fact that complete success had to be 
achieved on only a subpacket basis and not an entire packet basis. 

Figure 7 shows that with the incorporation of the SRQ protocol into the link layer, 
imagery file telemetry success can be achieved with lower received SNR than if it is not 
incorporated. What this means is that large files can be telemetered in more difficult 
propagation environments. But to what extent? In order for link-layer efficiency to remain 
high, there must be a minimum number of SRQ retries. If there are too many retries then 
the SRQ protocol becomes inefficient due to the amount of time it will take retransmitting. 
An ideal number of retries would be zero, but this would be the same as having no SRQ. 
Allowing for an average of 2-3 retries will keep the dialogue time for a packet down while 
still allowing for retransmission of the data. An arbitrarily chosen success rate of 66% will 
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on average get total packet reception success in 2-3 SRQ retries. According to Fig. 7, 66% 
reception success corresponds to a SNR of 15 dB from the red regression curve. Since 20 
dB is necessary for complete reception success on the first try, requiring only 66% success 
per transmission allows for a 5 dB decrease in the received SNR. This 5 dB decrease is 
what can be considered the “SRQ gain.” This allows for the received SNR to be just over 
half as much as what was previously required without the SRQ mechanism. 

7. IMPACT OF SRQ GAIN ON LINK BUDGET 

The basis for the link-budget model [7] is the sonar equation, shown in equation (2) 
without directivity considerations at the transmitter or receiver. 

 
ANTLPSLSNR −−=                                                                         (2) 

Values are in dB. TL is transmission loss, and AN is ambient noise. PSL is pressure 
spectrum level. 

Pressure spectrum level is dependent on both SL (source level) and bandwidth. It is 
similar to SL but takes into account the signal energy distributed over the frequency band. 
Equation (3) shows the relationship of SL to PSL with W representing the frequency 
bandwidth. 

 

)(log10 10 WSLPSL −=                                                                                             (3) 

For the SRQ evaluation, the bandwidth was 5 kHz, and the source levels are 
represented by the power levels in Table 2. We assume a flat transmitter response across 
the operating band. 

Ambient noise proved to be difficult to model for the St. Andrew’s Bay environment. 
The noise environment is variable and is constituted by many sources. Hansen’s 
generalized ambient noise assumptions in his link-budget model will not suffice in this 
study. The noise for St. Andrew’s Bay was determined using the experimental data. For 
each of the 80 recorded transmissions, the noise level was taken from 5 kHz to 25 kHz 
(excluding the 9-14 kHz bandwidth). A linear regression was performed on these data and 
then used to interpolate the noise in the 9-14 kHz transmission bandwidth. This gives a 
good representation for the noise in the Bay. The measured noise has to be converted from 
received voltage level in dB Volts per square root Hertz, which is a relative value, to 
absolute AN in dB referenced to 1 micro Pascal per square root Hertz. The following 
equation is used to make that conversion. 

Both of the above two types of transmission loss are considered in Hansen’s link-
budget model. In this study there was another type of transmission loss, that due to 
reflection off the surface and/or bottom in our shallow water environment. As Fig. 4 
shows there are many interactions with the surface. This TLrefl can be found using 
Equation (2) and the SNR data. The SNR was determined for each of the 80 transmissions. 
PSL can be determined from each of those transmissions using the power level. With the 
ambient noise solution found above along with the transmission loss models for 
attenuation and spreading, the only missing factor is the transmission loss due to 
interaction with the surface and bottom, or TLrefl. Therefore an empirical solution can be 
found by calibrating the transmissions. Due to the range dependence, the transmission loss 
due to surface and bottom interaction was fit to a log(r) dependence, 
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)(log4.4 10 rTLrefl =                                                                                                 (4) 

Range r is in meters. Again it is important to note that this equation was an empirical 
determination found from the data set. 

All the components of the link-budget model have been calibrated for the St. Andrew’s 
Bay environment during the experiment. The model can now be used as a tool for showing 
the value of incorporating SRQ into the link-layer protocol. Fig. 8 shows SNR as a 
function of frequency and range. The coloring shows the area where reception is 
successful (green), where reception begins to break down (yellow), and where reception is 
unsuccessful (red). The SNR in Fig. 8(left) was calculated without the SRQ gain 
incorporated, so it shows the area coverage for transmissions without the SRQ protocol in 
place. As stated before, without SRQ a received SNR of 20 dB is necessary for successful 
reception. Within the 9-14 kHz band, successful telemetry of data messages extends out to 
approximately 1300 meters.  

 
Fig. 8. Left: Link-budget model output for St. Andrew’s Bay environment, without SRQ 
Gain. Power level setting is 8. Horizontal dashed lines indicate frequency bandwidth of 
interest. Green indicates successful reception areas, while yellow indicates the point at 

which the link begins to break down, and finally red indicates areas of no reception 
success. With no SRQ in place, the operating range is only around 1300 meters. Right: 

Link-budget model output with SRQ gain incorporated. Note the effective range increases 
to more than 2000 meters. 

 
Fig. 8(right) does incorporate the SRQ gain into the SNR calculation. This pushes the 

successful reception region out to the 15 dB contour line. The successful telemetry of data 
messages within the operational bandwidth now extends out beyond 2000 meters. This is 
more than a 50% increase in effective range. This is an extremely cost-effective gain 
considering the transducer does not have to be re-engineered or the power level increased.  

This model shows that communications range can be increased with the 
implementation of SRQ, but there is another consideration. Implementing SRQ can allow 
for lower transmitted power levels for a given effective range. The advantages to this are 
conservation of battery power and transmission security. In general, the data show distinct 
advantages in the implementation of the SRQ protocol for telemetry of large data packets. 
 

 
IX. CONCLUSIONS 
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The Selective Automatic Repeat Request function is one of many protocols 
implemented as part of Seaweb underwater communications. Although it is a small 
feature, it contributes significantly to the effectiveness of the network. Using SRQ does 
not require much overhead in the transmitted signal, just 2 bytes for every 256 bytes. This 
is an important factor due to the limited throughput inherent in underwater telemetry. The 
protocol divides data packets into subpackets to allow for telemetry of large imagery files. 

St. Andrew’s Bay, typical of a shallow water littoral environment, proved to be a 
challenging location to test the SRQ protocol. The shallow-water upward refracting 
channel was impaired by the interactions with the surface. From heavy vessel traffic to 
construction to snapping shrimp, the Bay was rich in noise. On one previous occasion, 
prior to implementation of the SRQ protocol, virtually no success was achieved with 
imagery file telemetry. 

At the January 2004 Seaweb experiment, a method for recording data transmissions 
was established, and the SRQ mechanism was evaluated in order to determine its 
effectiveness at mitigating the losses caused by the unreliable physical propagation 
medium. Three test geometries of different ranges were established and imagery files were 
sent across these links. Based on the success of these telemetry attempts, along with the 
SNR determined from recording the receptions, a quantitative method for evaluation of the 
SRQ protocol was determined. The data show that an effective “SRQ Gain” of 5 dB was 
achieved. 

This SRQ Gain was then incorporated into an underwater link-budget model calibrated 
to the St. Andrew’s Bay environment. With the SRQ Gain, the range for effective 
transmissions increased more than 50%. If the effective range remained static, then the 
transmitted power level could be significantly dropped as a benefit of SRQ. 
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Abstract: The solution to the problem of efficiently routing messages through a network is 
crucial to deploy truly cooperative underwater assets. Although the routing problem has been 
extensively addressed for aerial and wired networks, the specific challenges presented by 
moving underwater platforms in need to exchange data obviously limit the spectrum of 
possible solutions. Some approaches have been shown in the literature, almost exclusively 
under simulation environments. 
 The NATO Undersea Research Centre (NURC) conducted a series of trials during 2010 
where, among other developments, a low-overhead routing protocol was field tested in a 
scenario with five underwater acoustic nodes (3 static, 2 mobile). The solution tested at sea is 
intended to address the emerging problem of supporting true ad-hoc networking in 
underwater multiple-vehicle deployments. Such practical scenarios are characterized by a 
highly dynamic network topology resulting from both node mobility and channel instability. 
 The present paper describes the first stages of implementation and testing of a flooding 
control mechanism for underwater message relaying. Data collected during sea trials is 
presented showing the dynamic nature of the network. Future developments and ways 
forward are also discussed. 

Keywords: Underwater communication, Ad hoc routing, Network Protocols  
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1. Introduction and Motivation 
 
 Communication between platforms has always been a major enabling tool for technologies 
such as multistatic sonar. The original significant work in the 1980’s was based on surface 
ships passing information via radio links. For these systems the idea that multiple looks of the 
battle space improves performance was predicated on the belief that the information can be 
shared between the platforms. Indeed the wealth of literature that has been produced in this 
area in the fields of data fusion and collaborative tracking [1, 2, 3] are based on central 
processing units that have a simultaneous view of the data available. This is aligned with the 
fact that underwater communication systems have for long addressed only point-to-point 
communications. Real-life underwater deployments also first focused on networks of static 
devices and only recently started moving toward multi-hop systems combining static and 
mobile devices. 
 One of the key problems to address in order to enable such emerging novel scenarios is 
routing. There are several factors that have impact on how to choose a suitable strategy for 
routing messages in an underwater mobile acoustic network (UWMAN), being able to 
support the performance requirements of a given application. The application scenario 
defines node mobility, network scale, node clustering and link quality (channel spread, 
absorption, symmetry, etc.). It also specifies different requirements in terms of traffic load to 
be supported, desired network lifetime, etc. In this paper we discuss the implementation and 
testing of a simple routing protocol designed to tackle the needs of NURC's UWMAN 
scenarios [4] which currently include distributed tactical surveillance, specifically intrusion 
detection, surveillance and reconnaissance. We start by briefly describing the implemented 
protocol and then proceed to discuss the implementation and integration efforts. A 
description of a first set of sea trials is presented after which we discuss lessons learnt and 
directions for further developments.  
 
 
2. The routing mechanism 
 
 The fundamental mechanism implemented for message relaying is a selective message 
dissemination strategy based on local relevant knowledge about neighbour nodes. The routing 
protocol, presented in [5] and here briefly described, follows the lines of what is implemented 
in the Optimized Link State Routing Protocol (OLSR) [6] topology control message 
dissemination. The controlled flooding approach minimizes control data exchanges and does 
not require negotiation process. In its current stage, it assumes total abstraction from the 
physical layer capabilities: it does not rely on power control, channel estimation or signal-to-
noise ratio calculations (which are not supported in a standardized way by acoustic modem 
manufacturers) providing a framework for a modem-independent implementation. The basic 
strategy followed is not to establish an end-to-end route but instead choose a sub-set of 
neighbours that are good candidates to keep forwarding the packet and keep the process until 
destination is reached. 
 Nodes advertise themselves periodically in the network, publishing a list of their 
neighbours. This advertisement is done during normal message sends by appending the 
relevant neighbourhood information to the packets. In case there is no data to output, a simple 
advertisement message (called “HELLO” packet) is generated. 
When a node S has a packet to send or relay it analyses the neighbourhood status and ranks 
neighbour nodes according to a metric based on: 
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 Connectivity C(n): Number of connections shown by neighbour node n that are not 
neighbours of S. It is a first indication of a good candidate for message dissemination; 

 Persistence P(n): Measure of liveliness and /or reliability of the link with neighbour n. It is 
computed based on a historical analysis of the presence of n in the neighbourhood of S. 
Additional  physical parameters (like type of node, speed, etc.), if available, can be 
considered in the computation 

 
The merit function M for each node n is then defined as: 
 
 M(n) = KC C(n) + KP P(n) 
 
where KC and KP are weighting factors for connectivity and persistence, respectively. 
 After ranking the neighbour nodes, S then decides to which it will forward the packet. That 
decision is made by simply guaranteeing that all nodes that are neighbours of neighbours get 
covered. 
 
 
2.1. Simulation 
 
 A simple simulation model to preliminarily assess the behaviour of the controlled flooding 
process was set up. Network topologies of 10, 15, 20, 25, 30 and 40 nodes with varying 
average node degrees (number of nodes to which each node is connected to) were randomly 
generated. For each of the topologies the routing process was run between randomly 
designated origin and destination nodes 
This simple model, intended to analyse flood behaviour only, includes a distance-based 
measure of persistence (with higher persistence for closer nodes). Two simulation runs were 
made: one for an ideal channel and another with a simple probability of packet drop as a 
function of distance between nodes. Up to 3 retries of each packet transmission are attempted 
before signalling a delivery fail. Results with opposing weighting factors are compared: For 
connectivity priority, values of KC = 100 and KP = 1 were used. For persistence priority the 
weighting factors were KC = 1 and KP = 100. A greedy decision strategy, typically 
implemented in terrestrial OLSR applications is used as benchmark. 
 

  
Fig. 1: Average packet sends in ideal channel Fig. 2: Average packet sends in presence of 

packet drops 
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Fig. 3: Average number of intermediate hops Fig. 4: Percentage of end-to-end delivery 

fails 

 From Fig. 1, Fig. 2, Fig. 3 and Fig. 4 one can confirm the expected result that the price 
paid in terms of packet transmissions by favouring nodes with higher persistence (and 
therefore potentially having to choose more nodes to relay) to forward the packets translates 
into a lower percentage of end-to-end delivery fails. This shows the benefit of a metric-based 
neighbour selection when compared with the typical greedy strategy used in land-based 
applications. 
 
 
3. Implementation and field trials 
 
 The underlying communication system architecture used to test the proposed solution at 
sea was provided by the Goby software project [7]. Goby is an open source project in 
constant development that implements an underwater communication suite in the form of a 
set of C++ libraries. Goby also provides an interface to these acoustic networking libraries 
through the MOOS-IvP [8] process pAcommsHandler. Goby is intended to be scalable, 
modular, modem-independent and capable of providing cross-layer interactions. Currently, 
Goby supports two implementations of Time Division Multiplexed Access (TDMA) to 
control medium access. One is a purely static TDMA with pre-assigned slots; the other is an 
adaptive version that allows automatic peer discovery with no negotiation. Packet coding in 
Goby follows the Dynamic Compact Control (DCCL) [9] specification. The available 
modems used to support the routing test were the Frequency-Shift-Keying (FSK) micro- 
modems [10]. For the first set of tests it was decided to use the basic, static TDMA 
implementation provided in Goby. This would provide fair access to the medium to all nodes 
and minimize what could be “intrusive” behaviour that could get in the way of assessing the 
routing performance. Although the fixed TDMA concept contradicts the ad hoc nature of the 
proposed routing solution, it was only intended as a testing platform to provide a first solid 
protocol implementation. In order to ease the integration with Goby and to take advantage of 
other existing tools, the software implementation was done under the form of MOOS 
processes. A simplified diagram of the implemented architecture is shown in Fig. 5. The top 
blocks represent the processes developed for this implementation: pNeighbourAnalyzer is 
responsible for sensing all the packets that can be decoded by the physical layer. It subscribes 
to the raw data of the modem, extracts the origin of each packet and publishes this 
information. Process pTrafficTrigger is responsible for generating test messages to drive the 
routing mechanism. In a real operation this module would not be running and data would be 
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fed by the applications requiring message exchanges. pRouter is the process that manages all 
the neighbour information and determines how to forward the packets. It subscribes to the 
data published by pTrafficTrigger and to the packets received and published by 
pAcommsHandler. It also subscribes to the neighbour information extracted by 
pNeighbourAnalyzer. pLogger is the standard MOOS logger and iModemSim is an interface 
process that allows a first instance of testing without the micro-modem hardware. 

 
Fig. 5: Simplified MOOS architecture implementation 

 
 A first version of the software implementation was tested during NURC's ACommsNet'10 
sea trial that took place during the month of September 2010 by the Island of Pianosa in the 
Tuscany Archipelago. During the trials, 5 nodes were available: 3 fixed nodes (M1, M2, M3), 
mounted on tripods laying on the seabed and cabled to shore, known as the Modem-On-A-
Rope (MOAR) apparatus; One mobile node installed on a RHIB and linked to shore via 
802.11n; A second mobile node running autonomously from NATO's Coastal Research 
Vessel Leonardo. Depths of deployment for M1, M2 and M3 were respectively 21m, 15m 
and 30m. The RHIB modem was towed in a depth interval of 5 to 10m and the modem in 
Leonardo was installed on the vessel's moon pool at a depth of about 5m. The geographical 
setup of the experiment, complete with the approximate rover areas of the mobile nodes is 
shown in Fig. 6. 
 The software for the communication environments controlling the MOAR and RHIB 
nodes was running in a development machine, in the shore lab. This computer was cabled to 
the MOAR nodes and connected wirelessly to the RHIB node. This solution allowed us to 
have permanent control over the experiment, with immediate feedback on the status of each 
node. To allow an extra degree of manoeuvrability, the node installed on LEONARDO was 
running autonomously with a local deployment of the communication software. Time 
synchronization was done once, at the beginning of the experiment. The persistence measure 
used for neighbour ranking was implemented with a monotonic counter, incrementing on 
each TDMA cycle the respective node was seen as a neighbour. The relation between the two 
weighting factors was such that connectivity was always chosen over persistence. Persistence 
was used as the differentiating factor for nodes with the same connectivity. 
Although the number of available nodes could be considered small to test a routing protocol, 
the “mission statement” for this short set of tests was to gather preliminary data and further 
investigate the applicability of the proposed solution to real-world scenarios. After the first of 
two sets of runs, it became evident that factors like the challenging geometric set up, mobility 
and noise were providing enough network dynamic for a first test of the system. Link drops 
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and asymmetries were mainly caused by the challenging geometric configuration (mobility, 
shallow water), channel properties determined by the summer sound speed profile and self 
noise from the moving platforms. This is one feature usually not modelled in simulation 
environments for communication systems that may play a major role in underwater networks. 
In our case it was observed that throughout the experiment Leonardo was less able to decode 
packets properly due to its self-noise. 
 

 
Fig. 6: Geographical set up of the experiment 

 After experimenting with some initial implementation glitches it was possible to observe 
some end-to-end deliveries under some challenging network conditions. Fig. 7 shows the link 
states for one case where the packet travelled through almost all nodes (Leo → M3 → M1 → 
RHIB). Thick black lines represent an existing bi-directional link while thin lines signal the 
existence of a unidirectional link as represented by the arrow. In our implementation, node n 
signals an existing link with node m if the last known packet from m is not older than 2 full 
TDMA cycles. This empirical value was chosen to allow capture network dynamics while 
still providing some degree of filtering for communication glitches. Another example is 
shown in Fig. 8 and Fig. 9. Here, a packet originating on the Leonardo node, with RHIB as a 
destination was routed through M1 at a moment when network topology was as shown in Fig. 
8. By the time M1 had to forward the packet, the new network topology (Fig. 9) was taken as 
a window of opportunity to deliver the packet directly to its destination. 
 

   
Fig. 7: Routing on unchanged 
topology: 
 Leo → M3 → M1 → RHIB 

Fig. 8: Routing on changing 
topology (1): Leo → M1 

Fig. 9: Routing on changing 
topology (2): M1 → RHIB 
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 An interesting fact observed during the trial was that some of the node failures that 
occurred during testing (being them from implementation issues, modem failures or RF link 
drops with the RHIB node) were actually introducing “artificial” network dynamics. Node 
failures are a real possibility and a very well know one for everyone used to sea operations. 
Self-organizing, self-healing ad hoc capabilities make all sense for networks like UWMAN 
which are not supported on highly tested and reliable consumer hardware. 
 
 
4. Conclusions and Future directions 
 
 This paper reports NURC's first efforts in achieving an operational multi-hop ad hoc 
networking capability for mobile underwater assets. The primary goal of the implemented 
routing solution was provide a self-organizing scheme able to keep network overhead and 
message latency low. Although at its first steps, the implementation provided very 
encouraging indications, leading to the belief that the proposed solution will be capable of 
handling networks with a few tens of nodes which would fulfil the requirements for 
distributed tactical surveillance scenarios in the foreseen future. 
 Very relevant data was gathered during the sea trial in 2010 mainly related with the 
practical implications of UWMAN. It became evident that many simulation models miss a 
fundamental part of the whole system, mainly related with engineering design constraints of 
the vehicles, propulsion systems, etc. These are some of the factors responsible for 
introducing link asymmetries that can have a catastrophic effect on schemes based on query-
reply exchanges. Many mobile platforms, being them AUVs or support vessels were not built 
with low noise as one of the design requirements. Thruster motors, fin actuators or wave-hull 
interactions will always be present as noise sources and have been, in some conditions [11], 
measured to be higher than the noise associated with Sea State 6. In our particular case, one 
of the factors contributing to the observed deafening of Leonardo was its own self noise. As 
experienced in previous testing [12], the combination of propeller noise, cavitations, water 
flow and waves hitting Leonardo’s hull can create, even at low speed, a wide spectrum noise. 
For this reason, acoustic characterization of the operational assets should be taken into 
account and, as possible incorporated into the communication simulation tools. 
 Clearly the common assumptions used to define good protocols for terrestrial networks do 
not apply to UWMANs. Network dynamics can be quite dramatic and influenced by 
mobility, channel instability and technological/implementation issues like self noise. As a 
consequence, keeping an implementation and operation mindset will remain one of the major 
guidelines for future developments. Future work includes development of a discrete event 
simulation model, preferably integrating the deployable code. Data collected in 2010 will be 
used to build a realistic statistical model of the environment over which the routing code will 
be tested. On top of bench and lab testing, further field trials are planned for 2011. Other 
adaptations to the routing protocol may pass by adjustments in the proposed merit function. 
For example if a node would announce itself as fixed, mobile, AUV, glider, surface gateway, 
etc. this information could be used to further weight the merit function in order to reflect 
what can be expected from such classes of assets in terms of communication abilities for a 
certain scenario. In line with another effort being made at NURC related with the 
implementation of an underwater convergence layer for Delay Tolerant Networking (DTN) 
[13], we intend to investigate ways to integrate “smart” routing solutions with DTN. Testing 
the routing protocol on top of different Medium access Control (MAC) schemes is one of the 
most important future efforts towards achieving a fully ad hoc functionality. NURC has 
conducted a series of tests to evaluate the performance of several candidate MAC protocols at 
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sea [14]. A logical next step is the integration of routing with a suitable MAC protocol 
identified through such efforts.  
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Abstract: One of the more recent trials conducted by Defence R&D Canada (DRDC) 
Atlantic in the area of Anti-submarine Warfare was the Networked Underwater Warfare 
(NUW) Technology Demonstration Project.  The trial demonstrated the synchronicity of 
having numerous types of platforms (Air, Surface and Sub-Surface) networked using a 
local ad-hoc UHF network.  Despite the increase in the Time-In-Contact of the network as 
compared to individual platforms, mostly using legacy systems, current development and 
interest have been slow to transition the developments into either real operational systems 
or even in future procurement specifications.  Presently, procurement of new systems 
express the desire and need for networking however the specifications created may miss 
some of the lessons learned from the demonstration.  A review of the trial and discussion 
of what these significant issues are, and the potential benefits of using networked 
platforms and systems, is provided. 
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Abstract: Distributed sensor networks like multistatic Low-Frequency Active Sonar 
(LFAS) systems allow to keep a certain area under surveillance and, thus,can counter the 
underwater threat. It is common sense that such multistatic systems have superior capabil-
ities like increased surveillance area and improved detection probability compared to a 
monostatic system. They allow to detect and track targets even under adverse circum-
stances. However, these capabilities come with an increasing system complexity. One part 
of the increased complexity is the demand for new algorithms to process and filter poten-
tial contacts. The other part is the challenge to provide a reliable and sufficient network to 
collect the information. Due to its military nature, such networks must operate under 
harsh conditions with limited resources. In this paper, we analyze arising challenges in a 
multistatic sonar systems from a network designers perspective. This includes questions 
regarding transmission techniques, traffic patterns, routing schemes, and security consid-
erations. We propose solutions and analyze their impact and feasibility for a medium sized 
multistatic sonar system. The evaluations were performed using a network emulator capa-
ble to emulate underwater and terrestrial networks. Results of the emulated networks with 
up to 26 sensor nodes exchanging sonar contacts from different emulated scenarios will 
be presented. We believe that our work can help algorithm designers to understand what 
they can expect from a network and highlight future work for network designers. 

Keywords: Mobile Ad Hoc Networks (MANETs), Anti-Submarine Warfare (ASW), Multi-
static Sonar 
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1. INTRODUCTION 
Until now, for nearly 100 years there has been done research with monostatic sonar sys-
tems. There are many applications in the civil as well as military world. Especially in anti-
submarine warfare, sonar is the most common sensor to detect and track submarines. 
However, due to recent submarine designs with low signatures the classic sonar detection 
probability decreases. A new approach is the so-called multistatic sonar. Contrary to mon-
ostatics several transmitters (pingers) and receivers (sensors) cooperate to increase the 
detection probability even in challenging environments and against modern submarines 
[1,2]. The basic idea is that a pinger emits its pulse which is reflected at the submarine and 
received by several distributed sensors under different aspect angles. Furthermore, through 
cycling between different pingers, it is possible to illuminate the underwater environment 
from different directions. Both will increase the detection probability.  
The challenge of such a multistatic sonar is its distributed nature. The multistatic partners 
cooperate and exchange signals and system parameters that are needed to process the re-
ceived echos [2]. The derived contact information are delivered to one (or more) fusion 
center(s)/sink(s) where multistatic data fusion and multistatic tracking take place.  
 
Since sensors as well as pingers in Multistatic Sonar Operations (MSOs) are (potentially) 
mobile and distributed over vast areas, it is common that there is no direct link to all 
communication partners (nodes). One solution to exchange data could be the use of satel-
lite links. This allows to exchange large data chunks but requires expensive, large hard-
ware, and reduces the already limited satellite capacity for other operations.  
An alternate solution could be the use of Mobile Ad-Hoc Networks (MANETs). In MA-
NETs any node acts as a (potential) relay and forwards packets for other nodes in the net-
work. This relaying feature enables such networks to cover large areas since direct com-
munication is no longer required. However, the combination of relaying and node mobility 
leads to a highly dynamic network with rapidly changing topologies [3]. Thus, one of the 
key challenges in MANETs is to find a path (route) from a sender to a receiver. Finding 
an optimal routing solution for MANETs is still an open research question. Although, sev-
eral promising approaches for terrestrial scenarios do already exist [4-11]. 
 
In this paper we will present and analyze MSOs from a network view. The goal is to high-
light challenges and possible solutions such that algorithm designers can take this into 
their considerations. The rest of this paper is organized as follows: In section 2 we intro-
duce the concepts of multistatic sonars and recent communication techniques. Following 
this background section, we discuss different approaches for MSOs in section 3. Finally, 
we propose some exemplary solutions within a case study (section 4) before we conclude 
the paper. 

2. BACKGROUND 

2.1. Multistatic Sonar 
Sonar systems have been under investigation for nearly one hundred years now. Applica-
tions cover a broad range like coast surveillance, choke point monitoring, harbour protec-
tion, and mine detection. However, one of the most common is the Anti-Submarine War-
fare (ASW). To locate a submarine an acoustic signal (pulse) is transmitted, which is re-
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flected at the submarine and recorded by the sensor. Recent submarines are designed in 
such a way that these reflections are minimized. Combined with intelligent maneuvering it 
is possible to reduce the reflections to the level of the background noise for a single sonar, 
if the sonar location is known [12].  
Multistatic sonars counter these with a larger number of sensors. Instead of using one sen-
sor per pinger, an arbitrary number of sensors is used to measure the emitted ping signal 
and its echos from different positions. Thus, it is no longer possible for a submarine to 
minimize its reflections for all sensors, which increases the detection probability [12, 13]. 
Although this modification seems to have only a minor impact on the overall process, it 
significantly increases the system complexity. The ping emitter is often a resource uncon-
strained platform (e.g. a ship), such that energy consumption and space requirements are 
only of minor importance. However, sensors in MSOs can be small devices like buoys or 
Autonomous Underwater Vehicles (AUVs) allowing covert operation and rapid deploy-
ment for the price of a limited energy supply and size constraints. Now, sensors and ping-
ers are no longer on the same platform but hundreds or thousands of meters apart. As long 
as they were on the same platform, it was quite easy to process incoming echos because all 
necessary information (e.g. transmission time, signal parameters, and sender position) 
were known. As, this assumption does no longer hold true, the signal processing needs to 
be adapted to derive accurate contact information. This leaves three options, (1) transmit-
ting the incoming echos to the pinger, (2) transmitting the necessary information to all 
sensors, or (3) predefining all information before deployment. 
Besides the already mentioned performance gain, new opportunities arise for more ad-
vance tracking methods with sensor data fusion [2]. From a network point of view, it is 
important to distinguish between Batch and Real-Time algorithms. Batch algorithms are 
likely to be used in situation-assessment tasks while real-time algorithms will be used for 
time-critical operations. The former one depends on reliable data delivery while the latter 
ones require a fast delivery of actual data. 

2.2. Communication Techniques 
Section 2.1 described that it is necessary to exchange information between the distributed 
systems in a MSO. Obviously, this is even necessary if the ping information is predefined 
into the sensors before their deployment, because the measured data/extracted information 
need to be transmitted to a station where it is processed multistatically. Therefore, a net-
work between all sensors, the pinger, and a sink is required. Typically, direct Point-to-
Point (PtP) links are used in past sensor applications, which means that a source station 
exchanges its data directly with the destination. While this approach keeps the network 
system complexity low, it has several disadvantages: (1) increasing channel contention 
with increasing node numbers, (2) limited range of the sensors. Although it may be possi-
ble to overcome this with a stronger signal, it may be impossible in energy-constrained 
scenarios.  
When deploying a more complex network, routing based communication can be used to 
overcome the range issue and decrease the contention problem. By doing so, direct links 
between all nodes are no longer necessary. The routing algorithm selects a set of interme-
diate nodes, who forward the data to the final destination. This kind of data exchange is 
the basis of most modern computer networks like the Internet.  
MANETs are an extreme form of these networks. Topologies of classical networks like 
Local Area Networks (LANs) or the Internet are such that only a small node subset needs 
to route data, while the majority simply uses this routing infrastructure. In MANETs the 
nodes are mobile and exchange their data over wireless links inducing very complex and 
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highly dynamic topologies. As a consequence, it is assumed that all nodes can act as rout-
ers. For MANETs, new routing protocols were developed. Well known examples are the 
Optimized Link State Routing [4] (OLSR), the Ad-hoc On-demand Distance Vector [5] 
(AODV), and the On-Demand Multicast Routing Protocol [6, 14] (ODMRP).  
The protocols can be categorized: Proactive protocols (e.g. OLSR) frequently exchange 
messages between their direct neighbors. These messages announce the node's presence 
and its known neighbors. Overhearing nodes extend their network view and rebroadcast 
this information to their neighbors. Finally, the whole network view is known to all nodes. 
To send data, a node simply checks its current view of the network and picks a route. The 
major disadvantage is the periodic message exchange even in situation with no data ready 
to send [15]. Reducing the frequency of these periodic messages could lead to an outdated 
network view with no longer available routes caused by movement or fading effects. Too 
frequent message exchange causes a waste of energy and reduction of available band-
width. Reactive protocols (e.g. AODV) do not exchange messages on a periodic basis. If a 
node has data ready to send, a route is searched to the destination. Depending on the route 
length it may take some time until a route is found [15]. However, in situations with no 
traffic, this reduces the management overhead.  
 
Both introduced networking paradigms (PtP and MANET) utilize a shared medium, where 
multiple senders compete for channel access. This makes it necessary to adjust each nodes 
data rate in order not to overload them or the whole network which would cause packet 
loss and performance degradation. As incoming packets are stored in buffers, an overload-
ed node will fill its buffers and start dropping packets when they are full. These packets 
might have passed several hops before. Therefore, dropping them wastes resources and 
may cause side effects like retransmission, packet size adaptation, and timeout changes 
[16]. As stated in [16] it should be noticed that congestion in MANETs will not affect sin-
gle nodes but network regions.  
As observed by Jacobson and Karels [17] in the 80ies, transport protocol mis-behaviour in 
congested network conditions could lead to extreme throughput drops. As TCP does not 
deal properly with MANET properties [16, 18] several TCP extensions and alternative 
protocols have been proposed [19-22].  
 
The decision, whether direct PtP or routing based communication should be used depends 
on the scenario. The limiting factors for direct PtP are the communication range and chan-
nel contention. Although it is possible to transmit data over several kilometers using ter-
restrial radio networks, the data rate is very limited for long-range communication leading 
to higher channel contention. The same holds true for underwater acoustic communication 
[23,24]. Therefore, the only option for direct PtP is satellite communication. It offers high 
data rates in the MBit range [25]. However, the running costs for such a network are very 
high.  
For MANETs ranges of a few kilometers or even less are common. This gives the oppor-
tunity to use Commercial of the Shelf (COTS) communication technologies. Properly the 
most commonly used wireless data communication technology is Wireless Local Area 
Network (WLAN) as defined in the IEEE 802.11a/b/g/n standards offering data rates up to 
600Mbit/s in the 2.4 and 5GHz FSM bands. To counter negative effects of bad channel 
condition the modulation and data rate is adapted, leading to data rates of only a few 
Mbit/s under bad conditions. Because of national regulations the output power is limited to 
a few hundred mW (e.g. 100mW in Germany as in most other European countries). There-
fore, the communication range does not exceed a few hundred meters. 
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HF and VHF based packet or Ham Radio networking dates back to the 70ies. Utilizing the 
same frequency band (3-300MHz) as amateur radio, it is possible to exchange data over 
several kilometers. In contrast to 802.11 devices, packet radio hardware is less widely 
spread and the data rates are much lower (e.g. 9600bit/s, 19.2kbit/s).  
Besides electromagnetic waves, optical communication using lasers has been subject of 
recent research [26]. Using laser technologies it is possible to achieve data rates of hun-
dred Mbit/s over distances of several kilometers. Since lasers are directed, sender and re-
ceiver must be properly aligned. Seatrials have shown, that communication can be done on 
ships [27]. However, it is not possible to exchange data simultaneously with multiple 
nodes and with only one laser. Furthermore, it is very complex to establish a hop-by-hop 
communication because all stations need to align before they can exchange data. There-
fore, optical communication does not fit very well into MANETs. However, the concept of 
MANETs allows the combination of different technologies and can compensate failing 
links, e.g. failing laser links because of a heavy sea state [26]. In general, the integration of 
optical and satellite links as well as the combination of short and long range radio com-
munication has the potential to increase the gross network performance in a multistatic 
sonar setup. 

3. DESIGN CONSIDERATIONS FOR A MULTISTATIC SONAR NETWORK 
APPROACH 

The previous section introduced the multistatic sonar and different networking technolo-
gies. Based on this knowledge, we describe in this section how a network for a MSO could 
look like. 
 
As described, the different paradigms require different communication technologies. To 
find a suitable solution, it is necessary to analyze possible multistatic scenarios in detail. 
Common in all scenarios is the large distance between the sensors. Furthermore, it is most 
likely to have at least some mobile stations like drifting buoys, submarines, or AUVs. As 
stated before, a satellite network is a candidate for PtP communication. Besides the high 
running costs, a satellite based network has several disadvantages. All nodes need to align 
their satellite dishes perfectly to the used satellite. This is very difficulty on small plat-
forms like buoys, which wobble heavily. Submerged units cannot participate in such a 
network at all and the available data rate for other operations is decreased. This could be a 
problem in regions where operations are running in parallel and some of them cannot 
avoid to use satellites. Therefore, we think that satellite networks are not appropriate for 
most MSOs. A better solution is a MANET based network. For the rest of the paper, we 
focus on this kind of networks. 
We will now discuss four key questions and finally sum up the section. 

3.1. What kind of data should be transmitted? 
Delivering raw sensor data has several advantages. Sensors could be reduced to sensing 
and network devices without large storage and fast processors resulting in cheap devices. 
Furthermore, no information concerning the ping is required. The consequence is that the 
raw data needs to be transmitted to the fusion center. Depending on the kind of sensor 
(single sensor or array) and its capabilities several megabytes [13] of data may be ready to 
send within seconds overloading even fast networks. 
The alternative would be to deliver the ping information to all sensors. This enables them 
to preprocess the raw data and output contacts from the received echos. Since the required 
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ping information (cf. Section 2) can be reduced to a few bytes the major problem from a 
network's view is the reliable delivery to all sensors. Furthermore, the formed contacts 
need to be transmitted to the sink in a reliable way. 
We believe that it is not possible to transmit raw sensor data to a single fusion center with 
today's wireless communication techniques in time. Therefore, we assume that the sensors 
are capable to produce contacts from the incoming echos. We are aware of the fact that 
this requires a reasonable amount of processing power. However, past and recent im-
provements in algorithm design and hardware development make it very likely that small 
and energy-efficient solutions come up in near future. 

 
Figure 1: Network Topology 
Routing: The optimal solution to transmit a packet from node S to all other nodes requires two transmissions 
Bottleneck: All routes to S have to pass the link S↔   
Routing Metrics: Assuming, the number of hops along a route is minimized and that the datarates for the links 
are                 and                . If    and    exchange data, a suboptimal route will 
be chosen 

3.2. What kind of traffic is to be expected? 
Considering a scenario with preprocessed sensor data, the traffic can be classified into four 
classes.  
(1) Messages from the ping class need to be send whenever a ping is emitted. They must 
contain the information necessary to derive contacts from received echos. As they are re-
quired on all sensors, an efficient delivery is very important. Typically, broad- or multicast 
messages are used for this kind of traffic. The efficiency of these approaches depends on 
the routing protocol used. This becomes clear, if we consider the six node topology in Fig. 
1 where         should be informed about a new ping from   over a shared medium 
(like radio networks). If unicasting is used (or broad- and multicasting     with unicast 
messages), it will take ∑         

   
    (re)transmissions, where n is the number of sensors 

and          the number of hops from the message source to its destination. In this partic-
ular example, nine transmissions are necessary, while the best solution requires only two 
(re)transmission (unicasting from   to    and broadcasting from    to all other nodes). 
Hence, choosing a routing protocol will have a significant impact on the network’s per-
formance.  
(2) The second class is the sensor data. New contacts are produced based on received 
echos of emitted signals. Each contact includes information on e.g. the Signal-to-Noise-
Ratio (SNR), Time Difference of Arrival (TDOA), bearing, Doppler, sensor identification, 
and sensor position. Altogether, this will result in a few byte per contact. However, it is 
likely to have a large number of false contacts, leading to a significant amount of data per 
ping. The contacts need to be delivered to a single node. By doing so, there are two chal-
lenges for the network: bursty traffic and congestion. All sensors will produce contacts at 
the same time. This results in a very bursty traffic pattern, which may lead to channel con-
gestion. As all data is delivered to the sink, the last hop may become a bottle neck. In con-
trast to data from the class (1) (ping), single losses may be tolerated. Especially in con-
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junction with real-time algorithms, data prioritization may be necessary for an appropriate 
congestion control.  
The third class are (3) management packets necessary for the multistatic sonar application. 
Examples are packets for time synchronization [28] or status information collected from 
the nodes (e.g. battery level). Parts of this traffic may occur frequently, other parts infre-
quently and with varying sizes.  
Besides the management traffic from the multistatic application, other (4) network man-
agement information is exchanged. Examples are address resolution protocols and routing. 
It is important that there is sufficient bandwidth left for this class. Otherwise, the whole 
network may fail. Thus, there is a need for some kind of congestion control for class (1) 
and (2) messages. Overall, three challenges have been identified: 

1. Reliable delivery of ping information to all sensors 
2. Transmitting contact information to the sink/fusion center 
3. Providing sufficient bandwidth for network and application management 

3.3. What kind of network should be used? 
While laser links support high data rates, they are of limited use in a MANET as stated 
earlier. Packet radio should work very well in a MANET but offers only limited data rates. 
Therefore, a combination of multiple technologies seems to be the only feasible solution 
for medium to large scale MSO. In dense situations, COTS WLAN products can be used 
while long distance communication could be done with packet radio over HF or VHF. 
Additionally, selected units can serve single laser or satellite links, e.g. between ships in-
creasing the available bandwidth.  
From their concept MANETs should work over such a heterogeneous technologies. How-
ever, finding an appropriate route selection metric is an important challenge. When for 
example simply the minimum number of hops is taken as a metric, often suboptimal routes 
are selected as can be seen on Fig. 1. As a result, only under particularly circumstances 
optimal paths will be chosen. Thus, it is very important to pick a routing protocol with an 
appropriate routing metrics. 

3.4. How to deal with security and privacy? 
Typically, MSOs will be used in military scenarios where security and privacy are im-
portant aspects. This becomes even more important when node position and network to-
pology information are transmitted. As both can be used to gain knowledge on the capabil-
ities of the multistatic operator. At least appropriate encryption has to be used. More in-
formation on MANET security can be found in [29]. 
 
In this section, we gave an overview how a multistatic sonar network could look like. 
Based on the considerations of applicability we concluded that it is makes sense to use a 
MANET based approach. A reliable delivery of the ping information is essential. For the 
contact data some packet loss may be tolerated. However, there is a need for congestion 
control due to bursty traffic. Additional traffic for time synchronization, routing, and other 
services will occur in such a network and further decrease the available bandwidth for the 
sonar application. 
 

4. CASE STUDY RESULTS 
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In section 3, we have discussed key questions for MSOs. In this section, we summarizes 
case study results [30] of a MANET based setup evaluated with an emulated network. 
The study is based on data sets called MetronSimulation from the Multistatic Working 
Group (MSTWG). These data sets are frequently used e.g. to measure the performance of 
tracking algorithms [1,2]. Their contents are information on node position, ping times, 
contact forming, etc. Therefore, the data sets are an ideal basis for our work. All scenarios 
consist of 25 nodes/sensors placed in a regular grid. In addition to the original nodes, we 
added a data sink node next to the grid. Four of these 26 nodes are combined transmitters 
and receivers. Every 180 s one of them emits a pulse in a round robin fashion. We assume 
that contacts are available at the sensors after the pulse emission time + TDOA. On the 
network side, we assumed half-duplex channels, error-free transmissions to direct neigh-
bors and ALOHA channel access. 

4.1. Ping Information Delivery 
As stated earlier, it is crucially that the sensors use the correct ping information. Our eval-
uation revealed that incorrect information caused by bit errors is reliably detected by lower 
layer protocols. Furthermore, plausibility checks based on the information age can be used 
to prevent wrong sensor reading to ping information assignment for periodic traffic. How-
ever, packet drops due to collisions or network congestion may lead to significant infor-
mation loss. Therefore, sensor controlled ping information requests are necessary. 
We analyzed if it is possible to propagate the ping information in time. Assuming 57byte 
per packet (29byte ping information + 8byte UDP + 20byte IP) (cf. [30]), we could show 
that even slow networks with 8kb/s data rate were able to distribute the information in less 
than 0.05s with ODMRP. However, we also observed high packet losses for data rates 
below 256kb/s and a strong influence of the routing protocol. 

4.2. Contact Information Delivery 
The fundamental goal of the network is the collection of the contact information. Assum-
ing that each contact requires 54byte to store all information (cf. [30]) and an overhead of 
28byte for UDP and IP headers a huge amount of data needs to be transmitted to the sink. 
In our data sets, 34 contacts are formed on average per sensor per ping. Therefore, we end 
up with 34*(54byte + 28byte)*25 = 69700byte per ping. With respect to the half-duplex 
channel properties and the additional traffic of the other classes, it becomes obvious that 
several wireless network technologies cannot provide sufficient data rates for the traffic. 
Therefore, we considered different approaches like selecting overhead reduction through 
data aggregation on the host or in the network, and compression. 
Data aggregation on the host has a great potential if an increased delay can be accepted. In 
our case, waiting 80s before transmitting data gave an allover decrease to 65% of the orig-
inal size. Further aggregation on the route to the sink has the potential to decrease the 
packet size even more. However, this requires cross-layer network stacks [31-33] and ade-
quate fusion algorithms. Experiments with different standard compression algorithms 
showed that its use is very limited. 

5. SUMMARY AND FUTURE WORK 
In this paper, we analyzed arising challenges in a MSO. After considering the amount of 
data, which is necessary to exchange raw sensor data, it became clear that it is necessary to 
preprocess the raw data. Consequently, a data exchange between transmitters and receiv-
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ers is required. Due to the different traffic classes’ reliable delivery, congestion control, 
efficient multi- or broadcasting, and prioritization in different combinations is required. 
Therefore, all major aspects of the network stack needs to be adapted to get an optimal 
solution. 
Regardless of the optimizations on the network stack, MSOs have the potential to overload 
today’s network capabilities. Therefore, application and algorithm developers should con-
sider ways to support or interact with the network stack to increase the efficiency. Future 
work should focus on such interdisciplinary opportunities like  

 cross-layer-network stacks which requires fast and efficient fusion algorithms or 
 sensor management requiring a close collaboration between object tracking and 

data transport control. 
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Abstract: The Research Department for Underwater Acoustics and Marine Geophysics 
(FWG), conducted transmission experiments in the Baltic Sea during March 2010 in which 
JANUS messages were transmitted from RV Planet in the frequency band 0.8 - 5.6 kHz over 
ranges up to 29 km while sailing at various speeds up to 4 m/s.  JANUS packets (64 bits) are 
expected to be robust to Doppler up to ~2 m/s source-receiver motion along the line of sight.  
Slightly greater tolerance may be experienced in the case of strong multipath, where the mis-
timing of the Frequency Hopping - Binary Frequency Shift Keying (FH-BFSK) slots and the 
Doppler shift of chip frequencies may be partly compensated by multipath temporal and 
Doppler spread.  Using a matched filter on the Hyperbolic Frequency Modulated (HFM) 
sweep to detect packet arrival, the three ‘wake-up’ tones were captured and Fourier-
Transformed to estimate the Doppler-induced frequency shift and hence determine the best 
Doppler-compensated sampling frequency to use for decoding the packet.  This simple 
Doppler estimator performs well, compared to ‘ground truth’ from the RV Planet GPS 
navigational system, increasing the number of successfully decoded packets from 82 to 207.  
As anticipated, 90% of the additional decoded signals had Doppler speeds >2.2 m/s.  
Applying other simple enhancements, including ‘soft’ Viterbi decoding with increased trace-
back length significantly improved the decoding rate, increasing the number of correctly 
decoded transmissions to 395.  A Greater Of - Constant False Alarm Rate (GO-CFAR) 
detector was also applied to reduce false detection triggers, without significant impact.   
Using the best combination of pre-processors, the majority of transmissions could still not be 
decoded, as the Signal to Noise Ratio (SNR) fell <9 dB at most ranges, with significant 
multipath.  Removing some of the multipath effects by means of a prototype channel 
equalisation allowed transmissions of slightly lower SNR to be correctly decoded.  Widening 
the acceptance window in frequency and time also appears to help significantly, suggesting 
that future JANUS versions might usefully employ a wider set/unset bit frequency differential. 
Keywords: Underwater, Acoustic, Communication, JANUS, FWG, NURC, FSK, CFAR, PLL, 
Doppler, Baltic, Planet, Frequency Hopping, Binary Shift Keying, multipath, channel, 
equalization.
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The „Pre-RACUN‟ experiment 

The purpose of the „Pre-RACUN‟ sea trial was 

1. To collect data for acoustic channel characterisation for mobile underwater communication 

2. To validate the stochastic ray-tracing acoustic propagation model MOCASSIN [1] and  

3. To find limit bounds for different robust communication signals such as JANUS [2] in littoral 
waters, over a long range, using two acoustic bands [0.8-1.8 kHz and 2.1-5.6 kHz]. 

The JANUS protocol is an open-source robust scheme for standardising digital underwater 
communications [3]. JANUS has been developed at the NATO Undersea Research Centre 
(NURC) with the collaboration of academia, industry and government and is in the process of 
becoming a NATO standard (STANAG).  The physical coding scheme is described in [2] and 
the spectrogram of an example signal is illustrated in Fig. 1.  

The experiment was performed in the Baltic Sea, east of Bornholm Island (Fig. 2) in the wind 
shade of the island.  JANUS transmissions were made from RV Planet (Fig. 2, nominal track 
shown in white) towing two portable omni-directional transducers (ITC4008 and ITC4009).  RV 
Planet sailed at various speeds throughout the trial.  JANUS signals were recorded by a 
moored vertical hydrophone chain consisting of seven hydrophones, though hydrophone #3 
was not working (Fig. 2, shown as a block dot near the western end of RV Planet‟s track).  
The acoustic channel was characterised by a stable stratification resulting in an iso-velocity 
surface layer overlying a sound channel where the sound velocity was significantly lower. 
FWG‟s stochastic ray-tracing shallow-water acoustic propagation model, MOCASSIN [1], 
was used to predict Transmission Loss (TL) as a function of depth and range out to 60 km for 
the two frequency bands used for JANUS transmissions.  Example TL results are shown in 
Fig. 3 for a source placed at 50m depth.   

 
Fig. 1:Spectrogram of a JANUS packet in the 3-5 kHz band 
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The waveguide ducting of acoustic energy in the 40-50m depth range is clearly visible, 
especially in the higher frequency band.  The generally lower TL experienced by lower 
frequencies is also evident. 

1. DOPPLER EFFECTS ON JANUS SIGNALS 
We begin by noting that the received frequency of each single-path arrival of a signal is 

related to the transmitted frequency and line-of-site speeds by 

 

 
(1) 

 
Figure 2: Map of the experimental area. 

 

Figure 3:  Acoustic Transmission Loss (TL) modelled by MOCASSIN in the 

low (left hand panel) and high (right hand panel) frequency bands used for 

JANUS signals  
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Where is the received frequency, is the transmitted frequency, is the ratio of 
the length of the transmitted signal to the length of that received, and  is the speed of sound 
in water (~1500 m/s) with the subscripts „r‟ and „s‟ denoting receiver and source speeds along 
the line of sight.  The effect is to apply a „dilation factor‟, , to the transmit frequency, the 
same factor also affecting the temporal duration of the signal, so that the number of cycles 
remains constant. 

The scenario is complicated by multipath, when the received waveform may be modelled 
as a sum of time-delayed amplitude-modulated and Doppler-dilated replicas of the 
transmitted signal, where depth-dependent currents and surface waves confer different 
Doppler dilations for each path.   

The effect of Doppler on JANUS signals is therefore to both shift the frequencies of the 
various components, and to dilate the timing, affecting the synchronisation necessary to 
decode the signal.   
2. A SIMPLE DOPPLER COMPENSATION PRE-PROCESSOR FOR JANUS 

Although the JANUS BH-FSK scheme is inherently robust to moderate Doppler dilations 
[4], in this experiment it was known that the RV Planet was travelling at speeds above the 
expected Doppler tolerance for JANUS packets (~+/-2 m/s) about 75% of the time.  

While the JANUS standard defines how a JANUS packet is to be encoded, there is no 
restriction on how to decode a received signal.  We may therefore propose a Doppler 
compensation processor to improve performance. We choose to do so by pre-processing the 
received signal by re-sampling at a shifted (dilated) frequency.  The advantage of this 
approach is that it is simple and does not affect the rest of the decoding process chain, based 
on the example implementations provided on the JANUS wiki site 
(http://www.januswiki.org).  Also, re-sampling compensates for both the time dilation and 
frequency effects of Doppler. 

Our algorithm proceeds as follows:  
1. Detect the arrival of a JANUS packet with a matched filter to locate the HFM sweep 

that is part of ver. 1.0 packets  
2. Sum the waveforms of the three „wake-up‟ tones that precede the HFM and evaluate 

the Power Spectral Density (PSD) of the summed wake-up tone signals 
3. Fit quadratic curves to the three main spectral peaks to estimate the received tone 

frequency peaks 
4. Estimate the Doppler dilation from the shift of the fitted curves compared to the 

nominal transmit frequencies. 
Detection on the HFM is robust because, as is well known, the impact of a Doppler shift 

on an HFM signal is principally to appear as an arrival time delay, with some minor reduction 
in matched filter amplitude due to the end effects at the start and finish of the sweep.    

Doppler will also cause a temporal shift of the HFM matched filter peak, leading to an 
error in the estimated timing of the wake-up tones.  Furthermore, the 400 ms between the 
wake-up tones and the HFM will also be modified.  For a Doppler speed of +/- 5 m/s with a 
JANUS Centre frequency ~3.9 kHz (Fig. 1) it is simple to show that the HFM location error 
is ~1 ms and the second source of error is ~2.2 ms, so that the impact on selecting the wake-
up tones (each with duration 80 ms) is minor.  Nevertheless, we chose to enlarge each of the 
three sampling windows to capture the wake-up tones even if shifted by the maximum 
Doppler considered, at the expense of capturing slightly increased noise energy.   

Once the wake-up tones are localised, the time series for the three tones are summed to 
provide a 1/√3 gain in Signal to Noise Ratio (SNR) (assuming uncorrelated noise).  The 
Fourier-transformed PSD provides separate best-fit estimates for a second-order polynomial 
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curve fitting to the primary lobes.  The three fits are then jointly optimised to capture the 
maximum power in the signal to provide the Doppler dilation estimate.  Once the dilation 
factor is estimated, the original received time series can be re-sampled at the dilated 
frequency to provide a Doppler-compensated input to the regular decoder. 

We could also have chosen to exploit the 400 ms between the wake-up tones and the HFM 
by estimating Doppler based on the dilation of this interval.  This would require detecting the 
wake-up tones independently (e.g. with an energy detector), enabling an estimation of the 
dilated time lapse between these and the HFM.  There are many other possible combinations. 
3. EXPERIMENTAL RESULTS 
Doppler estimation 

The accuracy of the Doppler compensation can be measured by comparing Doppler speed 
estimates with navigational records from the RV Planet.  The GPS-derived ship velocity was 
projected onto the chord between transmitter and receiver to give the Doppler speed.  The RV 
Planet made several turns and during these the towed source might be assumed to follow a 
different path to the vessel, „cutting the corner‟, also possibly changing depth. We can also 
expect the estimated Doppler to differ from the GPS-derived ship speed when the RV Planet 
is close to and passing the receivers, due to the physical offset between the GPS receiver and 
the towed source. 

Comparisons between the Doppler estimated speed (in red) and GPS-derived speed (in 
green) are plotted against detected packet number in Fig 7 where estimates in the low 
frequency band are shown in the left hand panel, and those for the high frequency band in the 
right. 

The Doppler-estimated speeds are generally in very good agreement with the GPS-derived 
speeds except for two short periods (at the beginning and again at about 20% of the way 
through the experiment), during which the two frequency bands are consistent with each 
other, but not with the GPS data.  These segments correspond to RV Planet manoeuvring or 
passing the receivers, as expected.  Note that detections cease on both frequency bands at an 
opening range of about 12 km, but restart soon after RV Planet turns round at the end of her 
track run at 25 km.  This could be due to changes in the acoustic propagation environment or 
perhaps the asymmetry of propagating from the source behind RV Planet, through her long 
wake trail, versus forwards. 

Excluding those parts of the experiment where we have imprecise information regarding 
the source navigation or where the estimator completely fails because of impulsive or too 

 

Fig.7: Doppler-estimated (red) and GPS-derived (green) speeds for 

hydrophone 4 plotted against signal decoding number, with distance plotted 

on the secondary axis in blue. 
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high noise, the statistics of the differences between the Doppler estimated speed and the GPS 
estimate were computed.  The resulting distribution is approximately zero-mean, with long 
tails (perhaps due to a non-linear breakdown of the Doppler estimator) compared to a 
Gaussian distribution.  Table I gives the mean, r.m.s. and the mean and s.d. of the best 
Gaussian distribution fitted to the observed histograms. 

 

 Frequency Actual histogram Best-fit Gaussian distribution 

Hyd. # Band Mean speed [m/s]  r.m.s. [m/s] Mean speed [m/s]  s.d. [m/s]  

1 High 0.14 1.21 -0.06 0.65 

1 Low 0.18 0.72 0.08 0.65 

2 High 0.05 1.18 -0.05 0.81 

2 Low 0.16 0.82 -0.03 0.61 

4 High 0.11 1.16 -0.02 0.52 

4 Low 0.07 0.78 0.09 0.69 

5 High 0.12 1.04 -0.04 0.83 

5 Low 0.12 0.74 -0.03 0.43 

6 High 0.25 1.03 0.11 0.77 

6 Low 0.19 0.70 -0.08 0.42 

7 High 0.16 2.04 -0.18 0.60 

7 Low 0.83 2.07 0.43 1.15 

Table 1: Speed estimation difference distributions 

 
While the actual histograms have somewhat irregular shapes, the best-fit Gaussian 

distributions are generally consistent, with an average s.d. of 0.67 with statistically 
insignificant bias in the mean.   For a Gaussian distribution we can expect 95% of estimates 
to lie within 2σ of the mean, corresponding to +/- 1.36 m/s.  In the 3.9 kHz band, the chip 
length is 20 ms. If we take a 95% confidence limit on a maximum tolerable timing error of 
half a chip time at the end of the message, this limits message lengths to 11 s, which allows 
some 500 bits to be sent (after coding) allowing for the wake-up tones, HFM and the waiting 
periods in between.  After decoding, this gives us 160 bits of payload (20 bytes), in addition 
to the 64 bits of the JANUS header packet.  Since most of the JANUS coding parameters 
scale with frequency, this 20 byte performance can be expected to hold over a wide range of 
centre frequencies. 
Decoding performance 

We chose to use a Greatest Of - Constant False Alarm Rate (GO-CFAR) detector, 
originally developed for use in detecting signals in clutter [5].  A simple HFM matched filter 
may incorrectly trigger on correlated nearby „noise‟ resulting from strong multipath or 
changes in amplitude of the signal.  Normalising the output of the matched filter with the 
maximum of two Average Cells, helps reduce this problem.  

We also chose to use „soft‟ Viterbi decoding, whereas the baseline decoder 
implementation provided on the JANUS wiki (http://www.januswiki.org) is „hard‟. 

The baseline decoding success rate, without Doppler compensation, was only 82 out of 
2184 signals.  The lowest SNR at which a successful decoding occurred was 0.1 dB.  The 
maximum range was 15.3 km. 

With Doppler compensation, this figure rose to 215, 90% of the additional correct 
decodings being at Doppler speeds >2.2 m/s. Clearly, Doppler compensation helps 
significantly at speeds over the predicted baseline JANUS tolerance of 2 m/s.  Nevertheless, 
we still have <10% of all the signals decoded correctly.  With the idea to explore other 
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possible simple enhancements to the decoder, several additional processor enhancements 
were considered. 

The first enhancement was to use a longer traceback length of 48, compared to the 
computationally-simpler baseline traceback length of only 8.  The baseline decoder is 
deliberately sub-optimal to respect potential limitations on decoder computational power and 
memory.  The shorter traceback length was chosen for the baseline decoder to reduce 
memory requirements in legacy hardware implementations. 

Applying GO-CFAR (which does no worse, on average, than the simple HFM matched 
filter in this case and has proven valuable with other datasets) and „soft‟ Viterbi with a longer 
traceback increases the number of successfully decoded packets to 395, the farthest being at a 
range of 24.2 km.  If we permit a maximum of 4 bit errors in the decoded packet, this number 
rises to 435. 

Finally, multipath effects can be not only suppressed, but actively employed to advantage 
if we are able to perform an effective channel equalisation.  Considering the noise to be white 
in band and extracting the peaks from the matched filter output to estimate the taps of the 
channel, we can compute the Wiener filter deconvolution. Applying the equaliser with and 
without Doppler correction, the number of correct decoded signals then increases to 474. 
4. FUTURE WORK 

As discussed in Section I, the effect of Doppler on JANUS signals is to both dilate the 
time (resulting in a loss of synchronisation on the decoding of the chip sequence) and 
frequency content (resulting in a shift in the frequency of the chip sequence).  In the case of 
strong multipath, where several paths contribute significant energy to the arrival, the 
strongest being not necessarily the „direct‟ path, the Doppler shifts may be different for each 
path.  For surface-interacting paths, the Doppler may shift significantly on time scales much 
shorter than the packet length.  Our current Doppler compensation scheme assigns only one 
Doppler estimate, presumed valid for the summed multipath arrival and for the duration of 
the packet. 

To improve on this scheme, our first idea is to use a Phase Locked Loop (PLL)-inspired 
tracker to continuously track timing variations through the packet. Such a technique would, 
however, require substantial re-programming of the decoder itself and would also need a  
much more powerful decoder than the baseline JANUS standard implementation assumes is 
available. 

In principle, the frequency dilation could also be tracked in a similar way, with a feedback 
decision loop that decodes each chip and simultaneously estimates the instantaneous 
frequency dilation by optimising a fit to the frequency shift.  The output of this optimisation 
would probably be fed to a model-based tracker such as a Kalman filter to track Doppler 
frequency dilation.  

To address the issue of multipath Doppler spread, we conducted some preliminary tests to 
see if widening the frequency and temporal acceptance window in the decoder could improve 
performance, attempting to capture more of the chip energy.  The results were very positive. 

These proposed enhancements could potentially provide dramatically improved 
performance in the receiver (at the cost of requiring a much more capable receiver hardware 
set) but have the advantage that they do not require any changes in the encoded signal.    The 
problem with accommodating Doppler frequency spreading by widening the acceptance 
window is that the „0‟ and „1‟ frequency-shifted chip windows now overlap, which is 
obviously undesirable.  To combat this, the encoded FSK could be arranged to place chips +/- 
n sub-carriers up or down, rather than +/- 1, where obviously n>1.  It should be possible to 
maintain pseudo-orthogonality in the FH sequence (so long as bandwidth wrapping problems 
do not predominate) while allowing a wider decoding window to be used without overlap.  
Unfortunately, such a modification would require a change to the JANUS standard, since it 
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affects the transmitter and encoder, rather than just the receiver and decoder.  Given the 
strong potential performance improvement this could bring, however, we propose that this 
idea should be pursued for possible future versions of the JANUS standard. 
5. CONCLUSIONS 

JANUS was designed for simplicity and robustness to provide a first contact unsolicited 
beacon functionality and a low-level data exchange protocol.  The baseline standard was kept 
deliberately very simple to reduce the requirements for legacy systems to reach compliance to 
a minimum.  We have obtained a set of JANUS transmissions and receptions up to long range 
(25 km), at relatively high speed (4 m/s) in two frequency bands in the Baltic Sea, known to 
be very challenging for acoustic communications. These data have been used to guide the 
design and testing of a simple Doppler compensation scheme that works as a pre-processor to 
the baseline decoder.  Our very low computational complexity algorithm performs well, 
fulfilling the theoretical needs of the decoder for up to 20 bytes payload.  JANUS packets 
were successfully decoded at ranges up to 25 km and speeds up to 4 m/s, down to SNR levels 
of 0.1 dB using this compensation. 

Nevertheless, the achieved decoding performance remains at the ~10% level due to the 
complexity of the multipath and low SNR.  Several further enhancements are suggested (e.g. 
PLL tracking of the instantaneous time and frequency dilations and a Weiner-filter based 
channel equalisation) that promise significant improvements. 

Finally, we propose another possible approach to accommodate Doppler spread, consisting 
of widening the acceptance window to capture the energy of a single chip in a wider 
frequency slot.  The acceptance window could also be widened in the temporal direction to 
combat multipath spread.  This leads to the proposal to investigate modulation with a larger 
spacing of the frequency carriers of set and unset bits for future versions of JANUS. 
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Abstract: Experiments with channel soundings and acoustic communications were 
conducted in Norwegian waters. The shallow-water channels are characterized by 
dispersion in time, due to multipath propagation, and in frequency, due to surface 
interactions. The performances of two communication schemes, frequency-hopped (FHSS, 
JANUS) and direct-sequence (DSSS) spread spectrum, are examined. Both schemes use 
the same bandwidth, coding scheme, net data rate, and carrier frequency. The JANUS 
receiver is simple to use and fast. DSSS is equipped with a hypothesis-feedback equalizer 
and operates at high complexity. Inspection of channel-sounding and decoding results of a 
few thousand transmissions reveals that a basic JANUS decoder requires the presence of 
a dominant stable path in order to deliver, whereas DSSS more effectively harvests signal 
energy scattered in delay and frequency. JANUS performance can be greatly improved, 
however, by adding several optional improvements to the standard receiver.   

Keywords: Acoustic communications, spread spectrum, channel sounding 

INTRODUCTION  

There is increasing interest in underwater acoustic communications and networking, 
with applications emerging in environmental monitoring, exploration of the oceans, and 
military missions. Unfortunately there is a sore lack of standards, in all layers of the 
protocol stack. There are no standard test channels, no standardized modulation schemes, 
and no standard medium-access protocols. Standards from the radio-frequency society 
cannot be copied just like that as the underwater environment is fundamentally different in 
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many ways. Recently, NURC took the initiative to propose a physical-layer standard for 
underwater acoustic communications [1,2]. The proposed standard is called JANUS, and 
was recently put to test during sea experiments in Norwegian waters. In this paper, the 
performance of JANUS is compared with measurements of delay and Doppler spread, and 
with a more sophisticated modulation scheme.   

MODULATION SCHEMES  

JANUS software (V0.3–100203) was downloaded from the NURC site and used to 
create a transmit waveform. By default, JANUS uses a preamble of three tones for modem 
wake-up, followed by a hyperbolic frequency-modulated (HFM) chirp for detection and 
synchronization. The modulation format for the bits is frequency-hopped spread spectrum 
(FHSS), combined with a rate-1/2 convolutional error-correcting code (ECC) with 
constraint length 9. At a center frequency of 14 kHz, the detection chirp is 22.4 ms long 
and the signal bandwidth about 5 kHz. JANUS employs a 64-bit header. A payload of 216 
user bits was added for the tests. After coding, these numbers correspond to 144 and 448 
coded bits, respectively. The header and payload data are separately encoded and decoded.  

The JANUS Ver 0.3 baseline (legacy) decoder requires only the simplest of hardware, a 
very small memory as might be found on an old DSP can meet the requirements, not even 
an FPU is required. Results will be shown first for the “standard” V03 JANUS receiver, 
and later for an improved version that would require more recent and capable hardware. 

To compare JANUS with a different scheme, a direct-sequence spread spectrum 
(DSSS) waveform was prepared. It uses the same coded bit stream as JANUS, in the same 
frequency band at the same data rate. The preamble is a 100-ms linear frequency 
modulated (LFM) chirp; wake-up tones are omitted as all processing is performed offline. 
Bits are mapped onto a quadrature phase-shift keyed symbol constellation combined with 
a 31-chip spreading code. The receiver uses hypothesis-feedback equalization [3], a potent 
but computationally demanding set of algorithms. Receiver parameters are fixed for the 
entire data set. Specifically, the recursive-least squares forgetting factor is 0.995, there are 
60 fractionally-spaced feedforward taps and 10 chip-spaced feedback taps.  

Both the JANUS and DSSS waveforms that we generated operate at a net rate of 
80 bps. Some key differences are that JANUS is essentially an energy detector and DSSS 
a phase detector, and that DSSS employs an adaptive channel equalizer whereas the V0.3 
JANUS receiver does not feature equalization. 

SEA EXPERIMENTS AND ACOUSTICS 

The comparison between JANUS and DSSS is based on a sea trial at Norway‟s west 
coast, in October 2010. Various channel probe signals and communication signals were 
broadcast by an omnidirectional bottom-mounted transmitter, and recorded on three 
bottom-mounted receivers at distances of 1–5 km from the source. All waveforms were 
transmitted once every six minutes during a period of eight days, resulting in a total of 
≈1700 receptions on each receiver. All signals have a 14-kHz center frequency. The probe 
signals are used for channel sounding, i.e., measurement of the time-varying impulse 
response, and computation of derived quantities such as the spreading function, power 
delay profile, and Doppler spectrum [4].  

The channels between the transmitter and receivers are surface channels. That is, the 
sound is trapped in a waveguide formed by an upward refracting sound speed profile and 
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the sea surface. Signals interact with the surface, where wind, waves, and air bubbles 
influence propagation [5]. A few of the resulting spreading functions are shown in Fig. 1. 
Propagation in the surface channel leads to peculiar effects. The top-left panel shows a 
fairly benign channel with little delay-Doppler spread. Other panels reveal more spreading 
with apparent frequency shifts for individual arrivals (top-right) or all paths together 
(bottom left). The bottom-right channel can be called overspread, with signal energy 
scattered all over delay-Doppler space. Note that sender and receivers are mounted in 
frames on the seafloor and that the frequency axis is properly calibrated. Any Doppler 
effect is due to variability within the propagation medium. Physical explanations are 
beyond the scope of this paper and not known in all cases, but more detailed studies of 
channels such as in Fig. 1 can be found in [4]. 

 

  

  

Fig. 1: Diversity of spreading functions measured during the experiments. 

Fig. 1 zooms in on the chief multipath arrivals and does not show the reverberation tail 
that characterizes propagation in the autumn channels. Fig. 2 illustrates this with two 
power delay profiles. The reverberation tails are weak but long, and their importance for 
communications is determined by their integral power relative to the power of the main 
arrivals. The cause of the reverberation is scattering at the sea surface, by waves directly 
and/or bubble screens due to breaking waves. This results in a broad Doppler spectrum for 
the tails. The combination of a long delay and a large frequency spread brings the 
reverberation tails out of reach of communication receivers. DSSS, for instance, would 
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require a long filter length to cover the delay span, but a long filter reduces the capability 
to track channel fluctuations. Instead, the equalizer span of DSSS is fixed at ≈12 ms and it 
attempts to harvest sufficient signal energy from the main arrivals. Signal energy that is 
out of reach acts as self-interference. To be sure, both DSSS and JANUS are spread-
spectrum modulations and at 80~bps they should be able to withstand a considerable 
amount of self-interference and/or noise.  

  

Fig. 2: Two characteristic power delay profiles. 

COMMUNICATIONS 

During the 8-day field test, the channels could remain stationary for hours, or change 
on a time scale of minutes/seconds, depending for instance on changes in wind speed and 
direction. It is not feasible to check thousands of communication results against thousands 
of spreading functions. Instead, the channels are reduced to two parameters, the delay 
spread and the Doppler spread, using two definitions for both. Fig. 3 uses the 90%-energy 
criterion, and Fig. 4 the –6 dB criterion [4].  

In Figs. 3 and 4, a point is blue if both header and payload emerge from the ECC 
decoder without bit errors, and red otherwise. The total number of received packets for 
JANUS and DSSS, summed over the three receivers, is 5132. The figures only show 3563 
receptions, namely those that are received with an SNR > 10 dB. The motivation for this 
SNR threshold is twofold. First, accurate measurement of the delay spread and Doppler 
spread requires a high SNR, and second, bit errors can be blamed on the channel. In 
AWGN channels, both schemes correctly decode packets at SNRs down to –6 dB. Values 
> 10 dB imply considerable excess SNR, and performance failures are then primarily due 
to channel effects. Note that delay spread, Doppler spread, and SNR are measured with 
different probe signals in the 6-min transmit cycle, such that there can be a few erratic 
points in the scatter plots. The overall picture in the graphs is correct, but there is no 
guarantee that each individual point is correct, as channel and noise conditions may 
change within a cycle.  

 At any rate, it is clear from the figures that i) the DSS modulation generally performs 
much better than the basic JANUS decoder; ii) the distribution of points in the delay-
Doppler plane is strongly dependent on definition. The top-right cluster in Fig. 3 
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represents overspread channels, which are too difficult for both modulation schemes. (In 
Fig. 4 some of these points end up at a delay of 115 ms; this is an artefact related to batch 
processing and cyclic delay shifts.) Other clusters are closer to the origin and are fairly 
well handled by DSSS, whereas the basic JANUS receiver does not convince. There are 
some successes, but the amount of blue is not impressive.  

 
 

  

Fig. 3: Performance versus the 90%-energy delay and Doppler spreads. Blue dots 
represent receptions without bit errors, red dots receptions with bit errors. 
 

  

Fig. 4: Performance versus the –6 dB delay and Doppler spreads.  

In Fig. 4 the blue points form a tightly packed cluster at the origin. It thus appears that 
JANUS delivers when both the –6 dB delay spread and –6 dB Doppler spread are very 
small. An example channel that meets this demand is depicted in Fig. 5 through its power 
delay profile and Doppler power spectrum (from which the delay and Doppler spreads are 
computed, respectively). Both quantities are characterized by an outstanding peak. 
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Inspection of the spreading function (not shown) confirms that the typical channel where 
JANUS delivers has a dominant specular path, i.e., a direct or a bottom reflected path. 
Considering the fact that the standard receiver does not offer equalization or tracking, the 
finding does not surprise. In a simple description, JANUS clings on to the specular path 
and combats self-interference via its spread-spectrum and coding gains. 

From the total number of 5132 packets, only 208 are received without bit errors by the 
baseline JANUS decoder, versus 3040 for DSSS. In terms of a frame error rate (FER), the 
figures are 4924/5132 and 2092/5132. The total of 5132 includes ≈700 packets received at 
an SNR < 0 dB and ≈200 overspread channels, for which neither scheme is expected to 
deliver. Channels that remain form a gray area, with moderate to high SNR and varying 
degrees of delay-Doppler spreading.  

The strengths of the JANUS standard include ease of use and low complexity; the user 
does not need to be bothered with setting appropriate receiver parameters, complex 
computational loads and the demodulation time for a single package is as short as 0.30 s. 
DSSS may require an expert user to set parameters, and, with the present settings, the 
demodulation time amounts to 11 s (measured on the same platform as that of JANUS). 
The advantage in FER performance comes at a 40-fold increase in complexity.  

  

Fig. 5: Power delay profile and Doppler spectrum of a JANUS-friendly channel. 

JANUS IMPROVEMENTS  

In the event that a receiver has sufficient memory, computational power and energy to 
take on a more complex decoding process than the baseline JANUS standard demands, 
there are a number of improvements that can be made to the decoding process that are 
independent of JANUS encoding and transmission.  That is, if a receiver is capable of 
dealing with a more complex decoding task, it can be enhanced to bring its decoding of 
standard JANUS signals closer in performance to that of a complex scheme such as DSSS. 

Several paths have been explored to improve JANUS decoder performance. The first 
step follows from the observation that many decoding failures are brought about by 
detection failures.  This often occurs because the HFM matched filter triggers on the FSK 
part of JANUS packets instead of the HFM chirp.  This may already be resolved by 
changes in the JANUS standard for version 2, but for the purposes of this comparison the 
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problem was addressed by normalizing using a Greatest of Constant False Alarm Rate 
(GO-CFAR) processor. This technique has been developed for radar and sonar detection 
of targets in non-stationary noise and provides a means to automatically adaptively set the 
detection threshold. The cost of this improvement in terms of computational complexity is 
marginal. It consists of a convolution of the matched filter output with a step function of 
the same length as the HFM and normalization using the greatest of the preceding and 
following step output. The next obvious area to make decoder improvements was to 
substitute the simple „Hard‟ Viterbi decoder with overly short traceback length with a 
„Soft‟ decoder operating with a much longer traceback length. The code changes in the 
decoder are again minimal but yield a substantial performance improvement, the number 
of signals without errors increasing from 208 to 1279. 

Bearing in mind that successful JANUS decoding requires a relatively stable path with 
higher energy than other multipaths, even if this path is scattered from a moving surface, it 
is possible that Doppler correction may prove useful, even for transmissions from and to 
fixed bottom-mounted nodes. For moving sources and receivers, this would obviously be a 
useful decoding utility. We therefore tested Doppler estimation based on the three wake-
up tones. Starting from the detected HFM and a given maximum Doppler velocity, the 
estimator computes a set of timing errors for the wake-up tones over the range of possible 
Doppler, sums the three time-series intervals enclosing them and runs an FFT. A second-
order polynomial fit to the results allows the maximum to be extracted, corresponding to 
the best estimate of the Doppler shift of the most energetic channel tap. 

Once the Doppler shift is estimated, the sampling frequency passed to the decoder is 
appropriately shifted, avoiding re-sampling of the waveform in the pre-processing. This 
very simple Doppler correction allows us to decode an additional 249 signals, for a total of 
1528 signals correctly decoded. These decoder enhancements therefore produce a 
combined seven-fold improvement in packet success rate for these challenging data, 
bringing JANUS to a level of performance approximately half that of DSSS.  

 

  

Fig. 6: Improved JANUS performance.  

The final enhancement strategy we tested was a blind channel equalization based on the 
channel estimation performed by the HFM matched filter. This was used to design a 
Wiener filter deconvolution. The advantages of this approach again consist in a small 
computational overhead and a simple preconditioning of the signal that can then be 
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handed on to the baseline decoder. The down side is the poor performance in tracking 
channel changes through the transmission. In this dataset, sampled from an environment 
with often-short channel stability, the performance of this blind equalizer is not very good, 
resulting in only 11 additional successful decoded signals. To conclude, only an additional 
4 signals could be decoded combining channel equalization and Doppler compensation, 
for a total of 1543.  

The updated scatter plots in Fig. 6 show that the improvements render JANUS much 
more robust to channel dynamics. Compared with the results of the basic decoder, the blue 
points spread out in delay and Doppler. Successful decodings are no longer confined to the 
origin in the “–6 dB” plot, where the blue cloud seems to extend more in the frequency 
dimension than in delay.  The JANUS standard therefore offers the option of a very simple 
implementation, suitable for making basic legacy hardware compliant to the standard, or a 
more sophisticated decoder, working on the same transmissions, that can perform much 
better. It is possible that more advanced JANUS decoder options could further improve 
performance. 

CONCLUSIONS 

The performance of the proposed physical-layer standard JANUS has been evaluated 
for transmissions in time-varying acoustic channels. Inspection of thousands of received 
packets reveals that the baseline version of the receiver requires a stable dominant 
multipath arrival for successful decoding, a condition rarely met in our experiment. The 
decoding rate is improved by a factor of seven with the help of some simple enhancements 
to the decoding process, achieving approximately half the decoding rate of the much more 
complex DSSS scheme. Another comparison [6] between DSSS and FHSS draws a similar 
conclusion: “The raw bit error rate of FHSS is higher than that of DSSS for the same SNR, 
though FHSS is very simple and thus attractive for certain applications.” 
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Abstract: The NATO Undersea Research Centre has been actively exploring the applicability 
of JANUS, the physical layer protocol being proposed for NATO standard (STANAG) for 
underwater acoustic communication. One of the active work fronts of the centre is the 
development of cooperative ASW concepts with at-sea testing and validation. The envisioned 
scenarios define distances of interest between AUVs in the order of 10 Km, not covered by 
most commercial acoustic modems and in particular not covered by the ones currently 
equipping the vehicles being used. A potential solution for this problem has been explored by 
making use of the ASW hardware available on the vehicles. The vehicle’s towed sound source 
is used to transmit the communication signals and the towed array is used as the acoustic 
antenna. All transmissions are made using the JANUS FSK signalling scheme taking 
advantage of simple and open software structure. This approach enables a first instance of 
open architecture for networking, not possible with the onboard commercial modems. 
 The present paper discusses the implemented software and hardware architectures, future 
developments and ways ahead towards capability consolidation. Results from sea trials 
conducted in 2010 are also presented showing successful data transfers between two moving 
AUVs more than 11 Km apart. 

Keywords: JANUS, Underwater communication  
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1 Introduction and Motivation 
 
 Early on the development of frigate based multistatic Anti-Submarine Warfare (ASW) 
experiments it was realized that raw data (time-series form a multiple transducer towed array 
for example) is not easily passed in real time over any realistic communication channel. In 
fact, the level of communication requirements between multistatic platforms is still a problem 
being addressed for both in-air and underwater applications. It is in general at least necessary 
to carry out data reduction in order to turn the raw information into contacts which capture 
the pertinent and sufficient information (position, time, etc.) to allow subsequent processing. 
When we transition to the possibility of using multiple Autonomous Vehicles the general 
philosophy remains the same - multiple looks may provide better detection, localization and 
classification opportunities - but the details have to be revisited. Here we consider a small 
number of AUVs communicating via the underwater channel using acoustic communications. 
The role of this kind of system has been explored in [1]. The main difference in the 
underwater version of multistatic systems is the reduction in available bandwidth and the lack 
of robustness of the communication channel – in particular the temporal variability. Indeed 
the unreliability of the channel prompts several responses: The incorporation of a high-level 
of autonomy on each vehicle to allow reasoning when vehicles cannot communicate [2,3]; 
The use of delay (disruption) tolerant networks which can store information for short periods 
before passing the information on at a more propitious time [4]; A further reduction in the 
information to be exchanged and the choice of robust coding schemes for data transmission.  
 JANUS [5,6] specifies a simple Frequency Shift Keying (FSK) scheme that is flexible in 
its centre frequency, phase-incoherent and robust. JANUS provides a broadcast message with 
information that allows receiver(s) to react, based on that additional knowledge, including 
choosing to transmit their own JANUS message. JANUS may also be used to send arbitrary 
data, in a payload of variable length that follows the initial, fixed 64 bits. The flexibility of 
the JANUS specification, particularly in terms of operating frequency and open processing 
chain was seen as a potential good match for autonomous platforms that carry acoustic 
transducers capable of transmitting and receiving arbitrary waveforms. This was seen as a 
possible way to extend the maximum acoustic range provided by the currently used acoustic 
modems and provide not only extended range for mission monitoring but also the means to 
add communication coverage within the defined distances of interest between AUVs, in the 
order of 10 Km. 
 This paper reports the development and integration of a software-defined communication 
system to address the demands of short message exchange over long distances. A description 
of the system architecture is presented together with the results of a first set of sea trials. 
Future directions are discussed. One issue which will not be addressed in the present paper is 
the topic of Low Probability of Intercept (LPI) modulations. This issue is particularly relevant 
to the underwater multistatic battle space since the primary role of a fleet of AUVs would be 
to work in an un-monitored covert mode. In the context of this presentation this can be seen 
as an additional level of processing which would be applied after or together with signal 
modulation. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1554 -



 

 

2 System architecture and implementation 
 
 The envisioned architecture was implemented onboard NURC’s two Ocean Explorer, 
Version C (OEX-C) AUVs (Groucho and Harpo). These are the vehicles used to develop the 
Cooperative ASW program at NURC. The OEX-C exhibits a distributed and modular 
hardware architecture with 3 PC104 CPUs connected to the vehicle’s Ethernet. Low level 
vehicle management is assured by LonWorks modules connected to the internal LonTalk 
network. In terms of acoustic communication capabilities both vehicles are equipped with 
EdgeTech modems and WHOI Micro modems accessible from the front and back seat 
respectively. 
 All mission software runs under a Moos-IvP [7] environment and for this reason the 
implemented architecture was also deployed around the MOOS data base. The Janus physical 
layer specification was used to generate signals to be output by a towed sound source 
(TOSSA). Such signals are to be received on a towed array and processed by the JANUS 
demodulation routines. The existing Matlab prototype implementation of JANUS was used 
directly inside the vehicles’ hardware. Slight adaptation was required to port it to the open-
source counterpart Octave [8] and to provide compliant reading of the acoustic array files and 
encoding in suitable format for the TOSSA. A NURC-developed application called pOctaver 
was used to interface the Octave code with MOOS. Triggering actions specific to the DAC 
and timing boards were managed by a UDP client interface for MOOS.  
A simplified system architecture diagram is presented in Fig. 1. 
 

 
Fig. 1: System architecture 

 
 In order to choose a suitable central frequency for the JANUS signals, the physical 
constraints of the transducers and associated electronics were analyzed. The identified 
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limiting factor was the frequency response of the TOSSA transducers, depicted in the lower 
half of Fig. 2.  
 

 
Fig. 2: Frequency characteristic for the output amplifiers and transducers 

 
 
 A central frequency of 2400 Hz was chosen. JANUS defines the total bandwidth to be 1/3 
of the central frequency which means that the signal is spread between 2000 and 2800 Hz. 
The implication of this frequency choice in terms of signal duration can be seen in Table 1 
where, for different message sizes, a breakdown of the individual “sections” of the JANUS 
signal is presented. 
 
 

Payload 
bytes 

Chip  
time 
(milisecs) 

Wake  
up tones 
(secs) 

Wake  
up 
time 
(secs) 

HFM 
Sweep 
 (secs) 

Backoff  
Time 
 (secs) 

Data 
 Time 
 (secs) 

Payload 
 data 
time 
(secs) 

Total  
signal 
time 
(secs) 

0 

32.50 0.39 0.40 0.13 0.20 4.68 

0.00 5.80 
1 1.04 6.84 
4 2.60 8.40 
6 3.64 9.44 
8 4.68 10.48 

 
Table 1: JANUS signal composition and duration 

 
A second JANUS acoustic source was used, installed on the NATO research vessel Alliance. 
This was a pre-recorded JANUS signal modulated with a central frequency of 5500 Hz used  
to provide a first instance testing source and to test multi-band capabilities.  
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3. Sea trials 
 
 The architecture was tested at sea to during the CASW Engineering trial (April 2010) and 
the GLINT’10 trial (August 2010). The main goals set for this experiments were to provide a 
first proof-of-concept of the system, identify conceptual and implementation weaknesses and 
assess achievable performance in operational conditions. The developed software was 
deployed and tested with the vehicles’ hardware. A picture taken onboard the NRV Alliance, 
during the engineering trial can be seen in Fig. 3. The towed sound source and acoustic array 
are clearly visible, connected to the vehicle on the right. 
 

 
 

Fig. 3: Both OEX vehicles onboard the NATO research vessel Alliance: The towed sound 
source can be seen connected to the vehicle on the right and sitting alongside in the cradle. 

The acoustic array is laid on the deck. 
 
 Only one towed sound source was available which meant that only one of the OEX-C 
could transmit. Both were towing acoustic arrays and were able to decode the dynamically-
generated, 2.4 KHz and the static 5.5 KHz JANUS messages. Transmissions were issued 
once every minute by the AUV equipped with the sound source (Harpo during the 
engineering trial and Groucho during GLINT’10) and twice every minute by the Alliance 
source. Packets generated by the AUV consisted of the basic JANUS header plus a telemetry 
payload of 6 bytes (2 bytes for X in local rectangular coordinates, 2 bytes for Y, also in the 
same coordinate system, 1 byte for depth and 1 byte for CRC). Maximum transmit power was 
177 dB (re 1Pa @ 1 meter) for the towed source and 173 dB (re 1Pa @ 1 meter) for the 
Alliance source. Online decodings were done for one hydrophone only, pre-selected after 
preliminary testing. 
 A series of runs was designed in order to provide different and relevant operational 
conditions on which to test JANUS packet exchanges. 
 The typical sound speed profile and transmission loss prediction observed during the 
experiments can be seen in Fig. 5, computed for the day of the long-range run. 
 
Fig. 4 shows the navigation plots for the 3 runs performed during GLINT’10. On the left plot 
one can see a set a run designed to evaluate the performance under different Doppler 
conditions (no Doppler in the arcs, different speeds in straight lines). The centre plot shows 
the XY view of a run done at different depth set-points (above and below the thermocline) 
and finally the right plot shows a distance run with vehicles exploring the full operational 
bounding box, reaching a distance of 11300m. For this run both vehicles were cruising at a 
constant depth of 70m. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1557 -



 

 

 The typical sound speed profile and transmission loss prediction observed during the 
experiments can be seen in Fig. 5, computed for the day of the long-range run. 

 
Fig. 4: Geometric configuration of test runs (on XY plane). Axes in meters 

 

 
Fig. 5: Sound speed profile and transmission loss from Bellhop ray tracing 

 
 It was possible, in mission-time, to decode the messages generated on the fly, containing 
the vehicle navigation information. Decoding statistics relative to the data recorded on the 
AUV Harpo, for the three runs can be seen in Table 2. The online decodings were all done 
with the “baseline” JANUS prototype implementation available in the summer of 2010. The 
latest version (as of April 2011) was also used to process the acoustic data acquired by the 
array during the trials and statistics are shown alongside. The new features include Doppler 
estimation and compensation, channel equalization and improved signal detection. 
 

 Run 1 
(arcs) 

Run 2 
(square boxes) 

Run 3 
(range test) 

Towed source transmissions 0 78 216 
Alliance transmissions 1073 0 0 
Successful online towed source decodings 0 61 (78.2 %) 173 (80.1%) 
Successful online Alliance decodings 847 (78.9%) 0 0 
Successful offline towed source decodings  
(improved processing chain) 0 64 (82.1%) 181 (83,8%) 

Successful offline Alliance decoding 
(improved processing chain) 1060 (98.8%) 0 0 

Table 2: Decoding statistics 
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 In Fig. 6 a plot of raw bit errors (number of wrong received bits as compared with the sent 
signal), packet success rate and signal-to-noise rate as a function of distance between the 2 
AUVs, computed for the online decodings of run 3 (long range run) is presented. Packet 
success rate is plotted as a spatial average for slots of 500m. It can be observed that correct 
decoding was possible with the AUVs more than 11 Km apart with no noticeable decrease of 
packet decode rate. A noticeable increase in the number of raw errors with the consequent 
drop in packet success rate can be seen for distances around 1-1.5 Km. Further analysis 
indicated a drop in received signal level that could be related with destructive interference 
from strong multipath. The ray tracing in Fig. 5 indeed hints at a “busy” region in terms of 
multipath receptions for such distances. 
 

 
 

Fig. 6: Signal statistics for run 3 (long range) 
 
 
4. Conclusions and future work 
 
 This paper reports NURC’s first efforts in integrating a pure software-defined 
communication architecture into its unmanned platforms [9,10]. Up until this integration 
effort all of NURC’s JANUS transmissions were based on pre-encoded, pre-recorded wave 
forms. The presented work shows a first proof-of-concept for a purely software-defined 
communication system, based on the JANUS standard, capable of offering, at no extra 
hardware cost, an additional capability that can substantially expand the cooperative 
scenarios by providing extended communication range between platforms. This provides a 
possible new approach for ASW paging communication by exploring the lower frequencies 
usually supported by the hardware while scaling the JANUS implementation to suit those 
requirements. The first sea trials provided more than encouraging results by offering a means 
to exchange mission data between moving platforms cruising 11 Km apart. 
 At present time the system is still implemented around some assumptions that prevent it 
from being fully integrated and operationally useful. The main missing link of the current 
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JANUS prototype implementation is a signal detector that can run on a constant data feed. 
Without that, true modem-like operation cannot be achieved. Also the current Matlab/Octave 
based implementation is far from ideal for embedded operation. On the PC104 CPUs 
equipping the OEXs, the decoding chain took more than 20 seconds to decode a 9 second 
sonification contained inside a 12 second file. Currently an effort is being made to port the 
prototype code into an efficient, compiled version. This would help reducing message 
latencies which would enable the use of the exchanged data to close the loop with reactive 
vehicle behaviours exploring the relative positions of both AUVs. 
 The latest developments in the JANUS processing chain are currently being tested on the 
recorded acoustic data. Such new features include Doppler estimation and compensation, 
channel equalization and improved signal detection. The already observed performance 
improvements will set a new starting point for upcoming field testing and serve as a clear 
statement of the live and evolving nature of JANUS. 
A better use of the receiver array will be achieved in the next set of sea trials by exploring 
different beamforming techniques to improve signal decoding. 
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Abstract: Applying sound quantitatively to the study of boundary layer mixing processes 
and sediment transport has been an ongoing development for over two decades. Using the 
backscattered signal amplitude, measurements of suspended particle size and 
concentration have been obtained. These measurements are based on the premise that we 
have an accurate representation of the acoustical scattering properties of the sediments in 
suspension. At present this description is primarily based on studies using quartz sand. 
However, many seabeds are heterogeneous, consisting of mixtures of different mineralogy. 
Generally, therefore, in marine deployments of acoustic backscatter systems, there will be 
an inherent degree of uncertainty in our knowledge of the suspension scattering properties 
and hence the acoustically derived sediment parameters. These scattering uncertainties 
can impact non-linearly on the commonly employed inversion schemes used to extract the 
suspension parameters, with the inversions becoming more problematic as the suspended 
sediment attenuation increases. Here we examine the impact mixed sediment scattering 
uncertainty has on acoustic measurements of suspended sediments. 

Keywords: Acoustic, Scattering, Suspensions, Sediments, Inversions  
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1. INTRODUCTION  
 
The use of megahertz sound to measure near bed boundary layer sediment transport 

processes has advanced significantly over the past two decades (Thorne and Hanes 2002; 
Hurther et al 2011). Here the use of acoustics backscatter systems, ABS, for measuring 
vertical profiles of suspended particle size and concentration is reconsidered with 
particular reference to the impact uncertainty in the suspension scattering characteristics 
have on the extracted sediment parameters. In Fig. 1 a selection of particles of different 
mineralogy are shown, these have different densities and shapes, both of which impact on 
the acoustic scattering properties. Using simulations we assess the impact these 
uncertainties in the scattering properties of the suspended sediments have on the calculated 
particle size and concentration profiles, derived from inversions using acoustic 
backscattered. 

 
Fig. 1. Electron micrographs of different sediments; a) quartz, b) aragonite, c)  crushed 

shell and  d) mica.  

2. ACOUSTIC BACKSCATTERING FORMULATION 
 

Under conditions of incoherent scattering the root-mean square backscattered voltage, 
V, from a suspension of particles with mass concentration, C, insonified with a piston 
transceiver, can be expressed as (Crawford and Hay, 1993; Thorne and Hanes, 2002) 

                                                 
V (

    

       
)
    

√                                                            (1) 
 

    
 

     
   

               ∫                      
   

     

 

 

 

 

  [
∫        
 

 ∫         
       

 

 

∫         
 

 

]

 
 ⁄

   
∫        ∫              

 

 

 

 

∫         
 

 

      ∫        
 

 

 

 
The term ks represents the sediment backscattering properties,  is the sediment grain 
density and ac is the mean particle radius. r is the range from the transceiver,   accounts 
for the departure from spherical spreading within the transducer nearfield and   is a 
system constant.  is the sound attenuation due to water absorption and αs is the 
attenuation due to suspended sediment scattering. fi and χi describe sediment scattering 
characteristics and are respectively the intrinsic form function and intrinsic normalised 
total scattering cross-section, normally measured using suspensions sieved into narrow 
¼Φ size fractions, which provide a nominally single particle size. x=ka, where k is the 
wavenumber and a is the radius of the particles in suspension. f and χ represent the 
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ensemble mean scattering values obtained by integrating fi and χi  over the probability size 
distribution, n(a), of the particles in suspension.  

In practice the values of fi and χi for a particular ABS deployment are rarely known to a 
high degree of accuracy due to variability in sediment particle shape, mineralogy and 
density effects. To account for this inherent variability in the suspended sediment intrinsic 
scattering characteristics, the calculations for the backscattered signal, V, in the scenarios 
addressed in the present study, used  
 

    
            

      
                

            

      
                                (2) 

 
fi and χi  represent the actual scattering characteristics of the suspended sediments and fio 
and χio provide a generic formulation for their form and magnitude. fio and χio are modified 
in equation (2) by β taking on values of 0.8, 1.0 and 1.2 to characterise the variability in 
sediment scattering. To represent fio and χio the recent formulations from a review of the 
intrinsic scattering properties of sandy sediments (Thorne and Meral, 2008) were used in 
the present study and these are given below in equation (3).  
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3. SUSPENSION MODEL 
 
In practical modelling schemes, the suspended sediment concentration profile is usually 

defined on the basis of a reference concentration, Cr, which determines the absolute 
concentration level, and a shape function, (z), that provides the vertical distribution of 
concentration with height z above the bed. The suspended sediment concentration profile 
is therefore expressed as: 

 
                                                                             (4) 

 

A frequently used shape function is the power law (Soulsby 1997). 
 

  (
 

  
)
  

                                                              (5) 
 
Where p is the Rouse number,         ,  =0.4 von Karmens’s constant,    is the total 
friction velocity, zr is the reference height at which Cr is defined and ws is calculated using 
the median diameter,d50p of the suspended mass size distribution, m(a). A commonly 
accepted mass size distribution is lognormal (Soulsby 1997). This can be expressed as  
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 =  σm /am where am and σm are respectively the mean and standard deviation of the 
lognormal particle mass distribution of the sediment in suspension. For the acoustic 
analysis the distribution required is not m(a), but n(a), which is obtained from 3m(a)/4πρa3 
using an equivalent sphere.  

In the present study the simulation used equation (5) to describe the concentration 
profile with   =0.1 ms-1, and ws=0.022 ms-1, based on d50p= 230 μm, this gave p=0.55. 
The reference concentration was Cr=5.0 kgm-3 at zo=0.01 m. The size distribution was 
given by equation (6) with  = 0.5. To make the simulation realistic a temporal structure 
was superimposed on the basic profile. The suspended sediment particle size and 
concentration field used for the analysis are shown in Fig. 2. 

 
Fig. 2.  Suspended field. a) Particle diameter, d50p, with the colour bar in μm and b) 

concentration, C, with the colour bar in Log10(kgm-3). 

4. CALCULATION OF THE BACKSCATTERED SIGNAL 
 

To calculate the backscatter profiles of V equation (1) was evaluated. This was carried 
out by propagating sound from an ABS operating at 1.0 MHz and 2.0 MHz through the 
suspension field shown in Fig. 2. Values for  ,  and  were specified and  was set to 
2650 kgm-3. Values for fi and χi were calculated using equation (2) with β=0.8, 1.0 and 1.2 
and the results integrated over the particle size distribution, n(a), based on m(a) given in 
equation (6) with  =0.5. This resulted in backscattered fields of V for the two frequencies 
at the three values of β.   

5. INVERSION METHODOLOGY 
 

In practice acoustic systems are deployed in rivers and coastal waters above sediments 
which are generally not well specified and heterogeneous. To measure suspended 
sediment profiles of particle size and concentration equation (1) is rearranged so that the 
acoustically derived suspended concentration, Ms, is the dependent variable  
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This is referred to here as the inverse problem; the extraction of sediment parameters from 
the backscattered signal. Equation (7) is usually solved using an iterative methodology in 
which αs is assumed initially to be zero and Mso is given by  
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This provides an initial estimate for the concentration, at the first range bin, for each ABS 
frequency, over a range of particle sizes between a1-a2, covering the expected value for ac 
in suspension. An improved estimate can be obtained with  
 

        
 α                                                         (9) 

 
Where αso is calculated using Mso. In general equation (9) can be written as  
 

            
 α                                                        (10) 

 
Equation (10) is iterated until a convergence criterion has been satisfied and the value for 
Ms at the first range bin, at each frequency and for a range of values of ac between a1-a2 is 
obtained. The specified range of ac is assumed to contain the correct value for ac. There are 
a number of methods to select the values for Ms and the acoustic estimate of particle size, 
as. The approach adopted here which has been found to be reasonably robust was to form 
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Msi is the concentration at each of the n frequencies and the minimum value in Δ over the 
radius range a1-a2 is selected to obtain as and Ms. The process is repeated sequentially 
stepwise at each range bin through the backscatter profile, with the accumulating sediment 
attenuation accounted for and the profile of as and Ms with r from the transducer 
progressively calculated. For the present study n=2, two frequencies were used and the 
radius range was 5-1000 μm.  

In the inversions the same parameters as used to calculate V were utilised, however, for 
the three inversions the sediment scattering properties were kept constant and given by fio, 
and χio, equivalent to β=1. It is the uncertainty in the suspended sediment scattering 
characteristics represented by the variability in β in the calculation of V, its impact on the 
evaluation of equations (7-11) and the resulting profiles of acoustic particle size, as, and 
Ms which is of interest in the present work. 

6. CALCULATED SIZE AND CONCENTRATION PROFILES  
 

The results are shown in Figs 3-6. Firstly the inversion for the case of β=1.0 was 
carried out. To allow direct comparisons with Fig 2, the inversion value for as based on 
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n(a), has been converted to median mass diameter based on m(a),  d50s, using the 
expression,          

    for  ≤1, (Thorne and Moate 2010). The results for the inversion 
with β=1.0 are shown in Fig 3 where it can be clearly seen that the output from acoustic 
inversion yields a suspension field consistent with the original particle size and 
concentration, thereby establishing the veracity of the implicit iterative inversion.  
 

 
 

Fig 3 Acoustic inversion for β=1.0. a) Particle diameter, d50s, with the colour bar in μm 
and b) concentration, Ms, with the colour bar in Log10(kgm-3). 

 
The inversion for the case of β=0.8 is shown in Fig 4, where it can be clearly seen that 

the acoustic inversion retains the main temporal structure of the suspended field, however, 
the particle size is increased between 10-40% and a size gradient has been introduced with 
the particle size decreasing with height above the bed. The concentration was reduced 
between 50-70% with the greatest difference being near the bed at the highest 
concentrations.  The inversion for the case of β=1.2 is shown in Fig 5 where again it can 
be clearly seen that the acoustic inversion retains the main temporal structure of the 
suspended field, however, in this case, the particle size is decreased between 10-35% and 
a size gradient has been introduce with the particle size increasing with height above the 
bed. The concentration was increased between 100-300% with the greatest difference 
being near the bed at the highest concentrations. For both cases, β=0.8 or 1.2, the error 
increased with range due to the implicit iterative inversion. This inversion propagates 
errors that accumulate as the sound travels through the suspension (Vincent, 2007). 

In Fig 6 a comparison is made at z=0.05 m above the bed between the inversion when 
β=1, which reconstructs the original suspension field, and the two cases above with β=0.8 
and 1.2. The plots reiterate and highlight the impact β has on the estimates of particle size 
and concentration derived from the backscattered signal These results show the impact the 
variability in the scattering characteristics of a suspension of mixed sediment have on the 
acoustic measurements of particle size and concentration profiles, obtained using an 
implicit iterative inversion, with a generic expression for the suspended sediment 
scattering characteristics. 
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Fig 4 Acoustic inversion for β=0.8. a) Particle diameter d50s with the colour bar in μm and 

b) concentration Ms, with the colour bar in Log10(kgm-3). 
 

 
 

Fig 5 Acoustic inversion for β=1.2. a) Particle diameter, d50s, with the colour bar in μm 
and b) concentration, Ms, with the colour bar in Log10(kgm-3). 

 

 
 

Fig 6. Measurements of a) particle diameter, d50s, and b) concentration Ms,  for β=1 (―), 
β=0.8 (•••) and β=1.2 (─ ─ ) at z=0.05 m above the bed 
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7. CONCLUSION  
 
The aim of the present paper was to highlight how acoustics can be used to measure 
suspended sediment particle size and concentration in mixed non-cohesive sedimentary 
environments. To represent mixed sediments with uncertain acoustic scattering 
characteristics equation (11) was introduced, with β used to represent the variability in 
mixed sediment scattering characteristics and the departure from expected nominal values 
generally used in inversions. Using this approach to represent mixed sediments Figs 3-5 
showed inversion results. The differences from the case when β=1 were of the order of a 
factor of 2 for the concentration and ±30% for the particle size. Therefore in marine 
studies deploying ABS over seabeds that are not well defined and/or mixed, the results 
presented here indicate the order of errors that could be expected for the conditions of the 
present study.  
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Abstract: The geometric properties and dynamic behavior of sand ripples on the inner shelf 

strongly influence the acoustical properties of the seafloor. The formation and migration of 

ripples result from sediment entrainment and deposition occurring at the fluid-sediment 

interface inside the wave bottom boundary layer (WBBL). Despite the apparent accessibility 

of the phenomena, highly turbulent, sediment-laden flow remains poorly understood and 

difficult to quantify mainly because of our failure to understand the fundamental interaction 

forces driving sediment transport. However, with recent advances in high performance 

computing, it is now possible to perform highly resolved simulations of fluid-sediment 

dynamics in the WBBL to examine the small-scale fluctuations of boundary layer processes 

and characterize seabed morphology. SedMix3D is a three-dimensional mixture theory 

model that solves the unfiltered Navier-Stokes equations for the fluid-sediment mixture with 

an additional equation describing sediment flux. Mixture theory treats the fluid-sediment 

mixture as a single continuum with effective properties that parameterize the intra- and inter-

phase interactions with closure relations for the mixture viscosity and diffusion, for example. 

Simulated velocity fields over rippled sand beds are in excellent agreement with laboratory 

measurements. We compared simulations with two- and three-dimensional ripple fields and 

found that the boundary layer thickness over three-dimensional ripple fields is at least double 

the boundary layer thickness over two-dimensional ripple fields.  

 

 

 

Keywords: ripples, bedforms, mixture theory, numerical model, three-dimensional, 

turbulence, boundary layer thickness 
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1. INTRODUCTION 

 

 The development and the thickness of the wave bottom boundary layer (WBBL) in 

sandy coastal environments depend on the bed roughness (i.e., sand grains to bedforms). 

When bedforms are present, the flow separates at ripple crests and vortices are shed and 

advected into the water column. It is this mechanism that entrains and transports sediment, 

governing the morphological features (e.g., two- or three-dimensional ripples and dunes) on 

the seafloor. Ripples have also been found to be the primary cause of subcritical acoustic 

penetration, which is of particular importance in the sonar detection of objects buried under 

the seafloor (e.g., munitions and pipelines). Recent research examining the turbulent 

dissipation over two- and three-dimensional ripples has emphasized the dependence of the 

flow structure on the bed morphology. A single roughness length is an inadequate 

parameterization of the energy dissipation over spatially and temporally evolving two- and 

three-dimensional rippled beds [1]. Understanding the turbulent dynamics over rippled beds 

may result in better estimations of bottom roughness, increased accuracy of sonar detection 

missions, and improved predictions of sediment transport rates. It is believed that the three-

dimensional turbulent flow field dominates bedform formation and evolution; however, there 

are very few existing robust three-dimensional numerical tools to predict the evolution of 

rippled beds and the coupled turbulent flow above them, partially due to the computational 

resources and expense necessary to run prototype scale, high-resolution simulations. With 

recent advances in high performance computing, it is becoming more practical to perform 

highly resolved simulations of fluid-sediment dynamics in the wave bottom boundary layer 

(WBBL) to examine small-scale boundary layer processes and characterize seabed 

morphology. Here, we examine the generation of boundary layer turbulence over a two-

dimensional ripple morphology (initialized with two parallel ripples) and a three-dimensional 

ripple morphology (initialized with two parallel ripples connected by a diagonal ripple). We 

calculated the differences in the boundary layer thickness and vorticity between the two 

simulations. 

 

 

2. METHODOLOGY 

 

 We used a three-dimensional numerical model, SedMix3D, to simulate the complex 

turbulent flow of a fluid-sediment mixture over a rippled bed and the subsequent bed 

evolution. SedMix3D employs mixture theory by treating the fluid-sediment mixture as a 

continuum with closures that parameterize the effective properties of the mixture (e.g., 

hindered settling, effective viscosity, diffusion) [2]. The model solves the unfiltered Navier-

Stokes equations with an additional equation for sediment flux. The model was validated by 

quantitatively comparing time-dependent vorticity and swirling strength fields, ripple 

geometry characteristics, and statistically averaged horizontal and vertical velocities to 

observations made in a laboratory flume with a particle image velocimetry (PIV) system. In 

general, results from SedMix3D were in excellent agreement with the observations [3]. The 

presented simulation domain is a 12 cm x 24 cm area of the seabed with vertical extent up to 

16 cm with equivalent domain size in grid points 128 x 256 x 512. The simulated flow 

represents a regular sinusoidal wave with a maximum free stream velocity of 26 cm/s and a 2 

s period.  Periodic boundary conditions were imposed in the horizontal and a free-slip 

boundary condition at the top of the domain. Modeled sediment had the effective properties 

of quartz sand with a grain size diameter of 0.04 cm and a specific gravity of 2.65. The two 

simulations compared are equivalent except for the initial bed morphology. One simulation 

was initialized with two parallel ripples, each with a length of 6 cm, a height of 2 cm, and a 
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width extending the full 24 cm of the domain (Fig. 1a). This simulation will be denoted as the 

parallel ripple simulation henceforth. The second simulation was initialized with the same 

two parallel ripples from the first simulation but additionally with a ripple oriented at a 45° 

angle between the two parallel ripples (Fig. 1b). This simulation will be referenced as the 

bifurcated ripple simulation.  

 
 

Fig.1: Initial bed morphology of the two simulations. The contours represent the bed 

elevation. Panel a is the initial morphology of the parallel ripple simulation and panel b is 

the initial bed morphology of the bifurcated ripple simulation.  

 

 

3. RESULTS 

 

 The bed evolution and y-vorticity were examined as the flow oscillated over the two 

different initial bed states. The development of the boundary layer in the two simulations 

differed in both magnitude and thickness. Snapshots of the bed morphology and vorticity at 

different times are plotted in Figure 2. The first two panels show the time when the free 

stream velocity is at maximum (~26 cm/s). The vorticity over the ripples immediately began 

to develop differently in the two simulations. The vorticity amount in the bifurcated ripple 

simulation is approximately 60% larger than the parallel ripple simulation. In the next two 

panels, the flow is at its first reversal. Clear rotational eddies can be seen over the left flanks 

of the ripples in the parallel ripple simulation. In the bifurcated ripple simulation, large 

pockets of rotational flow develop and grow over the diagonal ripple in the center of the 

domain. Even with the development of rotational flow that we might expect would maintain 

the three-dimensional diagonal ripple feature, the diagonal ripple diminishes throughout the 

first second of the simulation. By the end of the first wave period, the diagonal ripple is 

almost completely washed out, and the morphology begins to resemble that of the parallel 

ripple simulation. Throughout the wave phase, the boundary layer thickness in the bifurcated 

ripple simulation is on average 50% larger than the boundary layer in the parallel ripple 

simulation with the flow over the bifurcated ripples more turbulent than over the parallel 

ripples. 

 In both simulations, streaking on the flanks of the ripples can be seen that is 

consistent with field and laboratory observations. However, in the bifurcated ripple 

simulation (specifically in the third panel), the scouring of the ripples is greater than the  
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Fig.2: Snapshots of the bed morphology and contours of y-vorticity at the center and end of 

the domain. Red contours indicate a counter-clockwise rotation.  
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parallel ripple simulation. As the diagonal ripple in the bifurcated ripple simulation is planed 

out, more sediment is transported by the turbulent eddies and deposited on the flanks of the 

two parallel ripples. After the diagonal ripple has almost completely diminished, the 

streaking on the flanks of the ripples in the bifurcated ripple simulation begins to more 

closely resemble the parallel ripple simulation. 

 

 

4. DISCUSSION 

 

 The three-dimensional flow field is characterized by small-scale vortex structures that 

have a significant impact on sediment dynamics. These small three-dimensional structures 

enhance mixing and the suspension of sediment [4]. The simulations presented here illustrate 

the sediment transport induced by different bed morphologies. The main difference between 

the parallel and bifurcated ripple simulations is the boundary layer thickness and the amount 

of vorticity. The diagonal ripple in the three-dimensional bifurcated ripple simulation induces 

flow separation not only at the crest of the ripples as in the parallel ripple simulation, but also 

at the termination and bifurcation points (Fig. 3). The flow separation increases the rotational 

flow over the bed and therefore increases the boundary layer thickness.  

 

 
 

Fig.3: Location of the termination points (triangles) and the bifurcation points (ovals) in the 

initial morphology of the bifurcated ripple simulation.  

 

 

 The types of wave forcing that produce three-dimensional ripple geometry are still 

unknown. It is an area of research where SedMix3D may be used to provide insight. 

However, the bed is constantly evolving unless it is at an equilibrium state. Before we can 

analyze the differences between the effects on two-dimensional and three-dimensional ripple 

morphologies on the turbulent dissipation, we must first determine a flow that will encourage 

the development, growth, and stabilization of three-dimensional ripple features. Since the 

flow in these simulations was purely sinusoidal, only a two-dimensional ripple can be 

produced. The washing out of the diagonal bifurcation was not surprising. Forcing a skewed 

or asymmetric wave or adding a mean current may encourage the growth of three-

dimensional ripple features. Future research will focus on the specific conditions under which 
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two- and three-dimensional ripples develop and ultimately how both affect the turbulent 

dynamics of the bottom boundary layer. 

 

 

5. CONCLUSIONS 

 

 SedMix3D provides the information necessary to study in detail the small-scale 

dynamics at the fluid-sediment interface on the seafloor. We are able to calculate the 

differences in the boundary layer thickness and amount of vorticity generated over varying 

bed morphologies. We found that by changing the bed state from a two-dimension parallel 

ripple state to a three-dimensional bifurcated ripple, the boundary layer thickness increased 

by 50% and the amount of vorticity more than doubled. Further examination of the different 

types of wave forcing necessary to sustain three-dimensional ripple features may provide 

more insight on the differences in turbulent dissipation in the WBBL over real bed 

morphologies. 

 In future work, SedMix3D may be used to provide detailed information about 

currently unknown processes that govern ripple morphodynamics including the role of ripple 

terminations and bifurcations on ripple growth rates and migration time scales, the effect of 

suspended sediment on turbulence modulation, and the basis for transitions between two- and 

three-dimensional ripples. 
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 ACOUSTIC MEASUREMENTS OF SUSPENDED SEDIMENT 
TRANSPORT AND FLUID MIXING PROCESSES AT LARGE RIVER 

CHANNEL CONFLUENCES 

Daniel Parsons, Jim Best, Mario L. Amsler, Raymond A. Kostaschuk, Stuart N. Lane, 
Oscar Orfeo, Ricardo Szuipany, Richard J. Hardy, Lolo Roberto 
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Abstract: Field observations using ADCP and MBES survey of bed morphology, flow 
velocities and suspended sediment at the confluence of the Rio Paraguay and Rio 
Bermejo, Argentina, show the flow dynamics are dominated by the density contrast 
between the flows, created by differences in suspended sediment concentration. The 
denser Rio Bermejo flows underneath the Rio Paraguay, with subsequent vertical 
turbulent upwellings of sediment-rich fluid being emplaced into the lower-density, clearer 
water. Such density-driven mixing of two rivers has never before been measured, and we 
reason that this mechanism is more likely at larger river junctions, where the probability 
of differences in sediment yield from the contributing catchments may be greater. This 
paper details the acoustic methodologies used to reveal new insight into these dynamic 
processes. 
  

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1577 -



 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1578 -



 

 ACOUSTIC BACKSCATTER MEASUREMENTS IN TWO 
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Benjamin D. Moatea,  Peter D. Thornea, and Richard D. Cookea 

aNational Oceanography Centre, Liverpool, U.K. 
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Abstract: Over the last three decades the sediment transport community have developed 
mono-static Acoustic Backscatter Systems (ABS), designed to collect vertical profiles of 
suspended sediments in the bottom 1 – 2 m above the sea-bed. Such instruments are now 
commercially available and are able to obtain one-dimensional profiles at sub-centimetric 
resolution over intra-wave and turbulent timescales. In this study, we describe a new 
Acoustic Suspended Sediment Imager, ASSI, designed to collect two-dimensional profiles 
in the horizontal and vertical. The ASSI is a three frequency system capable of collecting 
60 individual profiles, evenly distributed over a 2.0 m horizontal range, with a vertical 
profiling capability equal to that of traditional ABS. In addition to two dimensional 
profiles of suspended sediments, preliminary test results obtained in a laboratory test tank 
suggest the ASSI can also provide information on bedform dimensions and migration 
rates. The design of the instrument and the initial test results obtained are discussed, in 
terms of the new contribution that two dimensional acoustic profiling techniques can make 
to sediment process studies in the bottom boundary layer. 

Keywords: Acoustic, backscatter, suspended, sediment, two-dimensions, ripples, bedforms 
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1. INTRODUCTION  

In energetic coastal waters seabed sands are easily entrained into suspension, with the 
transport and fate of such suspensions of critical interest to coastal managers and 
engineers. In recent years, up to 70 % of the worlds sandy beaches have shown net 
erosion1 and yet sediment transport models remain relatively inaccurate, rarely able to 
reproduce observations better then to a factor of two2. Suspended sands are strong 
scatterers of underwater sound in the low megahertz range, and hence to facilitate both 
monitoring and modelling of sediment transport, mono-static multi-frequency Acoustic 
Backscatter Systems (ABS) have been developed to observe suspended sediments in the 
bottom 1-2 m above the seabed3,4. Such measurements are advantageous compared to 
alternative techniques, since the acoustic approach provides relatively non-intrusive 
profiled measurements, referenced to the seabed, with sub-centimetric resolution, over 
intra-wave and turbulent timescales5. Since their inception, ABS have gained broad utility 
within sediment transport studies, having been used for example to observe sand transport 
fluxes in the coastal zone6, to examine the dependence of sediment diffusivity on grain 
size7, and to study sediment entrainment processes under irregular waves8. 

Whilst present day ABS are considered to provide “state-of-the-art” measurements, one 
limitation of existing ABS instruments is that they provide information in only one 
physical dimension, most usually in the form of vertical profiles. Within sediment 
transport studies, there are a number of applications where two-dimensional measurements 
would be advantageous, for example to measure both cross-shore and along-shore 
sediment fluxes simultaneously, or to examine sediment processes at multiple locations 
simultaneously over a rippled bed. To date, only optical imaging techniques such as 
Particle Imaging Velocimetry (PIV) can be used to obtain two-dimensional 
measurements9. Whilst PIV can provide estimates of both particle concentration and 
velocity over a two dimensional vertical area, PIV can be impaired at higher suspended 
sediment concentrations due to increased optical attenuation and particle overlap 
problems10. In order to obtain two dimensional measurements acoustically, at present it 
would be necessary to deploy multiple individual ABS units. Such a setup would be 
largely impractical for most applications, not least due to the increased cost associated 
with acquiring multiple ABS units, but largely due to the difficulties in obtaining 
simultaneous measurements from multiple units, as well as the increased instrument 
loading on any seabed frame. In this paper, we described a new, self-contained and 
autonomous ABS instrument, designed to collect profiles over two-dimensions in the 
horizontal and vertical, and hitherto referred to as the Acoustic Suspended Sediment 
Imager; ASSI. A description of the system is provided and we present example results 
collected in an initial laboratory test. 

2. SYSTEM DESCRIPTION 

The ASSI consists of four transducer line arrays, each of which is connected to a single 
electronics module that controls the sampling parameters for all four arrays. Fig. 1 
presents a schematic of the system and for clarity shows only one of the four transducer 
arrays. Each array consists of 15 individual transducers, with three frequencies interleaved 
along the array. These are from left to right; 2.5, 1.25, and 0.75 MHz, illustrated in Fig. 1 
by the three different shades. The ASSI transducer arrays have been designed to occupy 
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the minimum space possible, with each array measuring 0.50 m by 0.14 m by 0.07 m. The 
four transducer arrays can either be connected in line to form a continuous line array of 60 
transducers over a 2m horizontal distance, or can be arranged in parallel to facilitate three 
dimensional measurements. The ASSI is a fully autonomous system and can be 
programmed to record either in burst mode or quassi-continuously (for a maximum 
duration of 23 hours 59 minutes in any 24 hour period). Profile resolution can be set to 
either 0.005 or 0.01 m, with a maximum pulse repetition frequency of 100 Hz. 

 

 
Fig.1: Schematic of the Acoustic Suspended Sediment Imager (ASSI), showing one 

transducer array mounted above the seabed. 

3. LABORATORY TEST 

Here, we present initial results obtained from a laboratory test undertaken in a test tank 
measuring approximately 2 m by 1 m by 1m. The test tank was filled with water from the 
mains supply and allowed to warm to room temperature and degas for a few days before 
measurements commenced. A layer of sand was added to the bottom of the test tank 
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immediately after filling,  and arranged into a sinusoidal pattern by hand, to simulate bed 
features. The ASSI was mounted in the test tank 0.5 m above the bottom of the tank and 
set to record with a pulse length of 20 µs, a profile resolution of 0.005 m, and a pulse-
repetition frequency of 2 Hz, to allow each transmission to dissipate before the next. With 
the ASSI recording, sand was added to the test tank via a feed pipe located to one side and 
in-line with the transducer array, approximately 0.2 m below the transducers, and 2 
seconds into the test. After addition, the sand was allowed to settle beneath the transducer 
array. Fig. 2 presents four frames of raw backscattered data collected by the ASSI during 
the test. Fig 2a shows the background signal, obtained before the introduction of the sand, 
whilst Fig. 2 (b) – (d) shows the evolution of the plume of sand, spreading from right to 
left and settling through the water column. Fig. 2 also shows that the ASSI is capable of 
resolving the bedform dimensions, with a pronounced undulating bed echo visible at ~ 
0.42 m below the transducer array. From the ASSI data shown in Fig. 2, a ripple 
wavelength of ~ 0.3 m and ripple height of ~ 0.025 m are clearly discernible, and 
correspond well to the known dimensions of the bedforms as measured by hand. 

 

 
Fig. 2: Time sequence of backscattered data collected by ASSI during the laboratory 

test at times (a) 0 s, (b) 2 s, (c) 4 s, and (d) 7 s. The evolution of a cloud of sand can be 
seen, introduced 2 seconds into the test. 
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4. DISCUSSION 

These early results demonstrate that the ASSI can provide two-dimensional images of 
suspended sediments referenced to a bedform transect. Additional tests with the ASSI 
mounted on a movable trolley suggest that bedform migration can also be observed (data 
not shown). From the test data presented in this paper, it is possible to observe both the 
flux of suspended sands as well as the dimensions of the bedforms beneath. This is a 
significant advantage compared to other two dimensional imaging techniques, such as 
PIV, which do not typically provide any measurements of the bedform features. As the 
ASSI is a three frequency system, two dimensional profiles of suspended concentration 
and particle size should be achievable via acoustic inversion. Further work is required to 
calibrate the transducers in support of such inversions. Multi-dimensional acoustic 
imaging measurements such as provided by ASSI will enable unparalleled quantification 
of sediment transport processes such as vortex entrainment. Further work is required to 
more thoroughly evaluate the performance and operational limits of ASSI, and to test the 
system in a three dimensional configuration. 
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Abstract: In addition to in-situ sampling and the use of optical turbidity meters, the 
study of sediment transport in river systems can be enhanced by the use of Acoustic 
Doppler Current Profilers (ADCPs) since they provide simultaneous measurements of 
velocity and concentration. A recent development, the so-called horizontal ADCP (H-
ADCP),  can be installed on one river bank, facing the other in order to provide 
continuous measurements of flow. Results are presented from a study site which is 4-m 
deep, 90-m wide and is equipped with three horizontal ADCPs operating at 300 kHz, 600 
kHz, and 1200 kHz, respectively. Attenuation data are presented from two events during 
which suspended solid concentrations exceeded 1g/L. Although the profiling range of 
these instruments is limited by the depth of the river, we find that they provide reliable 
measurements of concentration when concentrations exceed ~0.1 – 0.4 g/L, depending on 
the operating frequency of the instrument. The concentration time series obtained from the 
various H-ADCPs are in good agreement with one another and with values from in-situ 
sampling and simultaneous measurements of optical turbidity. Grain size estimates are 
obtained from an inter-comparison of the attenuation data for the three operating 
frequencies. The grain sizes that are found are in good agreement with values from laser 
grain sizing. The ability of H-ADCPs to measure suspended sediment concentrations 
during floods is very promising for their use in sediment transport surveys in rivers, since 
sediment fluxes are greatest during floods. 

Keywords: H-ADCP, sediment transport, acoustic attenuation, rivers 
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1. INTRODUCTION  

In recent years commercial acoustic Doppler current profilers (ADCPs) have been 
adapted for horizontal profiling of velocity and concentration. As with a traditional 
vertically-deployed ADCP, the horizontal equivalent is monostatic and monofrequency. 
The interest in using horizontal ADCPs (H-ADCPs) for gauging, as opposed to the more 
traditional method with a motor boat and a vertically-oriented ADCP, is that H-ADCPs are 
intended as fixed installations and provide continuous measurements. If a suitable model 
exists for calculating discharge from the horizontal profile of velocity, then the combined 
knowledge of flow velocity and particle concentration can be used to assess the flux of 
suspended sediment. Previous work has focused on the use of commercial H-ADCPs for 
discharge measurements [1,2,3], but to the best of the author’s knowledge, this is the first 
major study on their potential for measuring suspended sediment concentrations in rivers. 

This paper presents attenuation measurements from a study site that is equipped with 
three H-ADCPs operating at 300 kHz, 600 kHz and 1200 kHz, respectively. Data are 
presented from two high concentration events which occurred during the spring and 
summer of 2010. The effective acoustic grain size of the suspended particles are obtained 
from the simultaneous data at multiple frequencies. 

2. FIELD SITE AND INSTRUMENTATION 

The Romans-sur-Isère study site is located on the right bank of the Isère river in the 
town of Romans-sur-Isère, France. At this location, the river is ~90 m wide and the 
maximum depth is ~4 m. A horizontal cross section of the bathymetry obtained with the 
bottom tracking function of a 600 kHz ADCP is shown in Figure 1(a). Although the 
hydraulic and sediment conditions of this site depend on the hydrologic regime 
(precipitation, snow melt), they depend primarily on the operations of the neighbouring 
dams. The site lies ~6 km upstream of the La Vanelle dam and ~2 km downstream of the 
Pizançon dam. The upstream dam has the potential to release significant amounts of fine 
sediment during floods and the downstream dam controls the mean water level. When the 
flow is accelerated during floods, the downstream dam is often opened wider than usual, 
resulting in a decrease in water level. This means that velocity values are more telling of 
hydrologic conditions at this site than are discharge values. Most of the time, mean 
velocities fluctuate around 1 m/s and suspended sediment concentrations, around 10 mg/L. 
Floods tend to occur during the spring snowmelt and the remainder of the year the 
conditions are fairly stable.  

An experiment was performed in the spring of 2010 in order to test the homogeneity of 
grain size and concentration throughout the river cross-section [4]. No distinct trends in 
grain size or concentration with either depth or distance across the river were found. This 
was as expected, since the study site is located along a relatively straight reach of the river, 
far from any confluences. The homogeneity of grain size and concentration throughout the 
insonified volume sets our study apart from the typical situation in coastal deployments, 
where the ADCPs are vertical and concentration gradients are observed. The advantage is 
that the inversion of the attenuation data is greatly simplified. However, it makes the 
interpretation of the backscattered data more difficult. If an instrument is not fully 
calibrated in the laboratory, the backscattered signal can be calibrated in the field by 
comparing the intensity at one range cell to an independent measure of concentration [e.g. 
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5]. This provides the user with a combination of the transducer constant and the sediment 
constant which can then be used to estimate the absolute concentration of suspended 
material in the rest of the measurement cells. However, in our situation, such a calibration 
would make intensity measurements across the river redundant and would serve only to 
confirm that grain size and concentration were in fact homogeneous. Due to the difficulty 
is knowing the source level of our instruments, this paper focuses solely on the inversion 
of attenuation data to concentration and grain size. 

2.1. Acoustic Instrumentation 

The study site is equipped with three RD Instruments H-ADCPs which operate at 307.2 
kHz, 614.4 kHz and 1228.8 kHz. In the remainder of this paper they shall be referred to as 
the 300, 600, and 1200 kHz instruments. The scientific interest in having simultaneous 
measurements at a range of frequencies is that this data can be used to determine the 
effective acoustic grain size of the particles in suspension. The 300 kHz instrument is a 
Workhorse H-ADCP (3 beams), the 600 kHz instrument is a Workhorse prototype (3 
beams) and the 1200 kHz instrument is a Channel Master H-ADCP (2 beams). The 
instruments are positioned facing directly across-stream so that the along-stream velocity 
is perpendicular to their axes and the across-stream velocity is parallel. The 600 and 1200 
kHz instruments are installed along the wall of the right bank and the 300 kHz instrument 
is positioned 6-m from the wall. The depth and pitch of installation of each instrument are 
depicted in Figure 1 and listed in Table 1. 

 
 

Fig. 1: (a) Up-stream view of the study site. The dashed-dotted line is the bathymetry 
and the horizontal line at 0.14 m is a typical water level. Horizontal ADCPs are depicted 
as squares, solid lines represent the projections of the “central” beam of each instrument 
and dashed lines represent their beam widths. (b) Side-view: all instruments are installed 

along the wall except the 300 kHz H-ADCP which protrudes 6-m from the wall. 
 

The sampling rate of the three instruments is typically 2 Hz [6]. In order to avoid 
interference between the instruments, they are programmed to ping in turn, with each 
instrument transmitting 15 pings and then lying dormant until a total of 75 seconds has 
passed. The data from the 15 pings are internally averaged and the final result is one 
profile of intensity and velocity for each beam every 75 s. The transmit pulse length and 
size of the depth cells were 2 m for the 300 kHz H-ADCP, 1 m for the 600 kHz H-ADCP 
and 0.5 m for the 1200 kHz instrument. As can be seen from Table 1, the signal from the 
1200 kHz instrument is quickly attenuated due to its relatively high frequency, this limits 
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the common range of measurement distances of the three instruments to the region located 
between 10 and 15 m from the right bank. 

Instrument depth 
(m) 

pitch 
( ˚ ) 

max range 
(m) 

β 
( ˚ ) 

300 kHz -2.16 1.8 250 1 
600 kHz -0.36 0.1 85 1.2 
1200 kHz -0.76 0.1 15 1.5 

Table 1.  Depth and pitch of installation of the horizontal ADCPs. Depth is given with 
respect to the zero of the staff gauge and a positive pitch indicates an upward tilt. The 

nominal maximum profiling ranges and beam widths, β, are also provided. 

2.2. Complimentary Measurements 

A Hach Lange SOLITAX sc optical turbidity meter is used to provide a second 
measure of suspended sediment concentration. It is installed at a depth of 0.5 m between 
the 600 and 1200 kHz H-ADCPs (see Figure 1b). The turbidity meter was operated in 
Total Suspended Solids (TSS) mode, emitting light with a light-emitting diode and 
detecting the scattered light at 140º to the incident direction. While concentrations at this 
site are typically on the order of 10 mg/L, the high concentration mode of operation was 
selected because concentrations may exceed 1 g/L during the spring melt.  

An ISCO 6712 peristaltic pump automatic sampler is installed next to the turbidity 
meter and the two instruments are connected so that the automatic sampler can be 
programmed to sample when the turbidity exceeds a certain value. Alternatively, samples 
can be collected at specific times. The water intake of the sampler is at the same depth as 
the optical sensor and it is at the along-stream position of the 300 kHz H-ADCP. When 
triggered to sample, a plastic bottle is filled with 700 mL of water. Water samples 
collected both manually and with the automatic sampler were used to establish a 
relationship between particle concentration and optical turbidity. Concentrations were 
determined by filtration, following the ISO protocol 11923 (1997). In total, 128 samples 
were collected between April 2009 and January 2011. Figure 2 is a plot of this data.  

It can be seen that although the relative scatter of the data is higher in the lower 
concentration range, a unique linear relationship exists between concentration and optical 
turbidity over a range of concentrations that extends more than three orders of magnitude 
(5 mg/L – 8.5 g/L). The equation of the line that relates the two parameters and passes 
through the origin is given in Figure 2, along with the coefficient of determination, R2. 
Although not discernable from this figure, there was no grouping of the points by events, 
this shows that the optical backscatter is relatively insensitive to the differences in particle 
size which may occur at this study site. The unique linear relationship between 
concentration and turbidity indicates that the optical measurements can be used as a 
reliable proxy for concentration. 

Grain size analysis was performed on water samples using a laboratory Malvern 
Mastersizer 2000 and applying the Fraunhofer method. For the range of particle sizes 
encountered in this study, light scattering is proportional to the projected area of the 
particles. Assuming spherical particles, the instrument outputs grain size distributions in 
terms of the percent of the total volume of particles occupied by grains of each size class. 
These distributions are then converted to number size distributions for use in the acoustic 
equations. The analysis of over one hundred samples collected at various times throughout 
the year revealed that the mean numeric radius ranged from 0.4 to 0.7 μm. 
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Fig. 2: Relationship between suspended sediment concentration and optical turbidity. 

The  number of points, n, used for the fit and coefficient of determination, R2, are given. 

3. THEORY 

For incoherent scattering from a suspension of particles in the far field of a monostatic 
piston transducer, the square of the root-mean-square backscattered voltage, Vrms, detected 
by the transducer can be written as (e.g. [5]):  

rts
rms Me

r
kkV 4
2

22
2        (1) 

where ks is the sediment backscattering function, kt is the transducer constant, M is the 
mass concentration of suspended sediment, r is the distance from the transducer and α = 
αw + αs, is the sum of the attenuation due to pure water and that due to the sediment.  The 
sediment attenuation depends on the sediment attenuation constant, ξ, as: 

Ms      .        (2) 
For the range of frequencies and sizes encountered in this study, the sediment attenuation 
constant is dominated by the viscous absorption due to the fine particles, and the 
component due to scattering can be neglected. The viscous absorption term can be written 
as [7] 
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where k is the wavenumber, as is the particle radius, ω is 2π times the frequency and ν is 
the kinematic viscosity of water. For a suspension of particles with a size spectral density, 
n(as), the average sediment attenuation constant is  

 ss daan  )(  .       (4) 
    Since the H-ADCPs record backscattered intensity in “Received Signal Strength 
Indicator counts”, which are a logarithmic measure of intensity, Eq(1) must be rewritten in 
decibels and the recorded intensity must be converted from counts to decibels (see [8] for 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1589 -



 

details). If the concentration and grain size distribution of particles are homogeneous 
across all range bins, then the total attenuation in decibels between ranges r1 and r2 is 
simply the slope of the range-corrected intensity profiles divided by two. Or, equivalently, 
the observed sediment attenuation in units of m-1 can be written as:  
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Concentration values can then be obtained by dividing the observed sediment attenuation 
by an experimental value of the sediment attenuation constant, ξexp. This value is simply 
the slope of the line that relates the observed sediment attenuation to the concentration 
values from the optical turbidity. 

By having data at multiple frequencies, we can also obtain estimates of the effective 
acoustic grain size. This is done by matching the measured ratios of the sediment 
attenuation at two frequencies with the theoretical ratios of that are shown in Figure 3. 

 
Fig. 3: The dependence of the ratios of the theoretical sediment attenuation constants 

on particle radius. 

4. RESULTS 

Data are presented from two high concentration events which occurred in the spring 
and summer of 2010. The turbidity data recorded during these events are presented in 
Figure 4. The first event was a natural flood which occurred between May 31 and June 3 
2010. It can be seen that the turbidity meter malfunctioned on the rise of the flood. The 
peak concentration measured was ~8 g/L, the peak velocity was 3.3 m/s and the peak 
discharge was 1500 m3/s. Roughly twenty water samples were collected every three hours 
during the fall of the flood; they were analysed for concentration and grain size. The mean 
radius from the number size distributions was ~0.6 μm, and the grain size distributions did 
not change throughout the fall of the flood. The second event, which occurred June 30 
2010, resulted from operations in the upper part of the river catchment; it was neither 
linked to increased velocities nor discharge. Unfortunately no water samples were 
collected during this event. 

The backscattered intensity data collected by the three H-ADCPs were processed beam 
by beam. Intensities were first averaged over 15 minutes and the sediment attenuation was 
then calculated as explained in Section 3. For each event, a clear linear relationship was 
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seen between concentration from turbidity and the corresponding sediment attenuation 
observed by each instrument [8]. The slope of each relationship gave the experimental 
values of the sediment attenuation constants, ξexp, which were used to obtain the 
concentration time series shown in Figure 5a and b. It can be seen that we are able to 
reconstruct the missing concentration data for the rise of the flood. What is more, the 
values predicted by the three H-ADCPs are in mutual agreement. 

 
Fig. 4: Concentration time series from the optical turbidity data recorded during (a) 

the natural flood and (b) the man-made event of 2010. 
 

The effective acoustic grain sizes for the two events are obtained as explained in 
Section 3 and plotted in Figure 5c and d. It can be seen that the values obtained during the 
flood using the 300 kHz data are much noisier than those from the man-made event. This 
is because the 300 kHz signal was highly saturated throughout the flood, and attenuation 
could only be calculated over a couple of range cells. Neglecting the noisy data, the 
estimates of grain size for the spring flood range from 0.7 μm to 1.8 μm. For the artificial 
event, the estimates of grain size are in even better agreement with one another (0.6, 0.9, 
1.2 μm), and are essentially equivalent to the mean radius of the elementary particles 
measured by the laser grain sizer. These results imply that there was no flocculation  

 
Fig. 5 (a b): Concentration time series obtained from the attenuation data of the three H-

ADCPs. (c,d) Effective acoustic grain size calculated from the attenuation data. 
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during these events. They also imply that a knowledge of the mean grain size may be 
sufficient in order to accurately invert sediment attenuation to concentrations of suspended 
sediment at this study site. 

5. CONCLUSIONS 

This study has shown that horizontal ADCPs can be a valuable tool for measuring 
suspended sediment concentration and grain size during high concentration events, 
especially when multiple frequencies are available. The concentrations obtained from the 
acoustic attenuation were in good agreement with the data from the optical turbidity meter 
and we were able to fill the gap in the missing data on the rise of the flood. The effective 
acoustic grain sizes obtained from the attenuation data are in very good agreement with 
the values obtained from the number size distributions measured by laser light scattering: 
0.6 - 1.5 μm from acoustics as opposed to 0.4 – 0.7 μm from the laser grain sizer. We 
conclude that horizontal ADCPs are a promising tool for sediment transport measurements 
in medium sized rivers.. 
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Abstract: A three-dimensional mixture theory model, SedMix3D, solves the unfiltered Navier-

Stokes equations for the fluid-sediment mixture with an additional equation describing 

sediment flux. Mixture theory treats the fluid-sediment mixture as a single continuum with 

effective properties that parameterize the intra- and inter-phase interactions with closure 

relations for the mixture viscosity, diffusion, hindered settling and particle pressure. We 

validate results obtained with SedMix3D using temporally and spatially resolved fluid 

velocity measurements from a set of controlled laboratory experiments. Particle image 

velocimetry (PIV) data was collected in a laboratory wave flume that is 40 m in length, 0.8 m 

in width, and 1 m in height. The wave generator produced regular sinusoidal waves 5 cm in 

height with 2 s periods. The sediment in the flume had a mean grain diameter of 0.054 cm 

and a specific gravity of 1.2. The PIV sampling window (11 cm x 11 cm) was located 

approximately 29 m from the wave generator in a water depth of about 0.31 m. A single 

camera captured image pairs (10 ms time lag between pair members) of the sampling 

window for 60 s bursts at approximately 12 Hz. In–plane velocities (x–z) were obtained at 

0.35 cm x 0.17 cm resolution. An acoustic doppler velocimeter time-synchronized with the 

PIV system measured the free-stream velocity approximately 17 cm above the bed with 

maximum velocity magnitude ~11 cm/s. Two–dimensional ripples persisted during the 

experiment with wavelength of ~6 cm and height of ~1 cm. Measured two-dimensional 

velocity fields are compared to two-dimensional vertical slices from the three-dimensional 

simulation domain. We examine the hydrodynamics of the flow by comparing bulk flow 

statistics, vorticity fields, and swirling strength. The PIV data was also used to qualitatively 

examine sediment dynamics by comparing image intensity (a proxy for sediment 
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concentration in the experiment) with concentration results from the simulations. Generally, 

results from SedMix3D were in excellent agreement with the observations. We believe 

SedMix3D captures the essential physics governing two–phase turbulent flow over ripples for 

the conditions represented by the experiments and should provide us with a powerful 

research tool for studying the dynamics of seafloor bedforms. 

 

 

Keywords: ripples, bedforms, mixture theory, numerical model, particle image velocimetry, 

model-data comparisons 

 

 

1. INTRODUCTION 

 

 Our lack of understanding of the small-scale interactions driving two-phase 

hydrodynamics in the seafloor boundary layer that result in the formation and evolution of 

bedforms severely inhibit our ability to make accurate predictions of the temporal and spatial 

evolution of seafloor roughness. Predictions from wave and circulation models may be 

strongly influenced by bedforms present on the seafloor. Bedforms also have been found to 

be the primary cause of subcritical acoustic penetration, which becomes important when 

using sonar to detect objects buried under the seafloor. For these reasons, bedforms are of 

interest to the coastal engineering, underwater acoustics, oceanography, as well as the 

riverine and environmental communities. 

Past work has extensively studied the flow structure over static (or fixed) sand beds [1-8]. 

These studies have broadened our knowledge on vorticity dynamics of oscillatory flow over 

ripples; however, they lack the dynamic coupling between the fluid and sediment, which 

influences turbulence production/dissipation and resulting bed morphology. Because strong 

correlations exist between the sediment transport, near bed fluid velocity, and bed 

morphology, coupling these processes will be necessary to successfully model bottom 

boundary layer flow and the resulting sediment entrainment/deposition.  

Very few coupled sediment transport and flow field two-dimensional models have been 

developed to simulate bedform formation and evolution [e.g., 9-10]. These models solve the 

Reynolds-Averaged Navier-Stokes (RANS) equations in two-dimensions using closure 

models for the Reynolds stresses. However, it is the three-dimensional small-scale turbulent 

fluctuations and the small-scale fluid-sediment interactions that govern much of the 

morphologic evolution of the seafloor. Two-dimensional models must parameterize the three-

dimensional boundary layer physics with closure models and therefore cannot directly 

simulate turbulence and ultimately bedform morphology. Although these models predicted 

bedform height and length under simplified flow fields compared to specific laboratory 

experiments, they are unable to predict realistic three-dimensional bedforms and the complex 

three-dimensional flow over them. Therefore, a three-dimensional Navier-Stokes solver is 

necessary to resolve the small-scale turbulent structures over an evolving bed. 

A three-dimensional numerical model solving the unfiltered Navier-Stokes equations 

using a mixture theory approach is presented here. Mixture theory treats the fluid-sediment 

mixture as a continuum with the inter- and intra-phase interactions parameterized with 

closure relations. The model is validated quantitatively through comparisons of time-

dependent and spatially varying velocities as well as bulk flow statistics measured under 

scaled laboratory conditions.  
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2. EXPERIMENTAL SET-UP  

 

 The observations were made in a wave flume at the Fluid Mechanics Laboratory at Delft 

University of Technology, Netherlands using a particle image velocimetry technique [11]. 

The wave flume is 42 m in length, 0.8 m in width, and 1 m in height, with the bottom covered 

with a layer of sediment. A material typically used for sand blasting was chosen for the 

sediment with a mean grain diameter of 0.054 cm and a specific gravity of 1.2. A Dantec 

particle image velocimeter (PIV) system consisting of a 120 mJ Nd-Yag pulsed laser 

synchronized with a 1 MegaPixel camera was used to captured two-dimensional vertical (x-z) 

plane optical images. The sampling window (11 cm × 11 cm) was located approximately 29 

m from the wave generator in a water depth of about 0.31 m (Fig. 1). For this experiment, the 

wave generator produced regular waves 5 cm in height with a period of 2 s.  

 The laser was placed in a watertight housing located approximately 27 cm above the bed 

and the camera was placed outside the flume. An Acoustic Doppler Velocimeter (ADV) 

time-synchronized with the PIV system measured the free-stream velocity approximately 17 

cm above the bed. The camera captured image pairs (10 ms time lag between pair members) 

of the sampling window for 60 s bursts at approximately 12 Hz. Suspended sediment, organic 

matter, and micro-bubbles acted as seeding agents in the water column. The velocity vectors 

were calculated by correlating the image pairs using 64 × 32 pixel interrogation windows 

with 50% overlap. The resulting spatial resolution of the vector field was 3.48 mm × 1.74 

mm. Outliers were removed with a three standard deviation filter and replaced with the local 

ensemble average. 

 

 
 

Fig.1: Schematic of wave tank and instrumentation used to make the laboratory observations. 

Courtesy of S. Rodriguez Abudo, University of New Hampshire. 

 

 

3. METHODOLOGY 

 

SedMix3D solves the unfiltered Navier-Stokes equations with an additional sediment flux 

equation for a fluid-sediment mixture resulting in the time-dependent sediment concentration 

and three-component velocity vector field [12]. The model treats the fluid-sediment mixture 

as a single continuum with effective properties that parameterize the fluid-sediment and 

sediment-sediment interactions including a bulk hindered settling velocity, a shear-induced 

diffusion, an effective viscosity, and a particle pressure. The sediment flux equation models 

the concentration of sediment by describing the balance between advection, sedimentation 

due to gravity, and shear-induced diffusion. Grid spacing was on the order of a sediment 

grain diameter and time step was O(10
-5

 s). The model only simulates flow in the boundary 
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layer (i.e., no free surface). The numerical scheme is finite difference with second-order 

central differences employed on a staggered grid. The boundary conditions for the velocities 

and concentration are periodic in the horizontal.  At the top of the domain, the u velocity is 

assumed to follow the free-stream while the v and w velocities are set to zero.  A no-slip 

condition exists for the velocities at the bottom boundary (i.e., deep inside the sand bed). The 

initial concentration is equal to the concentration of consolidated sediment at the bottom 

boundary (ϕ = 0.63) and zero at the top boundary.  

The modeling framework of SedMix3D includes governing equations for sediment flux, 

mixture continuity, and mixture momentum. The mixture continuity equation was derived by 

combining the fluid and sediment phase continuity equations, 

 

 

(1) 

where u is the mixture velocity and ρ is the mixture density,  

 (2) 
 

where ϕ is the sediment volumetric concentration, and ρs and ρf are the sediment and fluid 

densities, respectively. The mixture momentum equation was derived from the sum of the 

individual phase momentum equations, 

 

 

(3) 

where P is the mixture pressure, μ is the effective viscosity, F is the external driving force 

vector per unit volume, and g is gravitational acceleration (981 cm s
-2

 ). SedMix3D employs 

a modified Eilers [13] equation to represent effective viscosity, μ, here scaled by the pure 

water viscosity, μf, 

 

 

 
(4) 

where [μ] is the intrinsic viscosity, a dimensionless parameter representing the sediment grain 

shape, and 0.0 < ϕ < 0.63, where the lower bound represents pure water and upper bound 

roughly corresponds to the maximum concentration of unconsolidated sediment. Here, we fix 

the maximum value of the effective viscosity by specifying ϕm = 0.66. The intrinsic viscosity 

parameter, [μ], was 2.5 to represent spherical particles [14].  

The concentration of sediment is modeled with a sediment flux equation [15] that 

balances the temporal gradients in sediment concentration with advection, gravity, and shear-

induced diffusion, 

 

 
(5) 

where Wt is the concentration specific settling rate, 
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where Wt0 is the settling rate of a single particle in a clear fluid and q is an empirical constant 

[16]. The shear-induced diffusion of sediment, D, is a function of grain size, volumetric 

concentration, and mixture stresses [17].  

 

 

4. RESULTS 

 

The model forcing was derived from the free stream velocity measured by the ADV in the 

experiment (Fig. 2). The first four wave periods were considered model spin-up periods. All 

quantities used in the following comparisons were calculated after discarding the four model 

spin-up periods. Flow quantities were averaged over a total of 17 wave periods. We 

compared the two-dimensional velocity field (x-z plane) predicted by the model to the two-

dimensional velocity field extracted from the PIV measurements. The simulated x-z plane 

chosen for comparison here resulted from the minimization of the temporal RMS deviation of 

the horizontal and vertical velocity RMS deviation. Here we examine the difference between 

the simulated and observed mean and standard deviation of the velocity and the ensemble-

averaged vorticity. 

 

 
 

Fig. 2: Free-stream velocity used to force the model. Dashed lines indicate the model spin-up 

periods not used in the comparisons.     

 

4.1. Horizontal and Vertical Velocity  

 

The statistically averaged horizontal and vertical flow comparisons are shown in Figs. 3a and 

3b, respectively. The maximum difference between the simulated and observed mean flow is 

less than 2.1 cm/s (Fig. 3a,b); however, the RMS deviations between the simulated and 

observed mean horizontal and vertical velocities are only 0.49 and 0.29 cm/s, respectively. 

Compared to the observations, the model predicts less horizontal mean flow over the right 

flanks of the ripples and more horizontal mean flow over the left flanks and above the 

troughs in the upper boundary layer (Fig. 3a). The simulated mean horizontal flow over the 

left ripple is consistent in magnitude and space with the observations. The observed mean 

flow is not symmetric over the two ripples as we would expect under regular waves over 

fairly symmetric ripples. The inconsistent spatial distribution of the mean flow in the 

observations could be due to the lack of seeding in the fluid. The maximum difference in the 
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vertical mean flow is less than 1.6 cm/s with the model producing greater mean vertical 

velocities over the left flanks of the ripples (Fig. 3c) than the observations. The differences in  

 

 
 

Fig.3: Shown are the time-averaged simulated and observed velocity fields. The time-

averaged simulated and observed bed profile is also plotted for reference. 

 

the standard deviations of the horizontal and vertical velocities are slightly higher at 0.82 and 

0.76 cm/s, respectively, and the spatial maximums are closer to 5.2 cm/s and 2.1 cm/s (Fig. 

4). The model predicts greater standard deviations above both ripple crests than the 

observations. There is approximately a 1 cm/s difference in the vertical velocity standard 

deviations in the upper part of the water column (6 cm < z < 10 cm) (Fig. 4c,d). The 

discrepancy could be the result of the differences between the model and experimental setup 

(see Discussion). The differences between the simulation and observations very near the bed 

could be attributed to the decreased confidence in the extraction of velocities very near the 

bed with PIV. However, in general, the agreement of the mean and fluctuating flow 

quantities between the simulation and the observations were very good. 
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Fig.4: Shown is the standard deviation of the simulated and observed velocity fields. The 

time-averaged simulated and observed bed profile is also plotted for reference. 

 

4.2. Vorticity 

 

 We also compared the ensemble-averaged y-vorticity, Ωy (Fig. 5). The top panel is a plot 

of the ensemble-averaged free stream velocity measured by the ADV where the phase 

location of the panels (a-c) is indicated. The simulated and observed vorticity are plotted in 

the left and right panels, respectively. The flow is reversing from right (offshore) to left 

(onshore) in Fig. 5a, accelerating to the right in Fig. 5b, and at maximum flow in Fig. 5c. The 

simulated vorticity plots (left panels) show the boundary layer shear produced on the face of 

the ripples at maximum flow (Fig. 5c). At flow reversal (Fig. 5a), clearly defined coherent 

vortices are generated on the ripple flank, ejected into the water column, and advected with 

the increasing flow. The observations (right panels) also show vortex formation and ejection 

and the boundary layer shear; however the coherent structures are less clearly defined than in 

the simulation. Note that the spatial RMS difference between the simulated and observed 

ensemble-averaged vorticity is less than 4.5 s
-1

 for all phases. The smaller magnitude of the 

observed vorticity in comparison to the simulation, specifically near the bed, could be the 

result of large light reflections at the bed. The model predictions of the location, size, and 

rotational direction of the vortices agree well with the observations for all the phases, but 

more so in the flow reversal and during onshore flow. The model prediction of the magnitude 

of the vorticity agrees approximately 20% better with the observations during the offshore-

directed flow.  
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Fig. 4: Ensemble-averaged simulated and observed vorticity, Ωy (s
-1

), at three phase 

locations of the wave is plotted in the contoured panels. The top panel is the ensemble-

averaged free stream velocity measured with the ADV where the gray lines indicate the phase 

location of the contoured panels (a-c). Flow is initially directed onshore (positive x-axis). 

Positive (red) contours indicate counter-clockwise rotation. A time-averaged simulated (left) 

and observed (right) bed profile is plotted for reference.   

 

 

5. DISCUSSION 

 

 The comparisons of the simulated to the observed mean velocity fields agree well for both 

spatial locations of maximums and minimums and magnitudes of the means. The significant 

differences can be seen in the asymmetry of the mean flow over the two ripples in the 

observations. The asymmetry is less clear, albeit still existing, in the vertical mean flow 

comparisons. The mean flow asymmetry in the observations would suggest the right ripple is 

behaving differently than the left ripple; however, both ripples appear to move and sway 

equally when viewing image time series. Visual observations suggest that the near-bed 

velocities are not being fully captured with the PIV. The asymmetry in the observations may 

also be due to the randomness of the flow seeding. Despite these slight differences in the 

velocity comparisons, the simulation is capturing the bulk time-averaged flow quantities over 

the ripples.  

 Coherent vortex structures in bottom boundary layer flow over rippled beds have been 

found to play a significant role in erosion and deposition of sediment on the seafloor. 

Therefore, a numerical model examining the dynamics of bottom boundary layer flow must 
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accurately predict the temporally and spatially varying vorticity fields. While differences in 

the magnitude of the vorticity exist, the simulated vortex location, size and shape agreed 

remarkably well with the observed vortex structures. The randomness associated with making 

measurements in a laboratory forces the need to smooth the data to remove any outliers. Data 

smoothing damps out the closed streamline paths of the observed flow measurements, 

decreasing the vorticity. Typically only very strong circulation events are recorded in situ 

[18]. In addition, large light reflections at the fluid-sediment interface result in a decreased 

peak correlation and a lower confidence in the velocity estimates near the bed. The inherent 

ability of the model to calculate velocities with equal resolution everywhere, even in the 

highly concentrated layer of moving sediment at the bed would account for some of the 

differences between the simulated and observed velocity.  

     

 

6. CONCLUSION 

 

The turbulent wave bottom boundary layer flow has been found to be highly three-

dimensional [2,19]. Therefore, in order to fully understand the dynamics of bottom boundary 

layer flow, we must use a three-dimensional numerical model that balances the incorporation 

of as much physics as possible with computational expense. While two-dimensional models 

are typically less computationally expensive and generally require less storage and 

processing, they must compensate for their deficiencies in the physics by introducing non-

physical terms. Our three-dimensional simulations provide an unprecedented level of detail 

about sand ripple dynamics that exceeds field and laboratory technologies and can be used to 

examine the complex, three-dimensionality of the turbulent bottom boundary layer flow over 

rippled beds. 

 

 

7. ACKNOWLEDGEMENTS 

 

JC and AMP were supported under base funding to the Naval Research Laboratory from the 

Office of Naval Research (PE# 61153N). This work was supported in part by a grant of 

computer time from the DoD High Performance Computing Modernization Program at the 

ERDC DSRC and the NAVY DSRC. The authors thank Diane Foster and Silvia Rodriguez 

Abudo for sharing their PIV measurements and their insight comments and discussions. 

 

REFERENCES 

 

[1] Blondeaux, P. & Vittori, G., Vorticity dynamics in an oscillatory flow over a rippled 

bed, Journal of Fluid Mechanics, 226, 257-289, 1991. 

 

[2] Scandura, P., Vittori, G., and Blondeaux, P., Three-dimensional oscillatory flow over 

 steep ripples, Journal of Fluid Mechanics, 412, 355-378, 2000. 

 

[3] Barr, B. C., Slinn, D. N., Pierro, T. , and Winters, K. B., Numerical simulation of 

 turbulent, oscillatory flow over sand ripples, Journal of Geophysical Research, 109(C9), 

 1-19, 2004. 

 

[4] Chang, Y. S. and Scotti, A., Entrainment and suspension of sediments into a turbulent 

 flow over ripples, Journal of Turbulence, 4, 2003. 

 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1601 -



[5] Zedler, E. A. and Street, R. L., Sediment transport over ripples in oscillatory flow, 

 Journal of Hydraulic Engineering, 132(2), 180-193, 2006. 

 

[6] Shimizu, Y., Schmeeckle, M. W. and Nelson, J. M., Direct numerical simulation of 

 turbulence over two-dimensional dunes using CIP methods, Journal of Hydroscience 

 Hydraulic Engineering, 19(2), 85-92, 2001. 

 

[7] Dimas, A. A. and Kolokythas, G. A., Flow dynamics and bed resistance of wave 

 propagation over bed ripples, Journal of Waterway Port Coastal and Ocean Engineering-

 ASCE, 137(2), 64-74, 2011. 

 

[8] Bhaganagar, K. and Hsu, T. J., Direct numerical simulations of flow over two-

 dimensional and three-dimensional ripples and implication to sediment transport: Steady 

 flow, Coastal Engineering, 56(3), 320-331, 2009. 

 

[9] Marieu, V., Bonneton, P., Foster, D. L., and Ardhuin, F., Modeling of vortex ripple 

 morphodynamics, Journal of Geophysical Research, 113(C9), 2008. 

 

[10] Giri, S. and Shimizu, Y., Numerical computation of sand dune migration with free 

 surface flow, Water Resources Research, 42(10), 2006. 

 

[11] Rodriguez Abudo, S. and Foster, D.L., Characterization of the wave bottom boundary 

 layer over movable rippled beds, Eos Trans. AGU, Ocean Sci. Meet. Suppl., Abstract 

 PO21B-05, 2010. 

 

[12] Penko, A. M., Slinn, D. N., and Calantoni, J., Model for mixture theory simulation of 

 vortex sand ripple dynamics, Journal of Waterway Port Coastal and Ocean Engineering-

 ASCE, doi:10.1061/(ASCE)WW.1943-5460.0000084. 

 

[13] Eilers, H., The viscosity of the emulsion of highly viscous substances as function of 

 concentration, Kolloid-Zeitschrift, 97(3), 313-321, 1941. 

 

[14] Einstein, A., Eine neue Bestimmung der Moleküldimensionen (German) [A new 

 determination of molecular dimensions], Annalen der Physik, 19, 289-306, 1906. 

 

[15] Nir, A. and Acrivos, A., Sedimentation and sediment flow on inclined surfaces, Journal 

 of Fluid Mechanics, 212, 139-153, 1990. 

 

[16] Richardson, J. F. and Zaki, W. N., Sedimentation and fluidisation: part 1, 

 Transactions of the Institution of Chemical Engineers, 32, 35-53, 1954. 

 

[17] Leighton, D. and Acrivos, A., Viscous resuspension, Chemical Engineering Science, 

 41(6), 1377-1384, 1986. 

 

[18] Nichols, C. S. and Foster, D. L., Full-scale observations of wave-induced vortex 

 generation over a rippled bed, Journal of Geophysical Research, 112(C10), 2007. 

 

[19] Blondeaux, P., Scandura, P., and Vittori, G., Coherent structures in an oscillatory 

 separated flow: numerical experiments, Journal of Fluid Mechanics, 518, 215-229, 2004. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1602 -



 

 A NEW METHODOLOGY FOR THE QUANTITATIVE 
VISUALIZATION OF COHERENT FLOW STRUCTURES AND 

SEDIMENT TRANSPORT USING MULTIBEAM ECHO?SOUNDING 

Daniel Parsons, Jim Best, Stephen Simmons 

Daniel R. Parsons, Woodhouse Lane, LEEDS, LS2 9JT, United Kingdom 
d.parsons@leeds.ac.uk 

Abstract: In order to investigate the interactions between flow turbulence and suspended 
sediment transport in natural aqueous environments, we ideally require a technique that 
allows simultaneous measurement of the structure of fluid velocity and suspended 
sediment concentration for the whole flow field. Here, we report on development of a 
methodology using the water column acoustic backscatter signal from a multibeam echo 
sounder system to simultaneously quantify flow velocities and sediment concentrations. 
The application of this new technique is illustrated with reference to flow over the leeside 
of an alluvial sand dune in the Mississippi River, which allows, for the first time in a field 
study, quantitative visualization of large?scale, whole flow field, turbulent coherent flow 
structures associated with the large dune leeside that are responsible for suspending bed 
sediment. This methodology holds great potential for use in a wide range of aqueous 
geophysical flows and this paper details this application and the potential this holds. 
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 BURIAL OF INSTRUMENTED CYLINDERS IN THE SINGAPORE 
STRAIT  
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Braithwaitea, Monty Spearmana, Paul A. Elmorea, and Shen Linweib.    

a Naval Research Laboratory, Stennis Space Center, MS 39529-5004 USA  
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Michael D. Richardson, Marine Geosciences Division, Naval Research Laboratory, 
Stennis Space Center, MS 39529-5004, USA; FAX 1-228-688-5457; E-Mail 
mike.richardson@nrlssc.navy.mil 

Abstract: Experiments on the burial of four instrumented cylinders (2-m length; 53 cm diameter) 
by current-induced scour and by migrating sand dunes were conducted in the Singapore Strait in 
2009-2010. Instrumented cylinders were deployed in the eastern Singapore Strait for 6 months in 
12-m water depth beginning in September 2009. Modeled and measured semidiurnal tides were 
nearly identical with maximum currents speeds of 0.87 m/s and a maximum tidal range of near 3-
m.  Measured wave heights never exceeded 40 cm. Based on sediment mean grain size, water 
depth, and hydrodynamic conditions the cylinders should have partially buried, primarily the 
result of current-induced scour. However, the cylinders were not buried and small scour pits that 
developed around the cylinders decreased the surface area of the cylinders covered with sediment 
from about 26 -28% to 19-22% in 45 days. One of the cylinders was repositioned, perhaps a result 
of fishing activity, and the current-induced scour process was repeated.  Data from pressure 
sensors suggest the cylinders did not move (settle) relative to the mean sediment-water interface. 
Except for the fishing incident, sensors in the cylinders measured little change in cylinder roll, 
pitch, or heading. The difference in the measured and modeled burial is probably the result of 
higher than predicted values of the Shields parameter as a result of 15-30% silt and clay in the 
sediment. Sediments at the second site, a narrow channel north of Sentosa Island, were gravelly-
sand with less than 2% silt and clay.  Migrating sand dunes were responsible for the complete 
burial of one of two cylinders deployed at this site and the strong tidal currents caused several 
episodes of change in roll, pitch and heading in the other. This behavior is typical of scour burial 
where the cylinder pitches and then rolls into scour pits created by enhanced sediment transport 
from the turbulent flow. 

Keywords: current-induced scour, burial, sediment transport 
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1. INTRODUCTION  
 
Naval mines have been used in littoral warfare for over 200 years. They provide a cheap 
and effective way to significantly alter naval operations. Bottom mines in shallow water 
are particularly difficult to detect and classify when they are partially or wholly buried. 
The Office of Naval Research and Naval Research Laboratory executed an experimental 
and modelling program to determine when and where bottom mines are likely to bury [1]. 
As part of that program, acoustic instrumented cylinders were developed to measure burial 
in shallow sandy environments [2]. Wave-induced scour burial experiments were 
conducted in the northeastern Gulf of Mexico, off Martha’s Vineyard, and near Hawaii. 
These experiments provided environmental and burial data used to develop and validate 
physics-based burial models [3]. In this paper we present a preliminary evaluation of 
burial of those cylinders in the Singapore Strait. The joint Naval Research Laboratory and 
National University of Singapore experiments were conducted in 2009-2010 at two sites 
where scour from tidally-induced currents was expected to be the dominant burial 
mechanism.   
 
The instrumented cylinders are mine-like shaped, blunt-end, bronze cylinders with a 0.53-
m diameter and a 2.03-m length. They were designed to measure the actual burial and the 
environmental processes responsible for that burial. The cylinders utilize acoustic 
transducers to measure burial and scour, localized flow rates, and sediment size and 
concentration in the water column. In addition, the cylinders contain sensors for measuring 
orientation, bottom pressure fluctuations, water temperature, and motion resulting from 
sediment liquefaction or rolling into scour pits. Hydrophones are used to measure acoustic 
energy impinging on the cylinder’s surface from search and classification sonar. Data 
from pressure sensors provide a look at local conditions of the environment, such as 
significant wave height, wave period, and tides. In areas where time series of tidal heights 
are available, averaged pressure time series from the cylinders can be used to calculate an 
estimated burial with respect to the sediment water interface. The acoustic sensors are 
used to estimate percent of the cylinder surface covered with sediment. 

2. DESCRIPTION OF THE SINGAPORE EXPERIMENTS 

On 1 September 2009 four instrumented cylinders and an instrumented platform were 
deployed in 12-m water depth in the eastern part of the Singapore Strait near the Changi 
International Airport. The instrumented platform was recovered on the 12 January 2010 
and the instrumented cylinders on 19 April 2010. A second experiment was conducted in 
the channel north of Sentosa Island (21 April - 10 August 2010). Only two cylinders were 
deployed at 6-m water depth. Burial conditions of the cylinders were occasionally 
monitored by divers during both experiments. Hydrodynamic conditions were modelled 
using the Tropical Marine Hydrodynamic Model (TMH) developed by the Tropical 
Marine Sciences Institute of the National University of Singapore [4]. The instrumented 
cylinders provided time series of orientation (roll, pitch and heading) and burial calculated 
as surface area of the cylinder covered and height of the cylinder above the surrounding 
seafloor. The hydrodynamic forcing (tidal currents and waves) was measured using 
sensors on the instrumented platform and pressure sensors within the cylinder. These time 
series were compared to modelled time series and both were used to predict burial.                                                                            

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1606 -



 

3. ENVIRONMENTAL MEASUREMENTS 

3.1 Hydrodynamic conditions 
 
Hydrodynamic conditions were measured using an upward-looking Acoustic Doppler 

Current Profiler (ADCP) and a downward-looking acoustic Pulse-Coherent Acoustic 
Doppler Profiler (PC-ADP) both attached to the instrumented platform, a bottom-mounted 
quadruped. Time series of depth-averaged current velocity, tidal elevation, near-bottom 
current velocity and significant wave height and period were collected between 2 
September 2009 and 12 January 2010. Time series of the total suspended sediment 
concentration and bed-stress were calculated from data measured using the PC-ADP. The 
tidal range was between 1-3 m with the greatest tidal range occurring during spring rather 
than neap tide. Significant wave heights in this protected area averaged 14 cm and only 
rarely exceeded 35 cm. Wave period ranged between 4.0 s and 10.0 s (mean 5.1 s). Mean 
depth-averaged tidal currents peaked at 0.88 m/s (mean 0.27 m/s) with slightly higher 
speeds on the ebb or easterly flow. Although the measured and modelled (based on the 
TMH model) mean tidal range and mean depth-averaged tidal current were nearly 
identical, the measured values of peak tidal currents were up to 25% greater than the 
modelled tidal currents. The highest concentrations of near-bottom suspended sediments 
coincided with the periods with the highest values of depth-averaged bottom current 
velocity (or values of shear stress). The values of total sediment concentration were thus 
highest during the ebb or easterly flow. The mean values of sediment concentration did 
not vary more than a few mg/L (20-28 mg/L) over individual tidal cycles.  

 
Significant wave heights were well below that needed to scour sediments from around 

the cylinders and analysis will therefore concentrate on scour caused by the tidal currents. 
The threshold depth-averaged current velocity (0.44 to 0.47 m/s) necessary to initiate 
sediment motion [5] was often exceeded during both ebb and flow conditions. The 
threshold bed stress (0.19 to 0.27 N/m) needed to initiate sediment motion was only 
exceeded during the ebb or periods of easterly tidal flow. The tidal fluctuations and time 
series values of significant wave height and period calculated from the pressure sensors on 
the instrumented cylinders were similar to the same time series collected from the ADCP. 
The wave data, not repeated here, suggest that wave-induced scour around the 
instrumented cylinders was not significant enough to induce burial for the entire 7½ moths 
of deployment in the eastern part of the Singapore Strait.  

 
The bottom-mounted quadrupod was not used in the second deployment and current 

data were only collected during short observational trips with a hull-mounted ADCP. The 
maximum tidal range was greater than 3 meters measured at a nearby tidal station and 
using the pressure sensors on AIM. Significant wave heights calculated from pressure 
series from sensors in the cylinders were all less than 10 cm which are much below that 
required to scour sediment from around the cylinders. Any burial must therefore be caused 
by current-induced scour or by migrating sand dunes. It is unfortunate that no time series 
(measured or modelled) of depth-averaged tidal current exist for the site. It can be 
assumed from diver observations of scour and fill around the cylinders and from the 3-m 
tidal range in this narrow (200-300 m wide) 2 km channel that strong tidal currents are 
present.  
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3.2 Surface sediment description 
 
Sediment samples were collected by divers within a meter of the location of each 

cylinder. Grain size distribution was determined by dry-sieving the gravel and sand 
fractions and by pipette methods for assaying the silt and clay fractions. Average grain 
density was determined from dried samples with a pycnometer.  Sediments collected from 
the eastern end of the Singapore Strait contained a diverse mixture of gravel (mean 19%), 
sand (58%), silt (18%), and clay (3%). Average grain density was 2672 kg m-3.Median 
grain size in the upper 16 cm of sediment ranged from 0.26 to 0.53 mm. The median grain 
size of only the gravel- and sand-size particles collected from this site was 0.6 mm which 
can be classified as coarse sand. Sediments collected from the Sentosa Channel were 
poorly-sorted gravelly-sand with little variation with depth below the sediment surface or 
between the two sites. Median grain size (0.87 to 0.97 mm) were equivalent to coarse sand 
with roughly 75% sand-size particles and 25% gravel-size particles. Average grain density 
was 2770 kg m-3.  

4. MOVEMENT AND BURIAL OF THE INSTRUMENTED CYLINDERS 
  

5.1 Eastern Singapore Strait  

Various sensors within and on the surface of the cylinders were used to measure the 
movement and burial of the cylinders. Not all of the sensors functioned for the entire 7½ 
month deployment period. For two of the cylinders (AIM1 and AIM3), continuous burial 
and orientation data were only collected between 2 September and 10 October 2009. Both 
AIM2 and AIM3 provided orientation data for most of the deployment period, but burial 
data from the acoustic sensors in AIM2 ended on 20 October 2009 and 31 December 2009 
for AIM4. In spite of these difficulties, a general picture of burial of these cylinders can be 
derived (Fig 1). 

 
AIM1 sensors provided continuous data for cylinder orientation and surface area 

exposed/covered between Day Dates 245-283 (2 September to 10 October 2009).  Except 
for a minor change in orientation 12 hours after deployment the cylinder did not move. 
The heading remained 205°, roll +4.5°, and pitch angle -0.3°. The surface area of the mine 
covered with sediment decreased from 28% to 22%. Sporadic orientation data collected 
after 10 October 2009  suggests a change in heading (205° to 214°), roll (+5° to +22°) and 
pitch (-0.5° to +1.5°) between 18 and 24 December 2009. Minor changes in orientation 
continued until 18 April 2010 when the cylinder was recovered. The final cylinder 
orientation was 212° heading, +2.5° pitch and +34° roll.  

 
AIM2 sensors provided continuous orientation data for the entire deployment period 

and continuous acoustic data for surface area covered until 20 October 2009. The heading 
(range, 201° to 204°) and pitch (range, +0.5° to -1.5°) of the cylinder varied little over the 
7½ month deployment period. The roll angle changed from -40° to -32° from the 
beginning of the experiment until 22 December 2009. After that date the roll angle was 
unchanged. The surface area of the mine covered with sediment decreased from 27% at 
the beginning of the experiment to 19% on 20 October 2009.  
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AIM3 sensors provided continuous orientation and burial data from 2 September until 
10 October 2009. The heading (359°), pitch (-1.8°), and roll (1° to 2°) varied very little 
over that period. The surface area of the mine covered with sediment decreased from 27% 
at the beginning of the experiment to 21% on 10 October 2009. 

 
 

  
 

Fig. 1: Measured cylinder burial expressed as percent surface area covered. Time 
expressed as Days after 3 September 2009. 

 
AIM4 sensors provided continuous orientation data until 28 March 2010 and 

continuous burial data until 31 December 2009. An abrupt change in cylinder orientation 
and burial state occurred within a 20 minute period on 22 October 2009. The cylinder 
changed heading from 28° to 290°, pitch from -0.15° to +0.4°, and roll from +2° to +3.5°. 
The surface area of the cylinder covered with sediment also abruptly changed from 21% to 
28%. This abrupt change in the exposed state on the cylinder over a 20 minute period is 
not likely the result of scour burial, but instead caused by some sort of man-generated 
event which repositioned the cylinder. Prior to the event on 20 October 2009, the cylinder 
recorded very little movement with less than 0.2° change in roll, pitch or heading. After 
the event, changes in roll, pitch and heading were less than 1.5°. The surface area of the 
mine covered with sediment decreased from 26% at the beginning of the experiment to 
21% on 22 October 2009. The cylinder was reset to 28% burial by the man-induced 
repositioning. Surface area covered then decreased to 22% by 6 December 2009. A slight 
increase in burial from 22% to 24% was recorded between 17-31 December 2009.  

 
Changes in the height of the cylinders above the mean ambient seafloor were estimated 

based on a comparison of tidal height time series measured at the mine surface (six 
sensors record pressure fluctuations at the surface of each cylinder) and time series of tidal 
height measured at fixed points. The fixed point tidal heights were measured at a nearby 
tidal station and using the ADCP mounted on the instrumented platform. Preliminary 
analyses suggest no change in height of the cylinders relative to the sediment surface. 
Reduction in percent of the surface area of the cylinders covered with sediment is 
therefore probably related to local scour around the cylinders rather than burial relative to 
the sediment surface.  
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5.2 Sentosa Island 

 
Only two instrumented cylinders were deployed at 6-m water depth in the channel 

north of Sentosa Island (21 April – 10 August 2010). The acoustic sensors that record 
percent surface covered/exposed were operational on AIM3 until 20 June. Orientation and 
pressure sensors recorded data on AIM2 until 10 August and on AIM3 until 6 June.  The 
divers noticed that AIM2 was fully buried, and repositioned the cylinder on 24 June.  
 

AIM3 exhibited considerable variations in orientation between 21 April and 16 June 
2010. Within 15 hours of the initial deployment (heading 180 °, roll angle 0°, pitch +1°), 
the cylinder pitched to +5° and back to +1° and rolled to -38° with little change in 
heading. Eleven days later, AIM3 pitched between +1° and -3°, rolled back to +5° and 
changed heading (180° to 192°). This process was repeated during May 15-17, and again 
on 30 May. The total range of pitch angle was 8°; the range of roll angle was 135°; and the 
heading changed from 180° to 212°. This behavior is typical of scour burial where the 
cylinder first pitches then rolls into the surrounding scour pit and changes heading where 
the long axis of the cylinder is parallel with the current. Roughly 30% of the mine surface 
was covered with sediment over the month long period that the mine acoustic sensors 
operated. The percent of the cylinder buried (sensors covered) did not vary substantially 
over that period in spite of the cylinder rolling more than 90 degrees. The scalloped effects 
of scour and infilling were most pronounced when tidal amplitudes were at their greatest 
during Spring Tides. The scour and fill events only occur diurnally in spite of the 
semidiurnal tides.  Maximum scour depths (increase in distance of the transducer face to 
sediment surface) were 10-15 cm. After the full 111 day experiment diver observations 
found the cylinder to be buried 20-30%. This is in general agreement with the acoustic 
observations during the first month of deployment. The presence of relict coral may have 
restricted the final cylinder burial.   
 

Except for when the divers repositioned AIM2, the cylinder did not change orientation 
as much as AIM3. During the first three days after deployment the cylinder changed roll 
angle from -2° to -27.5° and back to -3.5°. During that same period the heading changed 
from 215° to 205° and the pitch angle from -2° to -7°.  Except for a minor change in 
orientation on 16 June, the cylinder did not move until the diver repositioned AIM2 on 24 
June. Divers observed a fully buried mine (actually the mine was buried about 30 cm 
below the sediment surface) before the mine was moved. This would suggest that the 
cylinder was buried by a migrating sand dune. After repositioning, the cylinder went 
through a few periods of change in pitch (range, -9° to -14°) and roll (range, -74° to -84°) 
without a significant change in heading (175° to 180°). The initial pitch suggested that the 
cylinder was deployed on the face of a sand dune. There was little cylinder movement 
after 21 July. Final diver observations show the cylinder buried 90% on one end and 20% 
at the other end. Again this suggests burial by migrating sand dunes.                                    

5. CYLINDER BURIAL PREDICTION 
 

Predictions of burial relative to the ambient level of the seabed were made using the 
implementation of the HR Wallingford scour model described in Trembanis et al. [3]. It is 
assumed that potential burial was caused by current-induced scour as the values of 
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significant wave height were well below the threshold needed for sediment transport. Two 
time series of depth-averaged tidal currents are used: the predictions from the Tropical 
Marine Hydrodynamic Model (TMH) and in situ measurements based from the ADCP 
mounted on the quadrupod. The time series of depth-averaged tidal currents calculated 
from the ADCP were not continuous, and where gaps existed, the time series was 
supplemented with data from the TMH model. The grain size distribution varied between 
cylinder locations, and the following  values of medium grain size were used for making 
the burial calculations (D50 = 0.533 mm, 0.352 mm, 0.265 mm, 0.476 mm)  for AIMs 1-4 
respectively.  

 
The semidiurnal peaks of the in situ measured values of depth-averaged current 

velocity were higher than peak values predicted using the TMH model (Figs. 2 and 3). The 
result is greater predicted burial based on the in situ measured depth-averaged current 
velocity.  In either case, the percent surface area buried (28-40%) between days 40-50 is 
greater than that measured using the cylinders (19-22%). Predicted surface area buried is 
calculated from the depth of burial assuming a level sediment surface. This accounts for 
some of the difference between measured and predicted burial. However, burial models 
predict a 20-34% burial relative to the height of the cylinders below the mean seafloor. 
Based on data collected using the cylinders, this burial did not occur. 

  
 

 
 

Fig. 2: Percent burial of the four cylinders based on depth averaged current velocity 
from the TMH model. Dates are days after 3 September 2009. The bottom four lines 
represent percent height of the cylinders buried below the seafloor; the top four lines 

represent percent surface area of the cylinders covered. 
 
Experiments in laboratory flumes have shown that the addition of cohesive material to 

sandy sediments increases the erosion threshold and decreases the rate of sediment erosion 
when critical shear stress in exceeded [6, 7]. The effect of the addition of cohesive 
material to the threshold and rate of erosion enters the prediction of burial [3] via its 
effects of the hydraulic roughness on the critical bed stress. It would therefore appear that 
median grain size is an insufficient parameter to predict scour burial where a significant 
percent cohesive mud is mixed with an otherwise cohesionless mixture of sand and gravel 
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Fig.3: Percent burial of the four cylinders based on depth averaged current velocity 
from using the bottom mounted ADCP. Dates are days after 3 September 2009. The 

bottom four lines represent percent height of the cylinders buried below the seafloor; the 
top four lines represent percent surface area of the cylinders covered..   
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Abstract: Discrete scatterers, such as particles and objects of various kinds, are common 
in marine environment. Natural examples are particles in suspended sediment, shells, 
rocks, oil droplets, bubbles (either in the sediment or in water column). Effects of these 
objects, their size, shape, material properties, spatial variability, on underwater acoustic 
propagation and scattering can be significant. Quantification of these effects requires a 
relevant parameterization of scattering objects to provide necessary inputs to acoustic 
models. Such models then can be used for development of various algorithms and 
techniques for remote characterization of marine environment. In this paper, we describe 
a simple, physics-based model, which provides a relationship between the scattering 
intensity and statistical characteristics of randomly distributed, either in water column or 
in the seabed, arbitrary sized and shaped discrete objects. This model is rather general 
and able to predict scattering in environment having arbitrary stratification. Its first 
version has a primary application to analysis of bottom scattering, and is named 
GAMBID, Geo-Acoustic Model of Bottom Interaction and Discrete scattering. This model 
can be considered as a supplement to GABIM, a recently published model, which treats 
only continuous heterogeneity of the sediment. The GAMBID-model is applicable to both 
types of scatterers, continuous and discrete, arbitrarily distributed in any part of stratified 
marine environment, seabed or water column. The scattering kernel is given by the local 
volume scattering coefficient, which is defined in two different ways. For continuous 
heterogeneity, it is defined by a spectral function of heterogeneity, and, for discrete 
scatterers, by their size/shape distributions. The model is applied to analysis of scattering 
from inclusions in stratified sand/mud sediments with shell inclusions, and model/data 
comparisons are presented. 

Keywords: Inclusions, particle size and shape distributions, acoustic scattering 6/7/2011 
8:25 PM . 
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1. INTRODUCTION  

Discrete scatterers, such as particles and objects of various kinds, are common in 
marine environment. Examples are suspended sediment particles, shells, rocks, hydrate 
inclusions in the seabed, oil droplets, fish, shelled animals, gas voids and large bubbles 
(either in the sediment or in water column), and many others. Effects of these objects, their 
size, shape, internal structure, material properties, spatial (and in many cases temporal) 
variability on acoustic propagation and scattering can be significant. Quantification of 
these effects requires a relevant parameterization of these objects to provide necessary 
inputs to acoustic models. Such models then can be used for development of various 
algorithms and techniques for remote characterization of marine environment.  

In this paper, we describe a simple, physics-based model, which provides a relationship 
between the scattering intensity and statistical characteristics of randomly distributed, 
either in water column or in the seabed, arbitrary sized and shaped discrete objects. This 
model is rather general and able to predict scattering in environment having arbitrary 
stratification. Its first application has been for analysis of the SAX04 geoacoustic data set 
[1], and for this reason it was (preliminary) named GAMBID, Geo-Acoustic Model of 
Bottom Interaction and Discrete scattering. First results of its utilizing for the SAX04 data 
analysis were presented in [2]. This model can be considered as a supplement to GABIM 
[3], which, as is now, treats only the case of continuous heterogeneity of the sediment. 

The general model is comprised of two parts. First part is its propagation kernel, which 
describes the two-way acoustic propagation (from source to scattering point and then to 
receiver) in an arbitrarily stratified environment. It requires environmental inputs in terms 
of the depth-profiles of acoustic parameters of the medium (density, sound speed and 
attenuation). The second part is the scattering kernel, given by the effective volume 
scattering coefficient, defined locally, in any part of the environment, either in the seabed 
or in water column. It requires inputs in terms of the scattering cross-sections for 
individual objects defined as functions of their size and shape, and their statistical 
size/shape distributions.  

In Section 2 of this paper, the general approach is outlined and the expression for the 
scattered intensity is obtained. The approach is applicable to both types of heterogeneity, 
continuous and discrete. In Section 3, expressions for the individual scattering functions 
and the volume scattering coefficient are obtained. In Section 4, the model is applied to 
analysis of acoustic backscatter from inclusions in the SAX04 sediment using the 
GAMBID, the model is discussed, and model/data comparisons are presented.  

2. APPROACH 

The marine environment is spatially heterogeneous, so that essential for acoustics 
parameters are randomly fluctuating around some background. The background however, 
in most cases, is also spatially dependent (or at least stratified, i.e. depth-dependent). 
Stratification is known to significantly complicate the problem of sound propagation 
underwater. Also, and even in greater extent, it makes more difficult the problem of 
scattering occurring due to random fluctuations (heterogeneity) if this environment. Here, 
we consider a possibility to significantly simplify accounting for the effect of 
stratification, using an approach similar to described in [4] for scattering from 
inhomogeneities in stratified sediments. This is generalized, so that it can be used in any 
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part of marine environment, seabed or water column, with continuous or discrete 
heterogeneity. It describes the inhomegeneous medium in terms of its spatially fluctuating 
compressibility and density, ~  and ~ , and can be outlined as follows. 

The field in such medium is convenient to describe not in terms of acoustic pressure, 
p~ , but using a wave function  ~/~~

 p , where a fixed density parameter   is 
introduced for convenience (to keep same dimensions). The wave function obeys a more 
simple (than e.g. in [5]) equation of a standard Helmholtz form, 0~)~(  Q , with 

)(~~ rQQ 
  defined, at given frequency   and position vector r , as follows 

2/12/12 ~~~~~  Q  (1) 

Consider also a reference medium (or an “unperturbed” background) with compressibility 
and density,   and  , with the corresponding function )(rQ  . Perturbations of the 
medium are given by the heterogeneity function QQ 

~
 . If perturbations are relatively 

small (which, however is not a necessary requirement here), then the heterogeneity 
function is linear with respect to fluctuations of the medium parameters. 

In the first order, the scattered intensity in such medium is given by the expression  

rdrrGrrMr Vs
32

1
2

1 ),()()()( 


   
(2) 

with )(rMV
 being the volume scattering coefficient, or the scattering cross section per unit 

volume, defined as follows  

),()2/()( rqrMV


   (3) 

where   is the local 3D (energy) spectrum of heterogeneity, and )( 1 q  is the 
local scattering vector, defined through the phases of the wave function, )exp(  i , 

and corresponding Green function, )exp( 1iGG  , both for the unperturbed medium. 
The simplicity of Eq.(2) results from assumption that the spectrum of heterogeneity is a 
smooth enough function, allowing neglecting bistatic scattering effects by ignoring 
difference in wave vectors appearing in the stratified environment with both down-going 
and up-going waves [2].  

Transition back to the pressure function in (2) is simple, being equivalent to 
replacement of   and G  by corresponding pressure and Green function (which both are 
continuous) concurrently with replacement of VM  by its “effective” value given by the 
expression VVeff MM 2)/(  . This transition can be useful e.g. in the presence of 
interfaces, where the reference medium parameters have discontinuities.  

Eq. (2) can be applied to any part of marine environment, e.g. heterogeneous sea-water 
column or near-sea-surface layer, where compressibility may fluctuate significantly due to 
spatial variations of bubble concentration. Also, it can be used for description of volume 
scattering due to randomly distributed discrete fluctuations of various kind. In this case, 
the heterogeneity function becomes a sum of separate contributions, describing individual 
discrete scatterers. If they are sparse enough (inclusion-type), their positions can be 
considered random and mutually uncorrelated. Assuming summation of scattering 
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intensities from different inclusions, we again obtain (2), but with the volume scattering 
coefficient defined as follows  

vVvvV CdaaaM    )()(  (4) 

where vv /   is the individual scattering cross section of the inclusion divided by its 
volume, and averaged over other parameters, such as shape and orientation, 

aV
aNavav






)()()(  is the particle volume-size distribution function, with N  defined as 

the average number of inclusions with given size within small intervals ),( aaa  , in the 
volume element V , and 1)(   daaC vV   is the total volume concentration of 
inclusions. The inequality must hold due to the inclusion sparseness assumption.  

The size-parameter in Eq. (4) for non-spherical particles requires a definition, which 
should be given in the “acoustically relevant” and complete manner that is as a parameter 
(or a vector-parameter, i.e. a set of parameters) whose determining is sufficient for the 
description of the particle scattering cross-section,  . In common analysis, the size-
parameter is defined by the particle volume, e.g., as the radius of the sphere with the same 
volume (the equivalent radius) through the relation 3)3/4()( aav  , or the equivalent 
diameter aD 2  (frequently called “true size”). However, from acoustics stand-point, it is 
not sufficient, because, as shown in the following section, to provide a prediction of the 
scattering-cross section for such particles, such definition should be accompanied by an 
appropriate parameterization of the particle shape.  

3. SCATTERING COEFFICIENTS 

Consider now the scattering cross section   for the inclusions, assuming that they can 
be particles of arbitrary size, shape, and orientation. First, consider separately the cases of 
particles small and large comparing to the wavelength, corresponding to low and high 
frequencies, and then the case of intermediate sizes or frequencies. 

For small particles, if they are randomly oriented and shaped, the average (over the 
particle orientation) scattering cross section can be presented as follows 

 2224 4 oo Rvk  (5) 

where ck /  and 2/1)(  c  are the wave number and sound speed in surrounding 
“effective” fluid (which is considered as the reference medium), parameter oR  is 
dimensionless, controlled by contrast of material properties, practically independent from 
the particle shape, and only slightly dependent from the angle of scattering in all backward 
hemisphere, which is important because the possibility of ignoring the bistatic effect is 
also one of conditions for validity of the general expression (2). For solid inclusions (such 
as suspended particles) we have 1oR , for gas bubbles in the sediment or in water  

1/~  oR , and for fluid-like inclusions (such as oil droplets in water), we have 
12  coR  , with 1)/()~~(  ccc    being the relative contrast of impedance. 

Combining (4) and (5), one obtains a simple low-frequency expression for the volume 
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scattering coefficient in a cloud of Rayleigh particles, small (compared with the 
wavelength), randomly oriented and arbitrarily shaped scatterers:  

vk
R

CM o
VV

4
2

2

16
  

 
(6) 

where v  is the particle average volume.  
Scattering from non-spherical particles, whose dimensions (at least one of them) are not 

small in comparison with the wave length, is more complicated and generally less 
understood, than in the case of small particles. Here we take an empirical and somewhat 
heuristic approach, based on comparison of existing solutions for backscatter from various 
large particles of simple shape (such as the disk, spheroid, cone, cuboid, and some 
others), showing that the angular patterns, being extremely complicated and sensitive to 
the body orientation, become much simpler if averaged over a range of orientations. At 
very high frequencies results of such averaging can be approximated by a single (the same 
for different shapes) simple equation   

)16/(2
 RS   (7) 

Here S  is the total surface area of the scattering particle, and the parameter R  is the 
reflection coefficient at normal incidence, defined by material contrast of the particle and 
practically independent from the particle shape. For inclusions with large contrast, such as 
for solid particles and gas voids, we have 1R , and for low-contrast fluid-like inclusions 

2/cR  . Like in the case of small particles, for typical values of material parameters 
and scattering angles within the backward hemisphere, the bistatic effects can be ignored. 

We also use a dimensionless shape-parameter oSSq /  (known also as Weston’s 
ratio), with 2DSo   being the surface area of the sphere with the same volume (for 
brevity, equivalent surface area). Because the sphere has the minimal surface area among 
possible shapes with fixed volume, the inequality holds: 1q , so that for spherical (and 
only spherical) particles 1q . It can be considered as a scattering enhancement factor due 
to “non-sphericity” of scatterer. Using (4) and (7) results in a simple high frequency 
expression (or the geometry-acoustics, frequency-independent limit) for the volume 
backscattering coefficient in a cloud of particles larger than the wavelength,  

vS
R

CM VV /
16

2


  

 
(8) 

where DqvS /6/   is the average specific surface area of the inclusions (which are 
arbitrarily sized and shaped). 

Having Eqs.(5) and (7) as limiting cases of low and high frequencies, we introduce a 
“bridge” approximation for intermediate frequencies, or a smoothing function of the form  

     0,
/1











o  (9) 

where   is free parameter, which can be chosen from comparison with known solutions at 
the intermediate frequencies, to describe, with a reasonable accuracy, the scattering cross-
section for a wide range of particle sizes, from small to large compared to the wavelength. 
Alternatively, numerical solutions can be exploited based on the T-matrix method, 
applicable for bodies of arbitrary shapes, but more time- and labor- consuming.  
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4. SCATTERING FROM INCLUSIONS IN A STRATIFIED SEABED 

The approach described in this paper was used for developing a model (GAMBID) for 
prediction of the backscatter intensity from a stratified seabed with inclusions. All 
necessary inputs and ground truth for GAMBID can be provided by particle analysis of 
sediment cores and samples. The particle size distribution in this model is comprised of 
two parts, central and coarse. The information about the central part is most common in 
seafloor databases and usually provides statistics of particles comprising the sediment 
matrix. The major parameter of this statistics is the particle mean size. Analysis of 
sediment cores provides the depth-dependence of the mean size, which, through its known 
empirical relationships [6] with the sediment acoustic parameters (density, sound speed 
and attenuation), gives their depth-dependencies as well. This completely defines the 
propagation kernel of GAMBID, allowing calculation of the depth-dependent pressure 
functions in the sediment, as required in Eq. (2).  

Analysis of the coarse part of size distribution is not yet common and much less 
comprehensive, although only this can provide necessary input parameters for particles 
significantly larger than the mean size, which can be considered as sparse inclusions in the 
sediment matrix. Such analysis should be given in terms of the equivalent size and 
accompanied by evaluation of the particle surface-based shape factor (usually related to 
the particle size). This completely defines the scattering kernel of GAMBID, allowing 
calculation of the volume scattering coefficient, based on knowledge of particle individual 
scattering functions, and their size and shape distributions as given by Eqs. (4-9).  

The described model was applied to analysis of the SAX04 geoacoustic and 
environmental data set [1,2] and used for calculating the propagation and scattering in the 
complicated, stratified (mud-to-sand) sediment with inclusions of three types, located in 
different layers of the continuously stratified sediment. First type is carbonate shells 
uniformly distributed in the sediment basement, with medium sand matrix. The basement 
was covered by a transition mud-to-sand layer (about 3 cm thick), resulted from 
redistribution of sediment (comprised of mud, sand, and shell particles) after a strong 
weather event, see for more detail [1,2]. In lower part of this layer, at depths where 
sediment became dense enough to support heavier particles, shells have settled (centered 
between 2 and 2.5 cm depth), considered as second type of inclusions. The higher part of 
the transition layer (at 0-2 cm depths) was a rather uniform mixture of mud and medium 
sand, in the very top of which (at about 1-3 mm depths) was a thin venire layer of coarse 
quartz sand particles, considered as inclusions of third type.  

In Fig.1a, the frequency dependence of individual scattering functions, were calculated  
using Eqs. (5,7,9), and results are shown in Fig.1b in terms of the reduced scattering cross-
section, 2/4 D , for the three different types of inclusions in the SAX04 sediment. These 
cross-sections were exploited then for calculation of the volume scattering coefficient 
using Eq.(4) with size/shape distributions obtained from the SAX04 sediment core 
analysis for inclusions (coarse sand and shells), see [2], and results are given in Fig.1b. 

 The depth-dependent pressure functions were calculated according to depth-profiles of 
the density, sound speed and attenuation in the stratified SAX04 sediment, and results are 
shown in Fig.2. Combined with results given in Fig. 1b, they are used for calculating the 
backscatter intensity using Eq.(2), given in terms of the seabed scattering strength. The 
results are shown in Fig.3, where comparisons with the SAX04 acoustic backscatter data 
are given as well, showing that all three types of inclusions are important (at different 
frequencies) for explaining the measured backscatter.  
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Two main conclusions result from this analysis. First is that the seabed scattering 
strength is significantly affected by the sediment stratification. Second is that the 
scattering strength shows sensitivity to the inclusion size, shape, and depth distributions. 
Therefore, the physics-based model presented here (GAMBID), can be used as a 
foundation for development of new techniques for seabed characterization using measured 
dependencies of backscatter intensity from the frequency and scattering angles.  
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Fig. 1: Frequency dependence of (a) the individual reduced scattering cross-section, and 

(b) the volume scattering coefficient, for three different types of SAX04 inclusions. 
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Fig.2: Depth dependent pressure magnitude at various grazing angles and frequencies. 
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Fig.3: Frequency dependences of the bottom backscattering strength for three types  of 
inclusions, at different grazing angles, 20, 25, 30, and 35 degrees, versus SAX04 data [1]. 
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Abstract: The seabed topography both reflects and influences diverse hydrodynamic and 
sediment dynamic processes. A quantification of seabed roughness is needed for seabed 
characterisation and modelling of hydrodynamics and acoustic scattering. Two-dimensional 
(2D) spectral analysis of seabed elevation can be used to quantitatively classify seabed 
roughness and calculate acoustic scattering and bedform dimensions and directions if 
present. It has been previously used to describe small-scale roughness of the seabed, but it 
has seldom been used over large areas with complex morphology. This study explores the 
potential of 2D spectral analysis applied on high-resolution seabed elevation data to 
characterise large-scale seabed roughness and to calculate directions and dimensions of 
seabed features. Multibeam sonar derived bathymetry from Jade Bay, Germany, 
characterised by different seabed types, was used to evaluate the method. Different regions of 
the test area showed distinct spectral characteristic, e.g., the power in the strongest peak in 
the spectrum was consistently higher in area with bedforms and lower in dredged areas. A 
method was developed to assess the seabed isotropy. In anisotropic areas, the wavelengths 
and directions of the seabed features were calculated. 

Keywords: Spectral analysis, bathymetry, bedforms, Jade Bay 
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1. INTRODUCTION  

Seabed roughness describes the variation of seabed topography (i.e. topographic 
roughness) and how this variation may influence diverse processes such as hydrodynamics 
(hydraulic roughness) or acoustic scattering (acoustic roughness). Seabed roughness is 
influenced by both the nature of the sediment, such as grain size and sorting (grain 
roughness), and the contributions of several roughness producing mechanisms. Under the 
action of waves and currents, bedforms such as sand ripples and dunes develop, creating 
topographic variations (bedform roughness). Furthermore, the sediment surface is 
continuously being modified by the locomotion of animals that live within the sediment and 
the animals and plants living on the seafloor themselves constitute a relief of the seabed 
(biogenic roughness). Ultimately, human activities such as dredging may also modify the 
seabed topography (anthropogenic roughness). 

A correct characterisation of seabed topographic roughness is relevant in studies and 
modelling of hydrodynamics, sediment dynamics and acoustic scattering. Although common 
statistical measures (e.g., root mean square elevation) may quantify the variability of the 
seabed elevation, they do not provide any information on the size, spacing and orientation of 
seabed features. Spectral analysis, on the other hand, has the potential to do so, as it 
characterises the periodicity of the seabed topography in the frequency domain. Two-
dimensional (2D) spectral analysis is particularly relevant in case of anisotropic roughness, 
i.e. a roughness which varies depending on direction, such as bedform roughness. The 2D 
roughness spectrum (spectral power plotted as a function of x- and y- spatial frequencies) of 
an isotropic seabed typically has no dominant peaks in the spectrum and does not exhibit any 
preferential directionality. Conversely, the spectrum estimated from seabed topography with 
bedforms generally exhibits a directionality that is associated with the bedform orientation 
and a highly energetic peak associated with the bedform wavelength. 

Two-dimensional spectral analysis of seabed elevation can be used to quantitatively 
classify seabed roughness [1-3] and calculate bedform wavelength and orientation when 
present [4-6]. These principles have been used previously to characterize small-scale 
roughness of the seabed (see [7] for a review), but it has seldom been tested over large areas 
with complex morphology. Although [6] showed that the technique could be used on a 
medium-scale (20 m boxes) to characterise topographic roughness and calculate secondary 
bedforms dimensions, it did not address larger-scale topographic variations or a seabed 
showing a variety of roughness types. 

This study therefore explores the potential of 2D spectral analysis applied on seabed 
elevation data for seabed morphological characterisation. Compared to previous 
investigations [1, 6, 8], it focuses on developing the automatic detection of anisotropy and a 
determination of roughness types.  

2. METHODS 

2.1. Test Area and Data Acquisition 

The Innenjade tidal channel is situated in the central part of the Jade Bay (Germany) 
located in the southeastern North Sea (Fig. 1). The Innenjade connects the Jadebusen in the 
inner part of bay with the adjacent North Sea and also forms the navigation channel to 
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Wilhelmshaven. The tidal channel is regularly surveyed by the German Water and Shipping 
Authority (WSA) due its importance for shipping activity. An area roughly 10 km x 700 m 
was selected as a test area (Fig. 1). The bathymetric data used were collected by WSA 
Bremerhaven between January and March 2008 with a 200 kHz multi-beam echosounder 
(MBES) and gridded with a cell size of 2 m.  

Water depth in the area varies from 9 to 27 m below mean sea level (MSL). The seabed is 
mainly sandy and large bedforms are found in the 400 m-wide channel. Towards the south of 
the area, a 4 km-long portion of the seabed is dredged at depths of around 20 m below MSL.  

 

 
 

Fig.1: Location and bathymetry of the test area; WHS refers to Wilhelmshaven. 

2.2. Data Analysis 

The whole dataset was divided into boxes (quadratic squares) of 200 x 200 m (e.g. Fig. 2) 
with an overlap between adjacent boxes of ¾ of a box size. Within each box, the mean 
elevation was subtracted from each point and detrended before being tapered in order to 
remove spectral leakage associated with the analysis of a finite dataset [9]. They were then 
transformed using a 2D Fast Fourier Transform (FFT): 

 

2 ( )( , ) ( , ) i ux vyS u v s x y e dxdy
 

 

 

  
               (1) 

 
where s(x,y) is the spatial signal (i.e. seabed height samples) as a function of the x- and y- 
directions and S(u,v) is the amplitude as a function of  the u- and v- frequencies (also referred 
to as x- and -y spatial frequencies). The spectrum in its logarithmic form is: 
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Sp = 10 log10 (|S|2)                 (2) 
 

where Sp is the spectral power in dB. Although the data were detrended before being 
transformed, large-scale features (i.e. low frequencies) were present and masked higher 
frequencies of interest. Frequencies smaller than a half a cell size (i.e. wavelengths bigger 
than 100 m) were thus discarded. The output of a Fourier transform comprises positive and 
negative frequency components hence the spectrum has two peaks which mirror each other 
(Fig. 2). Only half the spectrum (0-180°N) was considered for further analysis and therefore, 
all the orientations are given modulo 180°.  

 
 

Fig.2 Box of seabed elevation, associated 2D roughness spectrum and “residual” 
spectrum (from left to right) for an anisotropic seabed (top) and an isotropic seabed 

(bottom). Top and bottom panels have similar colour axes. 

The spectral power estimated from a seabed elevation profile usually presents a 
logarithmic decay with frequency and so a power-law regression P(f) can be fitted to the 
spectral power in log-log space (see also [7, 8]): 

 
P(f) = ω f -γ                       (3) 
 

where γ (slope of the power-law) is the spectral exponent and ω (y-intercept at a spatial 
frequency of 100 m-1) is the spectral strength. Following methodology detailed in [8], „slices‟ 
were taken through the spectrum in one degree steps from 0° to 180°N and a power-law 
regression was fitted to the 1D spectrum calculated from the average of all the slices. It was 
then used to calculate a “residual” roughness spectrum, rSp (Fig. 2): 
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rSp(f) = Sp – ω f –(γ-1)                 (4) 
 

One was subtracted from the slope of the power-law regression to calculate the spectrum 
that was subtracted from Sp in order to better highlight any dominant peak in the spectrum. 
The point containing the maximum energy of each residual spectrum (nmax) was subsequently 
found, its direction (dmax) and spatial frequency (fmax) were calculated and the energy of the 
corresponding point from Sp (Emax) was calculated (i.e. Emax = Sp(nmax)). Points having 
energy higher than 90% of the maximum energy of the residual spectrum were then found 
(Fig. 2) and their directions calculated. The standard deviation of these directions (SD) was 
used to evaluate anisotropy: when SD was smaller than 20°, the spectrum was considered 
anisotropic whereas it was considered isotropic when SD was higher than 20°. When the 
spectrum was considered anisotropic, the characteristic direction and wavelength of seabed 
features were calculated respectively as D = dmax +90° and L = 1/fmax (see [4] for details). The 
rms of the seabed elevation data (h) was also calculated within each box. 

3. RESULTS 

Seabed areas with low topographic roughness (e.g. dredged area) show low values of Emax 
whereas seabed areas with high topographic roughness (e.g. bedforms and slope of channel 
side) show high values of Emax (Fig. 3). Anisotropic seabeds (SD < 20°) were found in areas 
with regular bedforms but also in the dredged channel due to the dredging marks present on 
the seabed. Isotropic seabeds were found in shallower areas away from the main channel and 
in deeper parts where the strong variations in bedform dimensions and directions produced an 
isotropic spectrum.  

The results of the spectral analysis were used to produce a classification of seabed 
roughness in the test area. The spectral exponent and strength  were computed from the 
power-law fitted on the average of all the slices in case of isotropic roughness and from the 
slice going through the most energetic peak in case of anisotropic seabed. Four regions with 
distinct morphological characteristics were defined (Fig. 4 and Table 1): 

- Region 1: dredged channel. This morphological region is characterised by low values 
of Emax and h showing its low topographic roughness. It also has the lowest spectral 
strength and exponent indicating that this region contains very little large-scale 
roughness. It has a strong anisotropy which shows seabed features (dredging marks) 
oriented along the channel direction with wavelengths in the order of 55 m. 

 
- Region 2: bedforms. The areas with bedforms are characterised by high Emax and 

spectral strength, suggesting high topographic roughness. The bedforms were found to 
have an average direction of 134°N, i.e. perpendicular to the channel direction, and a 
wavelength of 38.7 m. The average height of the bedforms is estimated to be 1.8 m. 

 
- Region 3: channel slope. The slopes of the channel showed the highest value of Emax 

and h, indicating their high topographic roughness. It has the highest spectral exponent 
showing the dominance of large-scale roughness. Features were oriented with the 
channel direction and had a typical wavelength of 80 m.  
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Fig. 3 Energy of the main peak of each residual roughness spectrum (Emax) and standard 

deviation of the direction of the points whose energy was greater than 90% of the maximum 
energy of the residual spectrum (SD). 

 

 

Fig. 4 Morphological mapping of the test area based on the spectral analysis results. 
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 area (km2) h (m) Emax (dB) γ ω (m4) A D (°N) L (m) 
Region 1 1.3 0.6 15.6 3.60 1.7 x10-06 92% 153 55.4 
Region 2 1.5 1.8 26.0 3.85 1.1 x10-03 78% 44 38.7 
Region 3 0.5 2.4 32.7 4.25 1.7 x10-05 95% 153 79.6 
Region 4 2.3 1.4 21.2 3.90 4.6 x10-05 17%   

all 5.5 1.4 22.3 3.85 3.0 x10-04 58%   
 

Table 1: Summary of the spectral analysis results, A is the percentage of boxes which were 
considered anisotropic; see text for details of the other parameters. 

 

- Region 4: isotropic seabed. On the southeastern side of the channel and in some parts 
of the channel itself, the seabed exhibits an isotropic topography, with relatively low 
Emax, spectral exponent and strength. 

4. DISCUSSION 

4.1. Implications for Seabed Characterisation 

Seabed characterisation is widely carried out in shallow and deep-water around the world, 
in particular for ecosystem-based management of marine resources (habitats, aggregates, 
etc…). Subsequent surveys of the same area may also be used to monitor natural and 
anthropogenic disturbances [10]. The method described here allows a fast processing of large 
bathymetric datasets which are regularly produced by the authorities or private companies. 
The results of the spectral analysis can then be used for seabed characterisation of 
morphologically distinct regions within the area under investigation. The use of the technique 
in the test area showed that it can differentiate regions dominated by different roughness 
types however, it still need to be tested over areas with biogenic roughness.  

4.2. Implications for Hydrodynamics Modelling 

The technique described here has the advantage of assessing the seabed isotropy through 
the SD parameter. In case of anisotropic seabed, the wavelength, orientation and height of 
seabed features can be calculated in subdomains of a large area allowing the study of their 
lateral and longitudinal variability. This is particularly relevant for hydrodynamic modelling 
since hydraulic roughness over bedforms is usually related to bedform dimensions [11]. 
Furthermore, although this was not done in the present study, when several scales of 
bedforms are present within a portion of the seabed, it is also possible to detect and 
characterise these different scales of bedforms. A further improvement of the method could 
include a measure of the variability of the bedform wavelength. 

5. CONCLUSION 

The method presented in this paper allows an automatic characterisation of seabed 
topographic roughness. Two-dimensional spectral analysis was used on sub-regions of seabed 
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elevation and a number of parameters were calculated which can be used to assess the 
topographic roughness of the seabed and its isotropy. Furthermore, in areas with anisotropic 
seabed, the direction and wavelength of the seabed features can be calculated. 
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Abstract: The use of acoustic methods for geomorphologic reconstruction has been well 
established over several decades. However, the manual description and interpretation of 
large acoustic datasets can require a long time for the mapping and reconstruction of the 
morphological features revealed by the acoustic surveys. In order to reduce the 
processing time of the traditional descriptive analyses of acoustic echograms, we 
implemented a new algorithm of sub-bottom sediment classification based on wavelet 
analysis and neural networks. The optimized algorithm consists of an automatic echo 
shape parameters classification procedure, dedicated to extract the morphological 
features buried in the sediments up to the first 5-6 m beneath the bottom surface. We 
developed and tested a classification algorithm containing a limited set of wavelet 
transformation parameters as input to a Self-organizing Neural Network. This algorithm 
was applied on 580 km of acoustic data echograms acquired in the Venice Lagoon with a 
30 kHz single-beam echosounder without any special pre-requirement on the data, which 
were collected over several years. The algorithm was successfully tested against the 
descriptive analysis allowing in a very short time a 2D mapping of the buried features of 
the area, distinguishing between different types of palaeochannels, buried creeks and no 
channel areas. The test was supported by the information about the sedimentary facies of 
11 cores sampled in the survey area allowing a detailed palaeo-environmental 
reconstruction.  
 
Keywords: sedimentary feature classification, wavelet transformation, neural network 

1. INTRODUCTION  
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For many decades different acoustic and seismic methods have been used worldwide 
for seafloor mapping and for sedimentary features reconstruction. Thanks to the acoustic 
echogram’s punctual sediment properties defined through core sampling can be extracted 
allowing a 2D and in some cases a 3D reconstruction of the palaeo-geomorphologies. 
However, high resolution subbottom reconstructions need dense grids of acoustic/seismic 
survey lines. For this reason, the surveys often give rise to very large data sets that need to 
be interpreted and described. The process of interpretation and insertion of the information 
in a GIS is generally very labour intensive and time consuming. It is often impossible to 
have a clear map of the sedimentary features in the same days of the survey, and the data 
elaboration is mostly postponed to a post-processing session after the end of the survey. 
To overcome the time lag between the acquisition and the elaboration of the acoustic data, 
we propose in this paper a new algorithm based on wavelet analysis and neural networks 
applied to a large acoustic dataset acquired in the Lagoon of Venice. The algorithm is 
conceived to allow an automatic classification of the main sedimentary features with the 
acoustic data. In contrast to most sediment classification algorithms, this approach 
concerns exclusively the buried features and not the bottom sediment distribution. In other 
words, through this algorithm we want to identify the main palaeo-geomorphologies and 
map them in a relatively short time. 

To calibrate and test the algorithm we compare the results with the descriptive analysis 
of the acoustic dataset carried out manually and results of cores geological analysis.  

2. GEOGRAPHICAL SETTING AND MEASUREMENT METHODOLOGY 

To implement the automatic classification algorithm we used a data set of acoustic 
data acquired in the northern part of the Venice Lagoon (Fig.1). The Lagoon of Venice 
originated during the Last Marine Transgression about 6000 yrs BP when the alluvial 
plain was inundated by the sea. Since then the alluvial deposit were covered by the 
Holocene deposits that are mostly silts and clayey silts, whereas sands are found in 
correspondence to palaeochannel fillings [1].  
 

 
Fig.1: The lagoon of Venice and a zoom on the survey area in the northern lagoon. The 

coloured plotted lines correspond to the 2-3 m spaced survey lines. 
The lagoon has a surface of 550 km2 and the main morphologies are navigation canals, 

natural channels, salt marshes and tidal flats with an average depth of about 0.8 m. During 
different campaigns from the year 2003 to 2006 we carried out many surveys in an 
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extremely shallow swamp (less than 1 m average depth) of about 1.5 km2 in the northern 
part of the lagoon (Fig.1 right).  

We used a 30 kHz Elac LAZ 72 single-beam echosounder with a co-located DGPS 
positioning system. In order to have a very detailed reconstruction of the main 
sedimentary features the survey had a very dense grid with a line spacing of 2-3 m. We 
collected a data set of 580 km of acoustic echograms. The pulse length was of 0.15 ms and 
the envelopes of bottom scattered signals were sampled at 50 kHz frequency, with 500 
samples (10 ms) recorded for each echo signal. The pulse repetition rate was 1.5 pulses s-1. 
Several survey tests conducted in different seasons showed that the worst scenario for data 
acquisition was the summer because of the diffused algal efflorescence and the enhanced 
production of biogenic gas. Both phenomena affect the penetration of the acoustic waves 
and resulted in significant distortions of echo signals. The receiving gain, the shape of the 
Time Varying Gain (TVG) function and the power of emitted pulses were often changed 
during acquisition. Because we wanted to obtain the best information over the buried 
structures visible in echograms, we sometimes disregarded the fact that the bottom echo 
could be oversaturated. These facts demand specific requirements for the algorithm of 
automatic classification of the subbottom sedimentary features, as discussed below. 

The descriptive analysis of the acoustic data required a very long processing time: 
each echogram was analysed manually and each particular acoustic character needed to be 
interpreted and manually stored in a GIS database. Overall, about 3200 acoustic characters 
were manually saved and described ([2], [3]). At the same time 11 cores were extracted in 
the area to verify the nature of the sedimentary feature revealed by the acoustics. 
 

3. DATA PROCESSING 
 

The first part of the echoes (scattering at the water-sediment interface) was often 
oversaturated and the signal reverberation tail frequently contained overlapping multi-
echoes. These are caused by the extremely shallow depth of the lagoon and the relatively 
large radiated power. Therefore, we first applied a pre-processing procedure staking 21 
consecutive pulses to reduce fluctuations distorting echoes. We then extracted the echo 
envelope parameters useful for automatic detection of sedimentary features. 

Echo envelope parameters reflect the seafloor morphological features such as the 
shape of the seafloor surface, the scales of its roughness, the layered structure of sediments 
and its granulometric composition as well as its geophysical properties (their capability to 
dissipate acoustic energy).  

In order to find the best parameters suited for the classification of the lagoon 
sedimentary features, we computed 64 spectral, wavelet, statistical and energy parameters 
as the input to different classification techniques as Principal Component Analysis, K-
means and Fuzzy C-mean Clustering. These classification procedures did not clearly 
cluster the main sedimentary features identified with our descriptive analyses. However, 
numerous tests have shown that we could extract a subset of parameters that responded 
particularly well in the detection of the buried features. We then developed and tested a 
specific classification algorithm applying a Self-organizing Neural Network to this limited 
set of parameters. This classification algorithm tries to find the highest number of clusters 
in the processed data set with no a priori assumption.  

Wavelet transformation parameters are particularly sensitive for bottom type 
classification (e.g.[4],[5]). For each stacked echo envelope, we computed the coefficients 
of the continuous wavelet transformation C(a,b) for the wavelet energy and wavelet 
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entropy estimation. Such a procedure was applied for the 10-channel dyadic 
decomposition (scale a=2j, j=1, ... , 10) using Coiflet wavelets of third order (coif3) and 
Mexican hat wavelets (mexh). Moreover, the spectral moments of the echo envelopes were 
computed. We selected a 7-parameters vector as input for the classification algorithms. 
This vector, called datai={E6, E7, E8, E9, E10, h, m0}, with i=1,..,7, contained the wavelet 
energies from E6 to E10, the wavelet entropy h and the zeroth-order spectral moment m0. In 
Fig.2 we show an example of the echogram together with the plots of the two 
correspondent echo envelope parameters that show a good correlation with the subbottom 
features. 
 
 

 

Fig.2: Example of echogram containing buried paleochannels, visible multi echoes and 
signal oversaturation (a); wavelet energy (b) and zeroth-order spectral moment (c) 

variations along the acoustic transect. 
 

In the segmentation procedure we assumed no knowledge about the sedimentary 
features in the lagoon subbottom. We used the Kohonen’s self-organizing neural network. 
The training set consisted of randomly selected vectors of the 7 echo envelope parameters 
out of 25% of the input data set. For the unsupervised algorithm we set the initial values of 
the Kohonen’s learning rate to 0.01 and the conscience learning rate to 0.001. The optimal 
automatic classification result were achieved for 200 epochs for the network training. The 
teaching procedure gave rise to a neural structure able to segment input echo parameters. 

4. RESULTS 
 

The automatic classification algorithm identified several classes of signals. In Fig. 3a 
we show the examples of echograms of five different classes: the class A corresponding to 
a large meander palaeochannel with acoustically visible clinoforms; the class A’ 
corresponding to the same palaeochannel without clinoforms; the class C corresponding to 
a small buried creek; the class D identifying the palaeosurfaces and finally, the class F 
describing the multiple reflections, i.e. the data of bad quality. In Fig. 3b we compare the 
results of the manual descriptive analysis and the results of automatic mapping for the 
same data subset. The comparison shows a very good correspondence between the two 
mapping methods. The automatic classification allows for distinguish of morphological 
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structures within the channels.  In Fig.3c, as an example of the clustering procedure, we 
show the plot of the wavelet energy E10 against the E6. In the 2D parameters space we 
depicted the areas (clusters) corresponding to different subbottom features marked with 
the same capital letters as in Figures 3b and 3c. 

 

 
 
 

 
 
 
 
 
 
 
 
 

 

 
 

 
 

 
 

 
 

Fig.3: a) Echograms of five different subbotom structures; b) comparison of manual and 
automatic seafloor clusterization; c) E1-E6 dependency: the ellipses indicate the clusters 

corresponding to the bottom structures illustrated in 3a and mapped in 3b. 

5. CONCLUSIONS 
Although many systems of acoustical classification of seafloor types are currently 

available, they are generally conceived for remote sensing of a thin surface layer of the 
bottom sediments. The methodology presented here, instead, allows for automatic 
detection of subbottom sediment features. The algorithm based on wavelet transformation 
echo envelope parameters as input to self-organised neural network is a sensitive, precise 
and efficient tool for detection of buried objects or structures. As a case study we applied 
the algorithm to an area of the Venice lagoon, mapping automatically paleochannels, 
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paleosurfaces and tidal creeks. The results of the automatic classification were directly 
compared with the descriptive manual classification and a remarkable agreement of the 
two methods was found. Once calibrated the algorithm produces segmentation maps of the 
buried structures within few hours, allowing for a “quasi-real time” first geomorphological 
reconstruction. This quickly generated reconstruction map can be very helpful to evaluate 
every day the data set acquired during a survey. Overall a huge amount of time can be 
saved in data elaboration. The proposed methodology can be useful for 
palaeoenvironmental reconstruction, underwater archaeology, inspection of oil and gas 
pipelines or detection of wrecks or mines.  
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Abstract: Automated target detection systems are known to perform poorly in shallow water en-
vironments having very rough bottoms. Both high mean levels and strong variations in the re-
verberation are causes of this problem. To this end, this work focuses on scattering from rock
outcroppings using data from a high-resolution synthetic aperture sonar system. Parameters of
the bottom will be extracted from the matched filtered and beamformed images, such as slope dis-
tribution, scattering strength and mean slope. Due to a lack of calibration information, results will
be presented with respect to those of images of featureless sandy bottoms taken at the same sea
test. [This work has been made possible by the Exploratory and Foundational Program, Applied
Research Laboratory, Penn State, and ONR Grants N00014-10-1-0051 and N00014-10-1-0047]
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1. INTRODUCTION

The scattering of sound from very rough interfaces is not well understood. All approximate
scattering models have limitations which are exceeded by many real rough surfaces. As part
of a larger project studying scattering from rock outcroppings, this paper focuses on obtain-
ing the monostatic scattering cross-section of rocks using acoustic data from Well’s Bay, NH
taken with a high-resolution Synthetic Aperture Sonar (SAS) system operating with a center
frequency of 120 kHz and a bandwidth of 30 kHz. This system is enclosed in an Autonomous
Underwater Vehicle (AUV), whose position and illumination pattern due to roll, pitch, and yaw
must be taken out before beamforming. The vertical beam-patterns, source level, and receiver
sensitivity of this system have not been calibrated. To take advantage of the high-resolution
capabilities of this SAS data and still obtain physically meaningful results, the source strength
and receiver sensitivity were found given the input of a scattering cross-section from a smooth,
featureless sandy seafloor, and a model for the vertical beam pattern. Other images containing
rocks may be inverted for the scattering strength once the unknown parameters of the system
are found.

2. METHODS

Determining source parameters and scattering cross sections both require an inversion of
the definition of the scattering cross section, which when converted to decibels, is the sonar
equation [1]. If the output from the matched filter is sampled such that each sample is inde-
pendent from one another (i.e separated by time steps of 1

2Bw
, for pulse bandwidth Bw), then a

frequency dependent inversion can be performed for each range step, and for the AUV position
during each ping.

|V (ti)|2 =
s2

r3
i

cw
2Bw

F−1

{
e−4k′′riσ

∫ φ3dB

−φ3dB

|B(θ, φ)|2dφ.
(

Λ(f)Λ∗(f)

SNN

)2
}

(1)

where |V (ti)|2 is the square of the matched filter envelope at time ti, ri = cti/2 is the ith

slant range step, s is the combined source strength and receiver sensitivity in V m, k′′ is the
complex part of the wavenumber and is related to logarithmic attenuation coefficient by k′′ =
α(f)/20 ∗ log10e, where α is the frequency dependent attenuation coefficient [2], cw

2Bw
is the

range-resolution of the matched filtered pulse, σ is the backscattering cross-section per unit
area per unit solid angle as a function of grazing angle, B(θ, φ) is the combined transmitter
and receiver beam patterns, φ3dB are the horizontal half power angles of the system, and Λ(f)
is the spectrum of the transmitted pulse, and SNN is the noise spectrum. The unknowns in Eq
(1) are s and σ. If the scattering occurs for a featureless randomly rough seafloor for which
a theoretical model exists, s may be inverted for if the bottom properties are known, and then
used to invert for σ in another environment. A theoretical model for the vertical beam patterns
of a transducer mounted in a cylindrical baffle is used [3].

2.1. Approximate Scattering Model
The small-slope approximation was used to model the scattering cross section, σ. This

quantity is defined Using the notation in Jackson and Richardson [1],

σ =
k4
w|Aww|2

2π∆K2∆k2
z

IK (2)
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where kw is the acoustic wavenumber in water, ∆K, is the difference between the horizontal
components of the incident and scattered wave vectors, and ∆kz is the difference between the
vertical components of the incident and scattered wave vectors. The term, Aww, is defined in
terms of the flat-interface reflection coefficient, Vww, and in the case of a fluid-fluid boundary
is defined by,

Aww = 2
sin2(θ)(aρ − 1)2cos(θ)2 + a2

ρ − 1/a2
p(

aρsin(θ) +
√

1/a2
p − cos(θ)2

)2 , (3)

where aρ is the density ratio of water and the bottom, ap is the complex compressional sound
speed ratio between the water and the bottom, and θ is the grazing angle. The Kirchhoff Inte-
gral, Ik, is a function of both frequency and measurement system geometry and, and is defined
by,

IK(β, ν) =

∫ ∞
0

J0(u)ue−βu
2ν

du (4)

for an isotropic von Karman spectrum, S(K) = w2/ (K0 +K2)
γ2/2 [4]. The parameter β

contains the parameterization of frequency and angle, β = Γ(1−ν)
4νΓ(1+ν)

(
hrms∆k2z
(h0∆K)ν

)
where ν =

γ2
2
− 1. Numerical evaluation of this integral has been studied by Wurmser and Gragg [4]. It

can be solved analytically if the integrand is approximated by two series, each having a validity
region determined by β. For small values of β, the exponential can be approximated by a Taylor
series, and for large β, a rational fraction. For values of γ2 within typical ranges for seafloors,
the supremum Taylor series domain is greater than the infimum of the rational fraction domain.
Thus it is possible to define an empirical transition point, 10log10β = −1.7567γ2 + 4.4926.
Partitioning the range of β in this fashion enables a faster and more accurate computation of the
Kirchhoff Integral than quadrature schema, or Riemann sums, as the integrand is oscillatory.
An example monostatic cross-section for the center frequency of the system and the bottom
parameters used in this inversion can be seen in Fig. 1.

2.2. Seafloor Parameters
The scattering model described above has no use without accurate estimates of the geo-

acoustic and roughness parameters. Variability in σ due to these parameters is a large source
of error when inverting for source levels. Fortunately, a survey of the Bay of Maine, where this
data was collected, was performed by Poppe and Hastings [5]. The nearest sample to the sea
trial, as calculated by the system’s navigational system, is approximately 250 m away. Both the
data and sediment information are from Wells bay, near the border between New Hampshire
and Maine.

The dataset only contains information about composition and grain-size, and no measure-
ments of geoacoustic parameters. A range for these parameters was found using the regression
models of Richardson [1]. The lithography is described as a poorly-sorted gravel, with 76%
gravel, 21% sand, and 4% mud, and a mean grain size of φ = −1.7. Since this large grain size
falls outside the the valid domain of the regressions, an exact prediction of sound speed and
density is impossible, but the regression was treated as a suggested starting point for fitting the
curve.

A similar process was used to estimate parameters of the power spectral density (PSD) of
the roughness. Relationship between mean grain size and spectral parameters has been studied
by Briggs et al [6]. For a mean grain size near -1, a spectral strength near 3×10−6, and spectral
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exponent 3.2 were suggested by the regression. However there was sufficient scatter in the data
that these values could be adjusted significantly without being unrealistic. Input parameters
used for the small-slope approximation were ap = 1.10, aρ = 2.20, δb = 0.010, γ2 = 3.2, w2 =
1.39× 10−4m4−γ2 .

2.3. SAS Processing
After the raw data has been inverted for the scattering cross-section, the data is beam-

formed such that the along-track resolution is constant and focused such that a scattering event
present in several pings is compressed into a resolution cell. Image reconstruction used in
this analysis is the ω-k, or wavenumber algorithm. The details of this algorithm are beyond
the scope of this paper, but several remarks on SAS processing gain deserve note. The beam
formation process acts as a spatial filter which discards information outside each resolution
cell. This filter forces the scattering area to be range-independent, changing the cubic exponent
of r in Eq. 1 to a quartic. However, the requirement of range-independent resolution forces
the synthetic aperture length to vary linearly with range, which introduces a processing gain
of Gp = r 2λ

d2
, where r is slant-range, λ is the acoustic wavelength, and d is the transducer

size. This processing gain must be taken out of a beam-formed image to correctly obtain the
scattering strength.

2.4. Limitations
The weakest point in this method is the adjustment of bottom parameters to fit the data.

Each input parameter changes the shape and level of the small-slope curve. Several indepen-
dent combinations of parameters can combine to obtain curves that fit the data with acceptable
error. This ambiguity emphasizes the importance of having ground truth. Additionally, the
mean grain size of the gravel bottom is comparable to the acoustic wavenumber, namely kd ≈
1.2, where k is the acoustic wavenumber and d, the mean grain size. Under these conditions,
individual grains can affect the scattering of sound and cause a negative frequency dependence
for kd ≥ 1, as found by Greenlaw [7].

Selection of the spectral strength parameter, w2, introduces a large source of uncertainty
due to way in which it affects the small-slope curve. Varying w2 can shift the scattering curve
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in the angular range of interest (grazing angles from 5 to 25◦) in level without significantly
changing its shape. Since the parameters were adjusted to match the shape of the matched filter
output, a range of likely values forw2 exists, which determines the error in the source parameter
inversion. While the largest value of w2 supported by the data is 1.7×10−3m4−γ2 , we will use
the largest value found in the literature, 2.85×10−4m4−γ2[8]. The lower bound supported by
the data was found to be 6.81×10−5m4−γ2 . These bounds introduce a possible error on s of
±3.1 dB. The scattering curves predicted using these bounding values are also displayed in
Fig. 1, where the black curve results from the value of w2 used in the inversion, and the dotted
lines represent the limits.

3. RESULTS

Acoustic data from a SAS system was collected in Wells Bay, NH. From this trial, an image
of a featureless sandy bottom was used to calulate a combined source strength and receiver
sensitivity of 195.8 dB re 1 V ± 3.1 dB. Comparisons of normalized envelopes between the
model and data can be seen in Fig. 2, which match to an error of less than 1 dB. This level
was used to invert for the normalized pressure squared of the backscatter from exposed rock
outcroppings, shown in Fig.3. The scattering strength from rocks can be extracted from the
normalized pressure squared by selecting a rectangular region and averaging in cross-range,
and then averaging over one degree incriments, displayed in Fig. 4.

Rock outcroppings contain large flat surfaces with appreciable mean slopes and, if the local
slopes are small, will angularly translate the scattering strength curve. To measure the scattering
strength from a rock surface, the mean slope must be determined so that the global grazing
angle of the ideal mean seafloor may be mapped to the local grazing angle of the rock. This
may be performed by translating the grazing angle until it is fit by a Lambertian scattering
model, σl = µ sin2θ, with the maximum physical Lambertian parameter of µ = 1/π. The
Lambertian model is not necessarily physical, but we expect it to be reasonably accurate for
rock slopes, following prevoius experiments discussed in [1]. Seven rock faces were analyzed
in this fashion, and results are compared with the Lambertian model in Fig. 4. Slopes in order
of the legend were found to be -4.5◦, -1.5◦, -1.5◦, -.5◦, 1.5◦, -1.2◦, 1◦, and 5◦ respectively.

4. CONCLUSIONS

Data from a high-resolution SAS system was inverted using a featureless sandy seafloor to
determine the combined source strength and receiver sensitivity. This value was then used to
invert for the scattering strength of flat rock faces whose size is large compared to a resolution
cell. A Lambertian scattering function with the maximum physical µ = 1/π was assumed
for off-specular scattering. Local slopes of the rocks were found by shifting the measured
scattering strength in angle until they matched the Lambertian curve. Scattering strengths were
found to be -18 dB to -35 dB over grazing angles of 2◦ to 13◦, in agreement with similar data
discussed in [1].

In the future, to obtain more accurate results, the system could be calibrated to obtain accu-
rate source levels. If available, optical or interferometric data could be used to obtain heights
and slopes of rock outcroppings. Once these slopes are determined, The small-slope approxi-
mation, which is more physically meaningful than the Lambertian assumption, could be used
to find the roughness parameters of each rock face. Knowledge these parameters could allow
the use of shape-from-shading techniques to recreate roughness on the order of the system’s
resolution.
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Abstract: In this paper we present a model to predict the impact of intensity scaling 
caused by random seafloor roughness on SAS image speckle statistics and the possible use 
of this model to estimate roughness parameters, such as root-mean-square height and 
slope. The continuous variation in scattering strength produced by roughness (i.e., 
roughness-induced changes in seafloor slope) is treated as an intensity scaling on image 
speckle produced by the SAS imaging process.  Changes in image statistics caused by 
roughness are quantified in terms of an effective K distribution shape parameter.  
Comparisons between parameter estimates obtained from the scaling model and estimates 
obtained from high-resolution SAS data collected in experiments off of the Ligurian coast 
near La Spezia, Italy, are used to illustrate the efficacy of the model. [Work performed 
under ONR Grants N00014-10-1-0051, N00014-10-1-0047 and N00014-10-1-0151] 
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1. INTRODUCTION  

Synthetic aperture sonar (SAS) is rapidly becoming a standard tool for detecting targets 
on the seafloor.  An understanding of the physical processes affecting image statistics is a 
vital step toward fully utilizing the data produced by SAS systems for remote sensing or 
target detection applications. Although it is tempting consider SAS images over 
homogeneous regions such as that shown Figure 1 as depicting height fields, it is more 
accurate to characterize the images as portraying the seafloor slope field. For low angle 
scattering (less than about 30o grazing angle) the scattered power from the seafloor is a 
strong function of slope and approximately linear as a function of angle [1].  Changes in 
scattered level caused by seafloor slopes can produce the strong variation in intensity often 
seen in images produced by low-grazing-angle systems such as side-scan sonar and SAS. 
The top image in Fig. 1 displays a larger variation in intensity than the bottom image 
caused by a larger variation in seafloor slope. This strong variation in intensity will 
strongly influence the overall statistical characteristics of SAS images [2].   

Speckle can be described as multiplicative noise [3] so that the overall statistics of a 
SAS image can be expressed as the product of speckle noise and the underlying seafloor 
scattering cross section: 

 
Y(r, x) = a(r, x)Z(r, x).       (1) 
 

In Eq. (1) Z(r, x) represents the speckle field and a(r, x) represents a modulating process 
which captures the effect of the random roughness; r and x respectively represent the 
down-range and cross-range image dimensions. In (1), Y(r, x) is the matched-filter 
intensity, so that speckle following a Rayleigh-distributed envelope would produce an 
exponentially distributed Z(r, x).  As previously noted, the scaling function a(r, x) is not 
the seafloor height field, but rather the acoustic expression of scattering from areas larger 
than the system’s spatial resolution (a function of the slope field). This scaling function, 
effectively a modulation of scattering cross section s() caused by seafloor slopes, can be 
calculated via models of seafloor scattering, such as perturbation theory or small slope 
approximation. 

Sonar returns in general and sonar speckle statistics in particular have been shown to be 
well described by the K distribution [4-7].  The K distribution allows for a good fit to a 
wide range of data; from heavy tailed distributions to near Rayleigh distributions. In the 
following modelling and analysis we derive an effective K distribution shape parameter to 
estimate the impact of the seafloor slope field on the statistics of an entire image scene. 
The variations in scattered power caused by random roughness will cause heavier tails and 
consequently lower effective K distribution shape parameters.  

In the following sections, we develop and test a model to predict the impact of scaling 
caused by large scale random roughness on SAS image speckle statistics. The model is 
developed in Section 2 by treating the continuous variation in scattering strength produced 
by topographically-induced changes in seafloor slope as a random scaling function on 
SAS image speckle.  Comparison of the statistics of real SAS image data, as quantified by 
the shape parameter of the K distribution, with the developed model is presented in 
Section 3.   Conclusions follow in Section 4.   
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Fig.1: Example synthetic aperture images of random rough seafloors taken with the 
NATO Undersea Research Centre’s MUSCLE system off the coast of Liguria, Italy.  The 
top image apears relatively more rough than the bottom due to increased slope variance. 

2. MODELING STATISTICS OF SPECKLE BY RANDOM ROUGHNESS 

For simplicity, we consider only the down-range dimension when relating the seafloor 
height field h(r) to image statistics.  The scattering strength will vary as a function of r, 
based on the relative (or local) grazing angle between incident wave and the local slope. 
This range-varying function, which modulates the speckle intensity, is the scaling function 
a(r). By approximating the scattering cross section as linear about the local grazing angle 
0, the scaling function may be approximated via a second order expansion as 

 
             rrrra sss

3
0

2
00   ,           (2) 

 
where  is the local slope interrogated by the sonar system, equal to the arctangent of the 
slope function    rhrg  , and s() is the scattering cross section.  

The speckle statistics are assumed to follow the K distribution with shape parameter 0 
and scale 0.  System-level false alarm performance will depend, however, on the statistics 
of Y(r, x) over the image rather than those of Z(r,x). As a(r,x) departs from a constant, the 
probability of false alarm (Pfa) increases.  Approximating the image-level statistics as 
being K distributed, with shape 1 and scale 1, this implies that 1 < 0. 

The K distribution shape parameters representative of the image statistics over the 
region (r0,r1) can be easily approximated in our case by equating the intensity moments of 
Y(r) to those of the K distribution as in [2].  To facilitate subsequent analysis of different 
scaling functions, range is treated as a continuous variable to yield the expected intensity 
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where the mean of the scaling function is  
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and the variance is 
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Equating these moments to those of a K distribution and solving for the effective shape 
parameter results in 
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From this form, it is seen that when 02 a (which implies that a(r) is not constant) the 
image-level statistics are heavier tailed than the speckle statistics, as expected. Recalling 
the scaling function defined in (2), the mean and variance are seen to be 

 
    2

00 gssa   ,           (8) 
 
and 

 
         2

0
2

0
2

0
2

0
22 2 gssssa   ,       (9) 

 
where 2

g is the variance of the seafloor slope function.  
It should be noted that when comparing these results to real data, system calibration is 

not necessary because any system dependent parameters such as vertical beam pattern 
would appear in both (8) and (9) for a given range, cancelling in their ratio which appears 
in the denominator of (7).  For the sake of simplicity we assume that the scattering cross 
section obeys Lambert's Law, i.e.,     2sins , for the calculations presented in 
Section 3. 
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3. APPLICATION TO REAL SAS IMAGES 

Having established the theoretical framework within which to interpret the effects of 
intensity scaling of speckle on the statistics of SAS images, we next investigate the 
validity of these results by application to real data. Data from The NATO Undersea 
Research Centre (NURC)’s MUSCLE AUV mounted SAS systems, observing seafloor 
areas with different characteristics, have been analyzed and will be compared to effective 
shape parameter predictions based on the scaled-speckle model. Data used here come from 
an experiment which took place near Tellaro, Italy off the Ligurian coast and was obtained 
on homogeneous sandy seafloor areas with varying degrees of topographic roughness. 
Data used from this experiment consists of 60 kHz bandwidth signals transmitted at a 
center frequency of 300 kHz. Image data had a final resolution of approximately 1.5 x 2.5 
cm.   

The model developed in the previous section was used to predict the effective shape 
parameter using roughness parameters and system geometries. If we assume the scattered 
intensity differences due to slope changes are approximately piecewise linear for each 
mean grazing angle, we can estimate the effective shape parameter as a function of mean 
angle (or equivalently range). Using Lambert's Law (or any seafloor scattering model) this 
assumption would only be valid for grazing angles approaching and exceeding 
approximately 30o if the range of relative angles with respect to the mean angle caused by 
the random seafloor slopes is small.  With the scaling model and system geometry we can 
get a feel for the effects on effective shape parameter of the shape of the scattering cross 
section as a function of angle (or equivalently as a function of range for a fixed altitude).   

Figure 3 shows a comparison between experimental estimates and model predictions of 
effective shape parameter versus range for same the two MUSCLE data sets that were 
used to form the images of Fig 1.  A sliding window 2.25 m wide in range is used in 
making the shape parameter estimates as a function of range. The effective shape 
parameter is seen to decrease as a function of range (i.e., increase as the mean grazing 
angle decreases from approximately 14o at 40 m range to approximately 4o at 150 m 
range).  It should be noted that it is not the underlying speckle statistics that are causing 
the overall decrease in the effective shape parameter versus range; it is the increasing 
slope of the scattering cross section at further ranges (or smaller mean grazing angles).   

Also shown on Fig. 3 are scaled-speckle model predictions for rms slopes of 5.5o and 
7.7o for the relatively smooth and relatively rough data respectively. Both predictions used 
a system height of 10 m and a speckle shape parameter 0 of 100 (this large value of 0 
means the speckle is effectively Rayleigh distributed).  It should be noted that the rms 
slope is over the entire 2.25 m x 50 m area for which the shape parameter estimate is 
formed. The model matches the data well showing the sensitivity of the result to rms 
slope.  This sensitivity might allow seafloor parameters to be easily inverted from SAS 
image data.  Other statistical properties of the seafloor roughness can be obtained if a 
model of seafloor roughness is assumed. If a seafloor exhibits power-law roughness 
spectra, as has been often found [1], rms height can be related to rms slope as outlined in 
[1].  A simulation based on Eq. 1 and described in [8], which combines mean scattered 
levels calculated for a realization of the seafloor and Rayleigh speckle, is also shown on 
Fig. 3. The simulation used realistic power-law roughness parameters yielding the rms 
slopes as used in the scaled-speckle model (i.e., a spectral exponent  of 3.25 and spectral 
strengths of 0.5x10-4 and 1.0x10-4 m4- for smooth and rough cases respectively). 
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Fig.1: Experimental, simulation, and scaled-speckle model estimates of effective shape 

parameter as a function of range. The experimental curves used the same data that was 
used to form the images in Fig.1.  

4. CONCLUSIONS 

In this article, we have presented a model to predict the impact of intensity scaling 
caused by random seafloor roughness on SAS image speckle statistics. This was 
accomplished by treating the continuous variation in scattering strength produced by 
roughness-induced changes in seafloor slope as a deterministic scaling of the SAS image 
speckle. The changes in image statistics were quantified in terms of an effective K 
distribution shape parameter.  For the two Tellaro, Italy, sites roughness caused a dramatic 
effect on statistics of the images, lowering the effective shape parameter (i.e., causing 
heavier tailed distributions).  The initial speckle shape parameter (0 = 100) was reduced 
over two orders of magnitude to an effective shape parameter of less than 1.  Shape 
parameter estimates from SAS data showed very good agreement with model predictions. 
Strengths of the model presented in this paper are that it can include the scattering 
response of the seafloor via seafloor scattering models as well as specific roughness 
parameters. Results also suggest the possibility of inverting SAS data to obtain 
information about the environment such as rms height.  
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Backscattering from a pressure-release rough surface
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Abstract: The backscattering from a pressure-release interface of an incident Gaussian-tapered
acoustic plane wave is modeled using finite elements, the Kirchhoff approximation, and perturba-
tion theory with the aim of quantifying the validity of the approximate models. Von Karman-type
power spectra describing the roughness are sampled from the literature, with RMS roughness from
3-15% of the acoustic wavelength. Realizations of each type of spectrum are made assuming a
Gaussian surface height distribution, and an average backscattering cross section is obtained by
ensemble averaging. The pressure-release interface is used instead of a penetrable sediment, as
the focus in this study is to quantify the differences between finite elements and the approximate
models.

Keywords: backscattering, roughness, finite elements
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1. INTRODUCTION

The scattering of acoustic energy at the ocean boundaries is an important consideration in
shallow-water underwater acoustics. The roughness of the ocean and seafloor surfaces tends
to disperse incident acoustic signals, and plays an important role in backscattering (scattering
when the source and receiver are collocated) and reverberation, where scattering from rough-
ness can obscure the backscattered signal from targets of interest. In order to quantify the
effects of roughness on the scattered pressure field, several models exist to calculate the angle
distribution of scattered energy after a single interaction with a rough surface. These models
tend to make approximations in order to compute the scattered field. Demonstrated here is a
finite element rough surface scattering model that, given sufficiently fine discretization, solves
the rough surface scattering problem exactly.

Considered is a single scattering event from a pressure-release rough surface using an inci-
dent Gaussian tapered plane wave following the method used in Ref. [1]. The general method-
ology is to generate an ensemble of rough surfaces, compute the scattered field from each of
the surfaces, and then average the resulting fields to produce a mean field. This approach yields
information about the mean field and its variability. Throughout this work, the incident wave
frequency, f , is 5000 Hz and the source and receiver are collocated (backscattering).

2. ROUGHNESS PARAMETERS

A convenient way to characterize the surface roughness is the mean surface power spectrum
W (kx), where kx is the 1-d spatial wavenumber. As reported in the literature [2], the Von
Karman spectrum is a good characterization of true measured roughness spectra for ocean
sediments:

W1(kx) =
w1

(K2
L + k2x)

γ/2
(1)

where w1 is termed the spectral strength, KL the low frequency rolloff, and γ the spectral
exponent. Eq. (1) represents the power spectrum of a 1-d surface. To study 3-d scattering, 2-d
surfaces must be generated. However, many times in the literature the 1-d power spectrum is
reported. In order to extract a 2-d power spectrum, the assumption of isotropy is made, and
a 2-d spectrum W2 can then be obtained from a 1-d measurement by the following integral
transform [3]:

W2(kx, ky) = W2(K) =
1

π

∞∫
0

W1(K)−W1(
√
K2 + q2)

q2
dq, (2)

where K = ||k|| =
√
k2x + k2y , and k = (kx, ky) is the 2-d spatial wavenumber. The integral

transform in Eq. (2) is computed numerically for a given power spectrum, and the resulting 2-d
spectrum is a function of K only (not of the azimuthal wavenumber).

Given a 2-d spectrum as generated by Eq. (2), it is then possible to construct surface re-
alizations by randomizing the power spectrum W2 and taking the inverse Fourier transform.
Formally,

f(x, y) = F−1{W2(kx, ky)
1/2ω

1/2
kx,ky
} (3)
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where ωkx,ky = N(0, 1) + iN(0, 1), and N(0, 1) a standard normal random variable [4]. To
ensure that f(x, y) ∈ R, the randomization function ωkx,ky is forced to satisfy

ωK,ψ = ω∗K,ψ+π (4)

where ψ = arctan(ky/kx). By generating several realization of the random variable ωkx,ky and
taking the inverse Fourier transform, an ensemble of surfaces is generated. The 1-d spectrum
used here is taken from a measurement reported by Jackson and Richardson [2] from Eel River,
CA. The parameters of the Eel River spectrum are: w1 = 0.0037 cm3−γ; γ = 3.28; KL = 0.43
cm−1.

3. MODELING

3.1. Finite Element Method
Finite element (FE) models discretize physical space and solve a weak formulation of a

partial differential equation. A detailed discussion of the finite element method for the scatter-
ing problem can be found in Ref. [5]. In the present work, all work is done in a commercially
available FE package [6]. The model consists of a fluid domain bounded by perfectly matched
layers (nonphysical domains which attenuate outgoing energy without creating spurious reflec-
tions, replacing an infinite homogenous fluid) on all sides but one, which is the pressure-release
scattering surface.

The discretization is of critical importance. The mesh (the discretization in space) was
created using tetrahedral elements. The maximum mesh element size M for this model was
restricted to M = λ/8 where λ is an acoustic wavelength. Meshing was accomplished by
first discretizing the domain at M = λ, and then performing iterative refinements of M =
λ/2, λ/4, λ/8. At each refinement, all tetrahedral elements were divided into two along a plane
intersecting the largest facet of the initial tetrahedron.

It has been shown previously that an FE model converges to the exact solution of the scat-
tering problem in 2-d [7]. To establish this in 3-d, the FE solution was compared with an exact
boundary element model for scattering, as well as checked for energy conservation and con-
vergence (iteratively finer meshing until the solution is perturbed minimally). Consequently,
the FE solution henceforth will be considered the exact model to which other models will be
compared.

3.2. Kirchhoff Approximation
In order to derive the Kirchhoff approximation, begin with the Helmholtz-Kirchhoff integral

for scattering from a pressure-release surface,

ps(r) =

∫
S

G(r |r0)
∂pt(r0)

∂n0

dS0, (5)

where ps is the scattered pressure, pt is the total pressure, and ps = pt−pi the incident pressure.
G is the 3-d free-space Green’s function, and S = {(x, y, z)|z = f(x, y)} a rough surface. The
integrand is unknown, as pt is unknown on the surface. The single-scatter Kirchhoff approxi-
mation is made, whereby

∂pt(r0)

∂n0

= 2
∂pi(r0)

∂n0

. (6)
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Thus, Eq. (5) can be written as

ps(r) = 2

∫
R2

G(r |r0)
∂pi(r0)

∂n0

Γ(x0, y0)dx0dy0. (7)

where Γ(x, y) =
√

1 + (∂f/∂x)2 + (∂f/∂y)2 is a map from the surface z = f(x, y) to the
plane z = 0 that allows for discretization of the xy plane instead of the irregular surface S.
Then, the integral in Eq. (7) can be discretized and solved numerically. Note that the KA
contains only the first-order scattering contribution.

3.3. 1st Order Perturbation Theory
The derivation of first order perturbation theory (PT) is outside the scope of this paper. PT

relates the structure of the surface power spectrum directly to the scattered field. The form here
is taken from the Reverberation Workshop [8], and gives the scattering cross section as

σpt = 4k4 sin2 θi sin
2 θsW2(Ki −Ks) (8)

where Ki and Ks are respectively the incident and the scattered wavevectors, (θi, φi) and
(θs, φs) respectively the incident and scattered directions, θ the grazing angle and φ the az-
imuthal angle, and k = 2π/λ the acoustic wavenumber. The PT model will be computed
numerically, given that W2 is generated numerically (by Eq. (2)).

4. RESULTS

Fig. 1: 3-d scattering cross section from the Eel River spectrum. The discontinuity
in the finite element curve is a result of the fact that two separate computations

were used to span the space of grazing angles; there was a slight gap of about 3◦

between the two computations near 38◦.
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Fig. 2: Above are the empirical (dashes and dots) and theoretical (solid)
probability density functions of the scattered pressure amplitudes as a function of
the grazing angle of the incident beam. A Rayleigh distribution is assumed. As the

grazing angle is lowered from normal incidence, the distribution becomes
heavier-tailed and broader.

The average backscattering cross section from an ensemble of surfaces is calculated using
perturbation theory, Kirchhoff approximation, and the finite element method. To compute the
average backscattering strength, the backscattering (defined as the scattering cross section at
θs = π − θi) cross section is computed for an ensemble of N realizations of a particular type
of spectrum and then is averaged over the ensemble. In the results below, N is 20.

The results for the Eel River spectrum are presented in Fig. 1. For the Eel River spectrum,
both kh � 1 and kLc � 1, where h is the surface RMS roughness, Lc the surface correlation
length, and k the acoustic wavenumber. Consequently, both the Kirchhoff approximation and
first-order perturbation theory are expected to be accurate (KA near specular and PT away from
specular) [2]. At θi ≤ 20◦, the tapering of the incident beam begins to affect the scattered field
and so neither the finite element nor the Kirchhoff solution is expected to be accurate. Future
work will examine larger incident beam spot sizes in order to investigate scattering at very
shallow angles (θi < 20◦); a broader beam should mitigate some of the beam effects [4].

Finally, a study of the probability distribution of the scattered field is shown in Fig. 2. The
scattered field for each of 50 realizations of an ensemble was computed in order to populate
an empirical probability density function. The scattered field was assumed to obey a Rayleigh
distribution; the probability density function of a Rayleigh distribution is
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f(x; b) =
x

b2
e−x

2/2b2 . (9)

Then, an estimate of the Rayleigh parameter b was made for each of the incident beam
angles θi = 46◦, 56◦, 80◦ using the following formula:

b(θi) '

√√√√ 1

2N

N∑
n=1

|ps,n(θi)|2, (10)

where ps,n is the backscattered pressure amplitude from the n-th realization. Using this esti-
mate, a theoretical distribution for each incident angle was made. The empirical distribution is
plotted against the theoretical Rayleigh distribution for comparison in Fig. 2. As the grazing
angle is reduced from normal incidence, the distribution broadens, indicating greater variability
in the scattered pressure amplitudes. To further demonstrate this fact, in Fig. 3 is plotted the
resulting estimates of b(θi). The value of the Rayleigh parameter increases smoothly as the
grazing angle is increased. This is further evidence that the scattered pressure distribution is
more peaked near normal incidence and more broad near grazing incidence.

Fig. 3: Above is plotted the Rayleigh parameter b describing the distribution of
scattered pressure amplitudes as a function of incident beam grazing angle. b

increases as the grazing angle is increased, demonstrating that the distribution of
pressures becomes more peaked as the beam is brought closer to normal incidence.

Future work will include: performing this study on a variety of surface spectra; incorporat-
ing non-Gaussian surface statistics; increasing the number of realizations used; and performing
similar calculations using a penetrable interface with some sediment physics.
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Abstract: Acoustic remote sensing for sediment classification is an active area of 
research. Due to the widespread use of the single-beam echo-sounder (SBES), it is of high 
interest to have available sediment classification methods for this system. Several 
approaches towards SBES sediment classification have been developed. A distinction 
often made is between the empirical (or phenomenological) and model-based approaches. 
Phenomenological approaches base the classification on signal features such as time-
spread and signal energy. Model-based approaches use a physical model to predict the 
signal shape. Through a search for the sediment parameters that maximize the match 
between modelled and measured signal the sediment is classified. The advantage is that 
these methods provide the sediment parameters and that, in principle, no independent 
measurements such as sediment samples are needed. The disadvantage lies in the required 
computational time. In contrast, phenomenological approaches are computationally 
inexpensive. Features of the signals are fed into a principal component analysis. Cluster 
analysis of these principal components reveals the number of sediment classes and assigns 
a class to each SBES measurement. Independent information is needed to convert these 
classes to sediment parameters. Still, the features itself contain information on the 
sediment parameters. For example, high signal energies are expected to indicate coarser 
sediments due to the increasing sediment roughness, sound speed and density with 
increasing mean grain size. Models can be used to gain insight in the behaviour of all 
features as a function of sediment parameters. In this contribution we investigate the 
possibilities of adding modelling to the phenomenological classification approach, 
thereby combining the best of the two approaches. 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1661 -

mailto:m.snellen@tudelft.nl


 

Keywords: Sediment classification, Single-beam echo-sounder, Acoustic modelling 

1. INTRODUCTION  

Numerous applications require up-to-date information about sea- or river-floor 
composition. A common approach for obtaining this information is to take samples of the 
sediment. Alternatively, acoustic remote sensing techniques can be employed for 
classifying the sediments, where use is made of measurement equipment such as single-
beam echo-sounders (SBES) and multi-beam echo-sounders (MBES) which are already 
used for bathymetric measurements. Whereas single-beam echo-sounders acquire a single 
measurement per ping, multi-beam echo-sounders can take up to 500 measurements per 
ping along a wide swath perpendicular to the direction of navigation.  

A number of classification approaches for both the SBES and the MBES are presented 
in literature. In general, a distinction can be made between the phenomenological (or 
empirical) and the model-based (or physical) approaches. In the phenomenological 
approaches, features, such as energy or time-spread, are derived from the received echo 
signals. These features are known to be indicative for the sediment type. However, 
independent measurements, such as sediment samples or cores, are needed to link the 
sediment classes, obtained from signal features, to real sediment properties or sediment 
type. In contrast, the model-based approaches make use of physical models and determine 
the seafloor type by maximizing the match between modelled and measured signals or 
signal features, where seafloor type, or parameters indicative for seafloor type, are input 
into the model. The advantage of this approach is that, in principle, no independent 
measurements are needed since application of the model-based approach directly provides 
the sediment parameters. 

In this contribution we focus on the SBES system, a system that is extensively used. 
Several model-based approaches towards SBES classification exist, mainly differencing in 
the complexity of the model. Model-based SBES classification approaches are described 
in, for example, [1] and [2]. These approaches are based on matching the full echo 
envelope. In this way the information available in the signal is maximally exploited. In [1] 
and [2], three sediment parameters are sought for, being the sediment mean grain size, the 
sediment roughness spectral strength, and the volume scattering parameter. The result of 
applying this approach is a map of the three parameters. However, complex modelling and 
optimization techniques are required. To find the set of unknown sediment parameters that 
results in a maximum agreement between modelled and measured echo-shape, in general, 
is computational expensive as many forward calculations are required. 

Also several empirical approaches towards SBES classification are described in 
literature, e.g. [3], [4] and [5]. The approaches mainly differ in the features of the signal 
accounted for. The features might be correlated or might not contain information at all. In 
order to transform the different but possibly correlated features into a smaller number of 
uncorrelated variables, a principal component analysis (PCA) is applied. In general, 2 or 3 
principal components are found to be sufficient for almost completely describing the 
features’ variations. A clustering algorithm is applied to reveal clusters in the principal 
component space, where each cluster is considered to belong to a different sediment type. 
These empirical approaches are fast. Neither modelling nor optimization is required. A 
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severe drawback of these methods is, however, that they provide acoustic classes only. 
Samples of the sediment are needed to convert the acoustic classes to sediment properties. 

In this contribution we investigate the potential of supporting empirical SBES 
classification methods with modelling. Section 2 provides a short description of the SBES 
empirical classification method of [3]. Section 3 describes a model for predicting the 
SBES echo shape. In Section 4 it is investigated if this model can be used for assigning 
sediment parameters to the acoustic classes obtained from the empirical classification 
method. This contribution ends with the summary and conclusions in Section 5. 

2. AN EMPERICAL APPROACH TOWARDS  SINGLE-BEAM ECHO-
SOUNDER SEDIMENT CLASSIFICATION 

A detailed description of an empirical SBES classification method can be found in [3]. 
Here only a very short description is presented, together with some results of applying the 
method to SBES data. For further details and results we refer to [3]. 

The data considered were SBES data acquired in November 2004. The area where the 
data were taken is located in the North Sea, close to the Cleaver Bank and Botney Cut, 
north-west of the Netherlands. The area is of interest due to its variability in sediment 
types. Water depths in the area vary between 30 and 60 m. A dense pattern of east-west 
tracks was sailed, while taking the SBES measurements. 

For the classification approach of [3], the echo shape parameters considered were the 
total energy, time-spread, skewness, and the flatness at three frequencies, being 12, 38, 
and 200 kHz. This results in 12 features in total. The echo shape parameters were 
extracted for individual pings at these three frequencies. To reduce the statistical 
fluctuations, the features were averaged over a sufficiently large number of adjacent pings. 
As an example, Fig. 1 shows for the 38 kHz data the resulting echo energy, time-spread 
and skewness, respectively. 

A PCA was then applied to decorrelate the correlated echo shape parameters and to 
reduce the dimensionality of the data. To discriminate between different acoustic classes, 
the K-means clustering method was applied to the first three principal components. Three 
clusters, corresponding to three main acoustic classes, were identified. Fig. 2 shows the 
resulting classification map. Also shown in the map, as the coloured squares, is a 
classification obtained from sediment samples that were taken in the area. It can be seen 
that, in general, the results of the acoustic classification are in agreement with the grab 
samples collected.  These samples are not only of use for assessing the acoustic 
classification performance, but are also needed to assign a sediment type or sediment 
parameters to the different classes. Table 1 indicates the mean grain size values typically 
corresponding to the three sediment classes as derived from the Folk class classification of 
the grabs, with the mean grain size expressed as Mz in  units ( 2[ ] log [mm]  zM d ). It 
is seen that with increasing class, the sediment is coarser. 

Often, however, samples are not available or are such that not all acoustic classes are 
sampled. For these situations, modelling might add the required information. 

 
Acoustic class Mean grain size Mz () 

1 6 
2 1.5 
3 -1 to 0.5 

Table 1: Values for the mean grain size for each of the acoustic classes as obtained      
from analysis of the sediment samples. 
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Fig.1: 38 kHz SBES signal features: (a) Energy; (b) Time-spread; and (c) Skewness. 

 

 
Fig.2: Acoustic classification map (figure 7a from [3]).The colours indicate the three 
different classes as obtained from the empirical classification approach. The squares 
show the classification as obtained from the sediment grabs. 

3. THE MODEL FOR PREDICTING THE SINGLE-BEAM ECHO-SOUNDER 
ECHO 

For the shape of the echo intensity as received by the SBES we can write 
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with  the angle of incidence,  b   the backscattering cross section,  A   the 

instantaneous ensonified area that contributes to the sound received at time t and  B   the 
transmit/receive directivity pattern of the transducer. Symbol  denotes the water 
attenuation coefficient and r is the slant range, i.e., 2 2r x H   with x the horizontal 
distance towards the receiver and H the water depth. S(r) is the shape of the emitted signal, 
projected on the footprint. 

This can be further worked out as 
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Here, 1x and 2x denote the two x-values that bound 2 2
2 1( ), A x x  and 2 2

2 2 r x H is 

the slant range at 2x . For  2x t  we have  
2 2

2
2 4

 
c tx t H , with c the speed of sound in 

the water, which is assumed to be constant.  1x t  is dependent on t according to 

- For 0t t T  :  1 0x t   

- For 0t t T  :  
2

2
1 2 2

ct cTx t H 
   

 
 

with 0
2Ht
c

  and T the pulse duration. 

 B   is known given the transducer configuration. In literature several expressions for 

the backscattering cross section  b   are described. For the work described here, we 
have considered the backscattering cross section as presented in [6], i.e. 

      vrb  . Thereby, both the backscatter cross section due to interface 
roughness scattering r and the one due to volume scattering v are accounted for. Both 
are calculated per unit area and per unit solid angle. 

Parameters that are input into the model are listed in Table 2. While the interface 
roughness scattering mainly varies with the spectral strength w2, the volume parameter 2 
is the crucial parameter for the volume scattering. 

 
Seafloor parameter Symbol 
Mean grain size Mz 
Sediment – water ratio of mass density 
Sediment – water ratio of sound speed 
Imaginary to real wave number ratio 
Sediment volume scattering cross section to attenuation coefficient ratio 2 
Exponent of the bottom relief spectrum 
Strength of the bottom relief spectrum [cm4] w2 

Table 2: Seafloor parameters and their symbols. 
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4. APPLICATION TO SBES DATA 

In [2] the model for predicting the received echo shape, as described in the previous 
section, is used for model-based classification, where the mean grain size, the spectral 
strength and the volume parameter are determined by maximizing the match between 
modelled and measured echo. 

Here we use the model to derive relationships between signal features and sediment 
properties, where we assume all parameters of Table 2 to be related to the mean grain size 
through empirical relations. Fig. 3 shows the result of this analysis for the echo energy, 
echo time-spread and echo skewness as the black squares. The calculations have been 
carried out for the 38 kHz echo-sounder, i.e., the opening angle if the SBES considered 
amounts to 9.6 degrees and the pulse length is 256 s. The SNR ratio was assumed to be 
~20 dB which is representative for at least part of the measurements. 

The time structure of echo envelopes depend on the sediment parameters, but also on 
characteristics of the SBES, such as the beam-width and sidelobes. Consequently, the 
features extracted are not intrinsic to only the seafloor but to the combination of seafloor 
and echo-sounder. This is visible, for example, in the behaviour of the echo energy as a 
function of the mean grain size. It is expected to increase for increasing sediment grain 
sizes, but the limited beam-width results in a decrease of the echo energy for the coarser 
sediments (Mz < 1). Also the relation between time-spread and skewness with the mean 
grain size is affected by the SBES characteristics. 

Also shown in Fig. 3, as the blue shaded areas, is the range of values found for the three 
features in the areas that were classified as class 1 in Fig. 2. These figures indicate a very 
good agreement in the measured feature values (Fig. 1) and those predicted by the model. 
Based on the results of Fig. 3, it is clear that acoustic class 1 corresponds to fine sediment, 
i.e., a high (> 5) value for Mz, in agreement with the information obtained from the 
sediment samples (Table 1). 

 
Fig.3: Modelled features (Energy E, Time-spread T and Skewness) as a function of mean 
grain size. The blue shaded areas indicate the range of feature values encountered for the 
class 1 sediment (Figs. 1 & 2). 

 
A similar approach is taken for the other two acoustic classes. Fig. 4 shows the results 

for acoustic class 2 as the green shaded areas that represent the range of values for the 
three features in the areas classified as class 2. The black squares indicate the model 
predictions. These differ somewhat for those of Fig. 3, accounting for the imperfect 
correction of the features for water depth ([7]). (Class 1 is found in areas with water 
depths typically amounting to 50 m, whereas the water depths in the class 2 areas are ~ 45 
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m, and ~40 m in the class 3 area. The corrections are such that the features are 
representative for a 45-m water depth.). 

Based on the results for the energy and time-spread presented in Fig. 4 it can be 
concluded that class 2 corresponds to a sediment type with a mean grain size of ~3 . 

 
Fig.4: Modelled features (Energy E, Time-spread T and skewness) as a function of mean 
grain size. The green shaded areas indicate the range of feature values encountered for 
the class 2 sediment (Figs. 1 & 2). 

 
Fig. 5 shows the results for acoustic class 3. Based on energy and time-spread the 

results indicate that the class 3 sediments are coarser than the class 1 and 2 sediments, 
with a mean grain size smaller than 3 . Considering the values for the skewness, it can be 
seen that there is no agreement between the measured values for the skewness and those 
predicted by the model. Careful inspection of the predicted echo shapes indicate that this 
is due to arrivals in the predicted echo resulting from the presence of sidelobes in the beam 
pattern. This indicates the high sensitivity of the predicted values for the skewness to exact 
knowledge of the transducer characteristics. 

 

 
Fig.5: Modelled features (Energy E, Time-spread T and skewness) as a function of mean 
grain size. The red shaded areas indicate the range of feature values encountered for the 
class 3 sediment (Figs. 1 & 2). 

5. SUMMARY AND CONCLUSIONS 

In this contribution we demonstrate the potential of adding a modelling component to 
empirical acoustic classification approaches. The empirical classification approaches base 
the classification on features of the received echo, such as time-spread, energy and 
skewness. They are computationally inexpensive, but their drawback is that sediment 
samples are needed to convert the derived acoustic classes to sediment parameters. 
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By knowing the relation between the features and sediment parameters, however, the 
availability of sediment samples becomes less crucial for this conversion. In this 
contribution we have employed a model for predicting the received SBES echo to derive 
the required relations between signal features and sediment parameters. 

By considering SBES data, taken by a 38 kHz echo-sounder in an area with a range of 
sediment types, it is demonstrated that modelled feature values are in very good agreement 
with those obtained from the measurements. From earlier work, where an empirical 
classification approach was applied to the data, the sediment distribution in the area was 
mapped, with the sediments being assigned to three different acoustic classes. For each of 
the classes, their range of features was determined. By employing the relations between 
features and mean grain size, the three classes could be converted to a range of mean grain 
sizes. The thus determined conversion from acoustic class to mean grain size is in good 
agreement with the conversion established through the use of sediment samples. 
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 HIGH FREQUENCY BOTTOM BACKSCATTERING STRENGTH 
AT SHALLOW GRAZING ANGLES 

Nicholas P. Chotiros 

Applied Research Laboratories, The University of Texas at Austin, PO box 8029, Austin, 
TX 78713-8029, USA, chotiros@arlut.utexas.edu. 

Abstract: Bottom backscattering strength is often assumed to be related to sediment type, 
quantified in terms of the mean grain size. A relationship between mean grain size and 
backscattering strength has been demonstrated in the laboratory using well-sorted sands, 
and it can be shown to be consistent with a multiple scattering process. However, in the 
natural environment, the backscattering strength is dominated by other processes that are 
connected to neither mean grain size nor sediment type. These conclusions may be 
reached by examining the extant published literature. It may be deduced that there are 
several scattering mechanisms. In some cases, these processes may be distinguished by 
their dependence or independence on frequency and other factors. The published 
measurements may be considered as a collective database, which may be used to gauge 
the effectiveness of current models, and point the way forward to future improvements. 

Keywords: Backscatter, High-frequency, grain size, roughness 
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INTRODUCTION  

High frequency bottom backscattering strength has been measured by many 
investigators since the early 1950s, and a significant data base may be constructed from 
the extant published results. The scattering process is inherently random, and therefore 
many measurements are needed before any meaningful statistic may be extracted. Let us 
arbitrarily define "high frequency" as being between 1 kHz and 1 MHz, for the purposes 
of this analysis. This is a very broad range that includes laboratory measurements at the 
higher end of the band, and field measurements in the middle and lower end of the band. It 
includes a variety of bottom types from soft mud through sand, pebbles and rock. In the 
field, the particles are generally poorly sorted, the result of natural forces and seasonal 
events. In the laboratory, they tend to be clean and well sorted.  

 
 

 
Fig. 1(a) Backscattering strength as a function of frequency from numerous sources, at 

a grazing angle of 10 degrees. 
 

Backscattering strength is defined as the mean acoustic backscattered intensity 
referenced to a unit distance from the scattering interface, per unit area, in response to an 
incident wave of unit intensity. It is usually plotted as a function of grazing angle. Most 
sonar applications, particularly minehunting, involve grazing angles 10 degrees and 
below, because of the need to maximize the range between sensor and target within a 
limited water depth. Most direct measurements of backscattering strength, using a sound 
source and receiver, are made at grazing angles 10 degrees and above because of the 
difficulty in obtaining reliable measurements at smaller angles. Since this angle lies at the 
intersection of the needs of the applications and the availability of measurements, it will 
be used as the preferred angle for comparing measured backscattering strengths. The 
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reported values in the extant publications [1-23] as a function of acoustic frequency are 
shown in Fig. 1(a) and the key to the data source is shown in Fig. 1(b). 

  
Fig. 1(b) The legend for the data points in Fig. 1(a). 

 
The backscattering strength values in Fig. 1(a) do not appear to follow any consistent 

frequency dependence. There are several data sets in which backscattering strength 
increases with frequency, as one might expect, but there are also some data sets which 
show the opposite trend. Taken as a whole, the mean and standard deviation of the 
backscattering strength are -34 and 7 dB, respectively. Since the standard deviation of a 
stationary random process is known to be 5.6 dB, it must be concluded that there is more 
than one process present. From the point of view of reverberation modeling, in the absence 
of any environmental information, it would seem that a backscattering strength of -34 dB 
at 10 degrees would be a good first guess. 

GRAIN SIZE DEPENDENCE 

A more interesting result is obtained when the backscattering strength is plotted as a 
function of the normalized grain size, that is the wavenumber in water k multiplied by the 
mean grain diameter d. The result is shown in Fig. 2. The laboratory measurements, using 
sorted, clean and degassed sands with a flat interface [17], fall on a straight line with a 
slope of 30 dB per decade of the value of kd, as shown in the figure. This also seems to be 
the lower bound of all the measurements at kd values less than 1. 
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Fig. 2. Backscattering strength as a function of the wavenumber in water multiplied by 

the mean grain diameter, kd. 
 

It can be shown that this lower bound is consistent with a multiple scattering process. 
Schwartz and Plona [24] have shown that the attenuation of sound waves as, in dB per unit 
distance, due to multiple scattering in a dense suspension of particles increases at a rate 
proportional to the fourth power of frequency. More precisely, it increases as the fourth 
power of wavenumber and the third power of grain diameter, multiplied by a constant C, 



as Ck
4d3 (1) 

Using the relationships between the different forms of attenuation given by Hamilton 
[5], it can be directly related to the fractional energy loss per wavelength E, 



E 
as

20log(e)
 (2) 

Dividing by the wavelength , the fractional energy loss per unit volume E is shown 
to be directly proportional to the attenuation, 



E 
E



as

20log(e)
 (3) 

Given that a fraction b of the energy loss per unit volume E may be reradiated, the 
volume scattering cross-section v would be, 
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v  bE  (4) 

Since a grazing of 10 degrees is well below the critical angle of water-saturated sand, 
the acoustic energy may only penetrate in the form of an evanescent wave, which has a 
depth of penetration that is approximately equal to the wave length , giving an interface 
scattering cross-section of v. Substituting from the above, and noting that k=2/, the 
bottom scattering strength Sb is approximately given by, 



Sb 10log
v

4









10log

Cb

20log(e)









 30log kd  

(5) 

 This expression indicates a slope of 30 dB per decade of the normalized grain size kd, 
consistent with the observed trend. 

Unfortunately, this is a lower bound that is far below most of the measured values of 
backscattering strength in the field, which suggests that the multiple scattering from the 
sediment grains is only a minor part of the total backscattering strength in the ocean 
bottom.  

THREE REGIMES OF SCATTERING 

The kd values in Fig. 2 may be conveniently divided into three ranges, A, B and C, as 
shown. In A, scattering from the grains through the multiple scattering process is 
negligible, and other environmental factors completely dominate the backscattering 
process, such as interface roughness and volume inhomogeneities. In the region B, the 
value of kd is approximately unity, and the multiple scattering process may be expected to 
be an important component, if not the dominant component, of the backscattering 
processes. The backscattering strength is expected to reach saturation, since from 
conservation of energy considerations, it cannot keep increasing at 30 dB per decade 
indefinitely. The data suggests that the saturation value may be around -21 dB, which is 
the predicted upper limit for an angle dependence that follows Lambert's rule. Finally, in 
region C, the wave length is small compared to the grain size, if the concept of grain size 
may be used at all. Scattering is expected to be dominated by the facets on the surface of 
large objects, such as facets on boulders or coral reefs. Depending on the orientation of the 
facets relative to the incident wave direction, the acoustic energy may be scattered away 
from the sensor, giving a very low value of backscattering strength, or reflected directly at 
the sensor to produce a large scattering strength. In this region, a very large range of 
scattering strength values may be expected, consistent with the large spread in values in 
region C. 
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Abstract: A sediment budget study in the coastal zone off Geraldton in Western 
Australia aims to identify sediment sources, sinks and transport pathways within 
shallow coastal embayments. The spatial distribution of sediments and seagrass 
cover in the survey area were surveyed using sediment samples, towed video and 
acoustic backscatter (BS) data collected with a multi-beam echo sounder (MBES). 
Sediment grain size was determined following standard dry sieving procedures. The 
MBES BS data were processed using the Centre for Marine Science and 
Technology (CMST)’s multibeam sonar processing toolbox and the BS strength as a 
function of incidence angle (known as Angular Response curve, AR) was extracted 
at the ground truth locations. The mean BS and slope of the oblique angles of the AR 
curves allow an initial separation of different habitat types, but are significantly 
correlated. A multivariate statistical approach (Fisher's Linear Discriminant Analysis) 
was used to derive uncorrelated parameters that were useful for seafloor 
classification. Additional data will be analysed in the area to refine the existing 
model, which will further investigate the relationships between BS strength and the 
density and canopy height of macroalgae and seagrass. 

Keywords: multibeam backscatter, angular response, habitat mapping, sediment grain size, 
seagrass, macroalgae. 
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1. INTRODUCTION 

Sediment budget studies aim to determine the volume of sand circulating in coastal 
environments, and are based on the understanding of sediment sources, sinks and transport 
pathways. A sediment budget study is ongoing at Geraldton (Western Australia) and 
preliminary results show that the highest in situ production of sediment is linked to shallow 
seagrass communities. 

A multi-beam echo sounder (MBES) system was used to produce bathymetry and 
backscatter (BS) data throughout the study area. The bathymetry data is used to describe the 
underwater morphology which influences sediment pathways and is partly a result of the 
local sediment transport. The bathymetry data also identifies topographic features indicative 
of sediment pathways (i.e. ripples, sand waves, scours) and repeated bathymetric surveys 
provide information on sediment volume changes, which are useful for sediment budget 
calculations. The BS data are used to map the benthic habitats, which are closely connected 
to sediment production and beach stability. The South and Western Australian coast is 
dominated by shallow seagrass meadows associated with fine sands, and these contribute to 
supplying sediment to the beaches and trapping sediment moving offshore and circulating in 
the coastal environment. Macroalgae dominated reef systems, associated with medium/coarse 
sands, are also common off the Geraldton coast and protect the coastal embayments from 
swell waves, which also influence sediment dynamics. 

Analysis of MBES BS data has been used to carry an acoustic classification of seafloor 
habitats along the Australian coastal zone [1]. The correlation between sediment grain size 
and MBES BS has been extensively documented [2, 3] and the utilisation of backscatter 
angular response (AR) curves for seafloor characterisation is well established [4], however 
the acoustic response from seagrass meadows is not well understood [5]. The relationship 
between MBES BS properties and seafloor epi-benthic cover, such as seagrass, and sediment 
grain size extracted at the ground truth locations is investigated in this paper. 

 

2. METHODS 

2.1 Data collection 

Geraldton is situated approximately 400 km north of Perth in Western Australia and 
sediment samples were collected there, along a 1km x 1km spaced grid in November 2009. 
During the survey, it was found that the sediment/water interface was sufficiently 
consolidated to impede grab sampling; consequently a steel pipe dredge was used. The pipe 
dredge sampling operations involved boat drifting, this combined with the positioning system 
capability neat positioning accuracy ±20 m for the sediment samples. 

A MBES survey was carried out in November 2010 using a Western Australian 
Department of Transport hydrographic vessel. The survey area covered the embayments 
north and south of the city of Geraldton, between 2 and 30 m depth. Only part of these data is 
presented in this study, located in an area of significant complexity, in terms of morphology, 
habitats and substrates. Data were acquired using a Reson Seabat 8101 MBES system, which 
operates at 240 kHz and has a swath width 150° across track and 1.5° along track.  

A towed video survey followed the MBES survey in December 2010. The video transects 
were 200 m long and their locations replicated the sediment sample positions. High resolution 
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images were captured from the video footage approximately every 10 m and the positioning 
system used had an accuracy of ± 15 m. 

2.2 Analysis of ground truth data  

Salts were removed from the sediment samples, and representative samples of the bulk 
were isolated using standard procedures. Dried samples were sieved using a mechanical 
sediment sieve shaker with -1 to 4Ø sieve units at 0.5Ø intervals based on the Udden-
Wentworth grain size scale. GRADISTAT software [6] was used in the calculation of grain 
size statistics. 

Underwater photography was used to assess the relative abundance of epi-benthic cover 
through visual comparison with a photo guide specifically developed for seagrass dominated 
habitats [7]. Seagrass, macroalgae and sandy substrates were the main categories identified in 
the study area. Seagrasses included Posidonia sp. and Halophila sp. 

2.3 MBES backscatter data processing 

The BS data were collected using a Reson Seabat 8101 MBES through the snippet option, 
which collects seafloor BS envelopes for each beam. MBES data were processed using the 
Centre for Marine Science and Technology (CMST)’s multibeam sonar processing toolbox, 
which was developed in MATLAB® [8]. The CMST’s processing toolbox calculates the BS 
energy from the snippet signals and reduces these values to the width of the transmitted pulse, 
and removes the time variable gain (TVG) applied by the MBES system. The surface 
scattering coefficients are calculated by correcting the BS energy for the actual spreading and 
absorption loss for each beam and normalised for the footprint insonification area, and the dB 
scale values are referred to as BS intensity throughout this paper. The across-track beam 
pattern for Reson Seabat 8101 MBESs is known to not be uniform [9] and this has not been 
measured or corrected for the MBES system used in this study, so the BS data are compared 
relatively to each other. To produce a map of mean BS intensity the AR was corrected by 
removing the mean AR from a sliding window of 30 consecutive pings of data, then restoring 
values to the mean BS at 30° [1, 8]. 

2.4 Analysis of MBES backscatter data 

BS AR curves were constructed for each ground truth station using a search radius of 50m. 
From these AR curves the mean BS and mean slope were calculated for near-vertical (0° - 
15°) and oblique incidence (20° - 60°) angles. 

Fisher's Linear Discriminant Analysis (LDA) was used to derive features from the AR 
curves that were useful for separating the main seafloor habitats: seagrass > 50%, algae > 
50%, sand > 50%, and seagrass, algae and sand <50%. A total of 89 cases was used for the 
analysis. 

 

3. RESULTS 

Fig.1 shows a map (1 m grid) of mean BS intensity of the study area, with ground truth 
stations overlayed on it. The study area is characterised by complex morphology and habitat 
distribution, with a prominent feature consisting of shallow reefs colonised by macroalgae on 
a medium/coarse sandy substrate (2-20 m depth). Seagrass meadows are common closer to 

4th International Conference and Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

- 1681 -



the shoreline (2-7 m depth), but their distribution is discontinuous and seagrass density 
variable. Halophila sp. was found associated with medium sands, while Posidonia sp. is 
associated with fine sand substrates. The canopy height of Halophila sp. is generally <20 cm, 
a marked contrast with Posidonia sp. that reaches 1 m height. Sandy patches are often 
adjacent to seagrasses and macroalgae dominated habitats, varying from well sorted fine 
sands to medium/coarse sandy substrates. A combination of seagrasses and macroalgae was 
also observed on predominantly medium/coarse sandy substrates. 

 

 

Fig.1: Map of BS intensity and ground truth stations. 

 
The AR curves allowed us to distinguishing the seabed types found in the study area 

(Fig.2): macroalgae >50%, seagrass (Halophila sp. and Posidonia sp.) >50%, sand >50% 
differentiated as fine sands and medium/coarse sands, and finally a combination of 
macroalgae cover <50%, seagrass <50% and sand <50%. Dense macroalgae communities 
have the highest BS intensity measured, but have a similar AR curve to medium/coarse sandy 
substrates, Halophila sp. communities and mixed seagrass/macroalgae habitats. Posidonia sp. 
meadows on fine sands show a similar AR curve to fine sandy substrates and have the lowest 
range of BS intensity measured and the highest slope gradient.  

Of the different metrics calculated from the AR curves, the most useful for seafloor 
classification were the mean BS intensity and slope of the oblique incidence. These AR 
properties can be used to identify the different seafloor types (Fig.3), but these properties 
were highly correlated (R = 76%). The mean BS intensity and slope of oblique incidence 
angles of macroalgae dominated habitats and medium/coarse sandy substrates were between -
9 and -13 dB, and -0.09 and 0.03 dB/deg., respectively. These parameters from Posidonia sp. 
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meadows and fine sandy substrates were more disperse than macroalgae with a range values 
between -13 and -19 dB for the mean BS intensity and between -0.3 and -0.09 dB/deg for the 
slope of AR at oblique incidence angles. The heterogeneous habitats resulting from a 
combination of low seagrass and macroalgae cover and the Halophila communities do not 
show a clear pattern.  

 

 

Fig.2: AR curves of the main seabed types found in the study area. Refer to Fig.1 for their 
location on the BS map. 
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Fig.3: Mean BS intensity versus slope of the oblique incidence angles of the AR. Posidonia 
meadows and fine sandy substrates are characterised by low BS and AR slopes. Macroalgae 

communities and medium/coarse sediments have higher BS and slope values. 
 

The main seafloor habitats found throughout the study area were also distinguished 
through the features derived from Fisher's LDA of the AR curves. Fig. 4 shows the scores of 
first (Feature 1) and second (Feature 2) linear combinations derived from Fisher's LDA. 
Feature 1 separates the different habitats identified in this study (as visible in Fig.4 from left 
to right): seagrass meadows, sandy substrates, mixed seagrass and macroalgae communities 
surrounded by sandy substrates, and macroalgae dominated communities. Macroalgae and 
seagrass communities (top of Fig.4) were also distinguished from sandy susbstrates and 
mixed seagrass and macroalgae communities (bottom of Fig.4) by Feature 2. The separation 
between habitats in Fig. 4 is greater than in Fig. 3 and they are also not significantly 
correlated. 
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Fig.4: Plot of scores deriving from Fisher's LDA of the BS AR curves. Four seabed types 
were differentiated: seagrass meadows,  sandy substrates, macroalgae communities and 

mixed seagrass and macroalgae communities. 

 

4. CONCLUSIONS 

The results presented here show that BS intensity is influenced by sediment grain size, and 
extent of the epi-benthic cover on the sea bottom as previously identified by other studies [2, 
3, 4, 5]. At the moment, though, it is unclear whether the high BS intensity from macroalgae 
was due to scattering from the macroalgae or the coarse sediments and hard bottom beneath 
these communities. Also, further investigation is required to explain the large variation in BS 
intensity from seagrass communities, in particular, to determine if it is related to the type of 
seagrass, % of seagrass cover, changes in the sediment beneath the seagrass or a combination 
of these parameters. 

As only part of the available data has been analysed and is presented in this paper, a more 
detailed and comprehensive analysis will further develop our understanding of this complex 
relationship between BS and seafloor habitat properties. For instance, canopy height of 
macroalgae and seagrasses are additional data available for this study, and will hopefully 
provide further inside about the different acoustic response of different seagrass species. 

Although the mean BS intensity and slope of the oblique angles of the AR curves were 
able to separate different seafloor habitats, they were highly correlated, which is to be 
expected. Hence, a multivariate statistical approach (Fisher's LDA) was used to derive 
uncorrelated parameters that were useful for seafloor classification. 
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Abstract: Macrophytes are an important indicator of climate change in Arctic 
environments and are best mapped with echosounders. Several surveys in Kongsfjord, 
western Spitsbergen, have used single-beam and multibeam echosounders in conjunction 
with ground-truth and measurements of the overall biomass. This paper focuses on the 
comparison of multibeam and single-beam measurements of macrophytobenthos and its 
spatial distribution in Arctic Summer 2007. The latter (Biosonics DTX, 420-kHz 
frequency) uses a single-beam, approximately 5.2° wide, whereas the former (Imagenex 
Delta-T 837 imager, 260-kHz frequency) uses up to 480 beams over 120° x 20°. 
Backscattering strengths vary with angles and this comparison investigates the role of 
angular response for bottoms covered by macroalgae. The role of the different frequencies 
in imaging these acoustically complex (and thin) targets is also investigated. Data from 
single-beam and multibeam echosounders are compared to show benthic macroalgae 
influence on reflected signal variations. Additional tools for more efficient echo signal 
processing are presented for multibeam signal analysis and visualisation. The resulting 
map of benthic habitats classification includes macroalgae spatial and height distribution. 
 

Keywords: Habitat mapping, Multibeam echosounder, Single-beam echosounder, 
Macroalgae, Arctic environment 
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1. INTRODUCTION 

Acoustic methods for habitat mapping are recognized as a very efficient tool for the 
scientific study of benthic communities and as an important decision support for marine 
resources management [1]. This is especially true in periglacial ecosystems, where the 
intense and dynamic processes due to global warming can be mapped using underwater 
acoustics [2]. Fjord ecosystems are one of the key elements of polar environments, 
reflecting how global changes influence local areas and enabling their measurement at 
small scales. Their monitoring allows the creation of environmental models of their future 
evolution and the tracking of the key environmental factors. 

Macroalgae are a very important but hardly known and often neglected indicator of the 
state of polar fjords. They are quite large, underwater plants, living attached to the rocky 
bottom or to single stones. They play a significant role as a habitat for benthic 
communities and, as primary producers, are one of the basic components of the very 
sensitive Arctic food chain. Macroalgae grow in the littoral and sub-littoral zones, mainly 
0-20 m deep [3], in small, patchy communities or densely over large, hard rocky bottoms. 
Their blades reach 2-3 m but the main species in Kongsfjord are smaller (0.5-1.5 m). 

The main aim of this study was to compare two independent acoustic systems: single-
beam and multibeam echosounder, for macrophytobenthos mapping. Single-beam 
echosounder signal analyses have been used for many years for seaweeds and seagrass 
mapping [4,5] but the potential of multibeam echosounder for this purpose has not been 
fully explored yet and is a quite new area of interest for acousticians. Previous researches 
have shown significant influence of beds covered by algae on acoustic backscattering 
strength [2,6,7]. Acoustical methods were successfully used in the research of macrophytes in 
Hornsund fjord (West Spitsbergen) in Summer 2005 by our team [2,7]. Multibeam 
echosounders, covering large bottom areas during each transect [7, 11] had not been used 
before in Spitsbergen fjords for macrophytobentos mapping. The most important question was 
how macroalgae influence the acoustic signals backscattered over a wide range of angles, and 
whether all MBES beams can be used efficiently. Biological data was also collected for 
ground-truthing of remote sensing methods and results.      

2. ACOUSTIC MAPPING OF MACROPHYTES 

2.1. Study area 

The acoustic mapping was carried out in Arctic Summer 2007 in the North-West 
Spitsbergen fjord of Kongsfjord. It is an open fjord, without sill at the entrance so it is 
exposed to Atlantic, warm water inflow from the West Spitsbergen Current, which can 
change the local environment very distinctly. The fjord is 26-km long, 4-11 km wide, and 
its main part, without outer area, covers 230 km2. The euphotic zone for macroalgae is 30 
m deep but most of the biomass appears down to 15m [3,8]. The area of interest along the 
coastal zone is about 18.5 km2. During the 2 weeks of measurements, acoustic data were 
collected over a total area of 3.8 km2 (Fig.1). Data collection was from a small boat with a 
low gunwale (Buster-L with aluminium hull). The SBES transducer was pole-mounted on 
the starboard side, with a GPS receiver antenna on the top of the outrigger, and the MBES 
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transducer was pole-mounted in parallel on the port side with its own GPS receiver. All 
acoustic transects were 25-100 m distant and perpendicular to the shore line.   

  

 
Fig.1: Kongsfjord fjord, south, inner part area with benthic substrata information from 

SBES classification during this expedition [9] 

2.2. SBES and habitat mapping 

The Biosonics DTX was operated as the single-beam echosounder, working at 420 kHz 
with a narrow 3-dB beamwidth of 5.2˚. At a range of 0.5-30 m and with a pulse length of 
0.1 ms, it performs with a resolution of ~0.3–0.9 m (according to depth) × 0.08 m, making 
it an efficient and proven device for algae investigation. Its signal is recorded over 57 
samples per meter, on a 25-m range. Obtained SV values (i.e. mean volume backscattering 
strengths) are preprocessed by the built-in system, including for signal loss compensation.  

 

  

22 1122 11

  
Fig.2: Left: Biosonics DTX echogram in shallow water (2-5 m) with algae (lighter 

clouds on dark line marking bottom area) and colour scale in dB. Right: two single echoes 
from places pointed by arrows: 1- macroalgae, 2-bare bottom 

  

Figure 2 (left) shows macroalgae clearly as clouds of weaker backscattering above the 
bottom line of higher backscattering strength. Figure 2 (right) shows two representative 
single-ping echoes in the time domain. The first (1) comes from the bottom area covered 
by macroalgae and the second (2) is from a bare seabed. There are significant differences 
in shape, which were used for parametrical analysis and segmentation algorithms.  
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2.3. MBES and habitat mapping 

The Imagenex 837 Delta-T multibeam (MBES) sonar operated with 120 beams per 
swath (120°) and at a frequency of 260 kHz. Beamwidths are 1° across-track and 20˚ 
along-track. Backscattering strengths could be acquired for the entire water column, which 
is significant for further analysis and design of habitat mapping procedures. The nominal 
vertical resolution of the MBES is 0.2% of the range selected by the user (i.e. 2 cm at 
10m). The digital signal is collected with 50 samples per 1 m (for a related pulse length of 
0.06 ms), whose intensities are coded on 8 bits.  

 

          
 

Fig.3:Left: Imagenex acquisition frame with macrophytes clearly visible above the 
bottom. This is the acoustic representation of a whole ping containing 120 beams after 

slant range correction (which gives a real shape of the bottom). Right: central beam with 
bottom maximum intensity value at around 150 samples and macroalgae backscattering 

 
Figure 3 (left) shows one of the frames acquired by the Imagenex DeltaT software in 

shallow water, showing clearly visible algae pattern. The central beam (Fig. 3, right) is 
represented with intensity variations with time similar to those from the SBES (Fig. 2). It 
is important to remember that MBES echoes vary with incident angles, causing its shape 
to change and making direct interpretations more difficult. 

3. COMPARISON OF SBES AND MBES RESULTS 

3.1. SBES data processing 

The methods used for habitat mapping classification based on SBES echoes are widely 
known [4,7,10]. Here, two approaches were used: signal analysis and image processing. 
Each echo was cut around the bottom samples 1 m below and 2 m above, as seen in the 
top two pictures of Fig.4. Then, classification based on echo shape features divided all 
echoes into 3 groups: bare-bottom rocky areas, mud and areas with algae. 

After statistical analysis, a set of signal parameters was calculated corresponding to the 
morphological and physical properties of benthic habitats. All parameters (e.g. kurtosis, 
maximum, mean value, second-order moment from origin, skewness, standard deviation) 
were normalized and reduced to the most significant part during Principal Component 
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Analysis (PCA). Matlab-based classification algorithms built on fuzzy logic, cluster 
analysis (Gath-Geva, C-Means) and Kohonen’s neural networks (SOM) were used to 
segment all data into 3 classes. 

 

 
 

Fig.4. SBES parameter classification correlated with image analysis and height 
distribution of macroalgae. The upper image shows an echogram with bottom shape, the 

second one is the echogram cut around bottom, the next one shows algae height and 
classification algorithm results: green dots-algae, yellow – mud, red – bare bottom. The 

last chart shows final results of algae height detection algorithm (height in meters) 
 

An edge-detection algorithm, based on image analysis, was used in the Sonar5 software 
[12] to find borders between water, kelp and bottom, thus estimating macrophytes heights. 
This method provides good and fast results, especially for such a large dataset. However, 
parts of the echogram from deeper places, below 20 m, were often classified as algae 
although they correspond in fact to a muddy bottom, as observed on images (Fig.4). 

To resolve this problem, results from habitat classification algorithms and algae height 
estimation were compared. On Fig.4, the third diagram from top shows algae height 
distributions as solid lines and three dotted lines for the classification results: red – bare, 
rocky or sandy bottom; green – macroalgae and yellow – muddy bottom. Considering 
bare-bottom areas from macroalgae height charts gives more real estimates of their height 
distributions (Fig.4). 

The SBES narrow beamwidth (5.2°) yields a relatively small acoustic footprint; 0.5 × 
0.5 m when 5 m below the transducer. This causes a large data gaps between transects. 
This is why MBES is so promising: with 120° beamwidth, it covers almost 20 m across 
track (at the same 5m depth) with very good resolution and in the same time. 

3.2. MBES data processing 

Both SBES and MBES systems were mounted in parallel for this comparison. During 
data collection, no motion unit was used so it was impossible to consider heave, roll and 
pitch influences for backscattering intensity values and bottom detection. However, all 
researches were done during calm weather and bottom profiles do not seem to be much 
distorted. After slant range correction of each ping, each data set was divided into SBES-
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like sections along each angle of incidence (between -59.5° and 59.5°). Only non-
dimensional values of backscattering intensity are recorded by Imagenex software, but 
they are already scaled in terms of beam insonification area and transmission loss.  

 

 
Fig.5. SBES-like sectional view of MBES beams along 0.5°, 20.5° and 40.5° incidence 
angles (from top to the bottom). Echo cut around bottom. Horizontal axis is for ping 

numbers and vertical one is for sample numbers 
 
In each slice, bottom detection was achieved using a maximum-amplitude approach, 

which does not work well for outer beams [5], excluding the 15 outer beams from each 
side, which contained poor data anyhow. The echogram around the bottom line was cut to 
obtain intensity values 1 m below and 2 m above. Fig.5 shows an example of three cut 
slices for 3 angles of incidence: 0.5° (upper beams: upper one), 20.5° (middle slice) and 
40.5° (bottom slice). The area selected is the same as on Fig.4 but according to difference 
in MBES beam positions on the bottom, it is hard to compare directly to the SBES 
echogram. There are macroalgae, hardly visible above bottom line (Fig. 5). The 
macroalgae layer appears in echograms higher above the bottom for more oblique angles, 
which is expected and due to MBES beam geometry. 

3.3. SBES echo and MBES centre-beams comparison 

SBES echoes and MBES centre beams were compared to understand how the presence 
of macroalgae influences the signal recorded by the MBES. The MBES slices in Fig.5 
show gaps in data between pings and are noisier than the corresponding SBES echoes, 
adding to the difficulty of the comparisons (Fig. 6). Fig.6 (left) shows the black line from 
the SBES detection algorithm and is quite smooth even on slopes. Depths extracted from 
the MBES central beam are very similar but need more filtering and smoothing yet. Fig. 6 
(right) compares mean backscattering intensities around the bottom area for each cut ping. 
On the SBES data, values of this intensity are lower for bare bottom areas (rocky, sandy) 
but on the MBES diagrams, they vary with no such strong connection to the benthic 
habitat observed. 
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Fig.6. Comparison of SBES echo data with MBES central beam. Left: depth detection 

evaluation from both tools. Right: mean intensity profiles around the bottom line obtained 
from SBES and MBES echograms 

 
Signals backscattered from macroalgae layers are very weak in MBES, compared to 

bottom sample values. Some image analysis techniques (e.g. texture analysis) were used to 
improve this contrast and make it easier to detect the borders between macroalgae and 
water column and then estimate their heights. Some preliminary results are shown on a 
georeferenced image of macroalgae height distribution in the south part of Kongsfjord 
area (Fig.7.), with macroalgae patches up to 1.2 m high on a blue background (0 bare 
bottom). 

 
Fig.7: Part of macroalgae habitat area in the south part of Kongsfjord with algae 
height distribution pattern inferred from MBES measurements and analyses. 

4. DISCUSSION - CONCLUSION 

The main goal of this paper was to present multibeam echosounder use in terms of 
estimating the existence, range and height of macrophytobentos and compares it to single-
beam echosounding. This acoustic tool has been used so far mostly for bottom depth 
determination and rarely for macroalgae investigation [7,11]. During this research great 
potential was shown in using the entire water-column backscattering data from MBES for 
benthic habitats investigation. Some algorithms were developed for data processing and 
analysis. However, as expected, angular dependence for backscattering from macroalgae 
has a significant effect, to be explored during further experiments. All acoustic results 
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from MBES still need ground-truthing and comparison with biological and SBES data, 
although they already show great potential for more efficient seaweed mapping. 
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Abstract: The Pentland Firth, located between the North coast of mainland 
Scotland and the Orkney Islands, is an area with excellent potential for 
generation of tidal energy. With the first deployment of tidal-stream energy 
devices (TED) anticipated by 2013, the need for ecological and physical baseline 
data is essential to assess possible ecological impacts. As the first part of an 
extensive benthic habitat mapping study, this paper provides an insight to tidal 
flow and types of seabed in the Inner Sound of Stroma – a sub-channel of the 
Pentland Firth with a designated capacity for tidal-stream energy of 400MW. 
Tidal-stream velocity and direction were measured during different stages of the 
tide using a vessel mounted Acoustic Doppler Current Profiler. A high resolution 
Chirp sidescan sonar was applied to gather information on the seabed structure. 
This study marks an important first step in defining and understanding the 
physical environment of benthic habitats in these extraordinary, energetic 
surroundings. Based on these data, further investigations will link physical 
variables with biotic data and thus facilitate formulation of better hypotheses 
regarding potential physical and ecological impacts arising from installation of 
TEDs. 

Keywords: Pentland Firth. renewable energy, benthic habitats, acoustic doppler 
current profiler, sidescan sonar  
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1. INTRODUCTION 

The marine renewable industry has grown rapidly in recent years with 
Scotland currently leading the world in the development and commercialisation 
of wave and tidal energy [1]. In 2010, the first ever commercial development sites 
for wave and tidal energy were awarded by the Crown Estate. The sites, located 
in the Pentland Firth and Orkney Waters (Northern Scotland), have a total 
potential capacity of 1.6 MW, with the first deployment anticipated for 2013.  

Most marine renewable energy sites are located in highly energetic 
environments, which provide restricted access. Accordingly, our understanding of 
these environments is limited and a lack of baseline data makes environmental 
impact assessment difficult [2, 3]. To date, only a few types of full-scale devices 
have been through the key stages of offshore development, [2] i.e. construction, 
operation and decommissioning. Therefore, it is hard to quantify the magnitude of 
possible environmental effects related to their installation. Nevertheless, several 
studies have highlighted potential impacts implicated with deployment of marine 
renewable energy devices [4, 5, 6], along with their uncertainties [7]. Benthic 
habitats are most likely to be disturbed during the construction and 
decommissioning phases, whereas impacts during general operation are yet 
unknown [4, 5]. Besides the obvious impacts of habitat loss and creation due to 
installation, the main concerns are related to alteration of flow rates and wave 
regimes, energy extraction [8] and changes to sediment transport patterns [7]. 
Benthic organisms living in these energetic environments have to withstand large 
hydrodynamic forces, but also depend upon the current flow for transport of 
gases, nutrients, food and dispersal of propagules and waste products [8]. Hence, 
tidal-stream velocities play a major role in determining the distribution of benthic 
habitats and species in these environments and have to be considered in baseline 
studies and subsequent impact assessment. 

Here, the first part of an extensive study to map benthic habitats, gives an 
insight to tidal flow and types of seabed of the Inner Sound of Stroma – a sub-
channel of the Pentland Firth (Fig. 1). Located between the island of Stroma and 
Caithness on mainland Scotland, this site is one of the most energetic tidal areas 
in the Pentland Firth with a designated capacity for tidal-stream energy of 
400MW. Due to tidal stream velocities as fast as 4.5 ms-1 during flood tide and 
0.5 ms-1 on slack tide [9, 10], underwater acoustic and remote sampling methods 
were identified as most appropriate to access this highly energetic environment. 
Here survey methods, developed for these challenging conditions, are described, 
with interpretation for observed patterns in tidal flow and types of substrata and 
discussion of possible relationships between these two variables.  

2. MATERIAL AND METHODS 

2.1  Study area 

The Inner Sound of Stroma (58°38’-58°48’N, 3°11’-3°04W) is approximately 
8 x 3.5 km wide. Water depths reach 35 m through a well defined channel in the 
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north of the Sound. Otherwise depths range from 25 m in the central areas to 3 m 
close to mainland Caithness and the island of Stroma. The study area is in the 
central region of the Inner Sound and covers about 6 km2 (Fig. 1). 

 

 
 

Fig 1.: Inner Sound of Stroma with superimposed study site. 

2.2 Tidal currents 

Tidal stream velocities and directions were measured using a vessel-mounted 
300 kHz Teledyne RDI Workhorse Sentinel Acoustic Doppler Current Profiler 
(ADCP). With the transducer head approximately 1 m below the water surface, a 
total of 20 vertical bins of size 2 m and a 2 m blanking distance were recorded 
using the highest possible sampling rate. In subsequent analyses, data from the 
first bin, centred 4.15 m below the surface, were used. Single-ping bottom 
tracking was enabled to correct for vessel movement. ADCP and navigational 
data, which were simultaneously recorded from an onboard GPS system, were 
averaged in 15 second ensembles. In total 11 legs, oriented North-to-South and 
laterally spaced by 300 m, were surveyed at a vessel speed of 4-5 knots. Due to 
the extent of the survey, legs were divided into four sections to provide a more 
accurate picture of the actual tidal stage (Fig 2). Following a simple method ,data 
for each section were interpolated along track and corrected for time [9]. This 
necessitated estimating the variation in tidal phase along each section with respect 
to a fixed reference, taken as the mid-point of each section. The prediction of tidal 
phase is based on surface elevation from a MIKE 21 model at eight locations 
within the study area (Fig. 2). Resulting differences were subtracted from the 
original ADCP data, providing a snapshot of the tidal streams at mid-track time of 
each section. Two ADCP surveys were undertaken. The first survey started in the 
west of the survey area and monitored a near–spring flood tide (Fig. 2a). The 
second survey observed a near-neap ebb tide and started in the east of the Sound 
(Fig. 2b). 

2.3 Seabed structure 

Types and distribution of substrata were established by a sidescan sonar (SSS) 
survey. A Starfish 450F sonar operating on a CHIRP signal with a nominal 
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frequency of 450kHz was used. The vessel mounted sidescan sonar was towed at 
a speed of 3-4 knots, about 1 m below the water surface. With gain and contrast 
set to -28dB and 57dB respectively and a range of 100 m, a total of 27 SSE-NNW 
orientated transects were surveyed. Allowing for an overlap of 70% in the final 
mosaic, transects were laterally spaced by 140 m. Subsequently to the survey, 
bottom tracking and slant range correction were applied and data were assembled 
into a mosaic. Five different areas were distinguished visually on the basis of 
greyscale variation in the mosaic image (A-E, Fig. 3). Four square subimages 
(200 x 200 pixels) were arbitrarily chosen for each area (Fig. 3). To ensure good 
image quality and to avoid interference between adjacent transects, subimages 
were extracted from the original transect file, not from the mosaic image. First to 
fourth order moments, including minimum, maximum, standard deviation, mean, 
median, skewness and kurtosis, were calculated for pixel greyscale values of  
each subimage using ImageJ. Additionally, grey-level co-occurrence matrices 
(GLCM) over each subimage were calculated at angles of θ = 0°, 90°, 180° and 
270° and then averaged. Moments and GLCM variables were treated as two sets 
of multivariate data and analysed separately. Differences between samples and 
thus areas, were investigated using routines in PRIMER [11]. Data were first 
normalised and similarity matrices calculated using Euclidean distances. Non-
metric multi-dimensional scaling (nMDS) was used to produce ordination plots 
for each data-matrix (Fig. 4a, 4b). Analysis of similarity (ANOSIM) tested the 
significance of differences between subimages and chosen areas for moment and 
GLCM data.  

3. RESULTS 

3.1  Tidal currents 

Interpolated and time-corrected ADCP data for the measured flood tide 
showed the main flow direction going from west-to-east (Fig. 2a). The tide 
entered the Inner Sound from the north-west, bending east around the Stroma 
Skerries, where maximal current velocities of ~ 4.5 ms-1 were measured. In the 
central area of the Inner Sound current velocities did not fall below 3-4 ms-1, 
although a decline in current was apparent from section 1 to 4. To the south-east 
of Gills Bay and immediately south of Stroma, velocities were less, ranging from 
1-1.5 ms-1. A boundary, which separated fast flowing water in the central region 
from slower currents in the bay south of Stroma, was characterised by a severe 
velocity gradient over ~100 m. The direction of flow north of the boundary was 
opposed to the main direction of flow. 

The ebb tide showed the main current direction going from east-to-west (Fig. 
2b). Entering the Inner Sound from the north-east, the main flow was south-
westerly, turning west when passing the Stroma Skerries. Current velocities 
peaked around 2.7 ms-1 near the Stroma Skerries, but otherwise ranged between 
1.5 – 2.5 ms1 in the main flow, located in the northerly part of the survey area. 
Minimal current velocities of ~0.5 ms-1 were measured in Gills Bay and south of 
Stroma. Current velocities in the southern area seldom exceeded 1 ms-1. As with 
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the flood tide, change of current velocities and direction of flow over short 
distances were visible just south of Stroma. 

 

 
 
Fig. 2: Mapped current speeds (ms-1) and directions during (a) flood tide and 
(b) ebb tide. for section (1), section (2), section (3) and  section (4). Cross 

markers indicate locations of extracted MIKE21 model data.  

3.2 Seabed structure 

Five areas (A-E), identified visually as having different grey-scale textures, 
were catagorised as: (A) small ripples in the bay south of Stroma, (B) large wave 
formations in the north-east of the survey area, stretching wedge-shaped towards 
the west, (C) craggy surface with incorporated north-south orientated steps, (D) 
smooth surface with channel-like patterns and (E) rugged surface with round 
shaped objects (Fig. 3).  

In multivariate ordinations, data from sub-images in these sample areas (A to 
E) formed distinct groups with each set of data, although were less marked with 
GLCM (Fig. 4). In each case, multivariate analysis showed significant differences 
between these areas (ANOSIM: Moments, Global R=0.673, p=0.001; GLCM, 
Global R=0.529, p=0.001). For the moments, all pairwise comparisons were 
significantly different. For the GLCM, pairwise tests showed that areas A & D 
(R=0.01, p=0.49), B & D (R=0.18, p=0.17) and C & E (R=0.37, p=0.14) did not 
differ significantly, reflecting the overlap of these areas in the nMDS-plot (Fig. 
7b). Other pairwise comparisons were significant (R > 0.6, p < 0.06).  
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Fig. 3: Sidescan sonar mosaic of the survey area (left image) showing 
locations of subimages. One subimage (200x200 pixels) for each area is given as 

an example in the right-hand panel.  
 

 
    (a) 

 
    (b) 

Fig. 4: nMDS plot for a) moments and b) GLCM. 

4. DISCUSSION AND CONCLUSION 

Ebb and flood tide closely follow isobaths (Fig. 1). Although maximal current 
velocities on each occasion were found in deeper channels (≥ 30 m) in the 
northern part of the survey area, differences were apparent. While the flood tide 
followed the obviously wider channel in the centre of the Inner Sound, the ebb 
tide is concentrated to a narrow channel to the north of it. In each case current 
velocities were slower in shallower areas (< 20 m). The severe velocity gradient 
and opposed current directions, which were observed for ebb and flood tide in the 
bay of Stroma, indicate the formation of a clockwise and anti-clockwise turning 
eddy, respectively. Cautious interpretation of these patterns is required as they 
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represent only one instance of flood or ebb tide. More surveys of different tidal 
stages are needed to gain a better understanding of flow structure and variability 
of tidal patterns in the Inner Sound.  

Video surveys of the central region of the channel in 2009 [12, 13] provide 
preliminary, if somewhat limited, insights to the seabed structure and hence, will 
be used as a basis for interpretation. The area is described as predominantly 
rocky, with seabed formed by red sandstone with N-S directed ridges, troughs and 
faults [13]. Sediment deposits have been observed to the east and west of the 
island of Stroma. In these regions medium and coarse sand can be formed into 
waves [12]. Multivariate analyses revealed a separation of sidescan sonar data in 
two main groups. The first group included areas C and E and is expected to 
present bedrock. The texture of area C, which predominates in the survey area, 
corresponds well with the previous description of rocky habitat [13]. The texture 
of the shallower area E also appears to be bedrock, but may be covered with 
either different sized boulders or epibiota, such as kelp beds and thus, not as 
clearly structured as area C. The second group (areas A, B and D) can be 
associated with sediment deposits [12]. Texture and ripple formation of area A 
and B indicate sand. However, particle sizes are expected to differ between these 
areas, as greyscale values vary for each of them. Area D does not show 
characteristic ripple formation, yet greyscale values and patterns were not 
significantly different to areas A or B. It is suggested that either the visible 
channel-like patterns in this area are accumulated sediment deposits or that the 
whole area is covered with sediment. Direct groundtruthing within these areas is 
necessary to gain certainty about these interpretations and will be done in the near 
future using ROV.  

Current patterns and seabed structure can be clearly linked. Areas with current 
velocities ≥ 2 ms-1 are associated with bedrock as seen in area C. Sediment 
deposit (D) or a rugged surface as seen in area E can be found where current 
velocities of ebb and flood tide did not exceed ~1.5 ms-1. The eddy, which formed 
during both tides in the bay south of Stroma, seemed to accumulate sand in its 
central region (A). Yet, the origin and the reason of the large wave formations (B) 
detected in the north-east of the survey area are uncertain. As this area is centred 
between the main tidal channels (ebb to the north and flood in the south), it is 
assumed that over the tidal cycle a residual, circulatory current is formed, which 
could be a possible mechanism for the maintenance of sand within this feature. A  
better understanding of sediment transport in the Inner Sound is needed for a firm 
explanation.  

This study gives a first insight into the environmental conditions peculiar to 
this energetic tidal channel. Consequently, our understanding of this environment 
is improved. Based on these data, further investigations will link physical 
variables with biotic data and thus facilitate formulation of better hypotheses 
regarding potential physical and ecological impacts arising from installation of 
tidal energy devices. 
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