


 
 
 
 

Proceedings of the 2nd International Conference & Exhibition 
on 
 

Underwater Acoustic Measurements: 
Technologies and Results 

 
25th June to 29th June 2007 

 
IACM – FORTH, Heraklion - Greece 

 
 

Edited by 
 

John S. Papadakis 
Leif Bjørnø 

 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
ISBN: 978-960-88702-5-3 
            978-960-88702-9-1 



 ii

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Cover drawing: “Sea shell” symbolizing Sound Propagation in the Sea 
by Yorgis Androulakis, IACM-FORTH 



 iii

 
Preface 
 
The Proceedings at hand, include the papers presented in the 2nd International Conference and 
Exhibition on Underwater Acoustic Measurements: Technologies and Results, held at the 
Foundation for Research and Technology Hellas (FORTH) in Heraklion, Crete, Greece, from 
25th to 29th June, 2007. 
 
The 1st Conference with the same title was held at the same location from 28th of June to July 
1st, 2005.  

 
The success of the 1st International Conference on Underwater Acoustic Measurements has 
encouraged us to organize the 2nd conference on the same main topic, as we both are of the 
opinion that this type of conference meets a long felt need in the International Underwater 
Acoustics Community, this need being, that more prominence should be given to probing the 
nature by putting emphasis on the most recent and up-to-date underwater acoustic 
measurements, on the technologies utilized and on the results obtained. The 
theoretical/computational results are greatly enhanced by verification with experiments and 
we hope that, bringing together, every two years, experimentalists and modelers, we 
contribute to the advancement of the field. We feel that this 1st main goal has been achieved. 

 
The 2nd main goal of this conference is to act as an “umbrella” for a number of more 
specialized symposia, each organized by a scientist actively involved in one of the “hot 
topics” of current and future interest in underwater acoustics. Therefore, the “backbone” of 
this conference, consists of the Structured Sessions, most of them organized as mini-
symposium by an eminent scientist with a central position in R & D in a well-defined topic 
area of underwater acoustics. For the selection of these hot topic areas, and the identification 
of the key scientists in the on-going research, we have received substantial advice and 
support from the members of the Scientific Committee of this conference to whom we are 
very grateful. We are particularly grateful to the Structured Sessions organizers who 
responded so positively to our invitation, and took it up to themselves to make this goal 
materialize. Finally, the sessions with contributed papers are an integral and important part of 
this series of Conferences. As organizers of this conference we feel, that also the 2nd main 
goal has been met in a most satisfactory way. 
 
With the two main goals of the conference met in this 2nd International Conference and 
Exhibition on Underwater Acoustic Measurements: Technologies and Results, we have 
already started planning for the 3rd Conference, which will held at the same venue during the 
days Monday 22nd through Friday 26th June 2009. 

 
The great international interest in this conference was also reflected by the about 35% 
increase of abstracts received from 25 countries for the 2nd International Conference on 
Underwater Acoustic Measurements compared to the 1st Conference. By reducing the 
presentation time for all papers to 20 minutes, and extending the Conference to 5 days, it was 
possible to reduce the number of parallel sessions to 4, and due to it, to be able to 
accommodate all sessions in the lecture room facilities of one single building at FORTH. 
  
Among the important news at this conference is the creation of a freely accessible database 
at FORTH. This database comprises all papers printed in these Proceedings together with all 
papers printed in the Proceedings of the 1st Underwater Acoustics Measurements Conference 
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in 2005. This database can be reached via the internet. All papers can be accessed on the 
address: http://promitheas.iacm.forth.gr/uam2007/papers.php. Therefore, we recommend that 
all references to papers presented at this – and the earlier – conference shall indicate the 
above address, where the papers can be found. 

 
The local organization has again been in the hands of the experienced team of conference 
organizers at FORTH, and we will use this opportunity again to thank the team of scientists, 
technicians and secretaries for an extremely well-done job. 

 
Our gratefulness also goes to our Sponsors and Supporters for their willingness to help by 
lending the name of their organization and for the economical support given to the 
conference, without which, this type of international conference hardly would have been 
possible.  

 
All names on members of the Scientific Committee, the Organizers of Structured Sessions, 
the Plenary Lecturers, the Sponsors and Supporters, the Exhibiting Companies and the 
members of the Local Organizing Committee are given on the very first pages after this 
preface. We are grateful to them for their contribution to the success of this 2nd conference, 
and in particular to all the speakers for their great and important work prepared and presented 
in this conference. The success of the conference depends more than ever on the quality of 
these presentations.  

 
It is our hope that these Proceedings of the 2nd International Conference on Underwater 
Acoustic Measurements: Technologies and Results will stimulate the international interest 
in measurements in all aspects of underwater acoustics, and that they will become a source of 
inspiration to everybody in the international Underwater Acoustics Community 
 
 
 

Heraklion, Crete, June 2007 
 
  

  John Papadakis and Leif Bjørnø 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"



 v

Conference Chairmen 
 
 

John S. Papadakis & Leif Bjørnø 
 
 

Local Organizing Committee 
 
• Emmanuel Skarsoulis, Director of Research, IACM/FORTH 
• George Makrakis, Associate Professor, University of Crete 
• Nikolaos Kampanis, Senior Researcher, IACM/FORTH 
• Panagiotis Papadakis, Application Scientist, IACM/FORTH 

 
Technical scientific personnel 

 
• Yorgis Androulakis, IACM/FORTH 

 
Secretariat 

 
• Yiota Rigopoulou 
• Eleni Orphanoudaki 
• Liana Zacharioudaki 
• Maria Papadaki 
• Eytyxia Karasmanh 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"



 vi

Scientific Committee 
 
 

• Professor John Papadakis, F.O.R.T.H., Greece (Chairman) 
• Professor Leif Bjørnø, UltraTech Holding, Denmark (Co-Chairman) 
• Dr. Michael Ainslie, TNO, The Netherlands 
• Dr Tuncay Akal, TUBITAK, Turkey 
• Professor David Bradley, Penn State University, USA  
• Professor Mike Buckingham, MPL, Scripps, USA 
• Professor Bill Carey, Boston University, USA 
• Dr. Douglas H. Cato, DSTO, Australia 
• Professor David Farmer, University of Rhode Island, USA 
• Dr. Kenneth Foote, WHOI, USA 
• Professor Peter Gough, Univ. Canterbury, New Zealand 
• Dr. Gary Heald, DSTL, Naval Systems, Winfrith Techn. Centre, UK 
• Professor Jean-Pierre Hermand, Univ. Libre de Bruxelles, Belgium 
• Dr Finn Jensen, NURC, La Spezia, Italy 
• Professor Arata Kaneko, Hiroshima University, Japan 
• Professor Eugeniusz Kozaczka, Naval Academy, Gdynia, Poland 
• Professor Qihu Li, Institute of Acoustics, Acad. Sinica, China 
• Professor Larry Mayer, Univ. New Hampshire, USA 
• Dr. Peter Mikhalevsky, SAIC, USA 
• Dr. Tom Neighbors, AUAI, USA 
• Professor Nick Pace, University of Bath, UK 
• Dr. Jean-Pierre Sessarego, CNRS-LMA, France 
• Dr. Emmanuel Skarsoulis, F.O.R.T.H., Crete 
• VADM Nikos Spilianakis, H.N., Greece 
• Professor Robert Spindel, APL, University of Washington, USA 
• Dr. Kai Wicker, Atlas Elektronik GmbH, Germany 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"



 vii

 Structured Sessions Organizers 
 

• Angus Best, National Oceanography Centre, UK 
• Leif Bjørnø, UltraTech Holding, Denmark 
• Philippe Blondel, Univ. Bath, UK 
• William Carey, Boston University, USA 
• Ross Chapman, University of Victoria, Canada 
• Chi-Fang Chen, National Taiwan University, Taiwan 
• Peter Gerstoft, Scripps Institution of Oceanography, USA 
• Olav Rune Godø, Institute of Marine Research, Norway 
• Roy Edgar Hansen, FFI, Norway 
• Georgios Haralabus, NURC, La Spezia, Italy 
• Chris Harrison, NURC, La Spezia, Italy 
• Alex Hay,  Dalhousie Univ., Canada 
• Gary Heald, DSTL, Naval Systems, UK 
• Jean-Pierre Hermand, Univ. Libre de Bruxcelles, Belgium 
• Kirk Jenne, Naval Undersea Warfare Center Newport, USA 
• Eugeniusz Kozaczka, Naval Academy, Gdynia, Poland 
• Tim Leighton, Univ. Southampton, UK 
• Bo Lövgren, Saab Underwater Systems AB, Sweden 
• Chris Malzone, RESON Inc., USA 
• Thomas Meurling, RESON Inc., USA 
• Peter Nielsen,  NURC, La Spezia, Italy 
• Nick Pace, Univ. Bath, UK 
• Mike Porter, HLS Research Inc., USA 
• Stephen Robinson, NPL, UK 
• Jean-Pierre Sessarego, CNRS-LMA, Marseille, France 
• Martin Siderius, HLS Research Inc., USA 
• Emmanuel Skarsoulis, F.O.R.T.H., Crete, Greece 
• Guiqing Sun, Inst. Acoustics, Acad. Sci., Beijing, China 
• Peter Thorne, Proudman Ocean. Lab., UK 
• Tufan Turanli, Inst. Nautical Archaeology, Bodrum, Turkey 

 
 

Plenary Lectures 
 

• Professor Nick Makris, Dept. Ocean Engineeriung, MIT, USA         
• Professor Hiroyuki Hachiya, Chiba University, Japan  
• RADM Dr. F.-R. Martin-Lauzer, Director NURC, La Spezia, Italy 
• Professor Uwe Send, Scripps Inst. Oceanography, San Diego, USA  

 
 
 
 
 
 
 
 
 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"



 viii

Sponsors 
 

• Acoustical Society of America (USA) 
• Institute of Acoustics (UK) 
• I.A.C.M / F.O.R.T.H  (Greece) 
• University of Crete (Greece) 
• RESON A/S (Denmark) 
• Marine Physical Laboratory, Scripps (USA) 
• Office of Naval Research (USA) 
• Office of Naval Research – Global, London (UK) 
• DSTL Naval Systems (UK) 
• Polish Acoustical Society (Poland) 
• Naval Academy, Gdynia (Poland) 
 

 
Supported by 

 
• RESON A/S (Denmark) 
• Office of Naval Research (USA) 
• Office of Naval Research – Global, London (UK) 
• IACM / FORTH (Greece) 
•  
 

Exhibitors 
 
• AQUA VISION BV, (The Netherlands) 
• EVOLOGICS GmbH ( Germany) 
• INNOMAR Technologie GmbH (Germany) 
• RESON A/S (Denmark) 
• SAAB Underwater Systems AB (Sweden) 
• TELEDYNE RD-INSTRUMENTS, (France) 

 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"



Plenary Lectures 
 Nick Makris 

Continuously monitoring fish populations over continental-shelf scales with Ocean 
Acoustic Waveguide Remote Sensing (OAWRS) 

F.-R. Martin-Lauzer 

Near future evolution of S&T and R&D funding in Underwater Acoustics 

Hiroyuki Hachiya 

Ocean Acoustic Tomography Experiments in Japan 

 



 
 
 
 
 
 
 

Plenary Lectures 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1



 
 
 
 
 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

2



 
Fish Population and Behavior Revealed by  

Instantaneous Continental-Shelf-Scale Imaging 

Nicholas C. Makrisa, Purnima Ratilalb, Deanelle T. Symondsa, Srinivasan Jagannathana, 
Sunwoong Leea, Redwood W. Neroc 

aCenter for Ocean Science and Engineering, Department of Mechanical Engineering, 
Massachusetts Institute of Technology, 77 Massachusetts Ave., Cambridge, MA 02139 
bDepartment of Electrical and Computer Engineering, Northeastern University, 409 Dana 
Research Center, Boston, MA 02115  
cNaval Research Laboratory, Stennis Space Center, MS 39529-5004 
 
 
Nicholas C. Makris, Laboratory for Undersea Remote Sensing, 77 Massachusetts Ave.,  
Rm. 5-212, Cambridge, MA 02139. Fax: (617) 253-2350 Email:makris@mit.edu 
 
 
Abstract: Until now, continental-shelf environments have been monitored by highly localized 
line-transect methods from slow-moving research vessels. These significantly undersample fish 
populations in time and space, leaving an incomplete and ambiguous abundance and behavioral 
record. We show that fish populations in continental-shelf environments can be instantaneously 
imaged over thousands of square kilometers and continuously monitored by a remote sensing 
technique where the ocean acts as an acoustic waveguide. The technique has revealed the 
instantaneous horizontal structural characteristics and volatile short-term behavior of very large 
fish shoals, containing tens of millions of fish and stretching for many kilometers. 

 
Keywords: remote sensing, detection, continuous monitoring, continental shelf,  fish abundance, 
behaviour 
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INTRODUCTION 
 
 

There is significant evidence that fish populations are rapidly declining worldwide [1, 2], yet 
with conventional seagoing survey methods [3-7] it is difficult to accurately enumerate fish 
populations [6, 8, 9] and nearly impossible to study the behavioral dynamics of very large social 
groups or shoals of fish [10], including the impact of such a decline [11, 12]. This is because 
conventional methods rely on highly localized measurements from slow moving research 
vessels, which typically survey along widely spaced line transects to cover the vast areas fish 
inhabit, and so greatly undersample the environment in time and space, leaving highly 
ambiguous and aliased [13-15] records. Here we assess fish populations with a remote sensing 
technology involving ocean-acoustic waveguide propagation that surveys at an areal rate roughly 
one million times greater than that of conventional fish finding methods. The waveguide 
technology makes it possible to monitor continuously fish population dynamics, behavior and 
abundance with minute to minute updates over thousands of square kilometers, producing 
records unaliased in space and time. 

 
With the waveguide remote sensing technology, we observed (i) instantaneous horizontal 

structural characteristics, (ii) temporal evolution and (iii) propagation of information in very 
large fish shoals, containing tens of millions of fish and extending for many kilometers. All of 
these observations were made from distances typically greater than 10 km from the shoal 
boundaries with sound at least three orders of magnitude less intense than conventional fish 
finding sonar.  This is possible because underwater-acoustic remote sensing in the ocean [14-20]  
relies on the capacity of the continental-shelf environment to behave as an acoustic waveguide 
where sound propagates over long ranges via trapped modes that suffer only cylindrical 
spreading loss rather than the spherical loss suffered in conventional fish finding sonar (CFFS) 
technologies [7]. The conventional approach employs only waterborne propagation paths that are 
restricted to much shorter ranges, on the order of the local water depth, and much higher 
frequencies where attenuation is much higher [14, 15]. 

 
 

MATERIALS & METHODS 
 
 

Our field measurements show that the areal density, dynamics, and behavior of fish 
populations can be continuously monitored with minute-to-minute updates over thousands of 
square kilometers by the use of ocean-acoustic waveguide remote sensing (OAWRS) in 
continental shelf-environments. To form an instantaneous OAWRS image, a vertical source 
array sends a short broadband transmission of sound out omni-directionally in horizontal 
azimuth. As they travel, the sound waves reflect from the sea surface and bottom to form 
standing waves in depth that are called waveguide modes. These are analogous to the normal 
modes of a vibrating guitar string, where the entire vertical water column of the ocean acts like 
the plucked string. As the modes propagate horizontally outward from the source, they interact 
with and scatter from environmental features along the way. Scattered returns from 
environmental features are then continuously received by a horizontally towed line array and 
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charted in horizontal range and bearing by temporal matched filtering and planewave 
beamforming [16, 17, 21]. The resulting image is an instantaneous snapshot of the ocean 
waveguide environment over the two-way travel times of the signal returns.  OAWRS range 
resolution is fixed at the mean sound speed, c = 1475 m/s, divided by twice the signal bandwidth, 
or roughly 15 m before averaging. Theory, modeling, and our field measurements using 
calibrated targets with known positions show that ranging error of OAWRS is negligible since it 
is on the order of the 30 m range resolution of our image pixels after averaging, and as a 
consequence of modal propagation, is insensitive to the depth of scatterers or environmental 
features in the waveguide. OAWRS azimuthal resolution in radians varies as the acoustic 
wavelength λ divided by the projected array length Lcosθ, where L is the full array length and 
the azimuth angle θ is zero at broadside, which is normal to the array axis. At endfire, parallel to 
the array axis, the resolution becomes roughly L/2λ  radians. A sketch of our source array 
appears in Fig. 5 of Ref. [17]. Our receiving array is similar to that shown in the same figure 
except that it was comprised of 64-elements over a total aperture of 94.5 m. A top-down view of 
the bistatic measurement geometry, including the varying spatial resolution footprint of the 
sonar, appears in Fig. A1 of Ref. [22]. The beamwidth of the simultaneously operated CFFS used 
in our field experiment is 6.8°, which yields a circular 70 m2 areal resolution footprint at 80-m 
depth where many of the fish groups we imaged were concentrated.  

In OAWRS, the entire water column is insonified by the up-and-down going planewave 
components forming each waveguide mode. During our 2003 OAWRS experiment, 
measurements of the mean acoustic intensity after one-way transmission from the source to 
receiver, as well as two-way returns from the seafloor, show no sign of modal interference 
structure, such as peaks and nulls from coherent interference. Rather a uniform decay with range 
is observed, indicating a lack of modal interference, which corresponds to a highly predictable 
and uniformly mixed acoustic structure over depth. This is expected for a number of reasons. 
Environmental scatterers such as seafloor inhomogeneities and fish are distributed randomly 
within the sonar resolution footprint and so decorrelate modes in the acoustic field [17, 19], 
which then obeys circular complex Gaussian Random field (CCGRF) statistics [16, 18, 23, 24], 
by the central limit theorem. The intensity of a CCGRF is characterized by signal-dependent 
noise known as speckle noise [18, 23, 24]. The ocean is also active, with internal waves, eddies 
and turbulence. These cause small sound-speed changes in time and space that typically cause 
acoustic modes to decorrelate, which again leads to CCGRF fluctuations at the receiver by the 
central limit theorem [18, 25]. The one-way acoustic field measurements during our 2003 
OAWRS experiment followed CCGRF statistics over time, which is consistent with the observed 
lack of modal interference structure in range. These observations and the consequential lack of 
modal interference structure in depth were verified by simulations where sound speed variations 
measured during our experiment were input to statistical models for waveguide propagation in 
the continental shelf [26, 27]. (Even without randomness in the medium, broadband 
transmissions, such as ours, also lack the delicate modal-interference nulls found in deterministic 
single-frequency transmission.) As a consequence of acoustic tunneling, OAWRS insonification 
in the upper sediment is similar to that in the water so there is no sharp boundary in the acoustic 
field at the water-sediment interface. In our 2003 experiment, fish shoals observed with CFFS 
were always found in the lower half of the watercolum, typically in layers roughly 10-m thick 
within meters of the seafloor.  

Both OAWRS and CFFS rely on similar principles to estimate fish population density.  The 
former requires well-established ocean-waveguide [16-20, 28] rather than free-space propagation 
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[3-7] modeling of the latter. OAWRS images of areal fish population density are generated by 
compensating for (i) two-way transmission loss in the range-dependent continental-shelf 
waveguide through parabolic equation modeling, (ii) the spatially varying resolution footprint of 
the OAWRS system, (iii) fish target strength, and (iv) source power [16, 17, 20]. The OAWRS 
areal population densities are consistent with those obtained from conventional fish finding sonar 
(CFFS) over the same time period. This consistency is partly because both OAWRS and CFFS 
population density estimates depend on the expected scattering cross section of an individual 
fish, which we find to have a corresponding target strength of -45 dB re 1m in the 390-440Hz 
band of our experiment based upon tens of thousands of local measurements from the 
conventional sonar system. (This illustrates why the most effective uses of OAWRS technology 
in the near future will likely be in conjunction with CFFS and direct-capture measurements.) Our 
empirically measured target strength, however, is also consistent with a combination of 
theoretical modeling [20] and empirical evidence gathered by National Marine Fisheries trawl 
samples obtained in the same location earlier in the same season as well as historically [29]. 
Catches in the area typically consist of a variable component of Atlantic herring, scup, hake, 
black sea bass, dogfish, and mackerel, all of which can have target strengths within an order of 
magnitude of each other in the 390-440 Hz range, which is near or just below swim-bladder 
resonance for many of these species [30]. 

Transmission scintillation from randomness in the ocean medium due to such effects as 
internal waves and turbulence, and fluctuations in the received field due to source-receiver 
motion, and scattering from fish schools and ocean boundaries, ultimately introduce relatively 
little uncertainty in OAWRS images, since a standard deviation of roughly 1-dB per pixel [18] is 
expected after our intensity averaging of the expected CCGRF measurements. (A standard 
deviation of less than 1-dB per pixel corresponds to an error of less than 25% in any OAWRS 
intensity or areal population density estimate for the given pixel.) We applied a temporal running 
average window of 5-consecutive OAWRS images (250 seconds) and averaged over 2 adjacent 
15-m range resolution cells to produce each population density image presented in this paper. 

Contributions from millions of fish over hundreds of independent pixels were summed to 
form the population estimates. Our calculations show that fluctuations from propagation 
scintillation or variations in fish scattering cross-section should then lead to errors of less than 
1% of the estimated value for any given temporal population sample, given the law of large 
numbers [31].  

KEY FINDINGS  
 

Typical realizations of the instantaneous horizontal structure of very large fish shoals, 
comprising perhaps the largest massing of animals ever instantaneously imaged in nature, are 
shown in Fig. 1A-B. The images are from data acquired during our May 2003 experiment [14-
15] near the edge of the continental shelf 200 km south of Long Island, NY. We find population 
centers of various size interconnected by a network of "fish bridges" at various scales. These 
make the shoal of Fig. 1A a contiguous entity that stretches for over ten kilometers. A similar 
situation is seen in the very large southern and smaller northern shoal of Fig. 1B.  All shoals 
exhibit large internal vacuoles and hourglass patterns previously observed only for fish groups 
many orders of magnitude smaller in area [9-10]. The shoals are often very sharply bounded on 
the seaward side by a specific bathymetric contour of the continental shelf edge, as in Fig. 1A. 
This geophysical boundary apparently organizes the shoal horizontally as a social entity, and 
may also be a potential navigational landmark for distant migrations [32, 33].  While we found 
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all large shoals between roughly the 80-100 m bathymetric contour, fish assemblages changed 
dramatically over time in any given region, as seen here from one morning (Fig. 1A) to the next 
(Fig. 1B). The overall background population, for example, increases significantly from Fig. 1A 
to 1B, with a dense distribution of very small groups of fish appearing between the very large 
southern shoal and the smaller northern one. Under some circumstances these may provide the 
building blocks for the fish bridges that bind a shoal together. Annual trawl surveys conducted 
earlier in the season and historically [14, 15 29], as well as our visual and behavioral 
observations at sea, indicate that Atlantic herring, scup, hake and black sea bass are likely 
species candidates in the large shoals. 

 
The instantaneous horizontal spatial distribution of fish over wide areas follows a fractal or 

power law spectral process, as quantitatively shown in Fig. 1C. Instantaneous structural 
similarity then exists at all scales observed, from tens of meters to tens of kilometers, and 
suggests that similar underlying behavioral mechanisms may be responsible for structures at all 
scales. This supports the qualitative argument for a fractal process in Ref. [9] but not the disjoint 
clustering of population centers that is perhaps implied there. The power law is invariant to the 
size of the largest fish group present, and so remains constant if an area contains a very large 
shoal or only much smaller scattered groups of fish, as shown in Fig. 1C. Our observations that 
very large shoals are structurally similar to much smaller fish groups must be a consequence of 
the power law. Knowledge of this power law now enables more accurate statistical predictions of 
the instantaneous spatial distribution of fish populations over wide areas. 

 
Simultaneous measurements of both the conventional and waveguide remote sensing systems 

show excellent agreement in fish population density at identical space-time points along the 
conventional line transect (Fig. 2), but only the waveguide technology senses 2-D horizontal 
structure and temporal change. Both systems reveal dense populations of fish at space-time 
points α, β, γ and neither system registers fish at δ beyond the shoal's seaward edge. The sharp 
and extensive 2-D horizontal boundary of the shoal seen with the waveguide technology along 
the shelf-edge in Figs. 1A, 2A-D is too transitory to be inferred from or practically measured 
with conventional line transect methods, even from a series of transects. Nor can the 
conventional system detect or recognize the network of interconnecting bridges between 
population centers that waveguide technology has shown to be part of the fundamental structure 
of shoals. For example, the large but transitory bridge connecting the northern and southern 
wings of the shoal in Figs. 2A-D gives it a classic hourglass pattern, never previously observed 
over such a large scale. This is missed by the conventional line transect method (Fig. 2E), which 
provides no evidence that fish in the γ group are actually well connected to those previously 
imaged in the β group or occasionally the α group as well. 

 
We notice a daily pattern to shoal behavior that involves considerable horizontal migration, 

and so differs substantially from the day-to-night vertical migrations previously observed with 
downward-directed sonar in line transects [34, 35]. The pattern, observed consistently in the 3 
days we could monitor large shoals over all daylight hours, begins with horizontal consolidation 
of shoals in the morning, typically organized by a sharp seaward edge extending for kilometers 
along a bathymetric contour of the shelf edge. Rapid fragmentation and dispersal follows by 
mid-afternoon, well before sunset when vertical migration begins, as shown in Figs. 3A-D 
between 14:20 to 15:00 EDT. Fragmentation predictably initiates by faulting at bridges between 
population centers. The bridges are apparently not sufficiently strong to withstand the internal or 
external pressures on the shoal's internal population centers to diverge. 
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To describe this behavior quantitatively, time series of changing fish population (Fig. 3E) are 
computed at very high sample rates (50 s intervals) from imagery acquired with the waveguide 
technology over the hundreds of square kilometers immediately encompassing the shoal. We 
find total fish population (gray curve of Fig. 3E) decomposes into the sum of a temporally stable 
(brown curve of Fig. 3E) and a temporally unstable (blue curve of Fig. 3E) time series. The same 
fish areal density threshold (0.2 fish/m2) that separates the temporally stable from the unstable 
population is also extremely effective in spatially segmenting large shoals from smaller 
background groups in our instantaneous wide area images (Figs. 1, 2A-D, 3A-D). The stable 
component comprises the widely scattered fish groups that would form the observable 
background scene in the absence of a large shoal. The temporally unstable component effectively 
characterizes the dramatically dynamic spatial-temporal fluctuations of the large shoal. We 
believe that fluctuations in total population are primarily due to convergences and divergences in 
fish areal densities above and below another threshold (νg = 0.01 fish/m2) where seafloor 
scattering mechanisms begin to become important and mask fish imaging [16-20]. They may 
also arise from fish groups entering and leaving the survey box.  

 
Time series enable us to introduce the concept of an autocorrelation [23] time scale to 

quantitatively characterize major temporal fluctuations in shoal population. We find the 
autocorrelation time scale ranges between 5 to 10 minutes (Fig. S1-A) for the very large shoal of 
Figs. 1A, 2, 3, which extends for tens of square kilometers (Fig. 3F). Shoal population (blue 
curve in Fig. 3E) can fluctuate dramatically in these short time scales, by 20% or a few million 
fish. While dramatic, the fluctuations are consistent with the roughly 1 m/s speed at which fish in 
a shoal typically swim (16), as seen from the corresponding areal changes in Fig. 3F. The 
frequency spectrum of shoal population (Fig. S1-B) shows no remarkable periodicity, but like 
the spatial spectrum follows a consistent power law process that now enables quantitative 
statistical predictions of temporal behavior over wide areas and short time scales. 

 
Shoal fragmentation and dispersal also occurs very rapidly, as shown in Fig. 3E, where total 

population plummets in a 30 minute period beginning at 14:20 EDT. More than 10 million fish 
disperse to below the νg threshold or leave the survey box. The remaining shoal fragments 
contain less than half the original shoal population. This and other remotely observed 
depopulation events were episodic, with peak dispersal rates reaching up to 0.5 million 
fish/minute. Indeed, very large fish shoals were often lost from the view of our conventional 
line-transect survey system, but not the simultaneous view of our remote sensing system based 
on waveguide technology.  

 
Structural similarity can be re-examined in a space-time context by comparing time series of a 

shoal's outer area (Fig. 3F) to its characteristic internal area of coherence (Fig. 3G), the scale 
within which population density is relatively constant [14, 15]. The ratio of these gives an 
estimate of the number of "degrees of freedom," independent coherence cells [23] or primary 
population centers within the shoal or its largest fragment. The fact that this ratio remains 
relatively constant over time even after the shoal undergoes severe fragmentation and dispersal is 
further evidence of structural similarity at all spatial scales, even during such dramatic events, 
which is consistent with fish assembly and reassembly models [39]. Fluctuations in the shoal's 
outer area tend to span only a small percentage of the total. This is true for the inner area only 
during periods when the shoal is not undergoing fragmentation, as can be seen in Figs. 3F-G. 
Otherwise the inner area fluctuates rapidly, reflecting an internal turbulence that likely fragments 
shoals. 
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It is remarkable that both the total population and internal coherence area attain maxima just 
before the final fragmentation and dispersal of the shoal. This coincides with the shoal's 
transformation into a classic hourglass pattern (Fig. 3C). In hourglass patterns, migration from 
one wing to the other has often been observed when the depopulating wing is under attack by 
predators [10]. While we have no evidence of such an attack on the shoal in Figs. 2 and 3, and 
other explanations such as feeding are possible, we do see massing of population in the northern 
wing of the hourglass, with a decline of population in the southern wing. This is evident in Fig. 
3C and the subsequent time series of Fig. 3F, where the largest fragment is the northern one and 
the second largest is the southern one. 

 
The waveguide technology has also revealed the internal motion and migration patterns 

within very large fish shoals, during time spans ranging from less than one minute to days, as 
shown in the imagery sequence of Figs. 2A-D. Fundamental questions that depend on knowing 
"the degree of coordination in the movements" between fish populations that were previously 
"nearly impossible to detect" [9] can now be addressed. We show that even when very large 
shoals are highly consolidated, densely packed and structurally similar to small groups of fish, 
they do not exhibit synchronized motion over short time scales, as much smaller groups often do 
[10]. The many interconnected population centers within a very large shoal have centroids that 
undergo local positional oscillations in the horizontal, over time scales on the order of minutes, 
which have no correlation with each other. This is illustrated by the image sequence of Figs. 2A-
D, where velocity vectors for two centroids within the very large shoal are effectively 
uncorrelated in space and time. 

 
Part of this uncorrelated internal motion arises from fish density waves occurring regularly, 

every few minutes, as seen by the peak events in Fig. 3H. We identify these as waves because 
they exceed the typical speed at which fish swim [36-38], by an order of magnitude.  Such waves 
travel with the apparent speed of an organized sequence of locally interconnected compaction 
events, similar to waves that people propagate in sports stadiums by standing up and sitting down 
in phase, rather than the speed at which any individual moves. The waves cause relative 
displacements of local population centers that are bounded by the roughly 1-3 km internal 
coherence area of Fig. 3G, as can be seen by integrating the separation rate of Fig. 3H over time. 
Waves have been previously seen in fish shoals spanning scales up to only tens of meters, where 
they have been hypothesized to provide a rapid means of communication in response to 
predation or other pressures [10, 40-43]. The most frequent relative motions between the local 
population centroids, however, occur at the much lower speeds at which individual fish can swim 
in Fig. S1-C of Ref. [14]. Before adopting the fish density wave explanation, we investigated 
other possible causes of relative motion between population centers, all of which had to be ruled 
out [14-15]. 

 
Fish density waves may be used to maintain organizational coherence in very large shoals. 

The speed, duration, inter-arrival times and displacements associated with the peak events in Fig. 
3H suggest that waves are continuously reflecting from the boundaries of the local population 
center where they are confined. The waves may then provide a means for individual fish to sense 
the spatial extent and maintain the coherence of this local sub-group. So far, however, no 
evidence has appeared of communication over greater distances at a rate faster than fish can 
swim. Instead, we have observed significant interaction within shoals spanning tens of 
kilometers both by bumping and merging of population centers, as well as by population flow 
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across bridges. The relative slowness of this means of communication may be responsible for the 
inability of shoals to stay together under intense external or internal stresses. 
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Fig.1: Two instantaneous areal density images of fish shoals near the continental shelf edge 

obtained by acoustic waveguide remote sensing (OAWRS) at (A) 09:32 EDT, 14 May 2003, and 
(B) 08:38 EDT, 15 May 2003, each acquired within 40s. υA is shown in color. The moored 
source (the white star) is the coordinate origin in all figures at 39.0563oN, 73.0365oW. The 
towed horizontal receiving array (the white diamond) has 2.6o azimuthal resolution at array 
broadside. The range resolution is 30m after averaging. The forward propagation of sound 

masks imaging inside the gray ellipse surrounding the source and receiver. The positive vertical 
axis points north. Depth contours are indicated by dashed lines. In (A) and (B), the continental 
shelf edge begins at roughly the 100-m contour. (C) Spatial frequency spectra, based on scores 
of instantaneous OAWRS images of υA, for cases where a large shoal is present and only small 

scattered fish groups are present. A consistent spectral power law of spatial frequency to the -1.5 
is observed. 
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Fig.2: A comparison of OAWRS with conventional fish-finding sonar (CFFS), (A to D) A 
sequence of instantaneous OAWRS areal density (fish/m2) images taken roughly 10 min apart, 
starting at 11:59:05 EDT on 14 May 2003, is shown. The color bar is same as in Fig. 1. The 
corresponding CFFS transect is overlain in light blue, with the CFFS position for the given 
OAWRS image indicated by a circle. The white dashed line is the 100-m depth contour. (E) 

Range-depth profile of fish volumetric density (fish/m3) measured by CFFS along the transect 
shown in (A) to (D). White bars (in the lower black region below the sea floor) correspond to 
typical time-space points α, β, and γ, where both systems co-register dense fish groups [(A) to 

(C)]; the gray bar corresponds to point δ in (D), where neither system registers dense fish 
groups.  
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Fig. 3: Evolution of a fish shoal from morning to evening from OAWRS imagery and a time 
series on 14 May 2003. (A to D) Four instantaneous OAWRS images or snapshots illustrating 

morning consolidation and afternoon fragmentation of the shoal. The color bar is the same as in 
Fig. 1. Vertical arrows indicate snapshot times. (E) A time series of population within the area 

shown in (A) to (D) for υA within each of the thresholds specified. Gaps in the time series are due 
to towed-array turns. (F)Area occupied by a consolidated shoal or its two largest fragments for 
υA > υshoal = 0.2 fish/m2. (G) The internal coherence area is the area within 1/e of the 2-D 

autocorrelation peak of instantaneous OAWRS fish density within the shoal or fragment. The 
centroids of two particular population centers within the shoal are indicated by the circle and 

the triangle in (A) to (D). (H) Relative speeds between the centroids of the two population 
centers shown in (A) to (D), with mean (blue circle) and standard deviation (bars) shown for 

each track. 
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Abstract: Underwater Warfare has been a poor parent of military efforts in Western 
Countries since the end of the Cold War as the tremendous efforts of the previous 
decades led to significant progress. In the meantime, though Acoustic Tomography did not 
yield to expectations for climate changes monitoring, the growth of oil exploration and 
production by great depths, as well as the internet revolution (cable laying) and the 
increase of efforts in operational oceanography offered new opportunities for the 
development of underwater acoustics. The author will present his vision of the next decade 
S&T efforts, and the foreseen needs in R&D.  
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

15



 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

16



 
 
 
 
 
 

OCEAN ACOUSTIC TOMOGRAPHY EXPERIMENTS IN JAPAN 
 
 
Hiroyuki Hachiya 
 
 
Paper not available 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

17



 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

18



Structured Sessions 
 

Structured Session 1: Acoustics of gassy sediments 19 

Preston S. Wilson, Allen H. Reed, Warren T. Wood, Ronald A. Roy 

Low frequency sound speed measurements paired with computed X-ray 
tomography imaging in gas-bearing reconstituted natural sediments 

21 

Gary B.N. Robb,   Timothy G. Leighton, Victor F. Humphrey, Angus I. Best, 
Justin K. Dix, Zygmunt Klusek 

Investigating acoustic propagation in gassy marine sediments using a 
bubbly gel mimic 

31 

Allen Reed, Warren Wood, Karsten Thompson 

Quantification of gas void fraction and bubble geometry in muddy 
sediments 

39 

Angus I. Best, Jeremy Sothcott, Michelle H. Ellis, Timothy A. Minshull, 
Emily Kingston, Jeffrey A. Priest & Christopher R. I. Clayton 

Laboratory measurements of the ultrasonic and seismic properties of marine 
sediment-hosted methane gas hydrates. 

45 



 
Structured Session 2: Acoustic measurements with moored and 
autonomous array systems 53 

Harry A. DeFerrari 

Measurements of Acoustic Propagation on Shallow Shelves Inside of 
Western Boundary Currents 

55 

Jason D. Holmes, William M. Carey, James F. Lynch 

Recent experimental results using an autonomous vehicle towed array 
system 

57 

Timothy Duda, Jon Collis 

Acoustic field coherence in four-dimensionally variable shallow water 
environments: Estimation using co-located horizontal and vertical line 
arrays 

65 

Edmund Sullivan 

A Generalized Cramer-Rao Lower Bound for Bearing Estimation Using a 
Moving Array 

73 



 
Structured Session 4: Asian acoustic sea experiments and simulation 
results 81 

Yiing Jang Yang, Ming-Huei Chang, Tswen Yung Tang 

Internal solitary-like wave measurements from sonar with in-situ and 
remote sensing data in the northern South China Sea 

83 

Barry B. Ma   

Acoustic Detection and Measurement of Intermittent Rainfall At Little-
Ryukyu - Taiwan (ADMIRAL-Taiwan) 

91 

Hsiang-Chih Chan, Ruey-Chang Wei, Chi-Fang Chen 

The wind-wave noise variation analysis in northern South China Sea 
99 

Linus Y. S. Chiu, Yuan-Ying Chang, Chi-Fang Chen  

Analysis of Acoustic Mode and its Variation in the South China Sea 
107 

Chris Emerson, Philip Abbot, Charles Gedney, Glen Gawarkiewicz, Ching-
Sang Chiu, ChiFang Chen, Ruey Wei  

Acoustic Propagation Uncertainty in the Shallow South China Sea 
113 



 
Structured Session 6: Geoacoustic inversions 123 

Michael J. Buckingham, Fernando Simonet, David R. Barclay  

Geo-acoustic inversion experiments in shallow water off Kauai using sound 
from a light aircraft 

125 

Philippe Blondel, Dong Fang, Aaron Smith, Nisabha Jayasundere 

High frequency bistatic imaging of proud targets’ influence of target 
orientation and target type 

133 

Marie-Noël R. Matthews, Francine Desharnais, Alex E. Hay, David J. 
Thomson  

Geoacoustic inversion of a multi-layered seabed containing surficial gassy 
sediment 

141 

Alexander Gavrilov, Alec J Duncan, Jin-Rong Wu 

Geoacoustic inversion from the transmission loss and arrival structure of 
air-gun signals propagated in deep water 

149 

Michael A Ainslie, P.A VanWalree, W. Boek 

The role of the echo sounder in low frequency reverberation inversion 
155 

Ross Chapman, Yongmin Jiang, Bill Hodgkiss, Peter Gerstoft  

Geoacoustic Inversion in the SW06 Shallow Water Experiments 
163 

Kyle M. Becker, Subramaniam D. Rajan, Megan S. Ballard  

An overview of the modal inverse methods experiments 
171 

Peter Gerstoft, Chen-Fen Huang, William S. Hodgkiss, Martin Siderius  

Single and Multiple sensor coherent noise processing 
173 

Yann Stephan, Gwladys Theuillon, Xavier Lurton  

Multisensor Geoacoustic Inversion applied to the CALIMERO experiment 
in the Gulf of Lion 

175 

Laurent Guillon, Charles W. Holland, Christopher Barber   

Cross-spectral analysis of seabed reflected signals: simulations and 
experimental data 

183 

Vincent van Leijen Jean-Pierre Hermand,  Matthias Meyer   

Inversion of Saba bank geoacoustics using a ship as sound source of  
opportunity 

191 

Altan Turgut, Peter Mignerey   

Geoacoustic inversion by using sources of opportunity during the RAGS03 
winter experiment. 

193 



 
Adrian Jones, Alec Duncan, Amos Maggi   

Robust Prediction of Spatial Statistics of Acoustic Field for Shallow 
Oceans 

195 

Warren T. Wood   

Estimation of seafloor geo-acoustic parameters using a low-frequency, 
towed source and receiver array 

201 

Jean-Claude Le Gac   

Through the-sensor geoacoustic inversion along a towed horizontal line 
array. Results from real data set at the Mediterranean Sea 

203 

Chris Harrison, Peter Nielsen   

Separability of Scattering and Reflection Parameters in Reverberation 
Inversion 

211 

Matthias Meyer, Jean-Pierre Hermand, Mohamed Berrada, Mark Asch   

Adjoint-based monitoring of environmental parameters in shallow water 
areas 

219 

J.S. Papadakis, J.P Hermand, E.T Flouri, M. Meyer     

Geoacoustic adjoint-based inversion for a parabolic equation with a 
Neumann Dirichlet map bottom boundary condition 

227 

Elias Fakiris, Athena Chalari, George Papatheodorou   

A convenient Matlab graphical user interface for the analysis of analog sub-
bottom profiles 

239 

Alex de Bruijn, Frank P.A. Benders, Frank P.G. Driessen   

Determination of the dilatational wave speed in elastomer layers by means 
of an interferometer 

247 



 
Structured Session 7: Bioacoustics 253 

Nils Olav Handegard   

Observing the behaviour of single individual aquatic organisms from 
acoustic platforms’ methods and models 

255 

Ruben Patel, Egil Ona, Lars Nonboe Andersen, Hans Petter Knudsen   

Detailed fish school analysis using the 3D multibeam sonar MS70 
261 

Jeffrey A Nystuen, Bradley Hanson, Candice Emmons 

Listening for killer whales in the coastal waters of the NE Pacific Ocean 
263 

Nils Olav Handegard, Egil Ona, Geir Pedersen, Ruben Patel   

Horizontal target strength of herring; modelling and measurements with 
split beam echo sounder and multi-beam sonar 

271 

David K. Mellinger, Jack W. Bradbury  

Acoustic Measurement of Marine Mammal Sounds in Noisy Environments 
273 

Egil Ona, Hans Petter Knudsen, Lars Nonboe Andersen   

Field calibration of the MS70 multibeam sonar 
281 

Alec J Duncan, Robert D McCauley, Susan J Rennie 

Modelling and Measurement of Acoustic Exposure Levels Due to Seismic 
Surveys in Australian Waters 

283 

Gennadi Zaslavski 

Discrimination of transient signals having identical energy spectra by the 
Black Sea bottlenose dolphin 

289 



 
Structured Session 8:   Synthetic Aperture Sonars: State-of-the-Art 297 

Sean Chapman, Richard Orme   

A Robust Motion Compensation Solution for SAS 
299 

Johannes Groen, Roy E. Hansen, Vincent Myers, Hayden J. Callow, Marc 
A. Pinto   

Measurements on shadow contour estimation accuracy in synthetic aperture 
sonar images 

301 

Torstein Olsmo Sæbø Roy Edgar Hansen Hayden John Callow Bent 
Kjellesvig   

Using the cross-ambiguity function for improving sidelooking sonar height 
estimation 

309 

Andrea Bellettini, Marc Pinto, Benjamin Evans   

Experimental results of a 300 kHz shallow water synthetic aperture sonar 
317 

Roy Edgar Hansen, Hayden John Callow, Olsmo Torstein Sæbø,   

The effect of sound velocity variations on synthetic aperture sonar  
323 



 
Structured Session 9: Environmental variability, adaptation and 
information fusion 331 

Alberto Baldacci, Georgios Haralabus, Stefano Coraluppi, Mark Prior   

Adaptive sub-band processing in active detection and tracking 
333 

Alessandro Berni, Diego Merani, Michel Leonard   

Network-enabled information fusion in support of underwater research 
339 

Jean-Claude Le Gac 

On the integration of through-the sensor geoacoustic inversion techniques 
for environmental adaptation schemes in low frequency active sonars 

347 

Lucie Pautet, Alessandra Tesei 

Robustness of TR-based focusing to environmental conditions at 10-20 
KHz 

355 

Camiel van Moll, Michael Ainslie, FPA Lam, V. Janmaat 

The most likely distribution of target echo amplitudes 
361 

Manell Zakharia, Christian Toniazzi   

Measurement errors in experiments at sea 
367 



 
Structured Session 10: Seagrass acoustics 375 

Yao-Ting Tseng 

A determination scheme of seagrass canopy height by two frequencies 
377 

Preston S. Wilson, Kenneth H. Dunton 

Seagrass acoustics: Results of an experimental laboratory investigation 
383 

Jaroslaw Tegowski, Natalia Gorska, Zygmunt Klusek, Aleksandra Kruss, 
Jean-Pierre Hermand 

Parametrical analysis of acoustic echoes from sea-grass in the southern 
Baltic Sea and macrophytes in Svalbard archipelago area 

391 



 
Structured Session 11: Sonar Calibration 397 

Victor F. Humphrey, Stephen P. Robinson, Pete D. Theobald, Martin P. 
Cooling.   
Characterization of high frequency, high amplitude sonar 
fields using optical measurement of transducer surface 
velocity 

399 

Yuebing Wang, Yi Chen   

Method for calibrating plural sensitivity of hydrophones using a laser 
interferometer 

407 

M.J. Martin, C.T. Hugin, S. Robinson, G. Beamiss G. Hayman, J. Smith, V. 
Humphrey   

The low frequency characterisation of underwater material properties in a 
pressure vessel via single, dual and multiple hydrophone techniques. 

413 

Stephen Robinson, Pete Theobald, Victor Humphrey, Gary Hayman, Martin 
Cooling   

Mapping the acoustic field produced by high frequency sonar transducers 
using optical tomographic techniques 

421 

Robert Drake, Steve Forsythe   

Low Frequency Hydrophone Calibration in a Standing/Traveling Wave 
Tube 

429 

Alexander E. Isaev   

A method to estimate an effective area of the underwater acoustic 
measuring module under calibration in 1/n-octave frequency band 

437 

Alexander E. Isaev, Anton N. Matveyev 

The effective size and effective frequency band of the measuring water tank 
at ‘free-field’ calibration with use the continuous radiation mode 

445 

Peter Theobald, Stephen Robinson 

A comparison of free-field calibration techniques for hydrophones using the 
reciprocity and optical methods 

447 

Gary Hayman, Peter Theobald, Gary Robb, Stephen Robinson, Victor 
Humphrey, Timothy Leighton, Justin Dix, Angus Best 

Hydrophone performance in sediment 
453 

P. Pocwiardowski, G. Yufit, E. Maillard 

Effects of vessel pitch and roll on a seabed backscattering strength 
estimation 

459 

Victor Quintino, Ana Maria Rodrigues, Rosa Freitas 

Identification and characterization of benthic biotopes using single beam 
467 



M. Ardid, M. Bou-Cabo, V. Espinosa 

Acoustic detection of neutrinos and generation of neutrino-like signals by 
transducers 

475 

Egil Ona, Frank Ticky, Ruben Patel 

Calibrating a 200 kHz pressure-stabilized split beam transducer 
481 

Roy Edgar Hansen, Per Espen Hagen, Øivind Midtgaard 

SAS and Side Scan Sonar systems compared: Experimental results from 
HUGIN AUV 

483 



 
Structured Session 12: Buried object detection using underwater 
nonlinear acoustics 491 

Eugeniusz Kozaczka 

Buried objects detection by means of nonlinear acoustics method in the 
shallow water 

493 

Grazyna Grelowska 

Investigation of seabed structure by means of the nonlinear acoustic method 
preliminary measurements 

495 

Zachary J. Waters, Benjamin R. Dzikowicz, R. Glynn Holt, Ronald A. Roy, 

Identification of a resonant target in the free field and buried in a sediment 
using iterative, single-channel time reversal 

497 

Alessandra Tesei, Mario Zampolli, Gaetano Canepa 

At-sea measurements of acoustic elastic scattering by spheres and cylinders 
made of composite materials 

505 

Jens Wunderlich, Sabine Mueller 

Detection of embedded objects using nonlinear sub-bottom profilers 
511 



 
Structured Session 13: Bubble acoustics 517 

Theodore F. Argo IV, Preston S. Wilson   

The linear acoustic behavior of a bubble confined between parallel plates 
519 

Zygmunt Klusek, Jaromir Jakacki   

The nonlinear two-frequencies counting of bubbles population. 
Opportunities and constrains 

527 

Georges Chahine, Xiongjun Wu, Michel Tanguay, James Perea 

Development of a user-friendly instrument for nuclei measurement: the 
ABS acoustic bubble spectrometer 

535 

Thomas C. Weber, Anthony P. Lyons, David L. Bradley 

Identifying bubble clustering: comparisons of the coherent and incoherent 
fields 

537 

D. G. H. Coles, T. G. Leighton 

Autonomous spar-buoy measurements of bubble populations under 
breaking waves in the Sea of the Hebrides 

543 

Pieter Schippers 

Analysis of Target Strength variation; results of a realistic wake echo 
structure model compared with side scan sonar pictures 

549 

Timothy G. Leighton, Daniel C. Finfer, Paul R. White   

Sonar which penetrates bubble clouds 
555 

Richard Lee Culver, Mario F. Trujillo   

Measuring and modeling bubbles in ship wakes, and their effect on acoustic 
propagation 

563 

Michael A. Ainslie, Timothy G. Leighton 

The influence of radiation damping on through-resonance variation in the 
scattering cross-section of gas bubbles 

571 

A. Mantouka, T. G. Leighton, V. F. Humphrey 

Enhancement of nonlinearity and parametric sonar using bubbles 
577 

Tim Leighton, Dan Finfer, Edward Grover, Paul White 

Spiral bubble nets of humpback whales: an acoustic mechanism 
583 

TsungMo Tien, Chien-Hsun Lee, Ching-Jer Hung, Tai-Wen Hsu 

Study of bubble size distribution for waves propagating over a submerged 
breakwater 

589 



 
Structured Session 14: Measurement Activities in the Baltic Sea 591 

Frank Gerdes, Jan Grobys, Michaela Knoll, Jόrgen Sellschopp   

Temporal variability of environmental and acoustic data from a fixed range 
experiment in the Bornholm Basin 

593 

Wolfgang Jans, Ivor Nissen, Frank Gerdes   

Characterization of an acoustic communication channel UCAC I 2006 sea 
trial, propagation loss, angular distribution and impulse responses 

601 

P.A. van Walree, G. Bertolotto   

Characterization of an acoustic communication channel with pseudorandom 
binary sequences 

609 

Erland Sangfelt, Magnus Lundberg Nordenvaad, Niten Olofsson, Bernt 
Nilsson, Paul van Walree, Tommy Oberg   

Underwater communication in the Baltic Sea using iterative equalization 
617 

Zygmunt Klusek, Aliaksandr Lisimenka   

Ambient Sea Noise in the Baltic Sea 
625 

Jorgen Pihl, Sven Ivansson, Joakim Schon   

2-D and 3-D modelling of TL and RL measurements in the Baltic 
633 

Beata Schmidt, Joanna Szczucka 

Diel Vertical Migration in the Baltic Sea observed by use of ADCP and 
SIMRAD EK 500 

641 

Ari Poikonen,Seppo Madekivi 

Underwater noise measurements in very shallow coastal environment 
647 



 
Structured Session 15: Innovative technologies in multibeam acoustic 
studies 657 

Purnima Ratilal, Zheng Gong, Srinivas Jagannathan, Mark Andrews, 
Ameya Galinde, Nicholas Makris   

Spatial and Temporal Behaviour of Atlantic Herring Spawning on Georges 
Bank Revealed by Ocean Acoustics Waveguide Remote Sensing 

659 

Thomas C. Weber, Hector Pena, Mike Jech   

Combining single frequency multibeam with multifrequency singlebeam 
sonars: an example with Atlantic herring 

661 

Bart Buelens, Matthew Wilson, John K. Horne 

Multibeam water column data analysis for fisheries research: a worked 
example in Echoview 

669 

Chris Malzone, Matthew Wilson, Bart Buelens, Doug Lockhart   

Advances in the Evolution of Acoustic Beamformed Backscatter Data for 
Fisheries Applications 

677 

Miles Parsons,   Iain Parnum, Justy Siwabessy, Rob McCauley, Mike 
Mackie   

Multi-beam visualisation of Samson Fish (Seriola hippos) aggregations and 
spawning habitats in Western Australia. 

 

685 

Dan Parsons, Jim Best, Steve Simmons, Chris Malzone, Oscar Orfeo, 
Mario Amsler   

Using multibeam echo-sounding to quantify bed morphology and the 
dynamics of suspended sediment in large rivers: initial results from the Rio 
Paranα and Rio Paraguay, Argentina 

693 

Bo Lövgren 

Rapid Underwater Charting using an AUV-based MBES 
695 



 
Structured Session 16: Underwater acoustic technologies for protection 
of ports, waterways and coastlines 703 

Christian Ingvorsen, Marlene Baldwin   

Ro-Bat Protector: A safe defence for naval vessels 
705 

John Chapman, Martin Way 

Automatic Detection and Tracking of Underwater Intruders 
707 

Fumitaka Maeda, Akira Asada, Kazuoki Kuramoto, Yoshinori Kurashige, 
Yoshinobu Kawashima, Mitsuhiko Nanri, Ryusuke Imai, Kazuhiro Hantani   

Development of Sonar and Optical Sensor integration in the Underwater 
Security Sonar System 

713 

Claire Prada, Julien de Rosny, Dominique Clorennec, Jean-Gabriel 
Minonzio, Mathias Fink, Lothar Berniere, Sidonie Hibral, Philippe Billant 
and Thomas Folegot 

Experiment of detection and focusing in shallow water using the DORT 
method with a 12kHz source-receiver array. 

719 

Tuncay Akal, Piero Guerrini, William A. Kuperman, Kerem Köprülü, 
Philippe Roux, Karim Sabra 

Surveillance and protection of underwater archaeological sites ‘sea-guard’ 
727 

Robert Floyd, Dan Suchman 

An integrated approach to underwater intruder detection 
735 



 
Structured Session 17:  Reverberation, Scattering and Clutter 749 

Dale D. Ellis, John R. Preston   

A comparison of broadband reverberation and clutter data from two 
directional towed arrays on the Malta Plateau 

751 

Anthony P. Lyons, Thomas C. Weber, Michael J. Gustafson   

An Experimental Study on the Causes of Non-Rayleigh Scattered Envelope 
Statistics 

753 

John R. Preston, Dale D. Ellis   

Some data/model comparisons of broadband reverberation on the Malta 
Plateau using towed arrays and a new Matlab and normal mode based 
reverberation mode 

761 

Jeffrey Krolik, Granger Hickman, Ryan Goldhahn   

Reverberation Level Estimation using Waveguide Invariant Striations 
763 

Dick G. Simons, Mirjam Snellen   

A model data comparisonfor high frequency backscattering 
771 

Michael. A. Ainslie, Wilco Boek, Peter Nielsen, Chris Harrison   

The role of benchmarks in the inversion of low frequency bottom 
reverberation. 

777 

Valery Petnikov, Boris Katsnelson, Harry DeFerrari, Hien Nguyen, James 
Lynch, Arthur Newhall, Sergey Pereselkov   

Comparison between internal wave augmented and purely bottom induced 
attenuation as a function of frequency SW06 measurements and numerical 
simulations. 

785 

Halvor Hobæk, Tonje Lexau Nesse  

Sound scattering from short metallic cylinders and its relation to modal 
vibrations 

787 

Jerald W. Caruthers, Richard Slaughter, Sean Griffin, Maurice G. Fields  

A Multibeam Subbottom Profiler 
793 

Chris Harrison, Peter Nielsen 

Multipath Pulse Shape in a Refracting Environment 
799 



 
Structured Session 18: Habitat mapping and underwater acoustics 807 

Martin Hovland   

Acoustic and visual documentation of deep-water coral reefs, Norwegian 
Continental Shelf 

809 

Jon Preston, Ben Biffard   

Acoustic classification with sounder echoes: isolating effects of the seabed 
on the echo 

815 

Craig J. Brown, Jenny S. Collier   

Advances in benthic habitat mapping: The application of acoustic survey 
methods for habitat discrimination 

823 

Vera Van Lancker, Isabelle Du Four, Steven Degraer  

Habitat mapping in soft substrata: problems encountered in relating 
acoustic backscatter to environmental variables 

831 

Jaroslaw Tegowski, Aleksandra Kruss  

Acoustic study of benthic habitats in the arctic 
833 

Jennifer Smyth, Craig Brown, Rory Quinn 

Detection, mapping and benthic impacts of scour around Pisces Reef(s), 
Irish Sea 

841 

Jean-Sebastien Houziaux, Koen Degrendele, Alain Norro, Jerome 
Mallefet,F. Kerckhof, Marc Roche  

Gravel fields of the Western Belgian border, southern bight of the North 
Sea: a multidisciplinary approach to habitat characterization and mapping 

847 

Iain Parnum, Alexander Gavrilov, Justy Siwabessy 

Analysis of multibeam sonar data for the purposes of seabed classification   
855 

Andrzej Orlowski   

New approach for acoustic classification of the benthic habitat 
863 

Anthony P. Lyons, Thomas C. Weber  

A multibeam sonar survey for a benthic lake habitat: Assessing the impact 
of invasive mussels in Seneka Lake, New York 

871 

V. Hühnerbach, Ph. Blondel, V. Huvenne, O. Gomez Sichi   

Repeatability of high-resolution sidescan and multibeam backscatter 
imagery over cold-water corals - possible implications on long-term habitat 
monitoring 

877 



 
Veerle A.I. Huvenne, Hühnerbach Veit , Philippe Blondel, Olga Gomez 
Sichi, Tim Le Bas   

Detailed mapping of shallow-water environments using image texture 
analysis on sidescan sonar and multibeam backscatter imagery 

879 

Guy R. Cochrane  

Marine Geo-habitat of Southern California from Video-supervised 
Classification of Sonar Data 

887 

Alexander Callaway, Craig Brown, Rory Quinn 

Discrimination and mapping of geological, geophysical and biological 
relationships on the pisces reef system, Irish Sea  

895 

Jacques Yves Guigne, Nicholas G. Pace   

An Analytical Acoustic Framework to Quantify the Health of Benthic 
Habitats 

901 

P.A. van Walree, M.A. Ainslie, J. Janmaat 

Influence of bottom trawling on the normal incidence reflection coefficient 
909 

Jennifer Wladichuk, William Megill, Philippe Blondel  

A Bioinspired Approach to Sound Localization in the Underwater Coastal 
Environment 

917 

Rosa Freitas, Edward Morris, Jose Lucas Perez-Llorens, Ana Maria 
Rodrigues, Victor Quintito 

Identification and characterization of seabed habitats using single-beam 
acoustics: Comparison of two echo sounder frequencies  

925 

Laurent Seuront, Jean Paul Hermand, Jean-Pierre Hermand   

Ultrasonic imaging of individual pelagic and benthic subcentimetre-scale 
free-swimming marine organisms 

933 

Aleksandra Kruss, Jaroslaw Tegowski 

Parametrical and textural analysis of side scan sonar imagery of bottom 
habitats of Arctic fjords - poster session 

939 



 
Structured Session 21: Advances in acoustic vector sensors and fibre 
optical hydrophones 941 

Huiliang Ge , Zili Zhang, Dongming Li   

Self-noise analysis of an interferometric optic fiber hydrophone 
943 

Junbin Huang, Hongcan Gu, Bo Tan, Rizhong Ri, Zude Zhou   

A Fiber Bragg Grating Hydrophone Array Using Wavelength Division 
Multiplexing  

949 

Vladimir A. Shchurov , Guiqing SUN , Marianna V. Kuyanova, Helen 
Tkachenko   

Strategy of simultaneous measurements of scalar and vector sound field 
characteristics in the real ocean 

959 

Guiqing Sun , Qihu Li , Xiaoping Huang, Bin Zhang   

On left/right resolution of acoustic vector sensor linear array 
967 

Zili Zhang , Huiliang Ge   

Measurement of equivalent plane wave self-noise measurement of 
interferometric optical fiber hydrophone with a vacuum container 

977 

Paulo Santos, Paulo Felisberto, Paul Hursky   

Source Localization with a Vector Sensor Array during the Makai 
Experiment  

985 

Dennis Lindwall 

Developments in imaging marine vector acoustic data 
991 

Francois M. Guillot, David H. Trivett, Peter H Rogers 

Fiber optic interferometric vector sensor based on Bragg gratings 
999 

Yongming Hu, Zhou Meng, Ming Ni 

Development of fiber optic hydrophone 
1001 



 
Structured Session 22: Acoustic measurements of suspended sediments 1007 

Alex Hay   

Remote acoustic measurement of sediment transport processes: A once and 
future history 

1009 

Len Zedel, Alex Hay   

Multi-Frequency Coherent Doppler Profiler: Model Results and Lab Trials 
1011 

Richard Cooke   

Design and implementation of a three-axis coherent Doppler velocity 
profiler 

1019 

D. Hurther, U. Lemmin    

Multistatic acoustic Doppler profilers for fine-scale studies of velocity and 
particle flux processes 

1027 

Peter Traykovski   

Sediment flux and turbulence measurements using a pulse coherent 
Doppler profiler over ripples measured with a  two axis rotary pencil beam 
system 

1035 

Alejandro J. Souza   

The use of ADCPS to measure turbulence and SPM in Shelf seas 
1037 

Paul S Bell, Peter D Thorne   

Field measurements of wave induced sand ripples in three dimensions 
1045 

George Voulgaris   

Quantitative and Qualitative Uses of Acoustic Techniques for Sediment and 
Particular Organic Material Transport in Coastal Environments 

1053 

Stephen Caine, Andrew Smerdon   

The factors that affect the performance of Multiple Frequency Acoustic 
Backscatter instruments: the evaluation of a commercial ABS system 

1055 

Yogesh C. Agrawal, Amanda Whitmire, Ole Mikkelsen, H.C. Pottsmith  

Laser Scattering by Random Shaped Particles and its impact on Suspended 
Sediment Measurement 

1063 

Peter D. Thorne, Alan G Davies, Paul S Bell   

Acoustic measurements of vortex ripple entrainment and sediment 
diffusivity over a sandy rippled bed under waves 

1065 

Ben Moate, Peter Thorne   

Measurements of the backscattering characteristics of suspensions having a 
broad particle size distribution 

1073 



 
Anne Pallares, Faros Abda, Abdelhalim Azbaid, Denis Ensminger, 
Stephane Fischer, Pierre Francois,Philippe Schmitt 

Instrumental development for velocity and sediment concentration 
measurements 

1079 

Stephanie Moore, Alex Hay 

On the Angular Dependence of Acoustic Scattering from Sand in 
Suspension 

1085 

Christian Maushake, Jeroen Aardoom 

Suspended Sediment Measurements on the River Elbe using ADCP 
1087 

Sergio Jaramillo, Alexandru Sheremet, Mead A. Allison 

Observations of wave-sediment coupling on Atchafalaya Shelf, Louisiana, 
USA 

1099 

Jens Wunderlich, Thomas Buch, Kerstin Schrottke 

Bed mobility measurements of suspended sediments in tidal waters using 
nonlinear sub-bottom profilers and nonlinear low-frequent ADCP 

1101 



 
Structured Session 23: The role of underwater acoustics in Marine 
Archaeology 1107 

Jim Goold 

Multibeam in Extended Archaeological Survey Use 
1109 

Kazuhiro Hantani, Tufan Turanli, Akira Yoshizawa, Shunichi Fujishima, 
Yoshinori Matsumoto, Yusuke Sugimoto, Yorio Hamaguchi, Keiichiro 
Kondo, Randall J. Sasaki   

The archaeological research for the excavation of "Ertugrul" with the 
Multibeam Echo Sounder 

1111 

Fantina Madricardo, Sandra Donnici, Silvano Buogo, Paola Calicchia, 
Alberto Lezziero 

Acoustical prospecting in extremely shallow water for palaeo-
environmental reconstruction in the Lagoon of Venice 

1117 

Enrico Armelloni, Angelo Farina, Michele Zanolin 

Low-frequency not-impulsive sonar technique for detecting objects buried 
under sediment 

1119 



 
Structured Session 24: Tank experiments 1121 

Alexios Korakas, Frédéric Sturm, Jean-Pierre Sessarego, Didier Ferrand 

Investigation of pulse propagation in shallow water laboratory experiments 
and comparison with numerical simulations 

1123 

Shui Li, Maqi Luo, Jiangxing Shen, Jinliang Fan 

Traveling Wave Tube Measurements for Low-Frequency Properties of 
Underwater Acoustic Materials 

1129 

Liu Yan-sen, Sheng Mei-ping, Wang Min-qing,Wang Mei-yan, Zhang Hui-
ping 

Experimental research on theory and application of edge diffraction 
separated in time domain based on virtual instrument technology 

1135 

J-P Sessarego, R. Guillermin, A. Ivakin 

High Frequency Reflection from Water-Saturated Sandy Bottoms. 
1137 

Raymond J. Soukup 

Validation of acoustic scattering and propagation models in tank 
experiments with simulated elastic ocean bottoms 

1143 

Frédéric Sturm, Jean-Pierre Sessarego, Didier Ferrand 

Laboratory scale measurements of across-slope sound propagation over a 
wedge-shaped bottom 

1151 

Alessandra Tesei, Piero Guerrini, Mario Zampolli 

Tank measurements of elastic scattering by a raisin field fibreglass 
spherical shell 

1157 

Panagiotis Papadakis, Michael Taroudakis, Patrick Sanchez, Jean-Pierre 
Sessarego 

Identification of modal arrivals in laboratory experiments of long range 
acoustic propagation 

1163 



 
Structured Session 25: Tomography-Arctic acoustics 1169 

Hanne Sagen, Stein Sandven , Emmanuel Skarsoulis, George Piperakis, 
Michael Kalogerakis, Peter Worcester 

DAMOCLES: The Fram Strait Acoustic Tomography System 
1171 

Nelson Martins, Sergio Jesus 

Ocean volume temperature inversion using a drifting buoy network 
1177 

Alexander Gavrilov, Binghui Li 

Antarctica as one of the major sources of noise in the ocean 
1179 



 
Structured Session 26: Future Applications of Underwater Acoustic 
Measurements 1185 

Patricia Gruber, Ellen Livingston   

ONR Ocean Acoustics Program Shallow-Water Acoustic Measurements 
1187 

Qihu Li   

Recent Advances of Shallow Underwater Acoustics in China 
1189 

 



 
 
 
 
 
 
 

Structured Session 1 
 

Acoustics of Gassy Sediments 
 

Organizer: Angus Best 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

19



 
 
 
 
 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

20



 

LOW FREQUENCY SOUND SPEED MEASUREMENTS PAIRED 
WITH COMPUTED X-RAY TOMOGRAPHY IMAGING IN GAS-

BEARING RECONSTITUTED NATURAL SEDIMENTS 

Preston S. Wilsona, Allen H. Reedb, Warren T. Wood b and Ronald A. Royc 

aMech. Eng. Dept. and Appl. Res. Labs., Univ. of Texas, Austin, TX 78712-0292, USA 
bMarine GeoSciences Div., Naval Res. Lab., Stennis Space Center, MS, USA 
cDept. of Aerosp. and Mech. Eng., Boston Univ., Boston, MA 02215, USA 

Preston S. Wilson; Univ. of Texas; 1 University Station C2200; Austin, TX 78712-0292; 
USA. fax: 512-471-8727. email: pswilson@mail.utexas.edu 

Abstract: One of the difficulties encountered in verifying sound propagation models for 
gas bearing sediments is determining the overall void fraction (VF) and the bubble size 
distribution (BSD), both of which greatly effect the acoustic behavior. Traditional time-of-
flight sound speed measurements are hindered at low frequencies because of the large 
sample size needed. Due to these difficulties, the various models that have appeared in the 
literature are essentially unverified by experiment. These issues have been addressed by 
combining one-dimensional acoustic resonator measurements of sound speed with 
contemporaneous BSD and VF determination by computed x-ray tomography. Sound 
speed was successfully measured in reconstituted bay mud and kaolinite sediments 
containing varying fractions of biogenic gas bubbles or air bubbles. The acoustic 
resonator operated between 100–2000 Hz and utilized cylindrical acrylic core liners to 
contain the sediment. Because of the compliance of the core liner walls, an elastic 
waveguide model was used to relate the sound speed measured inside the core liner to that 
which would be observed in the free field. The measured sound speeds ranged from 
1520 m/s for gas-free mud to as low as 287 m/s for gassy mud and 114 m/s for gassy 
kaolinite. Volumetric images produced from x-ray CT scans yielded a void fraction of 
0.0045 in the kaolinite sample and void fractions ranging from 0.0014 to 0.0024 in the 
reconstituted bay mud. For the kaolinite, the measured sound speeds showed negligible 
dispersion and were accurately described by Wood’s effective medium model, which for 
the void fractions encountered is dependent only upon the ambient pressure, the void 
fraction, the sediment’s bulk mass density, and the assumption that all the bubbles are 
smaller than resonance size at the highest frequency of interest. 
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Keywords: sound speed, gassy sediment, low frequency, acoustic resonator 

1. INTRODUCTION  

The acoustic properties of gassy sediments are important in a diverse range of marine 
applications including sonar and mine hunting [1], civil and petroleum engineering [2], 
and the interpretation of seismic surveys [3], among others. A number of studies have 
been performed regarding scattering from, and sound propagation and attenuation in, gas 
bearing sediments. Examples are Refs. [4-7]. Despite these and other similar studies, the 
various models for sound propagation in gassy sediments [8-10] have gone largely 
unverified. Wilkens and Richardson [11] investigated the gas-bearing sediments in 
Eckernförde Bay and observed resonant bubble acoustic effects consistent with their 
measured bubble size distribution and the predictions of the Anderson/Hampton 
model [8], hereafter referred to as AH. Unfortunately, heterogeneous acoustic 
measurement techniques, and possibly heterogeneous gas distributions prevented an 
unambiguous characterization of the sediment acoustic properties. Recently, Best et al. [6] 
obtained wide band sound speed and attenuation measurements on a gassy sediment and 
enough environmental characterization data to compare the acoustic measurements to the 
predictions of AH. They found good agreement between measured and modeled acoustic 
attenuation (using a best fit bubble size distribution) but found poor agreement between 
measured and modeled sound speed. Again, heterogeneity of the bubble distribution, and 
deviation from spherical bubbles were cited. 

In the present study, we sought to minimize the complexity of the sediment and utilized 
reconstituted natural sediments that contained either air bubbles or biogenic gas bubbles. 
Low frequency (below 1 kHz) sound speed measurements were obtained with an acoustic 
resonator technique. High frequency (400 kHz) sound speed measurements were obtained 
with a pulse transmission (PT) technique. Computed x-ray tomography imagery was used 
to determine the bubble size distribution and overall void fraction. A fluid-like kaolinite 
sediment, with bubbles of primarily spherical and spheroidal shape, exhibited a non-
dispersive sound speed at frequencies well below the lowest individual bubble resonance 
frequency (IBRF) that was accurately described by Wood’s Equation [12]. PT 
measurements in this sediment failed due to excess attenuation attributed to the bubbles. 
Three samples of a gassy mud sediment also exhibited effective fluid acoustic behavior in 
the resonator, but this sediment had unevenly distributed and extremely oblate bubbles and 
was not well-described by Wood’s Equation, although PT measurements were successful. 

2. EXPERIMENTAL APPARATUS AND PROCEDURE 

The sediment samples were prepared inside acrylic core tubes of circular cross-section 
with 6.1 cm outer diameter, 1 mm wall thickness and 0.5 m length. The first sediment 
consisted of kaolinite mixed with deionized fresh water to a 65% water mass fraction. Air 
bubbles were entrained during the stirring process. The second sediment was mud 
collected from St. Louis Bay on the Mississippi Gulf Coast of the USA. Ten grams of 
sugar was mixed with the mud and gas bubbles subsequently formed within the sediment 
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due to biological activity over a 10 day period. A degassed and filtered fresh water sample 
and a gas-free mud sample were also prepared. 

The high frequency (400 kHz) sound speed was measured directly using a pulse 
transmission technique and apparatus described in Refs. [11, 13, 14]. The low frequency 
sound speed was determined using the acoustic resonator shown in Fig. 1. The sample-
filled core tubes were transferred to the acoustic apparatus and positioned as shown. The 
air-sediment interface at the top and a styrofoam block at the bottom provided pressure 
release acoustic boundary conditions to a high degree of approximation, as described in 
Ref. [15]. Acoustic standing waves were generated with a 3-cm diameter aluminium 
piston that was attached to an electromechanical shaker via an aluminium stinger. Band-
limited periodic chirps were produced by a vector signal analyzer (VSA) and directed to 
the shaker through a power amplifier. The source signal was also digitized by the VSA. 
The piston was positioned a few centimeters below the upper air-sediment interface. The 
acoustic pressure inside the sediment was received with a miniature hydrophone, 
positioned a few centimeters below the source. The received signals were band-pass 
filtered (10–10kHz), amplified with a charge amplifier and digitized by the VSA. 
According to the manufacturer specifications, the source velocity and receiver pressure 
responses were flat to within less than +/–1 dB in the experimental frequency range. 

 
Fig. 1: The acoustic resonator and associated apparatus used to obtain the low 

frequency sound speed measurements is shown. 
 
Acoustic pressure spectra were then calculated onboard the VSA by way of a transfer 

function between the received acoustic pressure and the excitation signal using 20 spectral 
averages. This preserved the pressure magnitude and phase relative to the excitation signal 
and yielded the coherence function. The number of averages and the amplitude of the 
excitation were chosen to achieve a near-unity coherence function at all frequencies of 
interest, which guaranteed a high signal-to-noise ratio and insured linear bubble 
behavior [16]. Peak pressures inside the sediment were typically less than 160 dB re 1µPa. 

Immediately following the acoustic resonator measurements, the sediment samples 
were transferred to a Universal Systems HD-500 micro-computed x-ray tomography 
system [17]. Three-dimensional imaging scans (107 µm voxel size) were obtained over 
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approximately 1/3 of the total sediment volume for each of the gassy sediments. A two 
dimensional rendering of a small portion of each type of sediment is shown in Fig. 2. The 
kaolinite sediment contained relatively evenly dispersed gas bubbles of primarily spherical 
or spheroidal bubbles. The three mud sediments contained fewer but significantly larger 
bubbles that were primarily oblate spheroidal and inhomogeneously distributed, and with 
smaller bubbles interspersed. Image analysis software was used to calculate total gas 
volume Vgas and bubble size distribution. Knowledge of the scanned sediment core tube 
volume Vtot was used to extrapolate global sediment void fraction χ = Vgas/Vtot. Measured 
void fractions χ are presented in Table 1. The void fraction measurement uncertainty was 
+/− 0.001 due to the voxel size. 

The bulk mass density ρsed of gas-free sediment material was measured with a 
Quantachrome Penta pycnometer. Five samples taken from just below and five from 
25 cm below the air-sediment interface were measured. No significant difference was 
found between the upper and lower locations. The densities are presented in Table 1. The 
density measurement uncertainty was 1 ppt (given in pycnometer’s specifications). 

 
 kaolinite 

 
 

St. Louis Bay mud 

 
Fig. 2: Two-dimensional rendered views of subsets of the micro-CT scans are shown. The 

yellow-colored objects are gas bubbles. Neither the core tube walls nor the non-gas 
phases of the sediment are visible. The approximate locations of the core tube walls are 

indicated with the vertical lines at the ends of the horizontal scale bars. 
 
 

sediment type 
gas-free bulk 
density ρsed 

(kg/m3) [+/− 0.1%] 

range of density 
measurements 

(kg/m3) 
void fraction χ [+/− 0.001] column length L 

(m) [+/- 0.0012] 

gassy kaolinite 1581.4  +/− 5.6 0.0045 0.463 
gassy mud 1 1667.6  +/− 34.8 0.0024 0.423 
gassy mud 2 1724.2  +/− 15.0 0.0014 0.424 
gassy mud 3 1698.9  +/− 4.2 0.0024 0.437 

degassed filtered 
water 998 n/a 0 0.455 
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Table 1: Sediment physical properties and their measurement uncertainties [in square 

brackets]. All samples were at 23–24 Co and Patm was taken to be 101.3 kPa. 
 

longitudinal sound 
speed (m/s) 

transverse sound speed 
(m/s) 

wall material 
density (kg/m3) 

inner wall 
radius (m) 

outer wall 
radius (m) 

cl = 2664 ct = 1087 ρw = 1185 b = 0.0295 d = 0.0305 
 

Table 2: Physical properties used in the evaluation of the elastic waveguide model. 

3. ACCOUNTING FOR THE ELASTIC WAVEGUIDE EFFECT 

In a gas-filled acoustic resonator, the walls are effectively rigid. In a liquid-filled 
resonator, there is significant coupling between the fill-liquid and the tube. The result is a 
reduced sound speed relative to that observed in an unconfined environment. This effect is 
hereafter referred to as the elastic waveguide effect. An exact analytic model [18] for 
sound propagation in a finite-thickness elastic-walled, fluid-filled cylindrical tube was 
used to relate the speeds observed in the resonator to the intrinsic sound speed the material 
would exhibit in an unconfined environment. This procedure (and its validity) is discussed 
in Ref. [15] and summarized here. Equation A1 of Ref. [15] is the dispersion relation for 
the resonator waveguide. The intrinsic sound speed c0 of the liquid that fills the resonator 
is an input parameter to Eq. A1. The phase speed cph of the plane wave mode is an output. 
The resonator measurements described here yield the effective phase speed ceff observed 
inside the waveguide. The intrinsic sound speed c0 is then varied in Eq. A1 until the model 
output cph matches the measured value ceff. The value of c0 that achieves the match is 
reported as the intrinsic sound speed of the sample. The physical parameters used in the 
elastic waveguide model (Eq. Al, Ref. [15]) are given in Table 2. The sound speeds for the 
tube walls were initially taken from the literature, but the similar values that were 
ultimately used were obtained via resonator calibration with filtered degassed fresh water. 

4. MODEL OF SOUND PROPAGATION IN FLUID-LIKE GASSY SEDIMENT 

The sediments in this experiment were fluid-like. They flowed readily and their shape 
was not maintained when unsupported. Therefore, Wood’s model [12] for the sound speed 
in a bubbly liquid was used, which requires that the excitation frequency be well below the 
resonance frequency of the largest bubble. For 0.002 < χ < 0.94 , and isothermal 
conditions (a good approximation for these bubble sizes) the model reduces to [19] 

c lfgs =
Patm + ρsedg(L /2)

χ(1− χ)ρsed

, (1)

where clfgs is the low-frequency sound speed in the gassy sediment, Patm is the atmospheric 
pressure, ρsed is the sediment mass density, g is the acceleration of gravity, L is the length 
of the resonator, and χ is the void fraction. The terms in the numerator account for the 
mean dependence of the bubble compressibility on the local hydrostatic pressure. In this 
experiment, the largest bubble radius observed in any sample was 4.6 mm. The 
corresponding bubble resonance frequency is 4.91 kHz, determined by Eq. 1 of Ref. [8] 
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using a conservatively low value for sediment shear modulus (G = 104 Pa), also from 
Ref. [8]. The highest frequency in these experiments was 0.8 kHz, which rendered the 
low-frequency approximation valid. Note that even if G was set to zero, the lowest bubble 

resonance frequency would still be about 6 times higher than the highest acoustic 
excitation frequency. The simplified form of Eq. (1) is used because it best illustrates the 
physical nature of sound propagation in near-surface gassy fluid-like sediments. 

5. RESULTS 

As a representative example, the measured resonator spectrum for the kaolinite sample 
is shown in Fig. 3-(a), where four resonance frequencies are identified. The effective 
sound speed ceff is inferred from the slope of the curve in Fig. 3-(b). The n-th resonance 
frequency is given by fn = (ceff /2L)n  and L is the length of the resonator. After correction 
for the elastic waveguide effect (Sec. 3), the intrinsic gassy kaolinite sound speed was c0 = 
114 m/s +/− 2 m/s. The measurement uncertainty was due to the finite spectral resolution 
and the uncertainty of L. For the input parameters in Table 1, the model (Eq. 1) predicts a 
low frequency gassy sediment sound speed between 110 and 138 m/s. The range of the 
prediction is due to the void fraction measurement uncertainty. Excellent agreement is 
observed between measurement and model. 

The results of all the sound speed measurements and predictions are presented in 
Table 3. The 400 kHz PT measurement failed in the gassy kaolinite (due to excess 

Fig. 3: The resonator spectrum obtained for the kaolinite sediment is shown in a). The 
four lowest resonance frequencies are identified with circles. The effective sound speed 
ceff inside the gassy kaolinite-filled waveguide is inferred from these frequencies in b), 
where a least-squares fit yields ceff = 99.1 m/s. After correcting for the elastic waveguide 
effect, the intrinsic sound speed inferred from the measurements was c0 = 114 m/s +/− 2 
m/s, where the range is due to finite spectral resolution and the uncertainty in the 
resonator length L. The Wood limit model (Eq. 1) predicted c0 = 110–138 m/s, where the 
range is due to the uncertainty of the void fraction. 
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attenuation) but not in the bay mud. This is explained by one of two mechanisms. The bay 
mud bubbles were large, few in number, and widely spaced. It is possible that the PT 
signals travelled via a primarily gas-free path. Alternatively, the bay mud bubble size is 
much larger than resonant size at 400 kHz, which is a region in which the AH model 
predicts an effective sound speed the same as that of the gas-free sediment. For the gassy 
mud, the low frequency and high frequency measured sound speeds are very different, 
which is qualitatively in agreement with AH. Two of the three resonator measurements are 
underpredicted by Eq. 1. This can be attributed to at least two mechanisms. The large 
deviation from spheroidal bubbles could render Eq. 1 invalid. The bubbles were 
inhomogeneously distributed, therefore void fractions derived from CT scans (which only 
covered 1/3 of the sample volume) might not be representative of the entire sample. 

6. CONCLUSIONS 

The three major conclusions of this work are:  1) Resonator measurements of gassy 
sediments yield the sub-IBRF sound speed even where high frequency pulse transmission 
measurements fail.  2) As predicted by AH, the gassy mud sediments have very different 
sound speeds well above and well below IBRF.  3) A simplified version of Wood’s 
equation describes the sound speed in gassy fluid-like sediments in which the IBRF of the 
largest bubble is well above the frequency of the acoustic excitation, and the bubbles are 
evenly distributed throughout the sample. The gas phase dominates the compressibility. 
The sound speed is dependent only on the void fraction, the sediment mass density, and 
the local hydrostatic pressure. It does not depend at all on the material properties of the 
sediment grains and the fluid, other than through the bulk sediment density. This will 
cease to be true as depth increases. Some deviation between model and LF measurement is 
observed in two cases, and could be due to deviations from bubble sphericity (an 
intriguing possibility) or sampling biases in the CT-based void fractions measurements. 
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sediment type 

frequency range 
of resonator 

measurements 
(Hz) 

low frequency 
resonator sound 

speed (m/s) 

sound speed pre-
dicted by Eq. (1) 

(m/s) 

400 kHz pulse 
transmission sound 

speed (m/s) 

gassy kaolinite 100–550 114 +/− 2 110–138 n/a due to excess 
attenuation 

gassy mud 1 200–800 287 +/− 5 137–213 1523 
gassy mud 2 200–600 322 +/− 6 160–391 n/a 
gassy mud 3 200–600 326 +/− 6 135–211 1522 

degassed filtered 
water 

(calibration) 
200–1000 1494 n/a 1494 

Table 3: Measured and predicted sound speeds. 
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Abstract: The acoustic techniques available for the determination of bubble size 
distributions in fluids are presently more sophisticated than those available for gassy 
sediments. To provide a simplified platform for the testing of models for acoustic 
propagation in marine sediments, experiments have been performed on a bubbly gel 
mimic. This eliminates the granular and inhomogeneous nature of the host medium, while 
retaining its ability to support shear waves. Compressional wave velocities are measured 
in a bubbly xantham gel sample from 21 to 111 kHz. In the frequency range of 25 to 40 
kHz, these display a sharp transition between the lower and upper asymptotic values of 
the velocity ratio. Bubble size distributions measured using CT scanning techniques 
possess modal radii from 70 to 110 µm, radii whose resonant frequencies directly 
correspond to the frequency range over which the sharp transition occurs. Velocity ratios 
predicted by the Anderson and Hampton acoustic theory for gassy sediments differ 
considerably from measured values, with predicted values very sensitive to the inclusion 
of bubbles with radii too small to be detected by the CT scanner, i.e. those bubbles having 
radii less than 20 µm. 

Keywords: Bubbly media, acoustic propagation, xantham gel, CT scanning  
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1. INTRODUCTION 

Regions of seafloor sediments that contain gas bubbles, primarily methane, have been 
identified at numerous global locations [1]. These have been detected primarily through 
the significant impact of the bubbles on the bulk acoustic properties of the sediment, with 
typical “gassy” features observed on high-resolution seismic profiles including acoustic 
turbidity and blanking [2]. These features arise from the large and strongly frequency-
dependent acoustic cross-section that each bubble presents to the insonifying sound field 
[3,4].  

It would be beneficial to a number of marine applications if the existing acoustic 
capability to identify the spatial extent of gassy sediments could be extended to allow the 
bubble size distributions (BSDs) to be measured. First, the increased understanding of the 
acoustic properties of gassy sediments required to obtain measurements of BSDs from 
acoustic signals would greatly assist marine surveyors, possibly allowing the interpretation 
of previously disrupted regions on seismic profiles. Second, the bubble distribution will 
affect the shear strength and load-bearing capacity of the sediment [5,6] and will therefore 
be of interest to offshore geohazard assessment. Third, the flux of methane from the 
seabed to the atmosphere, of which climate modellers require more refined information 
[7], will depend on the BSDs present in the sediment.  

The ability for a user to be able to determine BSDs quantitatively depends on the level 
of sophistication of both the acoustic measurement techniques and the acoustic theories 
available for inverting acoustic data obtained by these techniques. In comparison to water-
based bubble populations, where non-linear, non-stationary acoustic theories have been 
developed [8-10], the existing theories for sediment-based bubble populations are limited 
to linear stationary scenarios [3,4]. Similarly, advanced acoustic measurement techniques, 
such as the analysis of non-linear sum and difference signals [9], are at a more advanced 
stage for water-based than sediment-based bubble populations.  

While the more developed nature of the water-based measurements and theories can be 
partly attributed to their numerous industrial, medical and oceanographic applications 
[11], the uniform, homogeneous nature of the media containing the bubbles is also a 
factor. In contrast to the fundamental properties of water (e.g. velocity and density) which 
can be determined using standard predictive equations [12], the fundamental properties of 
the saturated sediment component of gassy sediments are difficult to predict. Recent work 
has identified that compressional wave velocities in sediments of the same 
sedimentological classification and depth, with similar porosities (variations of less than 1 
%) and which are located within lateral distances of order 100 m can vary by up to 10 % 
[13], a value which agrees with previous research in this field [14]. In addition to this 
variability, which is attributed to the subtle differences in structure and grain size 
distribution of the sediment [13, 14], the ability of marine sediments to support shear 
forces adds a further level of complexity to the bubble host medium.  

It would therefore be useful to investigate the acoustic properties of bubbly media in 
which the host media is homogeneous and supports shear, e.g. water-based gels. Therefore 
this paper presents a comparison of compressional wave velocities measured in bubbly 
xantham gel with those predicted by the sediment-based model of Anderson and Hampton 
[3,4], using bubble populations obtained through CT scanning techniques.  
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2. EXPERIMENT 

Propagation experiments were performed on samples of xantham gel which were 
confined in a Polymethylmethacrylate (Perspex) box measuring 96 mm x 280 mm x 580 
mm. This was suspended co-linearly along a horizontal axis with the required sources and 
receiver (as displayed in Fig. 1) in a large water tank, which measured 8 m x 8 m x 5 m 
deep. To span a wide frequency range two custom-made high-fidelity sources, developed 
by Neptune Sonar Ltd. and Blacknor Technology Ltd., were used. These included a low-
frequency (LF) source which operates from 21 to 36 kHz and a high-frequency (HF) 
source which operates from 27 to 111 kHz. In order to achieve accurate positioning, all 
devices were deployed using purpose built carbon rods which were firmly attached to 
cross-bars across the top of the tank. The separation between the source and the sample 
(0.3 m) minimises beam spreading at the sample face (and therefore minimises the 
magnitude of diffractions and reflections from the box edges) while ensuring that the 
sample lies beyond the near-field to far-field transition of the sources (greater than 0.27 m 
for both sources). The position of the receiver also maximises the time difference between 
the diffraction and reflection events and the direct arrival, a factor which becomes more 
important at lower frequencies. 

 

Fig.1: Experimental setup, showing relative positions of source S, xantham sample X and 
receiver R at common depth of 2.44 m and separations of 0.3 m and 0.2 m respectively. All 
devices were deployed on carbon rods (denoted by vertical lines) to allow relative positions 

to be accurately obtained.  
 
A xantham gel, with a concentration by weight of 2 %, was selected as the host 

medium for the bubbles, owing to its ability to support bubble populations of a similar size 
to those observed in gassy sediments in nature, i.e. radii from 10s of μm to 10 mm (see 
review by Robb et al. [15]). As these populations remain stable over periods of the order 
of 2 to 4.5 hours for 0.8 % concentration gels [16], it is assumed that the bubbles present 
in the 2 % gel remain stable over the 6 hour period required to perform the acoustic 
measurements described here. 

Initially bubble-free samples of the xantham gel were produced in a saline solution (35 
‰). The preparation of these samples at a water temperature of approximately 40 to 50 oC 
slowed the setting rate sufficiently to allow a homogeneous mixture of gel to form without 
the need for rapid stirring, a process which intrinsically introduces bubbles. Using the 
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experimental arrangement in Fig. 1 the compressional wave group velocity of the bubble 
free gel was measured to be 1565 m·s-1 + 10 m·s-1, while the bulk density ρ of the bubble-
free gel was independently measured to be 999 kg·m-3 + 10 kg·m-3. Additional portions of 
this gel were then whisked to introduce air bubbles with a wide range of sizes (radii from 
10s of μm to cms). Bubbles with sizes broadly relevant to the frequency range under 
examination, i.e. radii of order 10s to 100s of μm, were then selected using a syringe with 
an aperture of order 200 μm and injected at discrete points into the bubble-free gel. The 
sample was then capped underwater to prevent the trapping of any large air voids. To 
obtain a measure of the BSD, three 5 ml sub-samples of bubbly gel were collected prior to 
the propagation experiments. These were immediately analysed using a X-Tek CT 
scanner, which uses the attenuation of X-rays to map the density composition of a 
material. The image resolution of each scan, which depends on the size of the sample and 
its position in the scanner, ranged from 12.1 to 12.8 μm for the three sub-samples 
examined.  

Pulses containing three oscillations, with central frequencies ranging from 20 to 111 
kHz in 1 kHz steps were generated using a D/A card with a 1 MHz sampling rate. These 
were transmitted through a matched power amplifier to the relevant source, with fifty 
shots acquired at each central frequency. Group velocities were obtained through the 
comparison of signals that had propagated through the bubbly gel sample with reference 
signals received without the sample present. Between these two sets of measurements the 
source and receiver were unmoved. In each case the received signals were stacked and 
filtered, using 3rd order Butterworth band-pass filters with pass-bands that scaled to 
account for the change in the bandwidth of the signals across the frequency band 
examined. Example reference (water-based) and sample signals are displayed in Fig. 2.  

 
Fig.2: Example received signals at central frequency of 65 kHz, including a single, 

unprocessed signal (a) and the output of the processing stage (i.e. after the application of 
band-pass filtering and the stacking of 50 shots). Reference signals are displayed as 

dashed line, while the sample signals are displayed as solid lines  
 
The time difference Δt between the sample signal and the reference signal was then 

determined from the maximum of the cross-correlation of the signal envelopes, with the 
envelopes computed using the Hilbert transform. The velocity v was calculated using:  

⎟
⎠
⎞⎜

⎝
⎛ +−Δ

=

W
C v

dtt

dv        (1), 

where d is the thickness of the sample and tC is the time correction required to account for 
the insertion of the sample box (which introduces two 1 mm thick Perspex walls). Errors 
in the velocity, which range from 1.3 to 1.7 %, were obtained by propagating the timing 
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resolution of the acquisition system (+ 0.5 μs) and the uncertainties in the sample 
thickness (+ 1 mm) through Equation 1. 

3. RESULTS AND DISCUSSION 

The measured velocity ratios (see Fig. 3) were obtained by dividing the measured 
group velocity by the velocity of the bubble-free gel. Velocity ratios appear to be 
relatively independent of frequency from 21 to 25 kHz and 40 to 111 kHz. A steep 
increase is observed in velocity ratio as frequency increases from 25 to 40 kHz with a 
strong agreement observed between the values determined from the two different sources.  

 

Fig.3: Measured and predicted velocity ratios.  Measured velocity ratios are displayed 
for LF source (circles) and HF source (crosses). The predicted ratio of phase velocity in 
bubbly gel to that in bubble-free gel are shown for the best-fit population using 2.5  µm 

bins (oscillatory solid line) and 0.5 µm bins (smooth solid line). Predicted ratios are also 
shown for this best-fit population, using 0.5 µm bins, with additional Gaussian 

contributions added from 5 to 20 µm with void fractions of 1.7x10-3 (dash line), 3.5x10-3 
(dotted line) and 5.1x10-3 % (dash-dot line). 

The combined number of bubbles measured in the sub-samples (Fig. 4(a)) is dominated 
by radii r from 70 to 110 μm. The spherical nature of these bubbles is displayed in a 3-D 
volume from one of the samples (Fig. 4(b)). The resonant frequencies fr of the modal radii 
were estimated, through the use of fr·r=3 Hz·m [11], to vary from 27 to 43 kHz. These 
values correspond well with the frequency range over which highly dispersive group 
velocities are measured. As the bubble population was observed to be strongly 
heterogeneous, the results of the CT scans can only be used to determine the BSD of the 
bulk sample. The void fraction was estimated to be 0.05 %, from the approximate volume 
of bubbles injected into the bubble-free sample. Note that no information could be 
obtained concerning bubbles with radii less than 30 μm, as these could not be detected 
above noise in the CT data. 
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Fig.4: Measured bubble distribution, including: (a) combined bubble distribution 
obtained from the three sub-samples and (b) a 3-D CT image of a vertical segment of one 
of the cylindrical samples, with the host gel clipped back to allow the bubbles to be more 
clearly observed. 

The acoustic theory of Anderson and Hampton [3,4] was used to predict the phase 
velocity of the bubbly gel. While this theory was developed for gassy marine sediments, 
through the incorporation of shear-based terms into the fluid-based theory of Silberman 
[17], it can be applied to any gassy medium in which the host medium possesses a finite 
shear modulus. The key parameters in this model are the BSD, which has been measured, 
and the bulk modulus K and shear modulus G of the host material. 

A detailed examination of the extant literature revealed no values for the bulk and shear 
modulus of xantham gel at the frequencies of interest to this work. The shear modulus was 
therefore obtained by extrapolating shear moduli measurements made on xantham gel, at 
concentration of 4 %, from 160 mHz to 16 Hz [18]. These can be expressed in term of the 
frequency f using the following power law relationship:  

152.0

132 ⎟
⎠
⎞⎜

⎝
⎛⋅=

of
fG        (2), 

where fo is 1 Hz. The extrapolation of this relationship to the kHz frequencies examined in 
this work produces an upper limit on the shear modulus of 800 Pa, which is three to four 
orders of magnitude less than the shear modulus of marine muds and five to six orders less 
than that of marine sands [19] at similar frequencies. The bulk modulus of the gel was 
then calculated using: 

ρ

GK
v 3

4+
=         (3).  

As the bulk modulus of the gel will exceed that of water of a similar salinity and 
temperature, i.e. 2.3 GPa [12], it can be assumed that the shear modulus has a negligible 
effect in Equation 3 and can be omitted. The measured velocity (1565 m·s-1) and bulk 
density (999 kg·m-3) of the bubble-free gel give a bulk modulus of 2.45 GPa.  

The measured bubble sizes were interpolated to 0.5 µm bins, as coarser bin size 
resulted in artefacts in the predicted (see Fig. 3). The void fraction was then adjusted to 
obtain a best-fit bubble population, with the resulting void fraction (0.013 %) 
approximately ¼ that of the estimated void fraction. This was achieved by fitting the upper 
and lower limits of the predicted phase velocity to corresponding plateaus in the measured 
group velocity There are however notable discrepancies between the predicted and 
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measured values, in both the frequency range over which the transition from low to high 
velocity ratios occurs and the overall over-prediction of measured velocity ratios. 

One possible explanation for the difference in the measured and predicted velocity 
ratios is that bubbles with radii less than 30 μm may be present. Tests indicated that the 
inclusion of additional Gaussian distributions which spanned radii from 5 to 20 μm acted 
to reduce the magnitude of the predicted velocity ratios from 20 to 80 kHz, without 
modifying the lower limit present at lower frequencies. Typical results are displayed in 
Fig. 3 for modified populations, which consist of the best-fit population, with a void 
fraction of 0.013 %, and additional Gaussian components from 5 to 20 μm with void 
fractions from 1.7x10-3 and 5.1x10-3 %.  

Even with the inclusion of smaller unresolvable bubbles, the predicted velocity ratios 
differ considerably from the measured values. This may be a consequence of the 
comparison of predicted phase velocities with measured group velocities. These will differ 
for frequencies whose pulses possess bandwidth which extend into the measured range of 
dispersive velocities, namely pulses with central frequencies from 21 to 60 kHz. An 
alternative explanation is the linear nature of the model used, while the actual pressures 
that impinge on the sample are predicted to be 5 to 25 kPa (from known source levels, 
amplifier gains and beam patterns) and are likely to require the inclusion of non-linear 
effects [10]. 

4. CONCLUSIONS  

The compressional wave velocity of a bubbly xantham gel sample was measured over 
the frequency range of  21 to 111 kHz. The velocity ratio between the bubbly gel and 
bubble-free gel displays a sharp transition between lower and upper asymptotes at 
frequencies between 25 to 40 kHz. The bubble size distribution measured using CT 
scanning techniques displays modal radii between 70 and 110 µm, the resonant 
frequencies of which directly correspond to the sharp transition in velocity ratio. The 
velocity ratios predicted by the acoustic theory of Anderson and Hampton [3,4] differ 
considerably from measured values. The inclusion of bubbles with radii less than 20 µm, 
i.e. those undetectable above the noise in the CT data, has a considerable effect on the 
predicted velocity ratios. The objectives of future work include the use of CT scanning to 
determine the long-term stability of bubble populations in the xantham samples and the 
measurement of the phase velocity, as described in [20], to allow direct comparison of 
measured and predicted velocity ratios.  
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Abstract: Gas in fine-grained marine sediments has a significant, frequency dependent 
effect on sound propagation, which can hinder seafloor characterization and 
investigation.  With accurate estimates of void fraction, the Wood Equation can predict 
sound speeds in the non-dispersive regime well below bubble resonance. Near resonance, 
it has been hypothesized but not yet shown conclusively that the techniques of Anderson 
and Hampton can accurately model sound speed, but practical testing requires accurate 
methods of determining void fraction, bubble size distribution and bubble aspect ratio for 
small quantities of gas (e.g. 0.01 % by volume). Such accuracy is now possible via high 
resolution x-ray tomography. Recently, microfocus x-ray computed tomography (MXCT) 
images of bubbles were collected at 14-micrometer resolution, or 300 times higher than 
the resolution used in previous evaluations.  The gray-scale image volumes that were 
obtained with MXCT are segmented into bubble voids and matrix (i.e., mud).  From the 
segmented images, bubble void fraction (the sum of void voxels divided by the total 
number of voxels in the image) is determined.  Also from these images, bubble geometry, 
(i.e., bubble size, aspect ratio, and shape) is determined using a shape characterization 
algorithm. Quantification of void fraction and bubble geometry done for two different 
samples: a natural marine mud and a reconstituted sediment.  The natural marine mud 
contains bubbles with aspect ratios ranging from 1.5 to 6; reconstituted sediment contains 
bubbles with aspect ratios ranging from 1 to 1.5.  These data are useful in sound speed 
predictions by either the Wood Equation or the Anderson-Hampton model. 

Keywords: gassy sediments, bubble geometry, void fraction, computed tomography
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1. INTRODUCTION  

The influence of gas in sediments has been proven to influence the strength, stability 
and compressibility of sediments at various void fractions. The ability to use acoustics to 
remotely classify sediment properties, detect buried objects, and evaluate seafloor stability 
desirable, but challenging due to strong attenuation in gassy sediments, caused especially 
by resonance of individual bubbles. To better understand the acoustic problem, models of 
sound propagation through gassy sediment are being developed, and will require careful 
corroborative observations. We present here a means to obtain the requisite information 
about the gas fraction that is required for model validation.  

Well below the resonant frequency, Wood’s Equation [1], a non-dispersive effective 
medium model for suspensions of sediment in gassy water has been successfully applied, 
and to model the dispersive behaviour of sound speed near resonance, a model such as that 
of Anderson-Hampton [2] can be applied. The primary limitation in assessing acoustic 
models in soft sediment has been the ability to accurately assess acoustic behaviour (i.e., 
sound speed, dispersion, and attenuation) in the same gassy sediments for which the 
bubble fraction is quantified.  

Typically, the discrepancy between measurements and models is attributed to 
uncertainty in the measurement of bubble properties.  This typically results due to the 
complexity of the bubble geometry.  For instance, previous studies have been able to 
quantify gas void fraction and bubble geometry from two-dimensional scanning electron 
images of spherical bubbles in reconstituted sediments [3].  More recently, gas bubble 
geometry and void fraction was quantified from medical computed tomography images of 
natural sediments that were not remixed.  However, this information limited to detecting 
bubbles larger than 400 micrometers in diameter [4]. These medical CT evaluations had a 
profound influence on the way that bubbles were thought of.  No longer did it seem 
correct or appropriate to model gas bubble in natural and undisturbed sediments as 
spheroids.  It was now clear that the bubble shape was coin-like or that of an oblate 
spheroid [4].  After this discovery, a modified Anderson-Hampton model was developed 
to account for the coin-shaped nature of the bubbles [5]. Recently, using a microfocus x-
ray computed tomography (MXCT) system [6], it was determined that bubbles in natural 
sediments may form as oblate spheroids with very complex forms [7]. The complexity of 
this geometry necessitates the use of three-dimensional imaging with high resolution, such 
as with the MXCT, which enables the production of high-resolution digital images of 
bubble geometry in 3D. The volumetric images provide the basis for quantifying void 
fraction as well as the geometry of the bubbles (e.g., radius, aspect ratio, volume, surface 
area).  The purpose of this address is to present the capabilities of the MXCT system with 
images of gas bubbles and the results of the analysis of those images.   

 

2. QUANTIFYING BUBBLE PROPERTIES 

1.1. Imaging the sediments 

Gassy sediments are optically and acoustically opaque materials which can be imaged 
by x-ray systems.  In particular, the gas fraction within the sediments can be quantified in 
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terms of total void space, the void fraction, in terms of gas bubble geometry (i.e., aspect 
ratio, volume, surface area) and in terms of spatial orientation using volumetric imaging 
systems such as the microfocus x-ray computed tomography system [6].  To acquire the 
image, the sample is placed between the x-ray source and detector and rotated while the x-
rays are focused on the sample.  The detector determines the x-ray attenuation during a 
continuous rotation of the sample within the x-ray beam.  After the sample is x-rayed the 
attenuation data is converted to gray-scale images, 16-bit binary data, which can be 
processed into volumes with cubic voxels.   

The samples scanned for this paper were 1) an artificial kaolinite sample that was 
ameliorated with sugar and bacteria from a marine mud, and 2) a natural marine mud that 
was collected from the seafloor by SCUBA divers (Fig. 1).  Both samples were contained 
in a 14-mm ID aluminium tube sealed at either end with rubber pressure seals.  In each 
case the sample was scanned to achieve a resolution of 14.4 micrometer voxels.   

 

     
 

Fig.1: Bubbles in reconstituted sediments grow as spheres (left), bubbles in natural 
mud grow as oblate spheroids (right).  Images were made from microfocus x-ray 
computed tomography scans produced at NRL. Images are ~3.5 mm along each 

dimension. Resolution or voxel dimension is 14.4 micrometers in all planes. Surface 
roughness is an artifact of fitting a rounded surface to a cubic domain.  

1.2. Quantifying void fraction 

The void fraction of a two-phase media can be determined by segmenting, or separating 
the voxels in the image into the two phases.  This procedure is performed using a simple 
thresholding technique in which one threshold value is determined and all values gray-
scale values above this threshold value are assigned to one phase and all values less than 
or equal to the threshold value are assigned to the other phase. More sophisticated 
techniques (e.g., anisotropic diffusion or indicator kriging [8]) provide a means to deal 
with the uncertainty of a voxel assignment by assigning voxels that don’t clearly belong to 
one phase or another.  In the segmentation process, the image voxels (which are initially 
gray-scale values) will be assigned a value of 1 for sediment [is this right?] and a value of 
0 for bubbles.  The void fraction is then readily determined as the sum of the 0s (total 
bubble volume) divided by the sum of the 0s and 1s (image volume). For gas bubbles in a 
porous media, simple thresholding is effective because the x-ray attenuation of the gas 
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phase is much lower than for the sediment, thus the gray-scale values that correspond to 
the attenuation are distinct and easily divided into two populations.   Once obtained, the 
void fraction can be incorporated into Wood’s Model and used to quantify the sediment 
bulk density value for use in the Anderson-Hampton model, or used in other formulations. 

 

1.3. Quantifying bubble geometry 

The bubble geometry determinations require that individual bubbles are treated 
individually.  To do this, a grain-based algorithm was used.  This algorithm was initially 
designed to quantify the structure of individual particles in a granular material and it has 
been validated for spherical and cylindrical particles [9]. The algorithm proceeds as 
follows.  Step 1. A voxel erosion process is performed to isolate individual bubbles. The 
erosion works from the bubble-sediment interface and proceeds in to the bubble [(For 
spherical bubbles, the erosion process will locate an individual voxel for each bubble; for 
more complex shaped bubbles, the erosion may break individual bubbles into more than 
one piece.  This is due to the fact that there may be more than one maxima in bubbles with 
complex shapes.  As the burn proceeds inward, the maxima are reached after portions of 
the bubble are separated (Fig. 2)]. Step 2. Using the central point located by the erosion 
process, a nonlinear optimization is performed to accurately determine the maximal 
inscribed sphere for each bubble. Step 3.  The center of the maximal inscribed sphere is 
recorded as the center of the bubble. Step 4.  A restricted burn procedure [9] is used to 
assemble the cluster of voxels that represent each voxel Step 5. Using the voxel clusters 
from Step 4, the bubble geometries are computed.  This procedure works well for simple 
bubble shapes. In cases where bubbles exhibit more complex geometries, a single bubble 
can be broken into several components.  In this case, the bubble can be merged together 
prior to quantifying the bubble geometry (Fig. 2).   

 

                                          

               
 
Fig. 2.  A bubble that has many separate components is merged into the single bubble in a 
succession of steps (top left to bottom right).  One component is added after each merge 
until the bubble is complete.  The merging procedure is performed prior to quantifying 

bubble geometry.  The boxes on the surface are the voxels that comprise the bubble.  
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To determine the bubble geometry (i.e., radius or effective radius, aspect ratio, surface 
area, and volume) from the individual bubble is a straightforward process.  The radius of 
the bubble is determined from the radius of the largest inscribed sphere within the bubble.  
The aspect ratio is determined as the ratio of the major axis to the diameter of the 
inscribed sphere.  The surface area is estimated from the voxels that comprise the bubble 
and that are in contact with the sediment phase.  Because the surface of an object that is 
rendered in a CT images has a stair-step geometry and is not smooth, the surface-area 
computations cannot be made directly from the voxel interfaces. Instead, a geometric 
correction must be made; in this case we use the Lindblad algorithm to compute this area 
[10].  The bubble volume is the sum of all the voxels that comprise a bubble.   (Note: the 
major axis can also provide additional information that is not currently used in acoustic 
models.  One such piece of information is the bubble orientation, which might be useful in 
orienting bubbles with respect to the angle of incidence of the acoustic wave.  To 
understand individual bubble responses, more advanced modelling procedures are required 
(e.g., Finite Element Modelling).   

3. VOID RATIOS AND BUBBLE GEOMETRY  

The void ratio of the reconstituted sediment presented in Fig. 1 is 0.002, while the void 
ratio for the natural sediment presented in Fig. 1 is 0.001.  The pore geometry (bubble 
radius, aspect ratio, surface area) for these bubbles is presented as a mean value plus or 
minus one standard deviation (Table 1). 

 
Sediment 
type 

Radius (mm) 
(mean ± 1 s.d.)

Aspect Ratio 
(mean ± 1 s.d.)

Surface Area (mm2) 
(mean ± 1 s.d.) 

Volume (mm3) 
 

Reconstituted 0.062 ± 0.046 1.4 ± 0.22 0.11 ± 0.20 0.0056 ± 0.019  
Natural 0.046 ± 0.011 2.8 ± 1.1 0.13 ± 0.94 0.0034 ± 0.0029 
 
Table 1: Bubble geometry in a reconstituted and a natural sediment. Samples are skewed 

towards the smaller bubble sizes.   Resolution for images was 14.4 micrometers. 

4. SUMMARY 

Image analyses presented here corroborate previous reports that bubble shape is 
significantly different in natural soft sediment, than in reconstituted sediment of similar 
material.  For either type of bubble, both isolated and conjoined, the geometrical 
properties can be determined for evaluation of acoustic behaviour at resonance. These data 
sets provide the most accurate determinations of void fraction, bubble shape, and bubble 
size distribution possible. These values provide the required input to test Wood’s and 
Anderson-Hampton models, and they are required to understand sediment property 
changes at varied gas fraction and within sediments that have different bubble geometries.   
Future testing and development of image based models can benefit by coupling them with 
acoustic measurements on the same samples, within in vitro or in situ experiments.  And 
these experiments may indicate that changes in the way that sound speed, attenuation, and 
dispersion are modelled in gassy sediments are appropriate. Future efforts will be broad as 
there is a need to better determine how gassy sediments influence acoustic behavior, are 
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influence by geochemical properties of the sediments, and how geomechanical properties 
of the sediments are altered.  
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Abstract: Seabed methane gas hydrates are increasingly being discovered on continental 
margins in water depths greater than about 300 m. Hydrates are ice-like compounds that 
form in sediments and can store significant volumes of methane gas and other greenhouse 
gases like carbon dioxide. Hydrates may play an important role in climate change and 
seabed slope stability, and they are of considerable interest as a possible economic 
hydrocarbon resource and as a means of storing unwanted greenhouse gases. Underwater 
seismo-acoustic methods can help to locate, quantify and monitor seabed hydrates 
provided we have enough knowledge of hydrate elastic wave properties. Hence, we have 
been developing laboratory measurement techniques to do this. 

Keywords: Seafloor, methane hydrates, sand, acoustic properties 
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1. INTRODUCTION  

Hydrates are ice-like compounds that form in marine sediments and can store 
significant volumes of methane gas and other greenhouse gases like carbon dioxide. 
Hydrates may play an important role in climate change and seabed slope stability, and 
they are of considerable interest as a possible economic hydrocarbon resource and as a 
means of storing unwanted greenhouse gases. Underwater seismo-acoustic methods can 
help to locate, quantify and monitor seabed hydrates provided we have enough knowledge 
of hydrate elastic wave properties. Hence, we have been developing laboratory 
measurement techniques to do this. 

Methane hydrates are ultimately related to the degree and distribution of subterranean 
fluid flow that in turn is closely associated with the formation, migration and 
concentration of methane gas in continental margin sediments. Where the seabed lies 
within the specific hydrate stability field, usually in water depths greater than about 300 m 
and in sediments up to 500 m beneath the seabed, then gas and water solidify into hydrate. 
By inference, hydrate will only occur where gas migrates, and hence studies of sub-seabed 
gas and hydrate occurrences are likely to be mutually beneficial. This is fortunate from a 
seismo-acoustical standpoint because survey methods can be employed that exploit the 
particular physical properties of gas and hydrate for imaging and quantification. For 
example, gas is highly compressible and so strongly affects seismic P-wave velocity and 
attenuation, whereas hydrates can increase sediment stiffness and give rise to heightened 
S-wave velocities. However, the details of how gas and hydrate affect the physical 
properties of marine sediments are still obscure. Hence, this is a research area that requires 
progress if we are to interpret seismo-acoustic data accurately in terms of sub-seabed gas 
and hydrate distributions and concentrations. 

 

 

Fig. 1: Gas Hydrate Resonant Column (GHRC) showing: a) environmental chamber 
with GHRC inside (note green temperature control jacket); b) GHRC with pressure cell 
removed showing stainless steel support cylinder for drive coils; c) a methane hydrate-

sand specimen immediately after the removal of the pressure cell (evolved methane gas lit 
for effect). 
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Methane hydrates are known to show a range of morphologies in host marine sediments 
[1-4]. Muddy sediments constitute the majority of marine sediments, and hence it is 
important to understand the effect of hydrate on their geotechnical properties, for example, 
for assessing the likelihood of large seafloor landslides. It is also true that deep water, 
shallow sand deposits (e.g., buried turbidite sands and channels) are likely to become 
attractive targets for economic methane hydrate exploration because of their high porosity 
and permeability, in a similar fashion to deep reservoir sandstones. Hence, knowledge of 
the effect of methane hydrate on the seismic properties of sands would be extremely 
valuable. 

Our focus so far has been on creating known quantities of synthetic methane hydrate in 
sand specimens so that we can relate hydrate content to seismic wave velocities 
(compressional wave Vp, shear wave Vs) and attenuations (compressional wave Qp-1, 
shear wave Qs-1) using a specially designed Gas Hydrates Resonant Column (GHRC). 
Initial results show strong relationships between Vp, Vs and hydrate content (which acts 
like a cement on the loose sand grains), and significantly elevated attenuation over that 
seen in partially water saturated specimens after hydrate dissociation. 

Latest developments allow us to measure ultrasonic wave velocity and attenuation (and 
electrical resistivity) on synthetic hydrate-bearing sandstone specimens using the Gas 
Hydrate Ultrasonic and Resistivity Rig (GHURR). The aim is to compare results over a 
broad measurement frequency range and hence, to deduce facts about wave propagation 
mechanisms in hydrate-bearing sediments. 

The Biot model was used to predict the likely frequency dependence of attenuation in 
hydrate sands at ultrasonic frequencies for comparison with future laboratory results. 

 

 

Fig. 2: Diagram showing cell confining pressure and temperature transitions while 
making synthetic methane hydrate-sand using the excess gas method. The differential 

pressure on the specimen is kept at 250 kPa during the illustrated P-T path by continually 
adjusting the pore fluid (methane) pressure. 
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2. GAS HYDRATES RESONANT COLUMN STUDY 

A geotechnical resonant column design was adapted for investigating the seismic 
properties of gas hydrate-bearing sediments [5]. Its key features include a  pressure cell 
rated to 20 MPa and a cooling jacket for maintaining temperatures down to -20 °C (see 
Fig. 1). The gas hydrates resonant column (GHRC) allows compressional and shear wave 
velocities (Vp, Vs) and attenuations (Qp

-1 , Qs
-1) to be measured on 14 cm long, 7 cm 

diameter solid cylindrical sediment specimens at frequencies below 500 Hz. The amount 
of hydrate present in the sediment needed to be known in order to deduce the correct 
relationships between the seismic parameters and hydrate content, vital for interpreting 
field seismic data in terms of hydrate content. Hence, initial experiments were conducted 
in sands that are easy to saturate with sufficient gas and water for synthetic hydrate 
formation. 

 

 

Fig. 3: Results from the Gas Hydrate Resonant Column (GHRC) for methane hydrate-
sand (excess gas method): a) velocity predictions based on Gassmann’s fluid substitution 
model [6]; b)P-wave attenuation (Qp

-1)in hydrate-sand and in the same specimens after 
hydrate dissociation (partial water saturation). 

 

Hydrate content was determined using the excess gas method. A known volume of 
water was mixed with the loose sand before being formed into a cylindrical specimen in 
the GHRC. The partially water saturated sand was then saturated with methane gas and 
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taken into the hydrate stability field (see Fig. 2) where resonant column measurements 
were made. 

The initial results in Fig. 3 show the importance of hydrate as a grain cement [7], 
leading to steep increases in both Vp and Vs with relatively small amounts of hydrate (< 
5%), and in raising the attenuation of the hydrate-sand over non-hydrate-bearing sand [8]. 
Current GHRC research is directed towards creating water saturated hydrate specimens in 
sand, and investigating the effect of grain size and grain shape. 

3. RECENT DEVELOPMENTS OF EXPERIMENTAL CAPABILITIES 

3.1. Hydrate growth imaging 

We have developed a method for viewing hydrate growth in sand. The so called “see-
through hydrates cell” will allow us to identify changes in hydrate morphology associated 
with different hydrate growth techniques (e.g., excess gas versus excess water). Images of 
hydrate growing in Ballotini glass beads in Fig. 4 show how methane hydrate coats the 
glass grains using the excess gas method. By contrast, when hydrate grows in sand under 
excess water conditions, it will not necessarily form on grain surfaces [9] but possibly will 
be suspended within the sand pore water, with consequences for seismo-acoustic 
properties [10]. 

 

 

Fig. 4: Photographs from the “see-through hydrates cell”: a) glass beads (left) and 
sand grains (right), magnification x35; b) methane hydrate overgrowths on glass beads 

(excess gas method, magnification x70). 

3.2. Ultrasound & electrical resistivity measurements 

A new laboratory system is being developed for measuring ultrasonic velocity and 
attenuation (Vp, Vs, Qp

-1 , Qs
-1) with electrical resistivity tomography (see Fig. 5) on 

hydrate-bearing rock samples. The design is based on the standard pulse-echo system [11] 
that uses either broadband or tone burst signals in the 400 – 900 kHz range. The system 
uses 5 cm diameter samples, 2 - 3 cm long, sandwiched between two Perspex buffer rods 
and  jacketed in a rubber sleeve (see Fig. 5a). A broadband, heavily damped piezoelectric 
transducer mounted on the top buffer rod is used to transmit and receive the ultrasound 
pulses reflected from the rock/Perspex interfaces. Velocity is calculated from the 
difference in arrival times of pulses A and B in Fig. 5b, and attenuation coefficient is 
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calculated from their amplitude ratios (corrected for reflection losses). The measurements 
are very accurate (velocity ± 0.3%, attenuation ± 10 dB/m). Electrical resistivity is 
measured via twelve electrodes around the circumference of the rock sample shown in Fig. 
5a. 

 

 

Fig. 5: Diagram showing principle of operation of the ultrasonic pulse-echo system 
combined with electrical resistivity sensors in the Gas Hydrates Ultrasound and 

Resistivity Rig (GHURR).The sample diameter is 5 cm. 

4. FREQUENCY DEPENDENCE OF VELOCITY AND ATTENUATION 

One advantage of making measurements of elastic wave velocity and attenuation over 
different frequency ranges (< 500 Hz and 400 – 900 kHz in this case) is that it enables us 
to learn about attenuation mechanisms that are generally frequency-dependent [12], and to 
test sediment acoustical models for predicting the behaviour of sound waves in the seabed 
[13]. 

 

 
Fig. 6:Results of Biot modelling of GHRC results for gas saturated hydrate sand. 

a)Predicted variation in P-wave attenuation (Qp
-1) between GHRC and GHURR 

experimental frequency ranges. b)Predicted changes in peak attenuation frequency with 
hydrate content.  
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As a first step, the classical theory of Biot [14] was used to predict the likely 
attenuation levels at ultrasonic frequencies in water saturated hydrate sands based on the 
GHRC results on gas saturated sands. Velocity predictions for water saturated hydrate 
sands were made using Gassmann’s model [6] (see Fig. 3b), and were used as input to the 
Biot model with porosity adjusted for hydrate content. The results in Fig. 6 show that 
Biot-related losses would be expected to be most significant in the sonic frequency range 
for hydrate sand with grain cementing hydrate. Hence, attenuation at ultrasonic 
frequencies should be relatively low. The maximum peak attenuation in Fig. 6a (Qp

-1  = 
0.04) for a hypothetical water saturated, hydrate sand are comparable to the levels 
observed in gas saturated hydrate sand at < 500 Hz in Fig. 3b (Qp

-1  = 0.035). While it is 
difficult to draw conclusions from this comparison, it does show that the Biot mechanism 
alone could account for the level of losses seen in hydrate sands (although the model does 
not predict the high attenuation levels seen at seismic frequencies). 

Our next approach is to compare the results to the combined Biot and squirt flow 
(BISQ) model of Dvorkin et al. [15] that accounts for the interaction of two attenuation 
peaks arising from possible global and local fluid flow mechanisms. The actual nature of 
velocity and attenuation variations with frequency needs to be verified once techniques for 
preparing water saturated hydrate sand specimens have been perfected. A further approach 
under consideration is to develop sonic frequency measurement techniques for hydrates. 

5. CONCLUSIONS 

The purpose of this paper is to describe some recent and ongoing experimental studies 
at Southampton into the seismo-acoustic properties of seafloor methane gas hydrates. Our 
aim is to improve understanding of elastic wave propagation in marine sediments with 
hydrate. This information can be used to validate and develop mathematical models for 
predicting elastic wave behaviour in marine sediments, and hence provide tools for 
interpreting seafloor seismo-acoustic datasets in terms of hydrate content, gas saturation, 
etc. 

Initial resonant column experimental results on gas saturated hydrate sands reveal 
dramatically elevated seismic wave velocity and attenuation in the presence of cementing 
hydrate. Visual observations of hydrate growing on glass sand grains under similar 
conditions show grain coating hydrate, consistent with the interpretation of the seismic 
velocities. Biot modelling of compressional wave attenuation in hypothetical water 
saturated hydrate sands predicts that attenuation will be strongly frequency dependent in 
the seismic to ultrasonic frequency range, with peak attenuations occurring at 3.5 – 4.5 
kHz. 
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Measurements of Acoustic Propagation on Shallow Shelves Inside of 
Western Boundary Currents 

 
Harry A. DeFerrari 

 
Abstract: The features of shallow water propagation are shown to depend on the 
nature of the front separating the shelf from the western boundary current.  A 
prograde front produces density gradient that serves as conduits for offshore internal 
waves to propagate onto the shelf; whereas, a retrograde front blocks offshore 
internal waves and most of the internal wave activity is from locally generated 
solitons that propagate shoreward.  A predictive relationship has been observed 
between the location of offshore mesoscale eddies and the nature of the fronts. 
Further, performance of active and passive sonar on the shallow water shelf area 
inside of the eddy can be predicted by observing of the eddy location.    Here, acoustic 
measurements for both types of fronts are reported and analyzed to examine the 
hypothesis that off shore eddies and fronts influence performance of sonar on shelves. 
A multi-frequency broad band source, the “Miami Sound Machine” was used for both 
experiments.  Signals were received with moored arrays connected to shore with 
fiber-optic cables and by autonomous self recording packages. The band width of the 
source was enough to resolve arrivals making it possible to compute temporal and 
spatial coherence of individual modes/rays.  The experimental observations are 
confirmed with oceanographic and acoustic propagation models and, in turn, the 
models predict FOM fluctuations of as much as 15 dB for passive sonar and 24 dB for 
active sonar, depending on location of the eddy.  
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RECENT EXPERIMENTAL RESULTS USING AN AUTONOMOUS 
VEHICLE TOWED ARRAY SYSTEM 

Jason D. Holmes, William M. Carey, James F. Lynch 

a. BBN Technologies, Cambridge, Ma. 02138 
b. College of Engineering, Boston Univ. Boston, Ma. 02215 
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J.D. Holmes, BBN Technologies, 10 Moulton St., Cambridge Ma. 02138, email: 
jholmes@bbn.com 

Abstract: An autonomous vehicle towed array system has been demonstrated in several at 
sea experiments that show a small autonomous vehicle is capable of towing an array in a 
steady and stable configuration sufficient for coherent synthetic aperture processing. 
Calculated transmission loss compared well with measured transmission loss using the 
vehicle measured non-acoustic data such as currents, bathymetry, sound speed and range. 
The synthetic-aperture-Hankel transform of the range varying complex pressure was 
found to estimate the modal functions that characterize the waveguide. The limits of 
coherent processing are estimated and indicate sufficient coherence in the shallow water 
multi-path environment to form a reasonable narrow band and broadband synthetic 
aperture. Conventional and Kalman-filter tracking techniques applied to the broad band 
radiated noise from a ferry show that a passive synthetic aperture can successfully track. 

Keywords: Autonomous vehicle, transmission, coherence, synthetic aperture, Kalman 
filter,  horizontal wavenumber spectra, model based processing, towed array 

1.0 BACKGROUND 

In shallow water oceans, sonar performance is determined by the boundary interaction 
with the bottom and surface. Performance prediction of sonar systems requires 
understanding of the acoustic mechanisms associated with the volume, bottom, and 
surface interactions. In general, site specific parameterisation of bottom properties are 
required usually involve sound transmission measurements from ships. The simplest wide 
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area characterization configuration is a moving source ship and moored or moving 
receiver ship. An autonomous underwater vehicle (AUV) with a towed array allows the 
elimination of one platform. Constraints on this type of system are the low frequency (LF) 
wavelength and system self-noise. A LF array several wavelengths long has a spatial 
extent much longer the typical AUV and a drag that can be limiting. A combination of a 
short array along with adaptive synthetic processing techniques is one solution [1-3]. 
Further the radiated vehicle noise can be significantly reduced by vehicle-array separation.  

An autonomous-vehicle-towed-array system, Avtas, was developed for the REMUS 
vehicle [2] and was tested in a series of experiments  [3-5]. Avtas consisted of a 10 m long 
towed array with a 10 m long neutrally buoyant cable and 10 m drogue towed behind the 
vehicle. The array had 6 calibrated hydrophone groups spaced at 0.75 m in a 1.1" extruded 
reinforced hose and a digital acquisition system composed of mini-discs recorders in a 
watertight canister attached to the vehicle.  

In this paper synthetic aperture processing techniques are presented and applied to 
results from an at-sea trial of Avtas, in Nantucket Sound.[5] The experiment consisted of a 
source deployed from a moored ship and with Avtas on a straight radial track for the 
formation of a Passive Synthetic Aperture using the Hankel Transform [6]. In addition, a 
ferry emitting both broadband and narrow-band sound provided the basis for testing 
recursive passive broadband synthetic aperture bearing estimation algorithms. [7-9] 

2.0 TRANSMISSION, WAVE NUMBER AND COHERENCE RESULTS 

The experiments in Nantucket Sound consisted of Avtas navigating at a constant depth 
radial out from a source deployed from a small ship kept in a three-point mooring. Sensors 
on board the ship included a global positioning system (GPS), acoustic Doppler current 
profiler, a precision depth sounder, and a conductivity temperature-depth profiler. Source 
depth was determined by a sensor attached to the source and the source level was 
monitored with a reference hydrophone at 1m from the source. A pre-experiment site 
survey included precision depth sound measurements as well as grab samples. From this 
survey the bottom composition and layering as well as bathymetry were characterized over 
several proposed vehicle paths. The path chosen had a relatively constant a depth of 13m 
over a silty-sand bottom. Radials of 2 to 4 km out and back with frequencies spaced 
between 220.5and 1228 Hz were used. The purpose of the experiments was to quantify the 
acoustic properties of the bottom properties by means of the synthetic aperture Hankel 
transform determination of the horizontal-wavenumber spectrum which is an 
approximation to the Green’s function. 

 

rdrrkJrpkg
o ro )()()( ∫
∞

=        (1) 

 
where )(rp is the pressure is a function of range, )( rkJ ro  is the zeroth order Bessel 
function, r is the horizontal range, and rk  the horizontal wavenumber. Evaluation of the 
Hankel transform was performed by a fast Fourier transform asymptotic approximation or 
by numerical quadrature. Since the zeroth order Bessel function can be evaluated by series 
expansion the numerical quadrature method was used. Figure 1 shows the results at 635 
Hz for the Nantucket Sound experiment. The top panel shows the measured and calculated 
TL as a function of range, the bottom left panel shows the horizontal wavenumber 
spectrum derived from the measured pressure, and the bottom right panel shows the 
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horizontal wavenumber spectrum calculated using a depth dependent geo-acoustic profile 
based on the pre-experiment site survey.   

 
 
 

   
 
 
 
 
 
 
 
 
 
 

 
 

Fig.1: Transmission Loss and Hankel transform results along with the calculated 
transmission loss and horizontal wavenumber spectrum for 635 Hz. 

 
The sediment attenuation profile ),( zfα  was assumed to be proportional to c(z)−1 and 

based on an iterative least squares procedure was found to be 
 

8.1nandm/dB27.0)z,kHz1(with)f/f)(z,f()z,f( o
n

oo === ααα , (2) 
 

consistent with Biot’s theory. The agreement between measured and calculated TL 
showed that the propagation was well modeled by this non-linear frequency dependent 
attenuation with a magnitude consistent with Hamilton’s results. Further, the consistency 
between measured and modeled horizontal wavenumber spectra show that coherent 
processing was achieved and that the system can form a long synthetic aperture. 

The synthetic-aperture array gain is dependent on the coherence of the acoustic field in 
addition to the array stability. Improvements by more advanced phase compensation 
techniques, therefore, can extend the synthetic aperture to a length determined by the 
coherence of the acoustic field. Statistical antenna theory shows a characteristic of an 
array is that if the array length is shorter than the coherence length, an increase in length 
will increase the gain as 20 log10 (N) where N is the number of sub-apertures. When the 
array length is greater than the coherence length, an increase in length will tend to increase 
the array gain according to 10 log10 (N). Thus, the array gain as a function of the number 
of sub-apertures will increase like a coherent signal for small arrays, and like an 
incoherent signal for arrays much longer than the coherence length. The transition from 
complete coherent to incoherent is a smooth transition. By this reasoning, the gain 
achieved by the synthetic aperture as a function of number of sub-apertures serves as 
indicator to the performance of the system. 

To determine the gain achieved by synthetic aperture processing, the output from the 
synthetic aperture beamformer is compared to the average conventional beamformer 
output of the sub-apertures. Each sub-aperture is exactly a physical aperture of the array of 
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six channels spaced at 0.75 m. N sub-apertures each displaced 4.5 m from the previous 
then form the synthetic aperture. Thus, the sensor spacing in the synthetic aperture is 
exactly the same sensor spacing in the sub-apertures. Aliasing characteristics of the sub-
apertures and the synthetic aperture are identical and additional sub-apertures will only 
affect the beam-width and the relative array signal gain. Relative array signal gain, rasg, is 
found by the beam response maxima of the synthetic-aperture divided by the beam 
response maxima peak of the mean of the sub-apertures. 

 

))(b
N
1max(/))(bmax(rasg

2N

1i
convi

2
sa θθ ∑

=

=      (3) 
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The relative array noise gain is computed by taking the mean of the output of the 

synthetic aperture divided by the mean of the average conventional sub-aperture beam 
noise and is approximately )N(log10Rang Sub10= . Fig. 2 show the relative array signal 
gain achieved as a function of the number of sub-apertures during a portion of the 
experiment. Uncompensated array motion and curvature due to the vehicle towpath can 
cause decreases in the array gain as a function of length. The results shown in the Fig. 2 do 
not exhibit these effects, indicating that the array was straight and stable. 

 

 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2: Relative array signal gain versus the number of sub-apertures, N, with N=40 
corresponds to 76/L =λ . 

3.0 PASSIVE SYNTHETIC APERTURE AND EKF RESULTS 
 

Passive Acoustic Synthetic Aperture (Pasa) techniques can improve resolution and 
bearing estimation by using the space-time acoustic data from an arrays transformed into 
one of two spaces. When transformed into a bearing space, the application is tracking and 
when transformed into a horizontal wavenumber space, the application is waveguide 
characterization. The difference is simply the transform kernel used. In either case, the 
estimation capability of Pasa evolves from casting the problem as a recursive process that 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

60



 

includes the motion of the array to reduce the bearing-estimate variance as can be seen by 
inspection of the well known Doppler equation,  

 
so )sin)c/v(1( ωθω ±= .       (5) 

 
In this equation the signal from a source radiating at frequency sω  is received at a single 
receiver moving in the +x direction at speed v. The signal is propagating at angle θ  to the 
normal to the direction of motion and the received frequency, oω , will be shifted by 

θsin)c/v(± . Clearly, if the relative speed and source frequency is known apriori, then 
the angle θ  can be found, even though the physical aperture of the receiver is zero. If the 
motion of a multi-element array is included in the bearing estimation procedure, then this 
extra information can be exploited by jointly estimating the bearing and source frequency. 
For the case of target tracking with Avta, the direction to the target is of importance and 
estimation improvement is required. In this case, the experimental site was proximate to a 
local shipping channel. At approximately 4 km range from the moored ship, a high-speed 
ferry passed close to Avta, crossing in front of the vehicle from North to South. The 
radiated noise from this ferry was primarily broadband but had significant tonal structure 
near 900 Hz, thus serving as a narrow and broadband target, a " ferry of opportunity” and 
thus provided a basis for evaluation of the improved resolution and improved estimation 
performance for tracking by Pasa and EKF techniques. The physical aperture beam 
response, )t,,k(b θ , and Pasa beam response, ),t,,k(b isa φθ are described in the following. 
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Here >< )(p j ω  is the pressure on the jth sensor at the frequency ω   given by a Fourier 
transform, xj is the position of the jth sensor relative to the array center, θ  is the steering 
angle, Wj is the shading of the jth sensor, and c is the speed of sound. The sum is taken 
over the N sensors in the physical aperture. The extension to the Pasa case is 
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Where now >< )(p j ω  is the pressure on the jth sensor of the ith sub-aperture at the  
frequency )sin)c/v(1( ss θωω ±=′ . iφ is the phase compensation that accounts for the 
time between measurements and the random array motions. For a stable, straight 
tow ii tωφ =  where ti is the time at which the ith sub-aperture sample is measured relative 
to that of the first sub-aperture. By inspection, it is clear that the bearing space 
beamformer output is simply the DFT of the phase compensated pressures. It is intuitive 
that an increased aperture yields an increased bearing resolution. 

The exact location of the ferry was not known, it was assumed that the ferry proceeded 
along the shipping channel at a constant speed. Broadband beamforming was performed 
by summing narrow band beam response, ),t,,k(b isa φθ , at discrete frequencies. This, in 
essence, was an integration of bearing dependent beam intensity •

sasabb . Fig. 3 shows the 
results using only the physical aperture of the small array, using a synthetic aperture 
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formed from 4 displaced lengths of this physical aperture, and a synthetic aperture formed 
from 8 displaced lengths of the physical aperture. 
 

 
 

Fig. 3: The relative beam intensity (
2

isa ),t,,k(b φθ ) versus time and bearing illustrating the broadband 
tracking of the ferry of opportunity. The black line represents the best estimated bearing to the ferry based 
on observations. 

The broadband data from the ferry were also processed with a model-based processor, 
based on an Extended Kalman Filter (EKF). Since a discrete spectrum of the broadband 
signal has a set of associated phases related by the frequency index, an average phase can 
be computed as 
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Here, )sin)c/v(1(so θωω ±=  and is the lowest frequency of the data DFT of the 

receiver and MLo and MHi are the respective low frequency and high frequency DFT 
indices. 1MMm LoHi +−=Δ  is the number of DFT frequency components, 1nn xxd −−=  
is the spacing of the array receivers and m is the frequency index. There is also an 
arbitrary phase term, nmφ , that is not shown because this formulation references the phase 
to the lowest frequency line of a virtual DFT at the source. Since only the phase 
differences are relevant and there are (N − 1) receiver-based measurements, it is assumed 
that the arbitrary phase terms nmφ  average to a negligibly small value. The (N −1) 
measurements, based on Eq. (8), are given by n1nny ϕϕ −= +  where the sω  term cancels. 
There is an auxiliary measurement equation based on the observed frequency given by 

)sin)c/v(1(y soN θωω ±==  where sω  is lowest frequency of a virtual DFT at the 
source. The resulting measurement system has the (nonlinear) form 
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and the state equation is 
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With the addition of the system noise, this becomes equivalent to a random-walk model.  
Since the measurements are based on the relative phases of the receiver signals the first 

step is to perform a DFT over a selected time window no longer than the time of any 
significant change in the bearing. The phases of the complex amplitudes of the DFTs are 
averaged over frequency; the pair-wise differences are computed; and phase differences 
are evaluated for each DFT measurement. 
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In the above m

nϕ  is the measured phase of the mth frequency component for the nth receiver, 
and is to be compared with the bracketed term in Eq. (8). The frequency measurement Ny  
is taken to be the lowest frequency of the received signal DFT. The results in Fig. 4 
compare the model based bearing estimate to the Pasa results.  
 

 
 

Fig. 4: The left panel is the result for the convention l Pasa and the center panel is a plot of the maxima. The 
far right panel shows the model-based bearing estimator result. 

The left panel of the figure is the result of beamforming the data using Eq.(3). These 
results are essentially the same as those seen in the first panel of Fig. 3 except that here the 
DFT time interval was 0.1 s and previously it was 1.0 s. Thus Fig. 3 includes some 
smoothing due to DFT averaging. The time scale in Fig. 4 is also shifted to start at the 
time when the ferry appears. Comparison of the center and right panel of Fig. 4 clearly 
show a significant improvement in performance. The performance of the model-based 
synthetic aperture processor presented here is a consequence the inclusion of the Doppler 
and second, the modeling of the state as a Gauss-Markov process in the recursive model.  
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4. CONCLUSIONS 

Avta has demonstrated at-sea that a small autonomous vehicle is capable of towing an 
array in a steady and stable configuration sufficient for coherent Pasa. The Pasa Hankel 
transform of the range varying pressure was found to estimate the modal functions that 
characterize the waveguide. Estimates of the signal coherence were found to indicate 
sufficient coherence in the shallow water multi-path environment to form a reasonable 
narrow band and broadband synthetic aperture. Conventional Pasa and model based EKF 
tracking techniques applied to the broad band radiated noise of ferry were found to 
successfully track a ferry. The conclusion is that the Avta system with additional motion 
compensation and navigation capabilities provides an invaluable oceanic research tool. 
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Abstract: The implementation of two- and three-dimensional acoustic receiver arrays is 
challenging in the ocean environment.  Fixed geometry and connectivity can only be built 
and maintained at great expense.  However, such ideal arrays can be very powerful for 
signal detection, classification, and tracking, although many of the signal-processing 
methods employed are subject to constraints of acoustic field temporal and spatial 
coherence.  Thus, understanding the processes at work determining coherence is essential 
because system effectiveness may then be predictable from environmental parameter 
input.  To study acoustic fields and coherence over finite aperture, the research 
community has recently taken steps to enable routine use of co-located horizontal and 
vertical line arrays, typically arranged in the shape of the Roman letter L (or Greek Γ ), 
with the horizontal leg on the seafloor.  This is a small subset of all possible geometries, 
but it enables measurements of acoustic field coherence not possible with single line 
arrays.  Here, new L-array measurements made in the SW06 field program are used to 
measure coherence and test coherence predictions via joint analysis of vertical and 
horizontal line array receptions.  Impulsive mode arrivals (including mode multipath) 
from fixed sources will be estimated using the vertical array.  Signals on the horizontal 
array, which is neither broadside nor endfire, will be compared with signals synthesized 
using the mode arrivals to estimate azimuthal decorrelation effects.  Results can be 
compared with coherence estimates from computational and theoretical studies. 

Keywords: Shallow-water acoustics, receiver array, L-array, coherence, normal modes  
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1. INTRODUCTION  

Underwater acoustic measurement systems, specifically multi-dimensional receiver 
arrays designed for low and middle frequency sensing, can provide powerful signal gain 
and noise suppression under ideal conditions.  However, gain can be compromised by 
short spatial and temporal coherence lengths [1,2].  Environmental processes and 
geometries determine these coherence scales.  These processes can sometimes be treated 
with parameterizations, such as geoacoustic models or seafloor roughness parameters, but 
not always.  Knowledge of the spatial and temporal coherencies is a requirement for 
optimizing signal processing schemes, and therefore so is knowledge of the processes at 
work and their parameterizations, if available.   

One recent focus of research has been the effect that nonlinear internal wave packets 
can have on temporal and spatial coherence in shallow waters [3,4].  A useful tool for field 
validation of such studies is the unified horizontal and vertical line array [1].  
Deployments of such arrays often have an L-configuration, with a vertical line array 
(VLA) rising from a bottom-mounted horizontal line array (HLA), have been used to 
identify and quantify the environmental factors influencing coherence length.  They can 
also be used to collect data for bottom inversion [5].  The SW06 field program, which took 
place from late July to early September 2006 to the east of the New Jersey (USA) coast, 
made use of various source and receiver configurations, including a 48-element receiver 
array placed by WHOI [6].  The array was divided into two sections: a 16-element vertical 
line array spanning four-fifths of the water column (water depth 80 m) and a 32-element 
horizontal line array, 472 m in length. Specific source transmissions considered are low- 
to mid-frequency ranging from 101 to 1627 Hz, and run parallel to the continental shelf.  
To analyze coherence we introduce a procedure tailored to non-broadside incidence on the 
HLA.  Mode interference that occurs over range will introduce signal variability along the 
HLA which we would like to separate from transverse signal decorrelation effects that 
might be introduced by azimuthally-varying propagation. 

This paper presents preliminary SW06 observations and results.  In Sec. 2, we discuss 
the experiment and the signal processing techniques.  Coherence length is discussed, and 
related observations of specific acoustic arrivals are presented in Sec. 3.  Section 4 gives a 
more detailed discussion of coherence length and Sec. 5 gives concluding remarks.  

2. ACOUSTIC MEASUREMENT AND PROCESSING 

The acoustic and oceanographic data discussed in this paper were collected during the 
Shallow-water shelf-break 2006 (SW06) experiment conducted off the coast of New 
Jersey. The SW06 experiment was a United States Office of Naval Research effort 
performed 100 miles east of New Jersey on the continental shelf at the shelf-break [6], 
lasting from mid-July to mid-September, 2006.  Canadian investigators were also 
involved.  A total of 62 acoustic and oceanographic moorings were deployed, all but a few 
by personnel from the Woods Hole Oceanographic Institution (WHOI), with the majority 
following a “T” shaped geometry.  One leg had an along-shelf alignment following 
(approximately) the 80 m isobath, at heading 30°, the other was across-shelf from depths 
of 58 to 500 meters (heading 300°).  A cluster of moorings was placed at the intersection 
of the two axes to create a densely populated volumetric measure of 3-dimensional 
physical oceanography, nonlinear internal wave packets in particular.  This was also the 
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location of the WHOI L array (Fig. 1).  Moored acoustic sources were placed near the far 
end of the along-shelf line, at approximately 20-km range, and along the inshore end of 
the cross-shelf line (the cap of the T), to provide known signals for monitoring 
propagation characteristics along the two paths. 

Specific sound pulses considered in this paper were produced by the Miami Sound 
Machine source, located 19.75 km from the L-array at a heading of about 25 degrees. 
Figure 1 depicts the source and receiver geometry for the Miami Sound Machine (MSM) 
and L-array configuration used during SW06.  Acoustic signals arrived first at the north 
end of the HLA and arrived last at the VLA.  Once each half hour the source emitted a 
sequence of PN coded 100-Hz pulses (90 s, 36 pulses), then 200 Hz pulses, 400 Hz, 800 
Hz and 1600 Hz.  In this paper only one pulse from a given sequence will be examined.  

 

 
 

Fig.1: A depiction of MSM acoustic arrivals at the SW06 WHOI L array. The 
horizontal leg of the array is aligned very close to north/south.  The bearing to the MSM 
sound source is 25.68 degrees at the south (VLA) end of the array. 

 
Here, we introduce a very simple technique to evaluate acoustic field variability and 

coherence in planes transverse to the acoustic propagation direction.  This variability can 
be measured directly only for signals with broadside incidence, otherwise something else 
needs to be done because of expected range variability of sound trapped in the shallow 
water waveguide. Explained simply, the VLA is used to obtain a normal mode description 
of the field at that point.  The field at the HLA positions that would result from those 
modes is then computed.  This has a degree of horizontal decorrelation not resulting from 
scattering processes.  Comparison of this field with the measured field may provide useful 
information about azimuthal (transverse) field variability.   

Explaining the procedure in more detail, first the acoustic arrivals on the horizontal 
and vertical line arrays are processed to obtain the time-synchronized complex acoustic 
pressure, p(t,j), j = 1..48, at each element along the L-array.  Using temperature data 
collected along the VLA to determine sound speed profiles, the normal mode functions 
and associated wavenumber values can be determined using a simplified geoacoustic 
model of the site [7].  Given the acoustic pressure along the VLA, mode filtering can be 
used to obtain time-series of mode content at the VLA.  From this, a benchmark acoustic 
field along the HLA can be synthesized for comparison with the data.  The acoustic signal 
along the VLA can be written as an N-term modal sum, 
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   p(z, t) = An (t)φn (z, t)
n=1

N

∑         (1) 

where p  is the complex pressure, An  are the mode coefficients, and φn  the vertical mode 
functions.  The sampling of the pressure field is discretely limited in that it is only 
sampled at 16 hydrophone locations in the water column.  For the 100-Hz arrivals fewer 
than 16 modes are expected to arrive, so the pseudoinverse (generalized inverse) method is 
suitable for obtaining the mode coefficients [8]. 

An adjustment of phase and use of the mode shape at the seafloor is all that is needed 
to construct the field at a bottom-resting HLA.  For positions (Δx, Δy, z) where the x-
direction is toward the source, the synthesized field is given by 

   .),()(),(
1

xik
N

n
ns etztAtzp Δ

=
∑= φ        (2) 

 
For a linear array and angle of incidence θ,  Δx = Δy / tan θ, and distance along the array 
is given by l = (Δx2 + Δy2)1/2.  For a bottom resting HLA position, z = zmax.  We refer to 
this synthesized modal field as the fixed-mode field.  Comparing this with the measured 
field allows us to detect laterally variable (but adiabatic produced) mode amplitude and 
phase along the HLA, and/or the effects along the HLA of laterally variable mode 
coupling.  Of course, low signal to noise ratio and incorrect mode shapes will give errors 
in An(t) and ps.  We are investigating the effect of these on the results. 

 
Fig.2:  A contour plot of isotherms measured by a mooring near the acoustic source.  

The dotted lines show thermometer depths.  Contour intervals are 1.5° C. 
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3. MEASURED AND SYNTHETIC HLA AND VLA FIELDS 

Here, two 100-Hz broadband pulses arriving at the array are analyzed.  One is from a 
time with very small internal waves between the source and receiver, determined by 
sensors on moorings near the source, near the receiver, and approximately centred 
between them (Fig. 2, left).  The other pulse is from a period when a packet of nonlinear 
waves was in the source-receiver path (Fig. 2, right). 

Figure 3 shows the measured intensity time series, in dB, during a time of calm ocean 
state (Fig. 2, left).  Modes one to four are dispersed fully and can be seen easily by eye.  
At the top, the An are shown.  Below and to the right is the field synthesized using a four-
term modal sum.  Along the vertical array the match is very good.  The synthetic and 
measured fields differ from each other along the horizontal array, specifically the higher-
order, 3rd and 4th modes.  

 
Fig.3: (left, lower) Intensity as a function of time along the L-array during a low-

internal wave period.  The signal arrived at the tip of the horizontal array first.  (left, 
center) Intensity at the VLA is shown, with the deeper phones at the bottom.  (left, top) The 
result of mode decomposition is shown: mode 1 (black), mode 2 (red), mode 3 (blue) and 
mode 4 (dash black).  On the right, the mode content plot is repeated at the top, and the 
synthesized intensity, 10log(ps

2), at every VLA and HLA position is shown below. Note that 
the reference acoustic pressure for intensity calculations is arbitrary -- source reference 
calibrations have not been performed. 

 
Figure 4 shows a measured and synthesized intensity time series during the strong 

internal wave period (Fig. 2, 06:30).  There are multiple and extended arrivals of the 
modes along the L-array.  The match between the measured and synthesized fields is again 
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very good along the vertical array, however the agreement along the horizontal array is 
poor, with all of the modes generally disagreeing. 

 

 
Fig.4: (left, lower) Intensity as a function of time along the L-array during the high-

internal wave period. (left, center) Intensity at the VLA is shown.  (left, top) The result of 
mode decomposition is shown: mode 1 (black), mode 2 (red), mode 3 (blue) and mode 4 
(dash black).  On the right, the synthesized intensity at every L-array position is shown. 
Note that the transmission shown is at 06:30 from Fig. 2. 

4. COHERENCE ESTIMATES 

Coherence estimates are often strong functions of signal to noise ratio and coherent 
multipath interference [2].  Array gain degradation can result from refractive and 
scattering effects associated with the ocean surface and water-sediment interface, also 
from volume, internal wave, and other structural effects.  The use of an array of sensors to 
measure coherence length and array signal gain benefits from having larger degrees of 
freedom, providing larger signal to noise ratios and filtering of unwanted noise sources.  
Coherence length estimates can be related to signal gain, provided that other causes of 
signal degradation can be removed.   

The method presented in this discussion is an alternative look at coherence, more 
directed at characterizing propagating fields.  As a function of spatial lag, we compute the 
zero time lag cross-correlation value for pulsed time series, after accounting for the time 
shift associated with the non-broadside incidence of the incoming plane wave.  Figure 5 
shows cross-correlation estimates corresponding to the two times whose acoustic arrivals 
were observed and synthesized in Figs. 3 and 4, above.  During the calm time, the fields 
have similar coherence scale, somewhat coincidentally, because the match is not perfect.  

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

70



 

As expected from visual inspection of the acoustic arrivals, coherence length is much 
longer during the calm ocean state than during the active.  

 
 

Fig.5: Relative acoustic coherence along the horizontal line array during both times of 
calm (left) and active (right) ocean state. The measured acoustic field (solid dotted curve) 
is compared against the synthesized field (dashed curve). Coherence is estimated, as a 
function of spatial lag, to be the zero time lag cross-correlation value for a pulsed time 
series. 

 
Table 1 gives temporal and spatial coherence scale estimates during the two times 

considered in Fig. 5.  The coherence scale D is defined here to be the point where the 
coherence function (with units of the square of pressure squared in non-normalized form) 
falls to one-half.  The spatial estimates are taken from the Fig. 5 curves.  Multiply by 
sin(25º) to convert to transverse scale.  The temporal scales are extrapolated because the 
coherence functions do not fall to one-half over the 90-second transmission sequences.  

 
No Internal Waves Internal Waves  

 D (m) D / λ D (m) D / λ 
Spatial, Actual 

Spatial, Synthesized 
220 * 
240 * 

15  
16  

75 
160 

5.0 
10 

Temporal, Actual  780 s 140 s 

Table 1: Spatial coherence scale estimates of the measured and synthesized acoustic 
signals along the horizontal array, and temporal coherence scale measured at one phone. 
Acoustic wavelength (λ) normalized spatial estimates are also shown. * These values are 

taken where the curves approach one-half.  

5. CONCLUSIONS 

Methods to investigate horizontal coherence using an L-array with non-broadside 
alignment, of acoustic fields consisting of many normal modes have been examined.  A 
simple method to synthesize horizontal fields using vertical mode decomposition 
techniques allows simple interference of a homogenous mode structure to be distinguished 
from decorrelation resulting from azimuthally-varying adiabatic and coupled mode 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

71



 

propagation.  Acoustic arrivals during time periods with strong internal waves were 
observed to cause strong mode coupling effects and to spread mode arrivals.  On the 
contrary, arrivals during a calm period were observed to have clearly separated modal 
arrivals with little mode multipath effect.  Coherence length estimates for broadband 
pulses during the period of large internal waves are observed to be much shorter than 
during the period of small internal waves, in line with expectation.  An inference is that 
upper bounds of horizontal coherence scale obtained using a VLA may be close to actual 
values in some situations, but may be overestimates at other times.  The overestimates will 
occur when mode structure at a receiver has strong azimuthal variability.  Finally, many 
more acoustic arrivals need to be analyzed to obtain meaningful coherence function 
estimates with good statistical reliability and the effect of noise on the estimates should be 
examined. 
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ESTIMATION USING A MOVING ARRAY  
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Abstract: The Cramer-Rao Lower Bound (CRLB) for an unbiased estimator is the “best” 
that can be achieved for the quality of the estimation. That is, it specifies the lowest 
achievable value for the variance of the estimate. However, its meaningfulness is only as 
good as the underlying likelihood function. Up to the present, CRLB calculations for 
bearing estimation using a towed array have ignored the fact that the array is moving. 
Here, it is demonstrated that by including the array motion in the algorithm in a proper 
manner, the bearing estimation performance can be greatly enhanced. That is, a lower 
value on the variance of the estimate can be achieved. This improvement in performance 
is due to the fact that the Doppler induced by the motion contains bearing information 
independent of that obtained by a conventional beamformer, leading to the so-called 
synthetic aperture effect. However, in order to exploit this effect, the source frequency 
and the bearing must be jointly estimated. Thus, the proper CRLB for this case requires a 
2 X 2 Fisher matrix in which the array motion is explicitly included. In this paper, the 
CRLB for a moving line array is derived for the broadband case.  It is shown that to 
successfully exceed the CRLB for the stationary array, the source frequency, (in the 
broadband case, the lowest spectral frequency of the signal), must be known a priori to 
within a given tolerance, and that the observed frequency satisfies this requirement. This 
leads to the requirement for a Bayesian form of the CRLB. Examples using synthetic data 
are shown.  

Keywords: Towed Array, Cramer-Rao Lower Bound, Passive Synthetic Aperture, Model-
Based Processing 
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1. INTRODUCTION 

It has been shown that by including the forward motion of a towed array in the 
processing algorithm, the bearing estimation performance can be improved over that 
obtained by assuming that the array is stationary [1] [2].  In order to do this however, it is 
necessary that the source frequency be known a priori, otherwise the inclusion of the 
array motion in the estimation algorithm actually results in performance degradation [3]. 
This phenomenon, sometimes referred to the mismatch effect, is well known in the field 
of matched-field processing [4], where errors in model parameters are a cause of poor 
performance when highly sophisticated models are used. 

The situation that we deal with here is that the source frequency must be known to an 
accuracy greater than that obtained by simply using the observed frequency, since 
otherwise the Doppler information is unavailable. This means that when we construct a 
bearing estimation algorithm for a moving array, which we will base on a Kalman filter 
[5], it is necessary to jointly estimate the source frequency along with the bearing. 
Furthermore, it turns out that it is necessary to provide an initial constraint for this source 
frequency that is sufficiently close to the true value in order to obtain any solution at all. 
It will be shown that using the observed frequency in the form of an additional 
measurement solves this problem. 

In order to investigate this phenomenon using the Cramer-Rao Lower Bound (CRLB), 
the Bayesian form [6] must be used. If the non-Bayesian form of the CRLB for the joint 
estimation of bearing and source frequency is used, the result will indicate that there is no 
solution available. Based on the previous discussion, this is to be expected, since in this 
case there is no constraint on the initial value of the source frequency contained in the 
CRLB calculation. 

A Kalman-filter-based bearing estimator is constructed that demonstrates this 
phenomenon using synthetic data. 

2. THE CRAMER-RAO LOWER BOUND 
     The Cramer-Rao Lower bound (CRLB) [7] is the lowest achievable variance on an 
unbiased estimate based on a given likelihood function, and an estimator that achieves 
this bound is said to be efficient. It is found as follows. The likelihood function for a 
signal (data) vector y, that depends upon an M-dimensional parameter vector 

],,,[ 21 Mxxxx L= , is the probability of the measurement y being observed given x. It is 
written as p(y/x) with x considered to be fixed. The Fisher Information Matrix (FIM), 
which is defined as 
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is then evaluated. The CRLB on the estimate of x then follows as 
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with 2

,kkσ  being the variance on the estimate of the kth element of the parameter vector x. 

3. ESTIMATOR STRUCTURE 
For a line array moving in the x± direction with speed v, with elements lying on the x-
axis, the signal on the nth element is given by 
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with θαβ sin1±=  and  cv /=α . Here, 00 2 fπω =  where 0f  is the (stationary) source 
frequency, θ  is the bearing angle measured from broadside, d is the element spacing and 

LoM and HiM are the low and high values of the frequency index m. The geometry is 
depicted in Figure 1. 
 
 

                  

Fig. 1 Array and signal configuration. The N-element array is moving in the +x 
direction with speed v. 

 
From Equation 3, the spatial phase for the nth hydrophone and the mth frequency is  
 

n=1 n=1 n=N

v

θ
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and the observed radian frequencies are given by  
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The state (prediction) equations for a predictor-corrector form of a Kalman filter can 
now be written as 
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and the measurement equations are obtained by averaging over the frequencies. That is, 
the observed average hydrophone phases are 
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with 1+−=Δ LoHi MMm . mϕ  is the phase error. Since the observed frequencies are 
related to the source frequencies through Equation 5, an auxiliary measurement equation 
can be used to introduce this information, which acts as a constraint on the source 
frequency. That is, signifying '

0ω  as the observed fundamental frequency, we have 
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We now have the necessary equations to carry out the estimation with a Kalman filter. 
Since the measurement equations are nonlinear in the parameters, the Extended Kalman 
Filter (EKF) must be used. Also, since the parameters of interest are assumed mot to 
change with time, there are no dynamics in the state equations. This is sometimes referred 
to as a “random-walk.” 

4. BAYESIAN CRLB CALCULATION 
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For the Bayesian case, following Bell and Van Trees [6], we introduce the prior 
distribution on x and instead of taking the expectation with respect to )/( xyp , we take 
the expectation with respect to 
  

)()/(),( xpxypxyp = . 
(9)

In this case, Equation 1 generalizes to 
 

PD
ji

B IIxyp
xx

EI +=
⎪⎭

⎪
⎬
⎫

⎪⎩

⎪
⎨
⎧

∂
∂

∂
∂

−= ),(ln , (10)

where the data-based and prior-based information matrices are defined as 
 

⎪⎭

⎪
⎬
⎫

⎪⎩

⎪
⎨
⎧

∂
∂

∂
∂

−= )/(ln xyp
xx

EI
ji

D , (11)

⎪⎭

⎪
⎬
⎫

⎪⎩

⎪
⎨
⎧

∂
∂

∂
∂

−= )(ln xp
xx

EI
ji

P

. 
(12)

The Bayesian CRLB, or BCRLB, now follows as 
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withΣ  being the error covariance matrix. 
     From Equation 6, we see that there are two unknowns, the bearingθ , and the 
(fundamental) frequency 0f . We shall assume that the bearing is deterministic, i.e., 
there is no prior probability density associated with it. This leads to the hybrid form of 
the BCRLB [6]. From Equations 10-12, we then see that the relevant information 
matrix has the form 
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where 22)( PI  follows directly from Equation 12. Assuming Gaussianity,  2
22 /1)( fPI σ−=  

and from Equations 1 and 7, the elements of DI , after some manipulation, are given by 
 

⎥
⎥
⎦

⎤

⎢
⎢
⎣

⎡
⎟
⎠
⎞

⎜
⎝
⎛+⎟

⎠
⎞

⎜
⎝
⎛±⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
−=

2

2

22
0

2

11 2
31

6
cos

)(
A

vT
A

vT
c

A
NSI D

θω
, (15) 

⎥
⎦

⎤
⎢
⎣

⎡
⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
+⎟

⎠
⎞

⎜
⎝
⎛±⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
−= 2

2
0

2

12 4
3sin

6
cos

)(
A

vcT
A

cT
c

A
NSI D θ

θω
, 

 
 (16) 

⎥
⎥
⎦

⎤

⎢
⎢
⎣

⎡
⎟
⎠
⎞

⎜
⎝
⎛+⎟

⎠
⎞

⎜
⎝
⎛+⎟⎟

⎠

⎞
⎜⎜
⎝

⎛
−=

2
2

2

2

22 sin
2
3sin

6
)(

A
cT

A
cT

c
ANSI D θθ . 

 (17)   
        

 

 

Here 
c

C θω cos  0= , ∑
=

⎟
⎠
⎞

⎜
⎝
⎛=

M

m
mmaS

1

22
2

1
σ

,  )1( −= NdA  is the aperture, d is the element 

spacing. c is the speed of sound T is the length of the DFT, v is the speed of the array,  
2σ  is the variance of the measurement noise and N is the number of elements in the 

array. In computing Eqs. 15-17, an average over the time T was taken. For the case of a 
stationary N-element array at a single frequency the CRLB on the bearing becomes 
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with ρ  being the signal to noise ratio and ABW /λ= , i.e., the beamwidth in radians. 
This agrees very closely with Seidman’s results [8]. 
     We now have the full 22×  Fisher matrix. The classical case is 
 

( ) ( )22
2
1211

11
12

)/()()(
1

DDD
D III

I
−

== −
θσ , (19) 

 
and the Bayesian case is 
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Fig. 2 Effect of frequency constraint. The left panel is the bearing estimate with the 
frequency constraint while the right panel depicts the case without the constraint. 
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5. RESULTS AND DISCUSSION 

     Figure 2 compares two cases for a 100 Hz signal arriving at a 4-element line array at 
30 degrees from broadside. The elements are spaced at half wavelength. In the left panel, 
the result of the EKF estimation of the bearing was carried out with the additional 
measurement equation constraining the source frequency. The right panel shows the 
result when this is not done. A solution was not obtainable unless the SNR was increased 
by 25 dB. As can be seen, the improvement in performance by introducing prior 
information on the source frequency, as suggested by the BCRLB calculation, is quite 
significant. It is this phenomenon that makes the passive synthetic aperture effect 
possible by allowing access to the bearing information implicit in the Doppler.  
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Fig.3 Behavior of the BCRLB as a function of the variance of the Gaussian prior on the 

frequency. 

     Figure 3 shows the impact on the BCRLB of varying the variance on the Gaussian 
prior pdf of the source frequency. As can be seen, as the variance on the source frequency 
pdf exceeds about .4 Hz, the solution is lost. Also seen here is the improvement in 
performance with the increase in array speed and integration time. 
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Abstract: Oceanic internal waves are travel within the interior of the ocean and the larger 
amplitude wave is observed to propagate along the thermocline.  Sometimes, the internal 
wave could be developed to the internal solitary-like wave (ISW) mode due to the 
nonlinear effect.  The ISW induced some obvious phenomena, e.g. strong vertical motion, 
vertical shear of horizontal current velocity, density (or temperature) perturbation, and 
sea surface roughness, etc..  In this present study, have used the shipboard sonar, 
thermistor chain, Acoustic Doppler Current Profiler (ADCP), X-band marine radar, and 
satellite image to observe the vertical displacement, temperature, current shear, sea 
surface roughness, and wave train fluctuations induced by the ISW, respectively, in the 
northern South China Sea (SCS).  The temperature profile data have shown the 
underwater acoustic backscatter data can probably represent the vertical displacements of 
ISW.  Furthermore, the backscatter data have provided an evidence of interaction between 
larger amplitude ISW and bottom topography.  The lower layer feature shows the larger 
amplitude ISW passes which will re-suspend the sediment from bottom on the continental 
shelf.  Integrated the all of ISW phenomena observed from satellite image, radar, sonar, 
ADCP, and thermistor chain, it can provide a whole picture of ISW.  The rough sea 
surface conduction, convergence of horizontal current, downwelling, and temperature 
rising will appear in the front part of depression ISW and the opposite features occur 
subsequently.  There are good relation between underwater signal detected from sonar 
and sea surface signal detected from radar.  On the other hand, the radar signal can 
probably estimates the underwater information of ISW. 

Keywords: Internal Wave, Sonar, Radar, MODIS, South China Sea 
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1. INTRODUCTION  

An internal wave is a localized internal gravity wave that occurs in a stratified fluid.  A 
particular type of internal wave most often observed is termed an internal solitary-like 
wave (ISW) or internal soliton.  ISWs are a class of non-sinusoidal, nonlinear, more-less 
isolated waves with complex shape that occur frequently in nature [1].  In the northern 
section of South China Sea (SCS), particularly in the region between Luzon Strait and 
Hainan Island, either optical or Synthetic Aperture Radar (SAR) satellite images show that 
the internal solitary waves are active [2].  There are two categories of internal solitary 
waves: a) trans-basin waves that are generated at shallow ridge of the Luzon Strait under 
the influence of the tides, and b) internal waves that are generated at or near continental 
shelf break by either the incident trans-basin waves and/or the tides [3], [4].  The largest 
amplitude of the trans-basin wave is over 100-m in the continental shelf region [3], [4], 
[5]. 

Two observing systems for the internal solitary waves: a) the remote sensing include 
radar, sonar, and optical or SAR satellite image, and b) in-situ measurement, are generally 
used.  The in-situ observations of internal solitary waves can be made using almost any 
ocean instrumentation capable of recording current, density, vertical displacement of 
isotherm depth, surface roughness, or similar measurements [1].  However, few 
discussions were made in studying of the ISW with both the remote sensing and in-situ 
observed data concurrently.  On the other hand, in the present study, we compared several 
types of remote sensing data with several types of in-situ observed data of ISW in the 
northern SCS.  Besides, the individual result is inter-compared with each others.  Integrate 
the sonar, radar, and other in-situ measurement results, the whole picture of ISW will 
discussed.  The remote sensing data include the Moderate Resolution Imaging 
Spectroradiometer (MODIS) visible images from the Terra and Aqua satellites, shipboard 
X-band marine radar, and acoustic backscatter sonar.  The in-situ data include shipboard 
Conductive-Temperature-Depth (CTD), thermistor chain, and Acoustic Doppler Current 
Profiler (ADCP). 

2. MEASUREMENT AND COMPARE 

2.1. Compare with MODIS image 

Fig. 1 shows the MODIS image, research vessel ship track, time series of acoustic 
backscatter profile data, and radiance of the MODIS band-1 data.  The acoustic 
backscatter data is measurements from 38 kHz sonar.  The special resolution of MODIS 
band-1 is 250 m.  This picture shows the R/V Ocean Researcher III (R/V OR3) has passed 
a series of first baroclinic mode depression ISW during April 17 02:30~03:50 GMT.  In 
general, the backscatter data is agreed well with the radiance of MODIS image except east 
of 117°E.  The largest amplitude of the wave is at the most west and gradually decreases 
from west to east until 116°59’E.  The wave form is more complicated at east of the 
117°E.  The MODIS image has shown that there are two wave packets evidenced in this 
area.  One is westward propagation trans-basin wave, and the other is northward 
propagation local generated wave.  The complicated wave form is related to the nonlinear 
wave-wave interaction.  Therefore, these two wave combined together will increase the 
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radiance of MODIS image and reduced the correlation between acoustic backscatter and 
radiance of MODIS image. 

Fig 1b has shown in echo intensive decreased after ISW passed.  It indicates that the 
ISW cause strong vertical mixing.   

 

 
Fig.1: (a) MODIS (bands 1, 3, 4) 250-m resolution visible image at April 17 05:15 

GMT, 2003.  The blue line represents the ship track. (b) Acoustic backscatter profile data 
on April 17, 2003 as function of longitude (or time) and depth.  The black line represents 

the radiance of MODIS band-1along ship track as white line in panel (a). 

2.2. Compare with MODIS image and isotherm depth 

The R/V OR3 stayed at anchor station: 21°03’N, 115°47’E, to measure temperature 
variation of the whole water column on April 18, 2003.  The local depth is around 200 m.  
The thermistor chain hangs on the ship stern.  There are 21 temperature sensors on the 
thermistor chain.  The duration of observation is set 12.5 hours semidiurnal tide period.  
The time series of temperature profile and acoustic backscatter are shown in Fig. 2a and 
2b.   These two pictures are also showing the internal solitary waves around 9, 10, and 11 
AM.  Especially, the wave at 03:00 GMT is most obvious.  During this period, the 
thermocline depth was around 115~135 m.  It indicates the thickness of upper layer is 
larger than that of the lower layer.  Thus, these three internal solitary waves also belong to 
the first baroclinic elevation mode.  The MODIS image at April 18 02:55 GMT (Fig. 2c) 
also shows one ISW packet northwestward propagated and passed the anchor station. 

Combined the 23°C and 24°C isotherm depths, acoustic backscatter, and radiance of 
MODIS image are shown in Fig. 3.  The sonar measurement is agreed well with the 
isotherm depth on first wave (around at 03:00 GMT).  On other hand, the radiance of 
MODIS image also general agrees with the isotherm depth except the first wave because 
the satellite image could influence by the clouds. 

2.3. Compare with hydrographic profile data 

The R/V OR3 stayed at anchor station: 21°03’N, 116°50’E, waiting the first baroclinic 
mode depression ISW coming and take some water samples on April 18, 2003 (Fig. 1a).  
The local depth is around 350 m.  In totally, the yo-yo CTD has three times measurement.  
The acoustic backscatter data and hydrographic data are shown is Fig. 4.  The temperature, 
chlorophyll-a, nitrite, and phosphate profile data all show the strong downwell 
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displacement when the ISW arrival.  These results were generally agreed well with the 
sonar measurements.  In addition, the sonar data also had shown the re-suspending signal 
at bottom boundary layer behind the ISW.   

 

 
Fig. 2: The upper and middle panels represent the time series of temperature and 

acoustic backscatter on April 18, 2003 as function of time and depth, respectively.  No 
acoustic backscatter data between 04~05 GMT.  The lower panel represents the MODIS 
(bands 1, 3, 4) 250-m resolution visible image at April 18 02:55 GMT, 2003.  The white 

line represents the ISW propagated direction. 
 

 
Fig. 3: The time series of 23°C and 24°C isotherm depth (black lines) and vertical 

profile of acoustic backscatter on April 18, 2003 (enlargement from Fig. 3).  The blue line 
represents the radiance of MODIS band-1along ISW propagated direction as white line in 
panel Fig. 2c. 
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Fig. 4: The upper panel Acoustic backscatter profile data on April 17, 2003 as function 

of time and depth.  The black lines represent the three times of CTD downcast and upcast 
track.  The lower panels, from left to right represent six casts of temperature, three 
upcasts of chlorophyll-a, nitrate, and phosphate profile, respectively. 

 

 
Fig. 5: The upper to lower panels represent the distribution of density, acoustic 

backscatter, zonal, and vertical component velocity as function of time and depth on April 
30, 2005, respectively. Black solid curves are represent the isopycnal of σθ=24 kg m-3. 
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2.4. Compare with ADCP 

Simultaneous measurements by CTD, 38 kHz sonar, and shipboard ADCP (150 kHz) 
captured the vertical displacement and velocity variations of ISWs, during the surface 
scattering spike events captured by X-band marine radar.  Fig. 5 illustrates an ISW event 
on April 30, 2005.  The maximum vertical displacement of the isopycnal surface, σθ=24 
kg m-3, is around 110 m.  The maximum westward current in the upper layer is larger than 
1.2 m s-1, and the maximum eastward current in the lower layer is larger than 0.8 m s-1.  
The water depth is about 600 m.  Note that velocity fluctuations in the upper 10 m and 
below 200 m are not measured by the shipboard ADCP.  The vertical velocity shows a 
clear structure of a first baroclinic mode depression wave, with the maximum speed at 
mid-depth, and a downwelling followed by an upwelling.  The ISW general features are 
consistence between multi-instrument measurements and theoretic.  The characteristics of 
the observed ISW agree well with those described by [5], [6]. 

 

 
Fig. 6: Two ISW events on April 29 and 28, 2005 are shown in left and right panels. 

Red curves represent the forward-looking surface scattering intensity, i.e., observed from 
ahead of the propagating ISW, and blue curves represent the backward-looking surface 

scattering intensity, i.e., observed from behind the propagating ISW.  Gray shadings 
represent the 95% confidence intervals.  (b) and (e) panels: Horizontal convergence 

averaged from ADCP measurements in first bin.  (c) and (f) panels: Contours of zonal 
velocity and vertical displacements of isopycnal surface initially at 100 m and 150 m. The 

wave speed C and wave width of the half of the maximum amplitude λη/2 are labeled. 

2.5. Compare with radar 

Two ISW events measured on April 28 and 29, 2005 are illustrated in Fig. 6a and 6b.  
On April 29, the ISW vertical displacement was around 150 m from the initial depths of 
100 m and 150 m.  The maximum westward velocity was around 1.8 m s-1.  The full width 
of half amplitude λη/2, i.e., the horizontal distance between the consecutive locations of the 
vertical displacement half of the maximum amplitude of the ISW (labeled in Fig. 6f), was 
854 m.  In the convergence zone (∂xu<0), the surface scattering strength Iμ increased.  
Forward the center of the ISW, the surface scattering strength is enhanced slightly above 
the background, presumably associated with the observed isotropic surface waves. 

The scattering strength enhancement has a strong asymmetry; the scattering strength 
observed from behind the propagating ISW is weaker than that observed from ahead (red 
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and blue curves in Fig. 6).  This asymmetry also appears in the radar scattering strength 
observations.  The asymmetry may be due to the skewness and the breaking of surface 
waves induced by ISWs [7]. 

3. DISCUSSIONS  

The ISW of underwater signals detected from sonar were good linear relation with 
satellite image and in-situ measurements except the surface roughness from X-band radar.  
The Fig. 6 shows that the horizontal current convergence (∂xu) could good relation with 
surface scattering strength (F).  The relation between the horizontal convergence and the 
radar scattering intensity is shown in Fig. 7.  A linear regression line fits reasonably well 
in the weak convergence region, -1.8×10-3 s-1<∂xu<0 s-1 with a correlation coefficient -0.93 
(red curves in Fig. 7).  In the strong convergence region, the enhancement rate of the 
surface scattering strength reduces, and the linear relation does not apply.  An empirical 
arctangent fits with all observations of surface scattering strength and horizontal 
convergence (blue curves).  This result implies that the horizontal velocity fluctuation of 
ISW u is proportional to ∫Fdx .  Accordingly, the vertical displacement of ISW η is also 

proportional to ∫Fdx .  Therefore, the surface scattering intensity from radar signal can 
probably estimates the amplitude of ISW 

 

 
Fig. 9: Scatter plots and model fits between the surface scattering strength and the 

horizontal convergence computed from shipboard ADCP measurements.  (a) Observations 
(gray dots) taken ahead of the propagating ISWs.  Red dots represent averages over 
constant intervals of horizontal convergence 0.005 s–1.  Vertical lines represent 95% 
confidence intervals.  Red and blue curves represent the linear and arctangent fits to 

observations (red dots).  Three regions labeled as 1, 2, and 3 represent the divergence 
zone, the weak convergence zone, and the strong convergence zone, respectively.  

Symbols, curves, and labels in the panel (b) are the same as in (a), but observations were 
taken from behind the propagating ISWs. 
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INTERMITTENT RAINFALL AT LITTLE RYUKYU-TAIWAN  

Barry B. Ma 

Naval Academy P.O. Box 90175 Kaohsiung, 811 Taiwan 

Barry Ma, Naval Academy P.O. Box 90175, Kaohsiung, 811 Taiwan, FAX: 886-7-581-
7764 e-mail: binbing@mail.cna.edu.tw 

Abstract: The ocean ambient sound can be categorized by the man-made and nature 
generated noises. Among the naturally generated noises, the rainfall is one of the loudest 
sources spanning wide spectral range. The acoustic rainfall observation has been proven 
to be useful for the open ocean. But for the continental shelf region the sources of the 
ambient noise are more complicate. In order to study the possibility of acoustic rainfall 
measurement at the continental shelf region, an experiment combined several rainfall 
measuring instruments is conducted at Little-Ryukyu island near the water of Taiwan in 
the summer 2006. There are several observations conducted simultaneously, including 
disdrometer, accumulation rain gauges, surface anemometers, air-sea temperature 
sensors and Passive Acoustic Listener (PAL). The precipitation radar of Central Weather 
Bureau of Taiwan at Chi-Ku also covers the experiment site providing reflectivity 
measurement during the rainfall. About four months of acoustic data has been collected. 
The preliminary result shows that the background noise at the Little Ryukyu is about 8 dB 
higher than the ocean open location. The low frequency band at 0-3 kHz has an 
unidentified source of diurnal cycle which is unique to this region. It might be caused by 
the strong diurnal current. Four typhoons passed during the acoustic deployment 
providing a chance to study the underwater acoustic signal generated by the high wind. 
Several rainfall events are also detected by PAL. The data shows that it is feasible to 
detect rainfall acoustically even in a noisy continental shelf region. 

Keywords: Ambient noise, Acoustic Rainfall Measurement, 
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1. INTRODUCTION 

  Rainfall is once of most difficult nature phenomena to measure over the ocean since it 
varies both in temporal and spatial scales. Most of rain measuring instruments are no 
applicable to the ocean due the unstable ocean surface causing by the waves and tides. An 
innovated method to measure the rainfall on the ocean is using the ambient noises 
generated by the rainfall. The ocean ambient noises are the sum of all sources. Some of the 
sources are location dependent. For example, at some continental shelf regions, biological 
sounds related to a particular fish could be the dominant ambient noise source. Sites near 
ocean shipping lanes are much noisier than other open ocean locations in the low 
frequency spectrum. For the higher frequency (50 kHz plus), thermo noise is a dominant 
source whereas the other sources are often attenuated. For the frequency range from 1 to 
50 kHz, wind generated noise is the major persistent noise source component, 
characterized by a spectrum with a uniform negative slope. However when the rain 
present, the rain generated sound often dominates all the other sources in this frequency 
band. Several studies have been made at the open ocean sites near the equator (Ma and 
Nystuen, 2005, Nystuen 2001). This time, an experiment designed for the rainfall 
measurement using the ambient noise at a continental shelf site near the Little Ryukyu is 
conducted in the summer of 2006. Ancillary measurements are also acquired for the 
rainfall comparison.  

2. EXPERIMENT SETUP 

  Little Ryukyu (LRK) is an offshore island about 7 miles off the Taiwan. The annual 
rainfall at LRK is about 1,000 mm. The month of June has most of rain climatologically. 
The experiment site is selected at about one mile south of the LRK. A surface mooring is 
deployed at the water depth 82 meters. The ocean ambient sound data are collected using 
Passive Acoustic Listener (PAL) deployed at 27 meters (Ma and Nystuen, 2005). The 
experiment is divided into three periods. The first period is from April 19 to May 23, 
2006. The second period is from June 12 to August 18, 2006, and the third period is from 
October 14 to December 9, 2006. Several ancillary data are also collected from both 
surface mooring and land base station simultaneously, including disdrometer, 
accumulation rain gauge, surface wind speed, air-sea temperature. The Central Weather 
Bureau (CWB) precipitation radar at Chi-Ku also covers the experiment site providing 
reflectivity measurement during the rainfall. The schematic of experiment and instruments 
involved is shown in the figure 1 and table 1. 
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Table 1. List of Instrument and data collected 

Instrument Sampling 
Interval Data Type Note 

Passive Acoustic 
Listener 

5 sec ~1 
min dB re 1µPa Acoustic ambient noise 

Accumulation 
Rain Gauge 5 mins mm Rainfall accumulation 

Precipitation 
Radar 10 mims 

Reflectivity 
(dBz) 

 

Chi-Ku radar station rang bin 250 
x1698 m 

Disdrometer 1 mins mm/m3 Drop size distribution 

Anemometer 1 hour m/s Wind speed for ambient noise 
calibration 

 
 

 

Figure 1. The schematic plot of ADMIRAL. 

3. THE ACOUSTIC DATA COLLECTION 

  The PAL is designed for rejecting transient noise and records the data depend on a 
simple preset trigging code with sampling rate at 100 kHz (Ma and Nystuen, 2005). For 
the first deployment, the triggering code is set at 1 minute for the rain, 2 minutes for the 
drizzle and 10 minutes for wind. For the second and third deployment, the sample 
sequence is set at 2 minutes for rain, 3 minutes for drizzle, and 10 minutes for wind in 
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order to conserve the battery power. The 0-2 kHz acoustic spectra for these three 
deployment (April to December) are shown in the figure 2. This frequency band has very 
strong diurnal signals with peak level at 85 db in the midnight (figure 3). The source of 
this strong signal is unknown. This signal is NOT correlated with tidal signal or local 
current, and is also NOT come from the fishing vessels in the region, since the diurnal 
signal is present even in the time when typhoon passing by. It might be related to the 
biologic activities in the region, since it is stronger in the summer and weaker in the winter.  

 

Figure 2. The acoustic data from 0-2 kHz shows strong diurnal cycle. 
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Figure 3. The hourly average of the ambient noise data form 1-50 kHz for the first 
deployment. 

4. RESULTS FOR THE FIRST PERIOD (APRIL 19 TO MAY 23)  

  For the first deployment period, the ancillary data from the Costal Ocean Monitoring 
Center of Nation Cheng-Kung University (COMC-NCKU) indicates only two significant 
rainfall events occurred at year day 118 and 137 (Figure 4, panel 1 and 2). The acoustic 
spectra screening is perform by using   

dBSPSP kHzkHz 3515 ≥− , 
dBSPSP kHzkHz 31520 ≥− , 
dBSPSP kHzkHz 3515 ≥−  

, dBSP kHz 6515 ≥  
and dBSP kHz 6547 ≤                                                       (1) 

for the drizzle spectrum and the temporal screening is using 30 minutes event interval with 
at least 5 rainfall detections. The criteria are able to detect rainfall signals at the day 118, 
but not at day 137. The radar reflectivity confirms that the rainfall was only occurred on 
the land base station on day 137. The quantification of rainfall amount is using the rainfall 
conversion algorithm developed for the Tropic Pacific Ocean  

4.15/)4.42(10/ 5 −= kHzSPLdBR                                                  (2) 

where )(log10 10 RdBR =  and SPL5kHz is the sound pressure level at 5kHz with an offset of 6 
dB to compensate the geometry effect of this region. The acoustic spectrogram, the 
converted rainfall rate and accumulation for the event at day 118 is shown on the figure 5. 
The accumulation of rainfall calculated acoustically is comparable to the ground station. 
The small deviation in time might be due to those two stations are physically apart by 2 
km.   
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Figure 4. The ancillary data from the COMC mooring and ground station.   
 

 

Figure 5. The spectrogram of drizzle occurred at day 118 and acoustic rainfall 
conversion.   
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5. PRELIMINARY RESULTS FOR THE SECOND PERIOD (JUNE 12 TO 
AUGUST 18)  

  For the second period of deployment, the data from the COMC mooring shows the 
month of July has 600 mm of rainfall (Figure 6). The acoustic data also indicates drizzle, 
medium, and large rainfall events are being recorded. With the CWB Chi-Ku radar station 
proving reflectivity data and ground base disdrometer data (Figure 7). The detail of the 
rainfall signals will be studied. 

 

Figure 6. The COMC ground rainfall station data  

 

FIGURE 7. THE CWB CHI-KU RADAR STATION COVERS THE LRK SITE PROVING 
RE  
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6. CONCLUSION 

The acoustical screening on the first period of data shows that the acoustic detection of 
rainfall on the continental shelf region is feasible even given the poor acoustic condition 
with strong diurnal noise at low frequency. The special drizzle signals at 15 kHz is able to 
be picked up by inspecting the spectrum and temporal consistency. The quantification of 
rainfall is difficult and will need more data to construct an empirical algorithm special for 
this region. The preliminary results from the second period of deployment shows large 
rainfall events were recorded. The rainfall has very different spectral signals than the open 
ocean locations due to the geometry effect in the continental shelf region.  
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Abstract: A bottom-mounted hydrophone (BMH) was deployed to survey the ambient 
noise variation on the continental shelf in the northern South China Sea in 2005. The 
BMH equips with the single hydrophone, amplifier, electronic control board, MP3 
recorder, and battery packet. The system deployed in the water depth of 107 m on April 11 
and retrieved on April 15. The frequency between 500 and 20k Hz of noise are mainly 
generated by sea surface wind and waves. In the experiment, wind speeds were recorded 
on the R/V Ocean Researcher 3 to address the ocean surface conditions. The radar images 
were also obtained to estimate wave heights. The analyzed results indicate the noise levels 
of wind-wave have higher correlations with wave heights than with wind speeds. 
Moreover, the statistic results show the noise variances are decreased with both 
increasing of the frequency and sea states. 

Keywords: Wind-wave noise, South China Sea, bottom-mounted hydrophone (BMH) 
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1. INTRODUCTION 

The ocean ambient noise is one of main parameters to determine sonar performance, so 
that many investigations of its characteristics have been reported [1]. We are interested in 
the variations of noise levels due to the changes of sea states. The parameters for 
observing sea states are wave height, wind speed and so on, which are highly correlated 
with the ambient noise of 0.5-25k Hz [1].  

The measurement data are from a jointed experiment in 2005 that is called “Variations 
Around the Northern South China Sea (VANS).” The bottom-mounted hydrophone 
(BMH) is developed for measurements of underwater noises. The system equips with the 
single hydrophone, amplifier, electronic control board, MP3 recorder, and battery packet. 
The BMH was deployed on April 11 and retrieved on April 15 in a depth of 107 m on the 
continental shelf of South China Sea where the detailed ocean topography are shown in 
Fig. 1. The receiving depth of the hydrophone was about 100 m. At the same time, the 
environmental conditions are recorded on R/V Ocean Researcher 3 (OR3), which include 
wind speeds, radar images of sea surface, and pictures of sea states. The dot-line in Fig. 1 
is the navigation tracks of OR3. Besides the wind speeds comparison with ambient noises, 
the wave heights are also estimated by the roughness intensities of radar images to 
compare with wind-wave noises. 

 
Fig.1: The BMH deployed site, the navigation tracks of OR3 and the ocean topography 

in the northern South China Sea. 

2. ESTIMATIONS OF WAVE HEIGHTS 

There was a radar system set on OR3 at the height of 10 m, and its scan radius is about 
5.7 km. The resolutions are 15 m per pixel for the radar images which are saved as GIF 
format. The color images have to be converted into gray intensities, i.e., intensity between 
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black and white, to obtain the intensities of back-scattering in the azimuth and distance. 
The back-scattering can provide the conditions of sea states that have been reported [2]. 
The Eq. (1) is the relationship between the grazing angles against back-scattering of radar 
transmitted signals. The variable σ0 are the intensities of back-scattering obtained from 
radar images. Because the near field, assuming the grazing angles below 5 degree, has 
large error for estimations, these data are ignored.Thus, the curves of I(θ ) can be 
calculated by intensities of radar images and the polynomial functions are used for fitting 
the raw data. 

( ) ( )0
10log10 σθ =I  

(1)

The sea states are referred to Beaufort scales [3] in Table 1 that sort the wind speeds as 
numbers (the first column of Table 1) and list the corresponded wave heights. So the wind 
speed data can be classed by Table 1 and shown in Fig. 2. The wind speeds above 14 m/s 
are neglected because the data are under sampled. So the estimated results of Beaufort 
scales against  10log10(σ0)  are shown in Fig. 3.  

 

Beaufort 
No. 

Wind speed 
(m/s) 

Mean wind speed  
(m/s) 

Wave height 
(m) 

0 0 - 0.2  0.1 0.0 
1 0.3 - 1.5  0.9 0.1 
2 1.6 - 3.3  2.5 0.2 
3 3.4 - 5.4  4.4 0.6 
4 5.5 - 7.9  6.7 1.0 
5 8.0 - 10.7  9.4 2.0 
6 10.8 - 13.8 12.3 3.0 

* This list is parts of Beaufort scales 
Table 1: Beaufort scales [3]. 

 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

101



 

Fig.2: The wind speeds are assorted by Beaufort scale, as Table 1. 
 

 
Fig.3: The estimations of 10log10(σ0) for Beaufort scales. 

 

 
Fig.4: Wind speed records and wave height estimations by radar images on OR3. 

 
Fig. 4 displays the wind speeds and wave heights from Julian day (JD) 101.6 to JD 

105.3. The wind speeds affect the sea states that have the visual comparisons shown in 
Fig. 5. To compare the characteristics of different sea states, the five cases are selected and 
marked the numbers in Fig. 4 and Fig. 5. The low sea states in case 1 and case 2 display 
the sea surface are smooth and the roughness intensities of radar images are quite small. 
Relatively, case 3-5 show high sea states that present the wavy and rough sea surface. So it 
is very clear that roughness intensities of radar images are corresponded with wind speeds 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

102



 

and sea states. Otherwise, some radar images present the roughness caused by rainfall 
during JD 103 and JD 104 that have been removed. 

 
Fig.5: Photos of sea states and images of radar. The marked numbers are 

corresponded to Fig. 4 as the data obtained time. 

3. VARIATIONS OF NOISE LEVELS 

Since the wind speeds and wave heights have been measured and estimated, which one 
has higher correlations with noise levels is interesting. So the correlations of wave heights 
and wind speeds to noise levels at the frequencies from 0.1k Hz to 16k Hz are shown in 
Fig. 6. The results indicate the noise levels are higher correlated with wave heights than 
with wind speeds. Moreover, we know that the MP3 encoding makes signals distortedly, 
so we have to select the good data in some frequencies for statistic calculations. Fig. 6 also 
indicates the frequency bands with high correlations are the excellent data for analyse. 
Thus, the noise levels at 1.3k Hz and 7.6k Hz are selected in this paper to study the 
variations due to environmental changes. 
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Fig.6: Comparisons of the correlations between noise levels and wind heights/wind 
speeds. 

 
Fig.7: (A) The fluctuations of noise level at 1.3k Hz and 7.6k Hz and hourly-average 

levels. (B) The hourly standard deviations of noise levels. 

 
Fig.8: The wave heights against noise levels at 0.1k, 1.3k and 7.6k Hz. 

 
The wind-wave noise at 1.3k Hz and 7.6k Hz are selected to analyze the variability in 

time series have been plotted in Fig. 7(A). The dot-lines are the raw data, and the gaps of 
data are occurred the nearby shipping noises or unknown noises that have been removed. 
The solid-lines are the hourly-average levels fluctuate with wind speeds and wave heights. 
Moreover, the hourly standard deviations (STD) of noise levels are also shown in Fig. 
7(B). It is observed that the higher frequency of wind-wave noise has low variance, and 
the same situations are also occurred in high sea states (i.e., large wave heights and wind 
speeds). 
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The other things have to address is that the correlation between noise levels and wave 
heights are not always positive. For example, Fig. 8 displays the wave heights against 
noise levels at 0.1k, 1.3k and 7.6k Hz, which indicate the wave heights in 0.5-1 m are not 
significantly correlated with the noise levels. The possible reason is that the data are under 
sampled, and actually the same situations are also happened in wave heights above 3 m. 
Another point is the noise levels at 0.1k Hz do not increase with the increasing of wave 
heights. We know the noises of low frequency in few hundred Hz are generated by 
shipping. Since the nearby shipping noises have been removed in these data, the shipping 
noises should be contributed by distant shipping. It may be that the high sea states make 
the sea surface become rough, which interfere with the sound propagated in long ranges. 

4. SUMMARY 
The ambient noise measurements was used a signal hydrophone in the receiving depth 

of 100 m. Although the acoustic signals are caused some distortion by MP3 encoding, the 
correlations between wind speeds/wave heights and noise levels at different frequencies 
can provide the excellent selections. So the noise levels of 1.3k Hz and 7.6k Hz are chose 
to analyze the ambient noises that indicate the noise variances are decreased with both 
increasing of the frequency and sea states. Moreover, the noise levels of wind-wave have 
higher correlations with wave heights than with wind speeds. 
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Abstract: Recent research has shown the evolutions of internal tides and nonlinear 
internal waves in costal region in the South China Seas (SCS). Depression waves were 
observed on the slope and shelf region in Asian Seas International Acoustics Experiment 
(ASIAEX) SCS experiment. The propagating internal waves (or tides) would cause 
acoustic mode coupling and result in intensity fluctuations or arrival pattern variations. 
This paper investigates the variations of the modes at the vertical line array (VLA) 
location by using of the pseudo-inverse (PI) filter with the acoustic data of ASIAEX and 
simulations based on ocean data of ASIAEX. The results show that the influence of the 
nonlinear internal waves on the mode fields is different from that of internal tides. 

Keywords: Acoustic mode, Mode filtering, Mode variation, South China Sea 
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1. INTRODUCTION 

South China Sea has extreme water volume interactions that affect the acoustical 
propagation. A series of observation by oceanographers inferred that the water column is 
impact by both the tides and its interaction with the bathymetry. Such instability sound 
speed profile might cause the acoustical modal coupling, and the coupled mode is the 
main factor of the variation of the received signal structure.  

Modal theory was begun with the work of Pekris in 1948 [1]. He implied that the 
acoustic pressure field in shallow water is well described by superposition of normal 
modes. The basic property and concept of normal mode is that acoustic signal carried by 
modes which have the vertical distribution of energy. A mode can be regarded as a 
standing wave pattern among the waveguide, and it is, in fact, the convergence of 
reflection wave with the same grazing angle to the upper and lower boundary.  

According to the ASIAEX researches, the internal tide and internal wave were probably 
generated near the Batan Island, and propagated northwesterly toward the shelf break [2]. 
Because the internal tides and internal waves move from deep water to the slope and shelf, 
the amplitude and the horizontal scale of them would change gradually [3]. If the water 
depth keeps decreasing, the internal waves and internal tides could reach the turning point 
and transfer from depression wave to elevation wave [4]. This transformation results in 
different mechanism of motion, and may have different influence on the acoustic 
propagation [5]. 

On the other hand, the analyses of the acoustic data in ASIAEX showed that the 
nonlinear internal wave or the internal tide would bring about acoustic mode coupling 
when it passed through the acoustic propagation path. And it furthermore caused the 
variability of the spatial distribution of the sound intensity, especially the nonlinear 
internal wave [6]. 

A propagating mode is the important physical quantities in shallow water acoustics. 
The papers which had been published do not put much effort on modal analysis in this test 
area.This paper is aimed to the observed water column activity of this area, divides into 
three oceanographic environments, the background-, the internal tides- and the internal 
wave fields. The PI mode filtering method was exploited. 

2. THE ASIAN SEAS INTERNATIONAL ACOUSTICS EXPERIMENT 

ASIAEX was conducted in South China Sea (SCS) and East China Sea (ECS) to 
perform the survey of acoustics, oceanography, and geology. There were four acoustic 
mooring components deployed in the test area, included two source moorings and two 
receiver arrays. The horizontal- and vertical-array were resided at the 120-m water depth 
(on the shelf break). Two source clusters were placed along-shelf (120-m, east of the 
receiver) and across-shelf (350-m, south of the receiver) from the receiver, so that we 
could examine the differences among these two transmission geometry on the propagation. 
In this paper, the analysis of across-shelf propagating path is concentrated, and the 
acoustical data were collected from the VLA of this system.  

We also present temperature data from four environmental moorings, one was a near-
receiver mooring at 120-m, called env120； one was near the southern source at 350-m, 
called env350, and one was moored in between, called env200. These three moorings 
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approximately covered the southern acoustical path and monitored the temperature 
variation by time. The 10 temperature sensors were also attached on the VLA, and the data 
could provide the sound speed information at receiver. Sampling rates of these three 
moorings were half-minutes, one minute and two minutes. 

3. IMPLEMENTATION 

3.1. Environmental Temperature Data 

As described above, a cross-shelf acoustic channel was studied. There were three 
thermometer string named env-350, env-200, and env-120 deployed along this track, 
which are corresponding to water depth of 350 m, 200 m, and 120 m, respectively. 
Additionally, several thermometers were attached on the VLA neat Env-120.  

Fig. 2 illustrates the portion of temperature time series, (a), (b), and (c) gives that of 
env350、env200 and env120. From top to bottom in each panel are the data from 4 to 11 
May.Both the illustration of geometry from Fig.1 and the temperature data at about 08:00 
on May 8 reveal that the huge leading of nonlinear internal waves entered the acoustical 
propagation path, passed through env200 about 12:00, and finally arrived at env120 and 
deviated the propagation path about 15:00 on that day. 

 
Fig. 2 The temperature data collected in ASIAEX. From left to right are the temperature 

data recorded by Env-350, Env-200, and Env-120, respectively. 

Furthermore, the environment could be separated into three different periods by the 
observation of the temperature data: May 4-5 were with a much less energetic field, called 
the internal tide field; May 6-11 were with the passage of several huge solitons that 
depressed the thermo cline to the sea bottom, called the nonlinear internal wave field.  

On the contrary, during the neap tide, the less energy were carried by tidal waves, 
nonlinear phenomena was not apparent to bring the huge solitons but the internal tides. 
Compare this two separated oceanographic phenomena, the internal tides had less height 
wave amplitude but the larger horizontal scale, that means, the internal tides might have 
more coverage of the acoustical path but had less depress on isotherms. 

In this paper, the focus is on the explaining and contrasting the modal variation and 
signature in three separated periods having extreme environments: background, internal 
tides and nonlinear internal wave field. The definition is followed as the solid-frame, dash-
frame and dot-dash frame in the Fig.2, respectively. Solid-frame in Fig2 is the time of 
background case, which is during AM2:00-AM7:00 on May 5. In the whole picture of 
Fig.2, this time period had very calm sea state among the acoustical track, it means, no 
violent current or tidal motion occurred during that period. This could be regarded as the 
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common, calm and in general case of the ocean, and called the background case which has 
the typical downward refracting sound speed profile. 

The tidal field was chosen at AM8:00-13:00 on May 4, since the internal tide had 
entered env350 at about 08:00, that means, the entrance of the internal tide was staring to 
affect acoustical path from 08:00 and still approaching the VLA among these 5 hours. By 
the observation of env120 data, the leading edge of the internal tide was passing the 
env120 at 13:00, this 5 hours period was chosen to guarantee that the internal tide covered 
the whole acoustical propagation path. 

In contrast, the nonlinear internal wave field was pick from AM8:00-13:00 on May 8. 
By the data of env350, the water was extremely shaken by the soliton packets; it could 
cause the exceeding 150-m isothermal depressions to the path. Alike the time length of 
tidal period, the  5 hours period of dynamic nonlinear internal wave field were selected to 
guarantee the coverage of propagating path by the solitons. These three time period were 
all 5 hours and the further acoustical analysis and results will be addressed in the next 
section. 

4.2  Mode Filtering 

Fig.3 shows the local mode function obtained by the temperature strings which attached 
on the VLA. From left to right column are the mode 1 and mode 3 on May 5, 4 and 8, x-
axis and y-axis gives the time of the day the depth label, respectively, heavy color implies 
the peak amplitude of the modal function. Among the range labeled by two dash-lines, 
from left to right are the case of background, internal tides and nonlinear internal wave 
field defined in this paper. 

Since the local mode functions were obtained , the estimation of mode amplitude was 
followed the algorithm of section 2, the received signal of 16 hydrophones at each time 
period were given in p , the mode function as described in Fig3 were given in U , 
therefore, the mode amplitudes were estimated from Eq. (4) by using PI method for three 
separated time period. The 16 mode amplitudes were calculated by following the detail 
formula described in section 2. 

Fig.4 shows the probability density function of estimated mode amplitudes of 16 
modes. The first raw of Fig. 4, from left to right are the probability distributions of the 
estimated modes among the background, internal tide and nonlinear internal wave cases. 
Sample times were all 5 hours, x- and y axis gives the value (dB scale) of the estimated 
mode amplitude and mode number. Heavy color expresses the higher probability. On the 
bottom row, from let to right, are both the mean and standard deviation function of the 
mode amplitudes corresponding to each upper panel among 5 hours. The transverse lines 
are the S.D. and the dots are the mean value.    
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 Fig. 3 The mode functions. From left to right 

column are the mode 1 and mode 3 on May 5, 4 
and 8. 

Fig. 4 The distributions of the mode functions. 
From left to right are the cases of May 5, 4, and 

8. 
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Fig. 5 and Fig. 6 show the more details of mean function and standard derivation of 
three separated cases, both y-axes label the mode number, and x-axis in each figure labels 
the magnitude of the mean value and S.D. respectively. Solid line, solid-star line and 
solid-square line in these two figures are the case of background, internal tides and 
nonlinear internal wave field. 

According to the mean function in Fig.5, due to the interaction of bathymetry and water 
column activity, mode 2-5 were all the dominated modes at the receiver for these three 
cases. 

In the background case, the mean of mode 1 amplitude is apparently higher than other 
higher order modes, but the standard deviation are also higher than other modes. For the 
result of higher S.D. of mode 1, is that the it had two concentrations of samples among its 
distribution, which means mode 1 amplitude at some period had more intense energy, and 
this needs to be investigated further in the future. 

From Fig.5, the mean of amplitudes of mode 4, 14 and 15 are slightly raising, but those 
of mode 7 and 9 are decreasing, that means, as the internal tides and nonlinear internal 
waves were propagating among the acoustic track, the coupled energy had the tendency 
from lower to higher mode, especially in mode 1.  

Moreover, according to the S.D. shown in Fig.6, the S.D. of the dominated modes (2-5) 
and higher modes were much higher than those of the background case as the internal 
tides and waves were in the path.  

But for the case of nonlinear internal wave, only mode 7 had the S.D. identical to that 
of the case of background, all the other modes had increasing variation on S.D. The higher 
standard deviation both in the case of tides and waves affirmatively imply that, the sound 
filed was not merely or once affected by the depression of isotherms by the tide or waves, 
but it could repeatedly interact both with bathymetry and water column property range by 
range. This may cause the very different mode amplitudes even if the specific mode was 
tracked when the depression waves were propagating. Otherwise, one may not observe the 
very higher std among the 5 hours whatever in the case of tides or waves. 

                    

4. CONCLUSION 

The variations of the mode amplitudes via the shelf bathymetry in three extremely 
different environments, background, internal tides, and nonlinear internal waves, were 
analyzed in this paper. The results show that the acoustic fields were all dominated by 
mode 2-5, but mode 1 has the maximum energy in the case of background. Since in the 
background case, the water column was not extremely shaken by the depression of the 

Figure 5 The average mode amplitudes.  Figure 6 The standard deviation of the mode 
amplitudes. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

111



 

tidal- or nonlinear-waves, the very slight variation of the standard deviation on dominated 
modes were sensibly expected. The energy exchange among modes while in the case of 
internal tides or nonlinear internal waves were clearly observed in the mean value of the 
modes, this indicates that, as the water column were highly agitated or diffused by the 
energetic internal activity of water column, such as waves or tides, the redistribution of 
vertical structure of sound field would appear.  

As the tides and waves entered and moved along the path, higher standard deviation of 
each mode amplitude occurred, this gives the explanations for the scattered intensity 
patterns among the whole water column observed by Chiu [10] and Tuda [12]. Even 
though the vertical line array did not span the whole water column (only covered the lower 
two-third water column), that is to say, less-than-perfect mode filtration competence 
would came up by the geometry (the lack of one-third information), but the observed 
sound speed profile modulated the sound channel to concentrate the most energy in the 
lower water column, still resulting in good result even if the lack of the information of the 
upper water column.  

Internal wave activities are very acute and intense in the South China Sea, one would 
also observe the entirely different propagating waves, called the elevation waves, from the 
collecting data. Those were conjectured to cause the different influence on acoustical 
propagation and needed more effort on it to distinguish the impact on acoustics by the 
typical waves generated in the South China Sea. 
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Abstract: Acoustic transmission loss and supporting ocean environmental data collected 
during the Variability Around the Northern South China Sea/Windy Islands Soliton 
Experiment (VANS/WISE) on April 14, 2005 in the South China Sea (SCS) in water depths of 
80 to 100 m are presented. The data analyses focus primarily on determining the measured 
mean TL (μTL), and on the fluctuations about the mean as described by the standard 
deviation, σTL. Two concurrent measurements of TL were performed using identical mobile 
sources travelling at different bearings relative to the fixed and drifting hydrophone 
receivers. While the μTL results are similar, the σTL are different. TL measurements from the 
source with lower σTL are shown to be isotropic over bearings of 330º to 030º and invariant 
to horizontal translation of up to 5.4 km. TL measurements from the source with higher σTL 
show sectors of anisotropy, associated with a thinning of the lower layer of the water column 
resulting from the internal tide.        

Keywords: Acoustic Transmission Loss, Internal Waves, South China Sea 
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I.) Introduction 

This paper examines acoustic transmission loss (TL) data and supporting environmental 
measurements made during the Windy Islands Soliton Experiment /Variability Around the 
Northern South China Sea/ (WISE/VANS,) on April 14, 2005 near 117º 20’E, 22º 00’N [Ref. 
5] in the South China Sea (SCS) in water depths of 80 to 100 m. The data analysis focuses 
primarily on the measurements of mean TL (μTL) and the standard deviation (σTL) of each TL 
sample set. In the past [Ref. 1], it was conjectured that μTL reflects the macrostate of the 
ocean, whereas uncertainties in TL as measured by σTL are related to the microstate of the 
ocean. An effort is made here to isolate and examine the temporal and spatial dependence of 
the μTL and relate these dependencies to measured changes in the macrostate of the ocean 
environment. TL fluctuations have been measured in the same area recently during intense 
internal wave activity for fixed source and receivers at long ranges (>20km) [Refs. 2 and 7].  

 
II Test Description 

TL data were acquired over two roughly lineal tracks, one generally southwest-northeast, 
designated U52, and one generally northwest-southeast, designated U53, as shown in Figure 
1. The acoustic sources used were two OASIS Mobile Acoustic Sources (OMAS), 
manufactured by Lockheed-Martin Sippican and modified as described in Ref. 4. The 
modifications enable the source to be time-synchronized with the receiver system for tracking 
purposes and allow customized waveforms to be stored in the vehicle for later transmission. 
The vehicles are pre-programmed to follow specific geometries and depths, but use dead 
reckoning and are thus subject to drift 

 
Both fixed and drifting hydrophone receivers were employed. The fixed receiver system 

was an eight-channel vertical hydrophone string (VHS) provided by the Naval Post-Graduate 
School (NPS). The drifting receivers were both omnidirectional and gradient sonobuoys and 
were deployed approximately 0.5 km north of the VHS and then drifted in a generally 
westward direction. Sonobuoy 1 (SB1) and Sonobuoy 2 (SB2) were gradient sonobuoys, used 
to measure source direction. Sonobuoy 3 (SB3) was an omnidirectional sonobuoy. SB2 and 
SB3 were tethered together to a spar buoy and were thus approximately (within about 20 m) 
collocated during the experiment. Source vehicle tracks are shown in Figure 1. These 
positions represent the smoothed combination of bearing data from the gradient hydrophones, 
and the range data from all receivers. Table 1 lists the time intervals of each track, along with 
range and bearing of the source relative to each receiver during each track. 

 

Time Span, Range and Bearing of Mobile Acoustic Source U52 
(SW-NE Tracks) 

Time Span, Range and Bearing of Mobile 
Acoustic Source U53 (NW-SE Tracks) 

  Time 
(local) 

Range to 
VHS, km 

Bearing 
to VHS, 

deg 

Bearing 
to SB1, 

deg 

Bearing 
to SB2 

and SB3, 
deg 

Time (local)
Range 
to VHS, 

km 

Bearing 
to VHS, 

deg 
Bearing 
to SB1, 
deg 

Bearing 
to SB2 
and SB3, 
deg 

Track 1 9:01-9:27 0.05-1.3 000-360 025-065 196-013 9:12-10:12 0.2-1.6 119-282 337-088 030-360 
Track 2 9:28-9:58 0.3-2.3 247-353 012-074 205-003 10:13-11:07 0.3-3.2 114-274 025-096 316-110 
Track 3 9:59-10:56 0.7-4.7 274-008 023-041 313-020 10:08-12:59 0.4-6.9 114-266 048-098 034-106 
Track 4 10:57-12:46 1.7-10.3 292-010 021-032 351-024 13:00-13:55 0.6-3.8 142-260 261-089 079-098 
Track 5 12:47-13:45 3.9-7.3 312-352 011-031 015-030 13:56-14:24 0.8-3.8 150-260 158-272 081-092 
Track 6 13:46-15:35 4.2-11.7 315-005 345-0051 025-036 

Track 7 15:36-15:56 4.3-6.7 318-348 323-3541 031-037 

                                                                            
1SB1 was physically moved during this time period 

  

Table 1 Mobile Acoustic Source Track Details (See Figure 1). 
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Fig. 1: Concurrent SCS05 test geometries from April 14, 2005 with reconstructed OMAS 

tracks (circles, colors indicating tracks) for a) U52, with approximate source tracks SW to 
NE and for b) U53, with approximate source tracks NW to SE. Both sources were at 55 m 

depth. Lines show buoy receiver tracks (colors indicate same time intervals as source). SB2 
and SB3 track is generally north of SB1 track1.  Location of the NPS VHS is indicated by a 

yellow circle. Two thermistor chains, T2 and T3, are shown by green-filled blue circles.  
 
III.) Source, Receivers, and Data Acquisition and Processing  

Prior to testing, the source vehicles were calibrated at an acoustic test facility in Dodge 
Pond, CT. They are omnidirectional to within ±1 dB at frequencies up to 1 kHz and variation 
between vehicles has a standard deviation <0.5 dB. The measured source level for both U52 
and U53 was 148.1 dB re 1μPa2 @1m at f = 900 Hz, the frequency focused on in this paper. 
The source transmission consisted of two, two-second, linear period modulation (LPM) slides 
with center frequencies of 900 Hz, a 200 Hz bandwidth, and constant amplitude2, followed by 
a 16-second 900 Hz CW. Operating depths were 55 m for both vehicles.  

 
The VHS was located at 117º 21.131’E, 22º 0.014’N in approximately 90 m of water. The 

sonobuoys were deployed at 117º 21.320’E, 22º 1.360’N and then drifted as shown in Figure 
1. Hydrophone depths were 20.5 m (d/D=0.23), 28.5 m (d/D=0.32), 60.5 m (d/D=0.67), 68.5 
m (d/D=0.76), 76.5 m (d/D=0.85) for channels 1, 2, 6, 7 and 8, respectively. Sonobuoy 
depths were all 27.5 m (d/D=0.31). 

 
Acoustic data from the sonobuoys were digitized, recorded and processed in near real-

time. Acoustic data from the VHS were digitized, recorded and stored on the VHS for post-
processing. In both cases, the processing was the same although the gradient sonobuoys (SB1 
and SB2) were demultiplexed in order to obtain target bearing information. The GPS position 
of each drifting receiver was obtained from a GPS unit affixed to a spar buoy tethered to the 
sonobuoys. The difference between the signal’s arrival time and its known transmission time 
was used to calculate the vehicle’s range from the receiver. Range and bearing data were 
                                                           
1 SB1 was redeployed near the VHS close to the end of the test, during U52 Tracks 6 and 7 
2 Upsweeps and downsweeps were used to differentiate the two vehicles 

VHS 

T3 

T2 

VHS
T3 

T2a) b)SB1 

SB2, SB3 

SB1 

SB2, SB3 
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smoothed, triangulated and then combined with GPS data to yield source vehicle position. 
The next step in the processing, matched-filtering, is common to all receivers. For the signal 
transmitted by the sources as described above, the matched-filter output (MFO) has two 
peaks (corresponding to the two LPM sweeps). The magnitude of each MFO peak determines 
the sound pressure level received at the hydrophone. The difference between the received 
level and the known transmitted source level yields the peak TL.  

 
IV.) TL Results  

The individual U52 TL data points resulting from the processing described above are 
plotted vs. range in Figure 2, along with μTL (solid blue line). Source bearing relative to 
receiver varies from 247º to 010º for the VHS, from 323º to 074º for SB1 and from 205º to 
037º for SB2 and SB3. In order to ascertain spatial or temporal variability in the data, they are 
plotted color-coded with the same pattern used in Figure 1.  
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Fig. 2: U52 Peak MFO TL vs Range for, from left to right, top to bottom, d/D=0.23, 0.32, 

0.67 (VHS hydrophones), SB1, SB2 and SB3 (all at dSB/D=0.31). Colors represent the 
individual tracks identified in Figure 1, encompassing all seven hours of the test. The blue 

line shows μTL. Non-dimensional receiver depth (d/D) is shown on each figure with the range 
of source/receiver bearings and the standard deviation of the individual TL data points 

relative to μTL. 
 
A comparison of the individual TL data points with the μTL line in these plots shows that 

while there is some variation about the mean, fluctuations are small, characterized by σTL = 
2.0 - 2.8 dB. In general, the data appear nearly isotropic over the measured bearings as there 
are no significant departures from the mean for any one track. Further discussion of this, 
including an attempt to separate any spatial and temporal effects will follow.  

 
A comparison of the μTL at each receiver is shown in Figure 3.  The right side of the 

figure shows that variation between channels decreases with range for the VHS, with a 5 dB 
spread at ranges of 1-2 km and 2-3 dB spread at ranges from 5 to 10 km. σTL increases with 
depth while μTL decreases with depth. The sonobuoy receivers, shown in the left side of the 
figure show results ranging within 2 to 4 dB, with σTL between 2.2 and 2.8 dB. Histograms 
for all receivers show a nearly normal distribution about the mean. 
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Fig. 3: Comparison of U52 μTL vs. range for sonobuoy (left) and VHS (right) receivers. VHS 

Channel 2 (with d/D closest to that of the sonobuoy receivers) is included (in black) in the left 
plot for reference. 

 
The same analysis of TL from source U53 is performed, with individual TL data points 

and μTL shown in Figure 4 (with the same color-code used in Figure 2). U53 source bearing 
varies from 119º to 282º for the VHS and over 000º to 360º for SB1-3 as a result of their drift. 
In contrast to the U52 data, individual TL data points from U53 do exhibit some departures 
from the mean, most notably at ranges of around 1 km where tracks 1 and 3 exhibit lower TL 
than the mean and tracks 4 and 5 exhibit higher TL than the mean. Also, at ranges of about 2-
3 km, tracks 4 and 5 exhibit lower TL than the mean. This suggests that, in contrast to U52 
TL data, there may be spatial or temporal effects, or both, affecting the U53 TL.  
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Fig. 4: U53 Peak MFO TL vs Range for, from left to right, top to bottom, d/D=0.23, 0.32, 
0.67 (VHS hydrophones), SB1, SB2 and SB3 (all at dSB/D=0.31). Colors represent individual 

tracks identified in Figure 1, encompassing all five-hours  of the U53 data collection. The 
blue line shows μTL vs range. Non-dimensional receiver depth is shown in red along with 

source /receiver bearings and the standard deviation of the TL fluctuations about μTL. 
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A comparison of the U53 μTL at each receiver is shown in Figure 5.  For the VHS on the 
right side of the figure, between-channel variation of the means is small, less than 2-3 dB 
over all ranges, while the standard deviation, σTL, is higher than that of U52 (about 3 dB vs. 
2dB). This suggests that the (spatial and/or temporal) variations in the ocean environment that 
cause increased TL variation are more pronounced for U53 than U52. The sonobuoy data, on 
the left side of Figure 5, show less than 5 dB variation of the mean between channels, and a 
σTL, between 2 and 2.9 dB.  

 
Fig. 5: A comparison of U53 μTL vs. range for sonobuoy (left) and VHS (right) receivers.  
 
Figure 6 compares σTL for both U52 (in blue) and U53 (in red). The plot shows that U52 

TL variation over the VHS hydrophones falls within a range of 2.0 to 2.6 dB, increasing with 
depth.  U53 TL variation over the VHS is higher, falling within a range of 3.0 to 3.3 dB. In 
both cases the sonobuoy receivers show a greater range of variation than that seen over the 
VHS. In summary, the means of U52 and U53 are similar, and the fluctuations as described 
by σTL are different. We have suggested that for U52, the data are isotropic (within 2dB) over 
the bearings measured, whereas for U53, something else appears to be going on. Next we 
look at temporal and spatial effects in further detail. 

 

 

Fig. 6: A comparison of σTL vs. Depth for vehicles U52 (in Blue) and U53 (in Red).  VHS 
data are shown as a solid line over depth. SB1, 2 and 3 are shown as plusses, squares and 

diamonds, respectively. 
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In order to evaluate spatial effects, individual peak TL measurements are grouped by 
bearing, range relative to the receiver, and time. Fifteen degree bearing sectors are used to 
group the data.  Data at ranges of 3 to 5 km are corrected to a common range of 4 km through 
a 10log(R) correction (10log(R) was chosen to approximate the slope of the μTL given in 
Figures 3 and 5). Data at ranges from 5 to 8 km were corrected to a common range of 6.3 km. 
Only Channel 2 of the VHS will be considered because its nondimensional depth (d/D=0.32) 
matches that of the sonobuoys (d/D=0.31). The individual U52 VHS TL data points, as well 
as their means are plotted vs. time for bearings from 315º to 360º and 015º to 030º in Figure 7 
below3. Data from SB2 are also shown in this figure and its horizontal translation from the 
VHS is included below the X-axis label (These results are discussed below). For the data 
corrected to 4 km, at the left, there is little (< 3dB) variation in the means over different 
bearings at fixed times. Also, within a fixed 15º bearing sector, there is little (< 4dB) 
variation of the mean over time. Similar results apply for the data corrected to a common 
range of 6.3 km. In both cases, it appears that the TL is nearly isotropic over bearings from 
315º to 030º and varies little in time between 10:00 to 16:00 local. 

 

0.6      2.0      3.5       4.6     5.4
Horizontal Translation, km

0.6      2.0      3.5       4.6     5.4
Horizontal Translation, km

Range Corrected to 4 km Range Corrected to 6.3 km

 
Fig. 7: VHS (d/D = 0.32) peak TL (including measurements and μTL) vs. time and bearing for 

U52, range corrected to 4 km (left) and 6.3 km (right). Solid lines show μTL within each 
bearing sector and time span. Plusses show the individual data points.  Note that the absence 
of data for the 345º -360º bearing bin at 11:00 and 14:00 is indicated by the dashed red line 

(jn the left plot) following the trend of the other bearings at those times. Also shown (in 
black) is the SB2 TL for bearing sector 015º -030º.  The horizontal translation of SB2 relative 

to the VHS is shown in the lower labelling of the abscissa. 
 
In contrast to the VHS, the sonobuoy receivers moved about 5.4 km in the horizontal, 

from east to west, during the test. A comparison of the sonobuoy data with the VHS data 
provides the opportunity to evaluate the effects of horizontal translation on the resulting TL. 
The SB2 data, shown in black in Figure 7, are consistent with those of the VHS, again 
suggesting isotropy. In both the 4 km (left) and the 6.3 km (right) range-corrected data the 
difference between the drifting sonobuoy TL and the stationary VHS TL is typically less than 
2 dB, even as the translation between receivers grows from a minimum of 0.6 km to a 
maximum of 5.4 km. This shows that over the times and bearings shown, the TL in this area 
is invariant to horizontal translation for ranges up to 5.4 km. 
                                                           
3 Bearings other than those shown have insufficient data for analysis. 
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A similar look at SB2 TL data from U53 is shown in Figure 8 for three bearings from 

075º to 120º. For bearing sector 075º to 090º, variation over time is shown to be > 6 dB. 
Variation between bearing sectors is also significant, with > 4 dB difference between bearing 
sectors 075º to 090º and 090º to 105º. 

 

 
Fig. 8: U53 TL at SB2 vs. time and bearing. Solid lines with circles show the mean of the 

data within each bearing bin and time span. Plusses show the individual data points used to 
calculate the means.  

 
V.) Discussion 

Having shown isotropy and invariance to horizontal translation in the U52 μTL over 
bearings from 315º to 360º, within a time span of seven hours, and possible anisotropy and 
time dependence in the U53 TL data over the same time period, the obvious question arises 
as to the mechanism driving this behavior. In the absence of a high-resolution bottom 
geoacoustic dataset, we turn our attention to exploring the variability in the oceanography, 
specifically to the possible effects of observed internal tide and internal wave activity in the 
test area. During the course of testing on April 14, strong internal wave activity was 
observed, both visually and on radar, with a propagation direction of approximately 330º 
(implying wavefronts oriented approximately parallel to a line from 240º to 060º). This is 
significant because an increase in received level (reduction in TL) can result when acoustic 
waves are propagating parallel to internal wave fronts [Refs. 3, 6]. In the case where acoustic 
waves are propagating along a path not parallel to the internal wave fronts, there is little to no 
effect on TL. Figure 9 shows a comparison of the U53 SB2 μTL vs. time for bearings from 
060º-075º (in red) and the U52 VHS Ch2 μTL vs. time for bearings from 330º-345º. Note that 
the acoustic propagation path for the U53 data is parallel to the internal wave fronts and the 
acoustic propagation path for the U52 data is nearly perpendicular to the internal wave fronts. 
The receivers show similar μTL results from 10:00 to 11:30 local, which then diverge to a 
maximum difference of about 5 dB at 12:45 local, and then appear to converge again by 
13:15 local, showing similar results for the remainder of the test.  

 
The bottom plot shows the temperature time series from the 60 m element of the NPS T3 

thermistor chain, located 634 m from the VHS at 22º 00.5772’N, 117º 20.8907’E. The 
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transition of the near-constant 20.5ºC water during a time period from 09:00 to 09:30, 
through a period of increased variability from 09:30 to 11:00, to near-constant warmer 24º C 
water during a period from 11:00 to 13:30 and then back to a period of increased variability 
from 13:30 on is associated with a maximum downward displacement of the thermocline due 
to the internal tide. The maximum difference between the transmission loss at the two 
different bearings occurs at 12:45, when the temperature is near 24º C, which is very close to 
the near-surface temperature. We suspect that it is internal waves that cause the shift in 
transmission loss. The deep thermocline and thin lower layer may be associated with larger 
internal wave amplitudes. Another possibility is that the steep interface associated with the 
shoreward propagating internal tide contains packets of internal waves.  We note that the 
peak in density stratification occurred at 55 m, and that most of the internal waves observed 
in the succeeding days were elevation waves.  This is in strong contrast to the observations 
during April, 2001 in the ASIAEX experiment nearby, when the peak in stratification was at 
15 m depth and the internal waves were primarily waves of depression.  Further work is 
necessary to clarify the role of the internal tide in affecting the propagation directly as well as 
its role in altering the waveguide in which the high-frequency internal waves propagate. 

  

Fig. 9: TOP: U53 SB2 (d/D=0.31) μTL for bearing bin 060º-075º (red) and U52 VHS 
Channel 2 (d/D=0.32) μTL for bearing bin 330º-345º.  Ranges are binned from 2.5 to 4 km 
and corrected 3.2 km. Note that U53 acoustic waves are propagating parallel to observed 
internal wave fronts and U53 acoustic waves are propagating non-parallel to the internal 

wave fronts. BOTTOM: Temperature time series from the 60 m element of the NPS T3 
thermistor chain located near the VHS at 22º 00.5772’N, 117º 20.8907’E. 

 
VI.) Summary 

Two concurrent measurements of TL from two identical mobile sources were performed 
over a seven hour period on April 14, 2005 at the SCS05 test site in the South China Sea. The 
data were parsed into 15º bearing sectors for fixed time periods. Over source bearings from 
315º to 030º, the data are observed to be nearly isotropic and invariant to horizontal 

β= 337.5º ± 7.5º, 
d/D = 0.32, Wave Vectors 

non-parallel to 
propagation path 

β = 67.5º ± 7.5º,  
d/D = 0.31 

Wave Vectors  
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 propagation 
path 
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translations of up to 5.4 km. Over bearings of 075º to 120º, the data exhibit larger 
fluctuations. In particular, over bearings of 67.5º ±7.5º, the measured TL was reduced by 5 
dB, causing the increase in σTL. In this bearing sector, the acoustic propagation paths lined up 
parallel to internal wave fronts observed in the test area during the time span of the test. 
These internal waves were observed both visually and by radar, with wave propagation 
directions of approximately 330º. Concurrent measurements of water temperature from a 
thermistor chain show a maximum downward displacement of the thermocline due to the 
internal tide at the same time as the maximum difference in TL over the different bearings. 
We conclude that the internal waves resulting from the internal tide are the likely cause of the 
5 dB reduction in TL. 
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GEO-ACOUSTIC INVERSION EXPERIMENTS IN SHALLOW 
WATER OFF KAUAI USING SOUND FROM A LIGHT AIRCRAFT 
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Abstract: In September 2005, as a component of the MAKAI experiment, a light aircraft 
was used as a sound source to ensonify a shallow-water (15 m depth) channel off the west 
coast of Kauai. The aircraft, a Maule MXT-7 180 STOL with a 2-blade propeller, was 
flown at low altitude (between 40 and 100 m) over the ocean channel and the sound was 
detected by a microphone about 1 m above the sea surface and, on the sea bed, a linear 
array of hydrophones aligned with the aircraft track. The flight profile was recorded on 
an altitude encoding GPS. The sediment at the experiment site is a coral sand, mainly 
calcium carbonate with an admixture of igneous (volcanic) rock particles, with a mean 
grain diameter in the region of 200 microns. The sound of the aircraft stationary on the 
ground consists of a series of propeller and engine harmonics at frequencies of 80, 160, 
240, ....., Hz with the engine turning over at 2400 rpm. During the experiment overflights, 
Doppler-shifted signals, upshifted on approach and downshifted on departure, were 
recorded on the microphone and the hydrophones. For each harmonic, the hydrophone 
spectra show a high level of complexity, with multiple up- and down-shifted peaks 
representing the normal modes of the channel. These peaks were compared with the 
predictions of a 2-dimensional (horizontal-range and depth), three-layer (atmosphere, 
ocean, sediment) acoustic propagation model, which includes effects due to the motion of 
the airborne source. By matching modal peaks in the data and the model, estimates of the 
sound speed in the sea bed and other geo-acoustic parameters were obtained. These 
estimates are consistent with the known properties of a fine sand sediment. 
 
Keywords: sediment sound speed,geoacoustic inversion,Doppler spectroscopy,Makai, 
Kauai, 
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1. INTRODUCTION  

Doppler spectroscopy[1] is a recently introduced, shallow-water inversion technique 
for obtaining the geoacoustic parameters of the sea bed. A propeller-driven light aircraft is 
used as a source of sound, which is detected on acoustic sensors either in the water column 
or buried in the sediment. Since it is a rotating source, the propeller produces a series of 
harmonics, each of which is Doppler upshifted (downshifted) as the aircraft approaches 
towards (recedes from) the sensor station. The information on the sea bed parameters is 
contained in the Doppler shifts exhibited by the modal arrivals at the sensors. 

In September 2005, as part of the multi-institutional Makai experiment, the Doppler 
spectroscopy technique was tested off the southwest coast of Kauai. Throughout the 
experiment, the weather was clear, the sea surface was calm and wind-driven ambient 
noise was minimal. Occasionally, a small boat passed close to the sensor station but most 
of the data were unaffected by such incursions. 

2. EXPERIMENTAL SET-UP 

At the experiment site (21˚ 58.6´ N; 159˚ 45.83´ W) the water depth was 18.32 m and 
the water temperature throughout the channel was essentially uniform at 27.6˚C, 
corresponding to a  sound  speed of 1540.8 m/s  (assuming a  salinity of 35‰). The  actual 
sound speed profile, calculated from SeaBird temperature data, is shown in the inset of 
Fig.1. The sea  bed at the experiment  site is a coral  sand with  a  mean  grain diameter  of  

Fig.1: Aircraft track over sensor station, 25 September 2005, and sound speed, m/s, 
versus depth, m (upper left inset). 
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approximately 200 microns and a porosity of N = 0.47. Most of the grains are calcium 
carbonate with an admixture of igneous rock particles. 

A line array of 11 non-uniformly spaced hydrophones was deployed on the sea bed 
approximately parallel to the shoreline, and a microphone was mounted on a mast about 1 
m above the sea surface. The data from all the sensors were relayed to a surface flotation 
unit containing a data acquisition and storage system. Recording was controlled remotely 
via a RF command link. A small boat, standing off 100 m or so from the flotation unit, 
was used as the command station. 

The aircraft used in the experiments was a Maule MXT-7 180 STOL with a two-blade 
propeller and a 4-cylinder, 4-stroke engine. With this combination, the frequencies of the 
engine and propeller harmonics are the same, the lowest being 80 Hz at the operating rpm 
of 2400. The aeroplane was flown out of Lihue airport on the eastern side of Kauai and 
along the south coast of the island to the experiment site. A dumbell pattern was flown 
over the sensor station, nominally at an altitude of 55 m and speed of 100 knots (50 m/s). 
On a heading aligned with the line array, the aircraft was held straight and level for at least 
20 seconds on either side of the sensor station. Over the full length of this pass, amounting 
to 2.2 km, the sediment is the same coral sand as at the sensor station. Fig. 1 shows the 
aircraft track from an onboard altitude-encoding GPS for the morning of 25 September 
2005. 

3. THREE-LAYER WAVEGUIDE 

The atmosphere-ocean-sediment may be modelled as a three-layer Pekeris waveguide 
in which the aircraft, in the upper layer, acts as a horizontally travelling, non-accelerating, 
monotonic sound source. At both boundaries, the sound field must satisfy the usual 
continuity conditions on the pressure and the normal component of particle velocity.  
Subject to these conditions, the 2-D solution for the time-dependent, Doppler-shifted 
velocity potential in each of the layers, as derived by Buckingham and Giddens[2], can be 
expressed exactly in terms of a single wavenumber integral. 

In the Doppler spectroscopy technique, it is the power spectrum of the Doppler-shifted 
time series that forms the basis of the data analysis rather than the time series itself. A 
theoretical expression for the power spectrum in each of the layers may be obtained by 
forming the square of the modulus of the temporal Fourier transform of the wavenumber 
integral relevant to the layer in question. The result is an exact, closed-form expression for 
the Doppler-shifted pressure spectrum, which may be expressed as 

 
                                             S ( i) (ω ) = B( i)ω 2 Fω −

( i) − Fω +
( i)* 2

                 ,                            (1) 
 
where the superscript (i) is the layer number, denoting the atmosphere (i = 1), the ocean 
(i = 2) and the sediment (i = 3), and ω is angular frequency. The scaling factor B involves 
the source strength, the source speed and the density of the ith layer. The functions F each 
depend on the horizontal wavenumbers in all three layers and the density ratios between 
the layers. These functions are lengthy to write down but easy to compute since they 
involve only trigonometric functions and convergent exponentials. The subscripts ω± 
denote that the respective F function depends on either the upshifted, ω+, or downshifted, 
ω-, angular frequency: 
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ω± = Ω ± ω       ,                                                                                                       (2) 

 
where Ω is the unshifted angular frequency of the moving source. 

Fig. 2: Doppler-shifted spectrum of the signal in the water-column  from a moving 

monotonic source in the atmosphere. The two sharp peaks are mode 1,  upshifted on 
approach and downshifted on departure. 

 
Fig. 2 shows an example of the Doppler-shifted spectrum in the water column, as 

computed from Eq. (1), using parameter values appropriate to an overflight in the Kauai 
experiment. The spectrum is normalised to the maximum value. In this example, the 
aircraft speed was set at V = 49.39 m/s with an unshifted source frequency of f0 = 80.845 
Hz. At this frequency, only one mode is supported by the channel. With a stationary 
source, of course, the only arrival would appear as a spectral peak at the unshifted 
frequency, f0. The effect of the aircraft motion is to separate the single stationary peak into 
two modal components, an upshifted peak at 83.3 Hz  associated with the inbound run to 
the sensor and a downshifted peak at 78.5 Hz from the outbound run. The positions of 
these Doppler-shifted peaks depends on the geometry of the channel as well as the bottom 
boundary conditions. This provides the basis of the Doppler spectroscopy inversion 
technique: by matching theoretical spectra such as that in Fig. 2 to a measured spectrum 
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from an experimental overflight, it should be possible to determine the geoacoustic 
parameters of the sea bed. 

4. KAUAI DATA ANALYSIS 

Even though calm conditions prevailed during the Kauai Doppler spectroscopy 
experiment, the signal/noise ratio of the aircraft’s acoustic signature at the bottom 
hydrophones was  fairly low, especially with the aircraft on approach to the sensor station, 
and the resultant spectra are noisier than the theoretical spectrum in Fig. 2. One way of 
reducing the noise in the experimental spectra is to perform the FFT on the inbound and 
outbound segments of the time series separately, rather than taking the FFT of the whole 
inbound and outbound time-series data set. The disadvantage of this technique is that the 
spectral resolution is degraded, but this can be recovered to some extent by padding the 
truncated time series with zeros. In effect, this enhances the spectral resolution through 
interpolation. 

 

 
Fig.3: Overflight data from bottom hydrophone, 23 September 2005. a) Time series, 

b) power spectrum of approach segment, 0 -6 seconds; c) power spectrum of departure 
segment, 11 - 17 seconds. 

 
Fig. 3 shows an example of the data recovered from channel 7, one of the bottom 

hydrophones, on the morning of 23 September 2005. The top panel, Fig. 3a, is the full 
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time series, showing the aircraft approach on the left, the transition through the closest 
point of approach (CPA), where the signal is highest, and the subsequent departure on the 
right. Figs. 3b and 3c in the middle and lower panels show, respectively, the normalised 
spectra of the approach and departure segments of the time series. Note the modal peaks at 
83.4 Hz (up arrow) in Fig. 3b and 78.5 Hz (down arrow) in Fig. 3c, which correspond, 
respectively, to the upshifted and downshifted peaks in the theoretical spectrum of Fig. 2. 

Although the downshifted Doppler-shifted modal peaks from the departure run are 
usually prominent, as illustrated in Figs. 3c, the upshifted approach peaks are often less so, 
to the extent that it is sometimes difficult to identify the genuine upshifted signals from the 
spurious background fluctuations. This difference between approach and departure arises 
because, as a sound source, the aircraft is not omnidirectional but tends to have a broad 
minimum in the direction of travel. It is a fairly common experience that an approaching 
aircraft is relatively quiet, and is only perceived as noisy as it draws alongside the 
observer. In the context of Doppler-spectroscopy, the problem with the low signal/noise 
ratio on approach is illustrated in Fig. 3b, where the first-mode peak is actually somewhat 
lower than an adjacent peak. 

The solution to the problem of identifying the Doppler-shifted modal peaks is to match 
the theory to the spectra of several harmonics. From the first four harmonics, which are 
usually detectable, it may be possible to determine the upshifted, approach peaks uniquely, 
but if not, then there is sufficient information in the stronger downshifted, departure 
harmonics to perform the inversion successfully. 

5. DOPPLER INVERSIONS 

The inversion of the Doppler data to obtain the geoacoustic parameters of the sea bed 
could be performed in several different ways. A straightforward approach is to begin with 
the microphone data containing the acoustic signature of the aircraft just above the sea 
surface. The spectrum of the airborne sound contains two sharp peaks, similar to those of 
the water-borne signal in Fig. 2, and from these it is easy to determine the unshifted 
frequency, f0, of a harmonic and also the speed of the aircraft, V. The latter, of course, is 
known from the onboard GPS, but the air acoustic data yield a more accurate value, which 
is important because any error in the aircraft speed ultimately couples into the error of the 
estimate of the sound speed in the sediment. 

Once f0 and V have been determined, their values may be inserted into the expressions 
for the sound field in the channel, which are then matched to experimental spectra such as 
those in Figs. 3b and 3c. Assuming that the physical properties (density and bulk modulus) 
of the sediment grains and the pore fluid are known, this spectral matching procedure 
yields the sound speed, cp, in the sediment. The remaining sediment parameters may then 
be determined using the theoretical expressions developed by Buckingham[3, 4], which 
connect all the wave properties and the physical properties of the granular material. 

On applying this technique to the data set represented in Fig. 3, the speed of the aircraft 
was found to be V = 49.39 m/s and the unshifted frequency  of the first harmonic f0 = 
80.845 Hz. Then, the sound speed of the Kauai sediment was computed as cp ≈ 1625 m/s, 
corresponding to a sound speed ratio R ≈ 1.06. This value is a little lower than the sound 
speed ratios, around 1.09, obtained for fine sands by Hamilton[5] and Richardson[6]. 
These previous measurements, however, were taken at much higher frequencies, of the 
order of tens of kiloHertz, indicating that the low-frequency (of the order of 100 Hz) value 
obtained from the Doppler spectroscopy technique may be consistent with the presence of 
weak logarithmic dispersion, in line with the predictions of the G-S theory[3, 4]. 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

130



6. CONCLUDING REMARKS 

The Doppler spectroscopy technique was originally introduced as a means of making 
low-frequency (≈ 100 Hz) measurements of the sound speed in marine sediments. Making 
such measurements in this frequency range is challenging, and consequently there is a 
paucity of sound speed data available below 1 kHz. The Doppler spectroscopy technique 
itself is challenging, requiring precision flying and careful experimental design. 
Nevertheless, it has the potential of returning data in a frequency band which is 
inaccessible to most other techniques. 

At present, one of the difficulties with the Doppler technique is limited spectral 
resolution, partly due to the fact that the propeller and engine harmonics have a finite 
bandwidth, which limits the precision of the sound speed measurement. A possible 
solution to this problem is to dispense with the sound from the aircraft itself and instead 
rely on a dedicated sound source mounted externally on the airframe. This would provide 
very narrow-band tones with the added advantage of an enhanced signal level. 
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Abstract: Toxic dumpsites on the seafloor are causing increasing environmental concern, 
in particular around Europe. But a major obstacle toward realistic and quantitative risk 
evaluation at known dumpsites is the low efficiency of existing technology in determining 
the extension and location of objects in unconsolidated sediments. The EC project SITAR 
developed innovative solutions to this challenge, in particular through the development of 
acoustic methods and instrumentation for imaging waste barrels/containers of small 
dimensions. The study and experimental verification of “Multiple-Aspect Scattering” 
techniques were achieved through scaled experiments in our tank facilities, using real 
types of seabed representative of European shores and scaled targets. High-frequency 
(238 kHz) bistatic scattering is investigated with a 5-degree of freedom robotics system, 
enabling the positioning of the source and hydrophones at different distances from each 
other, and at different depths in the water column. This set-up is a scaled-down version of 
the SITAR sea trials performed in September/October 2003 in the Stockholm Archipelago, 
except that it offers a totally controlled laboratory environment. We measured the acoustic 
scattering of the targets and the background (silt) seabed, imaged with a highly 
directional beam at 45° grazing angle. These measurements were taken as a function of 
the bistatic angle (in-plane, 10° and 20° away) and the scattering angle (22° to 73°). The 
results presented here focus on the variations of target scattering with target orientation 
(end-on, diagonal, broadside-on, as well as vertical) and target type (e.g. solid vs. fluid-
filled, plain vs. ribbed). The relative orientation of the targets can be deduced from the 
variations with scattering angle. Their shape and content yield distinct acoustic 
characteristics when viewed at different bistatic angles. These results are discussed in the 
wider framework of other full-scale trials and the SITAR sea trials. 

Keywords: target scattering, bistatic sonar, scaled experiments 
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1. RATIONALE 

For most of the previous century, the seabed has been one of the most convenient sites 
where to dump bulk chemical ammunition, toxic and radioactive waste, from industrial or 
military sources. Such dumping is now prohibited by the London Convention (1975), but 
this is not always respected. Because of pressing environmental concerns, linked for 
example to the leaking of contaminants to the surrounding biota or the immediate risk 
from exposure to the waste (e.g. when trawling), there have been growing efforts to locate 
these dumpsites and assess the risks they cause. The location problem is compounded by 
the fact that most of the waste will have undergone partial or complete burial. Even when 
properly documented, it is not always located where laid, either because of dispersal 
during the dumping process or because of bottom currents and sediment redistribution. 
Traditional tools such as sidescan sonar can produce accurate maps of objects proud on the 
seabed or partly buried if imaged in appropriate conditions [1-3]. But there is still no sure 
way to distinguish targets from their backscatter characteristics alone, in particular in large 
areas such as the Farallon Island Radioactive Waste Dump, with 47,800 barrels over 1,400 
km2 [2] and in dense, cluttered environments such as the Möja Söderfjord dumpsite, with 
more than 450 targets in a few hundred square metres [4]. 

Many theoretical (e.g. [5, 6, 7, 8]) and practical [9-11] studies showed the information 
necessary to identify and distinguish targets was contained in the full 3-D scattered 
acoustic field. Natural objects (e.g. rocks and boulders) do not exhibit the strong coherent 
structural waves characteristic of man-made objects (e.g. mines, or, in the present case, 
buried waste). The European project SITAR (“Seafloor Imaging and Toxicity: Assessment 
of Risks caused by buried waste”) [12] made full use of this 3-D structure by imaging 
targets with variable source and receiver geometries. Scaled experiments were used to 
prepare for the sea trials and identify the optimal geometries. Their results can also be 
used to recognise particular effects observed in the sea trials, in a fully controllable 
environment. 

2. SCALED BISTATIC EXPERIMENTS 

The experiments were conducted in the tank facilities at the University of Bath. The 
setup was designed to be a scaled version of the SITAR sea trials site in Möja Söderfjord 
(Sweden), with a scaling factor of approximately 10:1 (Figure 1). The underground tank 
was 5.00 m long, 1.54 m wide and 1.80 m deep. The water depth was kept constant at 
1.475 m. The sediment tray used in this study was filled with thoroughly degassed silt, 14 
cm deep. The imaging transducer was transmitting at 238 kHz and tilted at a fixed 
incidence angle of 45°, 0.5 m from the target. The scattered signal was measured with an 
omnidirectional B&K-8103 hydrophone, mounted on a robotic system enabling access to 
111 scattering angles (from 21.8° to 73.3°, counted positively from the bottom up). The 
output signal was amplified, band-pass filtered and averaged over 1650 waveforms for 
each geometry. The waveforms were all measured over the same duration, and normalised 
to the amplitude of the direct arrival, to account for slight differences in source level 
and/or propagation paths. They were then zero-banded to remove the direct signal and 
their envelopes were calculated using the Hilbert transform. A more detailed description 
of the full experimental setup, its relation to the sea trials and data processing is available 
in [13]. 
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Fig.1: Scaled tank experiments (left) were used in preparation for the full-scale sea 
trials (right, from [4]).  The acoustic projector is fixed on a ROV and each hydrophone in 
the chain yields access to a different scattering geometry. Acoustic beacons on the seabed 

ensure accurate positioning of all instruments. 
 
The targets used in the tank experiments were designed to match those likely to be at 

the trial dumpsite (Table 1). Target T1, for example, is an approximation of a scaled oil 
drum, whose standard dimensions are 58-cm diameter and 88.5-cm height. It is filled with 
a homogeneous fluid. To compare the influences associated to contents, target T3 is of 
nearly the same size as T1, but completely solid. Similarly, targets T2 and T4 are of 
comparable sizes but differing contents (air-filled vs. solid). The targets were placed with 
different aspects (along the x-, xy-, y- or z-axes). The results presented here correspond to 
proud targets only, but later experiments considered half- and flush-buried targets too. 

 
Target T1 Sealed Aluminium tin, fluid-filled, 6.7cm(D) x 10cm(L) 
Target T2 Air-filled stainless steel cylinder, 5.8cm(D) x 10.4cm(L),  

 sidewall thickness 3mm, end cap thickness 2mm 
Target T3 Solid aluminium cylinder, 5.1cm(D) x 8.1cm(L) 
Target T4 Solid steel cylinder, 7cm(D) x 8cm(L) 
 

Table 1: Characteristics of the scaled targets under consideration. 
 

The scattering strengths of each target were deduced from the waveforms using the 
standard sonar equation [14, 15]: 

ATLTLSLRLSS log1021 −++−=  
(1)

where SS is the average scattering strength (dB re 1 m2) over the ensonified area; RL is 
the reverberation level (dB re 1 μPa) on the hydrophone, SL is the source level (178 dB re 
1 μPa at 1 m in this case), TL1 is the transmission loss (in dB re 1 m) from the source to 
the bottom, TL2 is the transmission loss (in dB re 1 m) from the bottom to the hydrophone, 
and A is the ensonified area (in m2) associated with the 3-dB beam pattern and pulse 
length. 
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3. VARIATIONS WITH TARGET ORIENTATION 

The main results are presented in Fig. 2 for the aluminium targets (T1: hollow and T3: 
solid) and in Fig. 3 for the stainless steel targets (T2: hollow and T4: solid). The targets 
were all imaged at a 45° incidence angle, in-plane (i.e. the acoustic source, target and 
receiving hydrophone are aligned). They were placed proud on the seabed, and rotated to 
present different orientations to the imaging transducer. The scattering strengths (in dB) 
are plotted as a function of the scattering angle.  

When the aluminium targets are aligned along their x-axis (end-on),  their scattering 
shows roughly similar variations for scattering angles smaller than 54°, offset at most by a 
few dB (T1 being the most reflective overall). At scattering angles below 33°, the 
scattering strengths from the two targets are very close and decrease along a linear trend. 
Target T1 sports a very large peak, centred on 43° and 17° wide (although it could be 
argued that it subsumes smaller peaks, respectively centred at 36.7° and 49°, i.e. 
symmetrical around the main peak, which would then be 4-5° wide). The specular 
direction should be 45°, not far from the observed centre of the scattering peak, but the 
underlying sediments are not perfectly smooth and flat (being real sediments). A tilt of 2 
mm at one end of the cylinder would be enough to explain this slight difference. T1 has 
other quasi-symmetrical peaks at 51.3°, 56.6° and 65° (4, 3 and 6° wide respectively) and 
the scattering strength increases again toward higher scattering angles. Conversely, T3 
shows a broad peak centred at 43° and 5°-6° wide, and clearly identifiable peaks each side 
of it (respectively 36.7°, 51.3°, 56.6°, 62.5° and 66.25°, a few degrees wide at most). After 
about 55°, the difference in scattering strengths between the two targets increases to 10 dB 
at its maximum. The two targets have relatively similar scattering patterns, T1 being more 
reflective for θs > 33° overall. The scattering peaks from each target occur nearly at the 
same angles, meaning they are associated to the surface reflections and not to internal 
reflections. The ribs on T1 do not seem to create any noticeable difference. 

When the aluminium targets are aligned along the y-axis (broadside-on), their 
scattering patterns show much less variation, because of the geometry of ensonification. 
The scattering from T1 decreases quasi-linearly from 22.8° to 31.1° (by 5 dB), and then 
increases quasi-linearly until 73.3° (maximum scattering angle measured), over a total 
range of 5 dB. Conversely, T3 shows a larger variation (8.3 dB overall). Its scattering 
decreases steadily until 58.2°, much faster than T1 and with several distinct peaks (2° 
wide, 2-3 dB high at most), and then increases regularly with scattering angle. T1 is still 
overall more reflective than T3, especially at larger scattering angles. Closer analysis of 
the scattering pattern of T1 shows very small peaks (1 dB high at most) at scattering angles 
less than 31.1°, matching those of T3.  The higher and more regular scattering from T1 is 
interpreted as due to enhancements from the ribs, ensonified in full in this configuration. 

Intermediate orientations will yield results more similar to those for targets aligned 
along the x-axis or along the y-axis, depending on which is predominant. The orientation 
along the xy-axis should combine in equal proportions scattering patterns observed for 
orientations along the x-axis with those observed for orientations along the y-axis. Both 
targets show relatively similar scattering characteristics for scattering angles smaller than 
33°, as observed for both x- and y-axis orientations. In the case of T1, we can recognize the 
broad peak in the specular direction, widening to 15° either side, and the peak near 63°, 
both typical of the scattering for orientation along the x-axis. The scattering pattern of 
target T3 shows a sharp (>10 dB) decrease for medium to large scattering angles (after θs = 
40°), similar in trend to that for the x-axis orientation, but with none of the peaks, even in 
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the near-specular direction. The difference between scattering from T1 and T3 is even more 
marked, with differences as high as 16.6 dB at the specular angle, and generally larger 
than 10 dB as the scattering angle increases. The broadening of the near-specular 
scattering peak for T1 and its slight asymmetry correspond to enhanced scattering from the 
ribs. The end caps on T1 would contribute more to the scattering too. The smooth surface 
of T3 cannot scatter as much here, because of the absence of ribs or end caps. 

Although this is not directly comparable, the role of targets placed vertically (aligned 
along the z-axis) was also investigated. In this case, the targets are symmetrical around the 
rotation axis. Most of the scattering should come from the top of the target, with additional 
effects coming from the end-cap (with an edge for T1 vs. a very small round bolt for T3) 
and the content (fluid-filled vs. solid). Additional scattering processes could come from 
the fluid inside (for T1). Surface waves could contribute to the overall scattering, although 
preliminary analyses for target T3 (Marston, pers. comm., 2004) showed it was unlikely 
for most scattering angles measured in this experiment. The scattering from target T1 is 
higher than that for T3 only for scattering angles below 44°, contrary to the earlier cases. 
Target T1 shows a broad (12°-wide, 5-dB high) peak centred on the near-specular 
direction, and smaller, narrower peaks, slightly skewed toward the larger θs, at angles 
53.5°, 61.6°, 69.2° (with decreasing widths of 9°, 8° and 6° and heights of 2.5 dB, 2.2 dB 
and 1.9 dB respectively). Target T3 shows a broader and higher peak than T1 (19°-wide, 
10-dB high) and smaller, narrower peaks at 63.4° and 71.2° (7-8°wide and 4-2 dB, 
respectively). These clear differences, and the higher bistatic reflectivity of T3, are mostly 
attributed to the different contents, i.e. distinct acoustic impedances.  

 

 
 

Fig.2: Variations with orientation of the scattering strengths for aluminium targets T1 
(hollow) and T3 (solid), represented as a function of the scattering angle. The two targets, 

imaged in-plane, can be clearly distinguished for a large range of angles. 
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Fig.3: Similar plot for stainless steel targets T2 (hollow) and T4 (solid). 
 
Similar analyses done with targets T2 (air-filled stainless steel cylinder) and T4 (solid 

version of T2, of comparable dimensions) tend to confirm this interpretation, as the same 
effects are visible (Fig. 3). The actual ranges and values will differ, because of the acoustic 
nature of the targets and the difference in contents (Table 1). The measurements presented 
here show clear differences between targets, depending on their aspect relative to the 
ensonifying beam and the scattering angles. These differences are related to the surfaces of 
the targets (e.g. presence of ribs, enhancing the scattering in some orientations) and to the 
different acoustic behaviours of hollow vs. solid targets of the same material.  

The role of the bistatic angle was investigated at 10° and 20° away from in-plane. They 
are not presented here due to lack of space, but they tend to confirm these results. The 
scattering patterns are similar, with levels 10° away being smaller than in-plane, and levels 
20° away being generally smaller than 10° away, by approximately 5 dB. The regular 
peaks visible in the end-on configurations are still visible, although subdued. The solid 
aluminium target T3, imaged 20° away from in-plane, exhibits small peaks of a few dB for 
scattering angles around specular. They are tentatively explained as small irregularities on 
the surface of the cylinder, whose scattering is amplified by the larger bistatic angle. When 
the targets are placed vertically on the seabed, one observes the same decrease of 
scattering strengths with increasing bistatic angle, although the changes are much smaller. 
This is expected as the targets are now symmetrical around their vertical axes, and they 
should not show any significant differences. 

4. CONCLUSIONS 

These scaled experiments were used to prepare for the SITAR sea trials in 
September/October 2003 in the Stockholm Archipelago (Möja Söderfjärd). Their 
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preliminary interpretations had shown that Multiple-Aspect Scattering (MAS) 
measurements could reveal differences between targets. This guided the configuration of 
the imaging sonar (placed on a Remotely-Operated Vehicle) and the receiving hydrophone 
chain (placed on the seabed) (Fig. 1). In particular, the definition of the range of scattering 
angles at which most information could be gained was used to optimize the placement of 
the hydrophone chain and the trajectories of the ROV and imaging sonar around the 
targets of interest [4]. The use of scaled experiments, in a fully controlled environment, 
compared well with later sea trials and with another series of full-scale MAS experiments, 
conducted within the SITAR project in the GESMA facilities in Brest (France) [16]. 

These scaled experiments revealed the variations of scattering strengths with the 
scattering angle at which they are measured, and how these variations differ depending on 
the material of the target (aluminium vs. stainless steel, in this case) and the content of the 
target (hollow or solid). The influence of small-scale surface features on the targets (e.g. 
ribs) is also visible, at least in some orientations. From the variations with scattering angle, 
it is possible to deduce the orientation of the targets relative to the imaging sonar. By 
imaging the targets at very distinct geometries (end-on, diagonally and broadside-on), it is 
possible to distinguish unambiguously between targets, based on their material and on 
their content (solid or not). This has direct implications for the recognition of specific 
target types, in particular in the context of toxic waste surveys. By imaging a target, or 
cluster of targets, at lines of sight rotated by 45°, it is possible to encompass the end-on, 
diagonal and broadside-on aspects, or a representative mixture of these aspects. Current 
work [17, 18] aims at identifying a standard metrics to distinguish between target types, 
independent of their seabed background.  

In the context of buried waste imaging, the exact identification of a target’s material, or 
the exact identification of a target’s content, are not always necessary. But knowing 
whether a target is significantly different from the others, either because it is corroded or 
leaking or still full of toxic waste, or because its shape is significantly different, can have 
important implications, and the scaled experiments presented here show it is possible to 
identify these differences. Preliminary analyses (e.g. [17]) have looked at clusters of 
distinct targets, and showed it was possible to differentiate them from MAS measurements 
alone, over a range of scattering angles and at several bistatic angles. Current plans are to 
extend these analyses to other seabed types and to other target types, scaled versions of 
those investigated during the SITAR sea trials, and in general end-members of possible 
waste types (other materials, different fillings, slightly different shapes).  
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Abstract:    A geoacoustic inversion method called adaptive simplex simulated annealing 
(ASSA) [1] is used as part of a larger project to estimate the geoacoustic parameters of a 
coastal environment that includes a surficial sediment layer with a low compressional 
sound speed due to significant gas content.  The propagation model integrated to the 
inversion algorithm is a parabolic equation model developed by Thomson [2].  The 
method was tested here using simulated data to determine whether the thickness, 
compressional sound speed, and attenuation of the gassy sediment layer could be inverted.  
The source signature used for the inversion was composed of a 203-Hz tonal.  The 
received signature was recorded on a vertical line array of 11 hydrophones, located in a 
range-independent shallow water environment.  The seabed in the area of interest was 
modelled with three sediment layers over a basement, where the geoacoustic parameters 
of the two top sediment layers were estimated through inversion.  The results highlight the 
limitations of the technique in isolating the geoacoustic parameters that characterize the 
gassy sediment layer and will guide future inversions on measured data.  

Keywords: inversion, parabolic equation model, gassy sediment, geoacoustic parameters 
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1. INTRODUCTION  

In recent years, St. Margaret’s Bay, Nova Scotia, Canada, has become a common 
experimental site for Defence R&D Canada.  The bay is sheltered, with low maritime 
traffic, and is located in close proximity to the city of Halifax.  Now that more 
experiments are conducted in the area, there is a renewed interest in the geoacoustic 
characteristics of the region. 

An accurate description of the sediment profile in the central basin of this bay is made 
difficult by a strong acoustic reflector found between 2 and 4 m below the seafloor.  The 
presence of free gas in the surficial sediment layer has been proposed by Piper and Keen 
in 1974 [3] to explain this acoustic reflector.  However, very few have studied the 
characteristics of this particular region [3,4], and no measurements of the content and 
characteristics of the gas have been made to date.  Without this information, predictions of 
sound speed and attenuation in the sediment cannot be made using the Anderson and 
Hampton [5,6] or the Biot [7] theories.  An estimate of the acoustic characteristics of St. 
Margaret’s Bay’s central basin may be obtained with a geoacoustic inversion of measured 
acoustic fields. 

This paper presents preliminary work on the estimation of geoacoustic properties of St. 
Margaret’s Bay (central basin).  The intent of this work is to determine whether the gassy 
sediment has sufficient impact on the acoustic field to allow the evaluation of its 
geoacoustic properties through an inversion scheme.  In this analysis the Adaptive 
Simplex Simulated Annealing (ASSA) inversion technique (proven successful on a 
number of seabed models [1,8]), was used to minimize the mismatch between simulated 
and predicted acoustic fields.  These pressure fields were modelled by a 2D finite-
difference, regular Pade Parabolic Equation (PE) model, developed by Thomson [2].  

The second section of this paper presents an overview of the inversion algorithm and 
propagation model.  The following section explains the details of the simulations and 
outlines some of the geoacoustic particularities of gassy sediment.  Section 4 presents the 
results of this preliminary work, and Section 5 draws a short conclusion, outlining future 
work. 

2. METHOD 

2.1. The Adaptive Simplex Simulated Annealing (ASSA) algorithm 

ASSA is an adaptive geoacoustic inversion algorithm that combines a downhill simplex 
(DHS) method for local search with a Simulated Annealing (SA) method for global search 
of the parameter space [1].  While the DHS method is efficient in searching for a local 
minimum point, it is not the best method for searching a space with multiple minima.  If 
the initial simplexes are chosen near a secondary minimum, the solution may not lead to 
the parameters representing the overall minimum but only to a local minimum on the 
search space.  This is often the case when there are relationships between two or more 
search parameters.  

The SA method is a better alternative for global search.  However, because of its lack 
of memory, it may converge toward a minimum that is in fact higher than a minimum 
found and rejected at an earlier time when the temperature coefficient was still high.  By 
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combining the two methods, the ASSA algorithm is able to jump from one valley to 
another, using the SA method, and still investigates quickly the minimum of each valley 
using the DHS method.  The latter method also adds memory to the algorithm so that it 
remembers which valley has the lowest overall minimum.  

In the present algorithm, the energy function approximating the mismatch between the 
simulated and predicted complex pressure fields is based on the normalized Bartlett 
correlator, ( )fB m , given by  

2*

2 2

( )
( ) 1

( )
f f

f

f f

d w m
B m

d w m

⋅
= −  (1)

In Eq. 1, df is the acoustic pressure measured at the frequency f, by an array of 
hydrophones spaced vertically in the water column, and transmitted by a source at a 
number of different ranges from the array.  In the present case, these acoustic pressure 
fields are simulated using the same PE propagation model that is used by the inversion 
algorithm.  wf (m) is the predicted acoustic pressure at the frequency f, using the parameter 
set, m. This set includes the thickness, h, density, ρ, compressional sound speed, cp, and 
attenuation, αp, of the first and second sediment layers. The asterisk denotes the conjugate 
transpose.   

The energy function to be minimized by the inversion algorithm is the mean of the 
Bartlett correlator over all frequencies, as presented in Eq 2,  

1

1( ) ( )
nf

f
f

E m B m
nf =
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where nf is the number of frequencies, and E(m) is the energy function.  Only one 
frequency was used in the simulations presented here. 

2.2. The propagation model: PE04 

The propagation model used to simulate the acoustic pressure field is the 2D PE model 
referred to as PE04 [2].  It is based on a finite-difference, regular Pade algorithm, and can 
handle range-dependent environments, and elastic seabeds with shear waves.  To 
propagate the pressure field on a range/depth grid, PE04 uses a starting field that covers 
the entire depth at range zero.  The model then calculates the complex pressure value at all 
grid points, one range step forward, using the information from the previous range step 
only.  This enables the algorithm to calculate the pressure at all depth points in parallel, 
which accelerates the calculation process.  

3. SIMULATED ENVIRONMENT 
 
Since this analysis is part of a larger project on the evaluation of the geoacoustic 

properties of St Margaret’s Bay, the simulation cases presented in this paper are based on 
a real experiment conducted by Defence R&D Canada in May 2006.  In this experiment, 
an underwater source transmitting a low-frequency tone at 203 Hz was towed within 1000 
m of a receiving vertical line array (VLA).  This array was comprised of 11 hydrophones 
unevenly spaced in the lower two thirds of the water column.  Figure 1 shows the sound 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

143



 

speed profile in the water at the time of the experiment (black line).  The depth of each 
hydrophone, assuming no tilt on the VLA, is also shown on this figure by the blue circles, 
and the depth of the towed source by the red square. Sensor depths were determined from 
the pressure sensors attached to each hydrophone. 

 
Fig.1: Sound speed profile in the water at the time of the experiment (black line), depth 
of each hydrophone on the VLA (blue circles), and depth of the acoustic source (red 

square).   
 
The acoustic data set in this analysis is the simulated complex pressure field of a source 

located within 1000 m from the VLA, and recorded by 11 hydrophones located at the 
same depths as in the real experiment.  

The sediment profile in Table 1 is believed to be a good representation of the central 
basin; it is composed of three sediment layers and an acoustic half-space.  The sediment of 
the top layer is a gassy clay between 1 and 10 m thick.  It overlies a layer of Lahave clay, 
which is typical of many bays around Nova Scotia.  Under these layers is a layer of 
Emerald silt and a gravel basement.  Table 1 presents the parameters used to describe the 
simulated environment.  The parameters associated to the non-gassy layers in Table 1 
were reported by Ellis and Hughes [9], and are commonly used to describe the different 
types of sediment found on the Scotian Shelf.   

 
Sediment type h 

[m] 
ρ  

[g/cm3]
cp  

[m/s] 
αp  

[dB/λ] 
cs  

[m/s] 
αs  

[dB/λ] 
Gassy clay 1 - 10 1.15 1100 1.58 - - 
Lahave clay 15 1.5 1480 0.3 - - 
Emirald silt 20 1.6 1580 0.8 - - 
Half-space 
(Gravel) 

∞ 2.1 2000 1.0 800.0 1.6 

 
Table 1: Geoacoustic parameters of sediment layers representing the central basin of St. 

Margaret’s Bay, Nova Scotia. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

144



 

 
The theory of sound propagation in gassy sediment is complicated by the fact that the 

acoustic properties of the material vary with frequency and with the size of the gas 
bubbles.  In general terms, if the frequency of the propagated sound, f, is higher than the 
resonance frequency of the gas bubbles embedded in the sediment, fr, cp and αp will be 
slightly higher than for an equivalent non-gassy sediment water-saturated.  If f is 
approximately equal to fr, cp and αp will be much higher than found in the water-saturated 
sediment.  Finally, if f is much lower than fr, cp will be much lower than cp in water-
saturated sediment, but αp will still be high [5, 6].  This latter case applies to the present 
scenario where the propagated sound has a frequency of 203 Hz, and fr would typically be 
in the order of 10 kHz to 100 kHz in clay [5, 6]. 

The parameters chosen to represent the gassy sediment layer in St. Margaret’s Bay 
were estimated by referring to a visual comparison of predicted and measured 
transmission loss vs. range that was made at en earlier time [10].  This study led to the use 
of a cp of 1100 m/s in the simulated environment.  The analysis was also made for a cp of 
500 m/s, but the results are not presented here. 

4. RESULTS 

The present analysis is to determine whether the geoacoustic parameters of the surficial 
gassy layer and the underlaying clay can be accurately determined for various thicknesses 
of the gassy layer.  Figure 2 presents the estimated values of thickness, density, 
compressional sound speed, and attenuation for the two top layers vs. thickness of the 
gassy sediment layer, hg.  The blue squares represent the estimated values for the top 
sediment layer, i.e. the gassy sediment layer; the solid red line indicates the specified 
parameter value.  The blue circles represent the estimated value of the parameters of the 
second sediment layer, i.e. the layer just below the gassy sediment, while the red dotted 
line indicates the actual value of the parameter.   

The estimates of h, ρ and cp for the gassy sediment layer are reliable for most values of 
hg.  The attenuation, however, is a more difficult parameter to define since its effect on the 
complex pressure field is not as pronounced, and the error is larger for this parameter.  It is 
noted that the results for the gassy layer have a larger error for the 5-m thickness.  The 
energy level corresponding to the evaluated parameters set at hg = 5 m is higher than for 
other thicknesses. It is believed that a secondary global minimum was found by the 
algorithm for this particular thickness.  This may become a problem when the inversion is 
done on real data, when the data/model differences will be de facto larger. 

The results show that the accuracy in the second sediment layer depends largely on the 
thickness of the gassy sediment above.  This was expected considering the 5.5-m 
wavelength at 203 Hz.  As hg increases, there is less energy penetration in the clay sub-
layer and the estimation of parameters becomes more difficult.  In fact, the algorithm 
characterizes the second layer with a lower impedance, and compensates by largely 
increasing the attenuation in this layer.  

An interesting point is that a very thin layer of gassy sediment, i.e. less than 2 m, also 
seems to show larger errors in the estimates for the properties of the clay layer underneath. 
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Fig.2: Estimates of a) thickness, b) density, c) compressional sound speed, and d) 

attenuation for the first (solid lines) and second (dotted lines) sediment layer for different 
thickness of gassy clay.   

5. CONCLUSION 

These promising results indicate that it should be possible to evaluate the geoacoustic 
properties of the gassy layer in St. Margaret’s Bay, where it is expected to find less than 5 
m of gassy sediment at the surface of the seafloor, particularly for h, ρ and cp which 
showed consistently low errors.  Since there is a possibility of very high level of 
attenuation in the gassy sediment layer in St. Margaret’s Bay, future work will involve 
looking at the influence of attenuation levels of order 10 dB/λ on the evaluation of first 
two layer’s properties.  

An acoustic field recorded in situ will then be used to evaluate the real properties of the 
gassy sediment of the central basin of St. Margaret’s Bay.  Interpretation of the field 
results will be based on the insights gained from the simulations presented here.  
Depending on the thickness of the gassy sediment it may be difficult to determine the 
properties of the sub-layers.  However, if a good evaluation of the top sediment layers can 
be made, it may be possible to go further and make an estimate of the gas concentration in 
the sediment. 
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Abstract: Signals from an air-gun array, employed for a seismic geological survey over the 
continental slope off the Southwest Australian coast, were received at the hydroacoustic 
station deployed off Cape Leeuwin as part of the International Monitoring System of the 
Comprehensive Nuclear-Test-Ban Treaty. The signals received from the air-gun shots along 
the transect from 18 km to 150 km from the receive station were used to study the 
transmission loss (TL) and signal arrival structure and to estimate the seafloor properties 
through TL analysis and geoacoustic inversion. The amplitudes of later arrivals along 
steeper rays revealed substantial dependence on the bottom reflection angle, which resulted 
in a rapid increase of arrival intensity with range at certain distances. This effect was used to 
estimate the bottom reflection coefficient around the critical angle. For numerical prediction 
of the received signal waveform, the signal from the air-gun array was simulated using a 
numerical model of a single gun and the known array configuration. An adiabatic-mode 
approximation for a directional source was then used to predict the received signals in the 
frequency band from 10 Hz to 100 Hz. A simple fluid model of the sediment with a linear 
gradient of the sound speed was used for geoacoustic inversion. The mean square difference 
between measured and numerically predicted energy of the later bottom-interacting signal 
arrivals at different ranges was chosen as a cost function to minimize in order to derive 
parameters of the geoacoustic model. The propagation model based on the geoacoustic 
parameters obtained from inversion successfully predicts the transmission loss and even the 
signal waveform at distances up to 30 km, beyond which effects of scattering disturb the 
signal arrival structure and considerably reduce the peak amplitudes. 

Keywords: air-gun signal, geoacoustic inversion, transmission loss 
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1. EXPERIMENTAL DESCRIPTION AND ENVIRONMENTAL CONDITIONS 

In October and November 2004, a seismic geological survey was carried out off the 
southwest coast of Australia for Geoscience Australia.  The survey included several transects 
across the continental shelf and slope made with an 18m by 20m planar transmit array 
consisting of forty airguns and towed at a depth of 8 m. One of the transects started at about 
18 km from the HA01 underwater listening station installed approximately 110 km southwest 
of Cape Leeuwin as part of the International Monitoring System of the Comprehensive 
Nuclear-Test-Ban Treaty, and lay nearly along the course to the north from HA01 to a 
distance of 150 km. The receive station is an array of three individual hydrophones moored 
on the seafloor at about 2 km from each other and suspended at a depth of 1100 m, i.e. near 
the SOFAR channel axis. The frequency band of the receivers is 120 Hz. Nearly 3400 airgun 
signals transmitted along this seismic transect and received on the HA01 hydrophones were 
used to study the transmission loss and to carry out geoacoustic inversion in order to 
reconstruct acoustic properties of the seafloor. 

For numerical modelling of acoustic propagation, the acoustic signal from the air-gun 
array was simulated using a modified version of an airgun bubble model developed by 
Johnson [1] for a single gun, and then the signals from individual airguns were summed with 
delays appropriate for the geometry of the array to model the azimuth and elevation 
dependence of the signal waveform and spectrum in the far field. Modification of Johnson’s 
model was needed to make characteristics of the modelled signals consistent with the signals 
observed near the array. In particular, the damping factor was increased by a factor of five in 
order to get a decay rate of the bubble oscillation consistent with the measured signals. For 
the guns fitted with waveshape kits, the damping factor was increased by a further factor of 
three and the peak pressure was reduced by a factor of 0.57. The individual airguns were of 
various types (Bolt 1500LL and 1900LLXT) and sizes, which was taken into account when 
modelling the array directivity. Finally, the amplitude of all airgun signals was multiplied by 
a constant coefficient in order to match the total energy of modelled array signals for an 
elevation of 90o (vertically downwards) with the energy of a sample signal recorded in that 
direction. The left panel of Fig.1 demonstrates that the model was capable of accurately 
simulating the signal waveform, except for minor details in the bubble pulsation tail. The 
spectra of signals modelled for different elevation angles (right panel) are similar at low 
frequencies up to 30 Hz, but then diverge with frequency so that the signal level at 100 Hz 
depends significantly on the elevation angle.  
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Fig.1: a – waveform of the airgun signal measured directly below the array (solid) and the 
modelled waveform accounting for surface reflection; b –modelled spectra of the signals 
emitted by the airgun array in the aft direction and tree elevation angles: 00 - vertically 

downwards (dotted,), 450 (dashed), and 900 – horizontally (solid). 
The seafloor relief along the acoustic propagation path was modelled using Geoscience 

Australia bathymetry database [2]. Sea depth increases from about 1600 m at the receiver to 
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1150 m at distances between 40 and 50 km after which it drops down to roughly 1700 m at 
90 km and then remains nearly the same to the end of the transect. According to sparse 
geological probes made of Cape Leeuwin, the top sediment layer in this region consists 
primarily of sand (~80%) with some intrusions of mud (~20%). The sound speed profile 
measured near the receive station in November is shown in the left panel of Fig.2.      
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Fig.2: a – typical sound speed profile over the continental slope off Cape Leeuwin in late 

spring; b - four groups of shallow-angle rays including those from the ghost source shown by 
dashed lines; c - instant intensity level of signals versus range and time. Time is compensated 

for the travel time at a constant velocity of 1480 m/s to the corresponding distance.  

2. RECONSTRUCTION OF THE BOTTOM REFLECTION COEFFICIENT BASED 
ON ATTENUATION ALONG INDIVIDUAL GROUPS OF RAY  

According to the ray model, there could not be direct rays from the airgun array to the 
receiver at ranges greater than approximately 10 km, which is a result of downward refraction 
of the rays launched at shallow angles. The first arrival that can be observed at the receiver 
corresponds to a pair of the least steep rays reflected once from the bottom, which are shown 
by the blue lines in the middle panel of Fig.2, where the solid line is the downward lunched 
ray and the dashed one is the upward lunched, surface reflected (or ghost) ray. The next 
signal arrival corresponds to a pair of rays that also undergo one reflection from the seafloor 
but are launched at slightly steeper angles. These two groups of rays have a focusing factor 
considerably smaller than unity that decreases further with range, which results in their rapid 
attenuation. Another factor that increases attenuation of those ray groups is interference with 
the ghost rays, which becomes more destructive with range.  The groups of steeper rays have 
a focusing factor of nearly unity, and much weaker interference with the ghost rays. 
Therefore signal attenuation along those rays is primarily due to spherical spreading and 
bottom interaction losses.  

The arrival structure of the signals received on the HA01 hydrophones is clearly seen in 
the right panel of Fig.2.  Pairs of ray groups that experience the same number of bottom 
reflections can be distinguished and easily separated in the arrival pattern at distances less 
than 30 km. The arrival pattern also clearly shows that the amplitude of the signals 
propagated along the steep rays (groups 9 and higher) rapidly increases with range at certain 
distances, with these distances being different for different ray groups. This effect was 
attributed to the angular dependence of bottom reflection and, in particular, transition across 
the critical angle with the range increase. Based on such an assumption, the bottom reflection 
coefficient was estimated using attenuation along the steep rays (groups 8 – 12). The 
transmission losses were calculated for each selected group for the signals received at 
distances less than 30 km, after which the results were compensated for the spherical 
spreading loss (Fig.3, left panel). Because of variable sea depth, multiple bottom reflections 
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of each individual ray group occurred at slightly different angles at any particular distance 
between the source and receiver. To simplify further analysis, we calculated the bounce-
average angle for each ray group and distance and assumed that the bottom interaction losses 
corresponded to reflection at that angle. Based on such an assumption and the known number 
of bottom bounces for each group, the reflection losses were calculated for the bounce-
average reflection angles that corresponded to different groups and different ranges. The 
colour-coded lines in the right panel of Fig.3 show the reflection coefficient derived from the 
transmission loss of individual ray groups. The dashed line shows the result of averaging 
within a 1-degree bin for all groups. According to these results, the critical angle of bottom 
reflection lies within 320 – 340, which corresponds to the sound speed in the sediment from 
approximately 1750 m/s to 1800 m/s.            
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Fig.3: a - transmission losses of the signal arrivals along individual groups of steep rays 

compensated for spherical spreading; b – bottom reflection coefficient estimated around the 
critical angle using attenuation along different ray groups: the colour-coded lines show the 

estimates for different ray groups and the dashed line is the result of averaging.   

3. GEOACOUSTIC INVERSION USING BROADBAND TRANSMISSION LOSS  

A simulated annealing algorithm for optimised minimisation of a cost function [3] was 
used in the geoacoustic inversion scheme. The least-mean-square error of numerical 
prediction of the signal energy at different ranges from the source was chosen as the cost 
function for minimisation. The amplitude of the earlier arrivals associated with the 
shallow-angle rays is much less sensitive to the seafloor acoustic characteristics, and hence 
only the later arrivals comprising arrival groups higher than 6 were selected to calculate the 
signal energy in both received and modelled signals. Because individual arrivals cannot be 
fully separated at ranges larger than 30 km, five distances, 18.9, 21.0, 22.8, 25.0, and 26.8 km 
were chosen to build the cost function. A simple and commonly used acoustic model of the 
seafloor accepted for geoacoustic inversion consisted of a thick fluid sediment layer that can 
be described by four parameters: density, sound speed at the sediment-water interface, 
constant gradient of the sound speed in the sediment, and depth-independent attenuation of 
compressional waves in the sediment. The layer thickness was assumed to be large enough to 
neglect the acoustic reflection from the basement half-space.  

In the inversion scheme, the acoustic signals at the selected ranges were numerically 
simulated in the frequency band from 10 Hz to 100 Hz using the adiabatic-mode 
approximation for a directional source. The signal waveform was derived through inverse 
Fourier transform from the modelled transfer function of the acoustic transmission channel 
and the modelled source signal. The inversion algorithm converged steadily to a relatively 
narrow solution region in the parameter space, in which the algorithm found two solutions 
almost equivalent with respect to minimization of the cost function (Fig.4).  These two 
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solution vectors differ a little in the sound speed (1837 vs. 1807 m/s), density (1950 vs. 2080 
kg/m3), and attenuation (0.13 vs. 0.15 dB/kmHz), but noticeably diverge in the sound speed 
gradient (1.0 vs. 1.3 s-1).  The obtained numbers are consistent with the historical data for 
medium and coarse sand, although the attenuation coefficient is somewhat overestimated. 
Both estimates of the sound speed in the sediment derived from geoacoustic inversion are 
somewhat higher than those obtained from the estimates of the critical angle. A possible 
cause of such a discrepancy could be an angular bias in the estimates of reflection coefficient 
based on the bounce-averaged reflection angle in a range dependent acoustic waveguide.   
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Fig.4: Scatter plots of the cost function versus variations of four geoacoustic parameters to 

be estimated through geoacoustic inversion. 

The first solution was used to numerically model the transmission loss and the signal 
energy level along the entire acoustic path and compare the modelling results with the 
experimental data in different frequency bands (Fig.5). The agreement between the measured 
signal energy and the numerical prediction for the geoacoustic parameters derived from 
inversion is good in the broad frequency band and at low and moderate frequencies at 
distances up to about 80 km. At larger distances, the modelled signal level is generally 
overestimated, which is likely due to inadequate modelling of the environmental conditions 
over the deeper section of the acoustic path. At higher frequencies of 80 – 100 Hz, the 
predicted signal level is slightly underestimated along the initial 80-km section, which is 
probably a result of inaccurate modelling of transmission loss due to acoustic scattering by 
surface waves.   

 

0 50 100 0 
5 

10 
15 
20 
25 
30 

Range, km 

measured 
modelled 

0 50 100- 10

- 5
0 
5 

10

15

20

Range, km

B: 20 - 25 Hz

0 50 100 150-20

-15

-10

-5

0

5

10

Range, km 

C: 8 0  - 100 HzA: 1 0  - 100 Hz 

0 50 100 0 
5 

10 
15 
20 
25 
30 

Range, km 

Si
gn

al
 e

ne
rg

y 
le

ve
l, 

dB
 re

 1
μP

a2 ×s
 

measured 
modelled 

0 50 100- 10

- 5
0 
5 

10

15

20

Range, km

B: 20 - 25 Hz

0 50 100 -20

-15

-10

-5

0

5

10

Range, km 

C: 8 0  - 100 HzA: 1 0  - 100 Hz 

 Fig.5: Signal energy level measured (solid) and modelled  (dashed) in different frequency 
bands. The model is based on the geoacoustic parameters derived from inversion. 

Figure 6 gives a comparison of the signal waveform (instantaneous amplitude) observed at 
the HA01 receiver at four different distances from the airgun array with those modelled for 
the same distances. The agreement between the modelled and measured signals is nearly ideal 
at short distances, including the peak amplitude of individual arrivals. At larger distances, the 
arrival structure of the measured signals becomes much less definite and the peak amplitude 
is noticeably lower than that predicted by the model.      
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Fig.6: Measured (top panels) and numerically modelled (bottom panels) waveforms of 

airgun signals at four different distances: a – 19 km; b – 30 km; c – 44.5 km; c – 78 km. 

4. CONCLUSIONS 

An arrival analysis of the airgun signals received at different ranges from the source and 
geoacoustic inversion for the transmission loss of the later arrivals allowed us to build a 
simple acoustic model of the seafloor which was capable of predicting with a reasonable 
accuracy the transmission losses of signal energy in the frequency band of 10 - 100 Hz at 
ranges from 18 km to 150 km. Although the inversion algorithm found two solutions almost 
equivalent with respect to minimizing the cost function, three of the four sought parameters - 
sound speed, density and attenuation - had comparable values, which were consistent with the 
available sedimentary data. The solution for the sound speed gradient did not satisfactorily 
converge, which was due to the fact that the bottom reflection coefficient and hence the 
transmission loss are weakly depending on this geoacoustic parameter. In spite of accurate 
predictions of the energy transmission loss in different frequency bands, the adiabatic-mode 
approximation was not capable of predicting true peak levels of the signals received at 
distance larger than 40 km, where the arrival structure of observed signals exhibited extensive 
dispersion most likely due to scattering by seafloor macro-roughness.     
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Abstract: The performance of a sonar system operating in shallow water is closely linked 
to the properties of the seabed.  At the same time the sensitivity of the acoustic signal (or 
background) to sediment properties gives an acoustic sensor the potential to measure 
precisely those properties that are needed to estimate sonar performance.  Of particular 
interest in this context is reverberation from low frequency active sonar (LFAS), because 
of its wide area potential, and the single beam echo sounder, because of its almost 
universal availability.  The potential of these two instruments to provide the necessary 
data for the purpose of LFAS performance prediction is explored.  Particular emphasis is 
placed on exploiting their complementary nature.  Relevant questions include: The echo 
sounder measures properties of the uppermost few centimetres of sediment.  How can this 
be made relevant to LFAS, which is sensitive to properties on a depth scale of metres 
rather than centimetres? The echo sounder measures properties directly beneath the ship, 
and at normal incidence.  How can this information be used when the LFAS attention is 
focussed on sound travelling several kilometres, at angles close to grazing incidence? The 
information content of signals from the two sensors is discussed, with a view to answering 
these and related questions.  

Keywords: geoacoustic inversion, seabed classification, echo sounder, towed array, low 
frequency reverberation 
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1. INTRODUCTION  

The performance of low frequency active sonar (LFAS) in shallow water is strongly 
influenced by the presence and acoustical properties of the seabed.  Thus, in order to 
predict or optimise the performance of LFAS it is necessary to understand how the seabed 
affects the reflected and scattered sound.  A method that is growing in popularity is to use 
the properties of the reverberation from the sonar itself to measure the relevant seabed 
properties.  The purpose of this article is to explain how data from a simple (single beam) 
echo sounder can be used as the first part of a chain that culminates in the mapping of 
larger areas using the LFAS. 

Because the echo sounder is looking vertically downwards, its footprint, and therefore 
its seafloor coverage rate, is low.  However, for the same reason, the echo properties are 
simple to interpret because it is known exactly where it is pointing.  In other words, it is 
measuring properties immediately beneath the platform. 

By contrast, an LFAS sonar points horizontally and covers a much larger area.  While 
this promises a high swath range and coverage rate, it is sometimes not clear how to 
interpret a given part of the echo because it is not known what path the sound has 
travelled. 

In Sec. 2 we describe the information available from the two sensors separately, 
including different modes of operation of the LFAS.  For low frequency reverberation we 
have in mind a frequency range of, say, 500 Hz to 5 kHz, whereas typical frequencies for 
the echo sounder would be in the range 10 to 200 kHz.  The combination of data from 
more than one sensor is then considered in Sec. 3, the objective being to build a set of 
parameters that suffice to describe the seabed for the purpose of LFAS performance 
prediction.  The points are illustrated using examples from the RUMBLE project, the 
objective of which was to measure seabed properties from LFAS reverberation [1].  Our 
partners in the RUMBLE project were Thales Underwater Systems (TUS), Kongsberg 
Defence & Aerospace (KDA) and the Norwegian defence research organisation FFI. 

2. OBSERVABLE PARAMETERS FROM INDIVIDUAL SENSORS 

2.1. echo sounder 

The universally available echo sounder probes the seafloor at normal incidence, 
directly below the ship. Among the observables are the amplitude of the reflected sounder 
pulse, the integrated echo energy, plus a variety of echo shape parameters such as the time 
spread, skewness, or even fractal dimensions. Model-based bottom classification 
techniques characterise the seabed by translating the observables into geological quantities 
via a physical model. A recent example [2] of such a technique inverts measured echo 
energies for the sediment mean grain size (defined in [3]). The approach recognises the 
presence of a transition layer between the water and the bulk sediment, in the form of an 
impedance gradient within the top few centimetres of the sediment. This gradient causes 
the reflection coefficient to be frequency dependent. The method further relies on two 
assumptions. Firstly, that the grain size does not change with depth in the top sediment 
layer. Secondly, that the thickness of the transition layer can be estimated from knowledge 
of the grain size alone. An empirical relationship, based on literature findings, is derived 
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for the layer thickness as a function of mean grain size. The method also uses existing 
empirical relationships between grain size and sediment sound speed and density, as well 
as an analytical computation of the reflection coefficient in the presence of a transition 
layer. The overall algorithm delivers a sediment grain size that is essentially independent 
of the used sounder frequency. Since most echo sounders are uncalibrated, ground truth in 
the form of grab sample grain size is still required. After calibration with the help of a few 
bottom grabs, mean grain size maps can be produced for large areas.  

Fig 1 illustrates the above description with a mean grain size map produced on the 
assumption of an impedance step change, and a second map that takes the impedance 
gradient into account. Markers give the grain size for bottom grabs collected during the 
survey. The overall agreement is much better when the gradient is taken into account. The 
scatter plots in Fig. 2 compare the acoustic and ground truth mean grain size for a 
combined data set originating from various surveys in different areas, at sounder 
frequencies between 12 and 200 kHz. Again, the overall agreement is considerably better 
for the gradient method. 

 

 

Fig. 1: Grain size map in phi units as measured by a 38 kHz echosounder.  Left: 
impedance step model (S); Right: impedance gradient model (G). Reproduced from [2]. 

 

2.2. LFAS direct scatter 

For LFAS reverberation it is useful to make a distinction between a short range direct 
scatter region (up to about 2 km in Fig. 3 ) and long range multipath, involving paths with 
one or more specular reflections from the seabed (beyond 2 km).  The information content 
is different and the modelling requirement is also different.  For the direct scatter case, the 
geometry is strongly bistatic, and the sound source is in the near field of the array, whereas 
the multipath propagation is well represented using a monostatic geometry and a far-field 
beam pattern. 
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Fig. 2: Acoustically determined grain size vs ground truth from grab sample analysis. 
Left: step model (S); Right: gradient model (G). ‘Stavanger’ data are from Fig. 1. 

Reproduced from [2]. 
 
The direct scatter geometry is illustrated by Fig. 4.  Direct blast and surface reflected 

paths are labelled D and S.  The first bottom path is B, followed by SB, BS and SBS.  
Measured and predicted reverberation for this geometry are shown in Fig. 5.  In both cases 
the reverberation envelope is plotted vs arrival time and elevation angle for a short CW 
pulse of duration 10 ms and centre frequency 1.5 kHz. 

The processing leading to Fig. 5 is a matched filter followed by a triplet array 
beamformer configured to discriminate between upward and downward travelling paths.  
Inputs to the reverberation model include the scattering coefficient S as a function of the 
incident and scattered ray elevation angles θ and φ, so in principle the magnitude of S can 
be inferred by selecting a good match with the measurement. This procedure amounts to a 
measurement of S(θ,φ), from which it is possible to infer the Lambert parameter μ and 
RMS facet slope σ . See Ref. [4] for details. 

 

 
Fig. 3: Left: ray trace for LFAS reverberation (right: sound speed profile).  

Reproduced from [5]. 
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Fig. 4: LFAS geometry (direct scatter). 

 
 

 
 

Fig. 5: Beamformed reverberation 10 ms CW. Left: modelled; right: measured 
(Reproduced from [4].) 

2.3. LFAS multipath 

With a slightly longer pulse one can obtain reverberation returns from a greater 
distance.  The important point is that this distance should be far enough to ensure that the 
main reverberation paths suffer one or more reflections from the seabed.  In addition to the 
scattering strength, LFAS reverberation also contains information about the reflection 
properties of the seabed.  Fig. 6 shows measurements (left) and predictions (right) of 
reverberation vs time for a CW pulse of duration 100 ms.  The same array is used as in 
Sec. 2.2, this time using the hydrophone triplets to achieve port-starboard discrimination 
instead of up-down.  Notice the peak after a delay of 3 s, present in both measured and 
modelled data, and attributed to the caustic visible in the ray trace (Fig. 3) at a range of 2 
km.  The predictions, made using S-SCARAB [6], are for two different sediments 
representing silt (red) and clay (blue).  The measurement is between these two cases.  A 
suitable forward model can be used together with a global search algorithm to identify a 
combination of geoacoustic parameters that provide a good match with the measurement.  
The sound speed profile is known, so the main unknowns are Lambert’s parameter μ, the 
sediment density ρ, sound speed (or critical angle θc) and attenuation coefficient α.  
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Fig. 6: multipath reverberation vs time left: measurement; right: model (S-SCARAB). 
 
It is convenient to characterise the scattering coefficient as S = μ sinq θ sinq φ.  With 

this parametrisation it turns out that (for isovelocity water) the parameter μ θc
2q+2 can be 

measured from short range multi-path (MP) reverberation [7].  The value of the exponent 
q can be inferred from the gradient (decay rate) of long range MP reverberation, and μ / 
ηq+1 from its level, where η is a measure of seabed reflection loss close to grazing 
incidence, itself a function of ρ, α and θc [7].  A special case for Lambert scattering is q = 
1 [8], for which the observables are q,  μ θc

4  and  μ / η².   In summary, the parameters 
describing the reflection properties of the seabed (η and θc) can be measured in 
combination with, but not separately from, the scattering properties (μ). 

3. OBSERVABLE PARAMETERS FROM COMBINED SENSORS 

Any one of the methods described in Sec. 2 above can be used on its own.  In particular 
the echo sounder data can be interpreted independently of the LFAS sonar and vice-versa.  
But the point we wish to make is that if data from both systems are available, their value 
can be enhanced by combining them.  One obvious method is to compare the 
measurements for consistency, but a more sophisticated approach can be beneficial. 

If the sounder is used to measure echo energy, the main observable is the characteristic 
impedance of the seabed.  Knowledge of the impedance provides a valuable input to the 
reverberation inversion, whether for direct scatter (an estimate of the reflection coefficient 
is needed in order to constrain the shape of the scattering coefficient to physically realistic 
values) or for multipath (knowledge of the sediment impedance amounts to prior 
knowledge of the critical angle, which can be used to break the ambiguity between the 
observable parameters). 

A possible objection to the use of the echo sounder data in this way arises from the 
higher operating frequencies of these compared with LFAS.  Because of this high 
frequency, the measured impedance corresponds to the top few centimetres of sediment, 
which would not be the same as the impedance at a depth more relevant to LFAS of a few 
metres. For this reason the echo sounder data need first to be converted to grain size, as 
described in Ref. [2].  If it is assumed that the grain size does not vary with depth in the 
top metre or so, its value can be used to infer a value for the sediment impedance that is 
indeed relevant to LFAS. 
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Another objection is that any parameters measured by the echo sounder are inevitably 
local values that may not be representative of more distant sediments to which the 
reverberation is sensitive.  This is certainly true, and should be taken into account for the 
analysis of long range reverberation.  One way of doing so would be to use the echo 
sounder data as a seed (initial value) in a marching method that probes the environment to 
successively increasing ranges. 

4. CONCLUDING REMARKS 

We conclude with a list of possible extensions to the ideas presented above.  These 
include: 

• use of a broadband or multi-frequency echo sounder to measure an impedance 
profile; 

• use of a multi-beam echo sounder to increase the coverage compared with that 
of a single beam system; 

• use of multiple crossing LFAS beams to create a sharper 2D image of the 
surrounding seabed; 

• use of broadband or multi-frequency LFAS to help resolve the ambiguity 
present in single frequency data; 

• use of broadband LFAS sweeps to extend the swath range; 
• continuous monitoring of ambient noise (including, but not limited to, the towed 

array) to extract information not just about the source of noise but about the 
seabed. 
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 GEOACOUSTIC INVERSION IN THE SW06 SHALLOW WATER 
EXPERIMENTS 
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Abstract: In August 2006 a multi-component experiment in acoustical oceanography was 
carried out on the New Jersey continental shelf to investigate geoacoustic inversion in a 
range-dependent shallow water environment.  A special interest in the experiment was to 
investigate the impact of range dependence due to inhomogeneities in the water column.  
The experimental site was instrumented with multiple oceanographic sensing systems to 
provide spatial and temporal ground truth of the ocean environment throughout the 
experiments.  The acoustic experiments used multiple vertical and bottom-moored 
horizontal arrays and sound sources operating over a broad frequency band from 50 Hz 
to 20 kHz.  This paper describes one of the experiments that were designed for 
geoacoustic inversion at low frequencies, < 1000 Hz, and discusses preliminary results 
from data obtained along a radial track from one of the 16-element vertical line arrays.  
The track was surveyed with a chirp sonar to establish bathymetric and sub-bottom 
ground truth.  Continuous wave tones were recorded at ranges of 1, 3, and 5 km where the 
source ship held station for around 20 minutes.  Matched field inversion was applied at 
each of the sites.  The effects of unknown range dependence in the water column sound 
speed profile were taken into account by estimating the sound speed profile in the water 
column in terms of EOFs. The inversions indicated that the experimental geometry was 
sensitive to the geoacoustic model parameters within ~20 m of the sea floor.  The 
estimated profile of the sediment sound speed was consistent with reliable ground truth 
data. 

Keywords: geoacoustic model, matched field inversion, vertical array, marine sediment, 
shelf break, low frequency, ocean bottom interaction. 
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1. INTRODUCTION 

In the summer of 2006, the Office of Naval Research sponsored a multi–component 
experiment (SW06) designed to study the effect of volume inhomogeneities in the water 
column on sound propagation in a continental shelf shallow water environment.  The 
proximity of the shelf break introduced significant spatial and temporal changes in the 
water sound speed due to internal waves, local eddies and the shelf break front.  Acoustic 
and physical oceanographic experiments were carried out simultaneously, to capture the 
oceanographic conditions and evaluate the impact of the spatial and temporal variations in 
the water column on the sound propagation.   

A complementary objective in the experiment was to determine geoacoustic models for 
describing the interaction of sound with the ocean bottom.  This is a fundamental 
requirement for predicting sound propagation in shallow water, since the propagation is 
strongly bottom limited.  This paper describes some of the experiments that were designed 
to obtain data for geoacoustic inversion.  Over the duration of the SW06 experiment, 
several different investigators carried out independent experiments to characterize the 
bottom at common sites, and high quality data were obtained over a very broad band of 
frequencies from ~50 Hz to 20 kHz.  Here we concentrate on the low frequency band from 
50 Hz to 1 kHz, and describe experiments using bottom moored vertical line arrays and 
continuous wave (CW) sound sources. 

The setting for the experiments was a site of central interest where extensive ground 
truth measurements were made using in situ probes to characterize the sea bottom 
sediment material, and a dense grid of high resolution chirp profiles was surveyed to 
reveal the shallow sub–bottom structure.  These data were used to constrain the 
parameterization of the geoacoustic model for the site.   

The inversion method that was applied to estimate the geoacoustic model parameters 
was based on matched field processing of the array data.  A significant new feature of this 
experiment was the additional objective to investigate the effect of the spatially and 
temporally varying conditions in the water column on the performance of the geoacoustic 
inversion method. 

The remainder of the paper is organized as follows.  The experiment and environmental 
conditions are described in the next section.  Following this, the inversion method is 
presented.  The inversion results are described in the last section. 

2. LOW FREQUENCY GEOACOUSTIC EXPERIMENTS 

The data used in this paper were recorded on a bottom-moored vertical line array 
deployed near the shelf break from the research vessel R.V. KNORR in about 79 m water 
depth.  This location (Fig. 1) was also the site of high frequency acoustic measurements 
(2–20 kHz) that were done prior to the low frequency experiments (D.J. Tang and P. Dahl, 
personal communications).  The vertical array was one of four array systems that were 
deployed in the low frequency bottom interaction and geoacoustic inversion experiments.   

The vertical array consisted of 16 hydrophones equally spaced at 3.75 m, with the 
bottom-most sensor 8.2 m above the sea floor [1].  The sampling rate at each sensor was 
2000 samples/s, and the data were stored on a hard drive in an underwater pressure case at 
the base of the array.  The system data storage capacity limited the array deployment to 
about three days.  Array depth was monitored by a pressure sensor that was located 0.5 m 
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above the top-most hydrophone.  Tilt and compass direction were also monitored at the 
same location on the array. 
 

 
 

Fig. 1.  Location of the experiments (VLA1) on the New Jersey Shelf. 
 
A J–15 sound projector was used to generate low frequency signals in one of two 

modes: a set of CW tones, either four tones from 53 to 253 Hz, or five tones from 303 to 
953 Hz; or an LFM sweep from 100–900 Hz.   The projector was towed from the R.V. 
KNORR on a track that passed through the deployed array locations, and the track was 
repeated for each type of sound source waveform.  This paper focuses on a single radial 
track from the vertical array out to ~8 km along one of the chirp survey lines.  The source 
ship stopped at stations of 1, 3, 5 and 7 km and transmitted the CW tone sequences for 
about five minutes, using a source depth of 30 m.  The ship maintained position at each 
site using a dynamic positioning system.  The water depth was range independent out to 
about 3 km, and gradually increased to about 83 m over the remainder of the track. 

Sound speed profiles in the water were measured at each station using a CTD.  The 
variation in the profile was significant over relatively short time scales and distances, due 
to the proximity of the shelf break.  The variation in the profiles is shown in Fig. 2 for the 
measurements made during the experiment.   

A high resolution sub-bottom survey was carried out prior to the experiment using a 
chirp sonar (2–12 kHz) in a 1.5 x 1.0 km grid about the vertical array site (A. Turgut, 
personal communication).  A longer line was also surveyed to define the sub-bottom 
profile along the radial track from the array.  The chirp data revealed well-resolved 
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structure down to about 30 m, most prominently showing the ‘R’ reflector at about 20 m.  
This interface, which is pervasive in the region, was overlain with alternating layers of 
sand and mud.  In situ sediment probes were also deployed at selected sites (D.J. Tang and 
A. Turgut, personal communications).  The preliminary analysis of these data indicated a 
sound speed value of around 1620 m/s for the sea floor sediments near the vertical array.  
However, the sea floor sediment type varied significantly over the region, most notably at 
10-20 km sand ridges roughly parallel to the shelf break.  

3. INVERSION METHOD 

The inversion method used in this work was the adaptive simplex simulating annealing 
algorithm [2].  This is an optimization algorithm for efficient navigation of the model 
parameter space.  The inversions reported in this paper were carried out using 2 s samples 
of the CW tonal data that were transmitted at the 1–km range station point along the 
experimental track.  The results of 95 independent inversions were combined to generate 
histograms of the estimated parameter values.  This approach provided parameter value 
estimates and a qualitative measure of the model parameter sensitivity. 

The cost function, E(m), compared modelled and measured fields at selected CW 
tones, and combined the results for each frequency incoherently using a geometric average 
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 is the 
measured data at frequency f .  F  is the number of frequencies used in the inversion. 
Seven frequencies from the two sequences, i.e. 53, 103, 203, 253, 303, 403 and 503 Hz, 
were used in the inversions.  

The modelled fields were calculated using the normal mode propagation model ORCA 
[3], assuming that the ocean depth was independent of range.  This is a good assumption 
for the water depth, but not for the sound speed profile in the water.  To account for 
unknown range dependence in the water sound speed, the inversion estimated an effective 
sound speed profile by inverting for the coefficients of empirical orthogonal functions 
(EOFs).  The measured sound speed profiles shown in Fig. 2 were used to determine the 
basis functions. 

The geoacoustic model consisted of a sediment layer over a half space, as shown in 
Fig. 3.  The sediment was modelled as an inhomogeneous sound speed layer, with 
constant density and attenuation.  In addition, geometric parameters of the experimental 
configuration were also estimated.  These included the range, sound depth, array depth (of 
the bottom-most hydrophone), array tilt and compass direction and the water depth. 
Although the values of these parameters were known from independent measurements, the 
geometric parameters were included in the inversions as a consistency check for the 
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geoacoustic inversion.  Accurate estimates of the geometric parameters provided a 
qualitative measure of the inversion performance.  
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Fig. 2.  Sound speed profiles measured at the experimental stations along the track. 
 
 

 
 
 

Fig. 3.  Geoacoustic model for the site.  A total of seventeen parameters were inverted, 
seven geoacoustic, four EOFs and six geometric. 
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4. INVERSION RESULTS 

Sea state conditions during the data recording period affected the array performance.  A 
steady wind speed of 10–11 m/s from the south developed seas of 2–3 m wave height, and 
the surface wave action on the sub-surface array flotation caused excessively high noise 
levels on the top four hydrophones.  The inversion was limited to data only from the lower 
twelve array elements. 

The inversion used information from seven of the low frequency tones that were 
transmitted in the experiment.  In most data samples, the lowest frequencies, 53 and 103 
Hz, were strongly spatially coherent, but the stability of the higher frequency tones was 
variable from sample to sample.  Since the cost function used a geometric average over the 
frequency components, CW tones with relatively low information content could be 
included in the inversion without severely impacting the overall performance.  The poor 
performance for some of the higher frequencies was associated with variations in the 
source depth from sample to sample, and random inhomogeneities in the water sound 
speed at small spatial scales that affected sound propagation. 
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Fig. 4.  Histograms of the geometric parameters: water depth (WD); source depth (SD); 

Range; array depth (rdvb); array tilt (tilt) and tilt direction (steer). 
 

The inversion results for the geometric parameters are displayed in Fig. 4, which shows 
the histograms of estimated values from the 95 samples.  The blue dotted vertical line in 
each panel indicates the ground truth measurement from non-acoustic data, and the red 
line indicates the most probable estimate. The water depth measured by the 12 kHz 
echosounder was 78.5 m, the source depth was 30.0 m, the source-receiver range 
determined from GPS data was 1.008 km and the distance from the deepest hydrophone to 
the sea floor was around 8.2 m. In each case, the histogram values cluster accurately near 
the expected values.  Although this is only a qualitative indication of the inversion 
performance, the close agreement with the known values for the geometric parameters 
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provides confidence overall in the estimated values of the other parameters.  The inversion 
confirms that the sub-surface array flotation was able to maintain near-vertical orientation 
in the array, in the presence of shelf-break tidal currents and the moderate sea state. 

The results for the EOFs are displayed in Fig. 5.  Only the first four EOFs were 
included in the inversion since they account for over 99 percent of the fit for the profile 
shape, and the first EOF itself accounts for over 70 percent of the fit.  The sensitivity to 
the variations in the water column sound speed was heightened by the location of the 
sound source.  As seen in Fig. 2, the source was in the gradient layer that separated the 
relatively stable deeper and near surface constant sound speed water layers.  The gradient 
layer was strongly variable over relatively short time scales, so both the sound speed and 
the sound speed gradient at the source were variable.   
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Fig. 5.  Histograms for the EOF coefficients for the water sound speed profile. 
 

The estimated values for the geoacoustic parameters are displayed in the seven panels 
in Fig. 6.  At a range of 1 km, the inversion is sensitive to the sound speed in the upper 
layer of sediment.  The inversion indicates a thickness of about 22 m for the layer, 
consistent with the expected depth of the ‘R’ reflector from the chirp sonar survey.  Within 
the layer, the sound speed decreases from a value of 1644 m/s at the sea floor to around 
1560 m/s at the base of the layer.  These values represent averages over the range of the 
experiment.  By comparison with ground truth data, the preliminary analysis of 
measurements of sediment sound speed from the in situ probes near the vertical array 
indicate sound speeds of ~1620 m/s.  The variation with depth within the layer is 
consistent with results from deeper cores in the vicinity that show decreasing sound speed 
at depths between 3-15 m due to embedded layers of clay and silt.  The sound speed 
increase at the ‘R’ reflector is between 1750-1850 m/s. 

The other geoacoustic parameters are not well estimated in this experiment, as judged 
by the large spread of values in the histograms in the lower panels in Fig. 6.  The acoustic 
field inversion is sensitive to attenuation by means of the loss in energy in the propagated 
field. Attenuation is assumed to be a general loss parameter in this inversion, that could 
include effects of scattering and intrinsic absorption of sound in the sediment.  It is 
modelled as αf Β , where α is the attenuation in dB/m at 1 kHz. From the large spread of 
values in the histograms, we infer that there is little sensitivity to attenuation for this 
relatively short experimental geometry.   

The estimated values from the multiple optimization inversions provide a guide for the 
expected results for a geoacoustic profile.  An appropriate measure of the spread of 
possible values can be obtained from a Bayesian matched field inversion [4].  The effects 
of variation of sound speed in the water column to the geoacoustic parameter estimation 
may also be revealed through Bayesian inversion.   
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Fig. 6.  Geoacoustic model parameters: sediment layer depth, H; sound speeds at top and 
bottom of sediment layer, cp1 and cp2; basement sound speed, cpb; density of sediment, 

ρ1; and attenuation, ap1, and its nonlinear frequency dependent exponential factor, fexp.  
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An overview of the modal inverse methods experiments 
 

Kyle M. Becker, Subramaniam D. Rajan, Megan S. Ballard 
 

Abstract: In the summer of 2006 the US office of Naval Research sponsored the 
shallow water experiment 2006 (SW06). The experiment was conducted off the 
eastern seaboard of the United States and was comprised of three major components: 
Littoral Environmental Acoustics Research (LEAR), Non-Linear Internal Waves 
Initiative (NLIWI), and Autonomous Wide Aperture Cluster for Surveillance 
(AWACS). This paper describes the approach, objectives, and  preliminary results for 
a set of modal inverse methods experiments  (MIME) conducted as part of LEAR. The 
experiments were designed to excite modal pressure fields using a single low-
frequency sound source operated at a fixed depth. All measurements were made on a 
single vertical line array of hydrophones which spanned most of the 80 m water 
depth. Two types of data were collected for estimating modal information  
appropriate for the different inversion algorithms.  Synthetic aperture pressure field 
measurements were made for a  constant frequency moving source. Horizontal 
wavenumber estimates obtained from this data are to be used as input data to a 
perturbative  inverse algorithm. A second set of experiments employed a low  
frequency 250 Hz sweep with the source located at a range of 15  km from the 
receiver array. In this case, differences in modal travel time estimates are to be used 
as input data for inversion. The different types of experimental data were collected 
along a number of different aspects angles relative to the receive array. The overall 
objective of this work is to infer geo-spatially dependent geoacoustic properties of the 
seabed within the measurement area. Other objectives include comparing results from 
these and other co-located experiments to validate different inversion methods. 
Experimental geometries, measured data, including supporting environmental data, 
and preliminary analysis will be presented. [Work sponsored by ONR] 
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Single and Multiple sensor coherent noise processing 
 

Peter~Gerstoft, Chen-Fen~Huang, William~S.~Hodgkiss, Martin Siderius 
 
Abstract: Ocean acoustic noise can efficiently be processed to extract Green function 
information from noise. By cross-correlating the ambient noise field from two 
sensors, it is possible to extract the impulse response between the two sensors 
including bottom and sub-bottom bounces. When this noise processing is used on a 
vertical array, it can give valuable information about the subbottom near the array. 
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MULTISENSOR GEOACOUSTIC INVERSION APPLIED TO THE 
CALIMERO EXPERIMENT IN THE GULF OF LION 
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Abstract: Bottom acoustic characterization has been widely studied for many years. A large 
number of devices can be used to infer the geoacoustic properties of the environment: corers 
and grabbers, bottom acoustic classifiers, subbottom profilers, multibeam echosounders, 
sidescan sonars, low frequency sonars…Used independently from each other, none of this 
device is really able to fully characterize the environment. On the other hand, they are 
complementary and can be jointly used in an attempt to obtain unique complete high 
resolution 3-D geoacoustic models, which are needed for a number of applications. 
In this paper, we describe the approach conducted during the CALIMERO experiment. 
CALIMERO is a joint project between SHOM and IFREMER. It aims at comparing several 
approaches of geoacoustic characterization and investigating methods to merge data to get a 
high resolution 3-D geoacoustic model in three areas in the Gulf of Lion. We focus on 
subbottom profiler data which are used to derive surface impedance contrast and attenuation 
coefficient. Inversion methods are described and results are presented and discussed. 
Comparisons are drawn with other data acquired during the CALIMERO cruises with various 
acoustical devices such as seismic profilers, multibeam echosounders, sidescan sonar or very 
low frequency sonar. 

Keywords: geoacoustic inversion, subbottom profiler, absorption, spectral ratio, impedance 
contrast, microroughness, Eckart’s model. 
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1. INTRODUCTION 
 

Recent subbottom profilers achieve good performances in term of signal to noise ratio and 
resolution. Thus, the knowledge of the acquisition device electronics makes it possible to 
quantitatively characterize seafloor properties. This paper describes two inversion methods to 
estimate absorption of compressional waves, impedance contrast and microroughness in 
sediments. Data have been collected with the Kongsberg SBP120 subbottom profiler, 
installed onboard the French Hydrographic and Oceanographic Vessel Beautemps-Beaupré, 
during the CALIMERO experiment cruise. It is shown that geoacoustic parameters estimates 
are fully coherent with in situ measurements and results derived from other sensors deployed 
during this experiment. 

This paper is organized as follows. First, we give an overview of CALIMERO experiment 
and the deployed sensors, then we focus on the SBP120 subbottom profiler. In the second 
part, we present the method used to estimate absorption, based on spectral ratio. The third part 
deals with Eckart’s model used to inverse impedance contrast and microroughness at the sea-
bottom interface. In both second and third parts, results are compared with ground truth and 
other sensors to validate the approach. 
 
 
2. CALIMERO EXPERIMENT 
 
2.1. Data acquired during CALIMERO-1 experiment 

All results presented in this paper are derived from the exploitation of data acquired 
during CALIMERO-1 cruise. CALIMERO is a project cooperated by SHOM, the French Navy 
Hydrographic and Oceanographic Office and IFREMER, the French Institute for Research 
and Sea Exploration. The main aim of the project consists in developing new methodologies 
in multisensor data exploitation, because the actual perception of the seafloor remains 
strongly dependent on the considered system [1]. The received echoes are heavily dependent 
upon frequencies (through the penetration capability inside the seabed and also the relative 
influence of microroughness) and measurement angles (through backscattered energy or 
reflection of the specular return). 

During CALIMERO-1 cruise, three areas 5x5 nautical miles large have been surveyed in 
the Gulf of Lion by  BHO Beautemps-Beaupré. Sensors used are: 

- Kongsberg EM120 (12 kHz) and EM1002S (95 kHz) multibeam echosounders 
(bathymetry and backscattering measurements), 

- Kongsberg EA400 (33 and 210 kHz) singlebeam echosounder coupled with the 
Roxann seabed classification system, 

- Kongsberg SBP120 (2.5 – 7 kHz) subbottom profiler, 
- Klein 5500B high-resolution sidescan sonar (455 kHz), 
- a very low frequency (VLF) source (300 – 1000 Hz) and a vertical receiving array. 

In complement to the above survey operations, environmental data were acquired: 
sediment sampled with a grabber and hydrology measurements with expendable Sippican 
probes. These areas have also been studied in the field of geological programs involving 
IFREMER, providing a large set of sediment sampling (cores and drillings) with the 
associated in situ measurements. 

In this paper, we focus on the exploitation of subbottom profiler data for the estimation of 
geoacoustic parameters, such as absorption of compressional waves, reflectivity... 
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2.2. The SBP120 multibeam subbottom profiler 

The SBP120 multibeam subbottom profiler, developed by Kongsberg Maritime, operates 
with two large arrays used for emission and reception mounted in a Mills cross configuration. 
At 4 kHz, the resulting two-way beam pattern is 3°x3°. The frequency band of the system is 
2.5 to 7 kHz. Various signal types can be emitted, nevertheless linear chirps are most 
commonly used because of their good performances in term of signal to noise ratio 
improvement. Vertical resolutions better than 0.5 ms TWT have been observed on 
experimental data. The use of a large array for emission with up to 96 transducers provides a 
high source level (above 220 dB re 1μPa@1m in the frequency band of the SBP120). 
Penetrations up to 100 m have been achieved in soft sediments (see [2, 3] for details). 

While previous sub-bottom profilers allowed only qualitative imaging of the geological 
environment, this system can also be used to quantitatively characterize geoacoustic 
parameters such as absorption in sediments or impedance contrasts, provided a precise 
knowledge of the acquisition device characteristics is available. 

Subbottom profilers exploit the specular echo formed by acoustical impedance 
discontinuities. It is needed to make sure that the echo comes from coherent reflection before 
characterizing seafloor properties. For the environments relevant to this study, it is shown in 
[2] that non-specular backscattering from the seafloor and underlying interfaces is only a 
weak part of the total energy received. Thus, the characterization of geoacoustic parameters is 
possible provided the specular echo is correctly recorded. 
 
 
3. ESTIMATION OF ABSORPTION OF COMPRESSIONAL WAVES 
 
3.1. Approach 
 

The absorption coefficient in sediments has been estimated using the spectral ratio 
method, which is based on the analysis of the spectral content of propagated acoustic waves. 
This simple approach has already shown its efficiency in many applications [4, 5].  

In the frequency range used by the SBP120, the attenuation coefficient of compressional 
waves varies linearly with frequency [6]. The high frequency part of the signal is rapidly 
attenuated with the propagation range whereas low frequencies penetrate deeper. Thus, the 
analysis of signals spectral content evolution with the propagation range in sediments makes 
it possible to estimate the absorption by comparing spectra at different depths. 

where A1(f) and A2(f) are spectral amplitudes at different depths, f is the frequency (Hz), d1 
and d2 are the travel distances (m), c the velocity in the sediments layer (m/s) and β the 
absorption coefficient (dB/λ). 

Thanks to the wide frequency bandwidth of the SBP120, it is possible to estimate 
accurately the interpolating line of the spectral ratio, whose slope gives an estimate of the 
absorption coefficient [3]. 
 
 
3.2. Results and comparison with in situ measurements 

In this section, we compare the estimates of absorption from SBP120 data using the 
spectral ratio method with in situ measurements and results derived from a VLF sonar 
deployed during CALIMERO experiment. 
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To check the spatial consistency of results between the surveyed lines, absorption 
coefficients are first calculated for a constant thickness layer, regardless of reflectors position. 
Results for area C are shown on Fig. 1a. Area C is over the river Aude canyon valley and is 
characterized by large bathymetric variations with depths varying from 200 to 500 meters. 
The white circle indicates PRGL1 drilling position. Absorption values are low (less than 0.05 
dB/λ) in the deepest area corresponding to silty deposits in the canyon’s valley, which is fully 
coherent with the a priori knowledge of these sediments. 

Fig. 1: Absorption estimates from SBP120 data – (a) for a constant thickness layer (18 m) 
just below the seafloor, (b) within the sediments layers detected by the reflectors auto-

tracking algorithm, (c) comparison with GL1 drilling. 
 

Attenuation was also estimated in 2-D along a surveyed line for each sediment layer 
delimited by two successive reflectors. Reflectors have been detected with an auto-tracking 
algorithm, whose principle is described in [2]. Fig. 1b shows absorption estimates along line 
C8 for the six sediment layers detected. PRGL1 drilling position is marked by the white 
vertical line on Fig. 1b. The corresponding absorption profile calculated from SBP120 data at 
PRGL1 position is represented by the blue solid line, on Fig. 1c. The red curves correspond to 
absorption estimates and standard deviations derived from parameters measured in sediments 
[7] and presented in Hamilton’s works [6]. Absorption coefficients are in good agreement 
with those derived from the drilling, excepted for the layer characterized by a high absorption, 
whose position is lightly displaced. This tends to confirm the validity of the approach. 

Fig. 2: Absorption estimates near the VLF sonar reception array  – (a) SBP120 record and 
main reflectors detected, (b) absorption profile, (c) comparison between SBP120 and VLF 

sonar. The white vertical line indicates the position of the moored reception array. 
 

o 
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Data acquired in area A with a VLF sonar have been processed with a joint time- and 
frequency- domain technique [8]. This method enables to obtain a model of the stratified 
bottom with averaged geoacoustic parameters. Absorption estimates from SBP120 have been 
compared with results derived from the VLF sonar. Results are shown on Fig. 2. The black 
dashed curve on Fig. 2c represents the absorption estimates derived from the Holland's 
method [8]. The blue one corresponds to the average of the absorption profiles near the VLF 
reception buoy (distance<500m). Results are here again in good agreement. 
 
 
4. ESTIMATION OF REFLECTIVITY, IMPEDANCE CONTRAT AND 
MICROROUGHNESS 
 
4.1. Reflectivity at the sea-bottom interface 

For normal incidences, if kσ<1, where k is the wave number and σ the microroughness, 
coherent reflection is prevalent compared to the backscattered energy. Thus, by correcting 
raw data from power rise and fall, source level, sensitivity of hydrophones at reception and 
receiver gains, correlating the compensated signal with the theoretical emitted chirp and 
applying spherical divergence corrections, the amplitude of the resulting signal at the sea-
bottom interface gives access to the reflection coefficient. 
Results of reflectivity values for area B are shown on Fig. 3a. 

Fig. 3: CALIMERO area B – (a) reflectivity (in dB) at the sea-bottom interface 
 (b) absorption for a constant thickness layer (in dB/λ). 

 
Reflectivity values are globally high (-10 to –7 dB) where absorption is high because of 

the presence of sandy sediments. On the contrary, the extreme southern part of the area is 
characterized by low reflection coefficients (-16 to –13 dB) which correspond to the head of 
river Aude canyon, characterized by silty deposits. SBP120 data recorded on the falling of the 
canyon have shown a penetration of about 100 ms TWT confirming the presence of soft 
sediments. The so-called Roche de Sète area is characterized by low reflectivity values, while 
being a hard-material area (sand compacted into rock). This is due to a strong diffraction of 
the signal by the chaotic seafloor interface, cancelling the specular reflection. 
 
 
4.2. Impedance contrast and microroughness at the sea-bottom interface 
 

In order to observe the variation of the reflection coefficient with frequency, the 
compensated signal has also been correlated with 1000 Hz broadband chirp varying between 
2.5 and 7 kHz. 

head of river  
Aude canyon 

roche de Sète 
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If the hypothesis of a small interface roughness (kσ<1), the Eckart’s model which links 
the reflection coefficient to impedance contrast and microroughness versus frequency is valid 
and can be written as follows [9]. 

Reflection coefficients calculated from SBP120 data have been compared to the Eckart’s 

model over the considered frequency band, and the couple ),(
∧∧

σZ  that minimizes (least mean 
squares) the following function is calculated. 

In order to validate the approach, the results of the method have been checked with the 
various sediment samples collected during the CALIMERO-1 cruise. Fig. 4 illustrates the 
inversion principle for one particular grab. 

Fig. 4: ),(
∧∧

σZ that best fits Eckart’s model for grab BTB120 (CALIMERO area A). 
 

Fig. 4a represents reflectivity versus frequency calculated with Eckart’s model for several 
canonical sediments types (sand Z=2 or mud Z=1.2) and microroughness values (rough σ=5 
cm or smooth σ=2 cm). Fig. 4b shows the variations of sce function with impedance contrast 

and microroughness. The white circle represents the couple )6.3,85.1( cmZ ==
∧∧

σ that 
minimizes sce function. Fig. 4c shows the evolution of reflectivity, derived from SBP120 
data, with frequency at the sampling location (and neighboring traces) and the Eckart’s model 

(green curve) for ),(
∧∧

σZ . An impedance contrast near 1.85 characterizes fine sand which 
corresponds to the sampled sediment. 

Impedance contrasts calculated from SBP120 data have also been compared with in situ 
measurements (cores and grabs collected in the areas). Results are presented in the following 
table. 
 
sampling 
reference 

grab 
118 

grab 
119 

grab 
120 

grab 
121 

grab 
123 

grab 
124 

grab 
129 

grab 
132 

grab 
133 

drilling 
PRGL1 

drilling 
PRGL2

Zsediment 1.47 1.91 1.85 2.00 1.60 1.70 1.92 2.26 1.99 1.68 2.03 
Zeckart 1.38 1.93 1.93 2.06 1.56 1.64 1.98 2.19 2.07 1.65 2.10 
error 6% 1% 4% 3% 2.5% 3.5% 3% 3% 4% 2% 3.5% 

 
Table 1: Comparison of  impedance contrasts at sea-bottom interface derived from SBP120 

data and geotechnical measurements from sediment samples. 
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To observe the spatial consistency of results between the different lines of the survey, this 
approach has been applied to the data acquired in the three areas. Fig. 5 and 6 show 
impedance contrast and microroughness results respectively for area A. 

Fig. 5: CALIMERO area A – (a) impedance contrast derived from Eckart’s model, 
(b) high-resolution sidescan mosaic (455 kHz). 

 
The northern part of the area is characterized by low impedance contrasts (1.5 or less), 

because of the presence of soft silty and fine sandy deposits drained by the river Petit Rhône. 
The southern part of the area is characterized by higher impedance contrasts (about 2.5) which 
correspond to a sand barrier that crosses the area. Sediments sampled with a grabber have 
shown the presence of gravel and broken shells in this area, confirming the observed high 
contrasts. Moreover, impedance contrasts given in table 1 are quite coherent with 
geotechnical measurements. This sandy belt was also clearly identified with the sidescan 
imagery recorded in parallel to the SBP120 acquisition (Fig. 5b). 

Fig. 6: CALIMERO area A microroughness (in cm) – (a) derived from Eckart’s model, 
(b) derived from Roxann data. 

 
Microroughness values are also coherent with the results derived from Roxann seabed 

classifier. The northern part is characterized by microroughness of about 4 centimeters, 
whereas values in the south are less than 3 centimeters. This example demonstrates the 
intercalibration capability of CALIMERO project, because Roxann system provides a 
roughness values which is not calibrated; the comparison with statistics of roughness 
estimates derived from SBP120 data enables to quantitatively characterize the roughness 
parameter given by the seabed classifier. 
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5. CONCLUSION 
 

This paper focuses on the estimation of geoacoustic parameters from SBP120 data and the 
comparison with in situ measurements and results derived from other sensors. 

The spectral ratio method was first validated horizontally on a surveyed area and along a 
local vertical profile with a drilling. Absorption estimates obtained in 2-D are also in good 
agreement with those derived from a VLF sonar. The inversion process from Eckart’s model 
has also been successfully tested. Impedance contrast and microroughness estimates are in 
good agreement with direct measurements over sediment samples, observations of sidescan 
sonar mosaics, and Roxann seabed classifier outputs. 

Absorption in sediments must be known to estimate the reflection coefficient for the 
underlying interfaces. In the second part, we have shown that it is possible to estimate 
absorption along the vertical and along a track (cf. Fig. 1b), by combining the auto-tracking 
algorithm and the spectral ratio method. By exploiting these results with impedance contrasts 
at the sea-bottom interface inversed from Eckart’s model, it will also possible to obtain a two-
dimension profile of acoustical impedance. Further works will also consist in calculating 2-D 
profiles of velocity to obtain the different layers thicknesses. Finally, the way to combine all 
measurements to estimate a 3-D geoacoustic model will be investigated. 
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Abstract: In this work, we have studied the phase of the cross-spectrum of acoustic signals 
reflected by the seafloor and recorded on a vertical array in order to infer geoacoustic 
properties. We have compared experimental and numerical results: the data were 
acquired on two distinct shallow water sites in Mediterranean Sea; the synthetic data are 
computed by a numerical evaluation of the spherical reflection coefficient. Comparisons 
are made at two ranges which correspond to high and low grazing angles. The 
comparisons between experimental and synthetic data indicate promise for probing the 
geoacoustic properties. For example, the linearity of the phase implies the transition from 
a multipath to a single path regime. 

Keywords: Cross-spectral analysis, spherical reflection coefficient, geoacoustic inversion 
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1. INTRODUCTION  

The cross-correlation of signals reflected by the seafloor and recorded on a vertical 
array has been rarely examined within the context of seafloor characterization [1] except 
in the field of ambient noise imaging [2-3]. Indeed, in that case, the experimental 
conditions are best suited for coherence studies since the source can be considered as a 
wide-band stationary random noise [4]. 

In a previous paper [5], we have shown that the cross-correlation of received signals 
between vertically separated hydrophones, which is the time-domain counterpart to 
frequency domain coherence, is very sensitive to the geoacoustic composition of the 
seafloor. In that experiment, we used broadband (100 – 6000 Hz) transient signals 
recorded on a vertical array of hydrophones at two shallow water sites; the experimental 
arrangement is shown in Fig. 1. The present paper presents a study of the same 
experimental data in the frequency domain. 

 

 
 
Fig. 1: Sketch of the experiment. The first hydrophone is moored 11.5 m above the 

seafloor. The distances di between the first and the following hydrophones are (in meters): 
4, 8, 12, 17, 21, 27.5, 33.5, 39.5, 44, 47, 50, 54, 58, 62.  

2. DEFINITION AND MODELING 

2.1. Cross-spectral analysis 

The ordinary coherence function between two signals x(t) and y(t) is defined [4] in 
terms of  the autospectra of each signal, Gii, and the cross-spectrum between them, Gxy,  
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In typical propagation path analysis, the coherence function is interpreted as 
representing the contribution of input x(t) to the output y(t) as a function of frequency. For 
a stationary random input signal, estimates of the autospectra and cross-spectra are 
obtained from multiple ensemble averages of the finite Fourier transform of time history 
records. In the case of our experiment, the signal is a single broadband impulsive (non-
stationery) source and the available time record length is limited, precluding the use of a 
coherence function estimate based on ensemble averages. For a single record, however, 
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information regarding the relationship between two signals can be obtained by direct 
evaluation of the cross spectral density. 

As indicated in Fig.1, we denote the signal recorded at the ith hydrophone of the array 
by pi(t) with corresponding Fourier Transform Pi(f). In the shallow water configuration 
shown, multiple signals corresponding to multiple reflected paths are recorded at each 
hydrophone. Here we are only interested in the first bottom-reflected path and window the 
time history accordingly. 

Returning to propagation path analysis, let S(f,T) denote the Fourier transform of the 
transmitted source signal s(t) computed over the transmission interval [0,T], and Pi(f,T) 
denote the Fourier transform of the corresponding signal p(τ, T+τ) received at the ith 
hydrophone after propagation path time delay τ.  The single record cross-spectrum 
between the source and the received signal can then be written as  

[ ] .)(),(),(2)( )(* fj
siisi

siefGTfPTfS
T

fG θ−==  
(2)

In the case of a single propagation path between source and receiver, the phase of the 
cross spectrum is related to the propagation path time delay by  
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(3)

allowing a potentially frequency-dependent (dispersive) sound speed for the path to be 
computed from measurements of the phase of the cross-spectrum. For a single non-
dispersive path with positive signal-to-noise ratio (SNR) in the received signal, ( )si fθ will 
be a linear function of frequency. For multiple non-dispersive paths, the phase function 
becomes more complicated, but is still distinguishable from the random oscillations 
indicative of loss of coherent SNR. 

The preceding analysis is based on the correlation between source and receiver signals.  
In our case, the source signal is not available, but the received signals from multiple 
hydrophones in the vertical array are. Considering the source and receiver experimental 
arrangement of Fig.1 as a single input / multiple output system, the cross-spectrum 
between the received signals at any two hydrophones is given by [4] 

),()()()( * fGfHfHfG ssjiij =  (4)

where Hi(f) represents the propagation path transfer function between the source and the 
ith receiver. This can be re-written in complex magnitude-phase form as  

.)()()()( )( 12 ssj
ssjiij efGfHfHfG θθ −−=  (5)

The physical interpretation of complex component of (5) is similar to that of (2). For a 
single non-dispersive set of paths Hi, Hj, the phase of the cross-spectrum represents the 
path-delay difference between the source and each hydrophone. Deviations in the 
measured cross-spectrum phase from a linear frequency dependence indicate contributions 
of multiple and/or dispersive paths to the signals received in each hydrophone. 
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2.2. Modeling of the signals 

The time signals are modelled through a numerical computation [6] of the Sommerfeld 
integral [7]:  

θθθθ θπ
defRkrJjkfzrp zzjki

i cos),()cos(),,( sin)(2/

0 0
0+−∞−

∫=  (6)

where r is the horizontal distance, z is the hydrophone depth, z0 is the source depth, θ is 
the grazing angle, and R(θ,f) is the plane wave reflection coefficient which can be 
computed for arbitrary geoacoustic configurations (see e.g. [7]). For each hydrophone, the 
temporal signals are then obtained with an inverse Fourier transform: 

[ ].)(),,(IFFT),,( fSfzrptzrp ii ×=  
(7)

The advantage of modelling the signals in time domain is to compare the experimental and 
numerical data directly and to preserve the time delays of the various.  

3. EXPERIMENTAL DATA 

3.1. Reflection experiment description 

The seabed reflection data were acquired in June 1997 on the Malta Plateau in the 
Straits of Sicily (Fig. 2) as part of the SCARAB (Scattering And ReverberAtion  from the 
sea Bottom) experiment series. The geometry of the experiment employs a fixed vertical 
array receiver and a towed broadband source. The receiver consisted of 16 Benthos AQ-4 
hydrophones spaced irregularly over a 62 m aperture (Fig. 1), but only 15 hydrophones 
were used during the experiments for recording acoustic signals. The data were sampled at 
24 kHz and low pass filtered at 8 kHz.  

 
Fig. 2 : Experiment area, showing the location of Sites 2 and 3.  The Italian mainland 

is in the east-northeast portion of the map. 
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The source was a marine seismic Uniboom which had desirable qualities of a 
repeatable short pulse length and broad bandwidth (100 - 6000 Hz). The directivity of the 
source is comparable to the beam pattern from a piston, which we have approximated for 
the frequencies and angles here as omnidirectional. The source was mounted on a 
catamaran with a source depth of about 0.2 m and tow speed of 4 knots. The source 
motion implies that we can not perform any averaging on multiple realisations in the same 
experimental conditions, which is a major difference with other studies [1-3]. 
Consequently, the computed cross-spectrum at a given range is the result of a single 
realisation.  

3.2. Site Description and geoacoustics 

Coherence (cross-spectrum phase) results from two sites on the north Tuscany shelf 
will be presented here, sites 2 and 3 (Fig. 2). Site 2 is in 150 m water depth, with a flat and 
featureless seabed (from side-scan sonar data), bottom slopes are less than about 0.3°. 
Geoacoustic inversion from broadband reflection data using a time and frequency domain 
technique [8] show sound speeds and densities consistent with a silty-clay fabric with 
intercalating sandy sediments (Fig. 3 a). Site 3 is located on the Elba Ridge in 104 m water 
depth, separated from Site 2 by the Elba submarine valley which acts a sink for the fine-
grained sediment deposited from mainland Italy (Cecina River). Geoacoustic inversion of 
reflection data from this site [9] are shown in Figure 3 b. 

 
Fig. 3: Interval velocity from geoacoustic inversion [8,9] at the two sites. 

4. COMPARISON OF MODELLING VS DATA 

The synthetic signals are computed for the entire array for the two sites for two 
different ranges and compared to experimental data (Fig.4-7). These ranges are chosen to 
provide two similar grazing for the two sites, one about 12° and one about 65°; these two 
angles were chosen to represent regimes below and above the critical angle. Due to the 
different water depths, this leads to two different ranges for the two sites. At site 2, the 
long range is 700 m and the short range is 71 m; at site3, the long range is 535 m and the 
short range is 30 m. 
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Fig. 4: Phase of the cross-spectrum (solid lines :data, dashed lines : numerical results) 
at site 2 for short range for (left) hydrophone 2 to 8 and (right) hydrophone 9 to 15. 

 
Fig. 5: Phase of the cross-spectrum (solid lines :data, dashed lines : numerical results) 
at site 2 for long range for (left) hydrophone 2 to 8 and (right) hydrophone 9 to 15.  

 

 
Fig. 6: Phase of the cross-spectrum (solid lines :data, dashed lines : numerical results) 
at site 3 for short range for (left) hydrophone 2 to 8 and (right) hydrophone 9 to 15.  

 
Fig. 7: Phase of the cross-spectrum (solid lines :data, dashed lines : numerical results) 
at site 3 for long range for (left) hydrophone 2 to 8 and (right) hydrophone 9 to 15.  
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5. DISCUSSION 

There are several sources of error that can be expected in the analysis. The first error 
we consider is phase mismatch in the hydrophones. In general, these errors are expected to 
be small; their impact would be to simply impose an offset between the modelled and the 
measured cross-spectral phase, leaving the slope of the phase unaffected. The second error 
is lack of knowledge of the exact position of the hydrophone, both in offset and depth 
(positioning errors and array tilt). These errors will have an effect on the predicted slope of 
the phase. However, since the errors in the estimates of the phone positions are good to 
within a few meters in range and less than a meter in depth, the effect on the slope of the 
phase should be modest. Another error is introduced by noise in the data which can induce 
a random offset in phase. This kind of error is apparent at Site 3, 535m offset at 3 kHz 
(Fig. 7) where the SNR was very low. There is a resulting shift in the phase over a small 
band but at higher frequencies the slope is unaffected. When the noise is over a large band, 
the phase of the cross-spectrum will be more or less flat. This can be seen for example at 
site 2, 71m offset on hydrophones 1,8 above about 3500 Hz (Fig. 4). We also suspect that 
the SNR is low at low frequencies (below about 500 Hz) for some of the traces. The effect 
of the low frequency noise is to induce a random phase so that compared to the model, the 
data at higher frequencies would have the same slope as the model but offset to a lower 
phase. This is a likely explanation for the results for example at Site 2, 700 m, 
hydrophones 1-8 (Fig. 5). Another possible error is that our model assumes an isovelocity 
water column, whereas the actual SVP is downward refracting, which might affect the 
longer range model to data comparisons (Site 2, 700 m and Site 3, 535 m). 

There are several features in the data and model that seem promising from a 
geoacoustic inversion point of view. First of all, in general we see much more structure in 
the Site 2 data as compared to that at Site 3. This is due to the fact that Site 2 has a much 
lower overall impedance and a much wider scale of layering so the effect of more 
multipaths makes the phase much less linear. Second is the presence of features present in 
both model and data that indicate the presence of multipaths.  For example Site 2, 71 m 
offset, note that the model and data for hydrophone #8 both show a kink in the phase at 
about 2800 Hz (Fig. 4). As another example at Site 2, 71 m offset is hydrophone 6 at 4000 
Hz. Third, note that one can distinguish where the multipath regime (i.e., paths from sub-
bottom layers) ends and where there is essentially only a single path left in the bottom 
reflection; the single path regime is evident where the phase becomes linear.  This occurs 
for example at Site 2, 700m above 2000 Hz and is apparent in both the model and the data. 
Finally there is the evidence in the data for a negative slope at low frequencies in the data 
(for example at Site 2, 700m hyd 2 and 6). It is not yet clear what this means, but may be 
associated with a head wave. 

There are several features which we do not yet understand. At high angles and large 
hydrophone offsets, the model predictions and observations have quite different 
behaviour. For example, at Site 2 71 m offset, for hydrophones 12-15, the slope of the 
modelled phase is much lower than that of the data. At Site 3, 30 m, the opposite is occurs, 
the model predicts higher slopes than seen in the data. However, for hydrophones 13 to 15, 
the model does show a decreasing slope which is what is seen in the data. One possibility 
for the model to data mismatch is that our assumption of an omnidirectional source is 
breaking down, which would be expected at high frequency, short range, and large 
hydrophone offsets. However, even at relatively low frequencies (below 1 kHz) where the 
source is nearly omnidirectional, there are still considerable model-to-data differences. 
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6. CONCLUSIONS 

We have presented initial results of measurements and modelling of the phase of the 
cross-spectrum between pairs of receivers in a vertical array at two sites and at low and 
high angles (i.e., less than and greater than the critical angle). Several characteristics in the 
measurements and the modelling are understood and appear to be consistent with our 
understanding of the sediment properties.   We therefore conclude that the cross-spectrum 
of the acoustic field reflected from the seabed contains information about seabed 
geoacoustic properties and could prove to be a useful tool in future geoacoustic studies.   
As an example, the linearity of the cross-spectral phase can be exploited to determine 
when the reflected field is dominated by multiple paths, i.e., when the sub-bottom plays a 
major role in the reflection process. In this angular and frequency regime, we can expect 
to obtain geoacoustic information about sub-bottom layering. Additional information may 
be available from a more thorough exploitation of the properties of cross-spectral 
measurements than the analysis presented here and warrants further investigation. 
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Inversion of Saba bank geoacoustics using a ship as sound source of 
opportunity 

 
Vincent Van Leijen, Jean-Pierre Hermand, Matthias Meyer 
 
Abstract: During the spring of 2006, hydrographic survey vessel HNLMS Snellius 
ran an extensive bathymetric survey on the Saba bank, a large submerged atoll 
located in the north-eastern Caribbean. The survey provided an excellent opportunity 
for a number of small-scale geoacoustic experiments in a shallow water environment 
which attracts many divers for its unique tropical ecosystem and rich marine wildlife. 
The feasibility of a rapid deployment of ocean-acoustic sensors and equipment was 
demonstrated for the purpose of an environmental assessment of the area southwest 
of the small volcanic island of Saba. The environmental impact was kept to a 
minimum by exploiting the hydrographic ship as a sound source of opportunity that 
was moving away from a light sparse vertical array deployed from a rubber boat on 
anchor. Several low-frequent narrowband tones were identified for the inversion 
process that provided an accurate account of the experimental geometry in terms of 
the moving source and receiving array positions, and detailed geoacoustic properties 
of the sea floor and subseafloor in the southern part of the Saba bank. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

191



 
 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

192



 
 
 
 
 

Geoacoustic inversion by using sources of opportunity during the 
RAGS03 winter experiment 

 
Altan Turgut, Peter Mignerey 

 
Abstract: During the Relationship of Array Gain to Shelf-break processes (RAGS03) 
winter experiment, acoustic signals emitted by sources of opportunity (distant surface 
ships and finback whales) were recorded on three Vertical Line Arrays (VLAs) and a 
Horizontal Line Array (HLA). Broadband (50-500 Hz) noise data from passing 
merchant ships were used to invert 3-D geoacoustic properties of the New Jersey 
Shelf by using a matched-field algorithm in a range- and azimuth-dependent 
environment. One-second duration 20-Hz signals of finback whales were also used to 
invert geoacoutsic properties in additional azimuthal directions. Additional chirp-
sonar surveys, sediment coring, and acoustic-probe measurements revealed the 
layering structure of the area and provided sound speed and attenuation information 
for the top 30 m of sediments. Inverted values of sound speed at the seafloor were 
comparable to those obtained from sediment-core and acoustic-probe measurements. 
Inverted values of sediment thickness, sound speed, and attenuation are also in good 
agreement with those obtained from chirp-sonar data. Agreement between the results 
obtained from different measurement and inversion techniques indicate the feasibility 
of 3-D geoacoustic inversion by using broadband ship noise data or 20-Hz finback 
calls during the RAGS03 winter experiment. [Work supported by ONR.] 
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ROBUST PREDICTION OF SPATIAL STATISTICS OF ACOUSTIC 
FIELD FOR SHALLOW OCEANS 

Adrian D. Jonesa,  Alec J. Duncanb,  Amos L. Maggib 

aMaritime Operations Division, DSTO Edinburgh, South Australia 5111, Australia 
bCentre for Marine Science and Technology, Curtin University of Technology, GPO Box 
U1987, Perth, Western Australia 6845, Australia 

Adrian D. Jones, Maritime Operations Division, DSTO Edinburgh, South Australia 5111, 
Australia +61 8 8259 5139, adrian.jones@dsto.defence.gov.au 

Abstract: The statistics of the underwater interference field are expected to be significant 
in relation to the optimal parameters for underwater acoustic detection, for both active 
and passive sonar.  In order to study the potential for optimisation of sonar parameters, 
and be more aware of limitations imposed by the environment, a study of the spatial 
statistics of the interference field in shallow ocean regions has been undertaken.  The 
work carried out to date has considered highly multi-path, that is, highly multi-modal, 
transmission environments for which isovelocity has been assumed, and for which most 
acoustic energy arrives at shallow angles of incidence.  Spatial variability in a direction 
vertically through the field has been studied, as has variability in a radial direction away 
from a sound source.   It is shown that the spatial statistics represent a robust parameter 
of the interference field, and this paper both explores methods to predict them and 
examines the link between the ocean environmental parameters and these statistics 

Keywords: interference field, statistics; shallow water 
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1. INTRODUCTION 

Amplitude variability occurs in ducted underwater environments due to the interference 
field created by the coherent summation of multi-path signal arrivals.  In a fixed ocean, the 
phenomenon is spatial in nature, but is experienced as changes in received signal level 
over time, as source and receiver locations are changed.  In a real ocean, with a moving 
sea surface and internal turbulence, this effect is compounded as the multi-paths vary over 
time and so the interference field is not fixed.  This paper examines the phenomenon of 
spatial variability within a fixed shallow water environment, as fluctuation about the mean 
trend in transmission loss (TL).  In particular, the link between environmental conditions 
and spatial variability is studied, for isovelocity shallow oceans of uniform depth. 

2. RAY ACOUSTIC SOLUTION FOR ISOVELOCITY SHALLOW OCEAN 

It may be shown that the spatial variability in an interference field is related to the 
angular distribution of arrival acoustic energy.  This is most easily demonstrated for an 
isovelocity shallow ocean, for frequencies for which ray acoustics may be assumed valid.  
In this situation rays typically arrive at the receiver in groups of four, with arrivals in each 
group all having the same number of bottom bounces (eg. Kinsler et al [1] figure 15.13). 

If the significant rays interact with the seafloor at small grazing angles, it may be 
shown that the angle of incidence βn for the nth ray group is rnDn 2≈β , where D is 
ocean depth and r is source to receiver horizontal range.  If it is assumed that, for shallow 
angles of incidence, the seafloor bottom loss, in dB, is a linear function of grazing angle, F 
dB/radian, the bottom loss per bounce follows as rDFn2  dB, and so, the total bottom 
interaction loss Bn for a ray in group n will be dB.  2 2 rDFnBn ≈   By substituting for n 
in terms of the angle of incidence βn, and assuming that spreading losses for all significant 
rays are similar, the relative arrival intensity for grazing angle β is ( ) ( ) dB  22 DFr β−≈ .  
This distribution is illustrated in Figure 1, where it is noted that the corresponding linear 
intensity function has the form of a Gaussian (cf. the function 2xe π− , described by 
Bracewell [2]). 

 
Fig.1: Distribution of arrival intensity for isovelocity ocean – bottom loss F dB/radian 

 
The arrivals over the span of different grazing angles may be thought of as arrivals at 

different spatial frequencies (wavenumber = 2π × spatial frequency), and so the overall 
amplitude variability with either radial or vertical movement is a result of interference 
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between these frequencies.  The problem may then be considered as determining the rate 
of amplitude variation of the envelope of a narrow band of spatial frequencies.  It then 
becomes a matter of determining the spectrum shape, or window function, of this band of 
spatial frequencies, and determining the appropriate spatial scale for independence of 
spatially separated samples.  Here, advantage may be taken of existing determinations of 
autocorrelation width of a function, where the subject function is the power spectrum 
passband.  (The autocorrelation width of a function is the equivalent width of the 
autocorrelation of the function.  The equivalent width of a function is the total area of the 
function divided by its central ordinate (Bracewell pages 148 - 155 [2]).)  As stated by 
Bracewell [2], for the rectification of white noise passed through a filter, the average 
interval between effectively independent output values is inversely proportional to the 
autocorrelation width of the power band characteristic.  In terms of the present problem, 
the average spacing for effectively independent amplitude values in the interference field 
may be found as the inverse of the autocorrelation width of the relevant passband of 
intensity of spatial frequency. 

For vertical movement through the interference field, the shape of the power spectrum 
of arrival spatial frequency has the Gaussian form shown in Figure 1.  For the Gaussian 
function 

2xe π− , the equivalent width is 1.0 (eg. Bracewell page 55 [2]), corresponding to a 

function value 4
π

−
e .  The equivalent width of the function D

Fr
20

2

10
β

−

 (cf. Figure 1) may be 

assumed to be related the span of values of ±β for which the function is 4
π

−
e , which may 

be shown to be ( )[ ]  log52 4
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⎡
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π
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eFrD , or a total span of ( ) radians.  .225 FrD    

This span of angles may be related to the span of spatial frequencies λβ2 , where λ is 
acoustic wavelength, so the equivalent width is ( ) ( ) .225 FrDλ  in terms of spatial 
frequency.  From Bracewell’s Table 8.3 [2], the autocorrelation width for a Gaussian 
function is 2  times its equivalent width, so the vertical scale for amplitude variability 
follows as the reciprocal of this autocorrelation width, in terms of acoustic wavelength λ. 

vertical variability scale  metres  14.0
D
Frxy λ≈Δ  (1)

The spatial scale for radial motion through the interference field is more complex to 
determine in this way.  Here, the spatial frequencies are related to the cosine of the grazing 
angle, and hence the density of spatial frequencies diminishes away from the horizontal in 
accord with a 21 β  relation.  In addition, spatial frequencies for arrivals with positive 
grazing angles are the same as those for arrivals from negative grazing angles, so the 
effective spread of spatial frequencies is in accord with half the spread of grazing angles.  
Based on the angular spread ( ) radians  .225 FrD , if the effect of crowding of spatial 
frequencies near the horizontal is neglected, the following expression may be determined. 

radial variability scale  metres  21.0
D

Frxx
λ

≈Δ  (2)

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

197



 

Although not shown here, alternative expressions have been determined by an inverse 
Fourier transform of the vertical and horizontal wavenumber spectra, where the angular 
distribution of arrival intensity shown in Figure (1) was assumed.  For vertical variability, 
the expression is equivalent to Equation (1), with the constant being 0.17.  For radial 
variability, the result is ( ) metres.34.0 0.92DFrxx λ≈Δ  

3. DETERMINATION OF VARIABILITY 

To investigate the appropriateness of expressions (1) and (2), a number of phase 
coherent transmission simulations were made for shallow oceans.  The spatial scale of 
variability was determined numerically, both in the vertical and radial direction, where in 
the latter case the mean trend was removed from the TL data prior to analysis.  The 
determination was based on the distances associated with particular decreases in the 
normalised spatial autocorrelation function, ( )xp Δρ , of the received sound pressure 
amplitude, or modulus, expressed relative to the average modulus (ref. Schroeder’s use [3] 
of a similar statistic in the study of variability in room acoustics). 

( )
( ) ( ) ( )

( ) ( ) 22

2

xpxp

xpxxpxp
xp

−

−Δ+
=Δρ . (3)

To achieve a stable determination, in practice, the spatial scale was determined where 
the autocorrelation dropped to 0.5.  In the absence of knowledge of a rigorous link 
between this degree of correlation and that corresponding with statistical independence, it 
was assumed for the purposes of this initial study that a spatial scale for effective 
independence corresponds with twice that for the autocorrelation of 0.5.  Therefore 
comparisons presented below are between spatial scales for 0.5 autocorrelation and 
predictions from expressions (1) and (2) reduced by the factor 0.5. 

4. TRANSMISSION SIMULATIONS 

Phase coherent TL versus range and depth was obtained to a range of 11 km, using the 
SCOOTER wavenumber integration model [4], for an isovelocity ocean of 100 m depth 
for, in turn, five seafloor types (clay-silt, limestone, coarse sand and basalt from Table I 
ref [5], plus a fluid half-space selected by the authors).  To obtain the radial scale of 
variability, at each nominal range, data within a ±1000 m span were used, with this 
process being repeated at different depth values and the resulting autocorrelation functions 
averaged.  The vertical scale of variability was, likewise, determined from data at each of 
several range values and averaged.  In both cases, only data from depths in the interval 
25% to 75% of the water depth were included.  Despite the averaging there is considerable 
uncertainty in the subsequent correlation length determinations in cases where the 
correlation length is a significant fraction of the range or depth span used to calculate it. 

Example TL calculations are shown in Figure 2, for which the frequency is 500 Hz, for 
three seafloor types.  The TL versus range corresponds with 18.3 m depth for source and 
receiver, whereas the TL versus depth corresponds with 10 km range. 
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Fig.2: Transmission Loss versus range and depth – 500 Hz 

 
The five seafloor types were chosen to represent a large variation in reflectivity.  The 

bottom loss values over the span of grazing angles 0.0° to 10.0° are shown in Figure 3, 
where it may be noted that data at shallow angles tends to match the assumption of a linear 
function.  Values of bottom loss versus grazing angle, F db/radian, for use in Equations (1) 
and (2) were obtained by averaging over grazing angles 0.0° to 5.0°.  For these seafloors, 
the bottom loss is frequency independent. 
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Fig.3: Bottom Loss versus grazing angle for modelled seafloor types 

5. SIMULATION RESULTS 

The spatial scales determined numerically for 1000 Hz, corresponding with an 
autocorrelation value of 0.5, are shown in Figure 4 for all seafloor types for both vertical 
and radial directions.  These datum points are shown compared with predictions obtained 
from Equations (1) and (2), where the predicted values have been reduced by the fraction 
0.5 as explained in section 3.  For vertical motion through the interference field,  
agreement is good for most range values for most seafloor types, with the exception of 
clay-silt and basalt.  For radial motion, the predicted spatial scales are, uniformly, about 
three times too large, which is expected to be due to the approximations made in 
determining the autocorrelation width for that case. 

In the case of clay-silt, the high bottom loss (F = 50 dB/radian assumed) may result in 
the highly multi-modal assumption of the spatial statistic analysis breaking down at larger 
range values.  The long correlation lengths in this case also lead to large uncertainty in the 
values calculated from the interference field. 

In the case of basalt, the reflectivity curve is nearly flat for angles more steep than 
about 5°.  Due to the high reflectivity, arrivals at steeper angles will be significant, so a 
lower value of F may have been more appropriate, in which case the vertical data would 
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be closer to the theory.  (If the total span of significant angles is ( ) radians  .225 FrD , 
at 5000 m range, for F = 2.2 dB/radian the angular spread is ±14.2°.) 
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Fig.4: Radial and vertical scales of amplitude variability for modelled seafloor types, 

1000 Hz 

6. CONCLUSIONS 

Algorithms have been derived for the vertical and radial spatial scales of variability of 
the phase coherent sound pressure amplitude received within an isovelocity shallow ocean 
due to the presence of a single omni-directional sound source.  These algorithms are in 
terms of the source to receiver range, ocean depth and seafloor properties expressed as a 
reflectivity.  The analysis presented is relevant for situations for which transmission may 
be regarded as highly multi-modal.  The algorithms were determined from statistical 
considerations.  Although not detailed here, a near equivalent set of algorithms has been 
derived using an inverse Fourier transform of the vertical and horizontal wavenumber 
spectra. 

This work suggests that the spatial scale of the shallow water interference field may be 
determined readily, if the angular distribution of arrival intensity is known or may be 
estimated.  It is planned to extend this work to more realistic scenarios with depth 
dependent sound speeds and range dependent bathymetry in order to test this. 
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Estimation of seafloor geo-acoustic parameters using a low-
frequency, towed source and receiver array 

 
Warren T. Wood 

 
Abstract: At low frequencies (100-1000 Hz), and high angles of incidence (normal 
out to 60 degrees), as in data acquired with a towed, repeatable, transient source and 
multi-element receiver array, seafloor sediments can be accurately modeled by a 
series of planar, dipping layers. Synthetic aperture techniques (common midpoint, or 
CMP binning), applied to towed array data further simplify the estimation of acoustic 
parameters by transforming a two or three dimensional (range dependent) problem 
into a series of 1-D (range independent) problems, each of which can be solved 
independently. The full-waveform (matched field processing) technique used here is a 
linearized least squares inversion, and operates iteratively on plane wave, or 
frequency-slowness (w-p) data, obtained by means of a Fourier-Hankel transform of 
offset-time (x-t) data (CMP bin). For each iteration, the algorithm calculates the full 
Hessian (sensitivity of each datum to each model parameter), solves the generalized 
inverse via singular value decomposition (SVD), and updates the model. The model is 
over-parameterized, with each time sample representing one layer with independently 
varying sound speed and density. When supplied with an accurate background model, 
convergence is typically achieved in 2-4 iterations. The background model here is 
supplied by an independent analysis of the reflection event travel time trajectories. 
Analyses on synthetic data show that the ability to resolve fine scale laminations 
depends significantly on the angle range (wave number band, effectively controlled by 
the towing altitude and array length) and frequency band of the data inverted. When 
using a narrow wave number band (beam), for example, sound speed and density 
cannot be independently resolved. An independent shear wave speed and attenuation 
for each layer can be included in the inversion at the expense of a larger, more costly 
SVD.  
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 THROUGH–THE-SENSOR GEOACOUSTIC INVERSION ALONG A 
TOWED HORIZONTAL LINE ARRAY – RESULTS FROM REAL 

DATA SET IN THE MEDITERRANEAN SEA 

Jean-Claude Le Gac 

NURC - Viale San Bartolomeo, 400 – 19126 La Spezia (SP) - Italy 

Fax : +39 0187 527 330 – email: legac@nurc.nato.int 
 
Abstract: The assessment of active sonar performances in shallow water strongly depends 
on the environmental conditions. Of most importance, bottom properties are known to 
strongly affect the forward acoustic propagation and reverberation fields. It is thus 
essential that reliable geoacoustic models of the seabed be available in a given area so 
that sonar performances can be estimated with a reasonable level of confidence. In the 
past decade, several dedicated geoacoustic inversion methodologies have been proposed. 
Based on experimental set-up’s that “probe” the environment in a similar manner to the 
one of sonar systems (in terms of used devices and geometries), they aim at assessing a set 
of seabed parameters that allows to replicate the impact of the true seabed on the 
acoustical field emitted by a sonar. This paper focuses on the so-called through-the-sensor 
(TTS) geoacoustic inversion approach that is based on the inversion of acoustical data 
along a towed horizontal array with matched-field processing techniques. Obviously 
oriented toward an integration onboard operational low frequency active sonar chains, 
proofs of the relevantness of that concept have already been shown in the past. Moreover, 
it has also been demonstrated that such an approach is promising for handling the 
challenging case of range dependent environment. Here, TTS inversion results with 
acoustical signals that span the same frequency band of present operational LFAS (800-
1800 Hz) are presented. The methodology is applied along a known site Southward the 
Sicily Island (Malta Plateau) with experimental data.  

Keywords: Geoacoustic inversion, through-the-sensor, matched field 
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1. INTRODUCTION  

The assessment of active sonar performances in shallow water strongly depends on the 
environmental conditions (water column, sea surface and seabed). So far, considerable 
attention has been paid to develop methodologies for estimating the associated 
environmental parameters. Of most importance, bottom properties are known to strongly 
affect the forward acoustic propagation and reverberation fields. During the past decade, 
the geoacoustic inversion techniques have been shown to provide a set of popular 
methodologies that can provide relevant information of the seabed properties usefull for 
improving the evaluation of sonar performances. Directly integrated within an active sonar 
system (ie. when solely using the acoustic sensors of a given sonar system), they have 
given rise to the “through-the-sensor” (TTS) concept as the acoustic measurements and the 
predictions are linked to the same sonar. Among the proposed geoacoustic inversion 
methodologies, the use of towed horizontal line array together with a low frequency active 
sonar (LFAS) has been presented as a way to handle the difficult case of range dependent 
environment [1][2][3]. 

This paper considers the application of this approach with a data set that the NATO 
Research Center (NURC) acquired during the BASE’04 experiment with an LFAS system 
whose design is close to standard operational systems. 

2. OVERVIEW OF THE BASE’04 EXPERIMENT  

In April-May 2004, the NURC conducted the BASE’04 experiment Southward the 
Sicily Island in the Mediterranean Sea at three different locations: Malta Plateau, 
Adventure Bank and Medina Bank. One of the goals of the experiment was to acquire 
acoustical data sets that would allow  to test the TTS approach. The present paper only 
focuses on the Malta Plateau track. The interested reader is invited to read a companion 
paper [6] presented in the same proceedings for complementary results along the other 
tracks.  

1s-linear frequency modulated sweeps from 800-1800Hz generated by a towed 
acoustical source (with vertical aperture around ±35 ° at -3dB) were  repeated every 60s  
and recorded along a towed horizontal array (HLA). The array is a cardioid one with  84 
triplets equidistantly spaced 42 cm. In this study, only 1 line of the array has been 
considered with  a limited subset of hydrophones (either 21 hydrophones or 5 
hydrophones) . Both source and HLA were towed at around 60 m depth  and horizontally 
separated by around 320m. 

3. INVERSION METHODOLOGY 

The integrated inversion package SAGA [4], based on genetic optimization algorithm 
has been used for this work. Due to the relatively high frequency of the acoustical signals, 
SAGA was employed with the GAMARAY [5] ray model as the core  forward acoustical 
model. As an important matter of fact, the short separation between the source and the 
receivers (few hundreds of meters) allows to proceed to range-independent inversion. This 
provides an efficient inversion tool that allows to perform geoacoustic inversions within 
reasonable time-frames. The algorithm looks for a set of model parameters that minimizes 
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a cost function that measures the mismatch between measured and modelled acoustical 
data. For this work, the mismatch was mainly based on the Bartlett processor coherent in 
frequency and summed incoherently over the receivers given in Eq.(1): 
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where Nr is the number of hydrophones, Nf the number of frequencies, p and q 
respectively the measured and simulated complex pressure fields along the array. 

The inversion algorithm was parametrized in order to simultaneously invert for the 
geometrical parameters of the experiment (depths of the source and the first receiver,  tilt 
of the array, water depth and source–receiver horizontal separation ) and the geoacoustical 
parameters (compressional speeds, attenuation, density and thickness of the sediment layer 
or the basement).  

4. MALTA PLATEAU TRACK INVERSION RESULTS 

The Malta Plateau track was designed along a well known site for which groundtruth 
data have been acquired over several past experiments (see [2] and  references herein). It 
is characterized by an important range dependency of the sedimentological properties. As 
shown on the seismic profile presented in Fig.1, the sediment is composed of an upper 
sediment layer that is known to be a low speed inclusion that gets thinner with range and 
pinches out at 8-9km. An internal reflector with a relatively constant separation of ~20m 
from the water sediment interface can be seen. 

 
(a) (b) 

 

Fig.1: (a) Seismic profile along the Malta Plateau track -  (b) Sediment corings taken in 
the vicinity of the  track 

Interestingly enough, the design of the experiment was close to the one considered in 
the simulation study given in [3]: source and HLA depths around 60m; source-receiver 
horizontal separation of around 320m. In this paper, the authors performed a comparison 
of inversion results obtained with a BOUNDARY 2003 - BASE’04 like set up (relatively 
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high frequency between 850-1850 Hz and short array ~ 35m) and a MAPEX 2000 like set 
up (lower frequencies between 250-750Hz and longer array 250 m). This study showed, 
with simulated data, that the first set up had lower performances to resolve multi-layer 
structure of the seabed than the second one.  

As a consequence, the Malta Plateau track constitutes an excellent test case to assess 
with real experimental data set those conclusions. Moreover, as a well documented area, it 
also provides the opportunity to compare results of inversions with different settings of the 
inversion algorithm. As a matter of interest, a blind inversion point of view has also been 
considered in order to propose the basis of a blind supervised inversion strategy that could 
fit the constraints of an operational ASW scenario during which nearly real-time 
inversions results and assessment of the quality of the inversion results are required.  

4.1. Resolving multi-layer seabed structure  

Within the context of a blind inversion strategy, it is thought that a pragmatic approach 
of the inversion problem may consist in looking for the seabed structure by iterative steps 
until a “sufficient” match is obtained. As a first approach, ignoring the groundtruth that we 
had along the Malta Plateau track, the seabed model has been constrained to be looked for 
under 4 different forms: semi-infinite fluid half space with a water depth constrained to be 
around the true bathymetry, semi-infinite fluid half space with free water depth, single 
sediment layer over a semi-infinite basement and two sediment layers above a semi-
infinite fluid half space. In the following sections, they will be referenced as respectively, 
SemiInfinite-WD Constrained, SemiInfinite-WD Unconstrained, 1-Layer and 2-Layer 
models. In the following section, the results have been obtained by down-sampling the 
available data: only 21 hydrophones over the 84  of the HLA and a frequency sampling of 
50Hz between 850-1750 Hz have been taken into account. This configuration will be 
referenced as the dense array configuration in the following sections. A total of 61 pings 
all along track (1 ping every minute) have been inverted. 

 
In Fig.2, the lowest values of the cost function after inversion for all pings and the four 

types of inversions are presented. The Bartlett processor provides a value between 0 and 1, 
0 meaning a perfect match between simulation and measurements. Globally, the 1-Layer 
model gives rise to the best matches. Importantly, for ranges below 6.5 km, the 
SemiInfinite-WD constrained has  much higher level of mismatch than the three others 
that have all rather close cost function values. Beyond 6.5 km, the match is rather similar 
with all the inversions.  

 

 
Fig.2: Final best match values after inversion  for the 4 inverted models and the 61 pings. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

206



 

Fig.3 shows a stack of the best ping-to-ping inversions obtained all along track. 
Noticeably, the two semi-infinite models (a)-(b) characterize the same interface beyond 
6.5 km (ie. the first internal reflector). Indeed, beyond 6.5km, for the SemiInfinite-WD 
constrained model, the inversion algorithm was allowed to look for the water depth in a 
depth interval that included the true bathymetry and the first internal reflector. As a result 
of the low compressional speed characteristics of the upper-layer, the upper sediment is 
nearly acoustically transparent. When leaving free the inversion algorithm to look for the 
water depth (SemiInfinite-WD unconstrained), this one finds the buried interface that has 
a highest impedance contrast than the water-seabed interface. 

As for the 1-Layer model (c), it can be noticed how remarkably the inversion algorithm 
manages to follow the seabed interface and the first internal layer. Few pings beyond 
6.5km, are found to match the basement interface which tends to prove that the acoustical 
data convey some information about this one. 

 Analysing the 2–Layer model, it can be seen that the first internal interface is also 
pretty well inverted. Some apparent variability can be seen at the end of the track: as the 
seabed structure is constrained to be composed of 2 sediment layers, a fictive internal 
layer is found as an artefact of the initial parametrization of the inverse problem. In reality, 
acoustical properties of both upper layers are close one from the other (see Fig.3), 
resulting in an actual single layer. As for the basement interface, its inversion is a little bit 
more variable, explicitly showing a limited but still existing sensitivity of the inversion to 
that layer.  

Finally, it can be noticed that within the scope of a blind inversion scenario, the 
“fusion” of both SemiInfinite inversions could have led a supervisor to guess the existence 
of an internal layer. Indeed stacking the ping-to-ping inversions of the SemiInfinite – WD 
Unconstrained  model gives rise to a rather smooth interface with little variability that 
looks like “natural” . 

 
(a) (b) 

(c) (d) 

Fig.3: Inverted seabed structure-  (a): SemiInfinite- WD constrained  -  (b): SemiInfinite- 
WD unconstrained-  (c) 1–Layer – (d) 2-Layer 
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Fig.4 provides the inverted geoacoustic parameters of each sediment layer. Due to the 
known lack of sensitivity of the inversion to some of the parameters, the seabed structure 
has been simplified for some of them. For example, a unique density value has been 
searched for all of the layers for the 1-Layer and the 2-Layer models. The same idea has 
been applied for the attenuation of the second layer and the basement for the 2-Layer 
model. The compressionnal speeds obtained for the upper sediment layers and the 
basement of the 1-Layer and the 2-layer models are in rather good agreement with 
previous geoacoustic inversion results [1][2] obtained along the same track, or the 
available ground truthing data. Anyway as shown in [3], the compressional speed of the 
basement could be overestimated, and should thus be taken as it is, ie. as an effective 
parameter of the seabed properties that enables afterwards the acoustical model to 
replicate the acoustical pressure field at short ranges along the HLA. 

 
(a) (b) 

(c) (d) 

Fig.4: Inverted geoacoustic parameters. The same codes of colours as those of Fig.3 have 
been used. For a given colour, the geoacoustic parameters are the ones of the sediment 
layer below the interface of the same colour in Fig.3. Bold  curves correspond to mean 
ping-to-ping  filtered results of the inversion. Raw ping-to-ping inversion results are 
shown by the thin lines.   (a): SemiInfinite- WD constrained  -  (b): SemiInfinite- WD 
unconstrained -  (c) 1–Layer – (d) 2-Layer 

4.2. Using a sparse array configuration 

A similar analysis has also been performed using a sparse array configuration limited to  
5 hydrophones (instead of 21) and a denser frequency sampling (1Hz). Interestingly, one 
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should note that Eq.(1) is equivalent in the frequency domain to the standard matched-
filter processor. The relevantness for geoacoustic inversion purposes of model-based 
matched filter (MBMF) inversion techniques in the time-domain with sparse vertical 
arrays or horizontal array has been demonstrated. By applying a 1Hz frequency sampling 
in Eq.(1), the standard MBMF approach and the one used in the present study should thus 
be rather equivalent since the 1Hz frequency sampling would  result in a time gating of 1s 
in the time domain. This is far sufficient to catch the whole tail of the waveguide’s 
impulse response. Fig. 5 presents the results of the inversion. Once again, below 6.5km it 
can be noticed a remarkable match between the inverted seabed structure and the seismic 
profile, as well as an excellent agreement between the geoacoustic parameters inverted 
that way or those obtained with a dense array configuration (see section 4.1). Beyond 6.5 
km, an apparent variability of the seabed internal layer can be observed. A careful analysis 
of the inverted seabed structure  and the inverted parameters shows that, this variability is 
most of the time due either to the fact that the basement is correctly determined, or to an 
artefact of the initial parametrization of the inverse problem (ie. for some of the pings, the 
geoacoustical properties below both inverted interfaces are similar, which means that both 
sediment  layers can be fused in a single one). 

Fig.5: 1-Layer inversion using a sparse horizontal line array configuration.    

4.3. Using other Bartlett processor  

Coming back to a dense array configuration, two other types of Bartlett processors (Eq. 
(2) - coherent in range –incoherent in frequency) and (Eq. (3) coherent in both range and 
frequencies) have also been tested. Except for very few pings and quite surprisingly, only 
slight differences could be seen in the inversion results (not shown here).  
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5. SUMMARY 

This study has shown the ability of the TTS concept to robustly and trustworthly assess 
the local seabed geoacoustical properties of a multi-layer and range dependent 
environment of the Malta Plateau. Results have shown that consistent results could be 
obtained by inverting for relatively high frequency (850-1750 Hz) acoustical data acquired 
along a short array (~35m).  Different settings of the inversion algorithm have been tested 
and have shown similar results. Applied in a blind inversion context and thanks to the 
rather smooth shape of the found internal interfaces, it appears that, reasonably,  a ping-to-
ping supervised analysis of the inversion results would have led an advertised operator to 
successfully guess the seabed structure and its main geoacoustical properties.  
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Abstract: A premise of reverberation inversion is that one can separate geoacoustic 
reflection properties from scattering properties since their effects on reverberation are 
distinguishable. Some doubt has been cast on this premise in the case of long range 
reverberation by the fact that simple theory suggests that the two are inseparable for many 
scattering laws, even in a refracting environment. Instead a recent paper [Harrison, C.H., 
Nielsen, P.L., J. Acoust. Soc. Am., 121, 108-119, (2007)] has shown that by modifying the 
directionality of the source or receiver one can effectively alter the propagation in situ whilst 
leaving the scattering law unchanged. In particular, using a dipole directivity results in a 
different dependence of reverberation on range, and therefore provides an additional 
measurement. Dividing this ‘dipole reverberation’ by the usual ‘monopole reverberation’ 
yields a quantity that clearly does not depend on the strength of the scattering (although it 
does depend on its angle behaviour). One can therefore separate geoacoustic and scattering 
properties. This idea has been tested on experimental data and could, in principle be applied 
to dipole-steered horizontal triplet arrays. 

Keywords: Reverberation, inversion, scattering, reflection. 
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1. INTRODUCTION 

The idea of simultaneously separating out reflection and scattering properties from 
reverberation has developed over 15 years or so and there is a substantial literature, see [1-4]. 
It has potentially important consequences for sonar performance since it can make predictions 
not only of both types of seabed property but predictions over a large area at considerable 
range from the source ship.  

At first sight one might expect the effects of scattering strength and boundary reflection to 
be quite distinct and separable since the first is a simple multiplier while the second, one 
might think, produces a decay in range. However an earlier paper [5] considered isovelocity 
water combined with Lambert’s law and showed, by using analytical techniques, that beyond 
a certain range, within the so-called mode-stripping region, no such separation should be 
possible since the reverberation intensity was proportional to 32 −− rμα where μ is the Lambert 
constant, α is the reflection derivative with angle (for small angles), and r is reverberation 
range (i.e. corrected travel time). In other words, in this limit, one could only determine μα−2, 
not μ and α separately.  

The formulas for the isovelocity case were extended to uniform sound speed gradient [6,7] 
and showed a more complicated behaviour with respect to α  and μ although the tendency to 
inseparability was still manifest. Harrison and Nielsen [8] demonstrated that even with a 
uniform sound speed gradient an increase in μ can be approximately matched by changing α, 
and exactly matched by changing α and the sound speed gradient c' at the same time. The 
main point of this paper is to suggest an alternative and in Section 3 we propose a way of 
separating μ and α , still from measurements of reverberation alone, even at long range and 
possibly a single ping, depending on configuration. Because the propagation is directly 
dependent on the angle distribution of the multipath rays (or modes) it is affected not only by 
the scattering law (or kernel) angle dependence but also by the directivity of the source and 
receiver. Thus by changing one or both of these directivities one can modify the propagation 
range dependence in situ, and the result is a modified reverberation. Given a measurement of 
‘conventional’ reverberation with a point source and receiver, and a measurement of 
‘modified’ reverberation with some given directivity one can deduce α alone from the 
relative range laws.  

Finally some experimental demonstrations with a steered line array are given in Section 4, 
and the reflection and scattering parameters extracted. The resulting values of α agree with 
other estimates and the μ is within expected bounds. 

2. LAMBERT REVERBERATION WITH MONOPOLE SOURCE AND RECEIVER 

Treating the eigenrays or modes as a continuum in angle their angle distribution is 
Gaussian and they decay exponentially with range. A formula for isovelocity reverberation is 
[5] 
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where μ is the Lambert constant, α is related to the derivative of reflection loss with angle 
αdB (dB/rad) through (e))log10/( 10dBαα = , θc is critical angle, H and r are water depth and 
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range, Φ is the horizontal beam width, and p is the spatial pulse length p = c tp /2. At long 
range this becomes 

32 r
pI

α
μΦ

=  (2) 

and at short range, expanding the exponential to first order, we have 
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The transition from short- to long-range occurs when the exponential term becomes 
negligible.  
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The inseparability of μ and α at long range is seen explicitly in Eq. (2) where reverberation 
depends on μ /α2.  

3. MODIFIED REVERBERATION – LAMBERT WITH DIPOLE SOURCE AND 
RECEIVER 

One might expect that during any one experiment in one locality the scattering law and the 
propagation would be given and fixed, therefore one has no control over the reverberation. In 
fact there are various controls, for instance, in a refracting environment the source and 
receiver depth alter the results. Similarly placing either source or receiver near the sea surface 
creates a dipole directionality which alters the propagation by introducing an extra square-of-
grazing-angle term in one or both of the outward and return angle integrals. In general, the 
waveguide imposes a near-Gaussian angle distribution which is multiplied by the directivities 
at the two ends of each propagation leg, i.e. source and scatterer for outward, and scatterer 
and receiver for return. There are therefore many ways one could alter the propagation 
integral in situ given the locally fixed scattering law.  

Harrison and Nielsen [8] investigated three possibilities, all involving some vertical 
aperture, reverting to the isovelocity environment for simplicity. Here we consider a source 
(or receiver) with a vertical dipole beam pattern. To track the changes we note that Eq. (1) 
could have been written in terms of the outward and return integrals LO, LR as 
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We now leave LO unchanged and calculate the new LR as required. Introducing the shorthand  

H
r

X c
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we write LR as  

( )Xc
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2

2θ
 (8) 

Assuming the dipole to be composed of two unit monopoles a distance z apart, there is a gain 
factor of k2z2sin2θ which we approximate as k2z2θ 2. 
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Thus the ratio of dipole to monopole reverberation F is 
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For long range (X > 1) 

r
HzkF

α
222=  (11) 

For short range  (X < 1) 
2/222

czkF θ=  (12) 

 
Fig. 1. Various reverberations: Monopole reverberation from closed-form solution (dotted 

black) and C-SNAP (thick grey); dipole reverberation from closed-form (solid black) and C-
SNAP (thick grey); horizontal beam closed-form (dash black); tilted beam closed-form (dash-

dot black). 

The full behaviour is shown as the solid black line in Fig. 1 (suppressing the k2z2 term) for 
the baseline parameters (H = 100m, μ = 10 –2.7, αdB = 4 dB/rad, θc = 20°) and compared with 
conventional monopole reverberation (dotted line). The equivalent ratio F is shown in Fig. 2. 
The most important point is that because of Eq.(11) the range dependence is completely 
altered in a very simple way at long ranges. In fact, the ratio of this modified reverberation to 
conventional reverberation F is independent of μ at all ranges, as is clear in Eq.(10). If we 
plot r × F as shown in Fig. 3 we expect a long range plateau with value 2H/α. This means 
that if one measures monopole and dipole reverberation then α and μ are separable after all. 
In fact in this example the value of the plateau is 23.37 dB which leads to αdB = 3.9977 
dB/rad and agrees with the input value. Having separated α one can deduce μ from long 
range monopole reverberation. Numerical confirmation of these findings for the monopole 
and dipole  (using C-SNAP) is shown by the thick grey lines in Fig. 1 for the same 
parameters. Agreement is excellent. 

The implications of adding extra information to a standard search inversion technique 
were investigated in [8]. First by examining a cost function using C-SNAP it was 
demonstrated that application of standard inversion techniques to conventional reverberation 
alone yielded poor estimates of α and μ . A dramatic improvement resulted from use of a 
joint cost function based on the two reverberation measurements. One could also argue from 
the point of view of Fig. 3 that there is no longer a need for a search at all. 
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Fig. 2. The closed-form ratio of the quantities in Fig. (1) to monopole reverberation (i.e. F). 

Monopole (dotted); dipole(solid); horizontal beam (dash); tilted beam (dash-dot). 

 
Fig. 3. The reverberation ratio multiplied by range (i.e. F × r) showing the plateau at long 

range. 

4. EXPERIMENTAL DETERMINATION OF α FROM REVERBERATION RATIO 

Here we use data gathered with a vertical array (VLA) to mimic a sine-squared beam since 
all beams are known. Of course, in this case, one could treat each vertical beam as a tilted 
beam, but the simplicity of the dipole formulas and the appeal of a dipole or triplet array 
compels us to demonstrate that approach. The data were collected at three sites on the Malta 
Plateau during BOUNDARY2003 (8th July 2003) and BOUNDARY2004 (17th and 20th May 
2004). Each set consists essentially of monostatic reverberation on a gradual slope with the 
source and array in about 150 m water depth but with returns from water shallowing to about 
80 m over some tens of kilometres. Given the smoothed beam responses it is an easy matter 
to sum over angles (monopole) or alternatively multiply by sin2(θ) then sum (dipole). The 
match-filtered response for the three dates extending out to about 25 km are shown in Figs. 
4(a, b, c), and these can be compared with Fig. 1. The spike near 10 km on the 8th and the 20th 
is the Campo Vega oil rig and tender. From approximately 1 to 25 km in all cases one can see 
the expected divergence of the monopole and dipole curves. The weaker dipole curves tend to 
flatten off into ambient noise at a shorter range. 

The equivalent of Fig. 3 for all cases is shown in Fig. 5. Now one can clearly see the 
effects of ambient noise beyond about 10 km, and the fall-off at short range, leaving a plateau 
in the middle at 23, 21, 21 dB respectively. If a flat bottom and Lambert’s law were assumed 
with corresponding depths of 149, 143, 165 m we would arrive at α values of 1.49, 2.27, 2.62 
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rad–1. Allowing for the fact that the dominant reverberation is from the shallow side of the 
array a more realistic average depth would be 100m, so the values of α would reduce to 1.00, 
1.58,1.58 rad–1. 

  

 
Fig. 4. Monopole (solid) and dipole (dashed) reverberation on the Malta Plateau for (a) 8th 

July 2003, (b) 17th May 2004, (c) 20th May 2004. 

 
Fig. 5. The ratio of dipole to monopole reverberation multiplied by range for 8th July 2003 

(solid), 17th May 2004 (dashed), 20th May 2004 (dash-dot). 

Inserting α = 1.1 rad–1 into Eq. (1) and taking the monopole reverberation value of 68 dB 
at range 10 km, with Φ = 2π, p = 1.87 m (1.25 ms pulse), and vertical beam width 3.5°, we 
find μ = – 33 dB. This value is close to other measurements for the area for which there is a 
wide spread, and of course this evaluation depends on the sonar calibration, unlike the 
evaluation of α. In addition, for comparison purposes, long range measurements of μ that are 
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immune from propagation uncertainty are hard to come by for the reasons central to this 
paper. 

5. CONCLUSIONS 

This paper has proposed an alternative geoacoustic inversion technique in which the 
reverberation is deliberately modified by biasing the propagation angles through a source or 
receiver beam (e.g. dipole), thus providing two separate measures of reverberation. The 
relative behaviour of these two measures then provides the required separability between 
scattering and geoacoustic parameters. The dipole reverberation combined with monopole 
(conventional) reverberation leads to some surprisingly powerful, simple, and robust results. 
For instance, from the ratio at long range we can find α directly and independently of other 
parameters (other than water depth). Having found α one can then deduce μ . The short range 
ratio is sensitive to critical angle and insensitive to μ and α. These deductions were 
confirmed [8] using a modified version of C-SNAP. The approach is robust to refraction and 
the derived α is relatively insensitive to the assumed scattering law. Separability of α and μ 
was demonstrated with experimental reverberation data from a vertical array. It ought also to 
be possible with a towed horizontal triplet array steered as a vertical dipole or monopole. 
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Abstract: Over the past two years the capabilities of adjoint-based inversion have been
explored for applications both in geoacoustic inversion and shallow water acoustic tomog-
raphy. Starting from conceptual studies based on the principles of optimal control the-
ory the performance of adjoint modeling has been constantly improved to more realistic
scenarios ever since. In particular, the potential of semi-automatic generation of the
multiple-frequency wide-angle adjoint PE has been assessed in several case studies based
on environmental data obtained in Mediterranean shallow waters and recently the ap-
proach has been extended for use with acoustic particle velocity fields. In preparation of
the forthcoming Maritime Rapid Environmental Assessment sea trials (MREA07) that
will be conducted in the same area as the earlier Yellow Shark experiment (YS94), this
paper re-examines the original YS94 data set from the viewpoint of variational data in-
version using a semi-automatic adjoint approach.

Keywords: Adjoint modelling, optimal control, parabolic approximation.
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1. INTRODUCTION

In the last couple of years the capabilities of the adjoint method of optimal control have
been investigated for applications both in geoacoustic inversion and shallow water acous-
tic tomography [1–6]. Starting from an analytical formulation of the multiple-frequency
adjoint approach based on the standard parabolic equation (SPE), the formalism has been
recently extended for the wide angle parabolic equation (WAPE) and semi-automatic ad-
joint generation via modular graph technique [4–6]. The adjoint approach has thus been
progressively tailored to realistic propagation models and the treatment of fully nonlo-
cal impedance boundary conditions (NLBC) allowing direct inversion of the geoacoustic
parameters embedded therein.

So far the potential of adjoint-based inversion in ocean acoustic applications has been
successfully demonstrated for least-squares cost functions that quantify the mismatch
between the measurements and a modelled replica field. While the measurements in
these feasibility tests are typically synthesized with the forward model using the true
model parameters, demonstrations of adjoint modelling with real data are still lacking.

In preparation of the forthcoming Maritime Rapid Environmental Assessment sea trials
(MREA07) that will be conducted in the same area as the earlier Yellow Shark experiments
(YS94) [7], this paper discusses the application of the semi-automatic adjoint approach
in [6] to the real data from the YS94 experiment.

To begin with, Section 2 briefly introduces the WAPE model and the NLBC according
to Yevick and Thomson. The section further addresses the choice of an adequate cost
function and introduces the multi-tone maximum likelihood cost function proposed by
Hermand and Gerstoft for the original meta-heuristic inversion in [7]. Section 3 starts
with a short description of the YS94 environment and presents the results of a test in-
version where the spatial correlation matrix in the maximum likelihood cost function is
generated with synthetic data obtained with the WAPE. Following this proof-of-concept,
first validations of the adjoint-generated environmental gradients using the real data from
the 9 km transect during the YS94 experiment conclude the paper.

2. ADJOINT-BASED OPTIMIZATION

The forward model that is chosen to demonstrate the adjoint-based inversion for real
data applications is the wide-angle parabolic equation due to [8]. For a stratified ocean
medium with varying density ρ(z), sound speed c(z) and absorption loss α(z) underwater
acoustic propagation can be described with the wide angle PE model as⎧⎪⎪⎪⎪⎪⎪⎨

⎪⎪⎪⎪⎪⎪⎩

2ik0

(
1 + 1

4
(N2 − 1)

)
∂ψ
∂r

+ ρ ∂
∂z

(
ρ−1 ∂ψ

∂z

)
+ i

2k0
ρ ∂
∂z

(
ρ−1 ∂2ψ

∂z∂r

)
+ k2

0(N
2 − 1)ψ = 0

ψ(r, z = 0) = 0
ψ(r = 0, z) = S(z)

NLBC
[
∂
∂z

− iβ
]
ψ(z)

∣∣∣
z=H

= iβ
∑

j g1,jψj(z)
∣∣∣
z=H

(1)

where k0 = ω/c0 is a reference wavenumber, N(z) = n(z)[1+iα(z)] and n(z) = c0/c(z) the
refractive index, S(z) is an analytical source term and NLBC denotes the nonlocal bound-
ary condition at the bottom. For convenience Yevick and Thomson’s original notation for
the NLBC [9]

[
∂

∂z
− iβ

]
ψ[(L+ 1)Δr, zb] = iβ

L+1∑
j=1

g1,jψ[(L+ 1 − j)Δr, zb] (2)

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

220



with convolution coefficients g1,j and parameter β as in [5] is simplified here by dropping
the range coordinate and using ψj(zb) = ψ[(L + 1 − j)Δr, zb]. In adjoint-based inver-
sion typically least squares cost functions are used to quantify the mismatch between
the observations and the modelled field. If the environment is described by the model
vector m, j = 1, 2, · · · ,M the cost function J is a function of predicted (replica) field
vectors ψ(m, ω) and the measurements ψobs, l across an N -element vertical array at the
frequencies ω l, l = 1, 2, · · · , L

J(m) =
L∑
l=1

1

2

[
(ψ(m, ω l) −ψobs, l)T C−1

l (ψ(m, ω l) −ψobs, l)
]
. (3)

For convenience additional penalization terms are omitted here, more details on the reg-
ularization of adjoint-based inversion can be found in [5; 6]. Prior knowledge of the error
statistics of measurement and model results, if available, can be incorporated in Eq. (3)
in the form of covariance matrix C. Under the simplifying assumption of uncorrelated
uncertainties, i.e., with a diagonal covariance matrix C, the individual terms in Eq. (3)
are weighted by the inverse of variances σii on the diagonal of C.

Given the functional J(m) = J(ψ(m)) the adjoint method provides an elegant math-
ematical means to calculate exact gradients ∇mJ of the cost function to be optimized.
With these adjoint-generated environmental gradients the cost function can be efficiently
minimized with respect to the model parameters m using gradient descent methods such
as Newton-type techniques for large-scale unconstrained optimization. As a local method,
the adjoint approach is particularly attractive for data assimilation problems where rough
a priori estimates of the control parameters are available from the previous time step.
This can be especially useful for monitoring slowly time varying environments where the
adjoint-based optimization can be used to track the solution over time or range.

In the past the concept of adjoint-based inversion has been demonstrated for cost func-
tions similar to Eq. (3), where the observations ψobs, l were synthesized with the forward
model using the true model parameters. As a recent example, joint geoacoustic inversion
with simultaneous sound speed adjustment in the water column using the semi-automatic
adjoint approach has been shown in [10] for a case study based on YS94 environmental
data. For the processing of the real data from the YS94 experiment however, cost function
Eq. (3) in its current form is not applicable. For the original multi-tone meta-heuristic
inversion Hermand and Gerstoft proposed a maximum likelihood objective function [7].
Under simplifying assumptions about signal and noise a generalized maximum likelihood
estimate of the model vector m is obtained therein by minimizing

J(m) =
1

L

L∏
l=1

[
trR̂(ω l) − ψ†(m, ω l)R̂(ω l)ψ(m, ω l)

ψ†ψ

]
, (4)

where tr is the trace operator, † is the Hermitian transpose operator and R(ω) are the
measured spatial correlation matrices at the frequencies ω l, l = 1, 2, · · · , L. The objective
function in Eq. (4) is related to the linear (Bartlett) processor ψ†Rψ. It has been found,
that the product over the different source frequencies in Eq. (4) provides a good maximum
likelihood estimate for the case of unknown and frequency dependent noise. Summing
over the frequencies is more appropriate if the noise is assumed Gaussian with known or
constant mean [7].

In the adjoint formalism the cost function can be generally regarded as part of the
forward problem and hence, a change in the cost function from Eq. (3) to (4) clearly
necessitates the re-derivation of the adjoint WAPE system. With the modular graph
approach and the semi-automatic adjoint generation the implementation of cost function
Eq. (4) and the respective adjoint derivation is readily accomplished. For a detailed
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technical description of the modular decomposition of the WAPE propagation model and
the respective adjoint calculation using a gradient backpropagation scheme we refer to [6].
In the following we will focus on the application of the resulting semi-automatic inversion
approach to the real data from the YS94 experiment.

3. SOUTH ELBA ENVIRONMENT

The potential of semi-automatic generation of the multiple-frequency WAPE has been
already assessed in several case studies based on environmental data obtained in Mediter-
ranean shallow waters. In preparation of the forthcoming MREA07 sea trials that will be
conducted in the same area as the earlier YS94 experiment, this section re-examines the
original YS94 data set from the viewpoint of variational data inversion.

The environmental data and the experimental setup of the YS94 experiments are used
as defined in [11] and will be referred to in the following as “YS94 reference environment”.
The bottom acoustic properties consist of a 7.5-m thick clay layer with a compression-
speed gradient (ρclay = 1.5 g cm−3, cclay = 1470 m s−1, gclay = 2 s−1, αclay = 0.03 dB λ−1),
and a homogeneous fluid halfspace modeling a silty-clay sediment (ρsilt = 1.8 g cm−3,
csilt = 1530 m s−1, αsilt = 0.15 dB λ−1). The ensemble average of of all SSP profiles
measured along the experiment transect during the acoustic transmission is taken here as
the true profile. The inversion is carried out jointly across 7 different source frequencies
{200, 250, 315, 400, 500, 630, 800 Hz} and the field is sampled on a vertical receiver array
(VRA) at a range of 9 km. A partial water column spanning VRA is used with 32
hydrophones, equi-distantly spaced at depths between 37.2–99.2 m with a water depth of
113.1 m.

As a proof of concept the performance of the adjoint WAPE system obtained for cost
function Eq. (4) will be assessed first with a synthesized spatial correlation matrix R(ω).
For this purpose the time signal used by Hermand and Gerstoft to generate the correlation
matrix at each frequency is replaced by a signal x(t) reconstructed with the WAPE.
Following [7] the signal is segmented into K = 17 frames of duration T = 0.667 s and
each time frame is Fourier transformed using the multiple-windows technique described
in [12]

xk,p(ω) = F [
ν(p)(T,W )x(t+ kT )

]
, (5)

where ν(p)(T,W ) is a set of P = 4 orthonormal tapers constructed as Slepian processes.
The synthetic correlation matrix R is then estimated at each tone frequency ω l as the
ensemble average

R̂(ω l) =
1

KP

K∑
k=1

P−1∑
p=0

xk,p(ω l)x
†
k,p(ω l) (6)

with KP = 68.
To simplify the test inversion a source-receiver range of 1 km is assumed for this proof of

concept. The model vector m in this case is of dimension M = 3 and contains the three
most sensitive parameters, bottom sound speed csilt, layer sound speed cclay and layer
depth Δzclay. Since the cost function Eq. (4) does not include the absolute or relative
levels of the frequency-dependent transmission loss (TL), the two attenuations were not
found very sensitive parameters [7]. Hermand and Holland also observed a relatively low
sensitivity for the two densities due to the low grazing experiment As a consequence these
parameters are kept fixed at the reference values defined above.

To start the inversion process we initialize the acoustic parameters of the clay layer
with cclay = 1480 m s−1, and Δzclay = 6.5 m and choose for the bottom halfspace a speed
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Figure 1: 3-parameter inversion results obtained with the cost function in Eq. (4) where
the spatial correlation matrices R(ω) are generated with synthetic data obtained with the
WAPE at range R = 1 km using environmental data and the experimental setup of the
YS94 experiments. The estimated parameters (csilt, cclay,Δzclay) are shown as a function
of iteration step; all other parameters are kept fixed at the reference values defined in [11].

of csilt = 1522 m s−1. The adjoint-generated environmental gradient ∇mJ is used in com-
bination with a quasi-Newton gradient technique for constrained optimization. Figure 1
shows the evolution of the three parameters during the adjoint-based inversion process.
Upon completion of the inversion after approximately 30 iterations all three parameters
(csilt, cclay,Δzclay) are retrieved correctly. A general parameter hierarchy manifests during
the optimization process which reflects the relative sensitivities of the acoustic field to
the physical parameters: the sound speed in the halfspace bottom csilt converges first
at iteration 10 whereas the pair of the two sediment parameters (cclay,Δzclay) is found
towards the end of the inversion.

3.1. Validation with real data

Following the proof of concept described in the previous section, we will now substitute
the synthesized correlation matrices R(ω) with the real data cross correlation matrices
from the YS94 experiment and consider the 9 km transsect. As a first step a two-parameter
inversion is considered where the layer thickness Δzclay is kept fixed. This is beneficial
for illustration purposes and allows the (csilt, cclay) ambiguity surface to be computed by
means of grid search. Figure 2 overlays the ambiguity surface with the adjoint-based
inversion process. The initial solution is marked with ’ o’, intermediate steps during the
inversion process and the final solution are indicated by ’Δ’ and ’ x’, respectively. The final
solution is found in good agreement with the grid search. Note that the bottom sound
speed is slightly lower than the idealized reference value of 1530 m s−1 defined in [11], which
is in good agreement with the results obtained by Hermand and Gerstoft. In a second step
the layer thickness is again included in the search space in order to repeat the 3-parameter
inversion introduced in the previous section. The initial conditions are identical to the
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Figure 2: Ambiguity surface of the two sound speeds (cclay, csilt) with the adjoint-based
optimization process overlaid. The inversion is based on the cost function in Eq. (4) for
the 9 km run with the real data from the YS94 experiment; initial and final point of the
inversion process are indicated with ’ ◦’ and ’×’, respectively. All other parameters are
kept fixed at the reference values defined in [11].

synthetic data case, i.e., cclay = 1480 m s−1, Δzclay = 6.5 m and csilt = 1522 m s−1.
Figure 3 shows the estimated parameters (csilt, cclay,Δzclay) as a function of iteration
step. In comparison with Fig. 1 the same parameter hierarchy can be observed, the sound
speed in the halfspace bottom csilt converges first before the two sediment parameters
(cclay,Δzclay). Clearly the difference between synthetic and real data inversion and the
change in receiver range from 1 to 9 km cause a significant increase in the required number
of iterations. For a better visualization Fig, 4 shows a plot of the (cclay,Δzclay) ambiguity
surface calculated at csilt = 1527 m s−1 together with a projection of the adjoint-based
inversion process onto this plane.

4. CONCLUSION

In this paper we have presented a real-data application of the semi-automatic WAPE
adjoint-based inversion method that allows for the inversion of the geoacoustic parameters
that are embedded in a discrete representation of nonlocal boundary conditions at the
water-sediment interface. Following the implementation of a maximum-likelihood cost
function as proposed in [7] and a test inversion with synthesized spatial correlation ma-
trices, first validations of the adjoint-based gradients are shown for the YS94 data from
the 9 km transsect. Convergence plots of the local gradient-based optimization approach
are illustrated on 2-dimensional ambiguity surfaces.
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Figure 3: 3-parameter inversion results obtained with the cost function in Eq. (4) for
the 9 km run with the real data from the YS94 experiment. The estimated parameters
(csilt, cclay,Δzclay) are shown as a function of iteration step; all other parameters are kept
fixed at the reference values defined in [11].
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Figure 4: Ambiguity surface of the layer sound speed and depth (cclay,Δzclay) calculated
with the cost function in Eq. (4) at csilt = 1527 m/s for the 9 km run of the YS94
experiment. The adjoint-based optimization process for (csilt, cclay,Δzclay) is projected onto
the csilt = 1527-m/s plane; initial and final points of the inversion process are marked with
’ ◦’ and ’×’. All other parameters are kept fixed at the reference values defined in [11].
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GEOACOUSTIC ADJOINT-BASED INVERSION FOR THE
PARABOLIC EQUATION WITH A NEUMANN TO

DIRICHLET MAP BOTTOM BOUNDARY CONDITION

John S. Papadakisac, Jean–Pierre Hermandb, Evangelia T. Flouria,
and Matthias Meyerb

a Institute of Applied and Computational Mathematics, Foundation for Research and Technology–
Hellas, P.O. Box 1385, 71110 Heraklion, Crete, Greece
c Department of Mathematics, University of Crete, Heraklion, Crete, Greece
b Department of Physics and Mathematics, Universit libre de Bruxelles, Environmental Hydroa-
coustics Laboratory, Avenue Franklin D. Roosevelt, 50 - CP 194/05, B-1050 Brussels, Belgium and
The Royal Netherlands Naval College, P. O. Box 10000, 1780 CA Den Helder, The Netherlands

Abstract: The acoustic propagation problem in the ocean is modeled via the parabolic approxi-
mation and the bottom boundary condition is of the form of a Neumann to Dirichlet map (NtD).
In this paper, an optimal control method is exhibited using the adjoint operator for recovering the
density, sound speed and attenuation of the bottom. The method is applied to several test cases
and a satisfactory convergence of the inversion scheme is exhibited. This inversion method can
be extended to other forms of DtN or NtD maps.

Keywords: geoacoustic inversions
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1 INTRODUCTION

In this paper the acoustic propagation is modeled by the wide angle parabolic equation (WAPE)
and an optimal control adjoint method is developed which leads to the recovering of the sound
speed, density and attenuation of the bottom region, given a set of acoustic observations along a
vertical array.

The parabolic approximation to the Helholtz’s equation was initially introduced to the ocean
acoustics by F. D. Tappert [1] in the early seventies. Since then, several higher order[2],[3]
parabolic approximations have been developed and successfully applied to the underwater acoustic
propagation.

Optimal control adjoint methods[4],[5],[7],[8] for the standard parabolic equation, and WAPE
have been recently applied for geoacoustic inversions in shallow water . The idea in these adjoint
applications is to produce the necessary corrections to the respective model inputs that caused
mismatches between the observations and model predictions by using the adjoint of the parabolic
direct model. The basic tool for these methods are non–local boundary conditions[2] along the
water–sediment interface which play the role of control parameters and the optimization leads
to the correct bottom boundary condition, i.e. they lead to an acoustically equivalent bottom
medium.

Alternatively, techniques based on matched field processing[9],[10] have been successfully ap-
plied in geoacoustic inversions, during the last decade.

In the present approach, the inversion recovers directly the true bottom i.e. the density, sound
speed and attenuation of the sediment. The non–local boundary conditions used were developed in
Refs. [11], [12], [13] and have the form of a convolution integral. Non–local boundary conditions
in the form of a convolution integral are called, Neumann to Dirichlet (NtD), or Dirichlet to
Neumann (DtN) maps.

This approach was first introduced in Ref. [6] where inversions were exhibited only for the
sound speed and density of the bottom, while the attenuation was assumed to be known. In the
present paper a new cost function is introduced which is independent of phase errors and the
inversion follows the adjoint optimal control methodology, the controls being the density, sound
speed and attenuation of the bottom.

2 THE WAPE BOUNDARY VALUE PROBLEM

In the sequel a two dimensional (azimuthal symmetry) ocean is considered with horizontal, surface
(z = 0) and bottom (z = H), boundaries.

The acoustic mathematical model used is the Wide Angle PE (WAPE) due to Claerbout[15].
The sound speed is denoted by c(r, z) varying in both range r and depth z in the water column
(0 ≤ z ≤ H), and constant c = cB inside the bottom (z ≥ H). The density of the water column
is ρw and of the bottom ρB. The index of refraction is n(r, z) = c0/c(r, z) in the water. For the
index of refraction in the bottom we have

n2
B =

(
c0

cB

)2
(

1 + i
βB

27.287527

)
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where βB is the bottom attenuation. By k0 we denote k0 = 2πf/c0, where f is the frequency of
the source.

The well posed boundary valued problem modeling the acoustic propagation is written in the
operator form

Lu = 2ik0

[
1 +

1

4
(n2 − 1)

]
ur + uzz + k2

0(n
2 − 1)u +

i

2k0

uzzr = 0

u(0, z) = S(z, zS),

u(r, 0) = 0,

u(r,H) =
∫ r

0
uz(s,H) G(r − s,H) ds





(1)

where S(z, zS) is the Greene’s source[16].
The Neumann to Dirichlet (NtD) map boundary condition along the bottom z = H above, is

in the form of a convolution integral and the kernel G(r − s, H) is the restriction of the Green’s
function, of the parabolic operator, in the bottom region {0 ≤ r ≤ ∞, z ≥ H}, along the
boundary z = H, see Ref. [21]. This restriction is constructed via an inverse fourier transform of
the impedance[11],[12],[13] function.

It is clear that
G(r − s,H) = G(ρ, c, β, r − s,H) .

In the sequel we will drop the parameters ρ, c and β from G, except where it is necessary.
Different forms of non–local boundary conditions[17],[18],[19],[20] along a horizontal bottom

interface have also been introduced into the parabolic equation models. Non–local boundary
conditions for slopping bottom[21] interface, and bottom supporting shear waves[13] have been
also developed. Recently, a non–local boundary condition in the form of NtD map for a horizontaly
stratified[22] bottom region has been developed.

In the sequel the methodology followed is complementary to earlier work[5],[6] as far as the
optimal control formulations and the adjoint modeling is concerned. The difference is that the
control variables in the present approach are the density ρ, the sound speed c and the attenuation
β of the bottom, and the inversion recovers directly the true bottom, i.e. ρB, cB, βB.

3 THE OPTIMAL CONTROL METHOD

Assume that an experiment is conducted in the sea with the objective to recover the parameters
cB, ρB and βB (sound speed, density and attenuation) of the bottom from the observed complex
field uobs(R, z) = u(ρB, cB, βB, R, z) measured by a vertical array at range R distance from the
source.

Given an initial guess (ρ0, c0, β0) of the parameters of the bottom, an application of the
propagation model of Eq. (1) will give the predicted complex field u(ρ, c, β, R, z) at range R. At
this point a cost function J(ρ, c, β) is introduced, which is a measure of the mismatch between
the observed field uobs(R, z) and the predicted field u(ρ, c, β, R, z).
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The question of, inverting for ρB, cB and βB given uobs, can be viewed as a control problem,
with dynamics the parabolic boundary value problem, the control parameters being ρ, c and β
varying over a compact domain of the Euclidean plane and the cost function as defined below.

Note: In the sequel uobs represents the observed parabolic field, i.e. the quotient of the observed
acoustic field divided by the outgoing Hankel function.

At this point, we introduce the cost function

J(ρ, c, β) =
1

2

∫ H

0
(|u(ρ, c, β, R, z)| − |uobs(R, z)|)2dz . (2)

It should be observed that the cost function is a measure of the mismatch of the absolute
values of the observed and predicted complex fields. Phase errors in the observed field have no
influence on the inversion.

From the above expression it is clear that J(ρB, cB, βB) = 0 and ∇J(ρB, cB, βB) = 0. It can
be also observed that in the domains {ρ, c, β | ρ ≥ ρB, c ≥ cB, β ≤ βB} and {ρ, c, β | ρ ≤ ρB, c ≤
cB, β ≥ βB} and in a small neighborhood of (ρB, cB, βB), ∇J(ρ, c, β) ≥ 0 and ∇J(ρ, c, β) ≤ 0,
respectively. Hence, for each choice of (ρ, c, β) in the above neighborhood, if

∇J(ρ, c, β) =

(
∂J

∂ρ
,
∂J

∂c
,
∂J

∂β

)

could be computed, then J(ρ, c, β) could be driven to zero through the sequences

ρn+1 = ρn − αρ
∂J(ρn, cn, βn)

∂ρ

cn+1 = cn − αc
∂J(ρn, cn, βn)

∂c
(3)

βn+1 = βn − αβ
∂J(ρn, cn, βn)

∂β

where α = (αρ, αc, αβ) a scaling factor. As n → ∞, then lim
n→∞ ρn = ρB, lim

n→∞ cn = cB and

lim
n→∞ βn = βB.

The adjoint optimal control method enable us to compute ∇J(ρ, c, β) for each choice of ρ,c,β
from the direct field u(ρ, c, β, r,H) and the adjoint field v(ρ, c, β, r,H).

4 THE ADJOINT PROBLEM

In the sequel the adjoint boundary valued problem to the direct problem in Eq. (1) is formulated,
using as inner product

(f, g) =
∫ R

0

∫ H

0
f(r, z)g(r, z) dzdr .

Using Stoke’s theorem we see that

(Lu, v) = (u, L?v) + Integrals along the lines r = 0, r = R,

+ Boundary integrals along z = 0, z = H.
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The objective is to find adjoint boundary conditions along z = 0, z = H, so that the boundary
integrals in the above equation cancel out.

From the above equation we deduce that:
(a) The adjoint operator to the operator L is L itself, if the coefficients of WAPE do not

depend on r. If they depend on r, then the adjoint is

L?v =
(
2ik0

[
1 +

1

4
(n2 − 1)

]
v
)

r
+ vzz + k2

0(n
2 − 1)v +

i

2k0

vzzr = 0 .

(b) The surface boundary condition for the adjoint is also v(r, 0) = 0.
(c) The bottom boundary condition is derived easily if we observe that

∫ R

0
u(r,H)vz(r,H) dr =

=
∫ R

0
vz(r,H)

∫ r

0
uz(s, H) G(r − s,H) ds dr (4)

=
∫ R

0

∫ R

s
vz(r,H) uz(s, H) G(r − s,H) dr ds ,

which leads to the adjoint boundary condition

v(r,H) =
∫ R

r
vz(s,H) G(s− r,H) ds ,

which also has the form of a NtD map.
Hence, the adjoint boundary valued problem is as follows

L?v =
∂

∂r

(
2ik0

[
1 +

1

4
(n2 − 1)

]
v
)

+ vzz + k2
0(n

2− 1)v+
i

2k0

vzzr = 0

v(r, 0) = 0, surface condition

v(r,H) =
∫ R

r
vz(s,H) G(s− r,H) ds

Initial conditions at r = R, 0 ≤ z ≤ H .





(5)

The initial condition will be determined in the sequel so that the adjoint optimal control method
will work.

5 THE TANGENT LINEAR MODEL

Since the objective is to calculate the gradient of J(ρ, c, β) in the direction of the control variables
ρ, c, and β from the definition of J(ρ, c, β) we see that we need the directional derivatives of the
field u(ρ, c, β, r, z) in the control variables ρ, c and β.

We define

∂u

∂ρ
= w1 ,

∂u

∂c
= w2 ,

∂u

∂β
= w3 .
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Taking the directional derivatives of the equations in Eq. (1) we have

Lwi =2ik0

[
1 +

1

4
(n2− 1)

]
wi

r + wi
zz + k2

0(n
2− 1)wi+

i

2k0

wi
zzr = 0

wi(r, 0) = 0 ,

wi(0, z) = 0 ,

wi(r,H) =
∫ r

0
wi

z(s,H) G(r − s, H) ds +
∫ r

0
uz(s,H) gi(r − s,H) ds





(6)

where i = 1, 2, 3, and where we have defined

∂G

∂ρ
= g1 ,

∂G

∂c
= g2 , and

∂G

∂β
= g3 .

Forming the inner product

(Lwi, v) =
∫ R

0

∫ H

0

(
2ik0

[
1 +

1

4
(n2−1)

]
wi

r + wi
zz + k2

0(n
2−1)wi +

i

2k0

wi
zzr

)
v dz dr ,

for i = 1, 2, 3, and applying Stoke’s theorem we get

(Lwi, v) = (wi, L?v) + Boundary integrals along z = H,

+ Line integrals along r = 0, r = R, i = 1, 2.

Taking into account the surface boundary conditions for wi and v, the zero initial condition
for wi and the bottom non–local boundary conditions for the forward and the adjoint problem,
and after some tedious calculations we get

0 =
∫ H

0
wi(R, z)

(
−2ik0

[
1 +

1

4
(n2 − 1)

]
v(R, z)− i

2k0

vzz(R, z)

)
dz

+
i

2k0

wi
z(R,H) v(R,H) (7)

−
∫ R

0
vz(r,H)

∫ r

0
gi(r − s,H)

[
uz(s,H) +

i

2k0

uzs(s,H)
]
ds dr

for i = 1, 2, 3.

6 THE COST FUNCTION

The second term on the right hand side of Eq. (7) leads to an additional term in the form of
the cost function in Eq. (2) which does not alter the conclusions in Section 3. The cost function
becomes
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J(ρ, c, β) =
1

2

∫ H

0
(|u(ρ, c, β, R, z)| − |uobs(R, z)|)2dz

+
1

4k0

(|uz(R, H)| − |(uobs)z(R, H)|)2 . (8)

Then, taking the derivative of J with respect to ρ, c and β we have

∂J(ρ, c, β)

∂ρ
= Re

∫ H

0

w1u

|u| (|u| − |uobs|)|r=R dz

+
1

2k0

Re

[
w1

z(R, H)
uz(R,H)

|uz(R,H)| (9)

× (|uz(R, H)| − |(uobs)z(R, H)|)
]
.

and similarly for ∂J(ρ, c, β)/∂c and ∂J(ρ, c, β)/∂β.
If we define the initial condition of the adjoint problem at r = R to be

−2ik0

[
1 +

1

4
(n2 − 1)

]
v(R, z)− i

2k0

vzz(R, z)

=
u(R, z)

|u(R, z)| (|u(R, z)| − |uobs(R, z)|) (10)

plus the condition

v(R, H) = i
uz(R, H)

|uz(R, H)| (|uz(R, H)| − |(uobs)z(R, H)|) . (11)

at the point (R,H), from Eq. (7) and Eq. (9) we have

∂J(ρ, c, β)

∂ρ
= Re

∫ R

0
vz(r,H)

∫ r

0

∂G(r − s,H)

∂ρ

[
uz(s,H)+

i

2k0

uzs(s,H)
]
dsdr (12)

and similarly for ∂J(ρ, c, β)/∂c and ∂J(ρ, c, β)/∂β, which gives the derivative of the cost function
in terms of the forward field, the adjoint field and the derivative of the impedance function, along
the line z = H.

In order to find the initial field of the adjoint we have to solve the ordinary differential equa-
tion Eq. (10) in v(R, z) with boundary conditions

v(R, 0) = 0 and v(R, H) as in Eq. (11) above.
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Figure 1: Environment of test case I.

7 NUMERICAL IMPLEMENTATION

The direct and the adjoint problems are solved numerically by a Crank Nicholson finite difference
scheme on an Intel Xeon 3.2GHz, 64bit, PC processor. The parabolic code used is the latest
version of the IFD+Impedance code developed at FORTH.

The non–local boundary condition used is the NtD map[11],[13] in Eq. (1) with

G(r − s,H) = −
√

i

2πk0

ρB

ρw

eik0(n2
B−1)(r−s)/2

(r − s)1/2
. (13)

and the inversion process is as follows: We start with an initial guess (ρ0, c0, β0) of the parameters
of the bottom. We propagate the field in the r–direction. We use Eq. (10) to find the initial
field for the adjoint. We propagate through the adjoint operator backwards in r and compute the
∇J(ρ0, c0, β0). We correct the initial guess ρ0, c0 and β0 as in Eq. (3) and we repeat the process
with ρ1, c1 and β1.

In this section two test cases are exhibited. In both, observed values were constructed via a
Normal Mode code.

In the test cases bellow a upper bound was set for the density at 3 g/cm3. There is no need
for a bound in the sound speed and attenuation.

Test Case I: In this test case we consider an oceanic environment as shown in Fig. 1 and source
frequencies of 50 Hz and 200Hz.

The initial values introduced into the scheme are ρ0 = 3.0, c0 = 1700.0 m/sec and β0 = 0
dB/λ. In tables 1 and 2 the observed values at the receiver array were obtained from a Normal
Mode code.

For the frequency of 50 Hz, inversions were performed for 50 and 25 equidistant receivers at
a range of 3 km. The depth step used is Dz = 1 m. The multipliers used are αρ = 1, αc = 1000
and αβ = 0.1.

For the frequency of 200 Hz inversions were performed for 100, 50, 25, 13 and 6 equidistant
receivers at a range of 3 km. The depth step used is Dz = 0.5 m. The multipliers used are
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αρ = 10, αc = 1000 and αβ = 1, except for the cases denoted by ∗ where the multipliers are
αρ = 10, αc = 10000 and αβ = 1.

The results are shown in tables 1 and 2.

No. No. Calculated Calculated Calculated Time
rec. Iter. value of ρ value of c value of β (sec)
50 2485 2.06 1520.1 0.463 1055
25 5159 2.07 1520.1 0.462 2157

Table 1: Test Case I, source frequency of 50 Hz.

No. No. Calculated Calculated Calculated Time
rec. Iter. value of ρ value of c value of β (sec)
100 668 2.11 1520.0 0.462 397
50 4926 2.11 1519.9 0.463 2788
25∗ 427 2.05 1518.4 0.420 230
13∗ 877 1.99 1519.1 0.444 460
6∗ 1540 1.95 1518.9 0.449 807

Table 2: Test Case I, source frequency of 200 Hz.

Test Case II: This test case was proposed by M. Meyer and J.-P. Hermand[7]. It consists of a
realistic sea environment of South Elba and is based on acoustic parameters obtained by full–field
inversions for the YELLOW SHARK 94 experiments in the area south of the island of Elba, Italy,
during an oceanographic survey with a towed-oscillating CTD profiler[9].

The waveguide consists of a water column with an average depth of 113.1 m, where the
density is 1.0 g/cm3. The range average of the sound speed profiles, measured during one of the
experimental runs, is strongly downward refracting as shown in Fig. 2. A sediment layer of clay
with thickness 7.5 m follows, with density ρs=1.5 g/cm3 and attenuation βs = 0.03 dB/λ. At
the top of the sediment layer the sound speed is 1470 m/sec and at the bottom 1485 m/sec. The
homogeneous fluid half–space, which extends below 120.6 m, consists of silty clay with sound
speed 1530 m/sec, density ρB =1.8 g/cm3 and attenuation βB = 0.15 dB/λ. The source was
located in a depth of 69.2 m. 32 equidistant hydrophones were located in the receiver depths,
from 37.2 m to 99.2 m. A set of 7 frequencies were used.

The initial values were ρ0 = 3.0, c0 = 1700 m/sec and β0 = 0 dB/λ, for the frequencies of 250
Hz and 315 Hz. For the frequency of 200 Hz the initial values were ρ0 = 2.5, c0 = 1600 m/sec
and β0 = 0 dB/λ. Inversions were performed for 32 equidistant receivers at a range of 9.026 km,
for the source frequencies of 200 Hz, 250 Hz and 315 Hz.
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Figure 2: Physical properties of the sea environment of Test Case II (based on YELLOW
SHARK’94 experiment simulation of the South Elba physical environment[9]).

The step sizes used are Dz = 0.1 m, Dr = 2 m for the frequency of 200 Hz and Dz = 0.1 m,
Dr = 1 m for the frequencies of 250 Hz and 315 Hz. For the frequency of 200 Hz the values of
the multipliers are αρ = 10, αc = 10000 and αβ = 1. For the frequency of 250 Hz the values of
the multipliers are αρ = 10, αc = 1000 and αβ = 1. For the frequency of 315 Hz, the values of
the multipliers are αρ = 1, αc = 1000 and αβ = 1 and αρ = 1, αc = 10000 and αβ = 1, when the
frequency is denoted by ∗.

The results are shown in table 3.

Source No. Calculated Calculated Calculated Time
frequency (Hz) Iter. value of ρ value of c value of β (sec)

200 673 1.96 1529.5 0.130 2120
250 775 1.93 1529.9 0.140 24194
315 2455 1.89 1530.8 0.128 77745
315∗ 1767 1.84 1530.5 0.116 11239

Table 3: Test Case II, observed values from a Normal Mode code.

8 CONCLUSIONS

The NtD map of the form of a convolution integral, is proven an efficient tool in evaluating the
gradient of the cost function in an optimal control formulation of the geoacoustic inversion leading
to the recovering of the true bottom.
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In general, the convergence of the iteration scheme of an optimization problem depends on the
proximity of the initial guess to the optimal values of the controls. It is worth noticing that the
proposed scheme converges to the correct bottom parameters with initial density, sound speed
and attenuation in a rather large neighborhood of (ρB, cB, βB).

The newly derived NtD map of a layered bottom of Ref. [22] could be used in the present
algorithm, to recover the physical properties of sediments. However, inversion for bottom with
one sediment layer and a semi–infinite subbottom region introduces 7 control parameters, i.e.
two densities, two sound speeds, two attenuation coefficients and the thickness of the layer. The
convergence of the iteration remains to be seen.

Finally, the method presented here is also applicable for the case of horizontal array measure-
ments.
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Abstract: A great number of subbottom profiling surveys have been carried out using 
analogue recorders. Building geographic databases from analogue seismic data is a 
demanding process that usually requires hundred of manual measurements, which is a 
difficult and time-consuming process. In this paper a graphical user interface (GUI) 
constructed in MATLAB, able to georeference and digitize scanned paper subbottom profiler 
(SBP) records, is presented. The GUI georeferences the subbottom images by means of 
automatically detecting horizontal reference lines and tops (vertical lines on the analogue 
profile, indicating the vessels position). An image analysis method has been deployed to 
detect the above mentioned linear elements. If the GPS track log from the survey trip exists, 
then each column of pixels of the SBP image is georeferenced according to the real course of 
the vessel, avoiding the assumption of linear and steady-speeded route between the tops. A 
convenient tool for digitizing and processing subbottom reflectors accompanies the GUI. 
Subbottom reflectors can be interactively digitized, coloured, saved, deleted and subtracted 
from each other in order to produce layer-thickness data. The results are stored along with 
coordinates into matrices to co-operate with GIS software. Moreover, the application of the 
proposed GUI on subbottom profiling data collected from Alexandria Harbour (Egypt) is 
presented.  

Keywords: subbottom profiles, image analysis, reflector digitizing, georeference 
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1.  INTRODUCTION 

It has been common practice, until a few years ago to use Sub-bottom profiler recorders 
and interpret the created analogue data manually, which was a rather complicated process. 
Remote acoustic techniques evolving apace, gave the researchers the opportunity to analyze 
deeper and easier their data. Nowadays, interpreters are taking advantage of digital signal and 
data processing techniques to speed up interpretation [1], whilst many of the already collected 
seismic data are on paper seismic records (raster images) and need to be converted in formats 
compatible with subbottom profiler’s software packages or GIS packages. Therefore a 
number of acquisition software has developed different forms for data interpretation and 
analysis. CALDERA GRAPHICS Cameleo Vers.3 software is a program developed within 
the framework of the European SEISCANEX project and the main objective is to create a 
digital database from scanned analogue remote sensing data including digital conversion to 
SEG-Y format [2]. Similarly Marcelli Farran developed a program created in Matlab 
environment able to convert raster images to SEG-Y format [3]. In order to analyze further 
the SEG-Y files it is necessary to purchase specialized Seismic processing software. A 
number of quite expensive software for interpretation and processing of seismic data are 
available in the ocean market, like Triton SB-logger, SonarWiz Map+SBP, Octapus361 
Seismic processing Toolkit e.t.c. 

At the origins of the present paper is to introduce a graphical user interface (GUI), called 
SBP-Im-An, which was constructed in MATLAB and it is an easy-to-use tool able to 
automatically georeference and digitize subbottom profiling images (SBP). The aim was to 
create a tool easy to setup and operate, with the capability to: (a) automatically georeference 
subbottom profiles and export if needed SEG-Y files for further use in other software, (b) on-
screen digitize, name and colorize acoustic reflectors/types, (c) create and save XYZ tables of 
the digitized reflectors and the calculated thickness for each pair of acoustic reflectors and 
store in .dbf format for surface analysis in GIS. A detailed presentation of the SBP-Im-An 
software follows as well as the results obtained from the application of the program on 
analogue records.  

 

 
 

Fig 1: Flow chart showing how the SBP-Im-An software works. 
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2. SOFTWARE DESCRIPTION 

The SBP-Im-An includes four main steps Fig. 1: a) define inputs, b) automatic 
georeference of the SBP image via image analysis techniques, c) digitize reflectors manually 
and d) export/save results. The main advantage of the software is the ability to automatically 
georeference each pixel column of the SBP record according to the exact vessel’s course (if 
exists) without the need of manually setting control points. 

2.1. DEFINE INPUTS 

In order to begin the process it is necessary to define the input data, which are: 
1) The scanned SBP (raster) images named as: “first top”-“last top” (e.g. 1-6.TIF). If the 

polarity of the image is inversed then the first and last tops in the file name should be placed 
in reverse order. The program is tested for images ranging from 100 to 250 dpi resolution 
preferably in greyscale colour mode. The program give results only for SBP images with 
distinct top lines that cross vertically almost the whole image and discrete horizontal lines 
indicating image’s scale.  

2) An .xls matrix of the GPS track log, which consists of three columns: “x” and “y” 
coordinates in metric system and “Vessels Line ID”. The column with the ID number of the 
survey vessels line is optional and should be specified when the track is separated into more 
than one different lines (e.g. when the vessel turns are excluded). The x-y coordinates should 
be placed in sequence. 

3) An .xls matrix with the “top” coordinates, which consists of three columns: “top’s ID”, 
“x” and “y” coordinates in metric system. The “top” ID number should not be random but in 
an ascending continuous order following the vessels course. 

4) The time base that the analogue recording unit has used in the survey. The time base 
must be constant along each analyzed image. 

5) The grid spacing (in meters) for the output matrices. After the image digitization has 
completed, the program has the ability to create XYZ tables for the construction of 
bathymetric map and XY-thickness tables for isopach analysis. These tables consist of points, 
which have metric coordinates in sequence and the distance between them is equal to the 
specified grid. 

2.2. GEOREFERENCE THE SBP IMAGE 

The sub-bottom profiler’s analogue records have no spatial information on them, but only 
where vertical (tops) and horizontal (time base) reference lines exist. This fact complicates 
significantly the digitizing process since the analogue records are usually not speed corrected 
and the horizontal scale varies. In this study we introduce a computerized methodology that 
takes into consideration the real course of the vessel and georeference the image every 1 
meter along the vessels track. The only assumption we have to make is that the vessel is 
traveling from one “top” to the other with steady speed. 

The horizontal georeferencing of the image is accomplished by means of simple image 
analysis techniques. Firstly the pixel gray-tone values of the whole image are vertically 
summed up and a (n×1) vector matrix is produced, where n is width of the image in pixels. 
This matrix has particularly low values where vertical black lines exist in the image. The first 
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derivative of the matrix is calculated to enhance the differences between the values of the 
neighboring columns of pixels. The positions of the “k” higher values inside the vector are 
stored in a new matrix (k is the number of “tops” of the image). These positions correspond 
to the x-coordinates of the pixels, which match with the “top” lines. Finally, all the 
intermediate pixels between the tops are matched with x-y coordinates of the GPS track log. 
The GPS track log matrix has previously been interpolated in order to obtain distances of 1 
meter between the points.  

The vertical georeferencing of the image follows the same technique as the horizontal one. 
In this case, the pixel gray-tone values sum is made only for the vertical middle three quarters 
of the image in order to avoid possible noise from the sea surface. Then the autocorrelation 
function is applied to the first derivative and the distance between the horizontal reference 
lines is calculated. This distance is used to re-produce the horizontal reference lines. These 
lines are taking depth values according to the time base that has been specified. Then with the 
use of linear interpolation all the horizontal lines of pixels in the image are matched to 
depths. 

2.3. DIGITIZE REFLECTORS 

The process of image georeference is followed by the digitization process, manually on-
screen. The SBP image appears overlapped by annotated horizontal (reference lines) and 
vertical (tops) reference lines as well as a vertical grid specified at the inputs (Fig. 2). The 
software provides a zoom option and scroll bars in order to explore the image in more detail. 
The “DIGITIZE” option on the main window of the program opens the “REFLECTORS 
DIGITIZING TOOL” (Fig. 2). Numerous reflectors can be created (named) and each one can 
be digitized separately using unique colours. The reflectors digitization process involves 
manual on screen clicking to trace their surfaces. Each reflector can consist of more than one 
curve. The “undo” option is enabled and so does the “DELETE” reflector option.  

 

 
 

Fig 2: Presentation of the graphical user interface of the software. 
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2.4. EXPORT/SAVE INFORMATION 

Much important information can be saved during the execution of the program like image 
snapshots, matrices with reflector depths, matrices with layer thicknesses and SEG-Y files. 
The reflectors surfaces that have been digitized by randomly clicking upon them are 
interpolated using the splines technique. XY data along with depth or thickness data are 
stored on demand for the points that lie upon the grid, into .dbf matrices. The grid serves for 
the creation of a better data set for spatial analysis, where XY points have the same distance 
between them (see paragraph 2.3). The .dbf format is used for the matrices because it can be 
imported in ArcGIS and other software in order to proceed to further geospatial analysis. The 
layer thickness information is feasible by using the “CALCULATOR” tool (Fig. 2). This tool 
computes the depth differences between pairs of reflectors. The program supports options 
like “NEW” calculation, “DELETE” calculation results and “SAVE” results The matrices 
that are saved toward the whole process have the following columns: x coordinate, y 
coordinate (according to the grid), derived information (depth or thickness) and the name of 
the reflector or the pairs of the reflectors that have been subtracted from each other for 
isopach creation. The SEG-Y files are produced using a MATLAB function named 
image2segy.m created by Markelli Farran [3] that is freely provided through the internet. No 
control points have to be specified for the SEG-Y creation since x-y-pixel information is 
provided through the automatic georeferencing of the image.  

3. APPLICATION AND RESULTS 

The application of the above GUI took place on real subbottom profiler’s data, which was 
collected at the coastal area of Alexandria, Egypt. The survey conducted utilizing a 3.5kHz 
subbottom profiling system, at a water depth ranging between -3 to -30 meters. Survey 
navigation was provided by a single Magellan NAV 6500 GPS with an accuracy of ± 15m. A 
Time Base (T.B.) of 0.10 sec and a 0.1-msec pulse were used. The vertical resolution of the 
system is about 0.5 m and even in water depths less than 10m we achieved a maximum 
penetration of about 4-5 m. The survey area is one of the richest areas in terms of abundance 
of archaeological remains. This dataset was chosen not only for its scientific interest, but 
mostly because it has been interpreted and analyzed with a different method in the past [4] 
and as a consequence the area was not unknown. Therefore we could easily measure the 
accuracy and the benefits of the results. 

For the application of SBP-Im-An 24 SBP track lines were chosen, having a total length of 
about 28km and covering an area of about 3km2. The subbottom profiler’s geophysical 
survey produced paper seismic records and tables with coordinates of: (a) GPS tracks of the 
survey vessel, approximately every 30m and (b) tops marked on the analogue records, in xls. 
format. All the paper seismic data, which were collected from the survey in Alexandria were 
scanned with the help of European SEISCANEX project and converted into TIF images. 

The SBP-Im-An was applied on more than 20 images from the already mentioned dataset 
from Alexandria of Egypt. The method needs an Image as input, which in our case was set to 
200dpi resolution and the .xls tables for tracks and tops. The definition of the time base for 
this survey was 0.1ms and the horizontal grid was 5m. The horizontal grid was chosen based 
on the fact that a DEM have already been constructed in the past for this survey area, using 
the track points as depth measures i.e. every 30m, therefore a more detailed sampling would 
have been very useful for further scientific analysis.  
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Georeferencing of the image is realized automatically and digitization process is ready to 
begin. The seafloor was separated into several acoustic types, which were digitized and 
saved. The survey area is characterized by four main acoustic types that are: 1) acoustic type 
“A”, which corresponds to rocky seafloor, 2) “B” corresponding to bioclastic features, 3) “C” 
corresponding to sediments and 4) “D” corresponding to hard bottom (Fig. 3a). The major 
subbottom reflectors for the examined dataset were three, saved as “reflector-a”, “reflector-b” 
and “reflector-c”. Reflector-a is the shallowest and it is present in a big part of the survey 
area, unlike reflectors b and c which are much more limited. The existence of the subbottom 
reflectors always coincide with the acoustic type “C”. 

A very detailed bathymetric map was constructed in ArcGIS for the survey area at the east 
part of the El-Silsilah promontory (Fig. 3b). Additionally a map of acoustic types was created 
for the same area (Fig. 3a) and finally an isopach surface gave us the opportunity to monitor 
the subbottom layers (Fig. 4). The results of the method were compared with previous more 
traditional methods by analyzing the exported data in an ArcGIS environment. The SBP-Im-
An produced results in a very quick and friendly-to-user way. The results of bathymetric 
analysis were not only accurate as they were validated by previous work [4], but additionally 
a more detailed DEM was created. The later, revealed smaller features, which are very 
important for an archaeo-geophysical survey, in a much shorter amount of time. 

 

 
 
Fig 3: a) Map of acoustic types and  b)bathymetric map, which were created in ArcGIS 

environment, based on the results of SBP-Im-An application in Alexandria of Egypt. 

4. CONCLUSIONS 

In this paper a graphical user interface for image georeference and digitization of scanned 
paper subbottom profiles, is presented and applied to records collected from the port of 
Alexandria, Egypt. The novelty about this program is that it is able to automatically 
georeference the SBP records according to the real course of the vessel by just providing a 
few basic inputs. The reliability of the georeferencing process via image analysis techniques 
is significant as it worked perfectly for more than fifty scanned SBP records that have been 
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tested until now. At the same time the reflectors digitizing tool is very functional, while depth 
data along with layer thickness information can be saved and exported into a GIS software 
for further analysis. Finally, SEG-Y files, are generated by just a single user’s request without 
the need of manually selecting control points and specifying their corresponding coordinates 
as usual. The whole SBP-Im-An graphical user interface has been programmed into 
MATLAB and a C-compiler was used to produce a stand-alone executable file that is easy to 
distribute and run. 

 

 
Fig 4: Isopach map created in ArcGIS, based on the SBP-Im-An results. 
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Abstract: In recent years, TNO has developed a water-filled interferometer, which is able 
to determine acoustical properties of a sound absorbing material or a compliant layer like 
the Alberich coating. The frequency range of the measurements is 1.5 to 20 kHz. The main 
results are mostly in the form of absolute reflection losses of the material mounted onto an 
air-backed stiff, massive brass block. The transmission loss TL of the material mounted, 
for example, onto a semi-submerged steel plate cannot be obtained directly from these 
data. This difficulty can be circumvented by considering the complex impedance of the 
layer. This quantity yields much more information about the acoustical properties of the 
material itself, like the sound speed for dilatational waves. If this speed is known, it is in 
principle feasible to calculate transmission losses for a layer on a steel plate under various 
configurations. Wider applications are also possible, such as determination of 
compressional wave speeds of rubbers with cavities. 
Recently, a novel method has been developed in order to measure the complex (amplitude 
and phase) reflection coefficient as a function of frequency using the interferometer. From 
these data the complex impedance of a layer can be calculated. Corrections can be 
included for the fact that the terminator block has a finite impedance. The complex 
dilatational wave speed as a function of frequency can be determined by using a root-
finding algorithm in the complex impedance curves. 
Measurements of the dilatational wave speed in various rubbers with cylindrical cavities 
are presented. It is again shown that the introduction of air cavities in rubber (mounted on 
stiff material) reduces dramatically the compressional wave speed, but the novelty lies in 
the possibility of directly comparing experimental wave speeds with theoretical data. 

 

Keywords:  impedance, dilatational wave speed, elastomers 
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1. INTRODUCTION  

In the water-filled interferometer at TNO absorbing materials can be tested with regard to 
their reflection loss. This is achieved with a wave train that is reflected against the surface 
of the absorbing patch. Mostly the interest lies in the absolute value of the reflected power 
and its loss in comparison with the incident power, but in addition it is desirable to find the 
complex reflection coefficient r . This latter quantity is much more relevant, since this can 
be a starting point for the calculation of acoustic properties -, like the transmission loss - 
of the layer in other complicated configurations. 

In principle it is possible to determine the complex r  from experimental data in the 
interferometer too. It is the question whether this complex value of r  is useful and can be 
reworked into an impedance of the combination of the layer proper and terminator block. 
The layer impedance can be used for calculations or for application in complicated 
structures. 

It is the purpose of this paper to explain the difficulties and restrictions in splitting the 
impedance found from the reflection coefficient. It will be evident that the phase 
informationis essential in this procedure. In two examples it is shown how the impedance 
proper can be found and from this quantity the dilatational wave speed and the related 
bulk modulus can be found. 

 
 2.  DESCRIPTION OF THE INTERFEROMETER 

 
The TNO water-filled interferometer consists of a straight tube with a heavy steel wall 
(see figure 1). The diameter of the inner tube is 50 mm and the outer size is 90 mm. Hence 
the thickness of the steel wall is 20 mm. The length of the tube is 3 m. The transducer, 
located at the lower end of the tube, can generate rather long wave trains, which are 
reflected against the sample at the higher end of the tube. The sample consists of the 
material to be investigated which is glued against a steel holder of 10 mm. This 
contraption is backed by a brass terminator block which closes the tube firmly by a 
number of bolts. The pressure and water temperature in the tube can be modified to 
recreate a predefined environment.    

 
 

Fig. 1 Scheme of the water-filled inteferometer.  
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The wave train consists of a number of sinusoids (depending on the selected frequency) 
and can be tuned in linear of logarithmic steps from 1500 Hz to 20000 Hz. The wave 
trains are reflected by the sample and interfere directly with the incoming train. This leads 
to the well-known interference patterns. The hydrophone, mounted in the middle of the 
tube, observes the entire interference patterns and can be moved back and forth in the 
tube. The interference pattern is measured for a specified set of frequencies. From the 
positions of the minima and maxima the phase relation of the reflected wave to the 
incident wave can be determined. This can be transformed in the complex reflection 
coefficient. For this measurement the precise distance of the hydrophone to the sample is 
important and also an accurate estimation of the sound speed in water. This latter quantity 
is not the usual sound speed in water, since the measured wave speed is also determined 
by the interaction between the steel tube wall and the water contained. This needs a careful 
inspection. Another difficulty in the interferometer technique is that only plane waves in 
the cylindrical tube are considered. In the present interferometer only plane waves (lowest 
order mode) exist below a frequency of around 16 000 Hz. Above this frequency other 
modes can be generated. 

3. MEASUREMENTS 
 
The interferometer can be seen as a long tube in which a plane sound wave propagates. 
This impinging wave is reflected against the end contraption which consists of the 
absorbing layer, a steel plate (the holder) and a heavy brass termination. The reflection is 
due to a mixture of these three structures. This leads to reflection coefficients that are 
contaminated by the influence of the (heavy) backing structure of the absorbing layer. This 
latter structure is certainly not an infinite impedance, which in fact is desired. 
Suppose that the layer has a thickness of d  and the wave number of the compressional 
wave in the layer is lk  and the impedance of the terminator block (+steel holder) is 
denoted by terZ , then the total impedance [1] is: 

                            sin( ) cos( )
cos( ) sin( )

l l l ter l
tot l l

l l l ter l

j c k d Z k dZ c
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( lρ = density of the layer; lc = compressional wave speed) 
The reflection coefficient can be written as:                                                                                        
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Thus, if the complex reflection coefficient is known from measurements, the total 
impedance of the sample and the terminator block (+steel holder) together can be 
calculated.  In itself the total impedance is not a very useful quantity; the impedance of the 
sample proper is of interest. This latter quantity can be found from Eq. (1). Suppose that 
the impedance terZ  is very much larger than the term l lcρ  (being the characteristic 
impedance of the layer material), than by dividing with j sin( )lk d , ignoring the term l lcρ  
in the nominator and elaborating the remaining equation, this operation leads to:                      
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This equation is simply the total impedance of two impedances shunted in parallel: terZ  
and cot( )l l l lj c k dρ− . The latter denotes the impedance proper of a layer of thickness d  
backed by an infinite impedance. This means for the present problem that the compliance 
of the layer can be easily found from the total admittance, under the condition that the 
impedance terZ  has been found separately. Both impedances can be found by two 
experiments: 1) by means of the reflection pattern of an empty tube, hence without 
sample, but with steel holder (+terminator block) and 2) through another experiment with 
the sample glued on the steel holder (+terminator block). Fig. 2a shows an example of the 
two measured reflection curves. It can be observed that the terminator block (+steelholder) 
is much stiffer than the sample. The material under consideration is a 50 mm polyurethane 
layer with high damping.        
 

    
 
 
 
The impedance curve of the sample proper (Fig. 2b) is a spiral characteristic for the 

cot( )l l l lj c k dρ− -function, which contracts to the cρ -point, i.e. the characteristic 
impedance of the material. A next step might be to find the compression or dilatational 
wave speed in the material. This quantity is perhaps a bit fictitious, since most elastic 
materials are inhomogeneous. For large wavelengths in comparison of the size of the 
inhomogenities, there is certainly a unique compressional wave.  
Since for every frequency the impedance is a function of lc , the appropriate value can be 
found by root finding. By means of the software program MATHCAD, the complex 
compressional wave speed can be estimated as an output to satisfy the specific impedance 
value.  An example is given in Fig. 3 . The red line gives the results of another method: the 
Williams, Landel, Ferry (WLF) shift which is based on the Dynamic Mechanical 
Temperature Analysis (DMTA). This method uses the fact that temperature and frequency 
behaviours are intimately interconnected for most elastomer materials [4]. 
 
 
 

Fig. 2b Impedance curve for the 
sample proper. 

Fig. 2a Reflection coefficient curves for 
the total structure (left curve) and that 
without sample (right curve).  
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The next figures concern a material, based on the concept of the Alberich coating: 
cylindrical cavities are included in a solid rubber layer of 4 mm thickness. In this way a 
perforated solid is created, which shows remarkably good reflection-reducing properties. 
The cavities have specific resonance frequencies at which damping is quite high. The 
theory of the Alberich coating has been extensively described in the literature. The paper 
of Junger [2] is a simple approach in which the cavities are considered to be spherical. 
From experiments it has been indicated that the shape of the cavities is not decisive, but 
more the ratio of the included air with respect to that of the surrounding solid [3]. The bulk 
modulus B  of the air-filled cavity forms with the compliance of the rubber a parallel-
shunted circuitry: 

                                                         1
2

(1 )
( )s s c

q qB
c Bρ

− −
= +

⋅
 .                                              (4) 

( q =  volume fraction; sρ = density of the solid material). The bulk modulus cB  of the 
cavity consists of two components which are a series-shunted circuitry: the impedances of 
the entrapped gas and the radiation loading exerted on the wall of the cavity:  

                             | |
3

a a
c gas solid

p p aB
w w
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 .                                               (5) 

(a = radius of cavity; ap = static pressure in the  cavity, w = radial response). Note that 
2

l lB cρ= ⋅ . The results for the present Alberich material predict a lowering of the 
dilatational sound speed of about factor  2. Assuming that the wave speed in the solid 
material is about 1250 m/s, the perforated solid shows speeds around 600 m/s with a 
significant imaginary part representing the damping.       

Fig. 4 The impedance diagram (in SI rayl)  for an Alberich coating. 

Fig. 3 Compressional wave 
speed of a polyurethane 
coating. 
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Fig. 5. shows the experimental results which have remarkable high imaginary parts, 
meaning high damping. This feature can be explained when much of the acoustic energy 
of the dilatational waves is transferred to shear waves, which are created by the interaction 
of waves on the cavity walls.      

The sound speed lc  is an important material property. This property is essential as an 
input for numerical codes for the propagation, reflection and transmission of sound 
through arbitrary layered structures, like elastomers-steel plate-water. Knowing this 
property is a valuable step forwards compared to the simple reflection loss data, obtained 
with the old method. 
 
4. DISCUSSION 
 

• The novel method of finding phase relations in the reflection coefficient makes the 
relative short interferometer a much more valuable measuring facility. 

• The true impedance of the sample can be found by compensating for the short-
circuiting of the terminator block behind the sample. 

• Adopting the idea that a layer has an impedance of the form of a cotan-function, 
the dilatational wave speed in the material can be found by using a root-finding 
algorithm in the complex impedance curves. 

• The estimated dilatational wave speeds in the materials are in reasonable 
agreement with the theory. 
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Fig. 5 Dilatational wave speed of the 
Alberich coating for three static 

pressures. 
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OBSERVING THE BEHAVIOUR OF SINGLE INDIVIDUAL AQUATIC 
ORGANISMS FROM ACOUSTIC PLATFORMS – METHODS AND 

MODELS 

Nils Olav Handegard 

Nils Olav Handegard, Institute of Marine Research, P.O. Box 1870 Nordnes, N-5817 
Bergen, Norway, Fax:+47 55 23 68 30, Tel: +47 55 23 68 03  E-mail: nilsolav@imr.no  
Abstract: Acoustics is a powerful tool to observe behaviour of aquatic organisms. New 
and existing methods to extract behaviour of single individuals from acoustics are 
presented, applied in particular on split-beam echosounder data. One challenge is 
tracking in high densities, and an improved method for tracking in such high densities is 
presented. The result of using this technique within a herring layer is presented. In 
addition, examples of extracting the behaviour of single individuals using multibeam 
sonar (DIDSON) are presented, more specifically how to observe fish behaviour inside a 
trawl. Finally, I present some examples of models that can be used when data on single 
individuals are available. The examples include how to translate data on single individual 
behaviour to probability maps and a how to analyse inter-individual fish behaviour. 

 

Keywords: Split-beam echosounder, DIDSON sonar, target tracking, fish behaviour 
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1. INTRODUCTION 

Observing the behaviour on individual fish is important for basic understanding of 
ecological processes, e.g. schooling, and for understanding properties of survey based 
stock assessment results, e.g. catchability. Various acoustic methods have been used for 
measuring the behavior of individual targets in situ, both for fish and plankton, see e.g. 
[1,2,3,4]. 

 
Schooling behavior is a spectacular pattern in nature, and Parr introduced in 1927 the 

idea of simple repulsive and attractive “forces” between individuals [5]. The first 
individual-based data simulation was reported by Aoki [6]. Similar model approaches 
have also been described (e.g. [7]). Data to support these models, however, are scarce, and 
methods capable of quantifying inter-individual behavior are needed, in particular for 
closely-spaced individuals. 

 
The “catchability” is an important concept in fishery biology. It is in its widest meaning 

how to translate catch taken by sampling trawls to fish density. A key element is how the 
fish responds to the various parts of the vessel and gear. It has been shown that gadoids in 
the Barents Sea initially respond by diving up to 15 minutes before a trawling research 
vessel arrives [8]. How fish responds to the vessel is also important for acoustic fish-
density observations. If the vessel disturbs the fish, a biased result may occur if the fish is 
scared out of the beam or changes its tilt angle [9,10]. There have been some debate on 
how important this issue is [11], and what stimuli cause this reaction [12]. 

 
Observing fish behaviour is thus important, both from an ecological point of view and 

from a fisheries management point of view. In this paper three examples aiming at solving 
parts of the above challenges are addressed. First fish within a school are tracked with an 
improved tracking algorithm, potentially improving the data for schooling models. 
Secondly, fish behaviour inside a trawl is recorded with a DIDSON sonar, with the 
objective of analyzing fish escapement through the trawl panel, an important part of the 
catchability. Finally, a method to fit trajectories of single fish to a stochastic model is 
presented, enabling us to simulate fish swimming trajectories. Simulated fish trajectories 
can potentially be used to estimate catchability. 

2. METHOD 

2.1. Tracking inside a small school with a split beam echo sounder 

The split-beam echosounder measures the phase differences in the returned echo pulse 
between four quadrants of the transducer face. These phase differences are used to 
estimate the direction to the target, and each sample is associated with intensity and two 
angles. The traditional approach has been a stepwise approach, where first the single 
targets are detected; then targets originating from several individuals are rejected [13], and 
finally the targets are combined into tracks [14,15]. When there is a target within the 
beam, this target is also likely to be found inside the beam in subsequent pings, but the 
traditional approach disregard this information. One exception is the so-called Cross-Filter 
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technique [16]. A new method where 1) the temporal information in subsequent pings, 2) 
the sample angles, and the 3) echo energy are used simultaneously have been developed 
[17]. This is a track-before-detect method where no information is lost prior to tracking (as 
opposed to the detection-rejection-tracking sequence). This method is applied to a test data 
set; see next section. 

2.2. Observing escapement through the  trawl panel using a DIDSON sonar 

Experiments to observe fish behaviour inside a midwater trawl have been carried out 
using a “Dual frequency IDentification SONar” (DIDSON) (Sound Metrics Inc., Seattle, 
WA, US). The aim of the study was to observe how much fish escape the trawl in the 
capture phase (Kresimir Williams, NOAA, Alaska fisheries science centre), and a tracking 
method to track individual targets from a DISON sonar has been developed [18]. The 
method consists of detecting and tracking targets, and subsequent track estimation, i.e. 
estimating velocities and positions. This information is used to estimate the behaviour of 
the fish relative to the trawl panels. An example of the tracking method is presented in the 
next section. 

2.3. Fitting a stochastic model to fish trajectories 

After tracks have been established, several methods exist to extract information from 
these tracks. The mean velocity and its distribution are easily extracted, but the tracks can 
also be used to parameterize stochastic models. An Ohrnstein Uhlenbeck model has been 
parameterized [19] based on data from the fish avoidance studies [8]. The Ohrnstein 
Uhlenbeck process dttZtxSdttxUtxBtxdU )(),(),(),(),( +−= , where ),( txB  is a 
“drag” term ),( txU  is the velocity, ),( txS  is the impulse strength, and ),( txZ is a 2D 
random Gaussian process with zero mean and unit variance. The model can be interpreted 
as a particle model with drag and with random “impulses”. ),( txB  and ),( txS  are 
estimated from the tracking data [8]. Then the model can be run to simulate fish 
trajectories, which in turn can be used to calculate probability maps of resulting fish 
positions. An example run with potential application is shown in next section. 

3. APPLICATIONS AND RESULTS 

Three examples of applications are shown. The first data set is taken looking 
horizontally into a small school of fish off the docks of Friday Harbour Labs, University 
of Washington, USA (Fig. 1). The aim of this experiment was to investigate inter-
individual fish behaviour. A subset of an echogram showing a single individual herring 
track is presented, indicating the potential for extracting the tail-beat frequency from the 
fish target (Fig. 2). The observations of fish behaviour within a trawl recorded by the 
DIDSON sonar are presented in Fig. 3. Finally, the resulting distribution of simulating 
single individuals using the Ohrnstein Uhlenbeck process is presented in Fig. 4, indicating 
the potential to resolve parts of the catchability problem outlined in the introduction. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

257



 

  
 
 

Fig.1: (a) The echogram taken looking horizontally into a small school passing the 
transducer face using a Simrad Ek60 echosounder equipped with a Simrad ES120-7C 

transducer (120kHz). The echo energy is given in Sp unit (TVG 40 log r, no beam pattern 
compensation). (b) The samples associated to tracks. The different colours denote the 
track quality q, where q<1 denotes a high quality track, 1<q<2 medium and 2<q low 

quality. This classification is determined by comparing the result from running the tracker 
forward and backward through the data set, see details in [17].  

 
Fig.2: The echogram of a single individual fish (a) and its mean echo energy across the 

target (b). The echogram is taken using a Simrad EK60 with a Simrad 38DD transducer 
(38kHz), and the echo energy is given in Sp unit (TVG 40 log r, no beam pattern 

compensation) The peaks in the intensity are associated with changes in target strength 
(TS) from a swimming fish, which is in turn believed to be related to its tail beats, an 

important parameter when investigating swimming behaviour. 
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Fig.3: (a) The image from the DIDSON sonar for one single ping. Three targets are 

seen in the lower right end of the echogram. The dark region above is where the net panel 
were. This has been removed by mean subtraction between several pings. (b) The yellow 

“+”’s is the detected observations from the image, the green and red “+”’s and 
corresponding circles are the prediction from previous pings. Green circles are live tracks 
associated to an observation, where red circles are live tracks with missing observations. 

Several consecutive missing observations terminate the track. 

 
Fig.4: Results from simulating individual fish using the Ohrnstein Uhlenbeck process 

[19], parameterized from the data from the vessel avoidance experiments [8]. This 
example shows how the fish will be distributed on a plane perpendicular to the vessel 
travel direction. The diamond is the starting point 10 min before the vessel arrives. The 
figure show a snapshot at trawl passing, and the sides of the rectangular box show the 
doors spread and headline height of the trawl, respectively. The asterisks are the resulting 
fish positions for 40 simulated individuals. The resulting positions are a combination of 
the stochastic model and the mean velocity. The mean velocity is taken from the previous 
paper [8], and the stochastic term is modelled using the Ohrnstein Uhlenbeck process 
[19]. The probability P=0.1 is simply the number of individuals inside the beam divided 
on the total number of individuals, indicating the probability for being available for the 
bottom trawl given the starting position  (indicated by the ◊) 10 min before vessel passing. 
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Detailed fish school analysis using the 3D multibeam sonar MS70 
 

Ruben Patel, Egil Ona, Lars Nonboe Andersen, Hans Petter Knudsen 
 

Abstract: The new Simrad MS70 sonar delivers full 3D acoustic data from its 500 
beams, distributed as a 20 by 25 beam matrix Selected schools of herring from about 
10 – 100 tons have been analysed in detail with respect to internal density structure, 
shape and artefacts. Special attention has been made to side-lobe artefacts in the 
horizontal and vertical sections. Algorithms for separating school echoes from the 
bottom and surface echoes are also presented. 
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LISTENING FOR KILLER WHALES IN THE COASTAL WATERS 
OF THE NE PACIFIC OCEAN  
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Seattle, Washington, USA 
 
Contact: Dr. JA Nystuen, Appied Physics Laboratory, 1013 NE 40th St, Seattle, WA 98105, USA. 
 nystuen@apl.washington.edu 
 
Abstract: The Southern Resident killer whale population of the transboundary waters of 
Washington State and British Columbia in the NE Pacific Ocean was recently listed as 
endangered.  During the wintertime, these animals leave inland waters for the Pacific 
Ocean.  Their whereabouts, activities and potential anthropogenic impacts on them during this 
time of the year are unknown.  Passive Aquatic Listeners (PALs) are low duty cycle recorders 
that have been developed for long-term autonomous deployment on ocean moorings.  These 
instruments provide quantitative information about the physical marine environment, including 
wind speed and precipitation measurements, but also can be adapted to detect and identify 
sound-producing marine mammal populations.  For the past three years PALs have been 
deployed in the coastal waters of Washington State during the wintertime.  These PALs were 
adapted to record short time series in addition to their standard continuous spectral data.  The 
short time series prove useful for the identification of various underwater ocean sounds, and 
many contained vocalizations of the target whale species, namely killer whales.   The sound bites 
were sufficient to provide probable identification of both transient and resident-type killer whale 
populations during the deployments. 
 
Keywords: killer whales, passive acoustic monitoring, underwater acoustic recorders 
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1. INTRODUCTION 
 
 Monitoring marine mammal populations is an important component of regulatory 
and conservation efforts by government agencies.  The Southern Resident (SR) killer 
whales of Puget Sound were recently been declared endangered [1]. These animals leave 
Puget Sound for the Pacific Ocean during the wintertime.  Visual observations of marine 
mammals during the wintertime off of the west coast of North America are extremely 
difficult to make because of darkness and bad weather and consequently knowledge of 
the whereabouts of these animals during the wintertime is mostly unknown.  However, 
killer whales do make sound underwater.  Thus, there are acoustic signals that can be 
used to detect the presence of the animals.  Passive Aquatic Listeners (PALs) have been 
developed to monitor the underwater sound environment between 1-50 kHz [2].  They are 
low-duty cycle recorders designed to monitor sound-producing physical processes 
including wind and rainfall, but can be adapted to detect short duration calls and clicks 
from whales.   

There are three general populations of killer whales in the Northeast Pacific 
Ocean: resident killer whales that mostly feed on fish and are relatively vocal, making 
calls and often using echo-location clicking, transient killer whales that mostly feed on 
other marine mammals and are relatively quiet, and offshore killer whales for which little 
is known about feeding ecology or vocalizations.  The SR killer whales of Puget Sound 
have been monitored extensively over many years.  They are most often encountered in 
three distinctive groups known as pods J, K and L.  Distinct call types have been 
associated with each pod [3,4], while other calls are associated with Northern Resident 
killer whales and Transient killer whales [5,6,7].   

 
Figure 1. Mooring locations. 
 
 

Figure 2. A Passive Aquatic Listener 
 (PAL) in a mooring cage. 

 
As part of the NOAA Northwest 

Fisheries Science Center (NWFSC) 
program to monitor for killer whales 
along the west coast of North America, 
the Applied Physics Laboratory (APL) 
of the University of Washington has 
deployed passive acoustic monitoring 
moorings in the coastal waters of 
Washington State (Fig. 1) in each of the 
last three winters (2005-2007). These 

moorings were all sub-surface and consist of a single PAL.  Mooring 
details are given in Table 1.  In 2005, a third mooring was placed in Haro Strait to 
coincide with a visual observation program for killer whales (Bain, pers. comm..).  This 
effort successfully demonstrated co-detection of killer whales by visual and acoustical 
methods [8].   
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Location 

Latitude Longitude Water 
Depth 

PAL 
Depth 

Deployment 
Dates 

PAL 
ID 

Cape Flattery 48° 20.009’N 125°  6.897’W 114 m 45 m   4/7/05  – 7/1/05 P 
Cape Flattery 48° 20.027’N 125° 49.583’W   53 m 43 m  4/8/05  – 7/1/05 I 
Haro Strait 48° 30.389’N 123°  8.694’W   29 m 21 m 5/13/05 – 6/9/05 

 7/8/05  – 9/8/05 
O 

Cape Flattery 48° 20.065'N 125° 6.827'W 115 m 50 m 1/23/06 - 8/12/06 I 
Cape Flattery 48° 10.056'N 125° 37.838'W 169 m 50 m 1/23/06 - 9/26/06 D 
Westport 46° 56.962'N 124° 25.681'W   65 m 48 m 1/24/06 – 9/15/06 E 

 
Table 1. Locations and times for PAL mooring deployments in 2005 and 2006. 
 
2. PASSIVE AQUATIC LISTENERS (PALs) 
 
  Physically PALs are cylindrical instruments 30 inches long by 6 inches in 
diameter (Fig. 2).  The hydrophone extends from one end.  It is typically mounted in a 
cage to avoid damage by possible fishing lines.  The weight in water is about 10 lbs, 
making it deployable on almost any type of mooring line.  PALs are autonomous and 
depend on internal batteries for operation.  Electronically, PALs consist of a low-noise 
wideband hydrophone, signal pre-amplifiers and a recording computer. The nominal 
sensitivity of these instruments is -160 dB relative to 1 V/μPa and the equivalent oceanic 
background noise level of the pre-amplifier system is about 28 dB relative to 1 μPa2Hz-1. 
 The PAL is not a continuous acoustic sampler.  The temporal sampling strategy is 
designed to allow the instrument to record data for up to one year [9].  In order to achieve 
this, the PAL is designed to enter a low power mode "sleep mode" between each data 
sample.  The time interval between data collection sequences is variable depending on the 
acoustic source detected and the mission requirements. For the Cape Flattery moorings in 
2005, the "sleep time" between samples was set to 5 minutes and changed to 1 minute 
when loud noises such as rain, ships or potential whale call were detected.  In 2006, the 
sleep time was 3 minutes between samples, and changed to 2 minutes if a loud noise was 
detected.  These sampling intervals were chosen to be frequent enough so that if a pod of 
whales stays in the vicinity of the PAL for tens of minutes, a detection was likely to occur.   

A data collection sequence consists of a 4.5-second time series collected at 100 
kHz.  This time series is then subsampled, generating 1024 pt or 10.24 ms short time 
series.  In 2005, four subsamples were selected with spacing at 0.1, 1.5, 3.0 and 4.4 
seconds.  In 2006, eight subsamples were used.  Each of these subsamples is fast Fourier 
transformed (FFT) to obtain a 512-point (0-50 kHz) power spectrum.  These spectra are 
spectrally compressed to 64 frequency bins, with frequency resolution of 200 Hz from 
100-3000 Hz and 1 kHz from 3-50 kHz.  These spectra are evaluated individually to 
determine the acoustic source and then are recorded internally.  Thus, the standard data 
set is a time series of spectra.   
 A modification to the operating software was developed for this project.  
Typically the original 4.5 s time series for each data collection sequence is discarded.  
However these data can be used to provide an audio confirmation of the sound source 
identification.  Practically, these “sound bite” files are relatively large, about 1 Mbyte 
each, and therefore only a limited number of sound bites can be stored on a PAL.  The 
memory card for a PAL has 2 Gb of storage space and therefore about 2200 sound bites 
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can be stored during a given deployment.  A rationing algorithm was developed to insure 
that the sound bites were recorded uniformly over the duration of the deployment.   

 

Figure 3. A 4.5 second 
time series collected 
offshore at Cape 
Flattery, April 26, 2005.  
The upper panel shows 
the time series, a single 
loud call.  When 
presented to 
experienced whale 
researchers, this call 
was identified as a 
Transient killer whale.  
Most of the calls 
recorded at this 
mooring were identified 
as Transient types. 

 
 The decision algorithm for storing a specific sound bite was designed for killer 
whale calls.  The objective was to collect a maximum number of calls and then to 
evaluate those calls for specific populations, in particular, the unique calls of the SR killer 
whale populations.  A typical killer whale vocalization lasts less than 4 seconds.  
Consequently, if each of the subsamples report the same spectra, then the sound source 
present is assumed to be quasi-stationary: wind, rain, drizzle, continuous ship noise, etc., 
and not a whale.  Alternatively, if one or more of the spectra are different from one 
another, then a “transient” sound is assumed to be detected.  This sound might be a whale 
detection.  However, transient sounds associated with shipping, or other biological 
sources may also meet the transient sound detection criteria.  Fortunately, we know the 
general character of killer whale vocalizations: communication whistles between 1-10 
kHz and echo location clicks centered at 20 kHz.  If the detected spectrum is consistent 
with the whale signal, the PAL records the entire 4.5 second time series for later analysis.  
An example of a 4.5-second time series showing a whale detection is shown in Figure 3.  
Once a sound bite is thought to contain an orca call, the sound bites can be provided to 
whale experts who have learned to identify specific call types often associated with 
specific whale pods.  The example shown in Fig. 3 was quickly identified as a Transient 
killer whale by several expert researchers. 
 
3. PAL DATA COLLECTED 
 
 Three months of data (Apr-June) were collected from two moorings at Cape 
Flattery in 2005, and 5 months of data (Jan-June) from three moorings at Cape Flattery 
and Westport in 2006.  Figure 4 shows a week of PAL data from Cape Flattery, WA in 
April 2005.  The time series of spectral levels typically show slowly changing variations 
on the time scale of wind and is associated with breaking wind waves.  And indeed, this 
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is a signal that can be used to quantify wind speed acoustically [10].  The time records 
also show the short time scale events.  These are usually associated with rain, ships and 
biological sources, such as whale vocalizations.  By examining the spectral 
characteristics of the sound, one can identify the source and produce a sound budget for a 
location, including when a source is detected, the percentage of time that a particular 
source is present and the loudness of that source [11].   

Figure 4. A 25-day record from the Cape Flattery offshore mooring in 2006 showing 
total sound level.  The short time scale events are mostly ship passings and rain storms.  
Times when sound bites were recorded are shown in black (squares).  The sound bite 
code is given in Table 2. 
 
 The focus of this project is to identify killer whale presence at the mooring 
locations.  The sound bites are used for primary validation of these signals.  All of the 
recorded sound bites were reviewed and the likely sound source identified (Table 2).  The 
sound bites containing potential whale contacts were further reviewed to identify 
probable specific killer whale group (resident, transient, offshore).  Typically sequences 
of calls, that is multiple sound bites within minutes of one another, for resident killer 
whales were available to confirm identification.  These sequences included both calls and 
clicks.  In contrast, transient killer whale detections were typically isolated calls (one or 
two sound bites together) and mostly contained calls.  These detections for 2006 are 
summarized in Figure 5.  There were 56 likely whale detections, including 27 identified 
as SR killer whales, 6 as NR killer whales and 15 as Transient killer whales.  In 2005 the 
number of contacts was much lower – a total of 8 detections including 3 for SR J-Pod.  In 
2005 the shallow mooring at Cape Flattery (at 53 m) had a lot of unidentified noise that 
limited detections and there was no mooring at Westport in 2005.  In addition, the 
detection code was changed to sample each sound bite at eight times within the 4.5 s time 
series rather than at four times.    
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Sound Bite Code Explanation 
100 False trigger due to a software problem 
101 Unidentified transient sound 
102 Whine of a ship engine 
103 Mechanical banging or sonar pinging 
104 Tapping, likely biological source 
105 Whale calls, mostly killer whales 
106 Interesting sound (bubbles, rain, sonars … 

 
  Table 2.  Sound bite code identification 

 
Figure 5. Summary of killer whale detections in the coastal waters of Washington State 
during 2006.  The Cape Flattery moorings stopped recording data on Day 187 (July 6th).  
No detections were recorded in January (before Day 40). 
 
4. CONCLUSIONS 
 

Passive acoustic moorings have been deployed as part of the NWFSC program to 
detect killer whales in the coastal waters of the NE Pacific Ocean along the west coast of 
Washington State at Cape Flattery and Westport.  Low duty cycle acoustic recorders 
(PALs) recorded sound spectra at an interval of every few minutes (2-5 min) during the 
winter months (Jan-Jun) of 2005 and 2006.  These data describe the sound budget at each 
mooring including the detection of wind, rainfall and shipping activity.  The software was 
modified to detect the short transient calls and clicks of killer whales.  The resulting data 
include thousands of short (4.5 s) time series recorded at 100,000 Hz.  These "sound 
bites" were examined for evidence of killer whale vocalizations.  In 2005 only eight 
detections were confirmed as killer whales, including 3 SR J-Pod detections.  However, 
in 2006, 56 detections were confirmed, including all three SR killer whales pods (J, K 
and L), NR killer whales (6 detections) and 15 Transient killer whale detections.  The 
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operating software had been changed to increase the likelihood of whale signal detection 
and there were three moorings in 2006.  These results show that PALs are an effective 
means of monitoring an endangered animal species and has identified times and locations 
where these animals occur with some regularity in the wintertime. 
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Horizontal target strength of herring; modelling and measurements 
with split beam echo sounder and multi-beam sonar 

 
Nils Olav Handegard, Egil Ona, Geir Pedersen and Ruben Patel 

 
Abstract: Recording of herring schools with the new multi-beam sonar MS-70 offers 
a new challenge when trying to convert volume backscattering data to biomass. Since 
the fish schools are measured in horizontal or near horizontal aspect, herring 
backscattering in these aspects are needed, rather than the normal mean dorsal 
aspect.  Target strength of herring has been observed horizontally with a split beam 
echo sounder. In this paper we analyse by target tracking how conform the horizontal 
swimming angle actually are within herring schools and layers. The angular 
distributions are used as input in a backscattering model of the herring swimbladder, 
and the results are compared with measured horizontal mean target strength, as 
extracted from the echo trace analysis.  Further the model is extrapolated towards 
lower frequency, where the bladder is less directive for evaluating the stability of the 
school echoes as a function of mean school swimming direction.  
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ACOUSTIC MEASUREMENT OF MARINE MAMMAL SOUNDS IN 
NOISY ENVIRONMENTS 

David K. Mellingera,   Jack W. Bradburyb 

a Cooperative Institute for Marine Resources Studies, Oregon State University, 2030 S. 
Marine Science Drive, Newport, OR  97365  USA, David.Mellinger@oregonstate.edu, 
+1-541-867-0372 

b Macaulay Library, Cornell University 

Abstract: Libraries of marine animal sounds often contain long recordings—from towed 
arrays or autonomous hydrophones—that include marine mammal vocalizations. Searching 
for these vocalizations within long recordings can be significantly enhanced if they have been 
previously annotated to indicate times, frequencies, and other characteristics. However, 
defining optimal search features is a difficult problem. For instance, one may wish to find 
harbor seal 'roar' vocalizations, which can extend up to 6 kHz, last 3-10 s, and have a 
broadband, non-tonal sound quality. Which features will best characterize such sounds? 
Marine recordings made without the recordist identifying a focal animal typically contain 
vocalizations recorded at low signal-to-noise ratios, and it is essential that measurements of 
a vocalization be consistent whether the vocalization occurs in high or low background noise. 
For instance, bandwidth is traditionally measured from a spectrogram: a person indicates 
lower and upper frequency bounds, and then subtracts the two. However, for vocalizations 
that fade at higher frequencies, like harbor seal roars, bandwidth measurements made this 
way can vary by a factor of three from low-noise to high-noise environments. Here we 
describe measurements, based primarily on Fristrup's "Acoustat" approach, that have 
consistent values at variable noise levels. We normalize a spectrogram to remove average 
background noise. We then weight the measurement at each instant by the normalized 
intensity of the vocalization at that instant, so that louder parts—which are still present in 
high-noise situations—have the strongest influence on the measurement value. A set of noise-
robust measurements have been developed, including measures for duration, bandwidth, 
amplitude and frequency modulation, tonality (vs. continuous-spectrum), peak frequency and 
time, etc. These measurements will be used to extract features from the Macaulay Library's 
marine collection and included in on-line search tools. 
 
 
Keywords: sound, vocalization, measurement, noise-robust, marine mammal  
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1. INTRODUCTION: MARINE AND TERRESTRIAL ANIMAL RECORDINGS 

Terrestrial animal sound recordings are typically made by a recordist who identifies target 
animal(s) and records sound when vocalizations occur. The resulting recordings are relatively 
rich in vocalizations, in that a large fraction of each recording contains sounds of interest. In 
contrast, marine recordings are often made continuously and without identification of target 
animal. Such recordings are typically made from hydrophone(s) towed behind a vessel, from 
fixed autonomous [1][2] or cabled hydrophones [3], or from autonomous platforms such as 
ocean gliders. Typically the vocalizations on such recordings are relatively sparsely 
distributed – that is, recordings may be weeks to years long and contain relatively few 
vocalizations compared to terrestrial recordings. Effective use of such recordings requires 
identification of times at which the vocalizations of interest occur. 

A second factor distinguishing marine recordings from terrestrial ones is the richness of 
species in marine recordings. Again, terrestrial recordings are often made with the intent of 
capturing sounds of a focal individual, or at least a focal species, and thus contain a 
“foreground” individual or species, whose sound is recorded relatively loudly. They may also 
contain some sounds of “background” animals, but these sounds are faint relative to the 
foreground ones. In contrast, marine recordings are often made without a target animal, and 
contain sounds of a large number of species at relatively high intensity. Fixed cabled 
hydrophones in the Atlantic Ocean, for instance, have recorded sound of blue, fin, minke, and 
humpback whales at a relatively high level, while fixed autonomous hydrophones in the Gulf 
of Alaska have recorded low-frequency sounds of blue, fin, humpback, right, and sperm 
whales at relatively loud levels [4][5][6]. These marine recordings, which again are relatively 
long, are not primarily single-species recordings. 

A third difference is that the animal vocalizations on marine recordings tend to be 
recorded at a relatively low signal-to-noise ratio (SNR), while terrestrial recordings of focal 
animals typically have relatively high SNR. Again this difference occurs because terrestrial 
recordings are often made of a focal species (or a focal call type of that species), in contrast 
to marine recordings. Identifying a focal individual allows terrestrial recordists to concentrate 
on improving the recording SNR by such methods as moving the microphone close to the 
target animal or using directional microphones aimed at it. 

These three issues have implications for the archiving of marine recordings in natural 
sound libraries such as the marine collection of the Macaulay Library [7] or the British 
Library Sound Archive [8]. Marine recordings need indexing methods that (a) identify where 
in long recordings any vocalizations of interest occur, (b) allow identification of the species 
making each vocalization in a recording, and preferably the call type of that species, and (c) 
make such identifications even for cases in which the SNR is low. In addition, because 
marine recordings are often very long in duration (weeks to years), these indexing methods 
must be largely automated; an archivist cannot simply index a year-long recording with the 
label “sperm whale” and consider it satisfactory. 

Here we describe a set of features, or measurements, of marine animal sounds that allow 
an archivist to characterize the sounds in a marine (or terrestrial) recording. These features, 
when automatically calculated for all the vocalizations present in a group of recordings, allow 
a researcher to identify the sounds of interest – i.e., identify which recordings, and which 
time segments within those recordings, contain sounds of interest. The feature set relies 
heavily on Fristrup’s “Acoustat” method of characterizing animal sounds [9][10], with 
custom measures and modifications by K. Cortopassi. It was developed for characterizing the 
marine sounds in Macaulay Library, a Cornell library containing sounds of many species [7]. 
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2. APPROACH  

The features described here are designed to characterize a sound from a marine animal. (A 
closely-spaced sequence of related sounds, such as the clicks in a sperm whale ‘creak’ 
vocalization, will be considered to be a single sound hereafter.) The sound is assumed to have 
been recorded digitally at a sample rate fs and stored in a sound file.  

The first step in such characterization is to identify a segment of time in which a 
vocalization occurs. This may be done manually, by having a person listen to a sound and 
examine its spectrogram, and identify the beginning and end of the segment; automatically, 
with a computer doing this; or semi-automatically, with a computer identifying candidate 
time segments and a person manually checking each one to determine whether or not it is a 
vocalization.  

After identifying such a time segment, a spectrogram of the segment is calculated, and an 
annotation box – a box delimiting a region in time and frequency that contains the sound of 
interest – is chosen. The annotation box may be chosen either by a person examining the 
spectrogram and indicating the box manually, or by an automated process; to date, it has been 
done manually. The annotation box may be drawn liberally, so that it contains some 
background noise other than the sound of interest. This allows the person making such boxes 
to define them quickly. 

Next, several features – measured values – are calculated from the sound in the annotation 
box. These features are calculated from a spectrogram of the sound, and the choice of 
spectrogram parameters affects the feature values. Thus the set of spectrogram parameters 
used (and any associated de-noising parameters, as discussed below) forms a necessary 
adjunct to the feature values for any recording. Spectrogram parameters are chosen by the 
annotator to reveal important characteristics of the sounds of interest. The most important 
such parameter is probably the frame size, the number of digital samples per FFT. The 
optimal frame size for a spectrogram is usually one that separates any harmonics present in 
the signals, but does not decompose amplitude or frequency modulations into carriers and 
sidebands. In the absence of periodic modulations, the optimal frame size for a frequency 
contour shows reasonable detail in both time and frequency. 

Ambient noise is present in most if not all natural recordings and can easily generate 
unwanted variation in extracted feature measurements. There are two kinds of noise issues. In 
many cases, a competent annotator will be able to include the vocalization of interest inside 
an annotation box, but exclude the sounds of other loud sources in the vicinity. In this case, 
the only noise inside the annotation box is general ambient noise. However, in other 
circumstances, it will be impossible to exclude loud sounds other than those of a focal source 
inside the annotation box. When this occurs, the annotator will select a field in the annotation 
data that indicates that more than one sound source is present. In both cases, post-processing 
of the segment will generate a spectrogram according to the settings discussed above, and a 
standard de-noising algorithm (such as spectrum equalization) will be applied to the entire 
spectrogram to remove the general ambient noise. De-noising algorithms that operate on 
spectrograms are now widely used in bioacoustic analysis programs; the one used here is 
noise equalization [5]. 

A very large number of possible features could be selected. However, the focus on 
indexing and searching recordings, rather than their online analysis, limits the number of 
extracted features. We have attempted to identify those features that will be most widely 
invoked in searches of a marine sound archive, but expect this feature set to evolve over time 
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as users of the archive provide feedback on which features they do use, which they do not, 
and which they would like to see added. 

3. THE FEATURES 

All features are extracted from a spectrogram of the annotation box. This is a two-
dimensional array in which the columns are successive time blocks (with earlier times to the 
left), the rows are successive frequency blocks (with higher frequencies above), and the 
matrix cells contain the magnitudes of the digital Fourier transform (DFT) spectrum for that 
column (time block), with adjustment by the de-noising algorithm. Features are numbered 
M1, M2, ... for reference. 

Feature Box (M1-M4): An energy threshold θ is used to identify the time and frequency 
bounds of the vocalization within the annotation box. We first sum the de-noised spectrogram 
matrix along each dimension to obtain two vectors, one containing column totals of energy 
(the time envelope), and the other containing row totals of energy (the frequency spectrum). 
Each vector’s values are ranked from highest to lowest, and the cumulative sum beginning at 
the high-value end computed until the threshold percentage θ=90% is achieved. The lowest 
time index in that subset is M1 and the highest is M2. A similar effort on the frequency 
spectrum vector gives M3 and M4; collectively these define the Feature Box (Fig. 1). 

These measures are equivalent to Acoustat’s upper and lower values from the 
concentration vector [9][10][11][12], and they illustrate the spirit of the entire feature set: 
Values are chosen based not on any pre-defined decibel level, but rather with reference to 
background noise levels and to the characteristics of the vocalizations present in the 
annotation box. In addition, many of these features use calculations weighted by the amount 
of energy present at each time or in each frequency. This has the advantage of making the 
measured feature dependent on the loudest part(s) of the animal sound, which are the parts 
that are least affected by background noise. Thus the features are relatively robust to noise – 
they vary relatively little with changing levels of background white noise. Most features in 
the 29-feature set we have selected, follow or are inspired by the robust measurement 
methods described elsewhere [9][10][11][12]. 

 

 

Fig. 1. Spectrogram of an example humpback whale vocalization showing the annotation 
box (larger filled yellow or gray box) and the Feature Box (inner dashed rectangle). 
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Duration and Bandwidth (M5, M6): These measures indicate the height and width of the 
Feature Box. The Duration is simply M5 = M2 – M1, and Bandwidth is M6 = M4 – M3. 

Central Values and Variation (M7-M14): These measures indicate the central 
tendencies of intensity and frequency in the signal, as well as the levels of variation around 
those central tendencies across time and frequency. It is more robust to avoid central 
tendency and variation measures that assume statistical normality; the median, quartile 
ranges, quartile skewness and concentration all meet this requirement [11][12]. 

These features are calculated from either the trimmed time envelope vector or the trimmed 
frequency spectrum vector [9][10][12][13], where trimming is done to the bounds of the 
Feature Box. For each trimmed vector in its original ordering, we begin at the lowest index 
value (time or frequency), and compute the cumulative sum of cell values as we move to 
higher index values until we reach 50% of the total energy in the vector. If this point falls 
between blocks, the actual value is interpolated. These become the median (ME) for that 
envelope – the Median Time (M7) and the Median Frequency (M11). 

Next, we begin at the median and move successively to lower index blocks until the 
cumulative sum of energies is 25% of the total energy in the Feature Box. The underlying 
index value for the block at which this occurs is Q1. We then begin at the median and move 
to higher index values until another 25% of the energy is accumulated. The underlying index 
value is Q3. The interquartile range for each axis is then Q3–Q1. These differences provide 
the values of Temporal Interquartile Range (M8) and Spectral Interquartile Range 
(M12). Next, the skewness values are computed for each axis as (Q1+Q3–2ME)/(Q1+Q3) to 
provide Temporal Asymmetry (M10) and Spectral Asymmetry (M14). 

Finally, each trimmed envelope vector is rank-ordered from largest to smallest. The 
cumulative sum of block values is computed beginning with larger values until we reach 50% 
of the total. The lowest index included in the additive set is the minimum for that axis, and 
the highest index is the maximum. Their difference provides the features Temporal 
Concentration (M9) and Spectral Concentration (M13). 

Peak Values (M15-M20): These measures indicate where in the Feature Box the peak 
intensity values occur. There are two measures one might invoke for peak intensity: a) the 
peak magnitude among all the cells in the spectrogram matrix (the specific peak), and b) the 
peak magnitude within each of the two envelope vectors [13]. We use both. 

While the absolute frequency at peak energy has obvious significance, it is not as clear 
that the offset time since the start of the Feature Box at which peak energies occur is as 
important as the fraction of time this is of the total duration of the Feature Box. While one 
could compute relative times knowing the Feature Box size and the offset, this will not help 
someone do a search who wants relative time of peaks. We thus include both the absolute 
time offset of the peak energies, and the fraction of time since the start of the Feature Box 
that the peaks occur. If these prove unnecessarily redundant, the less used feature(s) will be 
removed in a later version. 

These features are computed from the trimmed envelope vectors, and from the 
spectrogram matrix, trimmed to exclude blocks that are not within the Feature Box. The first 
feature here is the time of the cell in the trimmed spectrogram array containing the peak 
magnitude (specifically, the time at the midpoint of this cell). It is computed as the number of 
seconds since the starting time of the Feature Box, and is called Time of Peak Cell Intensity 
(M15). Dividing this value by the Feature Box’s Duration (M5) and giving it as a percentage 
provides Relative Time of Peak Cell Intensity (M16). 
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The next feature is the midpoint time of the time block in the trimmed time envelope 
vector with the maximal energy value; this is the Time of Peak Overall Intensity (M17). 
Dividing it by the overall duration of the Feature Box and providing the result as a percentage 
constitutes Relative Time of Peak Overall Intensity (M18). 

The Frequency of Peak Cell Intensity (M19) is the mid-frequency of the trimmed 
spectrogram array cell containing the peak magnitude. It is given as a frequency (Hz). 
Correspondingly, the Frequency of Overall Peak Intensity (M20) is the mid-frequency of 
the frequency block in the trimmed spectrum envelope that contains the greatest energy. 

 
Modulation Measures (M21-M24): These features characterize the time and frequency 

variation within the signal. They employ the power spectrum of the trimmed time envelope 
and trimmed frequency envelope; peaks in this spectrum are used to characterize the signal 
variation [9][10]. 

The first feature here measures the dominant rate of AM in the Feature Box sound. The 
AM Rate (M21) is simply the frequency of that block in the power spectrum vector of the 
time envelope with maximal magnitude. A related feature estimates the variability of the AM 
modulation, the AM Rate Variation (M22). It equals the Q6 dB value – i.e., the width (in 
Hertz) of the peak 6 dB down from the maximum. 

Correspondingly, the FM Rate (M23) feature characterizes the dominant rate of FM in the 
Feature Box and follows the computations of [9] and [10]. It is the frequency of the block 
with maximum magnitude in the power spectrum vector of the weighted median frequency 
offset vector. The latter is computed by using a vector fmed(t) that tracks median frequencies 
across time blocks in the trimmed spectrogram array; computing the mean frequency Xmed of 
this vector; for each time block, calculating the difference between the element of fmed(t) for 
that block and Xmed; and multiplying this by the fourth root of the total magnitude for that 
block. The result is a weighted median frequency offset vector Omed(t). Lastly, the FM Rate 
Variation (M24) is analogous to the Q6 dB used for M22 but using the FM peak instead of the 
AM peak. 

Other Fine Structure Measures (M25-M28): These measures provide additional 
information about the fine structure within the signal. They are computed directly from the 
trimmed spectrogram array. 

Output Measures: Average Cepstrum Peak Width (M25), Overall Entropy (M26), 
Upsweep Mean (M27), Upsweep Fraction (M28).  

Harmonic Structure: Animal sounds often consist, at least in part, of harmonic series. 
Cepstral analysis (a DFT of the power spectrum of each time block in the trimmed 
spectrogram array) will show a single narrow peak if the sound in that block consists of 
harmonics. To calculate this feature, a DFT is performed on the power spectrum for each 
time block in the trimmed spectrogram. As with measures M22 and M24, a Q6 dB value is 
computed indicating the peak width of the dominant peak in this cepstrum. The Q values are 
then averaged across the time blocks in the trimmed spectrogram and provided as Average 
Cepstrum Peak Width (M25). 

Entropy: This indicates how evenly the energy is distributed across the frequency blocks 
in a given time block. Many animal sounds are nonlinear and stable limit cycle periodicities 
can suddenly shift into subharmonics and chaos. Species differ in how often this occurs. 
Hence this could be a useful search tool. To calculate this feature, the frequency cells in each 
time block of the trimmed spectrogram are ranked from high to low magnitude. The number 
of frequency blocks required to account for 50% of the total energy is computed, multiplied 
by the width (in Hertz) of each frequency block, and divided by the total number of 
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frequency blocks in the Feature Box. This value is then averaged across all time blocks and 
the result named the Overall Entropy (M26). 

Frequency changes: Some measures indicating the general direction of frequency 
modulation may prove useful in searching a sound library. Here we compute the average 
change in median frequency (as in M23) between successive time blocks in the trimmed 
spectrogram, weighted by the total energy in the block. The result is the Upsweep Mean 
(M27); its sign indicates whether the frequency in the Feature Box is generally increasing, 
constant, or decreasing. Similarly, the Upsweep Fraction (M28) is the fraction of time 
blocks in the trimmed spectrogram in which the median frequency in one block is greater 
than that in the preceding block, weighted by the total energy in each block. Both measures 
are similar to those described by Fristrup and Watkins [9][10], but with weighting by the total 
signal energy to emphasize the contribution of louder signal components. 

 
Signal-to-Noise Ratio (M29): In the calculation of this feature, it is assumed that the 

annotation box is large enough that at least 25% of the cells in it are without a focal signal. 
SNRs measured using this method tend to give higher values than other methods (by roughly 
10%), but this method’s results tend to be more robust to variations in box size than 
alternatives. To calculate it, take all cells in the original (untrimmed) Feature Box 
spectrogram and order them from smallest to largest in magnitude. Find the 25th percentile 
point and the maximum (100th percentile point) and take the ratio of these two magnitudes. 
The result, when converted to decibels, is SNR (M29). 

4. IMPLEMENTATION AND FUTURE WORK 

The set of 29 features described above were implemented in Osprey [14], a freely 
available Matlab™ [11] toolbox for spectrographic analysis of bioacoustic signals. When 
these features have been selected from Osprey’s set of possible measurements, the feature 
values appear on-screen after user selection of a time/frequency region of the spectrogram. 
The feature values are also written to a scrolling window, and may be stored to or retrieved 
from textual log files. The features have also been implemented in a development version of 
the sound-analysis package Ishmael [16] and will be released shortly. 

This feature set is only a preliminary step. At the moment, so many different approaches 
are used for characterizing animal sounds that it is often difficult to compare measures made 
by different researchers. Our aim is to apply these features (measurements) to the sounds in 
the Macaulay Library’s marine sound collection, and perhaps the entire collection including 
terrestrial species, and store the results in the ML indexing database. The features will then 
become widely available to researchers, and it will be possible to search for sounds having 
specific values for these features – for instance, sounds in the frequency range of 5-30 kHz – 
or for combinations of these features, such as harmonic sounds in the frequency range of 5-30 
kHz that last at least 2 s and have a rising frequency. It is hoped that having such flexibility 
and power for searching through a marine sound archive will enable marine bioacoustic 
researchers to find useful sounds in the Macaulay Library quickly and effectively, and to 
thereby enhance the research potential of such a library. 

We also encourage other archives and research programs to use these measures and help 
us refine them with the eventual goal being a standard set of features that is routinely 
implemented in future studies, cited in publications, and used in search engines.  
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Field calibration of the MS70 multibeam sonar  
 

 Egil Ona,  Hans Petter Knudsen,  Lars Nonboe Andersen 
 

Abstract: The 500 beams of the Simrad MS70 sonar is calibrated using the standard 
target method using two large, specially designed tungsten carbide spheres, covering 
the frequency band from 75 – 120 kHz. Results from standards, all-beams 
calibrations, and from detailed split beam calibrations of selected beams in the matrix 
are presented. The data obtained in this particular are compared with calibrations 
using a small, 25 mm, tungsten carbide sphere. 
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MODELLING AND MEASUREMENT OF ACOUSTIC EXPOSURE 
LEVELS DUE TO SEISMIC SURVEYS IN AUSTRALIAN WATERS 

Alec J Duncana, Robert D McCauleya, Susan J. Renniea 

a Centre for Marine Science & Technology, Curtin University of Technology, Perth WA 
6845, Australia 

A. Duncan, Centre for Marine Science & Technology, Curtin University of Technology, 
Perth WA 6845, Australia; fax: +61 8 9266 4799; email: a.duncan@cmst.curtin.edu.au 

Abstract: Marine seismic surveys rely on the use of sound sources consisting of arrays of 
airguns, which produce short pulses of intense sound.  Surveys may last for several 
months and involve firing tens of thousands of 'shots'.  Although the arrays are designed to 
direct as much energy as possible vertically downwards into the seabed, considerable 
acoustic energy also propagates horizontally through the water column.  The potential for 
adverse environmental impacts, particularly on marine mammals and fish, caused by the 
sound produced by these surveys has been recognised for some time.  This paper reports 
on work carried out at the Centre for Marine Science and Technology which has 
combined an extensive field measurement program with numerical modelling in order to 
better understand the environmental impacts of seismic surveys carried out in Australian 
waters. 

Keywords: Environmental impacts, airgun, seismic, propagation 
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1. INTRODUCTION 

Marine seismic surveys are used extensively by the offshore oil and gas industry as a 
means of prospecting for new reserves and for monitoring the extraction of oil and gas 
from production wells.  To be effective, these surveys must use high intensity, impulsive 
sound sources that produce detectable echoes from geological structures many kilometres 
below the seabed.  In most cases this is achieved by using a source consisting of an array 
of airguns, which is towed behind the survey vessel at a shallow depth (typically 6 m to 
8 m).  Each airgun operates by suddenly releasing high pressure air into the water.  The 
resulting acoustic signal consists of a sharp initial pulse followed by a decaying series of 
“bubble pulses” caused by the oscillating air bubble.  

A typical seismic survey source may consist of 20 to 30 airguns of various sizes, all 
fired simultaneously.  The configuration of the array is carefully designed to minimise the 
influence of the bubble pulse on the resultant signal, and to direct as much energy as 
possible over the range of angles that will result in useful echoes being received on the 
hydrophones which are towed in long (5 km is typical) “streamers” behind the survey 
vessel. 

Although the aim of these surveys is to project energy downwards into the seabed, the 
practical constraints on array design, particularly the achievable element spacings and 
numbers of elements, and the wide frequency bandwidth of the signals (typically ~20 Hz 
to 200 Hz or more) result in a significant amount of acoustic energy being emitted at 
angles close to the horizontal.  This energy can propagate to long range and has the 
potential to adversely impact marine animals over a large area, especially as a seismic 
survey may run for a month or more, during which time the guns are fired at intervals of 
10 to 20 s for hours at a time. 
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Fig. 1.  Measured received levels from nine different airgun surveys in Australian waters 

plotted against range.  (100 shot averages.)  Straight broken line represents spherical 
spreading. 

 
Exactly what “long range” and “large area” mean depends on a number of factors and 

can vary by orders of magnitude from survey to survey.  This is illustrated in Fig. 1, which 
shows average received levels from nine different airgun surveys plotted against range.   
The signals were recorded using bottomed hydrophones in different locations on and 
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around the Australian continental shelf in water depths that varied from survey to survey 
between a few tens of metres and several hundred metres.  As an example, the range at 
which a threshold of 140 dB re 1 μPa2.s is crossed varies between 1.2 km and 30 km, 
depending on the survey.   

The main factors that affect the area of influence are the details of the seismic source, 
the acoustic propagation conditions, and the sensitivity to disturbances of the species in 
question.  The first two of these are amenable to numerical modelling and are the subject 
of this paper.  The issue of the sensitivity of different marine species to acoustic 
disturbances is much more difficult to address, although enough work has been done in 
this area for some guidelines to be set [1], [2]. 

2. MODELLING 

2.1. Modelling a Single Airgun 

Simulation of the acoustic signal produced by each individual airgun has been carried 
out using a simple free bubble model given in [3].  This is a linear model which ignores 
large amplitude effects and the presence of the body of the gun but, with some 
modification to the damping term, has proved satisfactory for this purpose.  The 
simulation involves numerically solving the following differential equation: 

dt
dp

cdt
dr

rr
p

dt
rd

ρρ
5

2
3 2

2

2

+⎟
⎠
⎞

⎜
⎝
⎛−=  (1)

where r  is the instantaneous bubble radius, ρ  is the density of the surrounding fluid, c  is 
the sound speed in the surrounding fluid, t  is time, and p p pa= − 0  where ap  is the 
absolute gas pressure in the bubble, and 0p  is the hydrostatic pressure in the surrounding 
water.  This equation has been modified from the corresponding equation in [3] by 
multiplying the third term by a factor of five to give better agreement between the rate of 
decay of the bubble oscillations and experimental data.  The pressure and bubble wall 
velocity are related by: 

dp
dt

p u
r

a=
− 3γ

 (2)

where u
dr
dt

=  is the normal velocity of the bubble wall and γ  is the ratio of specific heats 

in the bubble which, following [3], was taken as 1.13.  The gas pressure, ap , is related to 

the initial bubble radius, 1r , and the initial gas pressure, 1p , by 
γ3

1
1 ⎟

⎠
⎞

⎜
⎝
⎛=

r
rppa .  Assuming 

spherical spreading, the acoustic pressure received at a hydrophone a distance R  from the 
bubble is then: 
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2.2. Source Array Modelling 

The signal emitted by the array as a whole is determined by summing suitably delayed 
and scaled replicas of the signals output by the individual guns.  In order to provide an 
equivalent far-field source response suitable for input to a propagation model the 
summation is carried out many array dimensions from the centre of the source and then 
referred back to a range of 1 m using spherical spreading. 

The model is calibrated for each array by computing the waveform for the vertically 
downwards direction, adding the surface reflection which contributes a delayed, inverted 
replica of the same waveform, and calculating the scaling factor that gives best agreement 
with a reference waveform provided by the seismic contractor.  Source spectra for 
different directions are then calculated by Fourier transforming the time domain signals. 

An example of the results is shown in Fig. 2, in this case for an array typical of those 
used for 3D seismic surveys (surveys in which multiple parallel hydrophone streamers are 
towed).  The spectral plot shows the higher levels of high-frequency energy typically 
radiated at right-angles to the tow direction. 
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Fig. 2.  Left-hand plot shows modelled horizontal plane acoustic time series for a shot 
from an 18 gun, 37 litre 3D seismic array.  Curves are for angles of 0° (blue), 45° (red) 
and 90° (green) from the tow direction.  Right-hand plot shows the source spectral level 
as a function of azimuth angle and frequency for the same array. 

2.3. Propagation Modelling 

Given that hundreds of thousands of shots are fired during a typical seismic survey, it is 
impractical to accurately model acoustic propagation for every shot. 

Instead, the approach taken here has been to use the geology and bathymetry in the area 
of interest as a guide to establishing a small number of representative acoustic propagation 
paths, usually representing “worst-case” situations.  An acoustic propagation model 
suitable for the bathymetry and seabed characteristics in the region is chosen and is used 
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to calculate the transmission loss along each of these paths at appropriate frequencies 
(typically 1/3 octave intervals from 10 Hz to 1 kHz). 

Source levels are calculated as a function of azimuth for each 1/3 octave band by 
integrating the source spectral levels over the required frequency range.  These are 
combined with the corresponding transmission loss results to obtain the received levels in 
each band, which are then used to obtain the overall received level.  The main sources of 
inaccuracy are the requirement to use a relatively small number of propagation paths in the 
calculations, and a limited knowledge of the acoustic characteristics of the seabed. 

Various strategies can be used in particular instances to further reduce the 
computational load.  For example, if relatively small areas are of particular environmental 
concern (eg. marine parks), then it may be sufficient to only model a small number of 
worst case scenarios such as a beam aspect array at the point of closest approach. 

3. EXAMPLES 

3.1. Shallow water propagation 

The first example shows the results of a prediction for an environmentally sensitive 
coastal region along the south coast of Victoria, Australia, frequented by Southern Right 
whales.  Fig. 3 shows the bathymetry profiles for the selected propagation paths, the 
predicted received levels as a function of distance from the source, and a comparison of 
these predictions with measured received levels from two earlier surveys carried out in a 
different geographical area, but with a similar seismic source and similar water depths.  
Propagation is upslope towards the coast. 

 
Fig. 3.  Left-hand plot shows bathymetry profiles for selected propagation paths 

(depths are in metres). Curves in right-hand plot are predicted received level vs. range 
from source for these propagation paths.  Points are measured received levels vs. range of 

source from receiver for two similar surveys. 

3.2. Deep water propagation 

Fig. 4.  shows the results of acoustic propagation modelling for a seismic survey carried 
out in 1000 m of water off the southern coast of Western Australia.  Signals from this 
survey were clearly detectable 2000 km away on the other side of the Great Australian 
Bight.  Initially the signals drop off faster than spherical spreading due to destructive 
interference between direct and surface reflected paths.  From 1 km to 10 km bottom 
reflections contribute significantly and reduce the decay.  From about 10 km to 100 km the 
sound effectively spreads spherically as it propagates down the continental slope, whereas 
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for ranges in excess of 100 km the sound is ducted in the deep sound channel and spreads 
cylindrically, with absorption starting to become important at extreme range.  Minima in 
the transmission loss at long range correspond to convergence zones. 

 

 
 

Fig. 4.  Modelled transmission loss vs. range for acoustic propagation across the Great 
Australian Bight at frequencies of 40 Hz (blue) and 100 Hz (red).  Receiver depth is 

100 m.  Broken line is spherical spreading. 

4. CONCLUSIONS 

Sound levels produced by seismic surveys can vary considerably depending on the 
seismic source, and particularly on the propagation conditions.  Numerical modelling 
allows these differences to be modelled and explained and is a useful aid in the prediction 
of the likely environmental effects of these surveys, especially when combined with 
measured received levels from many surveys carried out in a wide range of locations. 
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DISCRIMINATION OF TRANSIENT SIGNALS HAVING IDENTICAL 
ENERGY SPECTRA BY A BOTTLENOSE DOLPHIN 

G. Zaslavski 

University authority for applied research, Tel-Aviv 

42442 Netanya, Gordon 51/7, Israel, email: zaslg@bezeqint.net 

Abstract: A bottlenose dolphin was able to discriminate between transient sounds with 
identical energy spectra but different phase spectra. The transients were produced by filtered 
2-µs square pulses through second-order all-pass circuits with different pole frequencies of 
90 and 100 kHz. The discrimination of the transients was determined as a function of the all-
pass circuit pole quality factor. The larger the pole quality factor of the all-pass filter, the 
larger the time delay of the sound energy near the pole frequency.  As long as the pole 
quality factor was larger than around 3, the bottlenose dolphin readily discriminated the all-
pass transients in the presence of 20-µs backward noise maskers delayed by only 35 µs. It 
appears that the dolphin discriminated the reactions of an auditory filter centered at one of 
the pole frequencies to the all-pass transients.  

Keywords: Dolphin, auditory, time resolution 
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1.  Introduction 

Bottlenose dolphin’s echolocation clicks are as short as 25-50 µs. Theoretical time 
resolution of the clicks is as high as 12-15 µs.  However, the bottlenose dolphin’s actual 
auditory time resolution is believed to around 0.3 ms [1, 2]. Target discrimination 
experiments have always been seen as a basic way to study auditory signal processing 
mechanisms in dolphins. Threshold differences in physical dimensions of targets can be 
precisely translated to the threshold differences in the target echo characteristics. A true 
problem, however, is to pinpoint the ones, which undergo the auditory analyses. Double 
representation of a target echo in the time and frequency domains seems to be a major 
obstacle to a plausible interpretation of target discrimination results. Similarly, a dolphin's 
discrimination between phantom echoes which simulate echoes from real targets can be 
equally related to the time and frequency domain. As long as stimuli with regular differences 
in both waveforms and frequency spectra are used it is impossible to tell for certain whether a 
dolphin discriminates the stimuli in the time domain or in the frequency domain.  

In order to eliminate or at least to reduce the time-frequency ambiguity, stimuli with 
identical energy spectra were used [1, 3, and 4]. Bottlenose dolphins were able to 
discriminate a pair of a small click followed by a large click from a time-reversed replica of 
the same pair of clicks [1, 4]. Johnson et al. [3] assumed that the Atlantic bottlenose dolphin 
could not temporally separate the clicks at a tested in their experiments 200-µs interclick 
interval. They suggested that the dolphin discriminated differences in rippling of the short-
time spectra generated using a 300-µs analysis window. However, the 300-µs analysis 
window could hardly produce any differences in the short-time spectra of the time reversed 
double clicks for threshold intervals between the first and second clicks as small as 4-10 µs 
which were found for the Black Sea bottlenose dolphins [1, 4].  The time domain 
discrimination appeared to be the only option available for the dolphin to discriminate the 
time-reversed double clicks with identical energy spectra, at least for very short interclick 
intervals [4, 6 and 7]. 

In this paper we investigate the bottlenose dolphin discrimination of another type of brief 
signals with identical energy spectra. Contrary to rippled spectra of the time reversed double 
clicks, the new stimuli had flat energy spectra within a bottlenose dolphin's hearing range 
(Fig 1, bottom frames). By masking the signals with delayed noise pulses we took one more 
step further to ensure that the dolphin would not able to discriminate the short-time spectra of 
the signals. 

2.  Methods 

The subjects were the Black Sea bottlenose dolphin (Tursiops truncatus). The experiments 
were conducted in a 28 × 13 × 4 m concrete pool. A two-response forced-choice paradigm 
was used. A vertical net partition between two transducers (1.2 cm in diameter) at 3 m from 
each other enabled the experimenter to set a minimum distance (5 m), from which a dolphin 
was forced to make his choice. At the beginning of a session, the dolphin positioned itself at 
the far (away from the transducers) end of the partition. The transmission of the stimuli 
signaled to the animal the start of a trial. To indicate its choice the dolphin was required to 
approach a transducer of a standard stimulus. The threshold values were measured using a 
method of constant stimuli. Near the threshold, the stimuli were presented in 10-block trials 
with unchanged characteristics and 1 to 3-dB steps in a characteristic change between the 
blocks. Sensation level of the stimuli was around 40 dB. Experimental results from the last 3 
– 4 sessions were averaged for each threshold estimate at the 75% correct response level. 
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An analog second order all-pass filter [5] was used to produce transient signals with 
identical energy spectra. The magnitude response of all-pass filters is constant over all 
frequencies (Fig. 1A, bottom frame). The all-pass filter is characterized by a pole frequency 
and pole quality factor Q. The frequency selectivity of the all-pass filter is in its phase 
response (Fig. 1D-ii).  The phase shift reaches 180 degrees at a pole frequency. The phase 
gradient at the pole frequency could be varied by changing a Q-factor. The Q-factor is the 
width (at 3-dB level) of a bandpass filter that is the integral part of a second order all-pass 
filter.  

In the first series of experiments, the dolphin was required to discriminate between a 2-μs 
square pulse and its replica filtered through a second order all-pass filter (Fig. 1). Further in 
the text we refer to this filtered pulse as the all-pass transient. The energy spectra of the 
stimuli were identical (Fig. A and C, bottom frames) but their phase spectra were different 
(Fig. 1D). The phase spectrum of the square pulse is practically flat within the frequency 
range of the bottlenose dolphin hearing (Fig. 1D-i), whereas the phase spectrum of the all-
pass transient rapidly changes near the pole frequency of 100 kHz (Fig. 1D-ii). 
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Fig. 1.  A 2-µs square pulse (i) and "all-pass" transient (ii) with the pole frequency of 100 
kHz and Q-factor of 3.3 at the electrical (A) and acoustical (C) side of transducers. (B)- 

STFT-spectrograms of the square pulse and the all-pass transient generated using a 30-µs 
Hanning analysis window and a 2-µs time increment. Bottom frames are the energy and 

phase spectra of the square pulse and the all-pass transient. 
 
The all-pass filter selectively delays the all-pass transient energy in the frequency band 

where rapid changes in the phase spectrum occur (Fig. 1Bii). The larger the Q-factor of the 
all-pass filter, the larger time delay of the all-pass transient energy near the pole frequency 
(Fig. 1Bii) which results in increase of the all-pass transient duration (Fig. 1Cii). The 
minimum value of the Q-factor at which the dolphin was able to discriminate the stimuli was 
determined. 

In the second experiment, the dolphin was required to discriminate all-pass transients with 
different pole frequencies of 90 and 100 kHz but identical Q-factors (Fig 2). The stimuli have 
practically the same durations and similar time waveforms (Fig. 2A and 2B). The minimum 
value of the Q-factor at which the dolphin was able to discriminate the all-pass transients was 
measured. 
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Despite different phase spectra, the all-pass transients have similar time waveforms (Fig. 
2). 
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Fig. 2.  All-pass transients with pole frequencies of 100 kHz (i) and 90 kHz (ii) and Q-factor 

of 3.3 at the electrical (A) and the  acoustical side of transducers (B). (C and D)- STFT-
spectrograms of the transients generated using a 30-µs and 300-µs Hanning analysis window 

and a 2-µs time increment. (E and F)-Phase and energy spectra of the all-pass transients. 
 
 The short-time spectra of the all-pass transients generated with a 30-µs analysis window 

also appears to be difficult to distinguish (Fig. 2C).  The frequency resolution could be 
improved using a longer 300-µs analysis window (Fig. 2D). Narrow peaks in the short-time 
energy spectra at the pole frequencies of 90 and 100 kHz are separated enough for a 
bottlenose dolphin to discriminate their positions providing the auditory system is able to 
read short-time spectrum fast enough.  In order to prevent the dolphin from identifying the 
stimuli short-time energy spectra, the all-pass transients were masked with 20-µs noise pulses 
delayed by 35 µs (Fig. 3A). At some signal-to-noise level, the noise pulses should mask 
differences both in the short-time (Fig. 3B) and in the phase spectra of the all-pass transients 
(Fig. 3C and 3D). Threshold signal-to-noise ratio was determined.  
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Fig. 3. (A)-All-pass transients with 100 kHz (i) and 90 kHz (ii) pole frequencies masked with 

the 20-µs noise pulses delayed by 35µs (at the electrical side of transducers). (B)-STFT 
spectrograms generated for the all-pass transients masked with the noise pulses using 300-µs 
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Hanning analysis windows. (C and D)-Phase spectra of two randomly chosen couples of the 
stimuli. Signal-to-noise ratio is around 6 dB above the threshold. 

3.  Results 

The dolphin was able to discriminate a 2-μs square pulse from its replica filtered through 
the all-pass filter (Fig. 1A) as long as the Q-factor was larger than around 3 (Fig. 4A). 
Approximately the same value of the Q-factor was needed for the dolphin to discriminate the 
all-pass transients with different pole frequencies of 90 and 100 kHz (Fig. 4B).  
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Fig. 4. (A) -The dolphin discrimination of the 2-μs square pulse and the all-pass transient as 
a function of the pole quality factor Q. (B)-Dolphin discrimination of the all-pass transients 

with pole frequencies 90 and 100 kHz as a function of the pole quality factor Q.  
As long as a signal-to-noise ratio was higher than around 0 dB, the dolphin readily 

discriminated the all-pass transients in the presence of the backward noise masker (Fig. 3A). 
However, regular differences in the phase spectra (Fig. 2D) were already obscured at a 
signal-to-noise ratio 6-10 dB above the threshold (Fig. 3C and 3D). The noise pulses also 
completely masked energy peaks in the short-time spectra near the transient pole frequencies 
(compare Fig. 2D and Fig. 3B).  

It appears that the only way for the dolphin to discriminate the all-pass transients was to 
extract stimulus features needed for discrimination before the noise masker interfered. The 
all-pass transients have similar waveforms if they are received in the broad frequency band 
(Fig. 2B). However, certain differences in waveforms are observed when the all-pass 
transients are filtered through the bandpass filter centered at a pole frequency where rapid 
changes in the phase spectra occur (Fig. 5A). The characteristic differences in the bandpass 
filter reactions to the all-pass transients (Fig. 5B) are unaffected by the delayed noise pulses 
(Fig. 3A). 
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Fig. 5. The reactions of the bandpass filter (90-110 kHz, 2nd order, Butterworth) to  the all-
pass transients with pole frequencies 90 and 100 kHz (A), to the same transients but masked 

with delayed noise pulses (B), to the square pulse and the all-pass transient with the pole 
frequency of 100 kHz (C). 

Similar differences in the bandpass filter reactions are observed between the square pulse 
and the all-pass transient (Fig. 1A) if again, the filter is centered at the pole frequency of the 
all-pass transient (Fig. 5C).  

In our previous experiments [4, 6 and 7] bottlenose dolphins apparently used a single 
auditory filter to discriminate between brief time-reversed signals with identical energy 
spectra. Bottlenose dolphin readily discriminated the signals when most of the dolphin’s 
hearing frequency range was masked with continuous bandpass noise except for a frequency 
band of just 10 to 15 kHz that is narrow enough to be associated with a single auditory filter. 
Discrimination, however, was possible only if the free of noise frequency band was centered 
at one of troughs in the signal energy spectra. The trough in the energy spectra is associated 
with rapid (and opposite in a direct and reversed signal) change in phase spectra. Differences 
in the phase spectra apparently caused the waveforms of the auditory filter reactions to the 
time reversed signals to be different as well, similar to that observed between the bandpass 
filter reactions to the all-pass transients (Fig. 5).   

Conclusion  

The bottlenose dolphin was able to discriminate the all-pass transients with different pole 
frequencies of 90 and 110 kHz but identical and flat energy spectra. As long as the pole 
quality factor of the all-pass filter was larger than around 3, the bottlenose dolphin readily 
discriminated the all-pass transients in the presence of the 20-µs noise maskers delayed by 
only 35 µs. The results suggest that the dolphin discriminated the all-pass transients based on 
differences in reactions of a single auditory filter centered at one of the pole frequencies.  
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A Robust Motion Compensation Solution for SAS 
 

Sean Chapman, Richard Orme 
 

 
Abstract: Synthetic Aperture Sonar requires alignment of the phase centres that 
make up the synthetic array to within 0.5mm over the length of the aperture, which is 
generally of the order 10m. Practical SAS solutions use a vernier physical array, so 
achieving this alignment is complicated by the requirement for accurate lever arm 
corrections. The Displaced Phase Centre Antenna (DPCA) algorithm and its 
derivatives have demonstrated that the phase history can be successfully estimated 
using multiple overlapping phase centres, and that this process can be efficiently 
implemented with an aiding input from an accurate Inertial Navigation System. This 
paper looks at issues that affect the level of robustness of the trajectory estimation 
approach. It also presents a double sided micro-navigation approach that aims to de-
convolve contributions to the sonar data derived estimates. The paper is supported by 
data measured in a recent rail trial performed by Ultra Electronics in Portland 
Harbour, UK. The aim of the trial was to calibrate a customer deliverable production 
SAS, and to characterise Ultra’s new generation sonar system in a range of 
configurations. A brief outline of the trial is presented with some preliminary results. 
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MEASUREMENTS ON                                                                
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IN SYNTHETIC APERTURE SONAR IMAGES 
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Abstract:  
 
The shadow is an important feature for the classification of targets in mine hunting sonar 
imagery, and an accurate representation of the shadow is a fundamental step for any suite of 
automatic target recognition (ATR) processing algorithms. While the performance of shadow 
classification is in use for conventional high frequency sonar, new issues arise for synthetic 
aperture sonar (SAS) which attempt to achieve similar or better resolution at longer ranges. 
Due to the increased aperture length of a SAS, there can be a significant spread in the angle 
at which the target is viewed over the aperture, with a corresponding degradation in shadow 
quality that limits the benefits of increased resolution. This article aims to quantify this effect 
in terms of the accuracy with which the shadow contour can be determined for a SAS. This 
depends on characteristics of the target, sonar, reverberation and noise. The linkage between 
shadow contour, reverberation, sonar 3dB-beamwidth and SAS processing method is 
confirmed practically by analysing simulated and experimental SAS images with a similar 
set-up.  
It has been observed that the so-called fixed focus shadow enhancement (FFSE) processing 
technique has a capability to visually improve SAS image quality. The technique mitigates the 
effect of viewing angle changes by accounting for and shifting the shadow along the aperture. 
A comparison between conventional SAS imaging and FFSE shows that the latter 
outperforms the former in all cases. 

Keywords: Synthetic aperture sonar, accuracy, resolution, shadow, mine hunting 
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1. INTRODUCTION 

This paper focuses on the acoustic shadow cast by targets of interest in synthetic aperture 
sonar (SAS) imaging. This signature is often used in combination with the target echoes to 
detect and classify objects. Imaging of acoustic shadows cast by the objects on the sea floor is 
often suboptimal. Areas of the shadow are filled in by a number of random processes caused 
by noise, diffraction, sidelobes, multipath arrivals and the sonar signal itself. The sonar is 
typically based on array technology with fixed dimension. Hence, an element at one end of 
the array observes a different shadow than an element at the other end, as shown in [1]. 
Nevertheless, all of these element data are combined to create a single high-resolution sonar 
image. For the case of a SAS this change of the shadow over the aperture is usually 
significant. In practice, the effect manifests itself as a transformation of the shadow making it 
shorter and generally triangle-shaped with blurred edges (penumbra). This complicates 
further processing such as automatic target recognition, which makes use of the shadow 
shape for classification purposes. Fortunately, however, the SAS image formation can be 
altered to compensate for the shadow fill-in. Conventional SAS processing can be regarded as 
focused beamforming [2] and therefore focuses for each range. The alternative method, called 
fixed focus shadow enhancement (FFSE), focuses on a single range, namely the range of the 
target. It was also found in [3, 4] that SAS image formation affects the shadow and that FFSE 
indeed improves the shadow, because all reverberation scatterers defocus exactly up to the 
shadow bound providing a sharp edge. It has previously been shown how shadow resolution 
improves when FFSE is applied, but not the extent to which the actual accuracy is improved. 
This paper addresses this issue for SAS shadows whereas conventional sonar shadows have 
already been analysed statistically [5].  

A test case has been chosen as an explanatory example in Section 2, 3 and again in Section 
4 where it is used for an experiment with the MUSCLE system developed at NURC. Section 
2 gives definitions and theoretical formulas for shadow estimation. Section 3 continues with a 
statistical analysis of accuracy via Monte Carlo simulations. Section 4 analyses shadow 
contour accuracy for a calibrated target measured with MUSCLE and four objects measured 
with the SENSOTEK sonar of FFI.  

2. THEORY FOR SHADOW CONTOUR ACCURACY 

The resolution of a sonar is usually the 3dB beamwidth of the main lobe that a point target 
would generate. For SAS images the main lobe extends in azimuth and range and the sonar 
parameters determine the corresponding 3dB beamwidths: 

2tan4dB3 β
λ

=Δx  and bcr 2dB3 =Δ , (1)

where λ is the wavelength, β the integration (subtended) angle, c the sound speed and b is the 
bandwidth. For shadow resolution the azimuth resolution Δx3dB is critical.  

Shadow fill-in first appears as shadow azimuth resolution deterioration, i.e. the wider the 
aperture the more the shadow becomes filled in. The largest motion of the tip of the shadow 
is:  
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2tansinshadow βγ
hx =Δ , (2)

where γ is the grazing angle and h is the height of the object that casts the shadow. The 
shadow resolution is expected to deteriorate according to this formula if no measures are 
taken. In addition, azimuth resolution on echoes improves for wider apertures. These two 
effects can be combined into a single formula [4], which gives a theoretical optimum for 
azimuth resolution of the shadow contour at the tip of the shadow: 

γ
λ

sin3
2max

shadowdB,3
hx =Δ . (3)

As stated, the use of a long aperture results in shadow fill-in making the determination of 
the boundary between shadow and reverberation difficult. This can be considered an 
estimation problem. The contour separates shadow from background, which is predominantly 
due to seafloor reverberation. In the one-dimensional case, the estimation can be regarded as 
a determination of the shadow edge ξ in the along-track direction x. The stochastic variable ξ 
has a statistical distribution. The mean is taken to be the real shadow contour and the 
accuracy of the estimate is commonly defined by the standard deviation: σξ. When the 
estimate is unbiased [6], the lowest variance possible for ξ is given by the Cramér-Rao lower 
bound. If the distributions of noise and signal are known, the Cramér-Rao lower bound can 
be computed. For example, for a received sonar signal with known signal strength s (in 
Joules) in Gaussian noise of variance n (in Joules), the Cramér-Rao lower 
bound sxnx Δ=CRLB  for a total main lobe width Δx. From this the standard deviation is 
derived: 

dB3x
s
nx

s
n

ξ Δ≈Δ=σ . (4)
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Fig. 1: The left panel shows the simulation geometry with a plate as a target. The right 

hand plot shows theoretical resolution results with the motion of the shadow (blue) and the 
maximum shadow resolution (red). The black curve shows the sonar resolution and the green 

curve corresponds to the average reverberation scatterer distance for the simulations. 
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Assuming an unbiased estimator, the shadow contour accuracy is now defined as the 
standard deviation of the shadow contour σξ. The theory makes it possible to identify the link 
between accuracy and resolution and whether or not the theoretical results of Eqs. (1-3) 
shown in the right hand plot of Fig. 1 are applicable for shadow contour estimation. The real 
case of shadow contour estimation is usually a two dimensional case, and moreover, prior 
information is often used to support the estimation. Signal and noise are also not 
deterministic and rarely Gaussian. Reverberation is only Gaussian when the actual number of 
scatterers per resolution cell is high, and in practice, one consequence of the increasing sonar 
resolution is that the Gaussian assumption is weakly justified. The assumptions that are made 
in this section have to be verified by a statistical analysis. 

3. SHADOW CONTOUR MEASUREMENTS ON SIMULATED SAS IMAGES 

This section investigates the validity of the assumptions made in Section 2 using the test 
case shown in Fig. 1, which is a rectangular plate on the sea floor that is facing the sensor. 
The sonar settings are those of the MUSCLE sonar system, operated at an altitude of 10 m 
and a frequency band of 270-330 kHz. The target is at a range of 76 m and the SAS length is 
17 m, which enables sufficient data collection to cover the system’s horizontal beamwidth of 
5 o. Fig. 2 shows a single simulation, which is generated and processed in the same way as 
the measured data with the target echoes omitted for convenience. Reverberation is simulated 
as a large number of fixed scatterers on the sea floor, which become insonified according to 
the shadow of the object. The scatterers are fixed and randomly distributed on the imaged 
patch of the sea floor and with such a finite number of scatterers K-distributed reverberation 
is effectively created [7].  

                                  (a)                                                                  (b) 

  
Fig. 2: Shadow contour detection with 3dB method on original SAS imaging and FFSE. 

Panel (a) shows results for a 4 cm scatterer distance and panel (b) shows the results for a 12 
cm scatterer distance. 
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The contour estimation method for the simulations is relatively simple and is based on the 
average reverberation level (RL). The method starts exactly in the middle of the shadow and 
sets the right and left bound of the shadow as the first pixel with value higher than RL-3 dB. 
Application of this technique results in the white contours shown in Fig. 2. No 2D 
information is used.  

From Fig. 2a it is evident that there is smaller variation in the estimates for FFSE than for 
conventional processing and that σξ is much lower. Fig. 2b shows the same result, but with a 
scatterer density which is ten times lower and therefore has different reverberation statistics. 
In this case it is much more difficult to estimate the contour and the difference between the 
two methods is not apparent. Note that Fig. 2b is an extreme case and unlikely to occur in 
practice due to the very low scatter density. 

It can be seen from Fig. 2a that the reverberation at ranges other than the target range is 
smoother for FFSE. Separate scatterers are no longer visible, but form a noisy background. 
This can be explained by the fact that the reverberation has become increasingly Gaussian 
due to the focusing error of each point target not located at the target range. The simulation 
shown in Fig. 2 was repeated 100 times to generate a statistical population of random 
samples. The difference in statistics between conventional processing and FFSE is plotted in 
Fig. 3a, which shows the variance (for 100 simulations) of the linear pixel values at the tip of 
the shadow. The reverberation variance is much lower and also much more stable in the case 
of FFSE. Following [8] a possible metric for shadow contour determination is the variance 
and the separation between shadow zone and reverberation. When comparing conventional 
processing and FFSE via the ratio of this metric, an improvement between 1 (at 76 m) and 12 
(at 84 m) is obtained. The right hand plot of Fig. 3 shows a quantification of how well the 
reverberation statistics can be considered to be Gaussian. This is achieved by estimation of 
the statistical parameter α that is proportional to the number of scatterers within a resolution 
cell, which is estimated as follows. At each range of the image, a sample is constructed using 
100 image pixels falling outside of the expected shadow for each of the simulated targets, 
resulting in a sample size of 10000. The parameters of a K-distribution are then fitted using 
the technique described in [7] for both the FFSE and conventional beamforming methods. It 
can be seen that applying FFSE rapidly turns the reverberation into a Gaussian variable. The 
fact that the value of α is more difficult to estimate is a statistical property of the distribution. 
For α > 16, the distribution is essentially Gaussian for the sample size used.  

 

 
Fig. 3: The left hand plot shows a cross section of the variance for FFSE and conventional 
processing. The right hand plot shows the shape parameter of estimated K distribution.   
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The most important result is shown in blue/red in the left hand plot of Fig. 4. The blue plot 
shows that with conventional processing σξ (average over 200 estimates) degrades with 
range. The behaviour is linear as predicted by the blue curve in Fig. 1. The FFSE result in red 
shows a different behaviour. The accuracy is better, but also degrades somewhat at long 
range. This behaviour can be reproduced by the red curve of Fig. 1 when s/n ≈ 10 in Eq. (4). 
Thus σξ improves statistically with FFSE, although the result depends on the estimation. The 
result of using RL-10 dB instead of RL-3 dB as a threshold is shown in green/black. This 
alternative leads to a similar result. It can now be concluded that FFSE is better for these two 
estimation methods, but in principle not for all other possible estimation algorithms.  

The right hand plot of Fig. 4 shows how difficult shadow contour estimation becomes 
when the density of scatterers decreases. Reverberation now determines the shadow 
estimation instead of the imaging method.  

 
Fig. 4: Estimated shadow contour accuracy versus range. The left hand plot shows results 

for a 4 cm scatterer distance and the right hand plot shows the same for 12 cm. 

4. SHADOW CONTOUR MEASUREMENTS ON EXPERIMENTAL SAS IMAGES 

The behaviour of shadow accuracy has now been analysed statistically. This section 
investigates measured data for which a more advanced contour estimation is developed. A 
number of SAS images are used to identify the improvement when FFSE is applied. The first 
experiment has the same geometry as the simulation in the previous section. The target is 
different though and is referred to as “wedding cake” for obvious reasons. Fig. 5c shows a 
picture of the wedding cake, which is 719 mm high and has a nine rings with radii varying 
between 333 mm and 13 mm. Fig. 5a and Fig. 5b show the SAS images obtained without and 
with FFSE respectively. The expected ranges where the shadow width will change based on 
geometry are overlaid in green/yellow. Fig. 5d and Fig. 5e show the contour estimation result. 
The simple contour estimation that was applied to the simulated data with some success was 
found not to be usable for the measured data. The error margin on the contour simply 
becomes too large. A more sophisticated contour method was necessary and the method in 
[4] was used as a basis. It starts with a point that is most certainly in the shadow. Around this 
point a convex contour is inflated, until the average pixel value within the contour reaches a 
certain threshold. The threshold is set such that the contour covers more than the shadow 
(visually). The last step is to abandon the requirement that the shadow is convex. For each 
pixel row the shadow width is reduced when a too high value exists in that shadow part. 
Although this is a fairly complicated method, it was found to be unavoidable.  
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                   (a)                              (b)                           (c)                      (d)               (e) 

 
Fig. 5: The wedding cake imaged with MUSCLE SAS with (a) and (b) showing the 

expected ring positions and (d) and (e) showing the contour estimates. 
                                      (a)                (b)                        (c)                    (d)  

             
                     (e)                                 (f)                                   (g)                         (h) 

 
Fig. 6: Original and FFSE contour estimation results for an oil drum insonified at the 

long side (a and b), a cylinder insonified close to endfire (c and d), an unknown target of size 
1 x 1 m (e and f) and an oil drum insonified close to endfire (g and h).   
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The results shown in Fig. 5 are convincing with respect to shadow contour estimation. 
First, the shadow can be identified visually up to a range of 82 m in Fig. 5b instead of the just 
over 80 m in Fig. 5a, which is the 8th instead of the 5th ring. Application of the automatic 
contour estimation using the 2D method also gives significantly better results for FFSE, 
which is clearly visible when comparing Fig. 5d and Fig. 5e. 

The final analysis on measured data consists of four SAS data sets shown in Fig. 6. These 
data are obtained with the state-of-the-art SENSOTEK system on the HUGIN AUV [8]. The 
data are processed with the FOCUS toolbox with both conventional SAS processing (a, c, e 
and g) and FFSE (b, d, f and h). Even for these relatively small targets (< 1m), the difference 
between the methods is demonstrated. In all four data sets the estimated shadow is longer and 
wider at any range when using FFSE. Also the contour estimation itself is more successful 
when applied to the FFSE images. It is simply harder to estimate the contour due to the 
penumbra present in the original images, which is best visible in Fig. 6c where the tip of the 
shadow is fully ignored by the estimation algorithm.  

5. CONCLUSIONS 

This article analysed the resolution and accuracy of acoustic shadows in SAS images. The 
dependence of shadow contour accuracy on reverberation characteristics has been identified 
and the association between accuracy and resolution has been derived. A comparison 
between conventional SAS imaging and FFSE showed that the latter outperforms the former 
in all cases. This is proven on five measured data sets and statistically with sonar simulations.  
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SIDELOOKING SONAR HEIGHT ESTIMATION 
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Abstract:  

The relative height of the seafloor (or relative bathymetry) can be estimated by estimating 
the time-delay between to vertically displaced arrays, such as an interferometric sidescan 
sonar. A fundamental limitation is that the received signals are stretched relative to each 
other. This limits the accuracy of standard cross-correlation based time-delay estimators. 
We suggest using the cross-ambiguity function, which is a function of both delay and 
linear stretch. Through Monte Carlo simulations we have verified that the cross-
correlation function and the cross-ambiguity function have the same performance in the 
absence of relative stretch between the signals. Furthermore the cross-ambiguity function 
gives significantly better performance when the signals suffer a relative stretch. As all 
“real-world” scenarios involve some amount of stretch between the signals, CAF is 
predicted to increase performance. We verify that claim by investigating data collected in 
the field with the SENSOTEK sonar. Experimental height-estimation results from real 
array interferometer will be presented. These results agree with the stretched signal model 
and underline the capability of the new height-estimation method. 

Keywords: Synthetic aperture sonar, interferometry, bathymetry, height estimation, cross-
correlation, cross-ambiguity function, coherence, time delay estimation 
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1. INTRODUCTION  

A problem when performing sidelooking sonar height estimation is geometrical 
decorrelation [1]. A patch consisting of multiple resolution cells is selected from the time 
series for each interferometric receiver and then the time-delay between these time series 
is estimated. The time-delay is then converted to a relative height, using the position and 
attitude of the sonar [2]. A problem occurs when the time-delay changes over the selected 
seafloor-patch. This will typically occur at near-range or for areas with large variations in 
the topography. 

A simple and well known technique for estimating time-delay is using the cross-
correlation function (CCF) [3]. This is a robust and well-proven estimator for delayed time 
series in additive white Gaussian noise (AWGN). However, when the signals also are 
stretched relative to each other, a higher order estimator is needed. 

In this paper, we first develop a geometrical model for backscattered signals from the 
seafloor to an elevated receiver pair with a vertical baseline, and show that a stretching is 
introduced. We then introduce the cross-ambiguity function (CAF) [4] as an alternative 
time-delay estimator. Finally, we demonstrate the performance of CAF relative to CCF on 
both simulated data and real data collected by the SENSOTEK sonar on the HUGIN 
autonomous underwater vehicle (AUV).  

2. GEOMETRY 

Figure 1 illustrates an interferometric sonar with two receivers observing a flat seafloor. 
The lower array is z0 above the seafloor and the baseline between the arrays is δz. For a 
given position, y, at the seafloor, each array receives a backscattered signal f(r(y)), where r 
is the range between the array and the seafloor position. The underlying reflectivity 
function of the seafloor is given by s(y). Notice that we have assumed the phase centre 
approximation (PCA) where each array both transmits and receives at the same location. 
This is to simplify the mathematical framework, but the arguments are equally valid for 
bistatic configurations. 

 

 
Fig.1: Schematic of the vertical geometry for an interferometric sonar. The y-axis 

points along range and the z-axis down toward the seafloor. 

The time-delay between echoes recorded at two receivers for each position y on the 
seafloor is 
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(1)

where t1(y) and t2(y) are the receive times for array one and two, respectively, and c is the 
sound velocity. The ranges, r1(y) and r2(y), are given by 

 

 
(2)

Manipulation of Eqs. 1 and 2 give the relative seafloor height, z0, as a function of the time 
delay.  

A signal, f(x), is stretched relative to a reference signal, g(y), if f(x)=g(y)=g(xα) holds 
for some stretch-factor, 1/α. Through the use of the chain-rule, it is easy to see that the 
stretch-factor is given by 

 
(3)

At the arrays, we receive the reflectivity function, s(y), as a function of time or range, r(y). 
From Eq. 2 we differentiate r(y) with respect to the spatial y-coordinate, which is 
equivalent to the Jacobian determinant used in a one-parameter transform 

 

 

(4)

where θ1(y) and θ2(y) are the slant angles for array one and two, respectively. Note that the 
stretch-factor itself is a function of y, which induces a range-dependent stretch, and that 
the stretch-factor is equal to the cosine-transform between slant-range and ground-range. 

The expressions for the two received time series now becomes 

 

 

(5)

where f1(r1) is the recorded signal at array one and f2(r2) is the recorded signal at array 
two. The received time series at the two arrays are stretched versions of the seafloor 
reflectivity function, s(y). Also notice that for a fixed seafloor height, z0, and a fixed 
baseline, δz, α1=α2 for y ∞.  

The relative stretch between the received time series is of interest in the time delay 
estimation. By using the signal received at array two as reference, and differentiating, the 
relative stretch becomes 

 

 

(6)

We see that the stretch factor is equal to one for δz=0 and for y ∞, which is consistent 
with what we expect from geometry.  

We have now established the following properties for our interferometric model 
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• The received signals are stretched versions of the seafloor reflectivity function 
with 1/α1(y) and 1/α2(y) as stretch factors for array one and two, respectively. 

• There is a relative stretch given by α(y) between the signals received at array one 
and array two. 

• The relative stretch causes an apparent time delay, δt(y) between the two arrays for 
an echo from the same seafloor location. 

3. TIME DELAY ESTIMATION 

In this section we present the cross-ambiguity function (CAF) as a generalisation of the 
cross-correlation function (CCF), better suited for stretched and delayed signals. We start 
by expressing the received time series as a function of time (or equivalently, a function of 
range) 

 

(7)

where we for now have ignored the time-stretching of the seafloor reflectivity function. 
The terms n1(t) and n2(t) describe additive noise in the system. The CCF of the two signals 
is given by 

 (8)

Here we have assumed that the noises are uncorrelated additive white Gaussian distributed 
and that they are uncorrelated with the signal. The auto-correlation has its maximum for 
τ=0, which means that the CCF of f1(t) and f2(t) has it maximum for τ = -δt. The delay 
between the two signals in AWGN can therefore be found by locating the peak in the CCF 
between the two signals. 

In Section 2, we saw that in reality there is a relative stretch between the received 
signals, not a time delay. For a small patch, a stretch causes an apparent time delay, but 
the stretching is still present. We can therefore model the received signals as delayed and 
stretched relative to each other.  

 

 

(9)

In general, the stretch itself is time dependent, but the time-dependence is weak for small 
patches so in the subsequent calculations we ignore the time-dependence. Again, we 
assume that the noises are uncorrelated with each other and with the signal. The CCF 
becomes 

 
(10)

which is difficult to interpret unless α=1 (i.e. no stretch). CAF is a more general 
mathematical tool, capable of estimating both stretch and delay and has the CCF as a 
special case 

 (11)
We consider the cross-ambiguity function of the two received signals modelled with 
relative delay and relative stretch. Under the usual assumptions, the result is 
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(12)

which reduces to the auto-correlation function for a=α or equivalently if the relative 
stretch is matched by the stretch parameter. We can thus find the relative delay and the 
relative stretch by searching for the maximum in the CAF. 

4. RESULTS 

To evaluate the performance of the CCF and the CAF we have performed a set of 
Monte Carlo simulations. The simulated data are generated by a point scatter simulator 
simulating a flat-seafloor with many points, and the resulting time-series are subsequently 
matched filtered. The transmitted signal is a 4 ms chirp with 40 kHz bandwidth and 100 
kHz centre-frequency. The sonar has a vertical baseline of 30 cm.  

Figure 2 summarises the simulation results. When the seafloor is located at the 
symmetry axes of the two receivers (i.e. z0=-δz/2) CCF and CAF have the same 
performance, almost independent of noise level. There is only a small section between 
0dB and -5dB where CAF starts to have 2π-errors before CCF due to incorrect stretch 
estimation. We can also see that there is no need for coregistration (i.e. shifting the time 
series according to the time-delay estimate) before correlation. The figure also clearly 
shows that both the correlation values and the estimated stretch factors follow the 
predicted curve for all positive SNRs.  

When a new geometry is introduced by placing the seafloor 15 metres below the sonar 
the CAF method clearly outperforms the CCF as an estimator for the time-delay. Figure 2 
also shows that additional uncompensated effects like scalloping loss [5] is reduced by a 
simple coregistration. However, the CAF estimates only follow the Cramer-Rao lower 
bounds (CRLB) up to 20dB (the CCF starts to deviate from the CRLB already at 0dB), 
which seems to indicate that there still are uncompensated higher order effects. 

To validate the CAF-algorithm on experimental data, we have performed sidescan 
height estimation on data collected with the SENOTEK sonar [6] on the HUGIN AUV [7]. 
The results are summarised in Fig. 3. The figure shows a clear improvement in correlation 
for ranges less than 45 metres. All pixels with correlation value below 0.66 (equivalent to 
3dB SNR) have been discarded. The results indicate an effective range improvement of 
about 15 metres when using CAF relative to using CCF. 

In addition, the rock-formation in the centre of the scene is better represented from the 
CAF estimates than from the CCF estimates (when compared to other benchmark 
sensors). This is in agreement with our prediction that CAF is better suited for large 
topographical variations. It is also clear that there exists under-utilised information about 
topography in the stretch factor. The stretch-factor increases relative to the flat seafloor at 
the front of the rock-formation and decreases at the back indicating an estimate of local 
sea-floor slope relative to the interferometer. 
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Fig.2: Results from time-delay estimation (TDE) on a Monte-Carlo simulation with 

1000 iterations of signals in AWGN. The TDE is based on a two metre long patch of 
random point reflectors located at 50 metres. The left column shows the results when the 
seafloor is located at the symmetry-axis of the interferometer (i.e. no stretch), the right 

column shows the corresponding results for a seafloor located 15 metres below the sonar 
(i.e. stretch). All panels show the results from CCF estimates (Xcorr), co- registered CCF 
estimates (Xcorr2), CAF estimates (CAF) and co- registered CAF estimates (CAF2). The 

upper panels show the standard deviation of the error in the time-delay estimates as a 
function of SNR. The CRLB for the time-delay estimate is also included. The centre panels 
show the estimated SNRs (from the correlation coefficients) and the lower panels show the 

estimated stretch factors for the CAF estimates.  
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Fig.2: Results from real field-collected data from 200 metres water depth outside Horten, 
Norway. The seafloor consists of a flat mud-bottom with a rock-formation in the centre of 
the scene. The upper panels show the estimated seafloor depth based on CCF (left) and 
CAF (right). The number of valid pixels (correlation value above 0.66) clearly increases 

at near range when using CAF. The CAF representation of the rock-formation is also 
smoother. The centre panels show the corresponding correlation coefficients. The lower 

left panel shows the difference between CCF coefficients and CAF coefficients. Again, the 
improvement at near range is clear. The lower right plot shows the estimated stretch 

factors from the CAF estimates. The panel shows that the estimated stretch has 
information about the height of the seafloor, which is complimentary to the time-delay 

estimates. Both estimates should ideally be incorporated into height estimation routines. 
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5. CONCLUSIONS 

Based on Monte Carlo simulations and field-collected data we conclude that using the 
cross ambiguity function (CAF) for slant-plane inteferometry gives a significant 
improvement in bathymetric accuracy; notably, this improvement reaches as much as 
20dB in SNR for typical sidelooking sonar geometries. We also demonstrate that the time-
series stretch estimation that CAF employs, is justified by developing an improved 
mathematical model for slant-plane inteferometry. The simple delay-only model employed 
in previous work has large approximation errors at short-range and should be avoided. 

CAF has the possibility for further accuracy improvement if information contained in 
the stretch factor is used appropriately. This is a task which should be looked at in any 
future work on the topic. 
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Abstract: The design of a shallow water synthetic aperture sonar (SAS) requires an 
understanding of key system and environmental issues. The main factors which limit SAS 
performance are micronavigation accuracy, where micronavigation is defined as the problem 
of estimating the acoustic path lengths to allow the focusing of the aperture, multipath effects 
and view angle differential effects which degrade shadow classification performance. 
Micronavigation accuracy is successfully addressed by the gyrostabilized displaced phase 
centre antenna technique, which combines data-driven motion estimates with external 
attitude sensors. Multipath effects in shallow water are effectively countered by narrow 
vertical beams. View angle differential effects are mitigated by increasing the frequency and 
by designing the system with a minimum grazing angle of about 6 deg. The combination of 
these factors led to the choice of a 300 kHz centre frequency and of a multipath mitigation 
scheme which uses multiple vertical beams. Experimental results obtained with a sonar 
incorporating these features have produced SAS images with 1.6 cm x 5 cm resolution in 
range x cross-range and high shadow contrast, up to 170 m range in 20 m water depth. 

Keywords: Synthetic aperture sonar, navigation, minehunting. 

1. INTRODUCTION 

The principle of a synthetic aperture is to displace a physical antenna through the medium 
and integrate multiple successive transmissions to create a longer virtual antenna. The ratio of 
the effective length of the synthetic antenna to that of the physical antenna is a measure of the 
gain of the technique. Both airborne and spaceborne synthetic aperture radars (SARs) have 
been operational for decades, with gains of the order of 1,000 or more. Synthetic aperture 
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sonar (SAS) has faced much greater challenges, due to order of magnitude differences in the 
physical parameters involved. The solution to this problem is relatively costly and 
cumbersome, as it requires the use of a long multi-element physical array, with gains at best 
of the order of 10-100. Achieving a far range R at a velocity v requires a minimum physical 
array of length L = 4vR/c, where c is the sound velocity. The receiver element spacing has to 
be less than 4/3 of the required cross-range resolution and, together with the array size, 
determines the number of receiver channels required, and at the end the complexity and cost 
of the sonar.  

This complexity limited the potential development of SAS systems to military mine 
countermeasure (MCM) applications. Even in that case, SAS, while still potentially useful, 
was not a truly enabling technology for the classical Cold War minehunting scenarios, where 
the task was mainly to detect and classify large mines of fairly simple geometrical shapes 
(e.g., 2 m long cylindrical objects). Existing sonars on mine countermeasures vessels 
(MCMVs), or similar sonars forward deployed on unmanned systems, have sufficient 
resolution to classify these targets under most orientations, and their wide horizontal field of 
view allows multi-aspect operation for the less favorable cases. The shift of emphasis to 
expeditionary operations in shallower littoral water and to the countering of smaller, 
stealthier sea mines and improvised weapons has provided SAS with a real chance of 
demonstrating its capability and operational value, since for these new tasks the sonar 
resolution has to be increased by a factor of about 5 to 10 with respect to even the highest 
resolution classification sonars on MCMVs. The only other practical means of achieving the 
required performance is to increase the sonar frequency by a similar factor. This dramatically 
reduces the sonar range, which is a severe operational limitation. 

To alleviate this shortfall, the NATO Undersea Research Centre (NURC) started a 
collaborative joint research programme in early 1998 with the final goal of convincingly 
demonstrating at sea both the robustness and the operational value of SAS for MCM. Very 
soon, the research revealed that the available legacy sonars were not well suited for this task, 
and the design of a new SAS system, optimized for shallow water operations, was planned. 
An international competition to manufacture the SAS system, according to the NURC high 
level specification, and integrate it into a commercial off the shelf AUV was held in late 
2002. The contract was awarded in January 2003 to Thales Underwater Systems, with 
subcontractors Bluefin Robotics providing the AUV and IXSEA providing the aided inertial 
navigation (Fig.1). This paper explains the rationale behind the design of that SAS system 
and presents some of its experimental results. 

2. SHALLOW WATER SAS DESIGN 

While SAS in theory achieves constant cross-range resolution determined by the width of 
the horizontal transmission sector, several factors can impact on the possibility to achieve in 
practice the nominal resolution.  
The first technical issue in SAS is the so-called micronavigation problem, i.e., estimating the 
acoustic path lengths within the sub-wavelength accuracy required to coherently focus the 
synthetic aperture. Airborne SAR faced similar challenges as the wavelengths are quite 
comparable. The problem was solved there by combining inertial navigation systems (INS) 
with data-driven methods. For SAS, a powerful data-driven technique, which exploits the fact 
that the physical sonar is a multi-element array rather than the single element airborne radar, 
was available. It was derived from the known Displaced Phase Centre Antenna (DPCA) 
technique used in Moving Target Indication radar and its application to SAS had been 
proposed [1] and subsequently improved upon [2]. A theoretical and experimental analysis of 
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the accuracy of the DPCA technique [3] quantified the limitations that DPCA-based 
micronavigation has as a stand-alone technique, chiefly in connection with the accuracy of 
the estimates of the changes in heading of the physical array. Another important result was 
that gyrostabilized DPCA (G-DPCA) micronavigation, a technique which uses inertial 
attitude sensor estimates and interferometric measurements together with DPCA slant range 
sway and surge estimates, offers significant accuracy improvement with respect to DPCA 
alone [3-4].  

 

 
 

Fig.1: AUV-based SAS system developed by Thales Underwater Systems according to a 
high level SAS design provided by NURC. The SAS is the central mid-section with black 

acoustically transparent windows. The vehicle is a Bluefin 21 of length 3.5. 
 

A second effect which limits the achievable resolution is the difference in view angle of a 
target within the SAS integration length can lead to the cross-range blurring of the shadow 
edges. The effect is also known in physical aperture sonar [5]. A third effect, very important 
for shallow water operations, was the multipath at large range to water depth ratios [6].   

When, in 2002, NURC faced the task of designing a new high resolution SAS system 
optimized for shallow water operations, a critically important decision to be made was that of 
the centre frequency. Three main factors were taken into consideration. 

• Higher frequency obviously provides a better physical resolution for a fixed array 
length and facilitates the obtainment of the desired SAS resolution, since a lower SAS 
resolution gain is required. For data driven micronavigation techniques, the practically 
achievable gain does not critically depend on the sonar frequency provided that 
external attitude sensors and physical interferometry estimates are available. 

• The use of narrow vertical beams effectively counters multipath effects at large 
relative range. At higher frequency the vertical array is shorter, which facilitates the 
integration into small diameter AUVs.  

• The impact of angle view difference on shadow is mitigated by increasing the 
frequency. The effect is inversely proportional to the square root of the frequency.  

All of them suggest the adoption of a relatively high sonar frequency for SAS. A reasonable 
design criterion is to maximize the sonar frequency under the constraint of achieving robust 
signal to noise ratio at a desired maximum range and at a minimum grazing angle of 6 deg. 
Indeed operations at grazing angles lower than 6 deg lead to very long shadows for which 
differential azimuth effect are a severe limiting factor. In many environmental condition, they 
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could also lead to extensive target masking by the seabed topography. Taking the 6 deg 
criterion and a typical combination of 20 m water depth and 5 m AUV depth (limited by sea 
state) we have a maximum effective range of about 150 m. A practical 1.2 m long array 
operating with a SAS oversampling ratio of 4/3 (useful for robust G-DPCA operation) limits 
the SAS far range to 170 m for a sonar velocity of 2 m/s. Based on this, a 300 kHz frequency 
seemed well suited to achieve high signal to noise ratio. 

Modern sonar designs for MCMVs achieve multipath rejection by narrowing the vertical 
field of view. For a side-looking system an additional vertical beam management scheme is 
required to cover the full swath. NURC opted for a scheme which consists of two receiver 
arrays with different vertical fields of view, each appropriately narrowed to reject multipath 
but steered in different directions so as to cover together the full swath, with the exception of 
the usual gap at high grazing angles, to be covered by overlapped tracks.  

The vertical receive element consists of an upper and a lower array which is made up of 19 
and 10 vertical sub-elements, respectively. The sub-elements are connected by a shading 
capacitor-resistor network which allows a degree of flexibility, by hardware modification, in 
forming the vertical beam pattern of both arrays. For the first experimental tests, the shading 
network of the most directive vertical array was selected to provide a 3 dB beamwidth of 7 
deg and -20 dB sidelobes. The depression angle of the array block is mechanically adjustable. 
An additional feature was a fully programmable vertical transmit array of 48 channel spaced 
at half-wavelength, in order to test various vertical beam management schemes on 
transmission, in particular frequency colored transmission and asymmetrical beams designed 
to effectively suppressing surface reverberation. Wideband high frequency (270-330 kHz) 
was chosen for the 36 element array of total length 1.2 m. An addditional interferometric 
array formed by 12 elements for a total length of 40 cm with an interferometric baseline equal 
to 19 wavelengths was selected.  

3. EXPERIMENTAL RESULTS  

The results of a trial conducted in June 2006 in the Marina di Carrara area, show that all 
the shallow water SAS performance goals specified above have been achieved. In particular, 
SAS imaging with shadow contrast in excess of 5 dB was achieved by processing at NURC 
up to 170 m range in 20 m water depth (Fig.2) with 1.6 cm x 5 cm resolution respectively in 
range and cross-range. This range-to-water-depth ratio of about  8.5 probably exceeds that of 
all currently available SAS systems capable of shadow classification. In Fig.3 an image 
obtained with the close range receiver array is shown. Figure 4 shows the signal to noise ratio 
relative to the two figures, derived from the DPCA ping-to-ping correlation. Although the 
correlation is significantly lower at long range, DPCA sway estimation was very robust up to 
160 m range. Beyond 160 m range excessive electronic noise results in rapid reduction in 
correlation. The DPCA surge estimation followed the same pattern. 

These results were obtained in calm sea state, but strong deviations from the nominal 
straight trajectory and from constant heading and pitch were observed, due to the vehicle 
controller not having been optimized. For example, the image in Fig.2 was obtained with a 
peak-to-peak heading and pitch variation within the SAS integration time of about 3 deg. As 
a result, both the accuracy of the DPCA sway estimation and the INS synchronization were 
critical in obtaining focused images. In spite of the challenging large motions, G-DPCA 
micronavigation and SAS imaging performed robustly. 
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Fig.2: Large scale and detailed SAS images of a 2 m x 0.5 m cylindrical dummy target. 
Resolution is 1.6 cm x 5 cm, water depth 20 m, sonar altitude 15 m, bottom type: mud. The 

detailed SAS image is displayed with a different color map to represent clearly the full 
dynamic range of the image (33 dB). 

 

 
 
Fig.3: Large scale and detailed SAS images of a slightly buried dummy target shaped like 

a truncated cone of 1 m diametre and 45 cm height. Resolution is 1.6 cm x 5 cm, 20 m water 
depth, 10 m sonar altitude. Bottom type: mud (mainly). 
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Fig.4: Signal to noise ratio (in dB) derived from the DPCA ping-to-ping correlation 
coefficient of the data producing the SAS image in Fig.2 and 3. 
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Abstract: Near-field acoustic imaging requires that the geometry and the sound velocity 
between observation system (sonar) and scene (seafloor) to be known. An incorrect sound 
velocity leads to degradation imagery and poor image quality. In synthetic aperture sonar 
(SAS) imaging, the scene is almost always in the near-field. This means accurate 
estimation of sound-velocity is vitally important for high-quality imagery. We have 
investigated SAS’s sensitivity to incorrect sound velocity and found that it is 
approximately proportional to the length of the synthetic aperture squared. In 
environmental conditions where the sound velocity is changing between vehicle depth and 
seafloor, we propose to use the water column average sound velocity rather than the insitu 
sound velocity at sonar depth, in the synthetic aperture sonar imaging. We model the error 
as an incorrect sound velocity and use the phase gradient autofocus technique to estimate 
the average sound velocity and correct the image. We demonstrate the water column 
average sound velocity and the PGA corrected sound velocity technique on experimental 
results from the SENSOTEK widebeam SAS system collected by the HUGIN I autonomous 
underwater vehicle in Norwegian coastal waters. 

Keywords: synthetic aperture sonar, sound velocity, autofocus 
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1. INTRODUCTION  

A fundamental limitation to near-field acoustic imaging is that the sound velocity 
between observation system (sonar) and scene (seafloor) has to be accurately known. This 
is merely to be able to convert from travel time to space correctly in the near-field 
beamformer. An error in the sound velocity leads to defocusing, or degradation of image 
quality. The larger the angular coverage of each point in the scene, the less error is 
tolerated in the sound velocity. For a widebeam synthetic aperture sonar (SAS) system, the 
image scene is always in the near-field.  

The sound velocity in the ocean varies with depth [1]. For a SAS system onboard an 
autonomous underwater vehicle (AUV), there can be situations where the sound velocity 
at sonar depth (as observed with a CTD on board the vehicle) is different from the sound 
velocity at the seafloor. Using the vehicle CTD sound velocity will then cause defocus in 
the SAS images. 

We propose to use the water column average sound velocity in the synthetic aperture 
sonar imaging for cases where the sound velocity profile is known. We develop a 
technique to estimate and correct for sound velocity errors using the Phase Gradient 
Autofocus (PGA) [1] technique.  

In chapter 2, we calculate the effect on sound velocity errors in near-field imaging, as a 
function of angular coverage, range and acoustic frequency. Chapter 3 describes a 
technique based on the PGA to estimate and compensate for the sound velocity error. In 
chapter 4 we demonstrate the improvement using the average water column sound velocity 
and the PGA corrected sound velocity technique on real data from the SENSOTEK SAS 
system collected by the HUGIN autonomous underwater vehicle (AUV) in Norwegian 
coastal waters. 

2. NEAR-FIELD SENSITIVITY TO SOUND VELOCITY ERRORS 

This section presents the basic backprojection algorithm for near-field imaging, in 
addition with the sensitivity to sound velocity errors. 

 

Fig. 1  Basic geometry of the synthetic aperture imaging system. 
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Assume a two-dimensional imaging geometry for a monostatic system moving along a 
straight line, as illustrated in Fig. 1. We choose the x-axis to be the flight path (without 
loosing generality). The seafloor reflectivity ˆ ( , )f x y  can be estimated by the back-
projection technique (equivalent to delay-and-sum), which in its simplest form can be 
written as [3][4] 

2ˆ ( , ) ( , ) cj ff x y s u e duπ ττ −= ∫  (1)

where the travel time is 2 /r cτ = , ( , )s uτ is the matched filtered received signal as a 
function of travel time τ and along-track position u. r is the distance between the 
observation system and the image pixel  

( ) ( ) ( )2 2 2 2r x x y y x u y′ ′= − + − = − +  (2)

The along-track resolution in synthetic aperture imaging is [3] 

02
x r

L
λδ ≈  

   (3)

where  

02 tanL r θ=  (4)

is the length of the synthetic aperture (see Fig. 1), and λ is the acoustic wavelength. We 
see that the resolution is inversely proportional to the synthetic aperture length measured 
in wavelengths, and nonlinearly dependent on the opening angle θ.   

In the near-field of the synthetic aperture (or any array), the mapping between time and 
space is critical. An error in the sound velocity will cause defocusing (or blurring), which 
again will degrade the image quality. This phenomenon is well known in seismic imaging 
where the sound velocity may be unknown and varying with depth in the ground [5]. 

Consider imaging a scene as shown in Fig. 1 using the incorrect sound velocity c1 when 
the correct sound velocity is c0. The travel time for the shortest range r0 and the longest 
range r1 becomes 

0, 0 0 0, 0 1

1, 1 0 1, 1 1

2 / 2 /

2 / 2 /
true false

true false

r c r c

r c r c

τ τ

τ τ

= =

= =  
(5)

The maximum travel time (or delay) error used in the imaging becomes  

( ) ( )1, 1, 0, 0,true false true falseετ τ τ τ τ= − − −  (6)

leaving the mean component (that does not contribute to defocusing). For successful 
synthetic aperture imaging, the time delay error must be below a certain criterion  
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1

cf
ετ γ≤  (7)

where γ is a limiting factor to be chosen. Typically, the synthetic aperture imaging 
literature states that the maximum delay error allowed must be γ  = 1/16 or similar [1]. 
This is actually too conservative for sound velocity errors, since the main energy 
contribution to the imaging is around broadside, where the effect of delay error is small. 

The left panel of Fig. 2 shows the delay error (6) as a function of azimuth processing 
angle θ and incorrect sound velocity. The error increases rapidly as a function of 
increasing θ. The right panel of Fig. 2 shows the delay error as a function of resolution and 
carrier frequency. Although the wavelength is shorter for higher frequencies, the higher 
frequencies are less sensitive to sound velocity errors (for a specific along-track 
resolution). This is due to the inverse proportionality between along-track resolution and 
frequency, as described in (3).  

The effect of incorrect sound velocity accumulates with range. Fig. 3 shows the delay 
error (6) as a function of range and sound velocity error for two different cases of along-
track resolution. Note the strong dependence on resolution (the difference between the two 
panels). The sensitivity to sound velocity errors is approximately proportional to L2. This 
follows directly from Taylor expanding the square roots (2) in (6) to small values of L (or 
small opening angles θ ). SAS along-track resolution increases with increasing L (3). 
Hence, high resolution, widebeam SAS systems are more sensitive to sound velocity 
errors. 

 

 

Fig. 2  Left panel: Delay error as a function of incorrect sound velocity at 100 kHz 
carrier frequency. Right panel: Delay error as a function of along-track resolution and 

carrier frequency.  
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Fig. 3 Delay error as a function of range and sound velocity error at 100 kHz carrier 
frequency. Correct sound velocity is 1500 m/s. Left panel: Along-track resolution 2.1 cm; Right 

panel: Along-track resolution 4.3 cm. 

3. SOUND VELOCITY ERROR CORRECTION BY AUTOFOCUS 

Autofocus for improving imagery in spite of unknown parameters has long been used 
in synthetic aperture imaging. The quadratic phase errors due to incorrect orbital-rate 
assumptions encountered in spaceborne SAR are very similar to the quadratic errors 
suffered in SAS when the mean sound speed is inaccurate.  An incorrect sound-speed 
estimate also causes approximately position independent blurring. When image blurring is 
position independent, standard spotlight autofocus algorithms may be used to obtain 
significant image improvement even on stripmap SAS systems [6]. 

Whilst any typical spotlight autofocus algorithm such as Map Drift or shear-average 
could be chosen, we chose a variant of Phase Gradient Autofocus (PGA).  This algorithm 
is perhaps the most successful of the SAR autofocus techniques [1] and works by 
estimating phase errors such as to increase global image contrast.  To estimate sound-
speed errors, we ran 3 iterations of FLOS-PGA [7] to obtain the cumulative path-error 
estimate.  We subsequently estimated the sound speed error based on minimising the mean 
squared error: 

( ){ }2
0 02 2 2 2

0 0 1
1 1

2 /
detrend ( ) 4 4 ,   where    

2 /
c

m x x x
c

k f c
k r k k k k

k f c
π

φ
π

=
− − − −

=
 (8)

where φm is the PGA estimated measured phase-error for each along-track wavenumber kx. 
The detrend function removes the mean value and the linear trend from the phase-error 
data as these are not accurately estimated by PGA. As the original imagery is very near 
focus anyway the optimisation used for estimating c1 was a simple Nelder-Mead line-
search. 

Although the technique works well as is, a straightforward improvement would be to 
remove the r0 dependence in (8). This would allow larger scenes to be successfully 
focused but would require deriving a range-variant PGA.   
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4. EXPERIMENTAL VALIDATION 
 

 

Fig. 4  Sound velocity profile (left), vehicle depth and seafloor depth (upper right) and 
sound velocity (lower right) for Line 02, August 17, 2006. 

 
During a HUGIN AUV mission in the inner harbour of Horten, Norway, in August 

2006, there was a sound velocity variation with depth, as shown in the left panel of Fig. 4. 
The HUGIN AUV is carrying a high quality CTD on-board. To a first-order 
approximation, the sound speed used in imaging should be the average value between 
sonar and seafloor instead of that measured at the vehicle. The right lower panel of Fig. 4 
shows the calculated average sound velocity from vehicle to seafloor (green) compared 
with the vehicle CTD (blue) and the predicted sound velocity at vehicle depth from the 
profile. We see that the sound velocity at vehicle depth is 1507 m/s, while the average 
sound velocity between vehicle and seafloor is 1492 m/s. This is 15 m/s or 1% in 
difference. Note that a sound velocity profile with negative gradient will actually cause 
downwards refracting acoustic rays [1]. This will also contribute to the error in the range 
to time delay transform, and thereby also to defocusing of the image. 

Fig. 5 shows a SAS image from the SENSOTEK system [8] carried on-board the 
HUGIN AUV. The image shows a 50 × 30 m scene of the seafloor from the same mission 
line as shown in Fig. 4, containing debris on the seafloor. Fig. 6 shows 5 × 5 m snippets of 
the scene, where different sound velocity has been applied in the SAS processing. In the 
left image pair, we use the vehicle CTD sound velocity which is 1506.2 m/s. The center 
image pair is based on the water column average sound velocity, which is 1491.5 m/s. We 
observe clear quality improvement by choosing the water column average sound velocity. 
The right image pair in Fig. 6 shows the vehicle CTD sound velocity image pair after PGA 
is applied. We see that the image quality is restored by applying PGA. The PGA method 
estimated the average sound velocity to 1494.3 m/s, which is close, but not identical with 
the water column average sound velocity. This discrepancy is likely due to the fact that the 
model in the PGA recalculation of sound velocity is too simple. In particular, refraction 
effects are not taken into account. Another possible cause is accumulated errors from 
navigation inaccuracies and not solely sound velocity errors. The error in the PGA 
estimated sound velocity is, however, 5 times less than for the input image. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

328



 

 
 

 

Fig. 5  SAS image of a 50 × 30 m scene from a HUGIN AUV mission August 2006. The range 
is 45-75 m, and the image is shown with 70 dB dynamic range. 

 
 

     
 

     

Fig. 6  5 × 5 m snippets taken from the image in Fig. 5. The left image pair uses the sound 
velocity calculated from the onboard CTD. The center image pair uses the average sound velocity 

from vehicle to seafloor. The right image pair shows the left images after autofocusing. 

1 x 1 m 
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5. CONCLUSIONS 

In this paper we have addressed the effect of sound velocity inaccuracies in synthetic 
aperture sonar imagery. In near-field acoustic imaging, such as SAS imaging, the 
knowledge about the sound velocity is critical. An incorrect sound velocity will lead to 
defocusing, or degradation in image quality. The sensitivity to incorrect sound velocity is 
approximately proportional to the length of the antenna (or synthetic aperture) squared. 
The along-track resolution in the SAS image is inversely proportional to the length of the 
synthetic aperture. Hence, high resolution, widebeam SAS systems are more sensitive to 
sound velocity errors.  

We have developed a simple method based on the phase gradient autofocus technique 
to estimate and correct for inaccuracies in the average sound velocity. We have 
demonstrated our technique on experimental results collected by the SENSOTEK 
widebeam SAS on the HUGIN AUV during summer time in Norwegian coastal waters. 
The environmental conditions during the test was such that the sound velocity changed 
significantly between sonar depth (or vehicle depth) and seafloor. We also show that using 
the water column average sound velocity instead of the vehicle CTD based sound velocity, 
the image quality is significantly improved. The PGA based sound velocity estimation 
technique we have developed, corrects the image, and reduces the error in the mean sound 
velocity by a factor of 5. We believe the residual sound velocity error to be caused by 
refraction effects, which are not taken into account in our model. 
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Abstract: Broadband active systems have the potential to increase detection performance 
in reverberation-limited areas through increased signal bandwidth, i.e. small resolution 
cell. However, large bandwidth could over-resolve the target and segment the echo 
energy, as well as raise the false contacts, and therefore increase the false alarm rate. 
This effect becomes more apparent in shallow water channels that support multi-path 
propagation. 
One way to overcome this problem is to obtain a priori information regarding the channel 
characteristics and, based on that, utilize frequency agile methods to enhance detection 
performance for the particular environment. 
More specifically, in this paper we use multipath estimates to predict the most effective 
bandwidth to be utilized in an adaptive sub-band processing detection algorithm. Based 
on this prediction, a series of non-overlapping band-pass filters are applied to the full 
bandwidth complex matched filter output. The results are then combined at the contact 
level to reduce false alarms and enhance detection performance compared to the full 
bandwidth. 
This methodology is applied to a real data set that includes a surface target and a 
synthetic submerged target. Comparison between sub-band and full-band processing 
demonstrates performance enhancement by false alarm reduction while maintaining 
comparable probability of detection, therefore leading to improved Receiver Operating 
Characteristic (ROC) curves. The full-bandwidth versus the sub-band processing is also 
evaluated at the automated tracker level. 

Keywords: Adaptive processing, sub-band processing, active target detection, Receiver 
Operating Characteristic (ROC), tracking, multipath. 
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1. INTRODUCTION 

It is well know in the operational and scientific sonar communities that active sonar 
performance in the littoral is degraded by high levels of clutter and diffuse reverberation 
[1]. Reverberation can mask target echoes, thus reducing the probability of detection (PD), 
while clutter may induce false alarms. The response to the reverberation challenge was the 
introduction of low frequency broadband systems, which enhance sonar performance by 
means of resolution cell reduction. Consequently, it is now a common practice to use the 
full bandwidth allowed by the sonar system when reverberation-limited conditions occur. 
However, this may not always be the optimal solution, as the frequency characteristics of 
the environment and the target are not accounted for [2]. Furthermore, as the bandwidth 
increases, we may have diminishing returns in sonar performance due to target over-
resolution, i.e. the target’s echo is segmented, and therefore the signal-to-background ratio 
(SBR) decreases. Target over-resolution is amplified in case of multipath propagation. On 
the other hand, in high clutter areas, this over-resolution effect may significantly raise the 
false alarm rate, which impedes target detection and tracking. These two problems may be 
addressed through the development of adaptive sonar systems capable of adjusting to 
different environmental conditions [3]. Target detection in shallow water can be improved 
by exploiting environmental knowledge, in conjunction with validated models, to predict 
optimum sonar settings (e.g. bandwidth, central frequency, pulse duration, etc.). 

In this paper we focus on bandwidth adaptation. The predicted optimum bandwidth is 
identified via a series of band-pass filters which divide the energy into smaller sub-bands 
with optimum width. This approach, called sub-band processing, may be applicable to 
baseline sonar systems without built-in signal processing capability. Previously [4], sub-
band processing was applied to data sets that contain fixed targets of opportunity, such as 
wrecks and clutter points. Here it is applied to mid-water column and surface targets and 
the performance analysis is evaluated at both the detection and the automated tracker 
levels. 

2. BANDWIDTH ADAPTATION BY MEANS OF SUB-BAND PROCESSING 

In general, the optimum bandwidth in a given environment can be predicted by 
performing an exhaustive search for the bandwidth which maximises the desired measure 
of performance, such as SBR or signal excess. Here we propose an alternative 
methodology in which the search for the optimum bandwidth is linked to the channel 
characteristics, and in particular to target spreading due to multipath. Recently derived 
analytical expressions [5] are used to predict channel spreading, which was found to be 
constant for ranges longer than a few kilometres. For example, in a typical shallow water 
environment with silt bottom, the time spreading of a target at long ranges is of the order 
of 0.1s, corresponding to a bandwidth of 10Hz. Experience indicates that sub-band 
processing may be based on sub-bands of the order of 50Hz. 

The two main stages of the proposed sub-band processing technique are (a) sub-band 
filtering and (b) contact processing. Sub-band filtering consists of passing the complex, 
full bandwidth matched filter output to a bank of N contiguous and non-overlapping band 
pass filters whose widths are equal to the predicted optimum bandwidth. The band-pass 
filtered data are sent to the detector. The resulting N sets of contacts can be passed directly 
to the automated tracker which considers them as data coming from N independent, co-
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located sensors working in different bands. Alternatively, the N sets of contacts can be 
pre-processed before being passed to the tracker. Two alternative scenarios may occur. If 
we know that some frequency regimes are more effective than others, we can select the 
best sub-bands and remove the poorly-performing ones [3]. If no a priori information is 
available, all sub-bands are taken into account and fused to generate a single set of 
contacts. The main goal of contact fusion is to remove contacts which are not persistent 
over sub-bands. In this process, it is hypothesized that contacts associated with real targets 
are more persistent over sub-bands than contacts generated by noise or random 
combinations of clutter returns [4]. As a consequence, contact fusion, if successful, 
decreases the false alarm rate (FAR) without negatively affecting PD. The simple fusion 
algorithm proposed here consists of mapping the contacts to a coarse time/bearing matrix 
according to their mean arrival time and mean bearing. The cell size is set equal to the 
beam width in the beam direction by five times the time resolution after pulse 
compression. After mapping, for each cell location the number of contacts over sub-bands 
is counted. If this count is higher than a preset threshold (called persistency threshold), the 
strongest contact in the cell is retained. If the persistency threshold is not crossed, the cell 
is cleared and all the corresponding contacts are removed. Typical values of the 
persistency threshold range from 15% to 50%. This kind of contact fusion (also called 
contact sifting [4]) has the advantage of being easy to implement, but there are some 
known limitations. Due to localization uncertainties, it is possible that contacts generated 
by different scatterers are mapped to the same cell (false associations). On the other hand, 
contacts generated by the same scatterer may be mapped to different cells and therefore 
not associated (missed associations). This indicates that the choice of the cell size is 
critical: if the cells are too large, the probability of false association increases; if the cells 
are too small, the probability of missing association increases. 

3. EXPERIMENTAL RESULTS 

Sub-band processing was tested on experimental data collected during the BABO’06 
sea trial. This experiment, planned and executed by NURC, a NATO Research Centre 
located in La Spezia, Italy, in collaboration with the German laboratory FWG, took place 
on the Malta Plateau, a shallow water area between Sicily and Malta. The main assets 
which participated in BABO’06 were the NATO Research Vessel (NRV) Alliance, towing 
the sonar system, and the RV Planet, towing an echo-repeater (E/R) which is a synthetic 
target with controlled target strength. 

The signals transmitted were 1.0- to 1.5KHz-bandwidth linearly frequency modulated 
(LFM) upsweeps. The full bandwidth analysis of the data showed that the E/R was 
detectable in all pings, due to favourable propagation conditions and to good sonar 
performance. Furthermore, most of the data also contained surface contacts from the RV 
Planet. These contacts were due to the particular hull structure of the vessel (swath 
technology) and are generally characterized by SBR values much lower than contacts from 
the E/R. Here, we focus on one run for which the distance between the sonar system and 
the target was constant. The optimum bandwidth proposed by the analytical formulae for 
this environment is 50Hz. Additional sub-bands investigated for comparison are 100Hz, 
200Hz and 500Hz. 
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3.1. Detection results 

Full-bandwidth processing and sub-band processing are compared here by means of 
ROC curves, generated for both the E/R and the RV Planet as targets of interest. Examples 
of the results are shown in Fig. 1, for the surface contact and considering data with a full-
bandwidth equal to 1.5KHz. 

 

   
Fig.1: ROC curves for full bandwidth (1.5KHz) and sifted contacts for RV Planet: 

sub-bands of 50Hz (left) and sub-bands of 100Hz (right). 

For sub-bands of 50Hz (30 sub-bands) and sub-bands of 100Hz (15 sub-bands), the 
analysis of the ROC curves shows that sub-band processing leads to a general reduction of 
the FAR (the higher the persistency threshold, the lower the FAR) thanks to contact 
sifting. At the same time, there is a moderate increase in PD, which is more evident when 
50Hz sub-bands are used. 

3.2. Tracking results 

Four automated tracking architectures are investigated [6]: (1) full-band: tracking of 
contacts generated by conventional full-band processing (a single contact file per ping); 
(2) single-band: tracking of contacts for a single sub-band from each ping; (3) contact 
sifting: sub-band tracking of fused contacts based on a persistency criterion; (4) sub-band 
centralized: the tracker is applied in a single stage to the entire set of contacts from all the 
sub-bands. The tracker outputs are shown in Fig. 2. The blue line represents the Alliance’s 
track. The two horizontal lines are the RV Planet (closer to Alliance) and the E/R. 
In all cases, we note significant benefit of automated tracking in terms of the dramatic 
reduction in false contacts, with comparable detection levels. Case 1 is characterized by 
the best track hold and no track fragmentation, but by a high false track rate as well. False 
tracks are significantly reduced for single sub-band tracking (case 2), but in this case track 
hold is poor and track fragmentation is high. This indicates that single sub-band contacts 
are of poor quality if compared to full-band contacts. Contact sifting (case 3) yields good 
performance in terms of track hold and track fragmentation, with an interesting reduction 
of false tracks compared to case 1. Finally, centralized tracking (case 4) is characterized 
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by the highest false track rate, as well as high levels of track fragmentation. This indicates 
that higher data rates do not necessarily lead to improved performance. 

In summary, full-band processing and contact sifting proved to be the most robust 
architectures. 
 

     
 

     
Figure 1: Tracker outputs for the four architectures presented in section 3.2. 

4. CONCLUSIONS 

In this paper we have investigated the potential of sub-band processing to improve 
target detection and tracking in shallow water. At the detection level, significant 
performance improvement can be achieved, mainly thanks to the reduction in false alarm 
rate, while preserving comparable probability of detection. The results are evaluated in 
terms of ROC curves. 

The primary results of our analysis regarding tracking of sub-band data are: (a) 
automated tracking provides significant benefit to the active sonar signal and information 
processing chain; (b) sub-band processing offers many alternatives for contact fusion and 
tracking schemes; at present, contact sifting appears to provide the most competitive 
alternative to full-band processing; and (c) improved detection probabilities come at the 
cost of increased false object rates. 

Areas of further investigation are: (a) identification of suitable contact persistency 
criteria; (b) optimization of the cell size of the association matrix used for contact sifting; 
(c) sub-band contact fusion techniques alternative to contact sifting to exploit a priori 
information; (d) modelling the effect of very high data rates on sonar performance. 

Case 4 
Sub-band centralized tracking 

Case 2 
Single-band tracking 

Case 1 
Full-band tracking 

Case 3 
Contact sifting 
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Abstract: Advanced communication and information processing techniques can be applied 
to underwater research to enable new ways of enhancing real-time experimental outcome. 
This paper is concerned with three main areas where network-enabled capabilities can be 
successfully applied: a) network infrastructure, b) information infrastructure, c) context-
based data management. Network infrastructure relates to the networking infrastructure 
required to support sea trials, including 2-way always-on satellite links to enable 
distributed processing, low-cost asymmetric satellite communications systems based on 
DVB-S to provide unidirectional broadband services, and advanced quality of service 
mechanisms to allow seamless Internet Protocol operations across heterogeneous media.  
Information infrastructure relates to set of techniques used to collect, process, store and 
distribute data acquired during sea trials, including self-synchronization between web 
services. Context-based data management relates to interoperability aspects between 
heterogeneous information systems, including metadata, information identification, data 
reduction using genetic sequencing algorithms and the possible application of multilevel 
security environments, to enable information sharing in a seamless and secure way.  
The Dynamics of the Adriatic in Real Time (DART) sea trials, conducted between NURC 
and 26 international partners in 2006, will be used as a test case to describe the 
networking and information infrastructure implemented by NURC to fulfil scientific 
requirements in terms of increased collaboration and interoperability with external 
research partners, information sharing and guaranteed quality of service. 
 
Keywords: Environmental variability, adaptation and information fusion, Network-
Enabled Capabilities, Distributed Data Management and Processing  

1. INTRODUCTION 

In this paper we will use the DART06 sea trials, conducted in the Adriatic Sea between 
NURC and 26 international partners, as a test case to present NURC networking and 
information infrastructures and the benefits they introduce in terms of increased 
collaboration and interoperability with external research partners. Such trials were 
performed in 2006 as part of a multi-institutional program addressing observational and 
modelling methodologies on small-scale instabilities in a marginal sea, producing as a 
secondary product a comprehensive data-model set of ocean and atmosphere properties.  

From a scientific perspective the Adriatic Sea provides an interesting natural 
laboratory, in consideration of its wide range of environmentally-driven processes (e.g. as 
the result of  bathymetry and coastline, wind forcing, water masses and currents, river 
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outflows and plumes, sea floor) and of the conspicuous accumulation of knowledge 
available on this area. 

The methodology chosen for the sea trials was to evaluate and combine different 
observational and modelling capabilities in a network-enabled concept of operations, 
comparing in near real-time operational data produced by partners connected via the 
Internet (meteorological, wave and ocean models, at variable resolution)  with local data 
observations (buoys, drifters, moorings, ship and satellite-based). This required the 
exploitation of existing NURC data communication architectures, as well as the 
implementation of ad-hoc configurations and data exchange methodologies capable of 
meeting demanding scientific requirements within the given technological constraints. 

1.1. Observational and modelling requirements 

Requirements for near-real-time communications have been derived from the quantity 
and quality of observational and modelling tasks planned during experimental activities. 

As an initial step, all activities that required network communications were categorized 
in seven broad categories, each with its own peculiarities in terms of data volume and time 
sensitivity. The following list provides a broad overview of experiment participants and 
their respective contribution: 

 
• In-situ observational tasks: bottom-mounted ADCPs; SEPTR; meteo stations; wave 

riders; CTDs; optical surveys; drifters. 
• Remote sensing observational tasks: SeaWIFS real-time ocean color; AVHRR 

radiometry; RADARSAT Synthetic Aperture Radar. 
• Atmospheric modelling: real-time COAMPS model from NRL-SSC and NRL 

Monterey; COAMPS-OS run on the NURC Cluster; real-time NOGAPS model from 
FNMOC; real-time ALADIN meteo model from EPSHOM (France); ALADIN and 
LACE meteo models from Croatia Meteorological and Hydrographic Service; real-
time LAMI meteo model from ARPA (Italy); ECMWF meteo model from INGV 
(Italy). 

• Ocean modelling: real-time and hindcast NCOM and HYCOM models from NRL-
SSC; HOPS model from Harvard Univ, Univ. of Ancona and INGV (Italy); real-time 
and hindcast ROMS model from CNR Venice and ARPA (Italy); real-time POM and 
OPA models from INGV; GOTM 1D vertical model from CNR Venice (Italy). 

• Wave modelling: real-time SWAN model from NRL-SSC (US) , ARPA (Italy); real-
time WAM model  from ARPA (Italy) and Univ. of Athens (GR) 

• Surface drift modelling: NCOM model prior to drifter launch from CNR-ISMAR 
(Italy); variational assimilation of Lagrangian data from drifters, RSMAS Univ. of 
Miami (US), CNR-ISMAR (Italy); hindcast Lagrangian Kalman Filter Data 
assimilation from Univ. of North Carolina and Univ. of California, (US) 

• Tidal modelling: PC-TIDES from NRC-SSC (US). 
 
In more general terms, three major “information domains” were identified, 

corresponding to logical areas where information was produced and processed, and from 
which information was exchanged with other logical regions using bandwidth-limited 
communication channels.  

One domain was associated to NATO’s Research Vessel NRV Alliance, providing the 
seagoing laboratory for the execution of the DART06 trials, connected to NURC with a 
VSAT satellite connection. Conversely, another domain was associated to NURC, which 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

340



 

acted as a central gateway for the execution of the experiment, ensuring seamless 
communication with NRV Alliance, with Centre scientists involved in supporting the trials 
and with partners participating from remote locations. The third domain referred to 
experiment contributors connected over the Internet.  

The following Figure 1 shows the various information domains, and the corresponding 
data flows. It should be noted that all traffic patterns were forced through the GEOS Data 
Fusion Servers installed at NURC and onboard NRV Alliance. This choice proved to be 
essential in providing the Quality of Service required by scientific objectives. 

 

 

Fig.1: Summary of data exchange flows during the DART06 sea trials 
 
A further degree of summarization of the requirement led to the estimation of daily data 

traffic between the different domains, as summarized in Figure 2. 
 

 

Fig.2: Estimation of data volumes to be exchanged daily during DART06 sea trials 
 
Communication capabilities normally available on maritime platforms cannot meet 

such a demanding requirement. Table 1 provides an optimistic estimation of the data 
volumes that can be supported by commonly available systems. The estimation is 
optimistic in the sense that it is based on the assumption of 100% efficiency and uptime, 
where the actual figure is normally lower because of protocol overheads and 
inefficiencies, rain attenuation, tracking problems with high sea states, interference and 
antenna shadowing from shipboard infrastructures. In addition to that, the affordability 
and cost-effectiveness of the various solutions may be questioned, where all services listed 
in Table 1 are charged by time or by volume. 
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System Data Rate [bit/s] Daily data volume [MB] Price per MB [Euro]
Iridium 2400 24.72 75 
Globalstar 9600 98.88 8 
Inmarsat-B HSD 64000 659.18 18 
Inmarsat Fleet 77 128000 1318.36 14 

Table 1: 24-hour data transfer capability of common maritime systems 

2. INFORMATION DOMAINS AND NETWORK INFRASTRUCTURE 

NURC has been experimenting near-real time communications during sea trials since 
1993, first using cellular phones and then Inmarsat-B HSD, at the data rate of 64 Kb/s. In 
2001 a satellite communications facility was installed to provide always-on connectivity 
between NURC and its research vessels at data rates up to 1 Mb/s. The availability of such 
a flexible and cost-effective capability has driven the development of network-enabled sea 
trials, where experimental output is amplified by the continuous interaction between 
researchers operating at sea and their colleagues ashore.  

In spite of this big improvement, a significant gap still exists between the capabilities 
provided by terrestrial networks and those made available to maritime nodes. As a 
consequence, choices on the placement of boundaries between the different “information 
domains” have been driven by the underlying network infrastructure, accounting the 
specific characteristics of maritime communications: lower data rate, higher latency, lower 
degree of reliability and availability. To ensure separation between different user 
communities, different Communities of Interest (COI) were identified within each 
information domain. As an example, the information domains at NURC and onboard NRV 
Alliance were actually divided into three COI, each with its own level of security and 
trust, to which specific communications policies could be applied. 

2.1. Ship-shore links 

With the present degree of maturity in commercial-off-the shelf (COTS) systems 
research vessel operators are given the possibility of increasing their efficiency in the 
execution of sea trials at an affordable cost. On a local scale, simple Wi-Fi networks or 
more advanced mesh networks can be used to provide fast and reliable wireless links with 
neighbouring vessels and sensor buoys at ranges greater than 10 nmi. 

For wide area networking, satellite communication is a mandatory choice, although the 
target performance level for the choice of the system will be driven by technical and 
financial trade-offs. Small platforms, such as drifting buoys, do not allow for the 
installation of a large antenna dome, and are therefore good candidates for the installation 
of compact satellite telephone systems, such as Iridium or Globalstar, with data rates in the 
order of 10 Kb/s.  

Larger platforms, instead, allow for the installation of tracking antennas capable of 
supporting higher data rates. Three main options are available: on-demand connection 
(e.g. Inmarsat-B HSD), VSAT permanent connection (e.g. private network as in the case 
of the NURC SATCOM Facility [1], shared service as the NSF-sponsored HiSeasNet [2]) 
or hybrid asymmetric connection with Digital Video Broadcasting (DVB-S) downlink, as 
the one provided in the Wired Ocean project supported by the European Space Agency.  
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Since all three technical options were already available onboard NRV Alliance, our 
choice for the DART06 trials was to rely on all of them, to maximise networking 
capabilities made available to the scientific party, both in terms of performance and of 
reliability, providing multiple backup options in case of failure of one system. 

The main communication capability was provided through the NURC-Alliance VSAT 
link, with an increase of the baseline data rate from 128 Kb/s to 369 Kb/s to deal with the 
high volumes of data that were foreseen. 

An additional communications capability was provided through a DVB-S hybrid 
architecture, as discussed in the following section. 

2.1.1. Supplementing shipboard data links using DVB-S broadband Internet 

DVB-based broadband satellite links operating in push or on-demand mode can be used 
in a maritime context to address bandwidth-intensive requirements, providing a cost-
effective complement (in the order of 1 Euro per MB) to existing onboard 
communications capabilities [3]. The onboard system architecture includes two basic 
components: the uni-directional DVB-S channel, implemented with a satellite TV receive-
only antenna with DVB/IP receiver, and the return link used to request on-demand traffic.  

The return link, if required at all, can be provided using many different technical 
options: the baseline requirement is just to be able to access the Internet or the private 
network to which the land-based gateway is connected. In the NURC setup the VSAT 
system was used to provide the return link, although an Inmarsat-B HSD link was kept on 
standby to provide an alternative in case of failure of the former. 

Configuration of the onboard gateway is very simple: Connection Manager Software is 
used to control the TV antenna and to establish a Virtual Private Network (VPN) 
connection with the land-based gateway through which subsequent data requests are 
routed. Once the request is received by the land-based gateway, the response is encoded in 
a DVB-MPEG2 stream and transmitted to the satellite transponder.  On the receiving side, 
a DVB reception card installed on the onboard gateway extracts and decodes the 
packetized elementary stream into the original IP stream, which is then passed through the 
TCP stack of the operating system to the application that made the request (e.g. Internet 
browser, FTP client software). 

2.2. Dynamic Bandwidth Allocation and Quality of Service 

The NURC SATCOM Facility, based on the ND-SATCOM SkyWAN system, provides 
a fully meshed Multiple Frequency Time Division Multiple Access (MF-TDMA) network 
with bandwidth on demand and Internet Protocol (IP) local area networks connectivity.  

All stations participating to the network can be connected via multiple satellite 
channels, and are capable of transmitting and receiving on a given channel making full use 
of channel bandwidth (although in different timeslots, in accordance with TDMA 
principles) with half-duplex communication.  

Unlike in DVB-RCS systems, which are based on central hub (thus providing 2-hop 
communications), all stations of the NURC network incorporate all the features required 
for 1-hop point-to-point full-mesh networking, where the elimination of the central hub 
drives a 50% reduction of communication latency. All nodes in the network have the same 
status, with the exception of a master station broadcasting the Single Reference Burst 
containing the transmission plan to be used by all stations for transmission.  
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Large bandwidth requirements combined with limited channel capability and with high 
communications latency, where round trip time (RTT) perceived by users and applications 
is in the order of 500 milliseconds and up to 5000 milliseconds during periods of 
congestion, outlines a definite requirement for planning and implementation of effective 
Quality of Service (QoS), provided through dedicated QoS appliances. 

Such appliances are typically conceived to support full-duplex links and their 
application to half-duplex links is somehow cumbersome, where in order to deliver 
effective quality of service, a priori knowledge would be required of the intentions of the 
remote stations participating to the network. In the absence of such a mechanism inside 
the network (which would in any case introduce an additional overhead for the node-to-
node signalling) we chose to allocate outgoing bandwidth on each node on the basis of 
heuristics derived from traffic predictions and previously gathered statistics.  

The appliances used during the trials (Peribit SR-50 and SR-20) allowed the definition 
of outbound guaranteed bandwidth and outbound maximum bandwidth both for the full 
link as well as for a large number of service classes within that link. In our QoS 
configuration policy we enforced the following stipulations: 

 
• The sum of guaranteed bandwidth assigned to service classes cannot exceed 80% of 

the guaranteed bandwidth defined on the overall link. This is required to ensure that 
guaranteed bandwidth is always available for local system resources, such as SNMP 
updates and management traffic. 

• Excess bandwidth is distributed between classes using Weighted Fair Queuing (WFQ) 
allocation, according to a priority level given to each class. 

• Traffic flows (“applications”) are identified by IP source/destination addresses and 
TCP source/destination ports. Applications are statically assigned to service classes. 

 
A software tool has been developed within NURC to facilitate the definition of 

guaranteed bandwidth, excess bandwidth and service classes on each outbound 
(unidirectional) link. This satellite capacity planning tool not only allows proper quality 
control while defining the QoS configuration for a certain trial, but greatly facilitates fine-
tuning and even major reconfigurations during the execution of a trial. 

As an example, we indicate in Table 2 the service classes that were defined during the 
DART06 trials, in order of decreasing priority in the allocation of excess bandwidth. 

  
Class name NURC  Alliance [%] Alliance  NURC [%] 

Scientific critical 40% 20% 
Scientific standard 20% 10% 
Network management 10% 5% 
Ship management 5% 5% 
DVB-S uplink 5% 40% 
Default 0% 0% 

Table 2: Guaranteed Bandwidth repartition during DART06 trials (sum adds to 80%) 
 
It is important to note the difference in the allocation of guaranteed bandwidth in the 

two directions. This asymmetry is derived directly from the observational and modelling 
requirements discussed in Section 1.1 where data received onboard NRV Alliance was 
three times larger than data sent from Alliance to NURC and to Internet partners. Different 
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requirements can similarly be satisfied by changing the relevant parameters in the capacity 
planning software tool. 

3. INFORMATION INFRASTRUCTURE  

The networking infrastructure discussed in the previous sections provided the necessary 
building blocks to ensure the transfer of mission-critical data within the given time 
constraints. Additional steps were however required to ensure the seamless distribution of 
information between partners, enabling scientific collaboration and dissemination of 
interim results during the execution of the trial.  

In previous work performed at NURC a central role was played by the so-called GEOS 
server, a geospatial information system providing the centralized platform where data 
fusion could be performed in near-real time during the execution of a trial. The size of the 
scientific effort associated to the DART06 trials, in terms of size of data collected and 
processed (fig. 2) as well as in the number of international partners, did not match well to 
this approach, suggesting the installation of a local GEOS server onboard NRV Alliance. 

 With two servers in place the majority of data communications between ship and shore 
can take place in the form of structured server-to-server transmissions, synchronized in 
accordance with the priority associated to a certain data type, enabling the fine-grained 
quality of service that increases assurance of meeting mission requirements.  

The two servers were installed in two different domains of trust: onboard Alliance on 
the protected network segment used by the NURC team and at NURC on a DMZ segment 
accessible by Internet partners. This difference precluded the use of a peer-to-peer 2-way 
replication scheme, in favour of the use of FTP sessions initiated from the trusted side. 

A coordination effort was performed prior to the execution of the trials, defining a 
structure of folders and subfolders where contributors could post their contents. FTP was 
performed using the SmartFTP [4] package, configured for near-real-time synchronization 
of time-sensitive datasets, while the rest of the traffic was scheduled during the night. 

Network routing for the server-to-server communication was primarily across the 
VSAT link for both uploads and downloads, with the possibility of using the DVB-S link 
for download only. The rationale was to use the VSAT link for mission-critical traffic 
only, while keeping the DVB-S link for large, non-critical downloads. 

4. CONTEXT-BASED DATA MANAGEMENT. 

4.1. Data management considerations 

Interoperability between different data formats is essential to enable distributed 
processing between different partners and correlation with historical data. Prior to the trial 
an agreement was therefore reached on the formats to be used for model results, e.g. GRIB 
(atmospheric models), NetCDF (ocean, atmospheric and wave models) in compliance with 
the COARS/CF convention [5], or ASCII compressed format, using absolute timestamps 
in modified Julian day. 

As a general rule, the adoption of compressed formats, such as GRIB, is a wise 
measure towards efficient use of network capabilities. Additional improvements (ranging 
from 15% to 75%) were achieved during the trials by enabling the data reduction features 
of the Peribit appliances, based on Molecular Sequence Reduction (MSR) [6], to identify 
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repeated patterns inside the data stream transmitted over the VSAT link and to replace 
them with “shorter” labels, thus saving precious network bandwidth. 

5. CONCLUSIONS 

The execution of the DART06A trial (1-27 March 2006) led to the identification of 
some points worth being noted. First of all, a good match was observed between predicted 
traffic and actual traffic: NURC-Alliance traffic on the VSAT link was 32 GB, Alliance-
NURC traffic was 6 GB, and DVB-S traffic was 4 GB. This translated in a daily average 
exceeding 1.5 GB, in line with preliminary estimations summarized in figure 2. 

Second, accurate definition of data flow and replication scheduling allowed optimal use 
of the VSAT link, within the quality of service and guaranteed bandwidth constraints 
required to ensure proper support to near-real-time operations. It should be noted that 
savings on VSAT bandwidth thus obtained, coupled to unused bandwidth on the DVB-S 
link, allowed for the creation of “reserve bandwidth pool”, which could have been used to 
cover unplanned transmissions. 

Third, by enforcing control on all phases of the scientific operations it was possible to 
meet ambitious scientific objectives at a very competitive cost. As an example, the cost for 
transmitting 1 MB of data during the DART06 trials was 6 Eurocent for the 369 Kb/s 
VSAT link and 40 Eurocent for the 1 Mb/s DVB-S link. 

Above results were validated during the DART06B trial (14-31 August 2006), which 
confirmed DART06A data and enabled the fine-tuning of operational procedures. 
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Abstract: The environmental conditions in shallow water areas are known to strongly 
affect the performances of low frequency active sonars (LFAS). In particular, interactions 
of the acoustical field with the seabed interface have been identified as being a key factor 
that is felt to be well understood previously to any environmental adaptation scheme of 
those sonars. However, the assessment of the geoacoustic properties of the seabed still 
constitutes a challenging task. Whenever the seabed data bases are of poor quality in a 
given area, it is obviously of interest that efficient and robust methodologies be applied in 
order to assess those properties. One proposed approach to carry on that issue consists in 
applying geoacoustic inversion methodologies that only make use of the acoustical data 
available onboard an operational sonar, ie. by only using the data acquired along the 
receiving horizontal towed line-array of the sonar. This approach, known as through-the-
sensor technique, probes the environment with the sonar itself and in the same conditions 
of use as those of the sonar. This paper aims at presenting some practical aspects  coming 
out from the processing of several data set of the BASE’04 experiment that are hoped to  
assess whether that  kind of methodology can be applied within the framework of an ASW 
operational scenario. In particular, inversions of real data sets are presented from which 
practical inversion strategies (from a priori parametrization of the inverse problem to 
final end checks) are proposed. 
 
 
 

Keywords: Geoacoustic inversion, Through-the-sensor, Environmental adaptation 
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1. INTRODUCTION 

In May-June 2004, the Nato Research Center (NURC) has conducted the BASE’04 
experiment Southward the Sicily Island in the Mediterranean Sea. One of the goals of that 
experiment was to collect acoustical data sets that would allow to evaluate the 
applicability of the through-the-sensor (TTS) concept to assess the seabed properties of 
shallow water environments with diverse range dependent seabed characteristics. Also, 
different graduation of difficulty were planned and the data sets were acquired on three 
sites with unequal levels of groundtruth knowledge. The basis of the TTS approach 
studied at NURC consists in using solely the acoustical data generated by an LFAS system 
and received by the associated horizontal line array  (HLA).  In a companion paper 
presented in the same proceedings [1], the application of the concept along the most well 
documented track of the experiment on the Malta Plateau has been presented. Along thata 
track, robust local seabed characterisation have been obtained when using relatively high 
frequency signals (frequency modulated sweeps of 1s between 800-1800 Hz) and a 
relatively short array (~35 m with few hydrophones). Several settings of the inversion 
algorithm have been tested, all giving consistent results with results of previous 
experiments along the same track and in good agreement with the available groundtruth 
data (see e.g. [2] and references herein). 

This paper takes benefit of the conclusion of this first study in order to assess the 
applicability of the TTS approach within the scope of the more general context of a 
broadband environmentally adaptive sonar concept shortly described in the next section. 

2. ABOUT THE BROADBAND ENVIRONMENTALLY ADAPTIVE LFAS 
CONCEPT 

The basis of a broadband environmentally adaptive LFAS concept relies on the 
assumption that the settings of a given sonar can be optimized with respect to the 
environmental conditions that it encounters. Among other parameters the seabed 
characteristics in shallow waters appear as a key factor for the success of such a concept as 
they are known to strongly influence the sonar performances. Unfortunately, the ground 
truth knowledge is often lacking which implies that an assessment of the seabed 
conditions should be done previously or during any ASW operation. Within that context, 
the idea of using the sonar itself as a probe sensor of the environment together with 
inversion techniques, as sketched in Fig.1, is attractive, provided that the TTS inversion 
techniques can be handled within tactically relevant time frames. As a consequence, this 
requires that efficient and robust techniques of inversion be implemented, and that 
validation tools be available in order to supervise the inversion process. Those two 
practicability aspects of the TTS   approach to be applied in nearly real time are addressed 
from different experimental viewpoints in the coming sections. 

3. ABOUT THE EFFICIENCY OF THE INVERSION ALGORITHM  

As explained in  [1], the implementation of the inversion algorithm that have been used 
for the present study rely on the SAGA inversion package interfaced by the ray acoustical 
model GAMARAY. The whole package constitutes a rather efficient tool that allows to 
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process in parallel several individual inversions of the same data set. A noticeable part of 
the efficiency of the algorithm is permitted because the small horizontal separation 
between the source and the HLA (typically few hundreds of meters for shallow water 
operations) authorises to consider locally the seabed as being range independent [2]. This 
allows to use efficient ray based model for simulating the acoustical fields that are 
compared to the measurements. Typical needed time for inversions with a 1-Layer model 
(ie. an upper sediment layer above a semi-infinite basement) with simultaneous inversion 
of the geometry and the seabed properties (11 parameters) with 4 parallel inversions on a 4 
processor - Linux workstation  ©Intel Xeon 3GHz, takes 5 to 10 minutes long without 
particular optimization of the inversion process or of its settings (dense array configuration 
with 21 hydrophones and 50 Hz frequency sampling between 850-1750 Hz). Improving 
the efficiency of the present implementation of the inversion process is obviously possible, 
e.g. choosing a sparse array configuration which saves heavy computational time by 
avoiding numerous eigenray calculations… This point will not be discussed further, but 
the state-of-the-art of the TTS tools indicates that present computational means allow to 
invert for acoustical data already quite efficiently. 

 

 
Fig.1: General framework of the LFAS broadband environmentally adaptive sonar 

concept (Courtesy 4C program team) 

4. SOME ADDITIONAL LESSONS FROM THE MALTA PLATEAU TRACK 

4.1. How to get some information about the seabed internal structure  

One of the key points for getting rapid convergence of the TTS concept to relevant 
seabed characterization is the initial parametrization of the inverse problem. Among other 
aspects, the choice of an a priori  form of the seabed structure, e.g. Semi-infinite half 
space, 1-Layer… In [1], several aspects about the settings of the inversion algorithm core 
have been addressed. Keeping in mind that the inversion process could have to be applied 
in a blind inversion context, it has been shown that iterative inversions starting with 
simple seabed assumptions about the seabed layering and then complexifying the model 
step by step after a ping-to-ping analysis is feasible. Having a look at the envelopes of the 
measured impulse response (matched filtering of the received signal) provides another 
means to assess those kinds of information quite pragmatically as shown in Fig. 2. This 
figure presents the comparison of the measured impulse responses of the waveguide by 
one hydrophone of the HLA with the simulated impulse responses obtained with  the 
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inverted ping-to-ping models for the Malta Plateau track (Semi-infinite half space with 
inverted water depth constrained to be around the true bathymetry, Semi-infinite half 
space with water depth free, one upper sediment layer above a semi-infinite basement and 
two upper-sediment layers above a semi-infinite basement).  As in [1], those seabed  
models will be referenced as the  SemiInfinite-WD Constrained, SemiInfinite-WD  
Unconstrained, 1-Layer and 2-Layer models. In real-time, such an historical stack of all 
past observed  and simulated impulse responses using all past inversions can easily be 
processed. Visual comparison of the simulated and observed acoustical arrivals can 
indicate whether internal seabed layers  exist. For example, it can be seen that the complex 
structure of the multiple bottom bounced arrivals at around 0.35s are replicated in a better 
manner when assuming a 1-Layer model or by fusing both impulse responses of the semi-
infinite models. In the conditions of a blind scenario, it is thought that the analysis of the 
semi-infinite half space inversions could be quickly seen as missing some temporal 
features of the impulse  responses. Combined with an on-the-fly analysis of the cost 
function value, a supervisor could be led to complexify the searched geoacoustical model 
to get better fits with lower cost functions and better agreement of the temporal structure 
of the impulse response. It thus also constitutes a practical way to assess, at least 
qualitatively, the relevantness of the inversions. 

 
Fig.2: Comparison of the measured and the simulated impulse responses at a single 

hydrophone or the Malta Plateau track. 

4.2. SOME HINTS ABOUT THE NEED OF INVERTING SEABED 
MODELS CLOSE TO GROUND TRUTHING  

Rapidly validating the inverted seabed models is of primarily importance. The results 
shown before and in [1] indicate  that minimal validation that is affordable in real-time 
should at least be based on checking whether the inversion algorithm has converged 
adequately and whether the inverted model can replicate the temporal structure of the 
measured impulse reponses. This analysis is confirmed when adopting an end-user 
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viewpoint. The extrapolability of inverted seabed models at long ranges is important for 
sonar performances evaluation. In Fig.3, the acoustical parabolic equation model RAM 
has been used with the four inverted range dependent models of the Malta Plateau track. 
The transmission losses (TL) at mid-frequency for a source positioned at the beginning of 
the track and at mid-depth have been calculated. The 1-Layer and the 2-Layer models 
provide rather similar evaluations of the TL field. As they are both rather close to ground-
truthing they are considered as the fields of reference. In [1], it can be seen that similar 
final cost function values were obtained with both models and also with the SemiInfinite – 
WD Unconstrained model. From that observation alone, it could have been deduced that 
this latest model could effectively have replicated the acoustical properties of the true 
seabed.  Nevertheless, the comparison of long range TL indicate  that this model strongly 
overestimates the TL especially in the upper part of the water column (the differences can 
reach 10dB locally). Indeed the reason of this overestimation is that the critical angle of 
that seabed model is overestimated which allows steeper rays to propagate with less 
bottom reflection losses than with the reference models. Though sufficient to replicate the 
acoustical field at close range (ie. along the HLA as measured by the low value of the cost 
functions and few hundreds of meters beyond), that model should not be used in any case 
for sonar perforamances evaluation. As mentioned before, this conclusion could have 
simply be assessed by following the minimal double check explained above. 

 

 

Fig.3: Comparison of the simulated TL at 1200 Hz using the 4 inverted range 
dependent geoacoustical models. 

5. INVERSION OF THE ADVENTURE BANK DATA SET   

The inversion of the Adventure Bank data set has revealed to be a very challenging 
task. Following the practical inversion strategy deduced from the Malta Plateau example, 
ie. 1. Stacking the measured impulse responses to assess a potential layered structure of 
the seabed 2. Proceeding to the inversions with standard inversion algorithm settings 3. 
Double checking final cost function values and good fit of the temporal structure of the 
impulse reponses, the inversion of the Adventure Bank track has been blindly identified as 
being unsuccessful. Before getting some groundtruth data very recently (Courtesy FWG 
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during the joint NURC/FWG BABO’06 experiment in May 2006), very little groundtruth 
data existed along the Adventure Bank track at the time the data have been processed. 
Interestingly however, before having the subbottom profiler data set shown in Fig.4 (a), 
the simple observation of the impulse responses in Fig.4 (b), had led to the assumption 
that a strong and highly reverberant event such as an internal gassy pocket existed. On Fig. 
4 (b), this event is seen to produce a strong and time-spread acoustical return at around 
0.3s for example. Indeed, considering the subbottom profiler data set,  that assumption is 
very plausible for ranges beyond 2 km where every internal layers suddenly disappear. 
None of the inversions that have been performed has ever managed to replicate that kind 
of return. Whatever the algorithm settings, the present implementation of the TTS 
algorithm failed to assess even effective parameters of the seabed. From an 
environmentally adaptive sonar concepts of course, these results could be considered as a 
failure of the concept. Nevertheless, it is thought that this failure provides some useful 
information for the sonar operator. As a by-product of the TTS failure, the sonar operator 
would at least be warned that any sonar performances evaluation should be considered 
cautiously since an effect of the actual seabed could not be taken into account. As a 
consequence any induced tactical decision based on the sonar performances evaluation 
should be analysed cautiously.  

(a) 
 

(b) 

Fig.4: Inversions of the Adventure Bank track – (a) Best seabed inverted model with a 
sparse array configuration – Seismic profile provided courtesy Dr. D.Milkert (FWG)   – (b) 
Comparison of measured impulse responses and simulated ones with the inverted models. 

 

6. INVERSION OF THE MEDINA BANK DATA SET   

The third data set acquired during the BASE’04 experiment was processed in real blind 
conditions without any groundtruth knowledge. The blind inversion principles explained 
so far have been applied for the inversion of the Medina Bank track. Obviously, no 
ground-truth confrontation has been performed either, so that we have to decide whether 
the inversion is satisfying or not. The initial study of the impulse responses (Fig.5 (b)) 
exhibits long tails of the impulse response that indicate rather hard properties of the 
bottom (ie. high compressional speeds). No obvious indication of an internal layer can be 
really noticed. Both indication allows to parametrize the inverse problems and to get rather 
low cost function values (Fig.5 (a)). Interestingly, the 1-Layer model provides slightly 
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better cost functions. Also, it can be noticed that bottom bounced arrivals have slightly 
greater time spread with the 1-Layer, as seen with the measured impulse responses. At this 
point the question is to see whether an internal upper layer makes sense. By plotting the 
stacked ping-to-ping inversions (Fig 5 (c)), it can be observed that both inverted water 
depths of the SemiInfinite and the 1-Layer model are very close one from another and that 
the inverted upper layer is rather smooth. Moreover, when having a look at the stacked 
compressional speeds in Fig.5(d) , it can also be noticed that the upper sediment properties 
are similar with both models and that the properties of basement with the 1-Layer model 
are rather consistent from one ping to another. Moreover, Fig.6 provides another 
viewpoint for single ping inversion validation through scatter plots that provide a 
qualitative measurement of the convergence of the inversion algorithm for single 
parameters. Inverted sharp bell shapes provides indications that the algorithm has 
converged  toward a single value for a given parameter. Not requiring additional 
computation time since it only uses the results of the inversion, this kind of plots is 
thought to provide confidence about the obtained geoacoustic values. In our case, both 
compressional speeds of the upper layer and the basement presents such a pattern, which 
allows to consider at that point that the TTS approach performed well and that a 1-Layer 
seabed structure is plausible.  

(a) (b) 

(c) (d) 

Fig.6: (a) Final best cost function – (b) Stack of  measured impulse responses at a single 
hydrophone compared  with simulated ones obtained with inverted seabed models. (c) 
Inverted seabed structure compared to measured bathymetry  – (d) Associated inverted 
compressional speed. 

7. CONCLUSION 

The implementation of a TTS approach internally an overhat Broadband 
Environmentally Adaptive Sonar Concept has been addressed from a very practical point 
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of view. Real-time implementation of such an approach is believed to be feasible. Applied 
with three different data sets, the analysis of acoustical data and/or the use of inversion 
algorithms have shown to always lead to more or less complete information about the 
geoacoustical properties of the seabed. Whatever the achieved level of environmental  
assessment, the information that was gathered was felt to be of interest within the scope of 
ASW operations either to assess better quantitative sonar performances estimation (when 
seabed characterization is complete) or to assess expectations about the quality of these 
estimations when TTS fails. The panel of expert rules exposed in the present paper is far 
from being complete. However it is hypothesized that more extensive work could convey 
to complete and formalize them in a better manner that could be used within a decision aid 
framework.  

 
Fig.6: A typical scatter plot of a single ping inversion with a 1-Layer model. 
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Abstract: A property of time reversal (TR) is its ability to refocus sound spatially and 
temporally without any a-priori knowledge of the environment. Applications range from a 
TR-based acoustic tripwire for choke-point protection, where focus aberrations trigger 
detection, to underwater communications in shallow waters. The stability of the 
environment is a key factor in establishing the overall performance of a system based on 
TR. In a windy environment, as the sea surface roughens, the quality of focus degrades 
due to the loss of coherence of the multipath. The present study aims to investigate the 
influence of wind strength on surface bounce spreading, and, hence, to the spreading and 
amplitude of the field at the focus. The analysis is applied to real measurements acquired 
at frequencies between 10 and 20 kHz under different environmental conditions during the 
BARRIER'04 experiment conducted at NURC. 

Keywords: High-frequency time reversal acoustics, Environmental variability, Multipath 

1. INTRODUCTION  

Time-reversal acoustics is a field of research with applications to underwater 
communication in shallow waters [1, 2, 3], non destructive testing and biomedicine (see 
[4] and cited works), object detection [5, 6] and imaging [7]. Recently [8, 9] its application 
to an acoustic tripwire for underwater detection of intruders for port protection has been 
investigated with theoretical and experimental work at frequencies from 10 to 20 kHz and 
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ranges of hundreds of meters in shallow waters. In all applications the stability of the 
focus, which varies with the stability of the environment, is one of the key issues.  

Time-reversal focusing techniques take advantage of the multipath propagation of 
sound due to the wavefield boundaries: the more multipath, the more focused the field. 
Provided the condition of stationarity of the propagation waveguide is satisfied during the 
focusing timeframe, time-reversal acoustics is a stable physical process because the focus 
is built by measuring the Green’s function of the channel between each source and each 
receiver, hence no a-priori knowledge of the environment is needed.  

However, if environmental conditions are unfavourable the hypothesis of stationarity 
may decay [10]. In particular, at high frequency one of the major perturbing factors is the 
sea roughness: the multipath deriving from surface bounces is spread out (hence it looses 
coherence) owing to scattering by the roughness of the sea surface when the wavelength of 
the sea waves is of the same order of the sound wavelength. This implies that the focus, 
which consists of the summation of all the coherent components of multipath, is in turn 
spread out in space as well as in time and its maximum intensity decreases. The fast 
dynamics of small-wavelength, wind-related sea surface roughness implies focus 
instability within the process timeframe.  

 
The present work aims to investigate the influence of wind strength to surface bounce 

spreading, and, hence, to the spreading and amplitude of the field at the focus. The 
analysis is applied to real measurements acquired between 10 and 20 kHz under different 
environmental conditions. Data were acquired during the BARRIER'04 experiment at 
NURC, in a shallow water (less than 10m) waveguide harbour setting. The idea of this 
time-reversal application was to build a forward-looking acoustic tripwire by deploying a 
vertical array of transmitters and a vertical array of receivers at the two extremes of the 
area to survey. After establishing a focus, the passage of an intruder between the two 
arrays caused a spatio-temporal aberration of the focus due to the object’s forward-
scattered field. Simple, blind anomaly detection methodologies were adopted in post-
processing in order to emphasize the temporary aberration. Consequently, the approach 
needs as a fundamental condition the stability of the unperturbed focus in order to keep the 
false alarm rate low. 

 
Section 2 briefly describes the experiment. Section 3 presents the approach of data 

analysis and obtained results of impact of the wind on the multipath structure, on the focus 
intensity and, consequently, on the detection performances of the barrier. Some 
conclusions are finally drawn. 

2. THE BARRIER EXPERIMENT 

A vertical line array (VRA) consisting of omnidirectional hydrophones that spanned 
most of the water column was placed at one end of the waveguide; a vertical array of 
acoustic transmitters was placed at the other end, about 135 m away. The transmit array 
consisted of a twelve sources with inter-element spacing of 595 mm. The -3dB beamwidth 
of the source transducers was 19 degrees in the horizontal plane and 44 degrees in the 
vertical plane.  The maximum source level of any one transducer was 185 dB re 1 µPa at 1 
m. The transducer could broadcast in an acoustic frequency range from roughly 11 to 19 
kHz. 
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On the receive end of the tripwire, a vertical array of 32 (center-nested) hydrophones 
was used.  The acoustic aperture of this array could span a maximum height of 12.5 m, of 
which about 8 m was typically used.  The individual hydrophone sensitivity was -202.5 
dB re 1 V/µPa up to the designed low-pass frequency rolloff at 20 kHz.  The hydrophone 
preamplifier gain was 25 dB. A further 25 dB of amplifier gain was available before 
digitization on shore. The signals from 16 hydrophones were acquired and used in the data 
processing. The array is sparse, with inter-element spacing of either 36 or 72 cm. Further 
details can be found in [8, 9]. 

3. IMPACT OF ENVIRONMENTAL VARIABILITY 

3.1. Impact of wind on multipath structure 

Data were recorded over about 65 hours at a rate of 12 pings, one from each source, every 
30 seconds. The wind, measured a few kilometres from the experiment site  showed strong 
variations, raising to over 10 m/s before calming down to less than 5 m/s. The multipath 
structure is strongly linked to the roughness of the sea surface. The effect of the wind on 
shallow water acoustic propagation has been studied extensively over the years both in the 
forward and backward directions [11, 12, 13]. The main features observed in the forward 
direction were a loss of intensity, and a spread of the reflection angle inducing a blurring 
of the multipath structure as shown in Fig. 1. 
 

Fig.1: Left: received signal between source #12 and receiver #3, both close to the sea 
surface. The wind fluctuations are superimposed showing the correlation between the 
multipath structure and the wind strength. Right: received signal between source #6 and 
receiver #6, located approximately at mid water. The multipath stability and coherence 
appear more independent of the wind strength. 

Since the stability of the propagation medium, i.e., the conservation of the multipath 
structure, is essential to the performance of the time reversal approach [10], it is 
interesting to see how such variability would affect focus performance. 
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3.2. Impact of wind on unperturbed focus 

Acoustic focusing was achieved by passive time reversal according to a method 
described by Roux et al. [14] that does not require spatial reciprocity in the propagation 
medium and provides the capability to focus at different depths without the need of an 
additional probe source. The focus was computed at each ping at two different depths, 6.4 
m and 3.5 m, corresponding to receivers 3 and 6, by time-reversing a reference ping 
refreshed every 20 minutes. The focii were averaged for each position and over every 20-
minute slabs. The choice of a 20-minute refresh period was guided by the trade-off 
between the need to update frequently the reference ping in a dynamic environment and 
the need to avoid doing it too frequently for operational purposes.  

Figure 2 shows the comparison between the wind fluctuations and the maximum of the 
averaged focus at receiver 3. There is a strong correlation between the two variables, the 
focus maximum loosing up to 15 dB when the wind rises over 10 m/s. There is a slight 
time mismatch between the fluctuations of the wind intensity and of the focus maximum, 
especially between 50 and 60 hours. This slight shift can also be noticed in Fig. 1 where 
the multipath seems to gain coherence when the wind is still strong. A closer inspection of 
the wind data shows that it started to change direction a couple of hours before calming 
down. It is to be noted that the meteorological station was not co-located with the 
experiment site and that direction change could have meant an earlier drop in the speed of 
the local wind. 

 

Fig.2: Fluctuations of the wind in time (solid line) superimposed with fluctuations of 
the normalized maximum of the focus #3 (diamond markers) showing the correlation 

between the two variables. 

Figure 3 shows the evolution of the averaged gain at focus positions 3 and 6. All gains 
are normalized with respect to their median for display purposes. Focus position 3 is the 
closest to the sea surface and is in the upper middle part of the water column while focus 
position 6 is in the bottom part.  

 
The maximum of the focus is only one of the variables which should be considered in 

analysing the stability of the focus. Figure 4 shows the averaged focus position 3 at a calm 
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time (left) and at a windy time (right). Both plots are drawn with the same 20 dB dynamic 
scale. Besides the loss of intensity, there is a tendency to spread the focus (especially in 
space), and to develop new sidelobes. It is also to be noted that, if the averaged values are 
interesting on a first approach, the variability of instantaneous values should also be 
considered. Indeed, intruder detection, which is based on quantifying the focus aberration 
with respect to an unperturbed condition [8], works on a series of a few successive pings, 
and not on a 20 minute average basis. 

In conclusion, the proposed stability study have experimentally demonstrated that the 
impact of wind on the multipath structure and, consequently, on the stability of a time-
reversal focused field clearly exist and can be strong. Mitigation may be achieved by 
selecting a focus in the lower part of the water column and by frequently refreshing the 
reference ping to reverse. Further investigations will consider the variance of the focus 
intensity fluctuations over short periods and their direct impact on intruder detection 
performances, in particular on false alarm rate. 

 

Fig.3: Fluctuations of the normalized gain at focii #3 and #6.  The impact of the wind 
depends on the focus depth. 

 

  

Fig. 4: Focus #3 averaged over 20 minutes (40 pings) during calm (left) and windy 
(right) times. 
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Abstract: Whether for sonar performance modelling or for performance optimisation, the 
detection and false alarm probabilities of a sonar system must be determined. An accurate 
calculation of both probabilities requires knowledge of the distributions of signal and 
noise. The scope of this article is limited to the amplitude distribution of the signal of an 
active sonar, i.e. of the target echo. What is the right choice of target echo distribution? 
To find the most likely distribution of a measured dataset, the theoretical distributions are 
compared with the observations. This is worked out in two different ways; directly with the 
continuous distributions and the Kolmogorov-Smirnov test and with a discrete 
multinomial distribution and the chi-square test. The set of candidates for the signal 
amplitude distribution consists of the Rayleigh, one-dominant-plus-Rayleigh and Rician 
distributions. Both methods that are applied require that the measured echoes are 
independent and come from identical situations. These requirements are met to an 
acceptable degree for a set of experimental data. It is shown that the one-dominant-plus-
Rayleigh distribution is more likely than the Rayleigh distribution to result in the 
measured target echo amplitudes. 

Keywords: sonar performance, active sonar,  target echo, amplitude distribution, 
Rayleigh, one-dominant-plus-Rayleigh, Rice, maximum likelihood, testing 
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1. INTRODUCTION 

A signal that originates from a considerable number of unresolved sources, multiple 
reflections and interferences will be Gaussian in nature. Its amplitude by definition has a 
Rayleigh distribution. However, since the target echo of an active broadband sonar 
(actually a mixture of target and background) is clearly resolved, a Gaussian nature is 
unlikely, which makes a Rayleigh distribution for the target echo amplitude questionable. 
Although the simple mathematics that results from a Rayleigh signal is useful for didactic 
purposes, a wrong choice of the signal distribution can result in errors in operational 
conditions. The signal distribution directly influences the detection probability of a sonar 
system and via this the prediction of sonar performance and the optimisation of its 
deployment. Statistics matters! 

This paper investigates which probability distribution best describes the amplitude of 
the signal of an active sonar. What is the right choice for a target echo distribution? A set 
of three candidate probability distributions is confronted with a set of measured data to 
find the one that fits such data best. Requirements imposed on the data by statistical 
methods are considered first, followed by a brief overview of statistical methods. The 
method of maximum likelihood (ML) classification results in the best distribution for the 
measured target echoes. Thereafter the hypothesis that the data come from this distribution 
is tested. Classification and testing are applied on continuous and on discretised 
distributions, leading to Kolmogorov-Smirnov (KS) and chi-square (χ2) tests. 

2. MEASURED DATA 

To assess which distribution matches a data set, one should investigate if these data 
come from the same distribution, i.e. if they are identically distributed. For measuring 
target echoes at sea this puts strong conditions on the experiment. An active sonar trial 
was held in the Mediterranean Sea. During the two hour duration of the experiment the 
geometry and depth of the sonar source, underwater target and receiver array was kept 
constant. Water depth was approximately constant too. It is easy to imagine all kinds of 
changes during the measurements, such as changes in geometry, sound speed profile, 
bottom type and varying reverberation. A careful examination of the target echoes is 
required to make sure they originate from the same distribution. 

The received signal is matched filtered with a replica of the emitted pulse (two pulses 
per minute). For each ping the maximum of the correlator output is taken as the amplitude 
of the target echo and stored in a dataset. The moving average of these target echoes (Fig. 
1 left) indicates that the data set should be split into at least two parts to make an identical 
distribution per subset plausible. The analysis presented in this paper restricts itself to the 
subset that consists of the first 130 pings. 

For many statistical methods independent samples are required. Are the chosen 130 
samples independent? A whiteness test (with confidence level 0.975) is applied on the 
subset and shows a high correlation between consecutive echoes. By selecting one out of 
every two or three echoes the time separation of the echoes increases, which will decrease 
their dependency. With one out of three pings subset A of 43 echoes is derived, which 
passes the test for independence (Fig. 1 right). 
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Fig.1   Left: The 226 pings of the full data set and its 11 point moving average. 

 Right: Target echoes of full data set, with subset A of 43 pings indicated. 

The data are normalised by dividing the target amplitudes by their root mean square 
value. This results in a mean square amplitude equal to one. Finally we have an 
independent, identically distributed set of 43 normalised measurements. 

3. STATISTICAL ISSUES 

In addition to the Rayleigh distribution, Rice and one-dominant-plus-Rayleigh (1D+R) 
are considered. A constant amplitude complemented by Gaussian fluctuations during 
propagation and reflection suggests a Rician distribution, which supports a tuning for a 
fluctuating and a nonfluctuating part of the target echo [2]. In radar performance 
modelling, which considers situations comparable to sonar performance, the 1D+R 
distribution is commonly used [3]. It is said to describe a dominant coherent highlight with 
multiple incoherent scatterers. It approximates a member of the Rice family, but with 
simplified mathematics. To prevent parameter estimation from the data, from each family 
that member is selected with the average squared amplitude equal to unity, just like the 
normalised data. For the Rician family a second shape parameter must be specified, which 
is set such that it matches the first and second moments of the 1D+R distribution [2]. 

Normalised target echo amplitudes can take any real positive value. Its continuous 
distribution is characterised by a probability density function. The ML classification can 
be applied directly on this distribution, by calculating the probability density value of the 
joint distribution of the measured data (for each candidate distribution). The distribution 
with the highest value is selected as the most likely one. Since this method will always 
provide a class, however unlikely it is, this must be followed by testing. The selected class 
provides the null hypothesis for this test, versus the alternative hypothesis that some other 
unspecified distribution holds. A KS test is applied, which uses the maximum absolute 
distance between the empirical and theoretical cumulative distribution. 

As an alternative the range of the target amplitudes can be partitioned into intervals. 
With this binning observed and expected histograms can be calculated and compared. The 
number of counts per bin follows a multinomial distribution, which is discrete. For each of 
the candidate continuous distributions for the target amplitudes the probability of the 
observed counts is calculated and the distribution for which this probability is highest is 
selected as the most likely one. For this most likely class, testing is applied using a χ2 
goodness of fit test based on the difference between the observed and expected 
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histograms. Since during the binning of the data information is lost, the discrete approach 
is an approximate one. Both methods, continuous and discrete are applied on subset A. 

4. DISTRIBUTION FITTING I:   CONTINUOUS DISTRIBUTION AND KS TEST 

4.1. Select the most likely distribution 

For a set of independent continuous samples {X1, ..., Xk} - assumed to come from class 
Cj - the joint probability density is the product of the density values of the individual 
samples. The likelihood of class Cj  is defined as this joint probability density value for the 
observed values  x1, x2, ..., xn  of the samples. ML classification selects the class Cj with 
the highest likelihood. The natural logarithm of the likelihood values for subset A are as 
follows:       C1  Rayleigh:   -16.9;        C2  1D+R:   -7.6;        C3  Rice:   -8.7 

Clearly the Rayleigh distribution is the least likely one, while 1D+R and Rice are 
approximately equally likely (which is expected since Rice is tuned to match 1D+R). The 
conclusion is that 1D+R is the most likely of the three distributions to result in subset A. 

Comparison of the fit of the empirical cumulative relative frequency and the theoretical 
cumulative distributions (Fig. 2) reveals the superiority of the 1D+R distribution. 

 

 
Fig.2:  Cumulative fraction function and theoretical cumulative distribution.  

Left: 1D+R.    Right: Rayleigh. 

4.2. Test the selected distribution 

Although 1D+R is the most likely one of the candidate distributions, the question 
remains if subset A originates from it. This requires a test of the null hypothesis that this 
data set follows 1D+R, versus the composite alternative hypothesis that the set comes 
from some other distribution. The standard KS test is used for this. A significance level α 
of 0.05 is chosen, which means that the probability of the type I error of rejecting the null 
hypothesis while it is true is 0.05 [1]. 

The KS-test defines a test statistic D as the maximum absolute difference between the 
steplike cumulative fraction function and the smooth theoretical distribution function. The 
value of D for the data set (sample size  n = 43) and the 1D+R distribution is d = 0.119. 
The significance level (also called the p-value) of this observed value d, is the 
(conditional) probability of values of D more unlikely than d in case the null hypothesis is 
true. For our test this p-value is 0.58. Since this exceeds the 0.05 significance level, it is 
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quite probable to encounter such a sample from the 1D+R distribution and the test 
confirms that subset A originates from it. 

5. DISTRIBUTION FITTING II:   DISCRETE DISTRIBUTION AND Χ2 TEST 

The alternative approach applies classification and testing on a discrete probability 
distribution, which is derived by binning of the measurements. The first question to 
address is how to choose the number and boundaries of the bins. These intervals are 
chosen such that the expected number of counts is at least 5 for each bin (for each 
candidate distribution). With 43 samples only five intervals Bm result. The length of the 
first and last interval is larger than the equal lengths of the intermediate intervals.  

5.1. Select the most likely distribution 

For each candidate distribution Cj  the probability  pjm  that a single observation is 
inside interval Bm  can be calcuated from the interval boundaries. The expected number of 
counts per bin Ejm  is  n times pjm . The observed counts per bin Om  for subset A are 
respectively  (0,16,16,6,5). The values of Ejm  and Om are presented in Fig. 3 (right). 

The vector of counts per interval (O0,O1,O2,O3,O4) has a (discrete) multinomial 
distribution. The logarithm of the probabilities for the combination of observed counts 
(0,16,16,6,5) of subset A are: C1  Rayleigh:   -20.4;    C2  1D+R:   -12.1;    C3  Rice:   -13.1 

The most likely distribution for the target echo amplitude data of subset A is 1D+R 
with Rice as a comparable second best. The Rayleigh distribution is definitely 
outperformed by both of them. Notice that the probabilities of the observed combinations 
of counts are very small. This is caused by the huge number of possible histograms. 

Comparing the histograms of the observed and expected counts (Fig. 3 right) gives an 
impression of the agreement for each candidate distribution. The main disagreement 
comes from the lack of observed values in the first interval. These pictures confirm that 
the 1D+R probability distribution results in a better match than Rayleigh. 

 

 
Fig.3  Left: Expected and observed counts per bin for 130 pings. 

Right: Comparison of expected and observed counts per bin for subset A (43 pings). 
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5.2. Test the selected distribution 

A χ2 goodness of fit test (α = 0.05) is applied to test the null hypothesis that the 
measurements follow a 1D+R distribution against the alternative hypothesis that some 
other distribution applies. If the expected number of observations Em in each bin is at least 
5, Pearson's χ2 test statistic  X2 =Σ(Om-Em)2/Em  follows approximately a χ2 distribution 
with 4 degrees of freedom (5 bins – 0 fitted parameters – 1)  [1]. With X2 = 8.55  for the 
1D+R distribution, the p-value is 0.07. Since this p-value exceeds α, the hypothesis that 
subset A comes from a 1D+R distribution is confirmed. This much lower p-value than that 
of the KS test (0.58), is caused by the loss of information that results from the binning of 
the measurements that only comprises 43 independent, identically distributed continuous 
samples. 

6. CONCLUSION 

The continuous and the discrete approaches both classify target echo amplitudes as 
1D+R distributed and not Rayleigh. The tests confirm that subset A is likely to have this 
distribution, with significance levels of 0.58 and 0.07 for the KS and the χ2 test 
respectively. A Rayleigh distribution is well suited for random noise, but not for target 
echoes. 
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Abstract:  As the DGPS (Differential Global Positioning Systems) may provide, in favourable 
cases, geo-referenced positions with accuracy of a few centimetres, one could think (or 
dream) that such an accuracy could also be available below the water surface.  
On another hand, all available computers and most of the simulation pieces of software can 
provide as many decimals as requested. These decimals can also be confusing as one could 
imagine that they may correspond to real data and significant physical phenomena. In this 
paper, we will try to provide a comprehensive list of error sources in a sonar experiment at 
sea. We will focus on active sonar and on the error on the amplitude (that will induce errors 
on all other parameters such as phase, delay, velocity estimation, and/or spectral 
classification... Summing up all the elementary errors provides an overall error ranging from 
± 3 dB to ± 6 dB according to the sea state. 
The actual errors encountered at sea are several orders of magnitude higher than the 
accuracy provided by a DGPS or a numerical model.  
Improving models accuracy, physical or mathematical complexity is a fruitless effort if not 
coupled with a serious effort for improving both sampling and the statistical consistence of 
ground truth data (both water column and bottom). This is even more relevant in shallow 
water and coastal areas where the high local variability brings a serious difficulty in ocean 
fluctuations modelling (in 3D). From a user point of view, improving the models must first 
start with providing, in addition to average values (TL, for instance) the error bar 
corresponding to an inaccurate knowledge of the ocean properties or, when historical data 
are used, to a possible mismatch between these data and the real data. This mismatch has to 
be provided by ocean modelling that includes local currents, fresh water sources, rivers 
inflow, as well as anthropogenic activities. 
 

Keywords: sonar, sea trials, experimental errors, modelling, ground truth 
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1. INTRODUCTION  

Designing a successful experiment is a piece of engineering and rather an “art” than a 
“science”. It fits totally with the description of engineering given by Ove Arup, a Danish-
British architect, engineer and theorist:  

 “Engineering is not a science. Science studies particular events to find general laws. 
Engineering makes use of these laws to solve particular problems. In this it is more closely 
related to art or craft; as in art the problems are under-defined, there are many solutions, 
good, bad and indifferent. The art is, by a synthesis of ends and means, to arrive at a good 
solution. This is a creative activity involving imagination, intuition and deliberate choice.”  

The data interpretation and exploitation can be hard to achieve in several cases where only 
sparse information on the medium is available even in a very “sophisticated” experiment. 
This lack of information is often compensated by processing several lines on the same area, 
averaging the results, and/or studying the statistical properties of the processed data.  

While doing statistical analysis, one should always keep in mind the Williams and 
Holland’s law: 

“If enough data is collected, anything may be proven by statistical methods.” 
 
Thus, a “convincing” experiment for model validation, for instance, should not be 

designed to check a model but to look for all its possible weaknesses and failures. If, 
nevertheless, the model still matches the data, it is really a robust one and the experiment is a 
highly successful one. 

In this paper, we will try to estimate all the possible sources of errors one can encounter in 
an experiment at sea and give an order of magnitude of the global error (on amplitude for 
instance). 

 

2. THE SOURCES OF ERROR 

In order to list the sources of error, let us consider the global power balance expressed in 
the sonar equation (for an active system): 

 
SL – 2 TL + TS = NL – PG +DT 

 
We considered the active sonar equation corresponding to the most complex case. In the 

passive case, the error is ignored, but the variability of SL may be higher especially when 
ship noise detection by passive sonar is considered. 

In the next sections, we will analyse the error on each of the equation element in order to 
estimate an order of magnitude of the overall error. 

In this paper, we will only consider the error on amplitude (or signal to noise ratio) as it is 
the most relevant and is used as an input for estimating other echo properties. Same approach 
can be applied to the estimation of phase of the received signal or to the estimation of the 
velocity of a target as well as to target classification procedures... 

 

2.1. Error on SL 
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The sources of error on SL can be due to various causes that will be detailed and 
quantified in the next paragraphs. 

2.1.1. Transducer aging 

The calibration accuracy of a transmitter, when purchased is commonly about 10% (±1 
dB). In some case, it can be ± 0.5 dB and seldom ±0.2 dB [1]. This calibration is achieved 
either in a tank or in a lake in quasi-free field conditions and with very accurate positioning. 
Once installed on a hull the transducer properties may change due the baffling by the hull and 
a calibration of the installed system is needed.  When installed, the same transducer may be 
used for several years or even tens of years (30). The aging effect is mainly due to the aging 
of polymers and glues…The fisheries acoustics community has established routinely in situ 
calibration using standard spheres [2], in order to compensate for the aging effect. They talk 
about repeatability of about ±0.1 dB but it is not straightforward to convert it to absolute 
accuracy. As far as we know, it is the only acoustical community that runs routinely such 
calibration (due to the cost, maintenance of installed naval sonar is often achieved on a yearly 
basis). 

2.1.2. Transducer heating 

Due to heating, the transducers (+ power supply + power amplifiers) may behave 
differently for a short signal and a longer one. In addition, the level may also vary with 
ambient temperature [3]. Heating will induce efficiency loss either in the ceramics of a 
transducer or in the electronics components (and capacitors) of the power chain. Thus, it is 
preferable to calibrate a transmitting system with the same signals that will be used in 
operation. Depending on the “robustness” (and over-sizing) of the power chain, the level 
difference between the start of a long pulse and its end may be of several decibels. A 
temperature measurement can be used, for compensating the temperature variations effects. 

2.1.3. Sonar environment near the transmitter 

The transducers are calibrated in an “ideal” environment (“pure” water at constant 
temperature). When used, the environment conditions may be quite different: temperature-
changing, presence of particles and air bubbles near the hull. It is hard to quantify such a 
complex phenomenon that is highly variable from place to place and that strongly depends on 
the sea state. Nevertheless, it is likely that its influence is not less than a decibel.  

2.1.4. Position of the target in the sonar beam 

The sonar equation is established for a sound level SL measured in the centre of the 
transmitted beam and a target present on its axis. A small variation in angle will affect the 
echo level. If we consider, for instance, a circular piston transducer with a -3 dB aperture Ω, a 
positioning error of 0.17 x Ω will lead to an error of 0.1 dB (0.01 dB for 0.05 Ω). Such an 
error could be compensated in a multibeam (or split-beam) system but not in a single beam 
one. 

2.2. Error on TL 
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In the eighties, thanks to the easy access to computing facilities, a huge effort has been 
spent on numerical modelling ranging form simple 2D ray modelling to 3D parabolic 
equations. Several numerical code shave been developed and are available on the internet. In 
addition, more and more oceanographic data become available on the internet. 

Several sources of error can be associated to the estimation of the transmission loss: error 
on the absorption, error on the velocity profile(s), error on the bottom nature, error on the 
position of the transmitter (and /or receiver). The error can either be due to bad estimation of 
a parameter or, most often, the lack of parameters and the use of historical data. 

The numerous simulations and models [4] have shown that, especially for horizontal 
propagation, small variations of the sound velocity profile may induce important amplitude 
and phase variations of the sound field. 

Even in very simplified case (sound velocity profile known accurately and constant over 
the propagation range), one can note highly fluctuating patterns due to interference between 
waves travelling at different water depths (i.e. different sound speed).   

In a real experiment, the access to sound velocity profile distribution (in 3D) is not so 
straightforward.  One can “easily” have access to local sound velocity profiles using an XBT 
or a thermistor chain. A “rich experiment” will make use of a few thermistor chains allowing 
a joint time and space access to the temperature profiles and thus to sound velocity 
distribution. Nevertheless, the spatial sampling remains poor for obvious cost reasons. 

We have conducted several simulations for estimating an order of magnitude of the error 
on TL (at 3 kHz): a metric error on the source or receiver position may induce an amplitude 
error (TL) of a few decibels. A metric (absolute position) error is more than common [5]. 

Even in very expensive experiment, such accuracy is very difficult to obtain under water 
although the DGPS surface positioning can reach a ten centimetres. The high accuracy of the 
DGPS only allows positioning the GPS receiver (and not the ship or the towed array). Several 
additional errors will combine in the overall error: movements of the mast supporting the 
receiver (several tens of centimetres), ship deformations (several tens of centimetres in bad 
weather), accuracy of ship blue-print (variable with ship age, can be more than a meter in 
some case), accuracy of underwater acoustic positioning system (due to mechanical accuracy, 
errors on the acoustic centres of the transducers, error on motion reference unit, noise…)… 
An overall absolute positioning error of several meters is very commonly encountered. 

Another important limitation worth mentioning is the lack of ground truth on either the 
water column or the bottom especially in shallow water (mainly for cost reasons). As far as 
deep-water propagation is concerned, acoustic modellers, with the help of oceanographers 
and sedimentologists can deal with highly undersampled data (one velocity profile and 
bottom type value for kilometres). They can extend the point measurements with the help of 
several oceanographic and sedimentology models. For shallow water, that is becoming more 
and more an area of interest, this is not possible anymore because of joint time and scale 
variations that possess very short correlation length: rivers inflows, biological activity, night-
day variations, migration, solitons…. 

Such a lack of environment data is even more critical when 3D low frequency range-
dependant propagation is concerned. In such a case, gathering the ground truth data (time-
variant speed velocity profiles, bottom and sub-bottom properties…) becomes much more 
complex that running the sonar experiment. An important modelling effort has been 
undertaken during the last year. Unfortunately, their output depends highly on the region of 
interest and data can hardly constitute a historical set that could be transposed form one area 
to another. 
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2.3. Error on TS 

The target attitude (that is impossible to control for a free moving target) may induce an 
error with a higher order of magnitude: for instance, the target strength of a submarine for a 
given frequency [7] may vary from 8 to 30 dB depending on its attitude! 

For a rough bottom following the Lambert law [7], the reflected intensity also varies with 
the bottom slope. 

For an error of only one degree on the beam incidence or on the bottom slope, the relative 
error on the intensity scattered by a square meter of rough bottom varies with the grazing 
angle: 100% (around φ= 0°), 3% around 30°, 1% around φ =60°. 

The error is about the double for a misalignment of 2° and multiplied by about 5 for a 
misalignment of 5°. 

A realistic positioning of a few degrees of accuracy will lead to errors of several decibels. 
Target attitude is one of the main sources of echo amplitude fluctuations. For realistic 

cases, it can lead to typical variations of several decibels for bottom echoes and tens of 
decibels for slender targets such as submarines, mines or fishes. 

2.4. Error due to NL 

Noise level and spectral content is highly variable in both time and space (same as sound 
velocity profile). Nevertheless, in an active sonar configuration, it can be estimated prior to 
any transmission. If we neglect this variability, the remaining effect on the echoes is an 
estimation error on both the echo amplitude (directly related to signal to noise ratio at the 
processing output, S/N) and its date of arrival (Woodward formula). 

For S/N = 20 dB, this error is only 1% (±0.1 dB). 
As far as the arrival date is concerned, it can be considered as a second order effect: for a 

bandwidth larger than 75 Hz and / or a signal to noise ratio higher than 20 dB, the error on 
distance estimation will be les than a meter. 

2.5. Error on PG 

The basic sonar processing (to increase signal to noise ration) will include in a way or 
another, a matched filter (i.e. pulse compression of chirp signals). 

Due to the changes of the sonar to target range with respect to time, the echoes will be 
Doppler compressed or dilated. The choice of the transmitted waveform may highly affect the 
ambiguity function of the system in two ways: a drop of echo amplitude and a bias of its 
arrival date (when Doppler is badly corrected). 

 To give orders of magnitude, let us consider the cases of two signals commonly used in 
sonar experiments: 

a- pure tone burst: central frequency 3 kHz, duration 50 ms 
b- chirp: linear frequency modulation from 2.5 to 3.5 kHz, duration 50 ms. 
 
For both cases, a relative velocity mismatch of 1.5 m/s (at constant speed) leads to an 

amplitude drop of about 2 dB and a bias of ±1.5 ms. 
If an appropriate signal design is achieved in the same bandwidth (linear period modulated 

chirps (of same duration) with an appropriate time reference), a very high velocity mismatch 
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of more than 15 m/s will lead to an amplitude loss of less than a decibel. If an appropriate 
time reference is used, the bias is simply cancelled even for high-speed targets (even for 
variable speed) [5-6]. 

2.6. Overall error 

If we consider all the listed errors and assume that, according to Murphy’s Law, it is very 
likely that they will add up. Typical absolute error on echo amplitude will range from ±3 to 
±6 dB depending on the sea state.  

Such value sounds coherent with rated accuracy obtained in tank calibration of the 
transducers. Nevertheless, such errors sound tremendous when compared to the number of 
decimals provided (and unfortunately published, sometimes) by numerical prediction models. 
It is clear, from a practical point of view, that none of these decimals have any physical 
meaning, although they may be required for intermediate computation steps. In addition to 
the limitation of computation time, it also explains why the very simple 2D ray modelling 
remains so popular (even in coastal areas) although much more sophisticated 3D models have 
been available for a while. 

In order to end the papers with a more optimistic conclusion, we will present some simple 
solutions and future research trends that could be used for improving the accuracy of sea 
trials. 

3. ERROR REDUCTION 

3.1. Simple solutions 

Reducing the overall error can be achieved through simple solutions such as periodical in 
situ calibration of sonar systems using a calibration sphere (routine approach in fisheries 
acoustics). This will reduce the error on the source level, SL. An appropriate design of the 
transmitted signal will reduce the error on the processing gain PG. It is also easy to 
implement and can reduce (or even cancel) both amplitude loss and arrival time bias. 
Unfortunately reducing the error on target strength, TS and transmission loss, TL, is not so 
straightforward and require additional survey means. 

3.2. Target Strength 

Reducing the target strength variations due to its tilt angle can be achieved using a 
wideband system instead of a single frequency one. The constructive and destructive patterns 
encountered at a given frequency will not be the same at another one. The “global reflected 
energy (integrated over the bandwidth) will thus be smoothed. This has been validated on live 
individual fishes in a tank [8]. Unfortunately, this will reduce the attitude influence but will 
not cancel it. Recently, multistatic approaches have been developed for both submarines and 
mines detection. Such an approach can be very helpful although multistatic target modelling 
becomes more complex due to the lack of symmetry. As far as bottom echoes are concerned, 
the single angle sounding approach can be complemented with a map of the site. A local 
slope correction can then be estimated from the maps using a numerical terrain model. The 
extension of simple approaches like split beam or dual beam, routinely used in fisheries 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

372



 

acoustics, can also be worth investigating. It is important to note that, in coastal waters, the 
bottom has to be considered as a “living body” due to the large number of biological 
organisms and fish living either on the bottom of several centimetres below it. The day –night 
changes of bottom echoes are worth investigation with routine surveys or fixed systems. 

Nevertheless, the target attitude remains a major source of error unless a tomographic 
approach (move around the target) can be used.  

3.3. Reducing the error on TL 

Reducing the error on the prediction of the transmission loss, TL, is a very difficult task to 
achieve in coastal areas where the sonar environment is much more complex than in deep 
water. This error can be due either to a poor modelling or to the lack of ground truth data to 
use as inputs for the existing models. 

From a very pragmatic point of view, increasing the mathematical complexity and the 
accuracy of propagation models is a non-sense if his increasing is not coherent with the 
availability of ground truth data that to use as input parameters for the model. 

 While using numerical models (associated to typical sound speed profile and topography), 
the users need, in addition to average values of the transmission loss, the degree of 
confidence associated to this mean value (error bar). This error bar has to be associated to a 
priori (oceanographic) information on the representativity of the sound velocity profile and 
on possible fluctuations of such profiles. This is achieved, occasionally, in deep waters but 
rarely in shallow water where, very often, a comprehensive oceanographic model is not 
always available. Obtaining ground truth data is more difficult in shallow water due to the 
presence of rapid fluctuations with small correlation length making both temporal and spatial 
sampling a hard issue. Many experiments have used, very accurate, fast and expensive 
thermistor chains giving a high accuracy measurement on a single spot. Unfortunately, such 
values do only represent this spot and not its surrounding (due to obvious undersampling 
problems in both time and space (vertical and horizontal), no low-pass used before sampling). 
It may be more interesting, in shallow waters, to use lower quality chains but use a higher 
number in order to improve the horizontal sampling issues.  

4. CONCLUSION 

We have tried, in this paper to give a comprehensive list of the sources of errors in a sonar 
experiment. The order of magnitude of the overall amplitude error ranges from ±3 dB to ± 6 
dB. These errors may look excessive, but they have to be compared to 10% (± 1 db), the 
typical calibration errors of transducers in a tank (known medium and accurate transmitter-
receiver positioning). 

Some of the sources of error are due to technological limitations (such as the error on PG 
and SL). They can be reduced respectively by optimal signal design and periodic calibration 
of the equipment (as in the fisheries acoustics community). Nevertheless, the calibration 
using a standard target is only possible when high frequency is used (tens of kHz). When 
lower frequencies are used (hundreds of Hz up to a few kHz), this calibration is more 
complex due to the size of the sphere required and to its distance to the sonar. A sonar 
repeater may be preferred and the calibration procedure becomes more complex. 

The two major sources of error are error on TS and on TL. Both can be reduced by using 
wideband system (smoothing of both destructive and constructive interferences). As far as TS 
is concerned, a multi-look system (multistatic, tomography) can also help reducing the error 
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on TS. Unfortunately, in most cases, the target attitude is unknown and varies with time; the 
error on TS can only be reduced but not cancelled! 

As far as TL is concerned and, in particular in coastal environment, increasing model 
complexity and accuracy is a non-sense if not coherent with the availability of ground truth 
data used as input parameters for the models. 3D ground truth must include bottom, sub-
bottom as well as sound velocity profile. All these data (including bottom properties) are 
highly variable in time and space in the case of shallow water. Improving data quality should 
include the hard issue of time and space sampling of these data. Unconventional equipments 
are to be developed (including UUV based ones). The door is still open for imagination and 
innovation. 

When an intensive effort is put in reducing the influence of all the sources of amplitude 
error, the overall error will hopefully be reduced to less than 3 dB decibels. Even in this case, 
associating a physical meaning to fraction of decibels (i.e. accuracy of about 1%) is not 
sensible. 
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Abstract: In this study, a determination scheme of seagrass canopy height by two 
frequencies is proposed. The study was initiated for the understanding of potential 
acoustic methods that can effectively reveal seagrass canopy height for effective estimates 
of seagrass biomass on shallow water seabeds. It involves investigations of acoustic 
backscattering from Posidonia seagrass meadows. The proposed scheme is illustrated by 
a data set collected from near shore sea bottoms within depths of 10 m in Western 
Australia in 2005. The experiment was carried out by the use of a single beam 
echosounder of two frequencies deployed in a normal incidence configuration. Based on 
the waveform analyses of the backscattering at the two frequencies, it was found that the 
lower frequency was a steady indicator of bottom substrates while the higher frequency 
was sensitive to the existence of seagrass canopies. By comparing the detected range 
differences between reference points on the waveform envelopes of the two frequencies 
within a small bounded area assuming flat sea bottoms, the estimated seagrass canopy 
height exhibited sound results when comparing to optical recordings. By employing the 
acoustically detected range differences of the study targets by the two frequencies, the 
proposed scheme is helpful in providing potential solutions for effective estimates of 
vegetation’s canopy height. 

Keywords: Seagrass, canopy height, two frequencies 
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1. INTRODUCTION  

On inshore sand bottoms, what often meet people for plant epi-benthos are seagrass 
meadows of versatile species and canopy height varying in time. Due to the role of 
seagrass as a key indicator of coastal ecosystems affected by natural and anthropogenic 
factors [1], it is essential for environmental managers to understand its latest population 
states and possible interactions with the environment before an appropriate measure of a 
sound plan is available. 

Acoustics is regarded as one of the cost-effective methods which are capable of 
providing abilities for estimates of seagrass distributions remotely and efficiently on a 
comparably large scale better than direct sampling methods [2]. 

One of the major challenges involved is the true depth of bottoms detected by sonar 
systems, especially when the bottoms are covered by dense vegetation. Dense seagrass 
meadows on sandy bottoms are effective acoustic scatterers which can backscatter sounds 
both on and under the canopy. Seagrass blades with air-lacuna were considered effective 
scattering elements which can exhibit backscatter intensities as high as those from bare 
substrata. Comparable backscatter intensities from seagrass canopies can lead to incorrect 
detections of the true bottom depth. When the canopy height is not negligible, incorrect 
bottom depths can yield biased results for further investigation requirements. 

It is still unknown for how the sound interacts with the plants on and below the canopy. 
To date, there is only one work endeavoured by Shenderov in providing three theoretical 
models for predictions of scattering behaviours of sound by algae of three growing 
patterns [3]. However, Shenderov’s work did not consider the effects from the substrata. 
In reality, it is nearly impossible to isolate the backscattering from the plants and without 
considering those from the substrata. In one of his models, it predicts that backscatter 
levels from dense plants are at least one fold higher than that from sparse plants at a 
particular condition. In the author’s recent study results [4], the evidence was not obvious 
enough in order to support this prediction although Shenderov’s work was for algae while 
the author of this study was for seagrass. 

There are still many critical issues remained unsolved. For example, before reasonable 
methods are available for the estimates of seagrass biomass, there is a fundamental 
question one needs to answer firstly for how to effectively identify seagrass against other 
surrounding epi-benthos and possibly acoustics-similar objects similar to seagrasses on the 
seafloor. The investigation results showed that the characterization parameters were not 
able to entirely differentiate the habitat types involved in this study. The characterization 
parameter found was only capable of differentiating simple and distinctive bottom types 
such as those involving only sand bottoms and seagrass meadows. 

In the past, a few algorithms were proposed in providing variable capabilities for the 
estimate of seagrass canopy height [5-7]. Those methods took advantages of the sole 
frequency instead multiple frequencies of the sonar systems. Due to the difficulties of the 
measurements for the true bottom depths and the detection of vegetation’s canopy, there is 
a need for effective methods which can give an appropriate estimate of the vegetation’s 
canopy height for each ping. In order to understand possible solutions for the above 
question, an epi-benthic scattering project (ESP), mainly aiming for the understanding of 
acoustic backscatter characteristics of marine macro-benthos, was carried out in Western 
Australia in 2004 and 2005. The experimental details and investigation results are given 
respectively in sections 2 and 3. Conclusions of this study are given in section 4. 
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2. MATERIAL AND METHODS 

In the ESP project, it involved the use of a single beam echosounder of two frequencies 
operated at 38 and 200 kHz for the investigation of the acoustic backscatter characteristics 
of mainly seagrass meadows. The echosounder, which was mounted together with the 
optical system on a test rig, was deployed in a normal incidence configuration in water and 
assuming negligible variations from the normal incidence direction due to effects from the 
currents. It was synchronized with a stereoscopic camera system to obtain both acoustic 
and optical recordings simultaneously. The synchronization mechanism provided 
capabilities of obtaining a set of acoustic and optical recordings within a difference of a 
few mini-seconds. Each set of synchronized signals contained two acoustic echoes from 
the 38 and 200 kHz and a pair of images from the two cameras. Each acoustic and optical 
detection component has its own footprint size. By steering the echosounder, the major 
backscatter was able to be located within the field of view of the optical system. 

In Fig. 1, it shows a photographic pair and acoustic backscatter waveforms 
simultaneously obtained from a typical sample of seagrass species P. australis. The optical 
system is able to measure the seagrass’s canopy height if plant leaves are not too dense to 
obscure the substrates. Due to limitations of the field of view, the optical system was able 
to provide accurate evaluations for the acoustical recordings within limited ranges 
depending on water conditions. Through the examination of the images within the major 
lobes, acoustic data were classified into different classes representing different habitat 
types and different homogeneity conditions. The classified acoustic data set can then be 
used for supervised training and investigations of acoustic backscatter characteristics of 
each distinctive habitat type. 
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Fig. 1: A photographic pair and acoustic backscatter waveforms simultaneously 

obtained from a typical seagrass species P. australis. The circles in the images represent 
the -3 dB level boundary of the major lobe of the 38 (dash) and 200 (solid) kHz. 
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3. RESULTS 

3.1. Ranges detected by two frequencies 

By examining a small and bounded area assuming flat sea bottoms, investigation was 
made for the understanding of range detection abilities of the two frequencies. When the 
maximum level of the backscatter pulse is assigned as the indicator for the detection of the 
study targets, the detected ranges for sand bottoms and seagrass meadows at 38 and 200 
kHz are shown respectively in Fig. 2a and Fig. 2b. By comparing Fig. 2a and Fig. 2b, 
obviously the 38 kHz was comparably less sensitive than the 200 kHz to the existence of 
seagrasses on sea bottoms. This means that the 38 kHz is comparatively a more steady 
indicator than the 200 kHz for the bottom location no matter whether the bottoms are 
covered by seagrass or not. When pulse front instead of the maximum level is adopted, the 
detected ranges for the sand and seagrass classes at 200 kHz are further separated (see Fig. 
2c). The range difference measured between the maximum frequency values between the 
sand and seagrass in Fig. 2c is about 30 cm, which is quite close to the average canopy 
height of 25 cm observed by the optical system of the ESP project but a little less than the 
historical recordings between 35 and 45 cm observed by the biologists in the same area 
[8]. The range difference detected by the method proposed here is assigned as an effective 
estimate for the seagrass’s canopy height.   

However, it is unknown here for which frequency gives a better description than the 
other for the true sand bottoms. A true bottom should differ from the detected bottom by 
an offset number for each specific frequency. 

 

 
Fig. 2: Detected ranges by the location of (a) the maximum level at 38 kHz, (b) the 

maximum level at 200 kHz, and (c) the pulse front at 200 kHz for sand and seagrass. 
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3.2. Characterization of seagrass canopy height 

In the previous study [9], the EPW (effective pulse width) was found to be the best 
characterization parameter that can discriminate seagrass meadows from surrounding sand 
bottoms. When the EPW is used to characterize the data collected from a site in Owen 
Anchorage in 2005 and a boundary value is adopted to segment the acoustic echoes, a 
confusion matrix indicating the classification performance by the EPW parameter is 
provided in Table 1. 

By using the detected range difference between pulse fronts at the two frequencies as a 
measure for the seagrass canopy height after removing the sand’s average range difference 
between the two frequencies (0.17 m), a distribution of the sand and seagrass samples 
classified by the EPW parameter is provided in Fig. 3. 

 

                  Acoustics 
Optics Sand Seagrass 

Sand (155) 137 18 

Seagrass (3) 1 2 

Table 1: Confusion matrix of samples identified by optics and acoustics. 
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Fig. 3: Distributions of the sand and seagrass samples classified by the EPW 

parameter. The colours represent the detected range differences between the two 
frequencies after removing the sand’s average range difference (0.17 m). 
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4. CONCLUSIONS 

The method proposed here is able to describe the seagrass canopy height to a certain 
satisfactory level. Although the characterization parameter (EPW) was not able to entirely 
differentiate the acoustic backscatter from many habitat types involved in this study, it was 
able to distinguish simple habitat types of only sand and seagrass. The investigation results 
showed that the maximum level of the backscatter pulses at the two frequencies was not 
an appropriate reference point for the measure of the seagrass canopy height. Instead, the 
pulse front was found a better reference point than the maximum level that gave consistent 
results against the optical recordings and historical records. 
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Abstract: The interaction of underwater sound with seagrass prairies can effect sonar 
performance and mine hunting operations in shallow water. The acoustics of seagrass can 
also form the basis of a remote sensing mechanism for monitoring the health of estuarine 
and littoral ecosystems. Air-filled channels (aerenchyma) within the plants and air 
bubbles generated by the plants during photosynthesis dominate the acoustic behavior. In 
situ acoustic investigations of seagrass prairies have confirmed the acoustic dependence 
on plant density and photosynthetic activity for side scan sonar backscatter and 
propagation in the water column. The results of these investigations suggest a richness of 
exploitable phenomenon, but corresponding forward theoretical models have yet to 
appear. To begin to address this deficiency, low frequency (500–2500 Hz) acoustic 
laboratory experiments were conducted on three freshly collected Texas gulf coast 
seagrass species, Thalassia testudinum, Syringodium filiforme, and Halodule wrightii. A 
one-dimensional acoustic resonator technique was used to assess the biomass and 
effective acoustic properties of individual plants, leaves and rhizomes. Independent 
biomass and gas content estimates were obtained via microscopic cross-section imagery. 
The acoustic results were compared to model predictions based on Wood’s equation for a 
two-phase medium. We found that the effective sound speed in the plant-filled resonator 
was strongly dependent on plant biomass, but the Wood’s equation model (based on gas 
content alone) was not able to predict the effective sound speed. Our results corroborate 
previously published results obtained in situ for another seagrass species, Posidonia 
oceanica. 

Keywords: seagrass, acoustics, remote sensing, effective acoustic medium 
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1. INTRODUCTION 

The acoustics of seagrass is important in at least two areas. 1) Mine hunting and 
shallow water sonar performance is severely reduced in seagrass meadows. For example, 
McCarthy and Sabol [1] attempted to locate a Manta target simulator that was deployed in 
a meadow of Zostera marina using two commercial side scan sonars operating at both 
100 kHz and 500 kHz. Neither sonar was able to detect the target in numerous attempts. A 
hand-held mine hunting sonar was also deployed by divers and it could not detect the 
target either.  2) The condition of seagrass meadows is a marker for the health of marine 
and estuarine ecosystems in general. Acoustic remote sensing methods are under 
development to exploit this phenomenon [2]. 

Air-filled channels (aerenchyma) within the seagrass plants and air bubbles generated 
by the plants during photosynthesis dominate their acoustic behavior. Numerous studies 
have demonstrated and analyzed the acoustic effects associated with seagrass. A small 
sampling follows. Lyons and Abraham [3] studied the variation in seafloor reverberation 
level at 80 kHz in the presence of Posidonia oceanica near Sardinia and Sicily. Side scan 
sonar has been used extensively for imaging seagrass beds. Its use in the management of 
littoral ecosystems is discussed by Pasqualini [4]. An extensive comparison between 
seagrass mapping by side scan sonar and by aerial photography was conducted by 
Mulhearn [5]. Komatsu et al. [6] showed that plant-occupied volume can be extracted 
from the three-dimensional images produced by multi-beam side scan sonar. Finally, 
Hermand [2] has conducted extensive studies over the past decade on the acoustic remote 
sensing of seagrass photosynthesis. The technique relies upon monitoring the acoustic 
impulse response between two locations in a shallow water waveguide. Photosynthetic 
activity produces free gas in the water column which effects the local sound speed and 
hence the waveguide impulse response. 

In all of these applications, accurate forward models of acoustic propagation and 
scattering in and around seagrass beds are needed to 1) infer target and ecological 
parameters from acoustic sonar and remote sensing signals and 2) to improve and optimize 
acoustic image formation for mapping and target identification. As a first step toward the 
development of such forward models, we investigated the acoustic behavior of plant 
leaves and rhizomes as an effective medium dominated by plant air content. Low 
frequency (500-2500 Hz) laboratory experiments were conducted on three freshly 
collected species: Thalassia testudinum, Syringodium filiforme, and Halodule wrightii. 

A one-dimensional acoustic resonator technique was used to assess the biomass and 
effective acoustic properties of individual leaves and rhizomes. Independent biomass and 
gas content estimates were obtained via macro and microscopic tissue imagery. The 
acoustic results were compared to model predictions based on Wood’s equation [7] for a 
two-phase medium. The effective sound speed in the plant-filled resonator was strongly 
dependent on plant biomass, but the Wood’s equation model (based on gas content alone) 
was unable to describe the effective sound speed. Our results corroborate previously 
published results obtained in situ for another seagrass species, Posidonia oceanica [2]. 

2. LOW FREQUENCY ACOUSTIC RESPONSE AND PLANT BIOMASS 

Seagrass leaves and rhizomes contain internal air-filled channels (aerenchyma) [8] and 
during photosynthesis, gas bubbles produced by the plant are found attached to external 
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surfaces. This study was focused on the effects of the aerenchyma, hence the experiments 
were done in sufficiently low light conditions to prevent external bubble formation. We 
investigated the hypotheses that 1) the acoustic response is dominated by the air within the 
aerenchyma and 2) the plant tissue itself, when gas-free, has acoustic properties close to 
those of water. Under these assumptions, we considered the contents of the acoustic 
resonator (sea water and plants) to be an effective acoustic medium composed of a liquid 
seawater phase and a gas phase, as is done for air bubbles in water. 

The speed of sound in this medium is a strong function of the gas content, or void 
fraction, which is defined as  χ = Vgas/Vtot. The volume of gas in the aerenchyma is Vgas 
and the total volume of the resonator is Vtot. If the frequency of the acoustic excitation is 
well below the resonance frequency of the largest air cavity, then the effective medium 
sound speed is ceff is given by Wood’s equation [7] 

  

1
ceff

2 =
(1− χ)2

cl
2 +

χ 2

cg
2 + χ(1− χ)

ρg
2cg

2 + ρl
2cl

2

ρlρgcl
2cg

2 , (1)

where the subscripts   l  and g refer to the liquid and gas phases, respectively, ci is the 
intrinsic sound speed of phase i and ρi is the density of phase i. If assumptions 1) and 2) 
are true, then the sound speed observed inside the resonator should be directly related to 
the aerenchyma gas volume via Eq. (1) and also related to the plant biomass.  In this study, 
leaf and rhizome volume was used to represent the biomass. 

3. DESCRIPTION OF THE EXPERIMENT 

The one-dimensional acoustic resonator is shown in Fig. 1. The resonator tube was a 
transparent PVC Schedule 40 pipe of circular cross-section with 6.0 cm outer diameter, 
4.2 mm wall thickness and 0.401 m length L. It was filled with sea water from the Gulf of 
Mexico that had spent several hours in a settling tank. Hence the water was free from 
suspended particulates but otherwise natural. The salinity was 30 parts per thousand. Plant 
leaves or rhizomes were placed in the resonator, as shown in Fig. 1. Additional details 
about the plant tissue deployment are given below. The air-water interface at the top and a 
styrofoam block at the bottom provided pressure release acoustic boundary conditions to a 

Fig.1: The acoustic resonator and the supporting apparatus are shown. 
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high degree of approximation, as described in [9]. Acoustic standing waves were 
generated with a 3-cm diameter aluminium piston that was attached to an electro-
mechanical shaker via an aluminium stinger. Band-limited periodic chirps were produced 
by a vector signal analyzer (VSA) and directed to the shaker through a power amplifier. 
The source signal was also digitized by the VSA. The piston was positioned a few 
centimeters below the air-water interface. The acoustic pressure inside the resonator was 
received with a miniature hydrophone, positioned a few centimeters below the source. The 
received signals were band-pass filtered (10–10kHz), amplified with a charge amplifier 
and digitized by the VSA. According to the manufacturer specifications, the source 
velocity and receiver pressure responses were flat to within less than +/–1 dB in the 
experimental frequency range. 

Acoustic pressure spectra were then calculated onboard the VSA by way of a transfer 
function between the received acoustic pressure and the excitation signal using 20 spectral 
averages. This preserved the pressure magnitude and phase relative to the excitation signal 
and yielded the coherence function. The number of averages and the amplitude of the 
excitation were chosen to achieve a near-unity coherence function at all frequencies of 
interest, which guaranteed a high signal-to-noise ratio and insured linear behavior [10]. 
Peak pressures inside the resonator were typically less than 170 dB re 1µPa. 

Live plants were collected intact with sediment cores from the Gulf of Mexico near the 
Marine Science Institute (MSI) in Port Aransas, Texas and transported in sea water to 
MSI. The living plant cores were stored in transparent cylindrical chambers filled with sea 
water. The following will refer specifically to leaves, but the same procedure was used for 
rhizomes. The desired number of leaves (3 to 9 at a time) were removed from a plant by 
hand, cleaned of sediment in a sea water bath, and transferred to the acoustic apparatus. 
The acoustic pressure spectra were then obtained, as described above and the temperature 
of the resonator water was measured with a thermocouple. The leaves were removed from 
the resonator, laid flat on a table and photographed alongside a machinist’s scale. The 
surface area S of each leaf was measured using image analysis software. The thickness t 
was measured by imaging approximately 5 excised cross-sections from each leaf with a 
video microscope. The volume Vleaf of each leaf was then obtained from Vleaf = S × t , 
where t  is the mean thickness of each leaf. The leaf void fraction χ leaf = Vair /Vleaf  was 
obtained from image analysis of microscopic leaf cross-sections from the literature [11] 
and from video micrographs taken in our lab. 

4. ACCOUNTING FOR THE ELASTIC WAVEGUIDE EFFECT 

In a gas-filled acoustic resonator, the walls are effectively rigid. In a liquid-filled 
resonator, there is significant coupling between the fill-liquid and the resonator walls. The 
result is a reduced sound speed relative to that observed in an unconfined environment. 
This effect is hereafter referred to as the elastic waveguide effect. An exact analytic model 
[12] for sound propagation in a finite-thickness elastic-walled, fluid-filled cylindrical tube 
was used to relate the speeds observed in the resonator to the intrinsic sound speed the 
material would exhibit in an unconfined environment. This procedure (and its validity) is 
discussed in [9] and summarized here. Equation A1 of [9] is the dispersion relation for the 
resonator waveguide. The intrinsic (unconfined) sound speed c0 of the material that fills 
the resonator is an input parameter to Eq. A1. The phase speed cph of the resonator’s plane 
wave mode is an output. The resonator measurements described here yield the effective 
phase speed ceff observed inside the resonator. The intrinsic sound speed c0 is then varied 
in Eq. A1 until the model output cph matches the measured value ceff. The value of c0 that 
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achieves the match is reported as the effective sound speed that the material inside the 
resonator (sea water and plants) would exhibit in the ocean. 

The physical parameters used in the elastic waveguide model (Eq. Al, Ref. [9]) are 
given in Table 1. The sound speeds for the tube walls were initially taken from the PVC 
manufacturer’s specifications, but the similar values that were ultimately used (and 
reported in Table 1) were obtained via a calibration procedure that utilized filtered 
degassed fresh water.  With the internal liquid properties known, and the wall density also 
known, the calibration procedure was used to find the correct wall material sound speeds. 

 
sea water properties      air properties   

sound speed (m/s) density (kg/m3) temp. (oC)   sound speed (m/s) density (kg/m3) 

cl = 1517 ρl = 1020.9 20.5   cg = 314.9 ρg = 1.21 

PVC properties      resonator wall radii   
longitudinal sound 

speed (m/s) ratio of Poisson wall material 
density (kg/m3)   inner (m) outer (m) 

cl = 2030 v = 0.38 ρw = 1330  b = 0.0258 d = 0.0306 

Table 1: Resonator physical properties used in the evaluation of the elastic waveguide 
model discussed in Sec. 4. The resonator tube material was Schedule 40 PVC pipe. 

5. RESULTS 

A typical spectrum from the resonator, obtained with three thalassia leaves, is shown in 
Fig. 2-(a). Four resonance frequencies are identified. The effective sound speed ceff inside 
the water-and-leaf-filled resonator is inferred from the slope of the curve in Fig. 2-(b), 
which is the least-squares linear fit to the measured resonance frequencies. The n-th 
resonance frequency is given by fn = (ceff /2L)n  and L = 0.401 m is the length of the water 
column inside the resonator.  The effect of adding more thalassia leaves is shown in Fig. 3.  
The four curves are for zero, three, six and nine leaves. The resonance frequencies shift to 
lower values as the biomass increases (which indicates a lower effective sound speed) and 
clearly demonstrates that seagrass biomass is directly correlated to an acoustic parameter 
suitable for remote sensing. The resonator sound speeds ceff inferred from the resonance 

Fig.2: A typical resonator spectrum is shown in (a) for three thalassia leaves. Four 
resonance peaks are identified and the resulting best-fit sound speed is shown in (b). 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

387



 

frequencies are shown in Table 2, along with the free field sound speeds (after correction 
for the elastic waveguide effect) and the total void fraction inside the resonator 
χ = Vair/Vtot. 

 

n, num. 
of leaves 

resonator sound 
speed ceff (m/s) 

free field 
sound speed  

co (m/s) 

acoustic reson-
ator void fraction 

χ = Vair/Vtot 
 

leaf void fractions 
0 422 1516 0  acoustic image 
3 411 1176 3.39E-05   χleaf,a    χleaf 
6 396 909 9.12E-05  0.034 0.23 
9 393 874 1.03E-04    
           

n, num-
ber of 

rhizomes 

resonator sound 
speed ceff (m/s) 

free field 
sound speed  

co (m/s) 

acoustic 
resonator void 
fraction Vair/Vtot 

 rhizome void 
fractions 

  

0 421 1517 0  acoustic image 
3 409 1022 6.13E-05   χrhiz,a    χrhiz 
6 402 918 8.84E-05  0.047 0.13 

Table 2: The measured resonator sound speeds and the associated free field sound speeds 
and void fractions are shown along with the acoustic and image-based leaf void fractions. 

 
The image-based biomass measurements for thalassia are shown in Fig. 4, where the 

resonator volume fractions occupied by the leaves (Vleaves/Vtot) and rhizomes (Vrhiz/Vtot) are 
shown on the vertical axes of Fig. 4 (a) and (b), respectively. The following refers to the 
leaf measurements, but the same procedure was used for the rhizomes. The image-based 
biomass is compared to the acoustic-based biomass measurement with 

Vleaves(n)
Vtot acoustic

=
Vair(n)

Vtot

1
χ leaf,a

=
χ(n)
χ leaf,a

, (2)

where χleaf,a is the apparent leaf void fraction observed acoustically, based on our previous 
hypotheses 1) and 2) in Sec. 2, and n is the  number of leaves. Equation 2 is plotted in 
Fig. 4 using the least-squares best-fit value of χleaf,a that achieves agreement between the 
image- and acoustic- based biomass measurements. These best-fit values of χleaf,a are 

Fig.3: The effect of increasing plant biomass on the resonator spectrum is shown. 
Spectra with zero, three, six and nine thalassia leaves are shown. The resonance 
frequencies shift to lower values as the biomass increases. 
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presented in Table 2. Independent leaf and rhizome void fractions were obtained from 
microscopic image analysis shown if Fig. 5 and the results are also presented in Table 2. 
We find that the acoustic-based leaf and rhizome void fractions are 6.7 and 2.8 times 
smaller than the image-based void fractions. Since the image-based void fractions are 
from direct observations of the plant structure we take them to be the best estimate of the 
actual plant void fraction. We therefore conclude that hypotheses 1) and 2) are incorrect. 
Wood’s equation is insufficient and therefore the acoustic response of seagrass is 
dependent upon both gas content and the tissue acoustic properties. This corroborates a 
similar result Hermand [2] found in situ for Posidonia oceanicus. s 

6. CONCLUSIONS 

The low frequency acoustic properties of seagrass leaves and rhizomes were 
investigated using an acoustic resonator technique and image-based biomass 
measurements. In addition to the thalassia results presented above, the acoustic procedure 
was performed on two other species, halodule and syringodium. We found that the 
acoustic contrast of plant leaves is proportional to the biomass. The effective sound speed 
decreases as the number of leaves increases. The change in sound speed is less for 
physically smaller leaf species (halodule < syringodium < thalassia). Gas content is clearly 
important, but the acoustic response of the leaf tissue must be considered in the 
development of acoustic models. The same conclusions apply to the rhizomes, and in 
addition, the rhizomes have greater acoustic contrast than an equivalent volume of leaves. 

Fig.5: A microscopic cross section of a thalassia leaf (left) and rhizome (right) is 
shown along with the results of the image analysis. Since the cross-sections are 
nearly uniform perpendicular to the plane of the image, the void fraction is pore 
area/total area. Leaf section adapted from [11]. 

Fig.4: The image-based biomass measurements are compared to the acoustic-based 
biomass measurements as a function of the number of leaves and rhizomes in the 
resonator. The vertical axis is total volume fraction Vi /Vtot, (i = leaves or rhizomes). 

(a) (b) 
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Abstract: The paper presents an example of acoustical techniques use to detect and 
monitor underwater vegetation meadows. The data, collected with down-looking 
BioSonics echosounder, were used to develop a more efficient method of tracking, 
detection and measurement of vegetation canopy height in the Puck Bay. To distinguish 
bare sea floor from underwater meadows, classification method based on wavelet 
decomposition of consecutive echoes and computation of their wavelet energies as an 
input to the fuzzy clustering segmentation system was developed. In the study, some 
difficulties have been pointed out that may degrade the performance of detection 
algorithms. Rapid changes in the water depth or the meadow height or density may 
influence the accuracy of presented algorithms. Another source of difficulties is the 
presence of Pilayella littoralis algae inside of the grass canopies. The other task of this 
study is comparison of echo signal parameters registered during the day and at night in 
the same acoustical sections. Differences in histograms of wavelet energy of echo signals 
confirm the hypothesis about the influence of gas bubbles produced by vegetations during 
the active phases of photosynthesis upon the form and intensity of backscattered signals. 
 
Keywords: sea grass, single beam echosounder, echo parametrical analysis 
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1. INTRODUCTION 

Acoustical methods have been effectively used for the purpose of monitoring 
underwater sea-grass meadows of euphotic zones of the Ocean [1]. Proposed techniques 
help in the process of the remote sensing detection of vegetation presence, measurements 
of canopy height and consequently their biomass estimation. The use of the optical remote 
sensing methods based on the airplane and satellite photography of underwater meadows 
is often difficult because of low sea water transparency caused by suspensions. Acoustical 
monitoring is of particular importance in the eutrophicated Gulf of Gdansk which used to 
be one of the biologically richest areas of the southern Baltic in particular before the 
1970s. After 1970s the state of the meadows due to pollution drastically changed and a 
rapid decrease of the species diversity and their spatial extension had been observed. Since 
1990s a reborning tendency is observed as the consequence of pollution reduction. The 
environmental inspection of the revitalisation process requires suitable and not expensive 
monitoring techniques, which are no time consuming in research of big areas of the 
bottom covered by vegetation. Such challenging requirements are fulfilled by the 
hydroacoustical technique, being useful in the assessment of the recovery of the vegetation 
and the success of the re-seeding efforts in the Gulf of Gdansk. 

 
 

 
 

Fig. 1: Map of southern Baltic Sea and localisation of study areas of underwater 
meadows in Gulf of Gdansk. 

 
The pilot study of vegetation presence was conducted in the shallow water of the Puck 

Bay which constitutes the western part of the Gulf of Gdansk. The study area (500×500 m² 
sector of the northern part of the outer Puck Bay) is characterised by some specific 
features, which influence and limit of using of the hydroacoustical methods. The 
ecosystem of the underwater meadows of Puck Bay is an eutrophicated area, characterised 
by the presence of the brown filamentous algae, Pilayella sp. These algae are drifting 
inside water body attaching to and covering the sea grass canopies (see Fig. 2.b). 
Acoustical features of meadows covered by algae are strongly transformed by gas bubbles 
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produced and trapped by vegetations. The other significant element of meadows 
environment are sessile organisms, which are attached to the plant stems and blades (see 
Fig. 2.c) or fishes swimming inside the vegetation canopy. The organisms strongly 
influence conditions of signal scattering. The other complexity of the acoustical studies in 
the Puck Bay area was the multispecies character of the underwater meadows, where the 
species composition of most patches was relatively composite. Zostera marina, 
Zannichellia sp., Potamogeton sp. and Chara sp. were dominant species but a few mono-
specific meadows were also found. 

 
 a)        b)            c) 

   

Fig. 2: Example of Zostera marina a), brown filamentous algae (Pilayella sp.) b) and 
“acoustically hard” sessile organisms c). 

2. MEASUREMENT SYSTEM 
 
The monitoring of Puck Bay was conducted from board of a small survey boat 

equipped with a voltage generator and the DGPS Trimble SE4000 navigation system (with 
the repetition frequency - 1 Hz). The horizontal precision was approximately between 0.3 
and 1 m. The acoustical measurements were performed using a side scan sonar EdgeTech 
DF-1000 working at frequencies of 100 kHz and 390 kHz and a Biosonics dual-beam 
echosounder, aimed vertically downward, working on frequency of 208 kHz with 6-degree 
beamwidth. The echosounder emitted pulses of 0.1 ms duration at the rate of 1/8 Hz. The 
envelope of the backscattered signals was sampled at 41.67 samples/sec. Moreover, the 
standard biological proximity techniques were employed as an underwater video recording 
performed both by a diver and a camera attached to the boat, the diver observations and 
biological sampling. This study was done in order to observe the density and the 
distribution of the underwater meadows, to identify their species composition and to 
estimate the biomass and the plant parameters (blade length and tilt angle). 

3. ECHO PARAMETRICAL ANALISIS - RESULTS AND DISCUSSION 
 

The echo envelopes recorded in the area of a bare sand bottom and a bottom 
covered by vegetation are significant different (see Fig. 3). Especially the echo duration is 
much longer for pulses scattered at the vegetation and the shape of consecutive signals is 
much more undulated than for signals scattered at the bare sandy bottom. These 
distinctions should be reflected in the values of parameters describing the shape of the 
echoes and their spectral characteristics. In our previous studies we tested a large set of 
different echo envelope parameters, such as spectral, fractal and statistical parameters [2]. 
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Fig.3: Echo envelopes of signals scattered at sandy bottom covered with Zostera marina 

a), bare sandy bottom b) 
 

In this study we chose wavelet energy parameters, particularly effective in the 
segmentation and classification procedures. At the pre-processing stage of parameter 
computation, the  algorithm calculated the acoustic intensity gravity center of consecutive 
echoes, which time position tgc - can be defined  as: 
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where: i is number of echo sample, tΔ  - the sampling rate, pi - the acoustic pressure value 
sampled at the time ti , N - number of echo samples. Because of signal distortion caused by 
the second echo or signals backscattered from objects drifting in the water body, the 
processed signals were shortened to a series of few tens of samples with the center in tgc. 
In the next step, the continuous wavelet transform of truncated echoes were performed. In 
our computations we applied a 7-channel dyadic decomposition (the scale a=2n, n=1...7) 
and using the 7th-order Daubechies wavelet. The sum of wavelet transformation 
coefficients C corresponds to the energy of the wavelet of the chosen scaling parameter a: 

( )∫=
maxb

wav,j bb,aCE
0

2 d
 

(2)

 
where bmax is the maximal value of scaling parameter b.   

The examples of a spatial distribution in the area of the echo wavelet energies of 
1st and 7th levels are shown in Figs. 4.a and 4.b (records from September of 2001). The 
green patches correspond to echoes from bottom covered by vegetation, where yellow 
patches - from bare, sandy bottom. The energy scale has 5 levels, where intensity of green 
color represents the probability of the vegetation coverage. The echo wavelet energy of the 
7th level, Ewav7 (a=27), is much more distinctive in vegetations separation than energy of 
the first level, Ewav1 (a=21). The precise separation between the bare sea floor and 
underwater meadows were made using wavelet energies as an input to the fuzzy clustering 
segmentation system (FCM). The product of this automated procedure is the map of 
spatial distribution of vegetation in the investigated area. The quality of the procedure was 
confirmed by the analysis of side scan sonar images and comparison with the automated 
procedure results. 
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Fig. 4: The examples of spatial distribution of the echo wavelet energies of 1st level a), 
7th level b) and result of segmentation FCM algorithm distinguishing between sandy bare 

bottom (yellow patches) and bottom covered by vegetation (green patches) c). 
 

In the middle of the research polygon, a transect line was chosen, where the acoustical 
records were made repeatedly during the day and the night time. The aim of this 
experiment was to prove the hypothesis about influence of gas bubbles produced by 
vegetations during the day on the shape and energy of backscattered signals [3]. From the 
set of echoes along the chosen transect, echoes returned from two sea grass shrubberies 
were separated - the same quantity of echoes recorded at day and night. A 7-channel 
dyadic wavelet decomposition and wavelet energy computation were applied for chosen 
echoes as described above. Results of computation are presented as histograms of wavelet 
energy of echo envelopes registered at night and day. The histograms of echo wavelet 
energy of 1st, 4th and 7th levels are presented in Fig. 5, where top histograms present 
results of day registration and bottom ones - night registration. There are well noticeable 
differences between levels of wavelet energy in the compared groups. The wavelet 
energies registered during the day are higher than energies registered during the night. 
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Fig. 5: Histograms of wavelet energy of echo pulses computed for the same acoustical 
transects recorded during the day (top pictures) and during the night (bottom pictures).  

 
 The tails of E1 and especially E4 histograms are definitely longer during daytime. The E7 
parameter appears to be the most sensitive with the day and night histograms being totally 
different in magnitude and shape. This behaviour is observed in all analysed histograms 
and confirms the initial hypothesis.  

4. Summary 

A parametric approach has been applied to analyse backscattered echo data collected 
in Puck Bay. In our approach specific parameters of wavelet energy were identified as 
significantly differentiating factors for echoes discrimination between the vegetation and 
the bare bottom. The estimation of these parameters is important not only as an additional 
test in the bottom detection algorithm, but it can be useful in the improvement of the 
understanding of backscattering by underwater vegetation and in the development of 
species identification algorithms. The differences in the wavelet energy of echo signals 
recorded during the day and night confirm the hypothesis about a diurnal changes in 
vegetation scattering properties. 
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Abstract: Scanning Laser Doppler Vibrometers provide a convenient method of 
measuring the magnitude and phase of the surface velocity of transducers operating in 
water at frequencies of hundreds of kilohertz.  This optical approach is relatively rapid 
and non-perturbing with a good spatial resolution.  In addition to directly characterising 
the vibrational behaviour of the transducer this metod provides two-dimensional data that 
can be numerically propagated to predict the entire pressure field of the transducer.  The 
approach is illustrated for a number of transducers over a frequency range from 100 kHz 
to 500 kHz, with a commercial scanning vibrometer being used to measure the devices 
with a spatial resolution of better than half an acoustic wavelength.  The surface velocity 
data is used to predict the acoustic field at various ranges and the results are shown to be 
in generally very good agreement with a range of field measurements obtained by 
hydrophone scanning.  An added advantage of this approach is that for high drive levels 
the optical data can potentially be used as the basis of the input to a nonlinear 
propagation code, based on the Khokhlov-Zabolotskaya-Kuznetsov (KZK) equation, to 
predict the nonlinear propagation and resulting additional attenuation.   

Keywords: Sonar calibration, Optical measurement, LDV, Nonlinear propagation 

1. INTRODUCTION  

Higher frequency sonar transducers are conventionally characterised by making 
measurements with hydrophones.  For large aperture devices this may require a significant 
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experimental facility in order to reach the far-field, and even then the measurements may 
not be made at the operational range.  It is now possible to consider alternative optical 
techniques for characterising fields, such as the use of Laser Doppler Vibrometers 
(LDVs).  For example, an LDV can be used to measure the movement of a thin membrane 
(pellicle) in the field [1] or used to measure the field by means of the acousto-optic effect 
[2].  Alternatively, the velocity of the transducer front face may be measured directly, and 
the 2-D data propagated numerically to predict the acoustic field [3].  This numerical 
propagation of 2-D scans has already been demonstrated successfully using hydrophone 
scans of pressure for high frequency sonar transducers [3,4] and high frequency ultrasound 
transducers [5].  This approach, using surface velocity measurement and subsequent 
numerical propagation, also enables devices with large near-field regions to be calibrated 
in small laboratory tanks where it is otherwise difficult.   

However, the method assumes that the acoustic propagation process is linear. For high 
drive levels and frequencies this is not necessarily a valid assumption [6,7].  As a result 
energy may be lost from the fundamental frequency in to the harmonics, giving rise to an 
effectively lower source level than might be expected from linear extrapolation of near-
field hydrophone measurements [8,9] or propagation from near-field scans.  However, it is 
possible to use nonlinear numerical models developed for modelling medical ultrasound 
transducers to account for this nonlinear propagation.   

In this paper, the use of 2-D scanning of ultrasonic transducer vibration and the 
subsequent numerical propagation to predict the whole field is investigated in order to 
study the potential of the technique for sonar transducers.  The possible use of Finite 
Difference (FD) nonlinear models to account for nonlinear propagation is also considered. 

2. NUMERICAL PROPAGATION 

Consider a planar transducer, surrounded by a rigid baffle, that lies in the source plane 
r′(x′, y′, 0).  If the normal particle velocity ( )0,, yxw ′′&  is known over the transducer face 
then the pressure p(x, y, z) at a field point r(x, y, z) can be calculated, assuming linear 
propagation, using the Rayleigh integral:  

∫ ∫
∞

∞−

∞

∞−

′−

′′
′−

′′−
= ydxdeyxwckizyxp

ik

rr

rr

)0,,(
2

),,( 0 &
π
ρ  

(1)

where ρ0 is the water density, c is the speed of sound and k the wavenumber corresponding 
to the wavelength in the medium.  An alternative approach is to take the 2-D Fourier 
transform of the normal velocity to obtain the velocity spectrum )0,,( yx kkW&  in the source 
plane: 

( )∫ ∫
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where kx and ky are the x and y components of the k vector.  Then the Fourier transform of 
the pressure in the observation plane ),,( zkkP yx at z is given by [10]: 

2220 where)exp()0,,(),,( yxzzyx
z
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(3),(4)

Hence the pressure p can be obtained via the inverse Fourier transform: 
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For transducers with dimensions much larger than a wavelength the velocity spectrum 
will be narrow in k space so that for all k values of significance kz ≈ k simplifying the 
calculation of Equation (5). 

In practice, the surface velocity is only measured over a limited region of the (x′, y′, 0) 
plane.  Thus, if using FFT approach, it is necessary to increase the array size by zero 
padding the measured data to reduce the interference effect resulting from the use of a 
finite aperture.  The far-field behaviour can alternatively be obtained from the plane wave 
spectrum itself (Equation (3)) [10]. 

The above approach assumes that the acoustic propagation is a linear process.  In fact 
acoustic propagation is fundamentally nonlinear and for high amplitude fields nonlinear 
propagation effects can be significant [6,7].  This results in energy being transferred from 
the fundamental frequency of the wave in to its harmonics as the wave propagates, 
producing an additional nonlinear attenuation. If this effect is neglected then near-field 
measurements of acoustic output may overestimate far-field levels.  In order to predict 
nonlinear propagation for real devices it is necessary to use an appropriate finite amplitude 
propagation model.  Typically these solve the Khokhlov–Zabolotskaya–Kuznetsov (KZK) 
equation, which is a nonlinear parabolic equation that consistently accounts for 
nonlinearity and diffraction in sound beams [11]. The parabolic approximation assumes 
that the energy propagates in a fairly narrow beam and is therefore valid for acoustic 
sources that are many wavelengths across.  For this paper the KZK equation was solved in 
the frequency domain using a finite difference scheme that was a development of the 
Bergen code [12]; this approach has been used successfully to model finite amplitude 
fields of both planar and focused transducers [13].  

3. EXPERIMENT 

The measurements reported here were performed on two transducers described in 
Table 1.  These were chosen because their near-field regions extended to significant 
distances; however, their near-field to far-field transitions were still accessible within the 
5.5 m diameter large open tank at NPL in order to validate the predictions.  

Optical scans of the transducer were undertaken using a Polytec PSV-300 scanning 
vibrometer, consisting of an OFV 056 scanning head and a PSV-Z-040-F control unit.  
The vibrometer scans the laser beam over a grid of user defined positions on a surface and 
measures the normal component of the surface velocity by measuring the Doppler shift of 
the reflected laser light.  The scanning process is achieved within the LDV by mirrors that 
are aligned by the use of computer-controlled stepper motors. 

 

Name Dimensions 
[mm] 

Frequency 
[kHz] 

Description 

A 200 diameter 500 Flat circular 1-3 composite array 
B 150 diameter 320 Circular single element piston 

Table 1: Transducers characterised during the work described in this paper. 
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Fig. 1:  Experimental arrangement for measuring transducer surface velocity using the  

LDV. 

The vibrometer was positioned 0.834 m outside a small open tank (2 m x 1.5 m x 
1.5 m), with the optical beam entering the tank via a glass window (see Fig. 1).  The 
transducer was positioned 0.58 m from the window, providing a total optical stand-off 
distance of around 1.6 m assuming a refractive index of 1.33 for water.  The vibrometer 
provided a measurement range of ±250 mm s-1 and a measurement bandwidth of 1.5 MHz.   

The transducers were driven with a tone-burst of appropriate frequency with a duration 
of more than 200 μs.  The tone-bursts were produced by a HP33120A arbitrary waveform 
generator and an electronic gating unit, and amplified by a 50 dB ENI 240L power 
amplifier.  The vibrometer scan was synchronised with the function generator which 
allowed 5 averages to be performed by the vibrometer for each scan point.  The output of 
the vibrometer was then band-pass filtered to isolate the frequency of interest.  For each 
frequency, a spatial scan resolution of approximately 1 mm was used and the total scan 
angle never exceeded 7.5°. 

In interpreting the LDV output it is necessary to also consider the effect of the acoustic 
wavefield, through which the laser beam propagates, on the phase of the optical beam via 
the acousto-optic effect.  For the case of an acoustic plane wave propagating parallel to the 
laser beam it can be shown that the effect can be accounted for by replacing the refractive 
index of water with an effective refractive index [14].  A more extensive analysis [15] 
indicates how this can effect can be allowed for in general.  

The field measurements were made in a large, open, wooden test tank, 5.5 m in 
diameter and 5 m deep. The scans were automated using a computer-controlled 
positioning system; more comprehensive details of the measurement arrangement are 
given in [4].  Longer range field measurements were made at the NPL Wraysbury facility. 

4. RESULTS 

An idea of the capability of the LDV system can be obtained by comparing the 
optically measured data with that obtained by conventional near-field scanning with a 
small (Reson TC4035) hydrophone.  Fig. 2(a) shows the normalised magnitude of the 
surface velocity measurements obtained for transducer B.  These are compared with a scan 
made at 10 mm from the transducer face by scanning the hydrophone under computer 
control (Fig. 2(b)).  In both cases the plots are scaled to the maximum amplitude.  The 
transducer has four circular “defects” about 20 mm in diameter that can be identified in 
both plots.  The excellent agreement between the measured optical and acoustic data is 
apparent, especially in terms of the size and position of the defects.  It should be noted that 
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the optical data takes significantly less time to obtain than the hydrophone scan data.  In 
addition the LDV measures the relative phase of the surface velocity as function of 
position as is required to calculate the velocity spectrum (Equation (2)).   

 
(a) 

 

(b) 

 
Fig. 2: Results for transducer B showing: (a) direct measurement of the surface velocity 

amplitude using scanning laser vibrometry (linear scale) and (b) pressure amplitude 
measured at 10 mm from the transducer face. 

 
(a) 

 

(b) 

 
Fig. 3: Results for transducer A at 3.34m and 500 kHz showing: (a) pressure amplitude 

(on a dB scale) calculated by forward propagating LDV surface scan data; and (b) direct 
hydrophone measurement of the field (on dB scale). 

The result of propagating LDV data by taking the velocity spectrum, calculating the 
pressure spectrum at a distance and then calculating the pressure distribution using the 
inverse FFT is shown in Fig. 3(a) for transducer A.  This shows the magnitude of the field 
in the transverse xy-plane at a range of z = 3.34 m on a dB scale, normalised to the 
maximum value.  For comparison Fig. 3(b) shows data obtained conventionally at 3.34 m 
by scanning a hydrophone and plotting the normalised results on the same 0 to -40 dB 
range.  The excellent agreement should be noted.  Similar results for Transducer B at 
320 kHz are shown in Fig. 4 with the optical data having been propagated numerically to 
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4.00 m range.  Once again very good agreement is obtained with the conventional results 
measured by scanning a hydrophone. 
 
(a) 

 

(b) 

 
Fig. 4: Results for transducer B at 4.00 m and 320 kHz showing: (a) pressure 

amplitude (on a dB scale) calculated by forward propagating LDV surface scan data 
(Fig. 2); and (b) direct hydrophone measurement of the field (on dB scale). 

Fig. 5(a) shows a quantitative comparison of the numerically propagated and measured 
beam-plots in the y = 0 plane for Transducer A at 3.34 m. Good agreement is shown 
between the measured beam profile and the predicted profile generated by forward 
propagating the optical data. The main lobe is reproduced very well, but some departures 
are evident in the side lobes. These can be attributed, in part, to the fact that the transducer 
had to be transferred to the larger tank to make the 3.34 m measurements, making it 
difficult to ensure consistency of vertical alignment between the measurements in different 
tanks.  A similar comparison for a range of 24.4 metres is shown in Fig 5(b). 
 
(a) 

 

(b) 

 
 

Fig. 5: Measured beam plots for Transducer A at 500 kHz: (a) at 3.34 m and (b) 
24.4 m.  Measurements are compared with the results predicted by linear propagation of 

the LDV scan data. 

The numerical propagation of the field using Equations (1) or (2) to (5) assumes that 
the acoustic propagation is linear; for high amplitude fields the nonlinear effects are likely 
to be significant.  In order to quantify this effect numerical predictions have been 
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performed for an ideal transducer based on transducer B, of radius 0.075m with a uniform 
excitation across its face, using an axisymmetric version of the Bergen Code.  The average 
pressure at the transducer face was assumed to be 100 kPa.  Fig. 6(a) shows the variation 
of the fundamental, second and third harmonics as a function of range along the axis in 
fresh water.  This shows the build up of the harmonics around the last axial maximum at 
around 1.5 m.  In order to show the effect of the nonlinearity on the primary level the axial 
value has been normalised by that which would be obtained in the absence of nonlinearity.  
The resulting excess attenuation of the primary as a result of nonlinear propagation is 
shown in Fig. 6(b); a significant attenuation in excess of 4 dB can be obtained for a source 
pressure of 100 kPa.  Clearly the use of linear propagation may result in an overestimate 
of the source level in this case. 

It is in principle possible to use the optical data as input to a full 3-D nonlinear code.  
This will tend to be very time consuming to run, especially for long ranges.  An alternative 
approach that may be sensible for reasonably well behaved circular transducers is to 
extract the circularly symmetric component of the excitation (from Fig. 2(a)) and use this 
as the input to the code. 
 
(a) 
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Fig. 6: (a) Predicted axial variation of normalised fundamental, second and third 

harmonic amplitudes for an ideal circular transducer based on transducer B (average 
pressure at the face of 100 kPa). (b) Relative primary level compared with linear 

propagation (the additional attenuation) is plotted for average source pressures of 100 
and 150 kPa.   

5. CONCLUSIONS 

The agreement shown in Fig. 2 clearly indicates that the optical technique can be used 
to obtain complex-valued two-dimensional scan data of transducer (normal) velocity 
equivalent to that obtained for pressure by hydrophone scanning.  The optical data may 
also be used as the input to a linear propagation model to derive the pressure field at other 
distances.  The optical approach has the potential advantages over hydrophone scans of 
being non-perturbing, higher resolution and faster.   

For higher drive levels nonlinear propagation may be significant and the linear 
propagation assumption will break down, resulting in source level at a distance being 
overestimated.  This effect can be characterised using nonlinear FD propagation codes.  
The combination of optical measurement and nonlinear numerical propagation therefore 
has the potential to fully predict high frequency, high amplitude sonar fields. This opens 
up the exciting possibility that the whole field of a transducer may be characterised by 
measuring the transducer vibration using optical techniques.  
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Abstract: In this paper, the traditional method for calibrating phase response of hydrophones 
is reviewed first, then a novel technique is introduced which uses a laser interferometer to get 
the plural sensitivity of the measured hydrophone, and the experimental system using the 
optical method is described. Finally, plural sensitivities of different hydrophones are 
calibrated in the frequency range 10kHz to 400kHz, it is found that for a ball hydrophone, the 
optical method can give results in good agreement with the theoretical data below its first 
resonant frequency.  

Keywords: Plural sensitivity, Calibration, Hydrophone 
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1. INTRODUCTION  

Optical interferometry has been applied for calibrating hydrophones in the frequency 
range 0.5 to 15MHz for many years with very small uncertainties [1], and this method has 
been developed to calibrate hydrophones down to a few kilohertz recently [2], [3]. As a non-
perturbing means, the optical method can be used to measure phase response of a hydrophone 
accurately.  

Phase calibration of underwater acoustic hydrophone has been carried out in USRD many 
years ago [4], the calibration procedure was an extension of the conventional three-transducer 
reciprocity calibration to include phase. A special framework was constructed to position the 
projector, hydrophone and reciprocal transducer in a straight line, in this way, final results for 
the phase will no longer be dependent on the distance between transducers and the sound 
speed of water. Needless to say, such a framework needs to be designed specifically and 
maintained carefully. 

In Hangzhou Applied Acoustic Research Institute (HAARI), an experimental system was 
built up in which an optical vibrometer was used to measure phase responses of hydrophones. 
Test has been carried out for different hydrophones and results were acquired and analysed. 
In this paper, the principle of measurement using optical method is described, the 
experimental system is introduced and measurement results are given, these results verify that 
the optical method can be used to measure phase response of hydrophone with very high 
accuracy.  

2. THE PRINCIPLE OF MEASUREMENT 

The block diagram of the optical calibration system is shown in Fig.1. A water tank is 
used for carrying out the measurement, to achieve a free-field environment, the electronic 
gating techniques is used to isolate the direct path signal from the transmitted and reflected 
signals. The tone burst signal is produced by a function generator and is radiated into water 
media through a projector. To measure the particle velocity, a pellicle is placed into the 
acoustic field and it will follow the movement of the acoustic wave, the velocity u on the 
membrane is measured using a Laser Doppler Vibrometer. The steady-state region of the 
direct path signal is analysed with a digitising oscilloscope after passing through a 
preamplifier and a filter, the calibrated hydrophone is put into the acoustic field and its 
reference centre is located at the same position where the particle velocity has been 
measured. With a switch, the output voltage of the hydrophone eoc is measured with the same 
measurement channel. To get the plural sensitivity of a hydrophone, both the velocity and the 
output voltage are measured in amplitude and phase.  

For the plane wave, acoustic pressure can be calculated from the particle velocity of water 
medium u(x,t) as 

cup ρ=  (1)
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Since the velocity v detected by a vibrometer is related to the particle velocity u and the 
‘effective’ refractive index n* as unv *2−= , the acoustic pressure produced by a projector 
can be expressed as 

1
0*2*2

φρρ iev
n
cv

n
cp −=−=  (2)

If the output voltage of the hydrophone can be expressed as  2
0

φi
oc eAe = , then, the free-

field sensitivity of a hydrophone can be determined as  

)(

0

0 12
*2 πφφ

ρ
+−= ie

cv
AnM  (3)

Equation (3) indicates that the plural sensitivity of a hydrophone can be determined after 
the output voltage from the hydrophone and the velocity from a vibrometer are acquired. 
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Fig. 1: The block diagram of the optical calibration system 

3. THE MEASUREMENT FACILITY  

To measure plural sensitivities of hydrophones, a water tank was designed and 
manufactured in HAARI, which is 1.5m in length, 1.0m in diameter. An optical 
interferometer (CLV1000) was fixed on one end of the tank and its laser beam enters water 
tank through a glass window on the wall of the tank (See Fig. 2). A strip of PVC pellicle with 
a width of 4 mm and a thickness of 20 μm is used as reflective membrane. The pellicle is 
clamped on a holder and immerged into the tank vertically, the laser beam meets the pellicle 
and is reflected back to the vibrometer. Projector is put into the tank from the positioning 
system on the top of the water tank. After particle velocities are measured, the pellicle is 
moved aside and the hydrophone is put into the acoustic field. An optical magnifier is 
installed on the wall of the tank, with a crosshairs in its viewfinder, the position of the pellicle 
will be indicated so that the reference centre of the measured hydrophone can be put at the 
same position as in the velocity measurement, and the disagreement in positioning can be 
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controlled less than 0.05mm, which will cause a uncertainty of 4.8° in the phase measurement 
at 400kHz.  

 
Vibrometer 

Pellice

Projector 

 

Fig.2: The tank facility for measuring plural sensitivity using the optical method 

4. EXPERIMENT RESULTS  

Different kinds of hydrophones are measured and results are shown in Fig.3, Fig.4, Fig.5 
and Fig. 6. To validate the optical method, three kinds of ball hydrophones with diameter of 
30mm, 20mm and 10mm are measured first and their phases are compared with the 
theoretical data acquired from the equation [4]:  

)(tan 1 kaka −−=φ  (4)

Where a is the radius of the active element in the hydrophone. It is found that the measured 
values are in good agreement with the theoretical data below their resonant frequencies.  

Also, the plural sensitivity a B&K 8103 hydrophone was measured in the frequency range 
10kHz to 400kHz, results are shown in Fig.6. This kind of hydrophone is made of cylindrical 
element with a diameter 7mm, two resonant frequencies are included in the measured range, 
its phase response gives two peaks around frequencies 100kHz and 240kHz correspondingly.  
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3: Sensitivity(left) and phase response(right) of a 30mm ball hydrophone 
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Fig. 4: Sensitivity (left) and Phase response(right) of a 20mm ball hydrophone 

 
 
 
 
 
 
 
 
 
 
 

Fig. 5: Sensitivity (left) and phase response (right) of a 10mm ball hydrophone 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 6: Sensitivity (left) and phase response (right) of a B&K 8103 hydrophone 

5. CONCLUSIONS  
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The optical method can be used to measure the plural sensitivity of a hydrophone. Instead 
of using a special framework to position hydrophone and transducers in a straight line, in the 
optical measurement system, an optical magnifier is used to locate the reference centre of a 
hydrophone. 

Experiments show that the optical method can get measurement results which are in 
agreement with the theoretical ones below the first resonant frequency for a ball hydrophone, 
and fairly good results about the phase response are acquired in the frequency range 10kHz to 
400kHz.  
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THE LOW FREQUENCY CHARACTERISATION OF 
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Abstract: The underwater acoustic properties of materials are typically assessed by 
insonifying a large panel of the test material and measuring the reflected and transmitted 
pressure via a single hydrophone. This is usually conducted in open water, which allows 
measurements to be made down to low kilohertz frequencies, but is reliant on ambient 
conditions. It is desirable to conduct these experiments in a controlled laboratory 
environment, thus reducing significantly both the cost and inconvenience of measurements 
which would otherwise be conducted at sea. The Acoustic Pressure Vessel at the National 
Physical Laboratory in the UK allows the simulation of ocean conditions through varying 
temperature and pressure, and can accommodate a measurement system which permits 
panels of a moderate size to be assessed. The physical dimensional constraints of the 
system place limits on the suitability of the traditional single hydrophone pressure 
technique, particularly at low kilohertz frequencies, due to diffracted and reflected 
secondary signals which cannot be time gated out of the primary signal during analysis. 
Measurements conducted by QinetiQ and NPL show that through employing either a dual 
hydrophone intensity probe or hydrophone array it is possible to discriminate against 
these undesirable signals, thus reducing the error in these measurements at low 
frequencies. This provides a very cost efficient and convenient measurement facility to 
undertake materials assessment which otherwise could be prohibitively expensive. 

Keywords: Reflection loss, insertion loss, simulated ocean conditions, panel 
measurements 
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1. INTRODUCTION  

In underwater acoustics it is often desirable to obtain knowledge of the acoustic 
properties of materials, in particular reflection and insertion loss. This can be achieved via 
a fairly straightforward measurement technique whereby a large panel of the test material 
is insonified and the reflected and transmitted sound waves are measured and compared 
with the incident wave. However, this technique has several practical limitations. Since 
most of the materials under examination exhibit changes in their properties with 
temperature and pressure, it is often necessary to conduct these experiments in the open 
ocean, deploying a special test rig from a suitable vessel; this is undertaken at great 
expense. It is, therefore, desirable to conduct these measurements in a controlled 
laboratory environment. Such a facility exists at the National Physical Laboratory (NPL) 
in the UK, which houses an Acoustic Pressure Vessel (APV) capable of simulating ocean 
conditions. The facility allows acoustic panels of modest size to be deployed within it for 
assessment down to low kilohertz frequencies. The physical dimensions of the APV, 
however, impose limitations on the measurements that can be performed, particularly at 
low frequencies. Firstly, the access ports to the vessel limit the size of the test panel to the 
order of a wavelength at low kilohertz frequencies, which has the detrimental effect of 
producing significant diffracted signals within the measurement area. Secondly, the walls 
and experimental structure within the vessel reflect the incident signal and produce a 
sequence of delayed echoes.  

In overcoming these obstacles a combination of solutions has been employed. A 
directional acoustic source, in the form of a parametric array, is used to minimise reflected 
signals from the vessel and provide a single pressure pulse incident on the test panel which 
is capable of being satisfactorily time resolved when measured by a hydrophone. This 
provides a good measurement of reflection loss; however, the transmitted signal is still 
corrupted as a result of diffraction. Therefore, it is necessary to employ a directional 
receiver in the form of either a dual hydrophone intensity sensor (which measures the axial 
component of acoustic intensity), or a large area sensor in the form of a hydrophone array 
(which measures the axial plane wave component of the sound wave). This paper presents 
examples of three techniques – using a single hydrophone, intensity sensor and 
hydrophone array.  

2. THE PARAMETRIC ARRAY 

A parametric array uses the non-linear propagation of primary wavefields to generate 
additional lower frequency (secondary) components that are then used to make 
measurements. The principle of a parametric array was first proposed by Westervelt in 
1963 [1] and has since been used in a range of sonar applications. The non-linear 
interaction of two coaxial, high amplitude primary waves results in the generation of 
secondary waves that appear to come from "pseudo sources" distributed throughout the 
interaction region of the primaries. The distribution of these pseudo sources, and their 
phases, effectively forms an end-fire array with a characteristically narrow beam, the beam 
characteristics being determined by the length of the interaction region rather than the 
original transducer size. The primary transducer is driven with a short pulse of a carrier 
frequency, with a raised cosine bell envelope. The low-frequency secondary waveform 
generated on axis can be shown to be proportional to the second derivative, with respect to 
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time, of the square of the transmitted pulse envelope [1]. The generated waveform shape 
and spectrum is then easily modified by altering the envelope function. In practice, for 
parametric array measurements in confined spaces, it is necessary to limit the length of the 
interaction region of the primary beams.  This is achieved by placing a panel of absorbing 
material, known as the acoustic filter, across the field at some distance from the source 
transducer to absorb the high-frequency primary beams and transmit only the low-
frequency beam. Further details of the parametric array can be found in [2, 3]. 

3. THE TRADITIONAL PRESSURE TECHNIQUE 

The simplest and traditional method of capturing the energy incident upon, reflected 
from and transmitted by the test panel is via a single hydrophone placed on either side of 
the test object [4]. For these measurements, spherical Brüel & Kjær type 8105 
hydrophones were used. Spectral analysis is then performed on the time histories, from 
which the reflection and insertion loss can be calculated [5] from the incident, reflected 
and transmitted pressure waves (pi, pr, and pt) by  

( )
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where R is the reflection loss, T is the insertion loss and f is frequency. 
The time history containing the reflected pressure wave will also contain the incident 

signal. Ideally, the hydrophone would be placed in such a position that it would be 
possible to time resolve the incident and reflected signals; however, at the low kilohertz 
frequencies concerned this is not possible since to do so produces further corruption to the 
reflected signal via diffraction and vessel reflections. It is, therefore, necessary to subtract 
from the reflection time history an incident signal recorded at the same point and under the 
same conditions without the test panel present. It should also be noted that, in capturing 
the reflected and incident signals at the same measurement point, the reflected signal has 
travelled further, i.e. twice the separation between the measuring hydrophone and the test 
object; for this reason, and since the wave front is not a true plane wave, it is necessary to 
correct the reflection loss for the reduction in signal amplitude due to spherical radiation 
loss [2, 5]. In measuring the insertion loss it is not possible to capture the incident signal at 
the measurement point behind the test panel, and for this reason a separate measurement 
must be made to capture the incident signal without the test panel present. 

4. THE INTENSITY SENSOR  

Intensity is a vector quantity; a suitable intensity sensor allows the component of 
intensity in a given direction to be measured. As a consequence, such a sensor has some 
discrimination against diffracted and reflected signals arriving from off axis sources.  

The time-averaged acoustic intensity vector, I
v

, can be defined as the time averaged 
product of the acoustic pressure and the acoustic particle velocity. However, particle 
velocity is not a quantity which can be easily obtained through direct measurement; 
therefore, it is more convenient to derive the quantity through the somewhat simpler 
measurement of an approximation of the pressure gradient between two positions, the “p-
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p” technique [6]. In this manner, two hydrophones can be utilised in order to measure the 
pressure at the two positions, from which the intensity can readily be computed via the 
imaginary part of the cross spectrum [6, 7]. The intensity sensor used for the 
measurements reported here is shown in Fig. 1 and was constructed from two spherical 
Brüel & Kjær type 8105 hydrophones held in a nylon mount, so that their relative 
positions were accurately known. Further details of the probe can be found in [7].  

5. HYDROPHONE ARRAY 

The acoustic pressure wave generated by the truncated parametric array is an 
approximation to a plane wave which can be readily acquired and time resolved by a 
single hydrophone under free-field conditions. The measurements in the APV, however, 
are not true free-field measurements, particularly when a test panel is present. Since the 
signals of interest are plane waves with wavefronts normal to the beam axis, and the 
corrupting signals are predominately travelling in different directions, it is possible to 
utilise a planar array to identify the plane wave components of interest.  

The planar array used was constructed from seven ball hydrophones of approximately 
16mm diameter which were mounted using elastic cord and an aluminium frame in a 
pseudo random, 2D arrangement to cover an area of approximately 0.1m2, effectively 
creating a large area device as shown in Fig. 2. It is desirable to capture the signals on all 
seven array hydrophones simultaneously; however, with the data capture system available 
this was only achievable by compromising resolution and reducing the sampling 
frequency.  

Measurements were also performed by capturing the hydrophone signals in succession, 
but in pairs; the difference between the two techniques was negligible, although the 
simultaneous capture was desirable due to practical time considerations. In the analysis, an 
average was initially calculated across the seven channels and the resulting waveforms 
averaged over a number of pulses. The subsequent analysis followed that of the single 
hydrophone pressure technique. 

6. THE EXPERIMENTAL ARRANGEMENT IN THE APV 

The APV consists of a cylindrical tank of external dimensions 7.6 m long by 2.5 m in 
diameter [8]. The tank may be pressurized to simulate increased water depth up to a 
maximum hydrostatic pressure of 68 bar. The facility also allows the water temperature to 
be controlled in the range from 2 ºC to 35 ºC. There are two access ports, the centres of 
which are 2.4 m apart. A diagram of the arrangement inside the vessel is shown in Fig. 3. 

A mounting arrangement enables the hydrophones to be positioned at any preferred 
distance from the panel face in the range from 0 m to 0.4 m. Typically, for the traditional 
pressure technique, one hydrophone is mounted each side of the test panel. However, to 
achieve a better quality measurement, one side of the panel was measured at a time, 
appropriate to the coefficient to be measured, i.e. reflection or transmission. For the case 
of the intensity probe, and also the multi-hydrophone array, this was required anyway. The 
parametric array was provided by a 300 kHz piezoelectric transducer placed at the end of 
the vessel and was truncated by the acoustic filter which was a 30 mm thick Expancel-
filled polyurethane. The separation between the source transducer and the panel under test 
was 2.75 m and the acoustic filter was normally 1.88 m from the transducer [5]. 
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7. THE TEST PANEL 

In comparing the various measurement techniques, assessments were conducted on a 
test panel that was 800 mm wide, 900 mm tall and 125 mm thick. The panel, designed and 
fabricated by QinetiQ, consisted of a two layer acoustic absorber fabricated from 
polyurethane to which Expancel spheres had been added as a filler material, backed by 
steel. A theoretical model describing the response of the panel has been developed [9]. 
This model utilises dynamic material properties in a transmission matrix, and was used to 
design the panel to exhibit specific features in its reflection loss at low kilohertz 
frequencies, along with substantial insertion loss, as shown in Fig. 4. Assumptions and 
approximations made within the model result in potential inaccuracies in the predictions; 
however, the results produced are an extremely good indicator of material trends and can 
be used as an effective design tool. 

8. RESULTS 

Fig. 5 shows the results obtained from the test panel for reflection loss in the range 
1 kHz to 7 kHz for hydrostatic pressures of 1 bar (atmospheric pressure) and 28 bar 
(approx. 280 m depth) and for a temperature of 8 °C.  In each measurement technique the 
hydrophone-to-panel spacing was kept constant, and a subtraction performed to remove 
incident signal from the reflected time history. As can be seen, an overall level of echo 
reduction in excess of approximately 4 dB, and rising with frequency, is measured across 
the frequency range. This level varies, as expected, with the response of the panel to 
hydrostatic pressure.  

The results show several peaks in the response, as predicted, due to resonances of the 
panel when it is an odd number of quarter wavelengths thick, where the wavelength is that 
in the panel. The peaks change as pressure is applied to the panel, reducing in amplitude 
and changing in frequency, and do so in the manner expected from knowledge of the panel 
material. The exact level and frequencies of these features can be influenced by the 
windows applied to signals in the time domain. Care must be taken not to introduce 
artefacts due to the inclusion (within the applied windows) of diffracted signal from the 
panel edges and reflections from the experimental structure. However, it is inevitable that 
some unwanted signal will be included.  

When compared to the use of a single hydrophone receiver, both the intensity sensor 
and the array offer some discrimination against unwanted signals arriving from high 
angles (e.g. diffraction from panel edges, scattering from mounts). It is believed that the 
array offers potentially the greatest rejection of such signals, but requires greater 
processing (using seven hydrophone channels), and correcting for spherical spreading loss 
is more difficult. Other differences can occur due to the fact that the parametric source 
produces a field which contains a range of spatial frequencies, and the sensors may 
respond to the non-planar nature of the insonifying field in different ways. This may 
contribute to the differences in the positions of the peaks in the panel response. It must 
also be noted that there is insufficient frequency resolution to accurately define the sharp 
low frequency peaks. However, the skilled operator is able to position the windows such 
that these artefacts are minimised or removed. 

These results show good agreement with the theoretical model for the panel, as per Fig. 
4(a). Differences in the overall levels and in the behaviour with pressure can be explained 
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by assumptions made in the model, particularly in the Expancel model [9] and can also be 
attributed in part to ageing and conditioning of the test panel material. 

Fig. 6 shows the results obtained from the test panel for insertion loss in the range 
1 kHz to 7 kHz for hydrostatic pressures in the range 1 bar (atmospheric pressure) to 28 
bar (approx. 280 m depth) and for a temperature of 8 °C. Insertion loss in excess of 9 dB is 
measured at 2 kHz and, in general, rises with increasing frequency; a correction for 
spherical radiation loss is not necessary for this measurement. This level varies with 
hydrostatic loading of the panel and the behaviour again follows the expected trend. 

The strong peaks present in the intensity results between 3 kHz and 4 kHz are artefacts 
of uncertain origin, but may be due to the unavoidable inclusion of diffracted signal within 
the applied windows. These features are also present (although to a lesser extent) in the 
single hydrophone measurements, but are considerably reduced in the array measurements 
which, in general, show by far the smoothest response. It is believed that these are more 
apparent in the intensity measurements since intensity becomes harder to measure 
accurately as the signal level of interest decreases relative to the corrupting signals. This 
contaminates the tail of the transmitted signal, and at the pressures corresponding to the 
greatest attenuation becomes a dominant event. Additionally, the dip seen just above 1 
kHz is an artefact produced by a combination of contamination due to diffracted and 
reflected signal and also the necessity to close the window before the arrival of large 
reflections from the tank wall. It is believed that the overall level measured via the 
intensity technique is broadly correct, but for high insertion loss the artefacts produced by 
this technique can make it unsuitable; consequently, the multi-hydrophone array would be 
the preferred technique. 

Comparison with the model, Fig. 4(b), shows lower measured values of insertion loss. 
However, the higher levels predicted by the model, particularly at high pressure, are likely 
to be mainly due to assumptions used in the input parameters; therefore, the overall levels 
measured are reasonable. 

9. CONCLUSIONS 

The methods described in this paper have been shown to be capable of determining the 
reflection and insertion coefficients of panel materials at low kilohertz frequencies. By 
using both a directional source and receiver it is possible to provide some discrimination 
against unwanted signals that are diffracted from the panel edges and reflected from the 
tank boundaries. This enables panels of modest size to be measured at frequencies as low 
as 1 kHz. Each of the methods described has its own advantages and disadvantages.  The 
results presented here demonstrate their successful use to assess the properties of a test 
panel exhibiting insertion loss of 12 dB at 2 kHz and reflection loss containing specific 
peaks in excess of 15 dB, which varied from 1.8 kHz to 1.2 kHz through changing applied 
hydrostatic pressure from ambient to 28 bar. 
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Figure 1 Acoustic intensity sensor; 
38mm spacer with two B&K 8105s. 

 
 
Figure 2 Hydrophone arrangement for 
seven hydrophone array. 

Figure 3 Schematic diagram of parametric array in APV, showing location of transducer, 
acoustic filter, test panel and hydrophones in position for traditional pressure technique.
 

Small Port Large Port 

Transducer Test Panel Hydrophones Acoustic 
Filter 
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Figure 4 Predicted  reflection loss (left) and insertion loss (right) for the test panel in the 
range 1 kHz to 7 kHz for hydrostatic pressures in the range 1 bar (atmospheric pressure) 
to 28 bar (approx. 280 m depth) and for a temperature of 8 °C. 

Figure 5 Measured reflection loss for the test panel in the range 1 kHz to 7 kHz for all 
three measurement techniques, at hydrostatic pressures of 1 bar (atmospheric pressure) 
and 28 bar (approx. 280 m depth) and for a temperature of 8 °C.  

 
Figure 6 Measured insertion loss for the test panel in the range 1 kHz to 7 kHz for all 
three measurement techniques, at hydrostatic pressures in the range 1 bar (atmospheric 
pressure) to 28 bar (approx. 280 m depth) and for a temperature of 8 °C.  
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Abstract: A technique is presented for characterising the acoustic field radiated by high 
frequency sonar arrays in water. The technique exploits the acousto-optic interaction 
between a laser beam and the sound field; a heterodyne interferometer (laser Doppler 
vibrometer) being used to detect the local refractive index changes produced in the water 
by a propagating acoustic wave travelling in a direction orthogonal to the laser beam. 
Measurements obtained in this way are processed using tomographic techniques to 
produce a two-dimensional image representing a “slice” of the acoustic field. The 
technique is tested on a sonar array operating in the frequency range 330 kHz to 500 kHz. 
The results are compared with those obtained by planar-scanning of the acoustic field 
with a probe hydrophone, with good agreement obtained. The optical method offers the 
potential for rapid, broad-band, high-resolution, non-perturbing measurements of 
acoustic fields, and can be a powerful diagnostic tool in assessing the performance of 
sonars. 

Keywords: sonar, tomography, nearfield, acousto-optic 
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1. INTRODUCTION  

Traditionally, optical methods for acoustic or vibration measurement have relied on the 
reflection of an interferometer laser beam from a moving target. This has been 
successfully implemented in water using an optically reflective and acoustically compliant 
membrane for the pressure measurement of ultrasonic fields [1-4]. The advantages of such 
a method are that the interferometer offers non-perturbing measurement of acoustic fields 
with high spatial resolution. Optical techniques which exploit the interaction between the 
acoustic field and the optical beam have also been used [5]. Examples of this include, light 
diffraction tomography at megahertz frequencies [5], acoustic pressure mapping by 
measurement of the phase variation across the optical wave-front caused by refractive 
index variation in water [6] and the use of laser Doppler vibrometry to measure the spatial 
distribution of an acoustic field [7,8]. The work described in this paper also exploits the 
acousto-optic interaction between a laser beam and the sound field, a heterodyne 
interferometer being used to detect the local refractive index changes produced in the 
water by a propagating acoustic wave travelling in a direction orthogonal to the laser 
beam. To obtain a true field map, rather than a one or two-dimensional projection through 
the field, a tomographic imaging technique is presented allowing a two-dimensional 
“slice” of the acoustic field to be imaged in front of a transducer. The technique is 
demonstrated on a sonar array operating at 330 kHz and 500 kHz, and the results are 
compared with a planar hydrophone scan. 

2. ACOUSTO-OPTIC EFFECT 

Localised changes in the density of water induced by the passage of an acoustic field, 
cause perturbations in the local refractive index. If an optical beam traverses the acoustic 
wave field, the changes in refractive index will cause commensurate changes in the optical 
path length [9], with the optical path length being defined as the product of the refractive 
index and the geometric distance travelled by the optical beam. This effect provides a 
means of measuring the acoustic field using laser Doppler vibrometry. A laser Doppler 
vibrometer conventionally measures the velocity of a target but in this case, with a 
stationary target mirror, it will detect the rate of change of optical path length [8]. If the 
case is considered for an acoustic field of a single frequency, f, with the optical beam 
intersecting the acoustic field in a direction parallel to the wave fronts, the acoustic 
pressure, P, at a distance, x, along the optical beam and at time, t, may be written as 

))(2(sin)(),( 0 xtfxPtxP φπ +=  (1) 

where )(0 xP  and )(xφ  are the unknown amplitude and phase distributions along the line 
[7]. The refractive index at a point along the line, ),( txn , is related to the pressure 
variation by 

),(),( 0 txP
P
nntxn

S
⎟
⎠
⎞

⎜
⎝
⎛
∂
∂

+=  
(2) 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

422



 

where 0n  is the ambient unperturbed refractive index of the water medium and ( )SPn ∂∂  
is the adiabatic piezo-optic coefficient [9]. From this, the optical path length, )(tL , is  
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x
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00 d),(2)(  (3) 

where 0L  is the ambient unperturbed optical path through the media. The rate of change of 
optical path length is then: 
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Therefore, the variation in pressure amplitude and phase along the line of the optical 
beam can be shown to influence the rate of change of optical path as follows [7]: 
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It should be noted that the measurement is that of a line integral in space along the path 
of the optical beam. Thus the technique cannot be easily used to measure an acoustic field 
parameter at a point. However, the measurement method may be combined with 
tomographic techniques to map the spatial distribution of the acoustic field. The method is 
most sensitive when the optical beam is parallel to planar wave-fronts. If the optical beam 
crosses the acoustic field at an angle and intersects several wave-fronts, phase cancellation 
will occur, reducing the signal measured by the vibrometer and making reconstruction of 
the field more difficult. The integrated effect of the acousto-optic interaction will 
essentially reduce to zero for the case of the optical beam intersecting a perfect plane-
wave in a direction perpendicular to the wave-fronts (head-on into a plane-wave) [10]. For 
real transducers, the wave-fronts are not generally planar and, in particular, the spreading 
of the acoustic field due to diffraction will give rise to some phase cancellation [7,8]. 
However, for the transducer tested here, this did not pose a severe problem. The method 
described does not rely on diffraction of the optical beam by the acoustic field, unlike 
techniques such as light diffraction tomography [11,12]. For these measurements, the 
acoustic frequency and amplitude are low enough such that the bending of the light beam 
is negligible and the method only considers the rate of path length change of the zeroth 
diffraction order.  

3. TOMOGRAPHIC ACOUSTO-OPTIC SCANS 

Acousto-optic measurements may be combined with tomography techniques, similar to 
those used in medical imaging for X-ray computed tomography [13], to map the spatial 
distribution of the acoustic field. Fig. 1 shows a schematic diagram illustrating the 
scanning principle. In order to cover a planar slice of the acoustic field, a number of line 
integrals should be measured across the entire width of the acoustic field. This is 
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equivalent to sampling the field using a series of parallel lines. This was achieved by 
moving the transducer under test and keeping the optical beam and mirror fixed. To 
undertake a tomographic reconstruction, this process must be repeated at a series of 
angular intervals over a ±90° range. For each angle,θ , the measured data for the line 
integrals form an estimate of the projection of the acoustic field at that angle, termed the 
Radon transform, θR , which for a general function of Cartesian coordinates, f(x,y), is 
given by: 

∫
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and x and y are arbitrarily chosen orthogonal reference axes, and x′ and y′ are the axes 
after transformation by a rotation of angle θ .   

Having measured the projections at a series of angles, the data is then inverted to form 
the reconstructed image by performing an inverse Radon transform. This numerical 
computation is accomplished by a filtered back projection algorithm, the filter being 
designed in the frequency domain and multiplied by the fast Fourier transforms of the 
projections. The image formed is only a numerical estimate of the image, the estimate 
improving with a greater number of projections (greater number of angles). The inverse 
transform used here was implemented using the Matlab® programming language [14]. 

 

 
Fig. 1: The scan configuration showing the parallel scan lines through some density 

distribution f(x,y) at an angle θ, producing the Radon transform  Rθ(x′). 
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4. EXPERIMENTAL ARRANGEMENT  

The scans were performed in the NPL small open tank facility, a 2.0 x 1.5 x 1.5 m test 
tank with a two-carriage precision positioning system, featuring a glass window to allow 
optical interrogation of the acoustic field. The transducer was mounted to the rotary stage 
of one carriage with the radiating face pointing downward. The mirror was fixed to the 
other carriage in a position outside the acoustic field. The scans were undertaken by 
translating the transducer across the laser beam and measuring the signal recorded by the 
vibrometer at discrete intervals. The line scan was undertaken over a 240 mm range at 
intervals of 1 mm. Such a line scan was repeated for a series of discrete angles, with 
measurements made over a 180° range at 1° intervals. Fig. 2 shows the experimental 
arrangement. The optical measurements were made using a Polytec PSV-300 scanning 
vibrometer in single point mode providing a measurement bandwidth of 1.5 MHz. The 
vibrometer was positioned 0.5 m outside the tank, with the optical beam entering the tank 
via a glass access window. The laser beam was arranged to be parallel to the transducer 
face and passed at a distance of 12 mm in front of the face. The transducer chosen was a 
flat faced, circular, 1-3 composite annular array of 200 mm diameter and was driven in 
turn at frequencies of 330 kHz and 500 kHz with a tone-burst, derived from a HP33120A 
arbitrary waveform generator and amplified through an ENI 240L power amplifier. The 
amplitude and phase of the received signal was measured at each discrete point, the 
received signals being analysed using a HP 89410A vector signal analyser. The tone-burst 
length, analysis window length and window start time were selected with great care to 
ensure that complete information about the transducer surface vibration was obtained at all 
points on the measurement scan without acoustic reflections from the mirror or tank 
boundaries. The transducer was selected for these measurements because it had already 
been extensively characterised with a conventional planar hydrophone scan. This scan was 
also performed 12 mm from the face of the transducer using a Reson TC4035 probe 
hydrophone. 

 

 
Fig. 2: Schematic diagram of the basic experimental configuration. 
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Fig. 3: Photographs of the experimental configuration showing a close up view through 
the optical window during the scan (left) and an overall view of the experiment (right). 

5. RESULTS AND DISCUSSION 

Measurements were made on the test transducer array at 330 kHz and 500 kHz using 
the described methods and the results are shown in Figs. 4 and 5 respectively. Figs. 4a and 
5a show the amplitude results of the conventional planar hydrophone scan. Figs. 4b and 5b 
show the tomographic reconstruction of the amplitude obtained from the acousto-optic 
scanning technique after the inverse Radon transform has been performed. The results are 
plotted to show a two-dimensional slice through the field with the colour indicating the 
amplitude plotted on a normalised linear scale.  

 

 
Fig.4: Planar hydrophone scan (a - left) and acousto-optic tomography scan (b - right) at 

12 mm for 330 kHz. 
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Fig. 5: Planar hydrophone scan (a - left) and acousto-optic tomography scan (b - right) at 

12 mm for 500 kHz. 
 

The transducer array elements are arranged as an annular array with two concentric 
regions, each of which vibrates with a different amplitude. This is clear from the 
reconstructed image. The field produced by the transducer is far from uniform, with 
regions of high and low amplitude apparent in the image. Some artefacts are visible 
around the outer edges of the image in Fig. 4b for the acousto-optic tomographic 
reconstruction. These are in fact present throughout the whole image and are caused by 
poor angular resolution. The 330 kHz acousto-optic plot displayed in Fig. 4b was obtained 
with a 1.5° angular scan resolution rather than the 1° resolution used at 500 kHz. With 
careful observation, similar but less pronounced artefacts can be observed in the 500 kHz 
image (Fig. 5b). 

The use of optical techniques opens up the exciting possibility of full-field three-
dimensional imaging of the near or far-field region in front of a transducer by obtaining a 
series of “slices” of the acoustic field. The parallel line measurement arrangement 
demonstrated in this paper allows for convenient tomographic reconstruction of the 
acoustic fields but the measurements are time consuming due to the physical scan time. A 
far more efficient way of performing the scan would be to use the internal angular 
scanning capability of the laser vibrometer which provides a rapid scanning capability. 
The difficulty with using this method is that the scan lines are no longer parallel and a 
more complicated fan-beam reconstruction technique would need to be used to obtain the 
tomographic image. Future work will concentrate on using rapid angular scanning and the 
fan-beam reconstruction method. 

6. CONCLUSION  

An acousto-optic tomography technique has been presented, demonstrating the non-
invasive imaging of an acoustic field generated by a high frequency sonar array. The 
technique used a tomographic reconstruction method, commonly used in X-ray based CT 
scanning, with data generated from a series of line scans at a range of angles. The 
normalised results are compared relatively to a conventional planar hydrophone scan in 
each case and show good agreement. The method could be further developed to obtain a 
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series of “slices” of the acoustic field to produce three-dimensional field maps. The non-
invasive nature of the technique also makes it attractive for characterising acoustic fields 
which have the potential to damage conventional measurement devices, such as focussed 
ultrasonic therapy transducers. 
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Abstract: The Underwater Sound Reference Division of the Naval Undersea Warfare 
Center Newport operates three instrumented test vessels with the primary intent of 
providing a means to test and calibrate hydrophones for underwater acoustic receive 
sensitivity at low frequencies and under realistic ocean operating conditions.  Low 
frequency, as referenced in this paper, refers generally to frequencies in the range of 1 Hz 
to 4 kHz.  This paper will provide a general overview of the three vessels, their ability to 
allow hydrophone evaluation under temperature and hydrostatic pressure conditions and 
the two primary measurement modes of operation available within them (enabling a 
standing wave or a traveling wave field condition).   Particular emphasis on how the 
implementation of a traveling wave propagating within the test vessel is created and 
evaluated will be examined; this “traveling” condition mimics a plane wave in unbounded 
free space.   Limitations and usage of the technique employed will be examined as they 
relate to hydrophone aperture size and known tank resonances.  These low frequency test 
vessels utilize reference hydrophones calibrated via a primary reciprocity technique 
(available within another USRD facility) and form the basis for a statement of traceability 
for the measurements that are conducted.  The paper will be augmented briefly with some 
descriptions of other acoustic evaluation efforts that can be afforded through the creation 
of specialized field conditions. 

Keywords: hydrophone, sensitivity, underwater acoustics, USRD, low frequency, 
calibration 
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1. USRD LOW FREQUENCY FACILITY 

1.1. OVERVIEW 

The Underwater Sound Reference Division (USRD) of the Naval Undersea Warfare 
Center Newport operates and maintains a laboratory-based test facility dedicated to 
performing low frequency receive sensitivity calibrations of hydrophones and reciprocal 
transducers.  The facility allows these characterizations under realistic ocean 
environmental conditions of both temperature and hydrostatic pressure. Here, “low 
frequency” is defined as those frequencies in the range of 1 Hz to 4 kHz.  This test facility 
is internally known as the Low Frequency Facility (LOFAC) and is comprised of three test 
vessels designated as System J, System K and System L.  Receive sensitivity 
measurements are conducted in these test vessels by exposing both the unit under test (the 
unknown) and a reference hydrophone (one for which the receive sensitivity has been 
calibrated apriori to its use) simultaneously to a common acoustic field.  By comparing  
output voltages from both the unknown (dBVunk) and the reference  (dBVref) hydrophones 
together with the known receive voltage sensitivity of the reference (RVSref) allows 
sensitivity of the unknown hydrophone (RVSunk) to be computed as shown in equation 1. 

 
RVSunk  = RVSref  + (dBVunk – dBVref)          (1) 

 
 This facility is not unique in the use of the comparison technique of calibration, but 

rather in the environmental capabilities afforded by the test vessels and the facility-
specific methods of generating the acoustic fields for these measurements. 

1.2. SYSTEM K TEST VESSEL 

The LOFAC System K test vessel is a vertically mounted stainless steel pressure tank 
with a 184 cm length and an internal diameter of 27.8 cm.  The drawing in Fig.1 shows a 
cutaway view of this vessel with the acoustic source shown near the top and a reference 
hydrophone and unit under test rigged near the bottom. 

 

 
Fig.1: USRD LOFAC System K Test Vessel  
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The single acoustic source used with System K (shown at the top in Fig.1) is an oil-
filled pressure-compensated ceramic transducer.  Both the reference hydrophone and 
device under test are rigged opposite one another and close to the flat bottom of the tank.  
This placement allows both the reference and device under test to be exposed to the same 
pressure field. Due to their placement near the rigid boundary of the tank bottom, the 
acoustic field can be considered to be an all pressure field with little to no velocity 
component.  This rigging location also provides a local pressure doubling of the acoustic 
source level which helps extend the operating range of the source projector to a lower 
frequency.  Ideally, a moving coil design projector would be favored in this frequency 
range to achieve more source level, but, in practice, would not survive the hydrostatic 
pressures for which the facility was designed. The test vessel is outfitted with both 
bulkhead connectors and a single packing gland to afford various cabling requirements. 
The system is used in the frequency range of 1 Hz to 2 kHz; temperatures from -3 degrees 
Celsius (provided by the use of a propylene glycol/water solution to achieve temperatures 
below the freezing point of water) to 35 degrees Celsius and hydrostatic pressures to  
13.79 MPa (1379 meter depth) are available.  Test measurements are accomplished with a 
two-channel signal analyzer.  Due to the use of a single projector, System K operates only 
in a non-controlled standing wave mode where the primary anti-node of interest is that 
located at the bottom of the test vessel. 

1.3. SYSTEM J TEST VESSEL 

The LOFAC System J test vessel is a vertically mounted stainless steel tank with a    
274 cm length and 20.3 cm internal diameter.  The drawing in Fig 2 shows a cutaway 
view of this test vessel with acoustic sources shown at both the top and bottom of the tank, 
an array of six reference hydrophones along its length and a unit under test rigged 
opposite the first reference hydrophone (at a position approximately 1/3 down the length 
of the vessel). 

 

 
Fig.2: USRD LOFAC System J Test Vessel 
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Unlike the System K test configuration, System J uses two acoustic sources, one at 

each end of the test vessel.  It is the use of these two sources (with drive parameters 
deduced via the data obtained from the array of six reference hydrophones) that allows the 
creation of the traveling wave mode of operation.  This traveling wave mode mimics a 
wave in unbounded free space (a simulated free-field measurement).  As will be examined 
in more detail later, the drive conditions required for the two acoustic sources are 
determined by initially driving in succession each one of the sources, at the first test 
frequency, at known drive levels.  The required traveling wave source drive levels are then 
computed and the two sources are driven simultaneously, yielding the traveling wave 
condition. As in System K, the device under test is rigged opposite a reference 
hydrophone of known sensitivity.  The comparison calibration technique yields the 
sensitivity of the device under test. This process is repeated for all frequencies, one at a 
time, until the sweep is complete.  The test vessel is outfitted with both bulkhead 
connectors and a single packing gland to afford various cabling requirements. The system 
is used in the frequency range of 1 Hz to 4 kHz.  Temperatures from -3 degrees Celsius to 
35 degrees Celsius and hydrostatic pressures to 68.95 MPa (6895 meter depth) are 
available.  (Note: The traveling wave mode can be established within the test vessel for 
frequencies above 50 Hz.  Measurements taken below 50Hz are acquired in standing wave 
mode, as in System K, but without the collocation of the reference or unknown 
hydrophones near the bottom of the tank.  At these lower frequencies, the standing wave 
pressure field can be considered to be uniform across the length of the tank.) 

1.4. SYSTEM L TEST VESSEL 

The LOFAC System L test vessel is a horizontally mounted stainless steel tank with a 
243 cm length and 38.0 cm internal diameter.  It is outfitted in similar fashion to System J 
in that the acoustic sources are located at both ends of the test vessel and an array of six 
reference hydrophones are installed along its length.  System L provides a traveling wave 
mode of operation in the same fashion as System J.   The test vessel is outfitted with both 
bulkhead connectors and a single packing gland for flexibility in cabling. The system is 
typically used in the frequency range of 1 Hz to 1.5 kHz; temperatures from -3 degrees 
Celsius to 35 degrees Celsius and hydrostatic pressures to 68.95 MPa (6895 meter depth) 
are available.   

2. TRAVELING WAVE MODE 

2.1. SIGNIFICANCE  

The use of the traveling wave mode preferentially over the standing wave mode stems 
from its ability to simulate a real acoustic plane wave in free-space.  The traveling wave 
has both pressure and velocity components (related by p = ρcu, with p: pressure,              
ρ: density of the fill fluid; c: sound speed of the fill fluid and u: volume velocity) rather 
than just the pressure component associated with the standing wave mode. Thus, the 
traveling wave mode better approximates the field conditions that the test devices would 
be exposed to when used in their intended application.  For all device types, the use of the 
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traveling wave mode allows a more precise and defined means to characterize its free-
space performance. 

2.2. METHODOLOGY 

This section examines how the traveling wave mode is created.   

2.2.1. DEFINING EQUATIONS 

The traveling wave mode is established via the interrogation of the linear array of 
reference hydrophones and using that acquired data set to determine proper drive 
conditions of magnitude and phase for the two projectors.  The two projectors are driven 
in such a way that the desired source level is attained and a plane wave propagates in the 
vessel.  These drives are established such that one acoustic source acts to create a pressure 
wave while the source at the opposite end acts to absorb that energy such that little or no 
energy is reflected back to the originating projector.  

 
The acoustic pressure at any one of the six reference hydrophones can be represented as 

a composite pressure obtained via contributions from both of the two sources. This can be 
represented by the following: 

 
Pi = Mi1 D1 + Mi2 D2           (2) 
Where: 

Pi: represents the complex acoustic pressure at the ith hydrophone (i =1,2…6) with 
hydrophone 1 designated as the reference hydrophone opposite the device under test 
 
D1: represents the complex drive applied to one acoustic source (for clarification in this 
discussion, this will be the drive applied to the Top projector in System J) 
 
D2: represents the complex drive applied to the other acoustic source (Bottom projector 
in System J) 
 
Mi1: represents the complex coefficient that relates the resulting pressure at the ith 
reference hydrophone location to the D1 drive 
 
Mi2: represents the complex coefficient that relates the resulting pressure at the ith 
reference hydrophone location to the D2 drive 

The above expression when written for each of the six reference hydrophones yields: 
 
P1 = M11 D1 + M12 D2         (3a) 
P2 = M21 D1 + M22 D2         (3b) 
P3 = M31 D1 + M32 D2         (3c) 
P4 = M41 D1 + M42 D2         (3d) 
P5 = M51 D1 + M52 D2         (3e) 
P6 = M61 D1 + M62 D2          (3f) 
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At this early stage of computation, each of the six equations above contains five 
unknown quantities with two of these, the two complex drives, common to all.  Means to 
reduce the number of unknown quantities are next addressed.   

2.2.2. M COEFFICIENT SOLUTION 

The “M” coefficients (Mi1 and Mi2) are the most prominent unknown quantities 
that lend themselves to an initial solution.  These coefficients can be solved for by 
preferentially driving either the top or bottom projector.  That is, if the top projector is 
initially driven by some known complex value (D1-initial) and the bottom projector is not 
driven at all, the Mi1 coefficients can be solved via the relationship: 

 
Pi-initial = Mi1 D1-initial           (4) 
 
The quantities Pi-initial and D1-initial can be determined via the use of empirical data 

obtained with the loaded test vessel leaving the Mi1 coefficients to be easily solved for. 
 
The same argument can be made for the Mi2 coefficients by initially driving the bottom 

projector, exclusively, at some known drive condition (D2-initial). 
 
Thus, solutions for the twelve “M” coefficients can be determined very readily from 

empirical data sets acquired via the two drive conditions. It is significant to note that these 
coefficients must be determined at each test frequency and for each experimental set-up. 

2.2.3. REQUIRED COMPLEX ACOUSTIC PRESSURE 

The next step in the solution process is to define the required acoustic field that 
corresponds to the conditions of the traveling wave.  The traveling wave mode is 
characterized by having equal amplitude signals at each of the reference hydrophone 
locations.  It is also characterized by having appropriate phase delays amongst these 
various hydrophone locations as dictated by the hydrophone positions relative to one 
another, the test frequency and the sound speed of the test medium.  Thus, it is possible to 
completely define the desired complex pressure terms on the left hand side of the 
equations (3a to 3f) presented in terms of pressure magnitude and phase.  For 
convenience, the phase term for the first hydrophone position is typically set to 0 degrees.  
Subsequent hydrophone positions have phases (in degrees) defined by: 

 
360 ((HydroPosi) - (HydroPos1)) / (c/f)         (5) 
Where: 

HydroPosi: the location of the ith reference hydrophone (expressed in meters from 
some designated reference point) 

HydroPos1: the location of the first hydrophone (in meters, usually set to 0) 
 

     c: sound speed of the test fluid (empirically measured) in meters/second 
 

     f:  test frequency of operation in Hz 
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2.2.4. OVERDETERMINED SYSTEM & LEAST SQUARES SOLUTION 

The result of the last two steps leads to a further simplification of the original 
defining equations (repeated below).   

 
P1 = M11 D1 + M12 D2         (3a) 
P2 = M21 D1 + M22 D2         (3b) 
P3 = M31 D1 + M32 D2         (3c) 
P4 = M41 D1 + M42 D2         (3d) 
P5 = M51 D1 + M52 D2         (3e) 
P6 = M61 D1 + M62 D2          (3f) 
 
All of the M coefficients on the right hand side of these equations are known quantities 

based upon empirical test data.  All pressures on the left hand side of the equations are 
known values based upon a required acoustic field behavior.  Thus, all that remains is to 
solve for the two required drive conditions that best suit these parameters.  The set of six 
equations above contains two unknowns (D1 and D2).  This is an overdetermined system. 

 
The solution mechanism that was favored for this is the technique of least squares.  The 

least squares technique allows an overdetermined system (“m” equations in “n” 
unknowns, with m>n) to be evaluated in an optimized manner.  The approach results in 
values of x that minimize the quantity |Ax – b|2 for the originating equation of Ax = b. 

 
The vector x that minimizes |Ax – b|2 is the solution to the normal equations: 
 
AT Ax = AT b            (6) 
 
The vector x = (AT A)-1 AT b is termed the least squares solution to Ax = b. The least 

squares solution can be envisioned as a means to provide the “best”solution to a long list 
of equations.  Each equation in this list has the same number of unknown constants. 

 
For the nomenclature just described, the solution for the complex drive parameters 

proceeds by assigning A = [Mi1, Mi2 ] , b = [P1 P2 P3 P4 P5 P6]T and then computing the 
optimized vector x. The x vector corresponds to the complex drive parameters [D1 D2]. 

 
An assessment of the field produced can be obtained through examination of the 

computed pressures by substituting the drive parameters D1 and D2 into the defining 
equations 3a thru f. 

2.3. PHYSICAL LIMITATIONS 

There are limitations in creating the traveling wave mode across all test frequencies.  
There are modes that are established by the physical dimensions of the test vessel that 
hamper the ability to create a traveling wave.  These limitations in frequency correspond 
to the ones that occur at natural resonances of the test vessel.  For the System J test vessel, 
this typically first occurs at the frequency that corresponds to the half wavelength set by 
the tank’s length.  An inability to support a uniform pressure field across the cross section 
of the test vessel typically sets the upper frequency limit of operation. 
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Another limitation within the LOFAC test vessels pertains to the aperture length of the 

device under test. The aperture length is defined as the physical length of the acoustic 
device’s sensing element. For the comparison calibration technique to work properly, the 
reference hydrophone sensing element (a rather small 1.27 cm diameter sphere) and the 
device under test must be exposed to the same pressure field.  If the aperture length of the 
unknown device is significantly long as compared to the wavelength of the test frequency 
applied and the aperture of the reference hydrophone, the unknown device would be 
exposed to a varying acoustic pressure field across its length.  This effect is most 
pronounced at the higher test frequencies and corrupts the reported device sensitivity. 

 
The fill fluid in the LOFAC test vessels is a propylene glycol (33%)/water (67%) 

solution (chosen to achieve temperatures below 0° C).  The specific gravity of this fluid is 
approximately 1.02 with a sound speed of approximately 1625 meters/second.  Thus, the 
quantity ρc of this solution does differ slightly from that for sea water, but in practice this 
difference does not substantially alter the measurement data acquired. 

2.4. EXPANSION OF THE METHODOLOGY 

 
The mechanism by which the traveling wave mode of operation is implemented can be 

augmented to create other desired fields.  These fields may include the creation of 
localized “all pressure fields”or “all velocity” fields.  The former is representative of the 
characteristics of the standing wave mode but without the need to collocate the reference 
and unknown near the rigid boundary at one of the vessel ends.  The latter acoustic field 
provides a means to more rigorously assess the velocity sensitivity of a device.  Further 
augmentations of this measurement type may also include the characterization of material 
properties such as insertion loss and may be catered to some subset of the reference 
hydrophones depending upon sample size, required location or desired configuration. 
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Abstract: The effective area of underwater measuring module and far-field distance can be 
decreased significantly under free- field calibration in 1/n-octave frequency bands. It allows to 
calibrate the measuring module of large sizes in laboratory water tank. A method to estimate an 
effective area based on directivity responses measurements is suggested.   
 
 
Keywords: underwater measuring module, free-field calibration, effective area, far-field 
distance. 

 
 
The free-field calibration of hydrophone requires that the distance between hydrophone and 

projector must be enough to consider incident sound wave as a plane wave. Necessary distance 
(far-field distance) is estimated by the hydrophone and projector effective areas [1]. 

Hydrophone is used as component of underwater measuring module (UM) when measuring in 
the sea. Buoyancy components, container with the peripheral equipment, hard waterproof 
connectors and other units whose sound transparency is hard to provide, scatter the incident 
sound wave. Because of the sound field distorted by scattering, sensitivity of UM can differ 
significantly from sensitivity of a hydrophone. 

The size of scattering area formed by UM usually exceeds the sizes of the hydrophone. 
Therefore the far-field distance under UM calibration turns out so large that makes impossible to 
apply a measuring procedures usually used for hydrophone calibration. The practical interest for 
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measurements of underwater noise levels represents the root-mean-square values (RMS) of 
sound pressure in 1/n–octave frequency band. As it will be shown below, when measuring the 
RMS of sound pressure, whose power is distributed in a frequency band, the effective area of 
UM can decrease, what allows solving the problem of far-field distance at UM calibrating.  

In [2] it is suggested to define the free-field hydrophone sensitivity in frequency band as ratio 
of RMS of hydrophone output voltage to RMS of sound pressure acting on hydrophone, both 
measured in equal frequency bands while sound pressure is being a white noise random process. 
The sensitivity defined in such a way does not depend on pressure parameters but depends only 
on hydrophone frequency response. When calibrating in 1/n–octave frequency band with central 
frequency fm, the hydrophone sensitivity )f(M mn/1  is defined by ratio: 
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with central frequency mf ; ( )fV H - spectral density of hydrophone output voltage ; ( )fPw  = w2 
for [ ]maxmin f,ff ∈  - spectral density of pressure, acting on hydrophone.  

Assuming that under UM calibration the direct projector wave and wave scattered by UM 
falls on measuring hydrophone. In this case the ratio of output voltage RMS in frequency band 
of the hydrophone installed into UM to sound pressure RMS in direct wave relates to 
hydrophone sensitivity in frequency band as [3]  
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where ( )fV H′ - spectral density of output voltage of hydrophone installed in UM; )f(RΩ&  - 
complex function of scattering. Let radicand in the right part of expression (1) be an uncertainty 
function of UM sensitivity.  

Conditions at which the ratio in the left hand of (1) can be used to determine the UM 
sensitivity, we shall analyze under the assumption that the scattered wave is created by a single 
source whose scattering factor is constant over a 1/n-octave frequency band. The relative 
positioning of hydrophone H, projector P and scatterer R is shown in fig. 1.  

The correlation component introduces the main contribution to dependence of UM sensitivity 
uncertainty function from distance between a hydrophone and projector. The correlation 
component can be expressed as product of two functions [2]: 

 
)r,f( PRHn/ m ΔΘ1 = )r,f()r,f(h PRHPRH mn/,m ΔΘΔΔ 1 , 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

438



where PRHrΔ = PHRHPR rrr −+  - difference of the paths of the direct and scattered waves; PHr , 

PRr , RHr  - distances between hydrophone and projector, scatterer and projector and scatterer and 

hydrophone, respectively; )r,f( PRHm ΔΘ = )rcos(
rr
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Fig. 1: Direct and scattered waves propagation scheme. Correlation component modulation. 

 
For a sine signal measurements )r,f(h PRHn/,m ΔΔ 1 =1. Correlation component )r,f( PRHm ΔΘ  

tends to limit value )r,f( RHmΘ = )rcos(w RRHR
m

ϕ
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+
2  with distance PHr  increas. The relation 

PHPR rr −  = 
2
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r RH

λ

2
 after which the oscillation of UM 

sensitivity uncertainty function is finished. By analogy with criteria usually used at hydrophone 
calibration to determine a far-field distance, it is reasonable accepting the distance RHr between 
a hydrophone and scatterer as an estimation for the UM effective area at a sine signal.  

At calibration in a 1/n-octave frequency band in a plane wave field, the correlation component 

)r,f( RHmΘ  is modulated by function )
r
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)r,f(h RHn/,m 1Δ  equal to zero for RHr  multiple to nm /1,λ′ , and its oscillation rapidly decreases 
with increase of distance between scatterer and hydrophone (see modulating functions in fig.1). 

 

RHr  

)r,f(h RH1/ mn Δ  

1/3-octave 
1/6-octave 

 sine 

1/6λ′

PHr

PRr
RHrR

H P 1/3λ′

1/3λ′
1/6λ′

1/3λ′  

1/6λ′

1,0 0,2 0 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

439



Function )r,f(h RHn/,m 1Δ  effect can be interpreted as a scattering attenuation and corresponding 
limitation of scattering area at measurements in 1/n-octave frequency band in comparison with 
measurements at sine signal. As is seen from fig. 1, for RHr > nm /1,λ′  the values )r,f(h RHn/,m 1Δ  

does not exceed 0.2. The scatterer being on distance more than nm /1,λ′  from hydrophone, 
practically does not affect the UM effective area because of smallness of the correlation 
component. Location of the first function zero )r,f(h RHn/,m 1Δ  may be taken as an upper limit of 
UM effective area under calibration in 1/n–octave frequency band. 

Central frequency and width of 1/n–octave frequency band are related by expression 

nmf /1,Δ = mf ( n/1α -
n/1

1
α

), where coefficients n/1α  for 1/12, 1/6 and 1/3-octave bands equal, 

respectively, 1.03, 1.06 and 1.12 [3]. From this UM effective area borders estimation in plane 
wave field under calibration in 1/n–octave frequency band can be derived: 
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UM effective area borders are equal to 16.8λm, 8.6λm, 4.4λm for 1/12, 1/6 and 1/3-octave bands, 
respectively. Decreasing of 31 /,mλ′  with frequency fm increasing is shown in fig. 2a. The upper 
border of the UM effective area decrease with frequency increase allows significantly reduces 
the far-field distance under UM calibration in 1/3-octave frequency bands and to calibrate the 
UM of large sizes in laboratory water tank. 

When distance between a projector and UM decreases, the zeros of function 
)r,f(h PRHn/,m ΔΔ 1  are displaced relatively the zeros of function )r,f(h RHn/,m 1Δ  corresponding 

to a plane wave field. For specified distance between projector and UM, upper border of UM 
effective area can be estimated as: 
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Decreasing of )r( PH/,m 31λ′  vs values 31 /,mλ′  is shown in fig. 2 b. Under calibration in 

laboratory water tank distance between UM and projector usually is no more than 3 – 4 m. So, 
the size of scattering area at low frequencies, limited by position of the first )r,f(h PRHn/,m ΔΔ 1  
zero, is remarkably smaller of one in the plane wave field. This may caused the situation when 
the scatterer located at the distance rRH ( )(/1, PHrnmλ′ < rRH < n/,m 1λ′ ) will be not taken into 
account under UM calibration but affect the results of measurement of distant source signal. For 
this reason, it is required to compensate decreasing of UM effective area upper border under 
calibration in laboratory water tank by proportional decreasing the measuring frequency band: 
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Fig. 2: UM effective area borders in 1/3–octave bands at measuring in plane wave field (a), 
effective area boarders dependence from distance between hydrophone and projector (b). 

 
Actual value of UM effective area depends on real spatial location of scatterers and may be 

much smaller than its upper border under calibration in frequency band. Taking into account the 
scatterers spatial distribution allows to enhance the reliability of fare-field distance estimation 
and to expand the frequency range of UM calibration in water tank of the given dimensions. 
Spatial distribution of scatterers formed by UM can be received as inverse scattering problem 
solution [4-5]. This way assumes time-taking experimental investigations sufficiently 
complicated for technical realization. 

Estimation of UM effective area can be simplified by use of method based on dependency of 
effective area upper border on measuring frequency bandwidth. This method assumes measuring 
of directivity response in frequency band and does not require additional data on structure, 
formed by UM scattering area.  

Directivity response plots of UM with 85 cm maximal linear size, measured at sine signal and 
in 1/n–octave frequency bands, are shown by logarithmic scale in fig. 3, 4. In fig.3 circular 
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curves show a significant decreasing of UM directivity in 1/3-octave frequency bands in 
comparison with directivity for sine signals. It follows from this, that scatterer distorting UM 
directivity at sine signals, locates farther from hydrophone than effective area borders in 1/3–
octave frequency bands.  

 

 
Fig. 3: UM directivity response for sine signals and in 1/3–octave bands with central frequencies 

20 kHz (a) and 80 kHz (b). 
 

In fig. 4 a plots show a sharp degradation of UM directivity within 110 angle sector while 
frequency band is narrowed to 1/12–octave. From this the distance between hydrophone and 
scatterer can be estimated no more than 1.3 m. A small variation of directivity with frequency 
band narrowed to 1/6-octave allows to amend this estimation and conclude that distance between 
hydrophone and scatterer is no more than 0.6 m. It is possible to determine scatterer location 
more accurately by measuring in other frequency bands.  

When calibrating within 1/3 and 1/6-octave bands at central frequency 20kHz, UM effective 
area is less than 30 cm, and distance is about 2.5 - 3 m between UM and projector meets far field 
criteria. With decrease of frequency band to 1/12-octave, effective area border expands up to 132 
cm and includes the scatterers located farther than 0.6 m from hydrophone. In result, a 
significant UM directivity change in 1/12–octave band (directivity response becomes similar to 
one received at sine signal) takes place. Because of increasing UM effective area up to (and 
more than) 0.6 m, the water tank working zone is not satisfied to far-filed condition under 
calibration in 1/12-octave band with central frequency 20 kHz.  

Slight differences of directivity responses in 1/3, 1/6, 1/12-octave bands with central 
frequency 80 kHz show that UM effective area does not exceed 8 cm within these frequency 
bands, and, therefore, 3 m distance between UM and projector is enough for far-field UM 
calibration.  
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Fig. 4: UM directivity response within 110 0 sector angle at sine signals and in 1/3, 1/6, 1/12-

octave bands with central frequencies 20 kHz (a) and 80 kHz (b). 
 

Method based on measurements of directivity response in frequency bands allows to 
determine the UM effective area with no utilizing complicated and time-taking procedures of 
scattering inverse problem solution. The estimations obtained with the suggested method allows 
to define the frequency range for measurements of free-field sensitivity in 1/n-octave band for  
1-m UM in the water tank 6×6×10 m. 
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The effective size and effective frequency band of the measuring 
water tank at “free-field” calibration with use the continuous 

radiation mode 
 

Alexander E. Isaev, Anton N. Matveyev 
 

Abstract: The calibration on a RMS value of a sound pressure supposes the 
measurement of the detailed frequency responses. Laboriousness of measurements 
can be considerably reduced with use of test signals with the distributed spectrum. 
Such measurements demand increase the radiation time and to detect a direct signal 
in water tank by time selection method is impossible. Time selection is not the unique 
way to eliminate the distortions of a signal at the underwater propagation channel. 
Today the methods based on other principles are widely applied at acoustic 
measurements. Methods of complex conjugation and the wave time-reversing, method 
of the wave front inversion, the TDS technique allow eliminating or reducing 
significantly the influence of the signal propagation channel. The laboratory water 
tank represent an example of the “ideal” underwater channel with controllable 
parameters and sufficient time stability. It allows to increase efficiency of measuring 
procedures and to simplify their realization. The procedure of “free-field” calibration 
at a continuous radiation mode of a signal with the distributed spectrum, based on 
use of the properties of the transfer function of the water tank is considered in the 
paper. The experimental results demonstrating the efficiency of detection of direct 
signal by the complex averaging method of frequency response in effective frequency 
band of water tank are presented.  
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 A COMPARISON OF FREE-FIELD CALIBRATION TECHNIQUES 
FOR HYDROPHONES USING THE RECIPROCITY AND OPTICAL 

METHODS  

Pete Theobald and Stephen Robinson  

National Physical Laboratory, Teddington, TW11 0LW, United Kingdom.  

Pete Theobald, Fax: +44 20 8943 6217, Email: pete.theobald@npl.co.uk  

Abstract: One of the most important methods of validating a primary standard is to 
compare with another independent absolute calibration method, preferably one based on 
a different physical principle (and therefore with few common sources of uncertainty). The 
UK National Physical Laboratory has established two primary standard methods for the 
free-field calibration of hydrophones. In the frequency range 500 kHz to 20 MHz, the 
primary standard is realised using optical interferometry; in the range from 1 kHz to 
500 kHz, it is realised by the method of three-transducer spherical-wave reciprocity. In 
addition, NPL is working to devise a new calibration method for the lower frequency 
range based on laser vibrometry. Although the ranges of the two primary standards are 
defined as above, both methods can be used in the frequency range 200 kHz to 1 MHz, 
enabling a comparison to be undertaken between these two independent methods. For the 
optical method based on laser vibrometry, a comparison is possible with the reciprocity 
method throughout most of the applicable frequency range. In general, excellent 
agreement has been achieved with the differences observed being within combined 
uncertainties. 

Keywords: Hydrophone, calibration, interferometry. 
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INTRODUCTION  

In metrology, it is important to be able to validate calibration methods to confirm the 
uncertainty assessment and to increase confidence in the method. This is particularly true 
for absolute methods that may be used as a primary standard. One method of validating a 
primary standard is to compare with calibrations undertaken by equivalent laboratories in 
other countries. Such comparison exercises have been reported in the literature [1,2].  
Another important way to validate an absolute calibration method is to compare it to 
another independent absolute calibration method [3,4], preferably one based on a different 
physical principle (and therefore with few common sources of uncertainty). At the UK 
National Physical Laboratory (NPL), several independent calibration methods are used as 
primary standards over different frequency ranges. In the frequency range 500 kHz to 
20 MHz, the primary standard is realised using optical interferometry [5]; in the range 
from 1 kHz to 500 kHz, it is realised by the method of three-transducer spherical-wave 
reciprocity [6]. Although these are the defined ranges of the two primary standards, both 
methods can be used in the frequency range 200 kHz to 1 MHz, enabling a comparison to 
be undertaken between these two independent methods. In addition, NPL is working to 
devise a new calibration method as a future primary standard for the lower frequency 
range [7,8]. Using this method, a comparison is possible with the reciprocity method 
between 7 kHz and 600 kHz. This paper provides a brief description of the methods and 
presents results for a number of hydrophones calibrated using each of the methods.  

CALIBRATION METHODS 

The primary calibration of hydrophones for frequencies greater than 500 kHz is 
achieved using an NPL laser interferometer [5,9,10]. In this method, the acoustic pressure 
is determined by measuring the displacement of an optically reflective and acoustically 
compliant membrane in the acoustic field. An ultrasonic transducer produces an acoustic 
field which the thin plastic membrane (the pellicle) follows. The pellicle, which is 5 μm 
thick and coated on one side with 25 nm of gold, reflects the optical beam of the laser 
interferometer. The displacement, a , of the pellicle is related to the output voltage, IV , of 
a specially-designed Michelson homodyne interferometer using equation (1), 

)/4(sin0 λμπ aVVI =  (1) 

whereλ  is the optical wavelength, 0V  is the reference voltage corresponding to the 
amplitude of the output signal when the displacement exceeds 2λ , and μ  is the refractive 
index of the medium. The acoustic pressure, p , in the field is calculated from the 
measured displacement, using equation (2), with knowledge of the angular frequency, ω, 
water density, ρ, and speed of sound, c. 

acp ωρ=  (2) 

The hydrophone under test is then substituted for the pellicle with the acoustic centre 
placed at the same point in the field that has been interrogated by the interferometer. The 
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calibration is performed by measuring the hydrophone output voltage, HV , corresponding 
to the known acoustic pressure. The hydrophone sensitivity, HM , can therefore be 
obtained using equation (3). 

λρ
μ
fcV

VVM
I

H
H

20= . (3) 

Advantages of this method are its direct traceability to length and its insensitivity to the 
properties of the ultrasonic field generated by the transducer. Using the laser 
interferometer, a reference hydrophone can be calibrated in the frequency range 200 kHz 
to 1 MHz with typical overall uncertainties (95% confidence level) of between  ±0.3 and 
±0.5 dB. 

The primary method of calibrating hydrophones in the frequency range 1 kHz to 
500 kHz is three-transducer spherical-wave reciprocity [6]. This method requires the use 
of three hydrophones, P (projector), T (transducer) and H (hydrophone under test), at least 
one of which must be a reciprocal transducer; that is, its transmitting and receiving 
sensitivities are related by a constant factor. The hydrophones are paired off in three 
measurement stages, with one device being used as a transmitter and the other as a 
receiver, separated by a distance, d  as shown in Fig. 1. 

P

P

T

H

T

H

d1

d2

d3

iPH

iPT

iTH

ePH 

ePT 

eTH 

 
Fig. 1: Transducer arrangement for reciprocity measurements. 

 
For each pair of hydrophones, a measurement is made of the ratio of the voltage,e  

across the terminals of the receiving device to the current, i  driving the transmitting 
device. Using the reciprocity principle as applied to the reciprocal hydrophone, the 
sensitivity of any one of the hydrophones can be determined from the purely electrical 
measurements described above. This method is well established [6] and is the NPL 
primary standard in the frequency range 1 kHz to 500 kHz with typical overall 
uncertainties (95% confidence level) of ±0.5 dB.  

In both the techniques described, measurements were made in a laboratory tank using 
discrete-frequency tone-burst signals, with gating and time-windowing techniques 
employed to isolate reflections from boundaries. For reciprocity, the measurements were 
made in a tank of dimension 2.0 x 1.5 x 1.5 m, and for the interferometer, a tank of only 
1.0 x 0.4 x 0.4 m was used.  

Unfortunately, the homodyne interferometer described here is not suitable for 
measurement of displacement at lower kilohertz frequencies. This interferometer is limited 
to higher frequency measurements and its phase locked configuration also limits the 
displacements that may be conveniently measured to amplitudes of less than half the 
optical wavelength. Furthermore, the pellicle used for the measurements is housed in a 
metal ring with dimensions unsuitable for lower frequency use due to the presence of 
reflections. To measure the acoustic field in water at lower frequencies (down to 10 kHz) 
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requires a different measurement arrangement and a different configuration of 
interferometer [7,8]. A comparison was performed between 7 kHz and 600 kHz of a 
reciprocity calibration and an optical calibration performed using a Doppler heterodyne 
velocity interferometer (commercially known as a vibrometer) and a long strip type 
pellicle. These measurements were performed in the 2.0 x 1.5 x 1.5 m tank to allow a 
lower frequency calibration. The pellicle used was also thicker than with the higher 
frequency measurements, at 25 μm, with a 40 nm coating of aluminium providing the 
optical reflection. 

RESULTS 

The following results show comparisons of hydrophone sensitivities obtained using 
optical methods and those obtained using reciprocity methods. Fig. 2 shows such a 
comparison between 200 kHz and 1100 kHz for a B&K8103 hydrophone and Fig. 3 shows 
a similar comparison for a GEC pvdf disc hydrophone between 300 kHz and 700 kHz. 

 
Fig. 2: B&K8103 by free-field reciprocity (squares) and HF optical interferometry 

(circles). 
 

In both cases, the agreement is better than 0.5 dB across the calibrated frequency range, 
which is within the combined uncertainties of the methods The optical method does 
however, provide a more direct calibration method traceable to length. The optical method 
is also less reliant on the type of acoustic field and makes no assumptions about the 
reciprocal nature of the transducer. 

Fig. 4 shows a reciprocity calibration of a TC4034 between 7 kHz and 600 kHz 
compared with a calibration over the same frequency range performed using the Doppler 
vibrometer and the long strip type pellicle. 

The optical method for the calibration of hydrophones below 500 kHz is being 
developed at NPL as a potential future primary standard to replace reciprocity. Work is 
on-going to overcome the light losses through the long optical path lengths in water and 
vibration modes across the pellicle. However, even with these issues, Fig. 4 shows very 
close agreement between the two methods with differences only exceeding 0.5 dB at lower 
frequencies where reflections from the pellicle mounting frame limited the free-field 
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window. This method looks very promising as a future primary standard, capable of 
replacing reciprocity below 500 kHz, with potentially greater accuracy. 

 
Fig. 3: GEC pvdf disc hydrophone by free-field reciprocity (squares) and HF optical 

interferometry (circles). The error bars denote the overall uncertainties for the reciprocity 
method expressed for a confidence level of 95% 

 

 
Fig. 4: Reson TC4034 by reciprocity and laser vibrometry. 

CONCLUSION  

The primary methods for the free-field calibration of hydrophones at NPL have been 
compared by calibration of a number of reference hydrophones using each method in the 
frequency range 200 kHz to 1 MHz and the frequency range 7 kHz to 600 kHz. In general, 
agreement is better than 0.5 dB. This is well within the combined uncertainties of the 
methods, and provides independent validation for the primary standards. The direct 
traceability of the optical methods to length does mean they offer potential for greater 
accuracy than reciprocity.  In addition to this, the comparisons show that optical methods 
could be used as a future primary standard for hydrophone calibration below 500 kHz.  
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Abstract: In situ measurements of acoustic signals in marine sediment are often 
performed using hydrophones which have been designed for use in water. Typically, these 
hydrophones are characterised for transmit or receive sensitivity in water. When the 
hydrophone is submerged in a medium other than water, the sensitivity (both amplitude 
and phase response) of the hydrophone, and its resonant characteristics, can be 
dramatically affected as a result of the differences in acoustic impedance of the medium 
and the different coupling to the medium. To investigate these changes, a series of 
measurements of electrical impedance and receive sensitivity were performed on a 
hydrophone in fine sand sediment using a novel method which does not require a priori 
knowledge of the absorption in the medium. The initial results of this investigation are 
presented in this paper demonstrating the change in the hydrophone characteristics when 
used in sediment at frequencies above 40 kHz, and the factors affecting hydrophone 
performance in sediment are discussed.   

Keywords: sediment, hydrophone, reciprocity 
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1. INTRODUCTION  

In situ acoustic experiments are frequently performed on marine sediments in order to 
determine their acoustic properties [1-7], and are particularly useful for the validation of 
geoacoustic models for both saturated [1,2,6] and gassy [3] sediments. While such 
experiments involve the insertion of transducers (sources and / or hydrophones) into the 
sediment, it is generally assumed that the water-based calibration of the devices is 
applicable. It is probable that the performance of these devices, namely sensitivity, 
electrical impedance and directional response, may change with the medium in which the 
device is embedded and this may influence the results of measurements made. This paper 
describes a novel method for calibrating hydrophones when immersed in sediment which 
is based on the reciprocity method but does not require knowledge of the absorption in the 
medium. An initial experimental study has been undertaken to determine the 
characteristics of hydrophones when buried in sediment including electrical impedance 
and receive sensitivity. It also presents an analysis of the reciprocity calibration technique 
when applied to lossy media and shows how the calibration geometry may be used 
overcome the complications introduced by the medium attenuation. 

2. CALIBRATION METHOD 

When undertaking absolute calibrations of hydrophones in water using the three-
transducer spherical-wave reciprocity method at kilohertz frequencies, the absorption is 
usually neglected as insignificant. If necessary, a correction may be made to the 
measurements to account for the known absorption in water [8].  

However, when undertaking such a calibration method in sediment, the finite 
absorption of the sediment must be taken into consideration. However, the natural 
variability of the sediment makes it difficult to predict the absorption accurately. The 
hydrophone sensitivity may nevertheless be determined without knowledge of the 
absorption if the three hydrophones are positioned in the co-linear arrangement shown in 
Fig. 1. In this arrangement, some cancellation of terms containing absorption will occur in 
the formula for the sensitivity of the central hydrophone, thus allowing its sensitivity to be 
calculated without knowledge of the absorption in the medium. Fig. 1 shows the required 
reciprocity measurement arrangement. Including the terms for the absorption in the 
medium, the equation for the pressure, p, produced by a projector P  at hydrophone H  
may be written: 

1

1

dPP e
d

ISp α−=  
(1) 

where the distance, d1, is measured from the reference centre of the projector to the 
reference centre of the hydrophone, SP is the transmitting current response of the projector 
and α is the absorption of the medium. 
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d2 

d3

P H T 

 
Fig. 1: Co-linear arrangement for three-transducer reciprocity which utilises a 

projector P and reciprocal transducer T to calibrate hydrophone H. 
 
The transfer impedances Z for P to H (ZPH), P to T (ZPT), and T to H (ZTH) are the 

quotient of the voltage on the receiver and the current used to drive the transmitter. These 
are given by: 

1

1

dPH
PH e

d
SMZ α−= ,   2

2

dPT
PT e

d
SMZ α−= ,   3

3

dTH
TH e

d
SMZ α−=  

(2) 

where MH is the receive sensitivity of hydrophone H, MT is the receive sensitivity of the 
transducer T, and ST is the transmitting current response of the projector. The separation 
between the reference centres of P  and T  is given by 2d , while 3d  represents the 
distance between the reference centres of T  and H . 

Using the formula for the spherical-wave reciprocity parameter, 

fS
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T

T

ρ
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==  
(3) 

it is possible to combine the expressions for the transfer impedances ZPH, ZPT and ZTH to 
derive an expression for the complex sensitivity of the hydrophone H: 
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The difficulty of determining the sensitivity of hydrophone H is that Equation (4) 
explicitly contains the absorption in the medium, which is difficult to predict accurately.   
However, this difficulty can be avoided by positioning the three transducers P, T and H in 
the co-linear arrangement shown in Fig. 1, with H located between P and T.  This ensures 
that d2 = d1 + d3 which simplifies Equation (4) to 
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3. EXPERIMENTAL MEASUREMENTS  

The impedance measurements and the co-linear three-transducer reciprocity 
measurement were performed in a tank of saturated sediment measuring 0.67 m by 0.49 m 
with a sediment depth of 0.45 m, with a 0.05 m head of water. The sediment was prepared 
by sprinkling 290 kg of fine silica sand into the tank containing around 60 litres of 
degassed water, providing a saturated sediment density of around 2250 kg m-3. This was 
performed in such a way as to minimise aeration of the water and thus the sediment. 

The transducers used were an ITC1042, a B&K8100, a B&K8104 and two customised 
Neptune Sonar D140’s. The D140’s were modified by Neptune Sonar to have a cylindrical 
boot for easy insertion and removal in sediment. The method used for inserting the 
transducers was to insert an open ended tube into the sediment to the required depth, 
remove the sediment within this tube using a second smaller tube, insert the transducer 
into the empty tube and finally remove the surrounding tube to allow the sediment to 
envelope the transducer. After each insertion, the sediment was given time to settle. 

Initially, only the D140s were inserted into the sediment to establish the propagation 
speed. The transmitter was driven with a HP33120A function generator at 300 mVp-p 
through a B&K2713 power amplifier with a gain of 40 dB and the received signal was 
captured on a HP98410A Vector Signal Analyser. A 5-cycle 140 kHz tone-burst was 
transmitted between the two D140s, which were separated by 0.17 m. The propagation 
speed was estimated to be 1600 ± 50 m/s from a number of these measurements. The 
received waveform indicated that the transducers were not performing as intended in 
sediment, taking longer to reach steady-state conditions than in water.  

Impedance measurements were performed on the receiving D140 using a HP4294A 
Impedance Analyser. A continuous wave method was used at discrete frequency steps of 
1 kHz between 10 kHz and 250 kHz for sediment and compared with measurements 
performed in a large water tank. The results are shown in Fig. 2. 

 
Fig. 2: Admittance loops (left) and conductance plots (right) for a D140 both in water 

(dashed) and in sediment (solid). 
 
The conductance measurements at low frequencies (below the reasonance) show that 

the conductance is slightly decreased in sediment compared with water. This is to be 
expected from the higher acoustic impedance of the sediment. The admittance loop for the 
in-sediment measurement is noticeably bigger, however, indicating a higher Q value. The 
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bandwidth of the conductance peak reduces from 24 kHz to 19 kHz with the peak 
frequency reducing by about 2 kHz. The origin of this is unclear but may be associated 
with the complex nature of the sediment impedance as a result of attenuation. 
Alternatively, the hydrophone may be less well matched to sediment than water, in this 
frequency range. However, this simple explanation does not fully explain the observed 
results. 

The reciprocity measurements were performed using the ITC1042 as the Projector (P), 
the B&K8100 as the Transducer (T) and the B&K8104 as the Hydrophone to be calibrated 
(H). The transducers were mounted as shown in Fig. 1, with their reference centres 
separated by the distances d1, d2 and d3 as indicated, where d2 = d1 + d3. The reference 
directions were aligned, with P and T pointing toward each other, and the required transfer 
impedances ZTP, ZPH and ZTH were measured. Ideally, the hydrophone H should remain in 
place throughout the measurements (including P to T measurements) so as not to disturb 
the sediment and change the propagation medium during the calibration procedure. 
However, because the hydrophone H had the potential to generate an acoustic shadowing 
effect when transmitting from P to T, ZPT was obtained both without and with H inserted. 
This was achieved by determining ZPT twice, first without H inserted and second with H 
inserted. In each case, the transfer impedance ZTP allows the reciprocal nature of the 
transducers P and T to be assessed. The sensitivity curves obtained for H in each case 
were sufficiently similar, considering the other sources of uncertainty present, for the 
shadowing effect of H to be considered negligible between 40 kHz and 90 kHz. Fig. 3 
shows the sensitivity obtained for the B&K8104 in sediment between 40 kHz and 90 kHz 
compared with a similar calibration performed in water. 

The frequency range used for the calibration was limited by the dimensions of the tank 
at lower frequencies and the increase in the internal reflections in the transducers as a 
result of the sediment at higher frequencies. Performing the calibration on a steady-state 
portion of the waveform was extremely difficult outside this frequency range. The results 
in Fig. 3 display a substantial drop in the B&K8104’s sensitivity when used in sediment. 
This was also observed for the D140 hydrophone. This may be attributed to the increased 
impedance of the sediment. Since sediment can support shear waves, it is possible that 
these may also be detected by the hydrophone. These results have implications when using 
hydrophones in sediment which have been designed for use in water, particularly if using 
sensitivity calibration data obtained in water. 

 
Fig. 3: Sensitivity plot (H inserted for P to T) for a B&K8104 (H) in both water and 

sediment obtained using reciprocity calibration method. 
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4. CONCLUSIONS 

A series of measurements, including an in-sediment reciprocity hydrophone calibration 
has been performed which demonstrate the change in hydrophone performance when used 
in marine sediment. Although the reciprocity calibration performed in the sediment is 
subject to relatively large uncertainties when compared to that of water, the results show a 
general trend for a reduction in sensitivity. It is possible that this reduction in sensitivity is 
a result of an acoustic impedance difference between that of sediment and water.  

For the hydrophones examined in this initial study the observed changes in sensitivity 
are sufficient to indicate that in-water calibration data cannot be assumed reliably describe 
the performance of these devices when inserted in sediment. 
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Abstract: For deep water systems, the two-way beam pattern is not a static parameter. 
Due to roll and pitch of the ship, the long range insonified areas respond with delays any-
where from one to twenty seconds. That time is enough for the vessel to perform a full roll 
and pitch cycle, effectively changing the angles of sound reception in both the horizontal 
and vertical directions. Reception of sound from a different direction than transmitted 
requires that the transmitting and receiving directional response be known separately. 
Additionally, in order to map the sea bottom accurately, real-time attitude stabilization 
must be incorporated into the sonar operation.  

This paper discusses the effects of vessel pitch and roll during sea bottom 
backscattering strength measurement and implementation of a method addressing this 
issue in deep water multibeam echo sounders.  

Implementation of this method requires that the directional responses of the arrays be 
measured during the calibration process. Furthermore, absolute sonar calibration is 
required in order to relate the received signal to the acoustic pressure and estimate the 
backscattering strength. Calibration of sonars is not a trivial task. The response 
characteristics of array receiving elements and their ac-companying electrical channels 
differ due to the manufacturing process. Additional disturbances from the signal passing 
through the amplifiers and filters introduce disturbances to the beam pattern, increasing 
the effective side-lobe level and reducing system performance. The TVG characteristic of 
amplifiers is an important parameter, which must be determined precisely for successful 
tar-get strength estimation. The specialized calibration facility measures the directional 
responses of all elements of the transmitting and receiving arrays, which allows 
determination of the arrays’ directional responses. 

Keywords: Keyword1, keyword2, keyword3, etc 
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1. INTRODUCTION  

One of the main challenges in manufacturing deep water sonar systems is the extent of 
swath coverage. The ability of the sonar to transmit and receive sound for many 
kilometers at low grazing angles is one of the crucial parameters responsible for system 
performance.  

The problem of swath coverage becomes even more pronounced where the design aims 
for covering the entire swath is a single transmission. The transmission of acoustic energy 
is, in fact, the driving factor in this case. For this reason, sonar manufacturers design the 
projector across-track transmitting response to facilitate an increase in intensity in the 
outer directions. The difference in source level between the nadir direction and the outer 
direction may reach 10 dB or more. In a similar way, the along-track directional response 
is also optimized for nadir direction, revealing an abrupt lowering of intensity outside the 
nadir. 

Similarly to the transmitters also receiving arrays reveal variation in the directional 
response in both the along- and across-track directions. The signal is being received for 
entire duration of a ping, which allows the vessel to change orientation and effectively 
change the sensitivity with which the sound is received from the particular direction.  

In consequence with the ship motion, the received signal in a particular direction will 
be changing dynamically with vessel motion and must to be accounted for during the 
backscattering strength estimation. 

The backscattering strength estimation also requires that the sonar be calibrated.  
One of the most commonly used methods for sonar calibration involves a well-known 

approach to single beam echo-sounder calibration called the standard target method 
[3][4][5]. Using the standard target method for a single-beam echo sounder, the calibration 
precision can be as accurate as 0.1 dB and can be performed on the vessel.  A carbon-
tungsten or copper ball with known target strength is mounted beneath the hull of the ship 
and comparison calibration is performed.  The method has been used successfully for 
many years and recently has also been applied to multibeam echo sounders [6]. 

The standard target technique has many advantages, but the critical drawback is that it 
allows only for measurement of the static two-way directional response. When there is a 
significant influence of roll or pitch on the directional response of the transmitters, the 
ordinary standard target method may not give satisfactory accuracy. 

The proposed method for backscattering strength estimation utilizes the arrays 
calibration data performed during the manufacturing process as well as with the electrical 
calibration performed before the system operation.  The main feature here is that the 
directional response is compensated dynamically for the vessel motion in real time.  The 
attitude sensor is constantly used during calculation, allowing for a proper compensation 
of the source level (SL) and received echo (EL). 

2. RECEIVE AND TRANSMIT ARRAY CALIBRATION 

The described sonar contains 12 kHz and 24 kHz transmit-ting arrays consisting of 180 
and 96 elements respectively, and a receiving array consisting of 288 elements.  The 
arrays are hull-mounted and extend over an area of 8x8 meters with overall weight 
exceeding five tons.  The calibration of this type of sonar is very difficult to conduct by 
means of the standard target method.  A more convenient method for calibration 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

460



 

facilitating the backscatter estimation is based on the utilization of the electrical and 
acoustic quantities characteristic to both a transmitter and a receiver. 

The calibration of the acoustic arrays is separate from the calibration of the electronic 
transceiver.  Determination of the acoustic arrays’ elementary characteristics has many 
advantages compared to whole array response measurement.  The calibration can be 
performed during the manufacturing process in a test tank of relatively small size.  For 
most cases, the near field zone for the element of the array does not extend more than few 
centimetres, and the measurement can be taken under free-field conditions.  Secondly, 
channel failure can be deter-mined in the early stages of production.  The standard hydro-
phone method is used, allowing for the attainment of close-to-perfect signal perception 
due to low noise.  The calibrated hydrophone is driven by the calibrated signal generator 
for the determination of array OCR.  For TVR measurements, the hydrophone is used as a 
receiver, and the precise determination of transmitter response is performed.  Finally, the 
individual channel responses can be stored in system memory and used to compensate for 
the characteristics in the beamformer.  The precise description of the array calibration has 
been presented by Pocwiardowski [1]. 

As mentioned before, the deep water system transmits the most intense sound in the 
outer directions as shown in the example figure for 24kHz system. 

 

 
Fig. 1:  Transmitting across-track (solid) DTH(θ) and along-track (dashed) DTV(θ) beam 

weighting pattern. 

At the receiver side, the beam pattern will influence the impact of ambient noise driven 
by the Directivity Index (DI). In order to increase resistance to ambient noise, the 
receiving element horizontal response should follow the transmitting horizontal response. 
In the given example, this is not accomplished. 

 

 
Fig. 2:  Receiving across-track (solid) DRH(θ) and along-track (dashed) DRV(θ) beam 

weighting pattern for 24kHz 

Even though the given example is not critical in terms of highly changing directional 
responses and can be approximated by a static correction, both horizontal responses have a 
larger deep at nadir, and the receiving vertical response has a narrower beam to improve 
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DI.  The inclusion of the beam pattern in calculations will allow for nearly arbitrary shapes 
of the beam pattern.  The projectors and receivers may have optimal directional responses 
from the DI and noise resistance point of view without negative influence on the 
estimation of bottom reflectivity. 

3. TRANSCEIVER CALIBRATION 

Calibration of the receiver is conducted by means of the calibrated internal reference 
signal source.  The signal is injected in the beginning of the electrical channel, and the 
complex response of each channel is measured.  Additional work has been devoted to 
measuring the non-linear gain characteristics for time-varied gain (TVG).  Contemporary 
systems should have a large TVG amplifier dynamic to accomplish the various operational 
conditions.  The dynamic range often reaches 80-90 dB for each channel.  This presents 
high techno-logical demands for the amplifiers in terms of noise and large gain.  As noise 
optimization is the most important factor, the gain characteristics sometimes suffer on that 
account and differ from the ideal linear pattern.  Customer demands for precision echo 
measurement require that the calibration method take into account non-ideal gain 
characteristics.  Additionally, the TVG rule is often different for varying conditions 
(spreading and attenuation).  As a result, the actual calibration procedure should certify 
that the arbitrary transmitting loss compensation rule can be used.  Very often, the TVG 
rule is calculated in DSP, and the function used is only an approximation of the desired 
one.  Moreover, during normal operation, the TVG circuit has limited dynamics, and 
during long-range pings, the gain is saturated and the TVG rule is no longer applied.  For 
that reason, in order to keep track of the system gain for each sample, it is necessary to 
record the parameter driving the analogue amplifiers directly.   

Amplifier gain characteristics are calculated using the given value set by the TVG rule 
along with the input and out-put voltages.  Since the input voltage is a known reference 
voltage, and the output voltage is measured, the characteristic curve is determined and 
saved in system memory.   

This approach gives true freedom to use the TVG rule, since the system returns the 
current amplifier driving parameter for each output sample, and the calculation algorithm 
uses the prior determined gain characteristics to calculate the real gain of the system and 
to calculate the final echo level. The customer can choose the desired TVG characteristics, 
and the proper correction will be applied automatically during calculation. 

This calibration method requires that the magnitude and phase for each individual 
channel be determined as a function of amplifier gain.  The common gain characteristics 
and the deviation for each channel of magnitude and phase are then calculated.  An 
example of the receiver calibration curves is presented in the figures below. 
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Fig. 4: Sample gain and phase ·ΔGi distribution for half array. 

 

As demonstrated in Figure 3, the gain characteristics are quite close to linear, but in the 
extreme cases the difference from the linear fit can reach 5-10 dB on the edges of the 
dynamic range.  For precision calibration, this is not acceptable.  The spread in gains and 
phases is used to correct raw element data streams before the beamforming operation.  The 
lower part of Figure 4 shows the phase distribution.  In this example the phase differences 
between channels are mostly below 5 degrees.  In some cases, however, the differences 
can reach 20 and more degrees.  The phase distribution has a significant impact on system 
performance in terms of beam side-lobes.  The following simple simulation shows the 
comparison of side lobes of the ideal beam pattern and a beam pattern with a phase 
standard deviation of 10 degrees. A few hundred realizations of the beamforming are 
given, showing that the in-crease in the side-lobe level can be as high as 7-10 dB. 
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Fig. 5:  A few hundred beamforming realizations with 10deg. standard deviation of phase 

distribution across the channels. The thick, black, dashed line shows the perfect beam 
pattern with zero deviation. 

Therefore in order to keep the side-lobes down, the magnitude and phase discrepancies 
must be compensated prior to the beamforming operation. 
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4. ECHO LEVEL AND BACKSCATTER ESTIMATION METHOD 

Before beamforming, the signal at each element (channel) needs to be corrected for 
discrepancies found during the calibration procedure as: 

iiiCi GOCRRSRS Δ⋅Δ= /(  
(1)

Where RSi is the signal from i-th receiver channel, ΔOCRi is the deviation from the 
mean open circuit response for the i-th array element, and ΔGi is the deviation from the 
mean gain characteristics.  All quantities are complex, which allows for phase correction.  
The resulting corrected signals (RSCi) undergo beamforming. 

From the sonar equation, the reverberation level for the sonar swath is expressed as: 

TSTLSLEL +−= 2  
(2)

Here EL is echo level, SL is source level, 2TL is round trip transmission loss, and TS is 
target strength, which is needed for backscattering strength estimation. 

Echo level is the signal obtained after the beamforming and beam pattern correction. 

)()()( gGOCRDDBGBLEL PitchRVRollRH −−+−+−−= θθθθθθ  
(3)

Here θ corresponds to the true bearing of the beam with reference to the ground (as if 
no roll occurs).  The BLθ is the magnitude for each beam waveform.  OCR is the mean 
value of all receiving channels of the array and G(g) is the calibration curve shown in 
Figure 3.  The two terms DRH(θ) & DRV(θ) are the normalized beam pattern1 for the 
system in the horizontal (across-track) and vertical (along-track) directions respectively.  
The pitch sensor updates the vertical characteristics, and the roll sensor updates the 
horizontal characteristics.  BG is the beamformer gain including all DSP operations, 
determined by beamforming the known artificial signal.   

The source level in (2) is also corrected for a transmitting horizontal beam pattern and 
roll expressed as: 

)()()( PitchTVRollTHA DDSLSL θθθθθ +−++=  
(4)

SLA is the array source level in the maximal direction. θ is the absolute beam angle 
with reference to the Earth. θPitch is the pitch at the moment of ping.  θRoll is the roll at the 
moment of ping.  In this way, θ+Δθ is equivalent to the transducer coordinates.  

DTH is the horizontal directional response of the transmitting array normalized to 0 dB 
at maximum response direction, (averaged elementary responses).  DTV is the average of 
the vertical directivities of all elements.  The pitch compensation (i.e. beam steering in the 
vertical direction) is done instantly at the transmitting stage.  The beam will always point 

                                                           
1 The OCR specifies the absolute leveling of the sensitivity, so here only normalized values are used. 
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at zero angle with reference to the ground, therefore the only pitch compensation for the 
array beam will include correction for envelope of the vertical (along-track) beam pattern 
of the single element DTV(θ).  Roll will be compensated by taking into account the 
horizontal directivity of the array (averaged elementary directivities) and the actual 
direction in which the sound was transmitted (with reference to the ground). It can be 
calculated as the rotation of the original directivity function of the roll angle. 

The round trip transmission loss in (2) can be expressed in a simplest form as:  

1000/2log2 RRSpTL α+−  
(5)

R is the range in meters (given by the bottom detection algorithm), α is the one-way 
absorption coefficient expressed in dB / km and Sp is the round-trip spreading factor equal 
40. 

Special consideration should be given to beam pattern corrections.  Since the number of 
elements in the system is high and their directional responses are very similar, it is 
possible to create an average directional response and follow the product theorem.  The 
system directional function is therefore weighted by the average horizontal and vertical 
directivity functions.   

By combining all the above equations, the target strength from (2) can be calculated.  
The surface backscattering strength relates to the target strength of the object as:  

ABSTS log10+=  
(6)

BS is the backscatter strength and A is the scattering area.  For bottom surface 
backscatter estimation, relevant TS comes from only the scattering area.  The part of the 
sonar data used to estimate the backscattering strength is calculated based on two 
parameters given by the bottom detection algorithm.  Those parameters are the samples of 
the beam between which the bottom scattering occurred.  The bottom detection algorithms 
utilized the adaptive window tracking the bottom.  In addition to the scattering area, the 
range to the bottom is instantly given by the bottom detection algorithm.  Because of this, 
the robust bottom detection algorithm has been achieved supporting the backscattering 
strength estimation method. 

For a simple scenario, the backscattering variation BS is assumed to undergo Lambert's 
Law.  The Lambert rule states that the backscatter is expressed as: 

))log(cos(200 HBSBS θ+=  
(7)

Where the θH is the beam angle.  The desired backscattering strength BS0 is finally 
given by: 

))log(cos(20log100 HATSBS θ−−=  
(8)

Where TS is the target strength calculated from (2). 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

465



 

5. CONCLUSION 

The method for backscattering strength estimation compensating for the vessel attitude 
in real time has been presented. It utilizes a sonar calibration method based on separately 
measured acoustic and electrical quantities.  A significant effort has been made to 
characterize the TVG amplifiers’ operation and compensation for pitch and roll during an 
echo level calculation.  The method employs the adaptive bottom detection algorithm to 
determine the reverberation surface.  Future plans include extensive testing of the 
proposed method and comparison testing against the standard target method. 
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Abstract: The usual way of mapping sub-littoral soft sediments and associated benthic 
communities involves taking grab samples for the analysis of sediment and biological 
descriptors. Due to the need of a high number of samples in order to ensure a detailed spatial 
coverage, this type of approach may become extremely time-consuming. Nevertheless, 
traditional sampling techniques present the advantage of offering the possibility to physically 
access to the sediment and the benthic specimens  

The use of acoustic techniques to monitor or characterize benthic biotopes has seen 
numerous recent applications. Acoustic ground discrimination systems are based on 
processing signals from single-beam echo sounders that, after calibration, produce acoustic 
diversity maps of the surveyed areas. However, they do not give direct information on 
sedimentary or biological characteristics of the sea bottom and thus, ground-truth is needed 
to validate the acoustic information. 

This communication presents the results obtained from a combined approach using 
acoustic and traditional sampling techniques for the identification and mapping of sublitoral 
soft bottom benthic habitats over the Portuguese coastal shelf. The acoustic survey was done 
with the acoustic ground discrimination system QTC VIEWTM system, connected to a 50 kHz 
single beam echo sounder. The traditional sampling approach consisted on the collection of 
sediment samples. The studies were conducted in areas characterised by a large range of 
survey depth and by a high variety of sediment types and/or benthic communities, covering a 
high diversity of benthic biotopes in soft bottoms. 

The results obtained showed the agreement between the acoustic and the biossedimentary 
gradients and it was possible to conclude that the acoustic system QTC VIEW presents a high 
potential for the remote assessment of benthic biotopes. Although careful ground-truth will be 
needed to ensure that the acoustic classes split are sediment and biologically relevant, the 
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acoustic survey approach produces reliable habitat maps over large spatial scales, with 
considerably less sampling and laboratory effort. The fact that the acoustic systems collect 
data almost continuously, also allows the detection of seabed discontinuity that could 
otherwise be missed by discrete sediment sampling. 

Keywords: Benthic habitats, acoustic seabed classification, habitat mapping, QTC VIEW, 
Portugal. 
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1. Introduction 

The traditional way of identifying and mapping the distribution of sub-littoral soft 
sediments and associated benthic communities involves taking grab samples and analysing 
sediment and biological descriptors. In order to ensure a detailed spatial coverage, this type of 
approach is extremely time-consuming. Nevertheless, traditional sampling techniques present 
the advantage of offering the possibility to physically access the sediment and the benthic 
specimens. 

Acoustic ground discrimination systems, as QTC VIEWTM used in the Portuguese coastal 
shelf, have been recently used in studies concerning marine benthic habitats and several 
works have shown their ability for seafloor physical characterisation through the acoustic 
seabed classification. These techniques are based on processing signals from single-beam 
echo sounders that, after calibration, produce acoustic diversity maps of the surveyed areas. 
However, they do not give direct information on sedimentary or biological characteristics of 
the sea bottom. 

On the last decade, works done worldwide have shown that the acoustic information 
obtained by the QTC VIEW system reflects a number of seabed characteristics, such are 
sediment grain size, seabed roughness, density difference between the water and the seabed 
material, seafloor sediment texture, sediment porosity and bottom slope [1; 2; 3; 4; 5]. 
Several works concerning benthic habitats mapping and characterisation demonstrated that 
the presence/absence of algae, bivalve shells and some benthic species also influence the 
single-beam acoustic backscatter [6; 7; 8]. 

Through these works, among others, and with the knowledge that physical properties of 
the environment, such as sediment type, are important in the species spatial distribution, the 
use of the acoustic system QTC VIEW has become more common in studies concerning the 
identification and characterisation of benthic communities for impact assessment, 
conservation, and studies of ecological patterns and processes. In fact, the employment of 
QTC VIEW system in studies concerning the mapping and characterization of marine benthic 
communities, together with the traditional grab sampling methods, has revealed to be an 
advantageous approach, providing the knowledge of broad-scale distribution patterns of 
benthic habitats in less survey time [9; 10; 11; 12; 13]. This paper presents the results 
obtained from a combined approach using acoustic and traditional sampling techniques for 
the identification and mapping of sublittoral soft bottom benthic habitats [14; 15; 16; 17]. The 
studies were conducted in areas characterised by a large range of survey depth (5 to 200 
meters) and by a high variety of sediment and/or benthic communities, covering a high 
diversity of soft bottom benthic biotopes. 

The results obtained showed good agreement between the acoustic and the sedimentary 
patterns and it was possible to conclude that the acoustic system presents a high potential for 
the remote assessment of benthic biotopes, although, requiring the validation of the acoustic 
diversity through ground-truth samples. 

 
 

2. Material and methods 
2.1 Sampling 
 
The acoustic system was used in contrasting coastal regions, namely the entrance channel 

of Ria de Aveiro, the near shore shelf off Aveiro and the mid shelf off Lisbon (Figure 1).  
In all the study areas, the acoustic surveys were conducted with the acoustic ground 

discrimination system QTC VIEW (Series IV and V), which was connected to a 50 kHz echo 
sounder. A Differential Global Position System (DGPS) acquired the positioning, which was 
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logged continuously along with the acoustic data and depth. The acoustic system also 
includes a laptop computer for data acquisition, display and storage.  

Ground-truth sediment samples, for the study of sediment properties, were collected using 
a 0.1 m2 Smith-McIntyre grab.  

 
2.2 Laboratory analysis 

For the study of physical properties, sediment samples were submitted to grain-size 
analysis performed by wet and dry sieving [18].  

 
2.3 Data analysis 

During the acoustic survey, the QTC VIEW uses the shape of the first returning echo to 
characterise the seabed. Using a series of algorithms the QTC VIEW produces an echo shape 
description, consisting of 166 elements [19]. Through data treatment (Principal Component 
Analysis) these are further reduced and represented by Q1, Q2 and Q3 values, corresponding 
to the coordinates of each echo in the 3 first PCA axes [20]. This data matrix is submitted to 
cluster analysis using post-processing software, QTC IMPACTTM. Clustering (k-means 
algorithm) is based on a progressive splitting process. At each split a series of statistical 
measures are provided and used as indicators of the optimal split level. Echoes from similar 
seabed types tend to form a cluster and each different cluster corresponds to a different 
acoustic class. Once this analysis is completed, each acoustic class is then associated with a 
particular seabed type through ground-truthing. 

Sediments were classified according to the Wentworth scale based in the median value 
(P50) and the percent content of fine particles [21; 22]. In the case of the mid shelf area off 
Lisbon, sedimentary descriptors were also submitted to ordination analysis, performed with 
the software PRIMER v5.  

The acoustic data, resulting from the QTC IMPACT analysis, was used in GIS software 
from which charts of acoustic diversity were produced.  

Maps of sedimentary data were also produced with GIS software and plotted against the 
ones obtained for the acoustic diversity for visually comparison. 

 
 
3. Results 
 
At the near shore shelf off Aveiro (depth from 5 to 35 m), the acoustic approach showed 

high performance for mapping the sediment biotopes in a relative monotonous bottom area 
characterised by a range of grain-size sandy sediments (very fine sand to sandy gravel), all 
with very low silt and clay content (Figure 1A). Furthermore, the information acquired in this 
area revealed that the acoustic classification was able to detect different sediment 
compactness areas. 

At the entrance channel of Ria de Aveiro and adjacent near shore shelf, an area 
characterised by strong tidal currents and frequent ship traffic, the results obtained confirmed 
the sensitivity of the acoustic system to the sediment grain-size characteristics and 
demonstrated its efficiency to assess and map seabed habitats on relatively shallow areas. The 
distribution of the superficial sediments in the entrance channel and the adjacent near shore 
shelf (Figure 1B) represents well the prevailing hydrodynamic forces, with coarse sand and 
gravel on the navigation channel, medium sand at the entrance and fine sand on the shelf. The 
diminishing of the sediment particle size towards the shelf, accompanies the reduction of the 
current velocity in the same direction. This grain-size gradient was effectively captured in the 
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acoustic diversity pattern, resulting in a very close agreement between the spatial distribution 
of the acoustic classes and the sediment pattern. In this particular environment, where 
conventional sediment sampling from a stationary vessel using grab is less favourable, the 
acoustic approach may represent an advantage to study the sediment seascape. Furthermore, 
because this study area comprises a routinely dredged channel for ship traffic, this study 
indicates that the acoustic methods could be a valuable tool to monitor the channels and 
sediment mobility.  

The sensitivity of the ground discrimination system to the sediment grain-size was also 
demonstrated in the survey performed at the mid shelf off Lisbon. In this survey, the fines 
content in the superficial sediments change gradually with increasing depth and with 
increasing proximity to the Tagus estuary (Figure 1C). The acoustic classes captured this 
gradual change and identified the predominant sediment types, namely fine sand with low silt 
and clay content (affinity group A2a), silty very fine sand (affinity group A2b) and mud 
(affinity group C).  

 
 
4. Conclusions 
 

The results obtained showed that the single-beam acoustic ground discrimination system 
present high potential for the remote characterisation and mapping of sublitoral soft bottom 
benthic biotopes, although careful ground-truth will be needed to ensure that the acoustic 
class splits are sedimentological and biological relevant. Compared to the spatially discrete 
grab-based sediment sampling, the acoustic survey approach produces reliable habitat maps 
over large spatial scales, with considerably less sampling and laboratory effort. Also, the fact 
that the acoustic systems, collect data almost continuously, allows the detection of seabed 
discontinuity that could otherwise be missed by point data, obtained through the collection of 
discrete sediment samples. 
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Figure 1. A- Near shore shelf off Aveiro: GIS representation of the acoustic classes (A, B and 
C) jointly represented with each sampling site showing the respective sediment classification. 
B- Ria de Aveiro and adjacent near shore shelf: GIS representation of the acoustic classes (A, 
B and C) jointly displayed with the bottom types. C- Mid shelf off Lisbon: GIS representation 
of the acoustic classes (A, B and C), jointly displayed with the sedimentary affinity groups. 
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Abstract: One of the most promising techniques to build a telescope of very high energy 
neutrinos (Energy > 1018 eV) is based on underwater acoustics. In the first part of the 
communication we make a brief review describing the technique, its status, the recent 
advances in R&D, as well as the pioneering experiments. The idea is to detect the acoustic 
pulse produced by expansion of the medium when heat is deposited by the neutrino 
cascade. Transverse to the cascade, which is typically 10 m long in water and a few 
centimetres wide, the radiation is coherent, resulting in a bipolar pulse with a typical 
maximum frequency of the order of 20 kHz, and the beam pattern is a disk transverse to 
the neutrino direction with angular thickness of about a degree. Although the intensity of 
the pulse is very low, the technique has the advantage of having a lower attenuation 
compared to the optic method, and therefore, with fewer sensors is possible to fulfil the 
condition of having a large detection volume, required by the low neutrino flux and their 
low interaction of probability.  
 
In the second part of the communication, we present our studies concerning to the 
obtaining of neutrino-like signals which can be used for calibration of acoustic sensors 
and future neutrino telescopes. Different approaches have been tried and used (calibrated 
hydrophones, resistors, powerful lasers, light bulbs explosion, etc.) Probably, the most 
convenient would be to generate these signals from transducers directly, and in this line, 
different configurations and equalization techniques are proposed and compared. 

Keywords: acoustic detection of neutrinos, calibration of acoustic sensors, acoustic 
neutrino-like signals 
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1. INTRODUCTION  

Astrophysics and particle physics at a first glance could be considered quite separate, 
since the first one studies the physics of the Universe whereas the second one is interested 
in the smallest part of them. But, this is a very naïve vision, because the large 
astrophysical sources cannot be understood without a good knowledge of the fundamental 
components and their laws. In addition, astrophysics also has given lately great input and 
questions for particle physics. Although all this could be considered to be very far from 
underwater acoustics, it is really not as we are going to show.  

Neutrino is a very elusive fundamental particle, which is key in particle physics and in 
astrophysics, as it has been demonstrated in the Kamiokande neutrino telescope [1]. But 
astrophysics and particle physics are very demanding fields, and they always look for 
newer and rarer processes. For instance, there is an increasing interest in having high 
energy neutrino telescopes [2], and even higher [3], where the flux of coming neutrinos 
expected is extremely low. This aspect together to the low probability of interaction of 
these particles results in that a very large volume of detection is required. This aspect 
constrains the neutrino telescope design, for instance the only option is to use natural 
abundant materials (usually water or ice). The most common technique to detect neutrinos 
is based on optic detection of Cherenkov light from muons resulting from neutrino 
interactions. However, lately there has been an increasing interest in the possibility to 
detect neutrinos using underwater acoustics, which has the advantage of a lower 
attenuation of the acoustic wave compared to the light, and therefore it would be possible 
to have larger detection volumes with less number of sensors. 

In this paper, first we describe the acoustic detection of neutrinos technique and make a 
brief review of the status of the technique. Next, our studies for obtaining neutrino-like 
signals which can be used for calibration of acoustic sensors and future neutrino 
telescopes are shown. 

2. ACOUSTIC DETECTION OF NEUTRINOS  

Acoustic detection of neutrinos was suggested long time ago [4]. However, it is not 
until last years when new technological advances, which make the technique more 
feasible, together with an increasing interest in the field, which make it more attractive, 
have brought a new insight on it.  

 
Acoustic detection of neutrinos are based on the prediction, to some extent 

demonstrated by experiment, that particle showers produced after the interaction of an 
ultra-high energy cosmic ray neutrino (>1019 eV, or 1 Joule) can deposit sufficient thermal 
energy in the water to generate an acoustic signal. This is due mainly to the near-
instantaneous expansion of the volume of material in which the thermal energy is 
deposited, resulting in a fast compression impulse followed by a weaker and slower 
rarefaction relaxation. Other mechanisms for acoustic signal production such as micro-
bubble production have also been proposed, specially at larger energies. Hadronic showers 
at these energies deposit the majority of their energy within a narrow cylinder roughly 10 
m long, 3 cm radius. Electromagnetic showers can be somewhat longer. Since the speed of 
sound in water is so much less than the speed of the shower propagation (close to the 
speed of light in vacuum), the energy deposition along the length of the shower can be 
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considered to be instantaneous, resulting in an acoustic line-source. The acoustic emission 
is coherent and at large distances from the shower perpendicularly to the shower axis. The 
amplitude of the resulting bipolar pulse (around 10 μs duration) can be large (some mPa) 
and, in principle it could be measured and distinguished from the noise background. The 
amplitude of the pressure pulse falls off very rapidly out of this plane (3 dB attenuation in 
less than 1 degree). The acoustic signal can therefore be visualised as a bipolar pressure 
pulse propagating approximately perpendicularly to the shower axis at the velocity of 
sound in water. Most of the acoustic energy is contained within the 10-30 kHz frequency 
range. In this range the attenuation length of the acoustic waves is larger than 1 km, which 
is the main advantage of the acoustic detection with respect to the optic one (attenuation 
length shorter than 100 m) This allows to build larger acoustic neutrino telescopes with 
less number of sensors.  

At the present there are some experiments and test facilities to test the acoustic 
detection of neutrinos in water and even in ice. It is also worthwhile to mention the efforts 
made in simulations and in R&D for acoustic telescopes [3].  

3. GENERATION OF NEUTRINO-LIKE SIGNALS USING TRANSDUCERS  

Generation of neutrino-like signals for calibration of both acoustic sensors for neutrino 
detection, and the neutrino telescope itself is one of the clue aspects, first to demonstrate 
the feasibility of this technique and lately for a trustful operation of the technique. 
Although different clever ideas have been tried and used (resistors, powerful lasers, light 
bulbs explosion, etc.) probably, the most convenient way to generate this kind of signals is 
directly from transducers. However, since powerful transducers do not usually have a flat 
frequency response, neutrino-like signals could be reproduced with distortion, and the 
method proposed could not work. In this section we present that this effect appears and 
some equalization techniques to overcome these limitations. 

3.1. Experimental Setup 

The study of the generation of neutrino-like signals by transducers has been done using 
a 1.10x0.85x0.80 m3 tank with an Airmar Tech. P319 transducer as emitter and a Reson 
TC4034 hydrophone as receiver. TC4034 hydrophone has a flat frequency response below 
100 kHz, whereas the P319 has a resonance in the range of interest at 50 kHz with a 
quality factor Q=28. The emission and reception is controlled by a computer with a 
HDSP9632 soundcard working at 192 kHz sampling frequency. Cool Edit and Aurora 
software are used for the data acquisition and analysis. The scheme of the experimental 
setup and a picture of the tank with the two transducers are shown in Fig. 1. 
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Fig.1: scheme of the experimental setup and a picture of the tank with the two 

transducers. 
 
 
We have chosen as neutrino-like signal to generate, the pressure pulse due to an 

electron neutrino interaction of 1.2 x 1011 GeV in sea water at a distance of 1 km with a 
zero degree angle with respect to the plane transverse, according to simulations of the 
ACORNE collaboration [5]. The shape of this pressure pulse can be seen on the top and 
left of Fig. 2 labelled as original signal.  

3.2. Without equalisation 

The first trial to generate neutrino-like signals from transducers could be to feed it up 
with an electric signal with the neutrino pulse shape. The result of this rough attempt is 
presented on the top right of Fig. 2, showing the received signal, labelled as signal 
obtained (without equalisation). If we compare what is directly observed in this trial with 
the original signal, we must conclude that what it has been emitted is far from a neutrino-
like pulse.  Moreover, it seems that there is a kind of inertia, in which the 50 kHz 
resonance has a notorious effect. 

3.3. Equalisation 

After the first attempt, the question arises: if feeding with the neutrino-like signal, the 
signal emitted is different from it. Could we feed it up with another signal in order to be 
able to generate the original neutrino-like signal? This is an inverse problem. To solve it, 
the first step is to know the response of the system, that is, the transfer function of the 
system. In order to determine it we have used a MLS signal, which is quite convenient due 
to their properties [6, 7, 8], and have determined the impulse response, and therefore the 
transfer function. Afterwards, we have applied two equalisation techniques implemented 
in the Aurora software: Flatten Spectrum and Inverse Filter. The first technique creates a 
filter inverting only the minimum phase component of it, i. e., the magnitude of the 
transfer function is inverted, whereas the second technique inverts mixed-phase impulse 
response following the Mourjopoulos least-squares technique [9]. Finally, once the filter is 
obtained, the original signal is convolved with the filter in order to obtain the signal that 
should be used for feeding the transducer. The final results for the two techniques are 
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shown on the bottom of Fig. 2, which shows the received signals applying both methods. 
Comparing them with the neutrino-like signal reference and the obtained without 
equalisation, we can conclude that the flatten spectrum technique improves a little with 
respect to the case of non equalisation (however, it is still far from being good). Much 
better results are obtained using the inverse filter based on the Morjopoulos technique, 
which reproduces the neutrino-like signal shape with large accuracy. 

 

 
Fig. 2: Neutrino-like signal (top left); signal obtained when feeding directly with the 

previous signal (top right); bottom: signal obtained with equalisation, applying the flatten 
spectrum method (left) and the inverse filter method (right) 

3.4. Work in progress: directivity 

In the previous study, we have dealt with the generation of neutrino-like pulse by 
transducers in order to get the same pressure pulse shape. Using the inverse filter we have 
got a good reproducibility of it. However, there is also an important aspect that has not 
been treated. This is the directivity of the source. As we have said in section 2, the 
pressure pulse from a neutrino interaction is very directive. It would be very convenient 
for the calibration of neutrino telescopes to have sources not only with the same pressure 
pulse, but also with the same directivity pattern. Since the neutrino source is practically a 
line source, the straightforward attempt would be to generate the signal from a linear array 
of omnidirectional transducers. Thompson studied this possibility and concludes that for a 
linear array of 10 m length, a minimum of 6 omnidirectional (preferably 10) sources are 
needed to obtain a similar directivity pattern to that of the neutrino [10]. At the present, we 
are studying configurations with directional sources in order to see if it is possible to 
obtain the same directivity pattern with less number of transducers and in a shorter 
configuration, which will result in a more practical calibrator. 
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Calibrating a 200 kHz pressure-stabilized split beam transducer 
 

Egil Ona, Frank Ticky, Ruben Patel 
 

Abstract: The pressure-performance of a new 200 kHz transducer, the Simrad 
ES2007CD has been measured using a new, motorized echo sounder probe. Besides 
the conventional measurements for split beam transducers: system gain and two-way 
directivity pattern within the limits for the phase angle detectors, we have also 
measured the effective angle sensitivity (conversion factor between mechanical angles 
and electrical phase angles) and changes in the equivalent beam angle with pressure. 
Data from sea calibrations in a 700 m fjord basin are compared with conventional 
fresh water tank calibrations. 
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SAS AND SIDE SCAN SONAR SYSTEMS COMPARED: 
EXPERIMENTAL RESULTS FROM HUGIN AUVS 

Per Espen Hagen, Roy Edgar Hansen, Øivind Midtgaard 

Norwegian Defence Research Establishment, P O Box 25, NO-2027 Kjeller, Norway 
E-mail: Per-Espen.Hagen@ffi.no 

 
Abstract: The Norwegian Defence Research Establishment (FFI) and Kongsberg 
Maritime has an ongoing programme to develop the HUGIN autonomous underwater 
vehicle (AUV) for civilian and military applications. As part of this development, several 
different side scan sonar (SSS) and synthetic aperture sonar (SAS) systems have been 
integrated on different HUGIN vehicles, and experimental experience has been gained for 
these systems. 
This paper lists the main advantages and disadvantages of SSS and SAS; in view of 
critical parameters such as resolution, range, signal to noise ratio, sonar complexity and 
platform requirements. Data from at-sea operations from some of the systems on-board 
HUGIN AUVs are compared. 
One of the primary applications of AUVs is detection and classification of mine-like 
objects. The article briefly discusses the merits of SSS and SAS systems in this context. 
Systems fielded on HUGIN AUVs include the EdgeTech 2200-M dual-frequency side scan 
sonar, the EdgeTech 4300-MPX multi-pulse side scan sonar, the EdgeTech 4400-SAS, and 
the Kongsberg HISAS 1030 prototype. This selection of systems is fairly representative, in 
that it includes both relatively modest and relatively advanced examples of both SSS and 
SAS systems available on the market today. 
 
 

Keywords: Side scan sonar, synthetic aperture sonar 
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1. INTRODUCTION 

Autonomous underwater vehicles (AUVs) are today in operational use for military, 
commercial and research applications. In many cases, a side scan or synthetic aperture 
sonar is the main sensor. 

As part of FFI’s AUV programme, a variety of SSS and SAS systems have been fielded 
on HUGIN AUVs. Until now, the two main applications for such sensors have been 
seafloor imaging for the offshore oil and gas survey industry, and detection and 
classification of mine-like objects for Navy users [1][2]. The required resolution and area 
coverage rate differs between these customers – even high-end sonars for civilian purposes 
can be marginal or unusable for mine classification. 

As of today, 25 HUGIN vehicles have been sold to military and civilian customers in 
Europe, Asia and America. Combined, the HUGIN AUVs have covered a distance 
exceeding 120,000 km – three times around Earth at the equator. As all these vehicles are 
equipped with SSS or SAS systems, this has provided the HUGIN developers with 
extensive amounts of operational experience with such systems. 
 

       
 

Fig.1: Left: The HUGIN I test and development AUV with the Kongsberg HISAS 
prototype. Middle: A HUGIN 1000 AUV with an EdgeTech 4400-SAS. Right: A HUGIN 

3000 AUV with an EdgeTech dual-frequency SSS. 

2. MAIN CHARACTERISTICS OF SSS AND SAS SYSTEMS 

2.1. System design and complexity 

The side scan sonar is traditionally a very simple sensor; basically a single-element 
antenna perhaps 20-200 cm long which is used for transmission as well as reception. Only 
very rudimentary signal processing is required for a simple SSS. 

SAS, on the other hand, is by nature a much more advanced sensor. All practical SAS 
systems feature a multi-element receiver [3], and there are good reasons for having a 
separate transmitter and also a secondary receiver array for interferometry [4]. The signal 
processing is highly complex and computationally expensive [5]. Additionally, most SAS 
systems rely on tight integration with a high-grade aided inertial navigation system. It is 
only in very recent years that SAS has become technically and commercially viable for 
routine production use. The first commercial AUV-based SAS was the EdgeTech 4400-
SAS delivered to the Royal Norwegian Navy (RNoN) in January 2004, as part of the 
HUGIN 1000 AUV [2]. 
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2.2. Resolution, sampling and range 

For side scan sonars, the along-track resolution, along-track sampling and range are 
closely coupled. For SAS, these three parameters are independent and can be selected 
freely (limited by cost and complexity). Table 1 lists (simplified) main parameters of the 
two classes of systems (from [6]). Typically, the maximum range of a SSS system is 
chosen based on the required along-track resolution, the required ping distance, and the 
transmit frequency (higher frequencies have stronger attenuation and thus limit the 
maximum achievable range). 

 
Parameter SSS SAS 

Cross-track (range) resolution 
2
cr
B

δ =  

Along-track (azimuth) resolution max( , )rx D
D
λδ ≈  3

4
x dδ ≈  

Sampling distance 
2Rvx

c
Δ =  Any (typically, x xδΔ ≈ )

Maximum slant range ,
2req req
cR x R x

D v
λ δ≤ ≤ Δ  

4
cDR

vα
=  

 
Table 1: Performance parameters for SSS and SAS. c is the speed of sound, B is transmit 

bandwidth, D is the length of the sonar (for SAS: the receiver), d is the length of each 
receiver element, λ the transmit wavelength, v is platform speed, and α is a SAS overlap 

factor (slightly) greater than 1. 

It is worth noting that some of the SSS limitations may be mitigated by advanced 
techniques such as dynamic focusing, use of multiple pings in the water simultaneously, or 
formation of multiple beams from the received data. High-end SSS systems such as the 
Klein 5000, the EdgeTech 4300-MPX or the EdgeTech 4500-DF use techniques like these 
(at the cost of substantially increased system complexity). One limitation that cannot be 
overcome is that along-track resolution deteriorates with range in the far field – while the 
SAS along-track resolution is constant at all ranges (provided the SAS system is 
functioning properly). Fig. 2 shows an example of this. 

As can be seen, none of the SAS parameters depend on transmit frequency – provided 
the chosen frequency has sufficiently low attenuation to allow reception from maximum 
range. However, given a receiver length D and element size d, the choice of frequency has 
other consequences: 

• A higher frequency requires a shorter synthetic aperture. This in turn means that 
shadows will be more clearly defined for a higher-frequency SAS. 

• On the other hand, a lower-frequency SAS system will allow multi-aspect 
imaging [7][8]. 

• Backscatter from the seafloor and objects is frequency dependent. Some 
materials become acoustically transparent at low frequencies. 

• The lower the frequency, the higher the signal to noise ratio at long ranges. 
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Fig.2: SSS and SAS data at different ranges. 10x10 m contact images around a frustum 
with base diameter 1 m. AUV altitude 12-13 m. Top: EdgeTech 4300-MPX SSS images. 
The theoretical along-track resolution changes from 35 cm to 50 cm. Bottom: EdgeTech 

4400-SAS images. The theoretical along-track resolution is 15 cm at all ranges. 

3. DATA EXAMPLES 

Table 2 lists some of the main characteristics of three sensors used on HUGIN vehicles. 
Note that many of the parameters listed are only typical values. For the MPX sonar, the 
range resolution depends on the number of pulses used (the frequency band can be divided 
into 2, 3 or 4 to allow multiple pulses in the water). 

 

Parameter EdgeTech 
4300-MPX 

EdgeTech 
4400-SAS 

Kongsberg 
HISAS prototype 

Centre frequency 410 kHz 120 kHz 100 kHz 
Range resolution 2-5 cm 7 cm 3 cm 
Along-track resolution 35-55 cm 14 cm 3 cm 
Range 100 m 165 m @ 4 kts 200 m @ 4 kts 

Table 2: Main characteristics of three sonars. 
 
Fig. 3 shows imagery taken under similar conditions with the EdgeTech 4300-MPX 

SSS and the EdgeTech 4400-SAS. The 4300 is a (relatively) high-end SSS, whereas the 
4400 is decidedly a low-end SAS. The along-track resolution of the SAS is thus “only” 
about 3 times higher than the resolution of the SSS, and the range resolution somewhat 
lower. 

The images confirm that there is clearly a difference in resolution in favour of the 
EdgeTech SAS. Details such as the cable near the lower edge of the top images are much 
more blurred in the SSS images; the same is the case for the small rocks scattered around 
the images. 

26 m 53 m 72 m 86 m 

42 m 58 m 72 m 105 m 
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However, the SAS images contain a substantial amount of speckle. The speckle size is 
similar to the sonar resolution – about 10-20 cm. As a consequence, it may be more 
difficult to interpret the seafloor from the SAS images – the rocks do not stand out from 
the background as clearly as in the SSS images. 

 

    
 

    
 

Fig.3: EdgeTech 4300-MPX SSS (left) and 4400-SAS (right) images of two areas near 
Bergen, Norway. Top: 20-80 m range, 80 m along-track (port side). Bottom: 25-75 m 

range, 60 m along-track (starboard side). 
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Fig.4: EdgeTech 4300-MPX side scan images. Top: A 60x60 m area with rocks and 
varying reverberation centred at 42 m range. Depth 8 m, altitude 12 m. Bottom: Image of 

the sunken submarine U-735 centred at 25 m range. Depth 175 m, altitude 20 m. 
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Fig.5: Kongsberg HISAS prototype images of the same areas as in Fig.4. Top: A 60x60 
m area centred at 38 m range. Depth 10 m, altitude 10 m. Bottom: U-735 centred at 65 m 

range. Depth 175 m, altitude 20 m. 
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Fig. 4 shows imagery taken with the EdgeTech 4300-MPX; Fig. 5 shows the same 
areas imaged with the Kongsberg HISAS prototype (also known as SENSOTEK SAS 
[8][9]). HISAS is a high grade SAS with more than 10 times higher along-track resolution 
than the MPX. As can be expected, the image quality is substantially better. Because of 
the high resolution, the speckle is much more fine-grained and does not detract from the 
interpretation of the scene. 

The wavy pattern at far range with the SSS is caused by direct surface returns. HISAS 
uses a shaped transmit beam to reduce acoustic multipath. Some multipath can still be 
seen in the top image, which is a particularly tough case: An area with strong 
reverberation at close range, followed by an area with much weaker seafloor returns. 

The difference between the two submarine images is dramatic. Notice also that the SAS 
image is taken at significantly longer range – 65 m vs 25 m. 

4. CONCLUDING REMARKS 

This article has focused on direct comparisons between a good SSS and two different 
SAS systems. In addition to the superiority of high-resolution SAS in these comparisons, 
it is important to remember that a system such as HISAS 1030 has a number of additional 
advantages – much longer range, and the ability to do multi-aspect imaging and high-
resolution interferometry. The end result is that SAS allows much more reliable detection 
and classification of small objects. 
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Buried objects detection by means of nonlinear acoustics method in 
the shallow water 

 
Eugeniusz Kozaczka 

 
Abstract: Nonlinear phenomena of intense and parallel propagation of the acoustic 
beams has had very promising physical feature connected with modern underwater 
acoustics application. The main achievement of nonlinear underwater acoustics is 
development of parametric sonar. The application of this new device has not 
developed for active duty system until recently because the extremely low efficiency 
due to the weakness of nonlinear interaction during formation of parametric beam. 
Recent investigations in this subject give acceptable level of efficiency so parametric 
sonars are more and more widely used. The biggest problem facing active sonars in 
shallow water is reverberation .Because of the lack of sides lobe and very narrow 
beam of the parametric sonar it is a very efficient and effective tool that can be 
applied for searching buried objects including mines in the sea bottom. In this paper 
will be given an overview of knowing results connected with the searching of the 
buried objects.  
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Investigation of seabed structure by means of the nonlinear acoustic 
method – preliminary measurements 

 
Grazyna Grelowska 

 
Abstract: The ability to predict seabed properties: seafloor roughness, sub-bottom 
structure and discrete scatterers laying on the seafloor or buried into sediments, from 
remotely sensed data is important especially in regions that need permanent 
monitoring.   Precise determination of seabed structure or localisation of buried 
objects in the sand requires the use of a low frequency signal to penetrate the 
sediment and a narrow beam to provide high-resolution data. Both requirements can 
be achieved with a parametric (nonlinear) technique. A low frequency signal is 
obtained after a short propagation by combining two primary signals at high 
frequency. The directivity of the secondary beam is close to the primary one.  The aim 
of the paper is to present results of preliminary experimental investigation using 
parametric echosounder in laboratory as well as in natural conditions. The 
laboratory measurement took place in a tank facility in which the transmitter was 
vertically suspended. A distance of receiving hydrophone changed up to 30 m from 
the transmitter. During all tests, both transmitter and receiver were situated at mid 
width and mid depth of the tank. The acoustical characteristics of the parametric 
source, such as beam patterns and on axis pressure distribution were determined for 
primary and secondary frequencies of the array.  The second phase of the tests allows 
to study the ability of the device for determining seafloor structure in natural 
conditions – in the lake.  In all investigations the primary frequency of the array was 
of 100 kHz, whereas the secondary frequency changed in range 5 kHz – 15 kHz.  
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IDENTIFICATION OF A RESONANT TARGET IN THE FREE 
FIELD AND BURIED IN A SEDIMENT USING ITERATIVE, 

SINGLE-CHANNEL TIME REVERSAL 
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Abstract: Numerical studies demonstrate enhanced signal-to-noise ratio and convergence 
to a narrowband signal using iterative time reversal of the monostatic scattered return 
from a resonating target [Pierson, David M., “Buried Object Detection Using Time-
Reversed Acoustics,” PhD Dissertation, North Carolina State University, 2003]. The 
center frequency of the converged-upon signal is a resonance frequency of the target 
whose value can be used for classification and identification purposes. This technique 
could offer a straightforward means for enhancing target return levels in a noisy or 
cluttered environment using existing sonar systems. We report results from scaled 
experiments performed in a water tank using broad band (Q~2) piston transducers 
operating in the 500 kHz – 2 MHz frequency range. The target is a 6.35-mm diameter 
hollow steel sphere suspended in the free field and buried at different depths in a medium-
grain sand layer. The procedure consists of exciting the target with a broadband pulse, 
digitizing the echo return, reversing the data stream in time, and using this signal as the 
source waveform for the next interrogation pulse. Free field results indicate that the 
spectrum of the echo rapidly converges to a frequency corresponding to a resonant mode 
of the target. The signal to noise ratios of targets buried in sand are enhanced as the 
iterations converge to the strongest available target resonance.  
 
Keywords: Time Reversal, Buried Objects, Matched Filter 

1. INTRODUCTION 

The identification of targets resting on, and buried beneath, the seafloor is an 
important and challenging problem.  Strong echo returns from the water-sediment 
interface, attenuation of sonar signals in the sediment, and the presence of coherent returns 
from clutter in the ocean bottom hinder the detection of buried targets.  This paper 
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investigates the application of single channel iterative time reversal to help mitigate the 
difficulties in buried object detection by exploiting target resonances in order to enhance 
the signal to noise ratio of backscattered echo returns. 

The advent of time reversal in underwater acoustics took place in the mid 1960’s with 
the development of the matched signal (MESS) processing technique, credited to Antares 
Parvulescu [1].  It was not, however, until the last two decades that the application of time 
reversal in acoustics began to proliferate [2 3].  Recent experiments have utilized time 
reversal to obtain the spatial focusing of acoustic energy in the oceanic waveguide over 
large distances [4 5].  The detection of submerged targets using time reversal has been 
examined in work by Gaumond et al. who were able to focus on and estimate the location 
of an echo-repeater suspended in shallow water during the TREX-04 experiments [6].  
Schemes for the detection of targets resting on or buried beneath a sediment layer were 
investigated by Sabra et al. who used time reversal to enhance the level of the strongest 
scatterers in reflectivity maps of the ocean bottom [7].  These methods rely on the spatial 
focusing of acoustic energy through the use of an array of transducers, also known as a 
time reversal mirror. 

Previous numerical results developed by Pierson [8] indicate that a form of iterative 
time reversal using a single-element transducer can increase the signal-noise ratio of a 
backscattered echo while simultaneously converging to a narrowband signal characteristic 
of the scattering target’s dominant spectral response frequency.  The technique, which is 
described below, automatically generates a matched filter for the spectral response of a 
target and does not rely on spatial focusing to generate an enhancement in return levels. 
This paper presents results from laboratory experiments in which Pierson’s single channel 
iterative time reversal technique was applied to enhance the level of backscattered returns 
from targets in both the free field and buried beneath a layer of sediment. 

2. MATERIALS AND METHODS  

The iterative time reversal technique consists of exciting a target with a broadband 
pulse, digitizing the windowed echo return, reversing the data stream in time, and using 
this signal as the source waveform for the next interrogation pulse.  If this process is 
performed iteratively, the level of a target’s signature can potentially be enhanced while at 
the same time decreasing the level of coherent returns from clutter often present in the 
shallow water environment.  The procedure is as follows: 

 
1.) Interrogate the target with a broadband pulse. 
2.) Sample, using a time-domain window, a portion of the return signal. 
3.) Filter the return signal to account for the frequency response of the system, 

which is determined separately via a calibration procedure (see below). 
4.) Reverse the temporal order of the windowed and filtered signal 
5.) Transmit the new, time reversed, signal, where the transmit signal 

amplitude is normalized to a predefined maximum value. 
6.) Repeat steps 1-5 iteratively. 

Time reversal experiments were conducted in a water-filled test tank using a target 
(described below) suspended in the free field and buried beneath a layer of medium 
grained sand.  The tank is made of aluminium and has internal dimensions 0.75 m wide x 
2.40 m long x 0.57 m deep, appropriate for pulse-echo experiments in the frequency range 
of interest (0.5 – 2 MHz).  The water was filtered and degassed nightly.   
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The setup of electronic instrumentation is depicted in Figure 1.  Monostatic pulse-echo 
experiments were conducted, in which the same transducer was used to send and receive.  
Matlab was used to generate all outgoing waveforms and was interfaced with a GAGE 
D/A board, whose output was amplified, routed through a Ritec RDX-6 diplexer (also 
known as a transmit-receive switch), and sent to a 12.7-mm diameter Panametrics V-303 
unfocussed broadband (Q ~ 2) piston transducer nominally centered at 1 MHz.  The 
diplexer consists of a diode clamp, which prevents high amplitude signals from saturating 
the pre-amplifier in transmit mode, and a diode expander, which limits interference from 
broad band electrical noise generated by the power amplifier in receive mode.  Received 
signals were low pass filtered below 2 MHz using an active filter/preamplifier.  
Waveforms were monitored in real time using an analog oscilloscope and a GAGE A/D 
board was used to digitize and store signals at a sampling rate of 25 MHz.  A function 
generator clocked both the D/A and the A/D boards. 

 

 
 

Fig.1: Diagram of experimental instrumentation.  Experiments were performed both 
with the target suspended in the free field beneath a layer of transparent tape and buried 

in a tub of medium grained sand.  This illustration depicts the configuration used for 
buried target experiments. 

 
The target used in all experiments was a 6.35 mm outer-diameter hollow spherical 

shell made of aluminium 3003.  The wall thickness was measured to be 0.28 mm, yielding 
a ratio of inner radius to outer radius of 0.91.  This target was chosen based upon its strong 
resonances in the 0.5 – 1.5 MHz frequency range as predicted theoretically by a model 
developed by Hickling [9].  The target was positively buoyant and, for the free field 
experiments, was suspended beneath a horizontal strip of ~50 um thick Scotch 3170 
polypropylene packing tape, which spanned the width of the tank.  The tape was clamped 
between two acrylic holders on either side of the tank, and was determined to be 
acoustically transparent through pulse-echo measurements.  The target was positioned at a 
distance of 10 cm from the transducer’s face, which is beyond the Rayleigh distance (8.5 
cm) for this transducer when driven at 1 MHz. 

For experiments with a buried target, the sphere was wrapped in a thin layer of nylon 
and secured to the bottom of a plastic tub using a piece of monofilament line.  The tub was 
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then filled with a layer of medium grained sand, burying the target at a depth of 2.5 cm, 
corresponding to about 15λ at 1 MHz, based on a sediment sound speed of 1700 m/s. 

3. TRANSDUCER CALIBRATION  

In order for time reversal to converge to the dominant resonance of a target, the 
transducer used will ideally have a flat response in both send and receive so that its own 
resonant characteristics do not interfere with the time reversal operator’s convergence.  
Most real transducers do not satisfy this requirement, therefore a transducer normalization 
method similar to the one employed by Feuillade et al. [10] was used to account for the 
combined send-receive response of the transducer.  If we assume that scattering 
experiments can be described in terms of a linear time invariant system, the measured 
return from a scattering target in the frequency domain would be of the form 

1 S R TR T T S V= , (1) 

where ST  [Pascal/volt] and RT  [volt/Pascal] are the frequency responses of the transducer 
upon acoustic transmission and reception, respectively, TS  is the non-dimensional 
backscatter response of the target, and V  [volts] is the driving signal sent to the 
transducer.  To determine the combined send-receive response, S RT T , the transducer is 
pointed vertically up at the free-water surface, a pulse 0V is transmitted and a pulse 0R  
reflected from the surface of the tank is received.  An inverse filter, H , can then be 
generated from the transducer’s response such that 

0

0

1

S R

VH
T T R

= = − , 
(2) 

where the negative sign accounts for the 180°  phase shift at the pressure release surface. 
In order to avoid singularities due to small values of 0R  at certain frequencies, a 

Weiner filter [11] was applied such that 

0 0
2
0

*

| |
V RH
R ε

= −
+

, 
(3) 

where ε  is a small correction term.  The inverse response was then exponentially 
extrapolated outside of the frequency range of interest, and a Yule Walker recursive digital 
filter design function in MATLAB was used to generate the coefficients of an infinite 
impulse response filter.  The transducer response was then removed from measured echoes 
by application of the inverse filter.   This allows the technique to be free to converge to the 
dominant backscatter mode(s) of the target.   

The inverse filter was tested by pointing the transducer at the pressure release surface 
and transmitting a linear frequency chirp spanning 0.5 - 2 MHz, as seen in Figure 2a in the 
time domain and Figure 2b in the frequency domain.  The backscattered return from the 
water surface is depicted in Figures 2c and 2d, along with the magnitude response of the 
inverse filter, which is the dashed line in Figure 2d.  When applied to the backscattered 
waveform, the inverse filter normalizes the transducer’s response, resulting in the 
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waveform shown in Figures 2e and 2f, a return that one would expect to measure using a 
transducer with a flat frequency response.   

 
Fig.2: Waveforms and associated spectra from tests of the normalization procedure for 

the Panametrics V-303 unfocussed broadband (Q ~ 2) piston transducer nominally 
centered at 1 MHz.  (a.) Linear chirp driving voltage sent to the transducer in which the 
transmitted pulse was directed normally at the pressure release water surface.  (b.) 
Magnitude spectrum of (a).  (c.) Transducer voltage for the first reflection from the 
pressure release tank surface.  (d.) Solid line is the magnitude spectrum of (c) and the 
dashed line is the magnitude response of the inverse filter used in the transducer 
normalization procedure.  (e.) Waveform (c) after application of the inverse filter.  (f.) 
Magnitude spectrum of (e). The amplitudes for all plots are in arbitrary units.  

4. FREE FIELD EXPERIMENTS 

A linear frequency chirp spanning 0.5 – 2 MHz, depicted in Figures 3a and 3b, was 
used to interrogate the spherical shell target.  The backscattered echo from the target is 
shown in Figures 3c and 3d.  The return, after application of the transducer calibration, is 
depicted in Figures 3e and 3f, along with the inverse filter’s magnitude response shown as 
a dashed line.  The target’s measured response possesses a number of strong resonances, 
which show qualitative agreement with an analytical prediction of the target’s 
backscattered far-field acoustic form function (not shown). 

In Figure 4 are shown the results of an experiment where 50 iterations of the time 
reversal procedure, outlined in Section 2, were performed with the time reversal window 
centered on echo returns from the target.  Time domain signals for iteration 0 (the first 
backscattered echo return), iteration 2, and iteration 10 are shown in Figures 4a, 4b, and 
4c, respectively, and their frequency domain counterparts are presented in Figure 4d along 
with the inverse filter’s magnitude response.  The two solid vertical lines in each time 
trace specify the position of a cosine squared time reversal window with an envelope 
covering 10% of the total length of the window.  Ten iterations of the time reversal 
procedure resulted in a convergence of the echo returns to a narrowband signal centered at 
the dominant frequency of the target’s backscattered response, located near 800 kHz. 
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Fig.3: Waveforms and associated spectra from the target characterization experiment.  

(a.) Linear chirp driving voltage sent to the transducer in which the transmitted pulse was 
directed at the spherical shell target.  (b.) Magnitude spectrum of (a).  (c.) Transducer 
voltage for the first reflection from the spherical shell target.  (d.) Magnitude spectrum of 
(c).  (e.) Transducer voltage from (c) after application of the inverse filter. (f) Solid line is 
the magnitude spectrum of (e) and the dashed line is the magnitude response of the inverse 
filter used in the transducer normalization procedure. The amplitude for all plots is in 
arbitrary units. 

 

 
Fig.4: Backscattered echo returns from the spherical shell target suspended in the free 

field.  Vertical lines in (a)-(c) depict the position of the time reversal window.  (a.) First 
backscattered echo return.  (b.) Iteration 2 of the time reversal procedure.  (c.) Iteration 
10 of the time reversal procedure. (d.) Magnitude spectrum of (a) through (c) shown with 
the magnitude response of the inverse filter used in the transducer normalization 
procedure. 

5. BURIED TARGET DETECTION 

To align the transducer for buried target experiments, the target was unburied and the 
level of backscattered echo returns from the sphere was maximized.  The target was then 
carefully reburied in the same position, and the time reversal procedure described in 
Section 2 was performed.  The location of the time reversal window was shifted from 30 
µs preceding to 60 µs following the return from the sand surface in steps of 1 µs.  A 50 
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iteration time-reversal sequence was obtained at each window position, using 3-cycle 1-
MHz sine wave interrogation pulses to initiate each time reversal procedure. 

The results of this experiment are depicted in Figure 5.  Time domain signals for 
iteration 0 (the first backscattered echo return), iteration 2, and iteration 10 are shown in 
Figures 5a, 5b, and 5c, respectively, and their frequency domain counterparts are 
presented in Figure 5d.  The two solid vertical lines in each time trace specify the position 
of the time reversal window.  In each time domain waveform, the pulse arriving earliest in 
time is a strong specular return from the sand’s surface which is followed by a lower level 
echo return from the spherical shell target.   

 
Fig.5: Backscattered echo returns from the spherical shell target buried 2.5 cm 

beneath a layer of medium grained sand.  Vertical lines in (a)-(c) depict the position of the 
time reversal window.  (a.) First backscattered echo return.  (b.) Iteration 2 of the time 
reversal procedure.  (c.) Iteration 10 of the time reversal procedure.  (d.) Magnitude 
spectrum of (a) through (c) shown with the magnitude response of the inverse filter used in 
the transducer normalization procedure. 

 
The first backscattered echo return, iteration 0, is depicted in Figure 5a in the time 

domain and the Fourier transform of the signal within the time reversal window is shown 
in Figure 5d.  In the time series plot, there is no obvious return from the target visible and 
in the frequency domain, none of the peaks can be clearly identified as a target resonance.  
After two iterations of time reversal, the return from the target is enhanced, as evident in 
Figure 5b, where a pulse following the specular return from the sand surface is clearly 
visible.  The signal within the time reversal window now contains a narrowband resonance 
that is characteristic of the spherical shell target.  By iteration 10, as seen in figure 5c, the 
location of the target has been identified, and as seen in figure 5d, application of the time 
reversal procedure has resulted in convergence to a narrowband waveform that is clearly a 
resonance of the buried target.  At iteration 10, a factor of 5 (14 dB) improvement in the 
amplitude of the target return is observed relative to the first backscattered return. 

6. SUMMARY AND CONCLUSIONS 

In this paper, a single-channel iterative time reversal technique was presented and 
shown to enhance the backscattered echo returns from a resonant target suspended in the 
free field and buried beneath a layer of medium grained sand.  Free field results indicate 
that the spectrum of the echo rapidly converges to a frequency corresponding to a resonant 
mode of the target, filling the time reversal window.  The signal to noise ratio of a target 
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buried beneath a sediment layer is enhanced as the iterations converge to the strongest 
available target resonance.  The center frequency of the converged-upon signal is a 
resonance frequency of the target whose value can be used for classification and 
identification purposes.  This technique could offer a straightforward means for enhancing 
target return levels in a noisy or cluttered environment using existing sonar systems.  
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Abstract: Monostatic and bistatic acoustic scattering measurements were performed on 
solid-filled fibreglass objects (a sphere and a cylinder with hemispherical endcaps) 
deployed proud on a sandy seabed and insonified by a rail-mounted parametric source at 
low frequency (roughly ka=5–40). The paper is limited to monostatic measurements of the 
cylinder. It consists of a thin-walled shell made of an approximately isotropic random-
fibre material, and then filled partially with an isotropic epoxy resin and partially with sea 
water. The cylinder is simple enough in shape to be treated by currently available 
modeling techniques, but realistic enough to give a first insight into the physics of the 
elastic waves present in such material combinations. Preliminary data analysis indicates 
that the scattering signatures are dominated by the solid filling. The experimental data 
were acquired in October 2006 during the EVA-06 trial off the Island of Elba. 

Keywords: low-frequency target scattering, parametric sonar, data analysis  

1. INTRODUCTION  

The main objective of the EVA-06 sea trial was twofold: recording low-frequency, 
broadband (roughly 2–18 kHz), scattering data from targets of different shape and 
materials, and measuring the reverberation of different kinds of seabed in the frequency 
band 4–50 kHz. This paper is limited to the former part of the experiment. A 1.5m-long, 
solid-filled, cylindrical shell was deployed proud on a sandy seabed in the coastal waters 
of Elba Island (Italy), and insonified by a parametric source at low frequency. The 
cylinder consists of a thin-walled, fibreglass shell made of an approximately isotropic 
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random-fibre material, and filled partially with an approximately isotropic epoxy resin and 
partially with sea water. Its response to multiple aspect insonification was collected in 
both monostatic and bistatic configurations, both in the near field and in the far field of the 
object itself. The paper is limited to monostatic, far-field measurements. In past sea trials 
[1-3] the scattering response was measured from proud and buried empty steel spherical 
shells and flat-endcapped, water-filled, steel cylinders in the same bandwidth. The 
materials and structure of the previous targets made their scattering response much easier 
to interpret. A selection of data is presented and compared to simulations obtained by the 
AXISCAT modelling tool [4]. Elastic wave analysis is applied to interpret the data 
structure. Preliminary to EVA-06, tank measurements [5] were performed roughly in the 
same ka range on small spheres made of approximately the same materials. Those 
measurements allowed the estimation by acoustic inversion of the elastic properties of the 
materials, with which to feed the AXISCAT model. 

2. DESCRIPTION OF THE EXPERIMENT AND DATA PRE-PROCESSING 

Monostatic, multiple-aspect target scattering measurements were performed by using 
an endfire parametric source mounted on a 24m-long rail (Fig. 1(a)), and a linear array of 
16 elements and an aperture of 1.41 m, mounted vertically in a quasi-monostatic 
configuration. The source could rotate in pan and tilt with a precision of about 1o. At low 
frequency the source has a -3dB beamwidth of 8o (horizontally) by 4o (vertically) at 8 kHz, 
and a -3dB bandwidth roughly between 4 and 14 kHz. Its non-linear interaction region is 
estimated to extend to the first 11 m in front of the transducer. Details on the sonar system 
characteristics can be found in [1]. The sonar was mounted on a telescopic tower, with 
height varying from 6 to 10 m. Hence it allowed the measurement of the target field at 
different grazing angles. The seabed was of compact, fine sand. The water depth was 
between 12 and 14 m in the area, having a slope up (of about 3-4o) from the rail towards 
the target field. Isospeed conditions were measured in the water column at 1530 m/s.  

 

(a) (b)  

Fig.1: (a) Experiment geometry (not to scale). 3D view. (b) Cylinder on the seabed. 
 
A cylinder (Fig. 1(b)) was deployed proud on the seabed in front of the rail, 18 m from 

the rail itself. It is a hemispherically endcapped cylindrical fibreglass shell of 1.5m length, 
0.5m diameter and 1cm thick walls, filled with an epoxy resin for the 5/6 of its length, 
leaving one hemisphere filled with sea water. From acoustic inversion applied to scaled 
spheres of the same materials measured in a tank [5], and from further model tuning on the 
EVA target the estimated fibreglass properties were: density ρ=1845 kg/m3, 
compressional speed cp=3000 m/s, shear speed cs=1550m/s with respective attenuations 
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0.35 and 0.85 dB/λ.  The estimated filler parameters were: ρ=1845 kg/m3, cp=3060 m/s, 
cs=1580 m/s with attenuations 0.5 and 0.8 dB/λ respectively.  

The data selected are the aligned coherent averages over 60 pings of the beamformed 
acquisitions by the vertical array, bandpassed between 2.5 and 18 kHz. The incident pulse 
was a Ricker pulse [1] nominally centred at 8 kHz. Figure 2 shows the spectrogram of two 
data samples. A complicated echo structure follows the front echo in both cases. 
 

  

Fig.2: Beamformed data samples of backscattering from the cylinder at normal (left) and 
endfire (right) incidence. Response to a Ricker pulse nominally centred at 8 kHz. The 

spectrograms (in dB) are shown normalized to the maximum of the two images. 

3. THE AXISCAT MODELING TOOL  

AXISCAT [4] is a frequency-domain Finite Element (FE) model for computing the 
radiation and scattering from axially-symmetric fluid-loaded structures subject to a non-
symmetric forcing field. Using an azimuthal Fourier series expansion of the 3D acoustic 
and elastic fields, the 3D FE problem is separated into a series of independent smaller 2D 
problems. The Bérenger PML [4] is used to emulate the Sommerfeld radiation condition 
for free-field targets as well as for targets inside layered fluid media. For those cases 
where an axisymmetric structure interacts with a water-sediment interface, if the overall 
symmetry is broken but the target is still axisymmetric, such as in the proud cylinder case, 
the single-scattering approximation is obtained by computing the scattered field 
components for the target in the free field, generated by the directly-incident field and by 
the bottom-reflected incident field, respectively. The far-field scattered pressure is 
computed from the FE solution sampled on the target surface via the Helmholtz-Kirchhoff 
integral, by employing the appropriate Green’s functions for the free field or for the 
layered medium.  

4. MODEL-DATA COMPARISON: RESULTS AND DISCUSSION  

Model-data comparison is limited here to the composite cylinder insonified at normal 
incidence and on the water-filled endcap (Fig. 3). The results are shown in Figs. 4 and 5 
respectively. Figure 6 shows the physical interpretation of the echo structure in terms of 
main diffractive and elastic effects. The object model was meshed with Lagrange cubic 
elements, the size of which was selected according to the convergence criterion in [4]. 
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This lead to the following element distribution: 50 elements along half of the cylindrical 
body, 20 elements along half of each hemisphere, 16 across the PML, 1 across the 
thickness, 18 along the cylinder inner radius. The parameters of the materials are listed in 
Section 2. For the sediment a sound speed of 1650 m/s was used in the band 3-18 kHz 
(corresponding to a nominal critical angle of 22o); the density was set to 1900 kg/m3 [1]. 
The model assumes plane wave incident field, which is only roughly true at the object 
slant range (being 21 m at normal incidence, and 24 m at endfire, with the sonar far-field 
limit estimated at 30-35 m). The grazing angle was tuned to optimize model-data fitting. 

At normal incidence (Fig. 4) the interference between direct and bottom-bounce returns 
is shown to play a major role as the bottom-reflected front echo is strong and partially 
overlaps the elastic scattering components of the time response. The spectrum is 
dominated in the whole bandwidth by this interference (Lloyd-mirror effect), which is 
extremely sensitive to geometrical parameters such as grazing angle and sediment 
properties, all known with insufficient accuracy. Consequently, the model-data 
comparison is less accurate in the frequency than in the time domain. The comparison of 
the time series is extremely accurate until t=28.3 ms, which implies that the estimated 
material properties are correct. Amplitude and phase discrepancies occur around 28.45 and 
28.8 ms, at the arrival of echoes of the Scholte-Stoneley wave travelling at the filler-shell 
interface (Fig. 6 (a)). The tank data analysis [5] showed that this discrepancy is due to the 
selection of perfect-bonded boundary condition between the filler and the shell: an 
intermediate condition between pure transverse slip and perfect contact should be more 
realistic. A disagreement of the same nature can be noticed in the endfire data at 33.2 ms 
(echo of the axial Scholte-Stoneley wave). A model refinement is under investigation.  

When the sonar points to the cylinder’s water-filled endcap (Fig. 5), the model-data 
comparison is generally good in the time domain. The main discrepancy is on the small 
echo around 32.3 ms, which is due to diffraction effects, hence is linked to a non-perfect 
knowledge of the geometry or of the seabed properties. The comparison of the spectra is 
very good in the band 3-8 kHz. The low-frequency equally-spaced dips come from the 
sound propagating and bouncing inside the filler at its shear speed (see Fig. 3 (a)), and 
arriving at 33.8 ms. Between 8 and 13 kHz the dips are related to the same kind of wave, 
but propagating at the filler compressional speed: its phase and amplitude do not perfectly 
fit, as confirmed by its time echo at 33.6 ms. Depending on the geometry, the path of some 
of these internal bounces may interact with the bottom (see the example in Fig. 3(b)). 
Hence the non-precise knowledge of the geometry and of the sediment properties may 
have caused the disagreement noticed at 33.6 ms. Another possible reason may be the 
presence of local inhomogeneities (e.g., air bubbles) in the filler. At higher frequencies the 
measured elastic response is very weak and comparable to the reverberation/noise level. 

 

(a)  (b)  

Fig.3: Direct and bottom-reflected sound to and from the cylinder at (a) normal and (b) 
endfire incidence. The supported wave travel paths are sketched coming from direct 

insonifications. An analogous set of waves is generated by the bottom-reflected sound. 
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Fig.4: Cylinder at normal incidence. Model-data comparison in time and frequency 

domains. Spectra are computed from the data segments within the blue dashed lines. 
 

 
Fig.5: Cylinder at endfire incidence. Model-data comparison in time and frequency 
domains. Spectra are computed from the data segments within the blue dashed lines. 

 

Fig.6: Wave analysis applied to the time responses of the cylinder at normal (a) and endfire 
(b) incidence. Only the strongest echoes are considered. WG stays for Whispering-Gallery, 

SS Scholte-Stoneley, L longitudinal, T transversal wave. 
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5. CONCLUSIONS AND FUTURE ACTIVITIES 

The paper presents a selection of scattering data acquired during the EVA-06 sea trials 
under relatively controlled and repeatable geometry. Results of model-data comparison 
and wave analysis are shown that aim at the validation of the target scattering modelling 
tool AXISCAT. The successful model-data comparison shows that the model is generally 
capable to properly and accurately describe the physics. This activity will continue with 
the monostatic measurements of the cylinder at different grazing angle, at different 
aspects, as well as with near-field bistatic data and with data from a half-filled sphere 
made of the same materials.  
The inspection of the real data shows how elastic wave effects are supported also by resin-
filled fibreglass objects having relatively complex internal structure. The levels of the 
excited wave echoes are high enough to be detectable even in the presence of interference 
with the seabed. The elastic response is dominated by waves supported by the filler, while 
the shell appears to be almost acoustically transparent.  
Due to the broadband insonification, the destructive interference with the seabed, localized 
at certain frequencies depending on the grazing angle, has limited effect on the overall 
echo structure. This effect will be analyzed also at other grazing angles, including 
subcritical.  
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Abstract: Different applications require the detection, location as well as the 
determination of the dimensions of embedded objects in the sediments of rivers, lakes or 
coastal areas. Some objects of interest are pipelines, cables, boulders, wrecks or mines.  
Sub-bottom profilers based on nonlinear acoustics offer many advantages especially for 
detecting and locating embedded objects in shallow waters. They have a narrow beam in 
spite of small transducers and virtually no side lobes. It is possible to realize mobile low-
frequent sub-bottom profilers, which transmit very short sound pulses at high pulse 
repetition rate. Excellent vertical as well as horizontal resolutions at reasonable 
penetrations are proven benefits by using this technique. Even the detection of objects with 
small differences of their acoustical impedances compared to the surrounding material, 
like water filled wood embedded in mud, becomes possible. 
Electronic steering of focussed sound beams is a further step for the location of small 
embedded objects at high spatial resolution. The target strength of a spherical object is 
independent of the angle of incidence while the echo strength of the seafloor and sediment 
layers decreases with increasing incidence angle. Therefore small embedded objects are 
often better to detect using oblique sound beams instead of vertical beams. Sub-bottom 
profilers using electronic beam-steering to scan the seafloor offer a considerable 
advantage of getting the overall sub-bottom information within the first decimetres 
beneath the bottom surface, especially while looking for embedded objects.  
In this paper some technical aspects are discussed and a scanning sub-bottom profiler 
using nonlinear sound generation system is described. Results from different field trials 
are shown to illustrate the successful application in practice. 

Keywords: sub-bottom profiling, nonlinear acoustics, scanning sub-bottom profiler 
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1. INTRODUCTION 

Various applications require the detection and location of objects embedded in the 
sediments of rivers, lakes or coastal areas. Objects of interest are for instance pipelines, 
shipwrecks, archaeological objects, boulders, mines and so on. 

There are numerous problems which may occur during the acoustical detection of 
embedded objects. Some of the most important difficulties are: 

• small object dimensions, 
• unfavourable object position close to the seafloor or near layer boundaries, 
• small reflection coefficients due to similar acoustic properties of the object and 

the surrounding sediment, 
• weak echo strength due to the acoustic attenuation in the sediment. 

Therefore, sub-bottom profilers used for object detection should have some special 
properties like: 

• high spatial (horizontal as well as vertical) resolution, 
• high dynamic range and ability to detect weak signals, 
• low frequencies to ensure low attenuation in the sediment, 
• ability to work in shallow water since most embedded objects of interest are 

located in shallow water areas. 

To get a high vertical and horizontal resolution to detect even small objects you need: 

• short transmission pulses (or pulses with a wide frequency-bandwidth), 
• a small footprint, meaning a narrow sound beam, 
• a sound beam with only the main-lobe to avoid ambiguities resulting from the 

side-lobes, 
• a high pulse repetition rate (ping rate). 

Nonlinear acoustics offers many advantages compared to linear sound generation like 
narrow sound beams with virtually no side lobes using small-sized transducers combined 
with the capability to transmit very short pulses that can be exploited for the detection of 
small objects especially in shallow water areas [1, 2]. 

2. NONLINEAR ACOUSTICS FOR SUB-BOTTOM PROFILING 

Nonlinear (parametric) sub-bottom profilers (SBP) transmit at least two signals of 
slightly different high frequencies (primary frequencies f1<f2, f1/f2≈1) at high sound 
pressures simultaneously. Because of non-linearities in the sound propagation new 
frequencies are generated in the water. One of these so-called secondary frequencies is the 
difference frequency (F=|f1-f2|) that is low enough to penetrate the seafloor [2]. The 
reflected primary-frequency signals may be used for exact determination of water depth 
even in difficult situations, e.g. soft sediments.  
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The half-power beam-width for the difference frequency is nearly the same as for the 
mean primary frequency and there are no significant side lobes for the difference 
frequency. Therefore narrow low-frequent sound beams can be generated using small  
transducers. Because of the high system-bandwidth of a parametric system, really short 
signals can be transmitted and there is nearly no ringing at the end of the transmitted 
sound pulse. These properties make parametric systems particularly useful in shallow 
water areas and for object detection applications. 

During the projects described in this paper INNOMAR’s parametric SBP SES-2000 
standard (www.innomar.com) was used, see figure 1 and table 1. 

 

   

Primary frequency about 100 kHz 
Difference frequencies 5, 6, 8, 10, 12, 15 kHz 
Beam-width ±1.8° 
Beam steering range ±15° 
Pulse length  0.66 ... 500 µs 
Pulse repetition rate up to 50 pps 
Water depth range 1 ... 500 m 
Transducer size 0.22m × 0.22m × 0.1m  

Fig. 1: Main unit and transducer of the 
parametric SBP SES-2000 standard 

Table 1: Selected technical data SES-2000 standard 

3. DETECTION OF EMBEDDED OBJECTS USING NONLINEAR  
SUB-BOTTOM PROFILERS 

Embedded objects of interest, like pipelines or archaeological remainings, are often 
located in very shallow water areas. The advantageous properties of parametric SBPs as 
outlined above can by exploited especially in such shallow water areas and/or other 
difficult situations, e.g. when looking for wooden archaeological objects embedded in soft 
sediments. Examples are shown in figures 2 - 4. 

 

 
 

Fig. 2: SES-2000 echoprint examples showing wooden posts, dated from the Viking era, covered 
by mud; the reflection coefficient was calculated to ca. 0.1 based on laboratory measurements [1] 

 
For the detection of small embedded objects oblique sound beams seems to be 

particularly suitable, see figure 4. At vertical incidence objects are often obscured by the 
strong reflections from sediment layers. At oblique incidence only a small part of the 
energy is backscattered from sediment layers to the transducer while the backscatter level 
from small objects remains the same as for vertical incidence. Therefore the picture of 
small objects seems to be enhanced in echoprints in case of oblique incidence. 
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(a)  
 

(b)  
 

Fig. 3: SES-2000 pipe echoprint examples showing (a) 3 different pipes with diameters of 15-20 
inch covered by more than 2m coarse sand (water depth 4-6m) and (b) 30-inch pipe with refilled 

trench (water depth about 2.7m) 

 
The echoprints in figure 4 show a wooden post, almost covered by mud. In the middle 

echoprint the object was directly beneath the transducer. The outer echoprints show the 
same object “illuminated” by oblique sound beams, transmitted at adjacent survey lines 
(line spacing about 2 meters). In these two echoprints the sediment layers almost vanish 
while the embedded object is clearly to detect. 

 

  

Fig. 4: SES-2000 object detection principle using vertical and/or oblique sound beams (left) and 
object detection example (wooden post dated from the Viking era) using 3 sound beams 

 
Oblique sound beams can be produced either by tilted transducers or by electronic 

beam steering. To cover a wide area of the seafloor in spite of narrow sound beams,  
needed for high spatial resolution, more sound beams are useful. Electronic beam-steering 
can be used to generate consecutive sound beams with different angles to scan the sub-

10m 

1m

1m

seafloor 
 
 
sediment layers 
 
 
refilled trench (disturbed layers) 
 
pipe 
 
 
multiple seafloor reflection 
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seafloor. The beam-steering range for electronic beam-steering is limited because of the 
increasing side-lobe level for increasing steering angles depending on the array element 
spacing. Therefore tilted transducers should be used for large beam steering angles. 

Increasing side lobes with increasing steering angles can cause echoes that interfere 
with the echoes from the main lobe, especially if working at slopes or in rivers and 
channels. One example is shown in figure 5. In the +20°-echoprint a strong reflection just 
beneath the seafloor, coming from the ship’s hull, can be seen that is not present in the –
20°-echoprint.  

The echoprints in figure 5 also demonstrate that the first return of the seafloor are 
extended and seafloor detection becomes more complicated with increasing incidence 
angles. 

(a)  (b) 

 

 

Fig. 5: (a) sound beam arrangement and HF directivity during data collection for the echoprints 
shown in figure 6; (b) sections of the100kHz-HF echoprints for the 5 beam angles shown in (a) 

 
Figure 6 shows echoprints along one profile using different sound beams with different 

incidence angles using a SES-2000 scanning sub-bottom profiler. There are objects and 
geological structures to detect in these echoprints. 

4. CONCLUSIONS 

Nonlinear sub-bottom profilers are perfectly suited for object detection tasks. It was 
shown that parametric SBPs give high-resolution results even under difficult situations 
like very shallow water and bad reflectors like water filled wood embedded in mud. Small 
objects can also be detected using oblique sound beams, especially if the objects are 
located near layer boundaries. 
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LF 0° (vertical) 
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Fig. 6: SES-2000 echoprints (LF 8 kHz) of different beam steering angles (range 20m – 28m); 
beam arrangement according to figure 5 
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Abstract: Bubble acoustics is important in many aspects of underwater acoustics.  For 
example, scattering of sound from bubbles in the surf zone, in shallow water, in gas-bearing 
sediments, and in seagrass beds increases the difficulty of detection and characterization of 
natural and man-made phenomena in those environments.  A bubble in a free field has a 
natural frequency and quality factor which is significantly different from that of a bubble 
near an object or near other bubbles.  In many of the above applications the bubbles do not 
appear in the free field, but are close to either other bubbles or objects of interest.  As a step 
toward understanding the general problem of closely spaced bubbles near surfaces of 
arbitrary shape, a theoretical, numerical and experimental investigation of the dynamics of a 
single bubble between parallel plates is presented.  The experiment was conducted in a tank 
that contained a pair of closely spaced parallel titanium plates.  Individual air bubbles were 
positioned between the plates with a tulle mesh net.  For a range of bubbles sizes (radii 
between 0.6 and 2.0 mm), the resonance frequency and quality factor were measured utilizing 
a spectral subtraction technique.  The bubble size was determined optically using diffuse 
backlighting.  As expected, the resonance frequencies of the confined bubbles were reduced 
relative to their free-field values.  For a given bubble size, the amount of reduction was 
inversely proportional to the plate spacing.  The measurements were compared to an 
analytical model for a bubble between infinite rigid parallel planes, which was found to 
under-predict most of the measured bubble resonance frequencies.  A finite element model of 
the experimental system that treated the plates as rigid, of finite extent, and enclosed within a 
rigid tank effectively described most of the measurements. 
 

Keywords: confined bubble, interacting bubbles, resonance frequency, bubble dynamics 
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1. INTRODUCTION 

Bubble acoustics is important in many aspects of underwater acoustics. For example, 
scattering of sound from bubbles in the surf zone, in shallow water, in gas-bearing sediments, 
and in seagrass beds increases the difficulty of detection and characterization of natural and 
man-made phenomena in those environments [1,2]. A bubble near an object or near other 
bubbles has a natural frequency and quality factor which is significantly different from that of 
a bubble in a free field [3–6]. In most real world applications the bubbles do not appear in the 
free field, but are close to either other bubbles or objects of interest. Therefore, as a step 
toward complete understanding of bubble dynamics in the complex ocean environment, a 
theoretical, numerical and experimental study of a single bubble between two parallel plates 
was conducted. We measured the resonance frequency and quality factor of bubbles confined 
between plates and compared the results to the predictions of an idealized analytic model and 
a finite element simulation of the experiment.  The former under-predicted most of the 
measured bubble resonance frequencies while the latter described, within the measurement 
uncertainty, most of the measurements. 

2. DESCRIPTION OF THE EXPERIMENT 

The experimental apparatus is shown in Fig. 1. It consists of a system to excite and 
measure the acoustic response of the bubble and tank, and an optical system to independently 
determine the bubble’s equilibrium radius. A computer controlled vector signal analyzer 
(VSA) was programmed to generate excitation signals (band-limited periodic chirps) that 
were digitized by the VSA and directed through a power amplifier to a small 
electromechanical shaker. The shaker excited a piston (25 mm radius) that was fitted to a 

Fig.1: Schematic diagram of the bubble behaviour between parallel plates 
experiment. 
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rubber membrane window in the side of the tank. A miniature hydrophone received the 
acoustic pressure inside the tank. The hydrophone signal was directed to a charge amplifier 
and band pass filter (10–10kHz) before digitization by the VSA. Complex pressure spectra 
were obtained via transfer function calculations performed onboard the VSA using at least 20 
spectral averages. The optical system was designed to acquire a magnified image of the 
bubble. A ring light and a diffusion screen generated diffuse backlighting of the bubble. A 
CCD video camera was attached to a microscope whose objective was rotated to the 
horizontal and focused on the bubble. Images of the bubble were digitized and recorded. 

To enclose the experiment, an acrylic tank shaped like a trapezoidal prism 0.3556 m high 
by 0.127 m thick by 0.3556 m long at the top edge was created. One side was built at a seven 
degree angle to the vertical to partially interrupt mode structure within the enclosure. To 
position the bubble, a net was constructed from 0.51 mm diameter wire and fine tulle fabric.  
This positioning device was previously shown to have negligible effect upon the bubble 
resonance frequency [7]. The tank was filled with filtered partially degassed fresh water. 

Initially, plates were constructed of 0.305 m square by 6 mm thick stainless steel and 
positioned with acrylic supports. These plates, however, exhibited strong flexural resonances 
within the experimental frequency range that interfered with the bubble dynamics. Therefore, 
25 mm thick titanium plates, backed with two alternating layers of 6.35 mm thick rubber and 
3.17 mm thick brass sheets were used. The increased stiffness and decreased density of the 
titanium plates increased the frequencies of the flexural resonances and reduced their 
amplitude. The shear damping layers further reduced the flexural vibration amplitude. The 
result was a tank/plate response that was free of strong resonance within the frequency range 
of the experiment.  Quantification of this reduction is given in [8]. 

Excitation of the bubble was restricted to the linear regime and a spectral subtraction 
technique was employed to determine the resonance frequency of the bubble [5]. First, the 
transfer function between the source signal and the hydrophone signal was obtained with no 
bubble in the tank. Subsequently, without altering the hydrophone or source location, a 
bubble was inserted into the tulle net using a long needle. A second transfer function was 
obtained with the bubble in place.  The bubble response was obtained by subtraction of the 
two transfer functions. The typical result resembled the classic simple harmonic oscillator 
response, as expected. The frequency bin that contained the maximum of the magnitude of 
the subtracted spectrum was taken to be the bubble resonance frequency and the half power 
width of the peak was taken to be the quality factor of the oscillation. 

A sample image of a bubble in a tulle net is shown in Fig. 2-(a).  Upon further 
magnification of the bubble using the microscope, the 640 x 480 pixel image was transferred 

Fig. 2: Images taken by the CCD camera of a bubble in a tulle net. The major (2Ra) and 
minor (2Rb) axes are measured from the magnified image.  
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to the computer and uniformly scaled to fill a sheet of letter size paper. The bubbles had radii 
on the order of 1 mm and were shaped like oblate spheroids with eccentricity no greater than 
1.3. The bubble’s major (2Ra) and minor (2Rb) axes were measured using a machinist’s scale.  
A sample measurement is shown in Fig. 2-(b).  Absolute calibration was achieved with a co-
located length reference and the effective spherical bubble radius was determined. This 
procedure resulted in maximum bubble radius uncertainty of +/− 1.8%. According to 
Strasburg [9], the resonance frequency of an oblate spherical bubble deviates by less than 
0.6% from the equivalent spherical bubble resonance, for eccentricity up to 1.41. Hence, all 
the bubbles in this study were effectively spherical. 

3. MODELS 

3.1. Infinite Rigid Parallel Planes 

We begin with the expression developed by Commander and Prosperetti [10] for the 
resonance frequency of a single bubble in an unbounded fluid: 
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where P∞ is the hydrostatic pressure of the fluid, ρ is the density of the fluid, R0 is the 
equilibrium bubble radius, σ is the surface tension, and Φ is defined in Eq. 27 of [10] and 
accounts the thermal behavior of the gas. The physical parameters used in this work are 
presented in Table 1. In confined spaces and under the influence of other bubbles, however, 
bubble dynamics are altered from their free state. A model closely resembling the present 
experiment was developed by Cui et al.[6] and the pertinent results are repeated here. It was 
developed using the method of images and describes a single bubble oscillating between two 
rigid infinite parallel planes. The steady state bubble radius oscillation magnitude Ξ(ω) is 

where k is the wave number in the host liquid, d is the plate separation distance, k0 = ω0/c, c is 
the host liquid sound speed, ω is the angular frequency, and ω0 is the bubble’s free resonance 
frequency given by Eq. (1). The normalization parameter Ξ(0) = -(p0/3γP0)R0 is used, where 
p0 is the amplitude of the acoustic drive pressure and γ is the ratio of specific heats of air. 

Parameter Value Parameter Value 
Water density ρl = 997.5 kg/m3 Air thermal diffusivity D = 2.08x10-5 m2/s 
Air density ρg = 1.2 kg/m3 Surface tension σ = 7.2x10-2 kg/s2 
Water sound speed cl = 1491 m/s Viscosity μ = 1x10-3 kg/m⋅s 
Air sound speed cg = 317 m/s Ratio of specific heats of air γ = 1.4 

Table 1: The material parameters used in the data analysis and in the numerical and 
theoretical calculations are presented. 
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Setting the real part of Eq. 2 to zero yields a transcendental equation for the resonance 
frequency of the confined bubble 

ω res =
ω0
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The quality factor is defined by the relation Q = |Ξ(ωres)/Ξ(0)|, however the model of Cui 
et al. only takes into account the effect of radiation damping. Therefore, Eq. 2 is modified to 
include additional damping terms appropriate to the bubbles in the experiment by expanding 
the imaginary part to  
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where the viscous, thermal and radiation damping coefficients are given by bvis, btherm and 
brad, respectively, and are evaluated using Eq. 33 of Ref. [10]. Comparison of their relative 
importance appears in [2]. 

3.2. Simulation of the Experiment 

The experiment deviates from the ideal model primarily because of the finite size and 
impedance of the plates and the presence of the tank walls. Therefore, a numerical finite 
element (FE) model was used to simulate the experiment. The FE domain was identical in 
dimension to the tank containing the bubble and plates and the scalar wave equations was 
used to generate an FE system using commercial FE software. The interior of the simulated 
tank was assigned the sound speed and density of water in Table 1. The tank walls were 
simulated by assigning rigid boundary conditions to the external surfaces of the FE domain. 
A pressure condition was established on the domain surface corresponding to the location of 
the rubber membrane, which in the real tank provided the interface for the piston and shaker. 
Within the FE domain, rigid surfaces were inserted in the locations corresponding to the 
experimental plates. A spherical subdomain representing the bubble was centered between 
the plates and assigned the sound speed and density of air listed in Table 1.  The continuity 
condition was applied to join the water and air subdomains. 

The radius of the bubble subdomain was set at 1 mm and the numerical experiment was 
performed by incrementing the excitation frequency in discrete steps spanning the expected 
resonance frequency. The velocity of the bubble wall was calculated at each frequency step 
and the frequency of maximum velocity found. This frequency was recorded as the bubble 
resonance frequency. Initially, the numerical experiment was performed without the plates. 
The resulting numerically-determined free bubble resonance frequency agreed with Eq. (1) 
within 2%. Then the plates were included and the numerical bubble resonance frequencies 
were found for a range of plate separation distances. Additional details of the FE model and 
code appear in [8]. 

4. EXPERIMENTAL RESULTS AND MODEL COMPARISON 
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The experimental apparatus and technique was verified by measuring bubble resonances 
with the plates removed. The measured resonance frequencies are shown in Fig. 3-(a). Error 
bars represent bubble size uncertainty (due to finite resolution of the optical system), the 
finite frequency resolution bandwidth of the acoustic measurement, and the uncertainty in the 
calculation of the hydrostatic pressure (due to the uncertainty of the bubble depth in the tank).  
The measured resonance frequencies agree with Eq. 1 within the limit of the measurement 
uncertainty. This result validates the use of the tulle net to position the bubble, at least with 
regard to the resonance frequency. The measured quality factor is shown in Fig. 3-(b). The 
measurement uncertainty here is approximately the size of the data marker. The 
measurements are over-predicted by Eq. 4, used here by setting ωres=ω0. The presence of the 
tulle net and tank walls [5] are the likely causes of the discrepancy. 

The damped plates were placed in the tank and the experiment was repeated for a range of 
bubble sizes and plate separation distances. The measurement results are shown in Fig. 4-(a) 
along with the predictions of Eq. 3 and results of the finite element simulation. Error bars on 
the experimental data represent same measurement uncertainty previously described, plus 
uncertainty in the plate separation distance. The finite element simulation yielded bubble 
resonance frequencies higher than those predicted by Eq. (3). This is qualitatively expected, 
since a bubble between finite plates is less constrained than a bubble between infinite plates. 

Fig. 4: The measured and predicted resonance frequencies and quality factors of an air 
bubble in water positioned by a tulle net between titanium plates. The solid horizontal 
line in (a) represents the resonance frequency of a free bubble. 

Fig. 3: The measured and predicted resonance frequencies and quality factors of an air 
bubble in water positioned by a tulle net in an otherwise empty tank are shown. 
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The finite element model agrees well with most of the experimental data (within the 
measurement uncertainty), although there are some outliers.  The deviation is most likely due 
to the finite impedance of the plates to flexural motion. 

The measured quality factor is shown in Fig. 4-(b) and compared with Eq. (4), which does 
not describe the measurements very well. The deviations seen in Figs. 3-(b) and 4-(b) are 
consistent with the effect of tank reverberation described in [5]. In addition, the finite 
impedance of the plates provides an energy storage mechanism not accounted for in Eq. (4). 

5. CONCLUSIONS 

The dynamics of an air bubble positioned by a tulle net both alone in a tank, and between 
parallel plates in a tank were studied experimentally. An analytic model and a finite element 
simulation were compared with the results of the experiments. In the tank with no plates, the 
bubble resonance frequency was well described by Eq. 1, however the quality factor was 
overpredicted by Eq. 4. The tulle net is made of nylon fibers that have a density (≈ 1.1 g/cm3) 
similar to that of water, hence fiber motion (instead of an equivalent-volume parcel of water) 
should effect the resonance frequency little. Moving a parcel of fiber (relative to the water, 
relative to neighboring but stationary parcels on the same fiber, and relative to neighboring 
fibers in the net) does impart additional energy dissipation. The mean deviation between 
measured and predicted quality factor is attributed to this extra dissipation. The fluctuations 
of the observed quality factor about the mean are attributed to tank reverberation, which 
causes fluctuation about the free-field value [5] and is not accounted for in Eq. 4. 

Confinement by damped titanium plates reduced the resonance frequency, as expected. 
The resonance frequencies of the confined bubbles were proportional to the plate separation 
distance and were qualitatively described by the infinite rigid plate model. A better 
quantitative description was provided by the finite element simulation, which considered the 
plates to be rigid but finite in size, and inside a rigid tank. The overall trend of the bubble-
between-plates measurements is well described by the finite element model, but the 
fluctuations observed in the measurements above and below the trend are not predicted. 
Furthermore, the measured quality factors of the plate-confined bubbles exhibited wide 
variations that are not described by the model. The deviation between measurement and 
model in both Figs. 4-(a) and (b) is most likely due to the finite impedance of the plates to 
flexural motion. Within the frequency range of the measurements, a number of plate flexural 
modes were present that produced strong resonant peaks in the tank response [8]. After the 
damping treatment was applied to the plates, the amplitudes of these modes were greatly 
reduced, but the motion was not eliminated completely. This flexural motion is a frequency-
dependent means of energy storage that can alter the radiation load on the bubble, and hence 
cause frequency dependent deviations from the model predictions. 

Upon consideration of the above, the following hypotheses emerge. For a bubble 
interacting with a finite size, acoustically hard (relative to the host fluid) object, both the 
distance of the bubble from the object and the physical extent of the object control the mean 
resonance frequency of the bubble. Local fluctuations in resonance frequency and quality 
factor (relative to the mean behavior) seem to be governed by the dynamical properties of the 
object, or in other words, the resonance frequencies of various modes of vibration of the 
object, and the strength of those resonances.  A finite element model that includes the elastic 
response of the plates and the tank walls is under development.  This model will help verify 
the above hypotheses and further quantify the competing effects of object size and dynamic 
response as they pertain to the dynamics of a nearby bubble. 
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Abstract: This paper presents an analysis and discussion of a method of counting gas bubbles 
based on the theory of nonlinear response of the single gas bubble in a fluidlike medium 
insonified with high intensity two-frequency acoustic pulses. Analytically derived approximate 
solutions of the Zabolotskaya-Soluyan equation for the sum, as well as the double and difference 
echosignal components are presented. The resulting expressions are presented and their 
application to measure the bubble population in marine environment evaluated. The results for a 
single bubble are additionally compared with numerical solutions of the Rayleigh-Plesset 
equation and other nonlinear two-frequency bubble oscillation algorithms. A brief review of the 
most interesting results of the long term investigations of the bubble population in the water 
environment and gassy sediments in the Baltic Sea performed by the authors is given in 
examples. In experiments where primary frequencies were chosen to detect bubbles with radii in 
the vicinity of 100, 50 and 25 μm. The data were collected at pairs of frequencies 30 and 
33.5/35, 105 and 115 kHz and occasionally at 57-60/65 kHz. The analysis of the contribution to 
the received signals at double, sum and difference frequencies from the off-resonance fraction of 
the bubble population suggests that the echo components are dependent on the form of the size 
spectrum of a bubble population, and corrections should be included in the algorithms of the 
estimation the bubble concentration. The examples of the results based upon historical 
measurements of the concentrations and size distributions of gas bubbles performed in the Baltic 
Sea jointly with measurements of other environmental parameters are also presented. They 
include bubble concentration periodicities, correlations of a bubble concentration with an 
atmospheric electricity, bubbles presence and concentrations of surface active substances in the 
sea surface microlayer. 

Keywords: gas bubbles, nonlinear acoustics, Baltic Sea 
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1. Introduction 
 
Elastic properties of gas bubble inclusions in a homogenous medium allow efficient use of 

acoustical inverse techniques to their detection. The simplest, however frequently ambiguous 
acoustic method of detection of gas bubbles is based on their strong linear resonance scattering. 
Under resonance scattering assumption the number of resonant gas bubbles in ensonified volume 
is proportional to the energy of the received echo. A single gas bubble possesses also very strong 
nonlinear properties, encouraging the employment of nonlinear methods of detection and sizing 
gas bubbles. As an example, the method based on the second harmonic echoes was developed 
and used in estimating bubble population in the Ocean more than 30 years ago [1].  Using a two 
frequency parametric source some investigators [2,3] proposed to detect gas bubbles in the sea 
environment utilising the difference frequency generated by bubbles. Another two frequency 
nonlinear acoustic techniques based on an examination of modulation of a high-frequency echo 
from a bubble oscillating at its resonance frequency driven by a low-frequency signals was 
introduced by [4]. Somewhat different modulation technique used in bubble’s detection 
represents a method based on the modulation of a probe wave by the subharmonic frequency of 
the primary wave [5]. However, in some of the experiments the nonlinear echo was studied only 
in laboratories from a single bubble. We mention here only some examples of the different 
nonlinear methods used to detect a bubbles presence, and the reader is referred to the vast 
literature for more detailed descriptions of the various kinds of systems, and methods (as 
example [6]) of deployment. 

Below, one of the variations of the two-frequency method of bubbles sizing implementation, 
based on the sum frequency answer of a bubble driven by a high intensity sound is described [7, 
8]. It takes advantage of the fact that the generation of the sum frequency component is more 
efficient comparing to the generation of acoustic pressure at the difference frequency. 

Since the introduction of the sum frequency method to bubble sizing in the sea, the authors 
have performed a number of field experiments in the southern Baltic Sea area. Bubble 
concentrations in the subsurface layer in a variety of field conditions were estimated and their 
relationship with other oceanographic parameters investigated. Besides bubbles counting in the 
sea water, the method was employed in a detection of gas bubbles in soft sediments in the 
Gdansk Gulf area.  

 
 
2. Theory  
 
As a basis of the algorithm, a variant of the Rayleigh equation describing oscillations of a gas 

bubble volume in a liquid has been used in the form derived by Zabolotskaya and Soluyan [9]. 
Assuming that that incident wave is represented by the sum of the two harmonic signals, the 
momentum equation of a single bubble can be written as: 

 
)VVV2(V)]tcos(P)tcos(P[VVV 22

222111
2 &&&&&&
o +μ+α+ϕ+ω+ϕ+ω∈−=ω+ωδ+   

 (1) 
 
where: V is the amplitude of the volume oscillations, upper dots denote derivatives of V with 

respect to time, 21,ωω - radian frequencies of the incident sound, δ - the bubble’s damping 
constant, oω  - resonance frequency of a bubble, and ω1,2 are the angular frequencies in the 
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incident waves, 2)1(3 oω+γμ=α , 3a8
1

oπ
=μ , 0a4 ρπ=ε o , ρ0 - density of the liquid, a0 - the 

bubble radius in equilibrium, γ - the ratio of specific heats of  the gas inside a bubble, γ= 1.40.  
Equation (1) is solved using a perturbation method. We assume that a nonlinear interaction 

between incident waves and gas bubble provides six scattered waves – at the two basic 
frequencies (ω1,ω2 ), at the two harmonics (2ω1,2ω2), and the sum and difference frequencies.  

 The above assumptions give the single bubble cross section formula for the sum frequency 
component in the form,  
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in which - δ=δtot - total dimensionless damping coefficient, defined as sum of radiated, 

viscous and thermal damping coefficients: thviscradtot   δ+δ+δ=δ , P1,P2 - amplitudes of incident 
waves. 

Knowing the backscatter - β at the sum frequency from the bubble population situated within 
the ensonified volume, we can compute )a(n o - bubbles number in the unit volume and in the 
unit radius range, usual da=1 μm,  

∫
∞

+Ωσ=β
0

v da)a()a(n ,        (3) 

A detailed discussion of the solution of the Eq. 3 concerning n(a) calculations for the case of 
the difference frequency can be found in the Boyle and Chotiros’ [3]. For the sum frequency 
component the procedure was carried out in the analogous way. 

From the above formula, we deduce that the behavior of the bubble scattering cross-section at 
sum frequency is as follows, 

1. three local maxima are observed near ω1 and ω2  and at ω1+ω2,  but as  ( )f
f,f
ff

21

21 δ≤
><

−
, 

we could observe two local maxima only; 
2. the form of the cross-section of the sum frequency component is broader comparing to 

the double one; 
3. the scattering by a bubble at the sum frequency comparing to scattering at the difference 

frequency in the same bubble size range is greatly higher. For example at the 30 and 33.5 kHz 
primary frequencies about 40 dB.  

The obtained above formula for the scattering cross-section at the sum frequency, together 
with non-linear cross-section components at double and difference frequencies given by other 
authors [3,10] has been tested using the numerical solution of the Rayleigh-Plesset equation. 

The different approaches reported in the literature aimed at solving the Rayleigh-Plesset 
equation lead to different formulae for the pressure emission by the oscillating bubble.  

Having received the numerical solution of R-P equation, we calculated the acoustic pressure 
at the distance r, from the bubble using relationship given in [9] in the form, 
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and after filtering the acoustic pressure time series around the each nonlinear component, the 
backscattering cross sections were computed from the definition, 
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where W – backscattered energy at the linear and nonlinear components, I – intensity in the 
incident waves. 

Dependence of the different components of the scattering cross-section on a bubble radius for 
the both methods of solution are illustrated in Figs. 1. The pointed curve is for the sum 
frequency, the dashed one for the difference frequency, the solid line is for the linear scattering, 
and the broken curve is for the double of the one of the fundamental frequencies.  

The frequencies in the incident waves are - f1=30 kHz and f2 =33.5 kHz. Amplitudes of the  
acoustic pressure are equal P1 = P2 = 6 kPa. On the vertical axis the logarithmic form of the 
backscattering cross-section - the target strength of a bubble (TS=10 log10 (σbs)) is used. Bubble 
depths are 1 m. 

As is seen in Fig.1., the agreement between the received approximated analytical and 
numerical solutions of the R-P equation, is reasonably good, except of the difference frequency 
where the differences in the cross-section throughout all bubbles size range are quite evident. 
Yet, for the analytical solution the difference frequency has two local maxima for bubbles having 
resonance frequencies close to the difference frequency, and with resonance between the primary 
frequencies. It can leads to errors of bubbles estimation due to the off-resonance contributions to 
acoustical bubble spectra.  

 
 
3. Setup 
 
The setup used in field measurements of a bubble population consisted of the 3 pairs of 

calibrated piston transmitters and a broad-band piston hydrophone mounted side-by-side and 
aligned so that the acoustical axis of all transducers are parallel to each other. In different 
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Fig. 1.  Dependence of the linear and nonlinear backscattering cross-sections (here in dB//1 m2) on a 
bubble size. On the left, obtained from the perturbation method of the solutions of the Eq. 1. On the 
right, the numerical solution under analogous conditions. The driving pulse duration τ=3 ms . 
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measurement campaigns the system worked at slightly different frequencies – the most routinely 
were exploited 30/33 kHz and 105/115 kHz. Occasionally 30/35, 57/63, 60/66 pairs of 
frequencies were also employed. The system was designed for operating to the depth of 50 m.  

In different experiments duration of transmitted pulses changed between 1.5-3.0 ms. This 
pulse duration represents a trade-off between filtering of the returned signals at close frequencies 
and the vertical resolution of bubble’s profile.  

While sounding the sea surface, the system was placed usually at 10-12 m depth and in case 
of sounding bottom sediments usually positioned 10-20 m above the bottom.  

Data processing from calibrated transmitter-receiver system generates absolute values for the 
bottom reflection/transmission coefficients at the bottom-water boundary.  

The analysed parameters are the nonlinear components in the echosignal from gas bubbles in 
the water or from the seafloor. The corrected for absorption losses signals going through bubble 
clouds is additionally estimated step by step on the basis of echosignal values . A full spectral 
analysis and filtration in the specified band computed to separate components at f1, f2, 2f1, 2f2  
and f1+f2 and the envelopes of each component determined.  

 
4. Results 
  
Interesting examples of the echosounding at primary and sum frequencies, obtained with the 

looking-upward system, in different situations in the environment are imaging in Figs.2.  
Presented here are the data obtained at primary frequencies f1=105.5 kHz and f2=115 kHz.  

In the upper panel (Fig.2a), the concentrations of bubbles produced by breaking waves in the 
frame of the linear resonance approximation are presented, in Fig.2b) at the sum frequency. In 
the lower row, the image of linear and nonlinear backscattering is presented for the case of 
scattering at a swarm of small fish passing through the acoustic beams of the system. On the left 
(Fig.2c) are echoes recorded at the primary frequency and on the right the echoes at the sum 
frequency. The other example of many-days time-series data received at different components 
are presented in Fig.3.  

Fig. 2. Images show the differences in the 
registered  echoes at the primary and the sum 
frequency from different kind of target clusters. 
In the upper row, the concentration of bubbles 
produced by breaking waves was estimated 
using (a) the linear method of estimation of 
bubbles at the one of basic frequencies, and at 
sum frequency (b). In the bottom of the figure,
in contrast to the upper part, the image of 
linear and nonlinear backscattering is 
presented for a low sea state. In this case the 
backscattering was affected by a swarm of 
small fish passing through the acoustic of the 
system beams. On the left, (c) echoes recorded 
at the basic frequency and on the right (d) the 
echoes at the sum frequency.  
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It is evident that the backscattered nonlinear response, besides the higher selectivity in the  

bubble radii domain gives the opportunity to distinguish between the bubble echoes and targets 
of biological origin and detect gas bubbles within the swarms of marine organisms.  

 
4.1 Wind dependence 
 
The strong relationship between acoustic backscattering strength and wind speed is not 

surprising. The ensemble averaged of single-ping measurements of a bubble density in a layer, is 
usually written in the form  

( ) ( )z,aBUAz,aN m += ,     
where - B(a,z) - non wind dependent random component of a constant bubble layer.  
In our investigations of bubble population in the Baltic Sea values of the m coefficient were 

found changing not only between different series but also with the wind speed and bubble size 
range. For example during the four-day experiment performed in a spring, the values of m for 
wind speed above 6 m/s were equal: at 30 kHz m=1.4, and at 105 kHz m=1.8. In another many-
days experiment we had found that for bubbles of 100 μm radius, m =2.45 for data in all wind 
speed range. But when the bubble data were grouped into two classes – below the threshold 
values of wave breaking conditions and the second one for U>6.5 m/s, the values of m were 
founded - for U<6.5 m/s m=0.6 and for U≥6.5 m/s m=3.4. In all time series we observed time 
delay in the range 1-2 hours, between the bubble density and the wind speed (Fig.3. on the right). 

 
 

4.2. Some relationships between bubble population and the environment parameters. 
 
It was reported earlier [12] that the bubble number increased at sundown what correlate with 

the daily toward-surface movement of migrants. Beyond observed the diurnal or semidiurnal 
cycles which correspond to migrations, or to oxygen production by phytoplankton, some cycles 
associated with inertial currents in the area were observed.  

In the presented in Fig. 4 example it is evident that the pattern of Sv at primary frequencies 
looks the same from-day-to-day and may be explained in terms of diel migration of biological 
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density in the surface layer and the wind speed. The primary frequencies 30 and 34 kHz. 
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clearly visible. Only very low amplitudes 
peaks in the spectrum of the bubble time-
series with periods of T=12 and14.5 h were 

scatterers towards the sea surface. During the presented entire period of the observations, the 
weather was exceptionally calm and sea state did not exceed 2 on the Beaufort scale. 

 

 
A number of different periodicities in the bubble population during other experiments, 

however sporadically, were also observed. Thus, for bubbles near a0≈100 μm - peaks with 
periods of 15 h and 4 h 30 min were observed in the spectra. For smaller bubbles detected at 
basic frequencies 60 /65 kHz , the diel cycles (with period T=23.5 h)  and at 110/115 kHz peaks 
with periods of 20 h, 12 h and 4.2 h were registered in some time series.  

The interesting feature of the observed spectra is that the same frequencies could be 
recognized in some hydrodynamic phenomena existing in the investigated basin - inertial 
currents with period of 14.3 h and seiches of Gdansk Gulf with periods of about 4 and 5 hours.  

Similar periods of variations of surface active substances in the sea surface microlayer were 
registered in parallel performed measurements. [13] 

Our results indicate that bubbles due to the aerosol production affects the number of electric 
charged aerosol particles over the sea surface. The power-law relationship between the wind  
speed and a bubble density suggests that the similar bubble-charge dependence can exists.  

It was found [11] that the linear regression relating to logarithms of a charge density and the 
bigger bubbles number are: log (n+)= 0.25 log (na=100 μm)+ 2.74, and for smaller bubbles and for 
higher wind speed U10 >6.5 m s-1, we have -  log (n+)= 1.98 log (na=27 μm)+ 0.24. 

The same setup and the same algorithm have been found to be well sensitive for the detection 
the small bubbles in semiliquid sediments. Knowing the absolute values of generated signals and 
their transmission rate into the sea floor the concentrations of resonant bubbles in the some types 
of sediments the monitoring of the bottom of the Gdansk Gulf was performed. 

In the case of a low attenuating medium, some advantages of the sum frequency method 
comparing to the difference frequency method are recognised due to higher efficiency, however 
for different bubbles size range. For higher primary frequencies and more attenuated media the 
difference frequency method could be more convenient, despite of the lower efficiency and 
ambiguity in resolving the bubble size (Figs.1). The primary waves attenuation in gassy 
sediments is the main limiting factor of nonlinear answer of bubbles immersed in sediments what 
implies that usefulness of the method is limited to fluffy and fluid like sediments with rather low 
bubbles concentration. The other bubble detection factor limiting to soft sediments  is lack of the 
proper theory of bubble oscillations in porous media. 
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Summary and conclusions 
 

Gas bubbles in the sea environment are important and some time influential factor in many 
marine and atmospheric processes.  

The acoustic nonlinear method offered itself as the efficient bubble detection method in the 
sea and the soft sediments. However, the accuracy of the bubbles number and size estimation 
depends strongly on a priori physical information on the environment properties.  

In fact, acoustics measurements of bubbles sizing in sea sediments can only be validated by 
other bubbles sampling methods as  X-ray scanning cameras, limited rather to laboratory 
samples. Not only lack of proper theory of bubble oscillation in sediments but also attenuation of 
primary waves would have an effect on the bubbles size spectra and severely limit the depth of 
bubbles detection in sediments.  

It is noteworthy to note here that the sum frequency method is less sensitive to the form of 
bubble size spectra in the lower bubble sizes range, while the difference frequency method is less 
influenced by the bubbles distribution in the bigger bubble radii range.  
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Development of a user-friendly instrument for nuclei measurement: 
The ABS acoustic bubble spectrometer 

 
Georges Chahine, Xiongjun Wu, Michel Tanguay, and James Perea 

 
 
Abstract: The ABS Acoustic Bubble Spectrometer(ABS) is an acoustics based device 
that measures bubble size distributions and void fractions in liquids using the 
properties of acoustic wave propagation through a two-phase medium. The ABS is 
PC-based and uses software that controls signal generation, detection, and signal 
processing through data boards and two hydrophones. Acoustic bursts at a set of 
user-selected frequencies is emitted by one hydrophone and detected by the other.  
This results in two frequency dependent functions which characterize the bubbly 
medium : the sound speed and the attenuation. The data is processed and analyzed 
utilizing an inverse problem solution to obtain the bubble size distribution. All 
physical, experimental, and analytical parameters are input by the user via a series of 
dialog boxes. The results are displayed graphically by the interface in real time and 
can also be stored or printed.  In this paper we describe the method, its 
implementation in a useful instrument, and present validation experiments that  
compare bubble distributions and void fraction results of ABS measurements with 
optical measurements in the laboratory. The two methods give very close results with 
the ABS possessing the significant advantage of enabling time averaged as well as 
near real-time measurements with the potential to become an on-line measuring 
device. Recent advances to expand the application to other media than water and to 
improve the technique to the detection of larger void fraction based on numerical 
simulations of non-linear behavior of bubble in acoustic fields will also be described.    
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 IDENTIFYING BUBBLE CLUSTERING: COMPARISONS OF THE 
COHERENT AND INCOHERENT FIELDS 
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Abstract: Measurements of acoustic fields propagating through clouds of bubbles can be 
inverted to determine the bubble size distribution.  This is often done by averaging an 
ensemble of pressure field measurements at multiple frequencies in order to calculate the 
frequency dependent sound speed and/or attenuation, both of which are first moment 
quantities.  Inversions of sound speed/attenuation utilize effective medium theories that 
assume the bubbles are Poisson distributed (i.e., the bubble positions are statistically 
independent).  Such theories break down when the bubbles are preferentially concentrated 
or clustered, exhibiting statistical dependence in their positions, and this can lead to 
errors in the bubble size distribution.  It is therefore advantageous to be able to determine 
when clustering has impacted a set of measurements.  One method for doing this is by 
using the inverted bubble size distribution to predict what the higher order statistical 
moments should be, and then comparing these predictions with what has been observed.  
This method will be explored in this paper, where a first moment quantity (the attenuation 
of the pressure field) is used to predict the variance of the pressure field amplitude (a 
second moment quantity).  The consistency between the first and second moments will be 
examined for both Poisson distributed and clustered bubble fields with the aid of a 
numerical experiment. 

Keywords: bubbles, multiple scattering 
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1. INTRODUCTION  

It is often desirable to invert measurements of acoustic fields in bubbly liquids (most 
commonly attenuation or sound speed) to determine the bubble size distribution.  
Inversions of such measurements must assume some forward model, and this is often done 
using effective medium theories which describe two-phase bubbly mixtures as a single, 
homogenized medium with characteristics describing the average propagation 
characteristics [e.g., 1-3].  Such theories include assumptions that breakdown in some 
circumstance, such as the assumption of small amplitude linear acoustics [e.g., 4] and 
mutual interactions between nearby bubbles that change the scattering characteristics of a 
single bubble [5].   

Another common assumption made in effective medium theories is that the bubble 
positions within the clouds are independent from each other (i.e., they are Poisson 
distributed).  However, it is quite possible to find circumstances in which the bubbles 
within the clouds are clustered.  Clustering exists when, given the location of a bubble, it 
is more or less (but not equally) likely to find another bubble nearby.  Bubble clustering 
might exist as a consequence of high vorticity in flow fields (in, for example, a turbulent 
flow field underneath a breaking wave) as the bubbles cross fluid flow stream lines.  An 
example showing the instantaneous locations of bubbles for both Poisson distributed and 
clustered bubble clouds is shown in Figure 1. 

The acoustic effects of bubble clustering are perhaps most easily understood in terms of 
a multiple scattering scenario, where the observed acoustic pressure field at some field 
point is considered to be the linear sum of scattering paths.  Each scattering path contains 
interactions with one, two, or several bubbles.  If scattering paths involving more than one 
bubble are negligible, clustering will have a negligible impact on the average acoustic 
pressure field.  When higher orders of scattering (i.e., two or more bubbles in a scattering 
path) become important, the average acoustic field will become dependent on the average 
relative locations of the bubbles, and bubble clustering must be taken into account.  This is 
also true for the variance in the observed acoustic field, except that in this case bubble 
clustering can have an effect even when only single scattering paths are important (the 
variance will include terms that are the average of the product of different single-bubble 
scattering paths). 

It is often difficult (or expensive) to determine when bubble clouds are exhibiting 
clustering or when they aren’t.  One method for examining this assumption is to look at 
the consistency between the statistics of the measurements themselves.  This method is 
based on the realization that while clustering tends to lower the observed acoustic  

 
Fig.1: Example realizations of  Poisson distributed (left side) and clustered (right side) 

bubble clouds, where the location of each bubble has been projected onto an x-y plane. 
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attenuation (a first moment quantity) over that which would be observed for an identical 
number of Poisson distributed bubbles, it increases the observed variance in the acoustic 
pressure field (a second moment quantity) [6].  This contrasting behaviour can be utilized 
to determine when clustering is having an effect.  This idea is explored here with the use 
of a numerical experiment. 

2. A NUMERICAL EXPERIMENT 

The numerical experiment described here simulates a bubble cloud whose variation in 
size a can be described by a Gaussian distribution 

( ) ( )[ ]22 /exp aaaNan σμ−−=  
(1)

where the mean bubble radius μa is the resonant bubble size at 20 kHz (164.6 μm), the 
standard deviation σa is 10 μm, and N is set so that the total number of bubbles within the 
clouds is 5000.  For each of the 2000 different realizations of this bubble cloud used in this 
simulation, the bubbles were randomly distributed throughout a 1 m3 volume of water 
according to one of two scenarios.  In the first scenario, the bubbles were Poisson 
distributed: the location of each bubble was independently drawn from a uniform 
distribution whose domain covered the extent of the 1 m3 volume.  In the second scenario, 
the bubble population was divided in half and normally distributed around two cluster 
centers within the volume, so that the standard deviation of the distance of the bubbles 
from their respective centers was 0.2 m.  The locations of the two cluster centers within 
the volume were randomly chosen for each bubble cloud in such a manner that the 
probability density function describing the cluster centers was uniform over the entire 
volume.  By having the bubbles normally distributed around random locations within the 
volume, some bubbles inevitably fall outside of the 1 m3 volume.  When this occurred, the 
bubble was folded back into the volume on the opposite side such that the number of 
bubbles within the volume was always exactly the same.  Thus, the marginal probability 
density function describing the location of a single bubble (this is the quantity n(r) used to 
describe the positional dependence of the bubble density in many effective medium 
theories) is identical for both scenarios. 

The bubbles were excited by plane waves at nine frequencies between 13-27 kHz 
chosen to best characterize the frequency dependent attenuation of the pressure field.  At 
each frequency, 2000 simulations were run for both the Poisson distributed and clustered 
scenarios.  For each trial, the acoustic pressure p at two locations corresponding to 
(0.25,0.5,0.5) and (0.75,0.5,0.5) in the 1 m3 volume was calculated for a multiple 
scattering model that includes both single and double scattering: 

( ) ( ) ( ) ( ) ( ) ( ) ( )∑∑∑
≠
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where po is the acoustic pressure field that would be present in the absence of any bubbles, 
si is the radius dependent scattering coefficient for the ith bubble, and ( )12 , rrG

rr  represents 
the free-space Green’s function for a point source located at 1r

r : 
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for an acoustic field with wavenumber ko. 
The attenuation was calculated for the ensemble averaged observed pressure amplitude 

as follows:  
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where ar
r  and br

r are the locations of the two field points at which measurements are 
taken,  indicates an ensemble average, and f is frequency.  This observed attenuation 
(Eq. 4) can be compared with the average attenuation found from the complex effective 
medium wave number k: 

( )∫+= daarsnkk o ,422 r
π  

(5)

where ko is the wave number for the bubble-free liquid [1,3].  To invert the frequency 
dependent attenuation measurements for the bubble population, the iterative approach 
described by [7] was used.  This inversion approach is based on a linearized effective 
medium theory which assumes that a statistical description of the bubble cloud is 
adequately represented by a marginal probability density function proportional to ( )ran

r
, . 

The normalized variance in the observed acoustic pressure field can be written  
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2

μ
σ . (6)

This can be compared with a theoretical prediction for bubbles with statistically 
independent positions from [8]: 

( ) ( ) ( ) ( ) ( ) ( ) ( ) ( ) ( ) iiiiieieiiii rddaarnrrGrrGrprpssrprprprp
rrrrrrrrrrrr

,,, ∗∗∗∗∗ ∫∫+=  
(7)

where eG represents the free-space Green’s function for the effective medium (note that 
this represents only the first few terms in an infinite sum, and is therefore only an 
approximation).  

3. RESULTS AND DISCUSSION 

Both the attenuation data and the inversion results for the Gaussian distributed bubble 
population are shown in Figure 2, along with the true bubble size distribution and the 
attenuation that would be predicted from theory.  Although both simulations are based on 
identical bubble size distributions, the clustered bubble cloud data (blue stars) show a 
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Fig. 2.  Attenuation results are shown on the left hand side (green circles: Poisson; 

blue stars: clustered; black line: theory).  The inversion results are shown on the right 
(green line: Poisson; blue line: clustered; black line: true distribution). 

 
significant reduction in attenuation at 20 kHz (the resonance frequency for this bubble 
population).  This reduced attenuation leads to a substantial error in the result of the 
inversion for the bubble size distribution.  The inversion for the Poisson distributed bubble 
cloud, on the other hand, is quite accurate.  

If the true bubble population was unknown, there would be no reason to suspect that 
the inversion result for the clustered bubble cloud data was in error from the attenuation 
measurements along.  The contrasting effect of clustering on the mean observed pressure 
field (i.e., the attenuation) and the variance in the observation, however, can be used to 
detect whether or not clustering is leaving its imprint on the observations.  The observed 
variance for both the clustered and Poisson distributed bubble clouds is shown in Figure 3.  
The variance that would be predicted from Eq. 7, where the bubble size distribution is 
taken from the inversion results, is also shown, and matches the observations for the 
Poisson distributed bubble cloud data quite well.  The clustered bubble cloud data, 
however, show an observed variance that is much higher than that which would be 
predicted based on the inversion of the attenuation data.   

Because the attenuation is a first moment quantity (it is based on the average observed 
pressure) and the variance is a second moment quantity, comparing the observed with the 
predicted variance in this manner is a check on the consistency between the 1st and 2nd 
moments.  When these two statistics are not consistent, as is the case for the clustered 
bubble cloud data shown here, the cause can be attributed to a problem with the theory 
used to make the prediction.  In this case, the theory is incorrect because it is based on the 
assumption that the bubbles are Poisson distributed.   

It should be noted that it is possible to have an inconsistency between the statistical 
moments due to clustering even when clustering has not affected the attenuation results. In 
this special case, the only non-negligible scattering chains involve a single bubble only 
(i.e., the double sum in Eq. 2 vanishes).  When this occurs, no clustering correction for the 
‘classic’ theory is necessary because the joint probability density function describing 

 

Fig. 4.  The observed (circles) and predicted (Eq. 7) variance for the Poisson distributed 
(left) and clustered (right) bubble clouds. 
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the instantaneous locations of two or more bubbles is not required.  However, the variance 
in the measurement, which will include cross products of scattering paths, will require this 
joint pdf, and therefore will require a clustering correction. 

4. CONCLUSIONS 

A statistical self-consistency test has been developed to determine when clustering is 
having an impact on acoustic propagation experiments when measurements have been 
made at multiple frequencies.  This test is based on the contrasting behaviour of the 
attenuation (which is reduced) and the variance (which is increased).  This test is done by 
first inverting the observed average attenuation to find the bubble size distribution using a 
method that is based on the theory for non-clustered (Poisson distributed) bubble clouds.  
The estimate of the bubble size distribution is then used to predict the variance, which can 
be compared with the observed variance in the measurement.  If there is no difference, it 
can be assumed that there was no clustering the bubble cloud because the first and second 
moments (the attenuation and the variance, respectively) were consistent.  If the 
first/second moment consistency shows that the observed variance is higher than the 
predicted variance, and the bubble cloud is dense enough for double-scattering terms (or 
higher) to be important, then clustering has affected the attenuation results and inversions 
for the bubble size distribution based on these results will be incorrect. 
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Abstract: An understanding of the evolution of bubble clouds under breaking waves in 
rough at-sea conditions is important for assessing the role of such wave-generated activity 
on climatologically important processes. These processes include the fluxes between 
atmosphere and ocean of mass, heat and momentum. This paper describes the 
development and testing of sensors for an experiment which forms the first stage in a 
project to combine at-sea measurements and modelling to elucidate bubble cloud 
evolution and its role in the above fluxes. It was undertaken as a component of DOGEE 
(Deep Ocean Gas Exchange Experiment), which in turn is part of UK SOLAS (Surface-
Ocean / Lower-Atmosphere Study) funded by the UK Natural Environment Research 
Council. Sensors are mounted along the length of an 11 m autonomous spar buoy, which 
was deployed off RRS Discovery. The upper part of the buoy, which protruded above the 
ocean surface, and was equipped with downward-looking video which monitored wave 
activity, a feature also monitored using capacitive wave wires. Below the surface, bubble 
populations and size distributions were measured using acoustic sensors. The data are to 
be compared with a model for the evolution of wave-generated bubble clouds to estimate 
gas transport and flux. 
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1. INTRODUCTION 

The measurement of bubbles at sea is important for increasing the current uncertainty 
in our knowledge of how trace gases are exchanged between the air and the sea [1]. 
Bubbles provide a significant contribution to the transfer of gases between the sea surface 
and the atmosphere, and parameterisation of these bubble populations would increase the 
accuracy of climate change models [2]. A range of techniques is available [3], including 
combination frequency methods [4] and techniques based on narrowband pulses [5]. If 
such measurements are to be exploited effectively, then it is important to include with 
these measurements ancillary environmental data (air and sea temperatures, wind speeds, 
etc.) and to incorporate the investigation into a wider study which involves air-sea flux 
measurements, tracer patch measurements, etc.  

This paper describes the development of a spar buoy for use in such a study. Tanks 
tests and a preliminary test deployment from RRS Discovery in the Sea of the Hebrides are 
reported here. This investigation formed part of the DOGEE (Deep Ocean Gas Exchange 
Experiment) SOLAS (Surface-Ocean Lower-Atmosphere Study) initiative. 

2. APPARATUS 

Fig. 1(a) shows the buoy. The mid-section contains acoustic sensors and optical fibres 
for bubble detection. The base of the buoy contains battery packs, acoustic sources and 
electronics housings. The top section (which works independently of the mid-section) 
contains capacitive wave wires to monitor wave height and, above water, a dome 
containing downward-looking cameras. The electronics housing for the acoustic system 
contained a MagnumX 1000 computer, which controlled the equipment as well as 
generating the output waveforms. Data acquisition was accomplished using a National 
Instruments PCI-6110 multifunction DAQ card. Power distribution (Vicor DC-DC 
converters) was also handled inside the housing, as were the power amplifiers which were 
custom designed and built by Paul Doust of Blacknor Technology. The hydrophones used 
were D/140 broadband hydrophones. Optical fibres provide an independent measure of 
void fraction. They were not used on the first sea trial. 

  
(a) (b) 

Fig. 1: (a) Schematic (not to scale) of the buoy which, at sea, is vertical with the dome at the 
top. (b) Tests in the 8×8×5 m3 AB Wood tank (Hydrophone spacing: 0.31 m). 

The buoy was designed such that the side containing the hydrophones and wave wires 
was presented first to the approaching breaking waves in order that there be no 
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interference on the measurements from the hull of the buoy. Hydrodynamic tests were 
carried out in waters next to the National Oceanography Centre Southampton in order to 
ensure correct angular rotation of the buoy. Ancillary data taken on the first RRS 
Discovery cruise are listed in reference [6]. 

  
(a) (b) 

Fig. 2: (a) The pulse train measured at the second hydrophone with no bubbles present. 
(b) The increased attenuation at the same hydrophone when there are bubbles present. 

 

(a) (b) 
Fig. 3: (a) The outgoing 46 kHz pulse signal that was transmitted to the power amplifiers 

prior to output into the water. (b) The same pulse as measured by the hydrophones in 
bubble-free conditions. 

3. TANK TESTS: METHOD 

Fig. 1(b) shows the test setup in the tank. The outgoing signal was a train of 14 pulses, 
varying in frequency from 3 to 197 kHz (Fig. 2). This enabled measurements for bubble 
sizes ranging from 17 – 1107 μm in radius to be carried out. Each pulse was 1 ms long, 
short enough so the received signal was not to be affected by any multi-path reflections. 
There was a 20 ms off-time between pulses to allow for bubble ring-down. The time 
between pulse trains was approximately 1 second, dictated by the speed at which the 
computer could save the data files. The attenuation between the hydrophones at each 
frequency was measured. To generate bubbles, a Venturi system designed to produce a 
population similar to that which will be encountered at sea was used [7] (Fig. 1(b)). The 
pulses in the water were specifically designed to follow with high fidelity the waveforms 
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supplied by the data acquisition card (Fig. 3). This was achieved largely owing to the 
technical input from Paul Doust. 

 

(a) (b) 
Fig. 4: (a) The additional attenuation due to bubbles between the 1st and 3rd hydrophones, 

which were at a distance of 0.62 metres apart. The figure shows 6 separate readings, 
spaced approximately 1 second apart. (b) The mean of the 6 values shown in (a) 

(calculated from linear pressure data, not dBs). The error bars represent 1 standard 
deviation from the mean of the 6 values and also take into account the uncertainty of the 

hydrophone calibrations. 

 

(a) (b) 
Fig. 5: (a) Bubble size distributions as calculated from measured attenuations. The bold 

black line shows the 6 second average population, the dashed lines show the six individual 
populations which make up the average. (b) Previously measured oceanic bubble 

populations (taken from [8], where the sources are listed in full). 

4. TANK TESTS: RESULTS 

An example of the measured attenuation due to bubbles is shown in Fig. 4(a) & (b). 
The error bars in Fig. 4(b) are at times large because of the fluctuating nature of the bubble 
cloud as it rises through the tank. The mean attenuation data from 6 readings were inverted 
following the method of reference [9] to obtain bubble size distributions (Fig. 5(a)). As 
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would be expected from Fig. 4, very few bubbles were found at the largest bubble radius 
(1107 μm). The distribution measured in the tank (Fig. 5(a)) is very similar in gradient and 
magnitude to historical measurements (Fig. 5(b)). The bubble populations shown in Fig. 
5(a) were those exploited in references [10,11].  

5. AT SEA PROOF-OF-CONCEPT  

On 29th November 2006 the buoy was deployed in the Sea of the Hebrides 
(56°49.73017’ N 006°00.12459’ W) (Fig. 6). Data was recorded for 2 hours before the 
buoy had to be recovered owing to deteriorating weather conditions (Fig. 7). 

 

  
(a) (b) 

Fig. 6: (a) The 11 metre spar buoy being deployed off RRS Discovery. (b) The spar buoy 
as it sits in the sea. 

Both the acoustic and the camera systems worked well at sea. However, since the 
physical handling of the buoy was challenging, and the weather very rough (at times 
reaching storm force 11, Fig. 7), the ship was taken to relatively sheltered waters for this 
test deployment, where the bubbles did not penetrate in sufficient numbers to the depths of 
the hydrophones (3 metres) to give a statistically meaningful measurement. 

 

 
Fig. 7: Thermal infra-red image showing the low pressure systems in the area of 

operation (north-west of Scotland) during the cruise (picture used courtesy of NERC 
Satellite Receiving Station, Dundee University, Scotland, http://sat.dundee.ac.uk). 

6. CONCLUSIONS 
 
Bubble population information is vital in increasing the accuracy of the air/sea transfer 

components of ocean-based climate change models. This paper reports successful trials of 
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a system designed to measure autonomously bubble populations in deep ocean. The 
second cruise is scheduled for 16th June to 18th July 2007 on the RRS Discovery. The aim 
is to measure bubble population data from a range of sea states.  
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Abstract: Since the early nineties, performance modelling for active sonar has been 
developed at TNO in the ALMOST model, including propagation and sonar processing, 
based on point targets of given Target Strength. Recently, the modelling was extended 
with a computation module for the target echo structure, resulting in realistic Target 
Strength figures, fully integrated in the existing model. The model includes a tool for 
making extended generic reflecting targets from bubble clouds, or surfaces of coherently 
scattering pixels with associated local normal vectors. For ship wakes the air bubble 
positions are used, accounting for bubble resonance spectra, but ignoring the local 
normal vectors here. For a cloud of scattering pixels or air bubble cloud, the impulse 
response function is computed including modelled multi-path propagation, directly 
transformed to the frequency domain. The final output is suitable for testing the 
performance of sophisticated signal processing algorithms. Also the background of 
mainly bottom reverberation is modelled as a realistic time series, applying spatial 
roughness spectra from literature in the same echo structure modelling method. In this 
study a realistic scattering ship wake is modelled, as a target for a generic active sonar 
system. Modelled target echoes are shown with derived effective Target Strength using a 
wideband transmitted signal. Moreover, side-scan-sonar pictures of a ship wake are 
shown for comparison. 

Keywords: air bubbles, target strength, sonar performance, target measurements 
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1. INTRODUCTION 
Since the early nineties, active sonar performance modelling has been developed at 

TNO in the ALMOST [1]. It includes propagation and sonar processing, based on point 
targets of given Target Strength. The computation module is called REACT (=detection 
Range Estimator for ACTive sonar). This modelling of the active sonar equation in 
REACT is based on time arrivals. Therefore, the model could be extended straight 
forwardly, to targets of a realistic size consisting of a number of scattering pixels [2]. 
Targets are for instance air bubbles, existing in ship wakes, or reflecting objects like ships 
and mines. The air content of the wake is supposed to be due to air entrained from the 
ship hull towards the screw, cavitation near the screw and splashing water behind it. 
Because of the strong turbulent fluid velocity field, air can persist in the wake for a 
relatively long time. This extension of REACT is called REATES (=detection Range 
Estimator for Active sonar including Target Echo Strength). The computed echo arrivals 
from the realistic target include acoustic multi path, sonar beam patterns, and signal 
processing, all available from REACT. Sound speed profile and bottom type with 
specified sediment parameters are accounted for in the acoustic paths. All combinations 
of paths to and from target are taken into account. Reverberation is modelled in the same 
way, based on arrivals via paths between sonar and scatterers on bottom, sea surface, and 
Deep Scattering Layer. For wake modelling some problems are foreseen because of the 
large length of ship wakes. REATES works with a target impulse response function in a 
limited time frame, which may not be too large, because of subsequent Fast Fourier 
Transforms. Therefore first a smaller part of the total bubble cloud in the wake is 
modelled, after which the total beam width is accounted for. Some modelling examples 
will be given, as well as a method for “effective scenario dependent” Target Strength 
computation for wide band pulses. The model was tested thoroughly versus hard 
reflecting spheres of known Target Strength [3], and by application of SAS processing to 
the REATES output time series [4] and [5]. Wake modelling can be of interest for a 
torpedo defence system test bed [6]. The scattering spectrum of a single bubble will be 
described, followed by some computations on a realistic wake, modelled by a separate 
model. 

2. BUBBLE SCATTERING; THEORY 

In order to model the echo response of an air bubble cloud, as supposed to be present 
in the wake volume, first the response of a single air bubble is considered [7]. For a plane 
incident sound wave, the scattered, complex pressure amplitude scatteredP  is given: 
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With: δ =damping, 2nd+3rd term 1.≈ ; =R bubble radius (m); =ω radial frequency; 
resω =at resonance; =f frequency; =r range to bubble (m); =c sound speed (m/s); 
=η shear viscosity of the water; =ρ density of the water; =thermalH heat conductivity loss 

term; =α polytropic constant ( 4.11 =<< vp CCα ); =0gP hydrostatic pressure in bubble 
( 0PgDb += ρ ); =σ surface tension of bubble; =g 9.81 (m/s2); =bD bubble depth below 
surface (m); =0P atmospheric pressure (say 105N/m2). Apart from the radiation (1st) term 
in (3), the other terms are difficult to evaluate. Inside the wake rules a turbulent fluid 
velocity field which determines the bubbles (pixel) positions at the time of insonification. 
To start with, at the pixel positions, bubbles of the same size and transfer function, in the 
frequency domain see (1), are supposed. So the transfer function of the bubble cloud is 
the product of the one for the pixel cloud and the one for the single bubble. The transfer 
function of the pixel cloud is the frequency spectrum of the impulse response function. 
The latter is based on addition of delayed echoes from all pixels. The echo signal with 
bubbles at the pixel positions results from (1): 
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position vector of pixel n; =recsrc kk ,1,1 ,
rr

wave vector. Target Impulse Response 
function is made including all multi path reflections for each pixel. Also absorption 
through the wake volume is taken into account. The spectrum (4), is efficiently computed 
with a single FFT. Any further desired signal processing, for instance matched filtering of 
a wide band pulse can be performed. Via the Hilbert transform the detector is simulated. 
Also phase output remains available for use in SAS processing, requiring runs at many 
sonar positions. 

The above pixel cloud is made by uniform random shooting. But in practice ship 
wakes show a variety of bubble sizes. Considering cross sections at different ranges 
behind the ship, generally the bubble sizes tend to decrease with range, because the larger 
bubbles will rise faster to the sea surface than the smaller ones. This means that the 
bubble radius density distribution function changes with range behind the ship. The 
specific wake data are taken from other models [8]. To account for any distribution 
function, REATES models the change in radius in some discrete steps, say 30 steps. For 
each step the model can be run, for the bubble radius increment. The pixel cloud must be 
taken now a factor 30 less dense than for all bubbles. For each radius interval the echo is 
modelled. Before summation over the radii, the identical pixel files are shifted over a 
small spatial distance, corresponding to an extra phase shift in the frequency domain. 
Usually a wake will contain a bubble cloud of very large size in length, say several ship 
lengths behind the ship, where the horizontal width of the cloud will increase somewhat. 
Dependent on the horizontal send and receiver beam of the sonar, the time interval for the 
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wake echo will become very large and so the Target Impulse Response function, because 
the target sample frequency is 30 times the acoustic send frequency, which is crucial for 
hard reflecting targets, like ships and mines. So as a first step a part of the cloud of only a 
few meters length in the ship speed direction, is considered. The modelled time series is 
then summed to some of its time shifted copies, to represent the entire insonified part of 
the wake, taking into account near field wave curvature. In the following part some 
examples of this computation method are given. 

 

3. RESULTS AND CONCLUSIONS 

The REATES model is run for the following scenario. An active sonar pings towards a 
ship wake at some different ranges behind that ship, and under different aspect angles, 
related to the direction of the ship speed. The positions of sonar wake and ship are shown 
in Fig. 1, with the sound speed profile in the shallow water scenario for summer. The 
propagation shows multi path propagation between sonar, and the insonified wake in the 
sonar beam. A sediment layer of fine sand is taken into account in the propagation. The 
wake target object for REATES is shown in Fig. 2a, being a small slice of the wake, with 
a cross section area of about 6x6m2, and 0.5 m thickness in the ship speed direction. The 
distance from the rear of the ship towards the insonified part of the wake is called “wake 
range”. In the following examples the sonar is looking at an 

 

Fig. 1: a) active sonar scenario for ship with wake; b) Sound speed profile. 

insonified part of the wake, under aspect angles of 155º which is 25º right from the rear, 
and 100º which is near broad side. Echo computation results are shown in Fig. 2b and 
Fig. 3a for a wake range of 300 m behind the ship. The plots show active sonar range 
horizontally, which is proportional to arrival time in the sonar receiver, remembering that 
REATES entirely computes versus arrival time. Reverberation plus noise is shown as a 

 
Fig. 2: a) pixel cloud for wake with bubbles; b) Wake echo; sonar range 1000 m; wake 

range 300 m; FM 25 kHz/ 5 kHz band aspect angle 155º. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

552



mean level at all sonar ranges, where the modelled echo is only computed in a smaller 
time frame, in order to save on FFT size. This time frame depends on echo length 
including all multi paths, and on pulse length. Some realistic wake parameters are 
brought into the model via data tables, generated by a physical wake model, computing 
wake geometry, sound speed and absorption inside the wake, and bubble radius density 
distribution function, as a function of “wake range” (behind the ship). 

 

Fig. 3: Wake echoes; aspect 100º a) wake range 300 m; b) 100 m. 

The received signals for wide band emitted pulses are matched filtered. In stead of the 
smooth reverberation plus noise curve all over the range, in the above mentioned time 
frame also a rough “background” level is shown. This is computed with REATES too. 
The scattering curve for the bottom is modelled based on a rough piece of bottom acting 
as a “target” in REATES. Realistic roughness parameters for the fine sandy bottom type 
are taken from literature [9]. The length of the echo for 100º aspect angle is relatively 
short. This is partly caused by the effect of sound absorption inside the bubble cloud. For 
155º the echo is much longer because of the different, much more “grazing” geometry. 
Also the echo level is considerably higher at 100 m wake range than for 300m, caused by  

 

Fig. 4: echoes; aspect 100º; a) ship b) wake range 100 m + point TS=0dB. 

the different bubble radius density distribution function, Fig. 3b. Also the ship echo is 
computed at this aspect angle, showing a slightly lower echo level, Fig. 4a. Absolute 
Target Strength values can be computed, by computing the echo level for a point target 
with a Target Strength of 0 dB, but with the same multi path propagation, Fig. 4b. 
Comparing maximum levels of echoes, so applying a “maximum filter” for detection, the 
obtained difference yields an “effective Target Strength” value for the given scenario. So 
the echo of Fig. 3b, shown zoomed in range in Fig. 4b, will be in the order of TS=0 dB 
for this scenario. A sonar picture of a side-scan-sonar shows a wake echo, starting small 
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on top, becoming wider after some time, Fig. 5. It can be concluded that REATES is a 
powerful tool for studies on acoustic scenarios where wake play a role. Time series can 
be modelled for echo signal, background and total received signal.  

 
Fig. 5: side scan sonar picture with a ship wake. 
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Abstract: Man-made active sonar does not operate well in bubbly water. However 
dolphins and porpoises not only function effectively in shallow coastal waters, but also at 
times generate large bubble fields to assist with catching prey. Possible physics solutions 
to target detection in bubbly water are proposed, and the validities of such proposed 
acoustical solutions are explored through theory, simulation and experimentation. 
Whether the solutions are exploited by cetaceans is uncertain. However the efficacy of the 
new methodology in test tanks, and the implications for man-made sonar, are 
demonstrated. 

Keywords: Bubbles, dolphin, porpoise, sonar, target, cetacean acoustics 
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1. INTRODUCTION  

In 2004, Leighton  [1, 2] noted that some species of odontocete not only can operate 
effectively in bubbly shallow water, but at times even generate bubble clouds when 
hunting, and proposed that they may be using Twin Inverted Pulse Sonar (TWIPS – see 
Fig. 1) and other nonlinear techniques to enable their sonar to operate effectively in these 
environments. This paper shows experimental evidence for the effectiveness of TWIPS.  

There is need for a method which allows active sonar to operate in shallow coastal 
waters (the littoral zone), a problem which, despite significant investment, has not 
previously been solved. Quoting Rear Admiral W.E. Landay (Chief of Naval Research, 
Marine Corps for Science and Technology). O. Kreisher wrote ‘The explosive ordnance 
disposal divers and the marine mammals run counter to the drive to get people out of the 
minefields, Landay said, but they provide "so much flexible capability" that they are likely 
to remain. The divers and the mammals work mainly in very shallow water and the surf 
zone, which "continues to be the most challenging environment" for mine warfare, he 
said’ [3]. 

 

Fig. 1: (a) Schematic of proof-of-principle TWIPS experiment. Below the floor (shown 
shaded) is an underground water tank, 8 m × 8 m × 5 m deep. A rigid frame holds 4 

transducers in a Maltese Cross, A hydrophone and a target are aligned on the horizontal 
acoustic axis, the hydrophone behind dh=0.40 m in front of the source faceplate . (b) 

Photograph looking down into the water. Target (T) is 2.00 m from source (S). Hose (H) 
feeds bubble generator (G) (c) The same perspective as (b), but now with bubble cloud. 

The limitations of active sonar in shallow water have become of paramount 
importance in the last decade. Military operations (e.g. mine detection, landings, and the 
protection of harbours and shipping lanes for military, commercial and aid craft) cannot 
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rely on the decades of sonar experience built up for deep water applications during the 
Cold War. Such advances in sonar are also required because of the increasing use of sonar 
in shallow waters (e.g. for fisheries, surveying, and to cope with bottom sensing in 
increasingly-crowded and wake-filled waters by commercial and leisure craft). By far the 
most potent degradation of sonar performance comes from the presence of bubbles, which 
occur in the many millions per cubic metre in coastal waters. TWIPS provides a technique 
for detecting targets which would otherwise be obscured by bubbles. The principle by 
which the technique works is detailed elsewhere [4]. 

2. EXPERIMENT 
 
Following simulations which indicated that the TWIPS procedure would be viable [5-

7], the authors undertook experiments [4] to verify these predictions. In the proof-of-
principle experiments (Fig. 1), the bubble clouds had dimensions of O(1 m), and contained 
bubbles ranging in radii resembling that found in the ocean [8]. It should be pointed out 
that (i) the efficacy of TWIPS decreases as the bubble size distribution increases, so that 
proof that it works with such a wide ocean-like distribution is important; and (ii) the 
characteristics of the bubble cloud were only measured after the successful deployment of 
TWIPS reported here: this was not a case of using a priori information on the bubble 
cloud in order to optimise the insonification signal or the processing.  

 

  
↑   
O 

↑ 
T 

  ↑   
O

↑ 
T 

  

 
(a) 

 
(b) 

 
Fig. 2: A sequence of consecutive signals from the hydrophone of Fig. 1(a), arbitrarily 
selected for display. In (a) no bubbles are present. The first of the outgoing twin pulses 
(O, propagating out from source to target) is shown, followed around 1 ms later by the 
returning echo from the target (T, which propagates back from target to source).  The 

second in the pair of TWIPS pulses is sent out 20 ms afterwards, and produces 
corresponding echoes.  In (b) bubbles are present. Although the outgoing pulse is 

relatively stable, there is significant clutter from the bubbles and the signal from the 
target is attenuated.  
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The outgoing waveform characteristics are described elsewhere [4]. It consists of two 

pulses sent out 20 ms apart, the second having reversed polarity with respect to the first. 
The waveform prior to 1 ms in Fig 2(a) shows the first of this pair of pulses in the absence 
of bubbles, under which conditions it has a temporal peak pressure amplitude (0-peak) of 
around 25 kPa at 1 m from the source, and 15 kPa at the target. The target is a steel disc of 
diameter 415 mm and thickness 50 mm, and at range 2 m from the source. Its calculated 
target strength is -10 dB. 

 
 
(a) 

 
(d) 

(b) (e) 

(c) 

Time (ms) 

(f) 

Time (ms) 
 

Fig. 3: For both standard sonar (Panel (a) & (d) and TWIPS2a (Panel (b) & (e)) (as 
defined in reference [4]), hydrophone signals of the type shown in Fig. 2 are stacked 
consecutively one above the other, with start time t=0 chosen to be after the outgoing 
pulse (labelled O in Fig. 2) has passed over the hydrophone. Panels (a)-(c) refer to 

measurements taken in the absence of bubbles. The target is clearly visible at t~1.4 ms to 
both standard sonar (Panel (a)) and TWIPS2a (Panel (b)). When the normalised median 
of these 10 signals is calculated in (c), both standard sonar and TWIPS2a clearly show 

the target. Panels (d)-(f) shows the equivalent plot as for (a)-(c), but now with the 
introduction of a bubble population [8]. In (d) standard sonar can no longer see the 

target: the image is dominated by scatter from the bubble cloud. In (e) the scatter from 
the bubble cloud has been suppressed, and that from the target has been enhanced, such 
that the target is clearly visible. In (f) TWIPS2a clearly shows the presence of the target 
(note the suppression of the echoes from the bubbles), whilst standard sonar does not.   

 
 

Fig. 2 shows a sequence of hydrophone records, arbitrarily chosen, which demonstrate 
the effect which the presence of bubbles have on the detectability of the target. When 10 
such returns (arbitrarily chosen) are stacked (Fig. 3), the ability of TWIPS to detect the 
target when it is hidden by bubbles is clearly demonstrated. The agreement between the 
experiment, and the simulations made in 2005 before any experiment was planned [5-7], is 
spectacular. An example of this is found in the intermittent manner in which TWIPS2a 
detects the target. This feature was predicted in the simulations [6-7], and is one that could 
be offset in human or dolphin sonar by the use of a train of clicks: note that no fitting or 
adjustment parameters have been used with this data.  
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3. DOES TWIPS EXIST IN NATURE? 
 
Section 2 provided experimental evidence that TWIPS can detect targets in bubbly 

water where conventional sonar techniques fail. From the earliest days, however, the 
impetus in finding a sonar solution for shallow bubbly water had been come from the 
dilemma relating to species of odontocete, described in section 1 [1]. That dilemma is, 
specifically, that species which rely so heavily on echolocation not only inhabit shallow 
coastal waters, but at times also make bubble nets, begging the question of whether any 
odontocete use TWIPS [1]. Following the proposal of TWIPS, conversations between the 
authors and members of the cetacean research community revealed that multiple pulses are 
indeed sometimes observed from odontocete. Whilst under very still conditions a 
reflection from the water/air interface could produce a phase-inverted signal, a search of 
the records by the authors revealed that six species of dolphins and porpoises (all 
belonging to the genera Cephalarynchus and Phocoena) in fact have been reported to 
create multiple pulses deliberately [9-11]. These species are listed in Table 1. The primary 
habitats for all members of these genera are shallow waters - the same waters for which 
TWIPS was invented as a sonar solution. 
  
(a) 

 

(b) 
 
 

Fig. 4: (a) Two closely-spaced pulses from Hector’s dolphin have been overlaid, having 
first inverted the 2nd pulse (shown in red). This then closely overlays the 1st pulse (shown 
in blue) indicating that the 2nd pulse was originally phase-inverted with respect to the 1st. 

However this is not conclusive evidence, because the data had to be oversampled by a 
factor of 10 because most of the energy within the signal falls just below the folding 
frequency.  (Raw data courtesy Steve Dawson, University of Otago, processed by the 
authors). (b) Emission by Yangtze finless porpoise [12]. Axes not available. The 2nd 

wavepacket occurs ~300 sμ  after onset of  1st. Data-limited analysis suggests 2nd packet 
is inverted with respect to 1st.  

 
Pre-existing acoustic data for these mammals is scarce and, as a result of the wide 

bandwidth and high frequencies of the sounds they produce, it is often not sampled at a 
sufficiently high frequency to allow accurate phase analysis. Nevertheless phase analysis 
by the authors of recordings of Hector’s dolphin (supplied to them by Dr Steve Dawson of 
the University of Otago, Dunedin, New Zealand) strongly suggests that this species is 
capable of deliberately generating phase inverted pulses (Fig. 4(a)).  

Furthermore, the twin pulses detected from the Finless Porpoise were also shown to be 
phase inverted by Li et al. [12] (Fig. 4(b)). However those investigators assumed that the 
Finless Porpoises themselves did not generate twin inverted pulses, but rather that they 
generated a single pulse and that second pulse was the result of a reflection of the initial 
pulse from the air/water interface. Dawson and Thorpe [11] point out that while surface 
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reflections may sometimes dominate the acoustic response, there have been many cases 
recorded where the multi-pulse structure (the inter-pulse timing and relative amplitude) 
does not vary considerably.  In such cases, he argues, this would indicate that the multi-
pulse is in fact emanating directly from the moving animal, as the structure of a signal 
inclusive of significant surface reflections would alter as the animal moved closer or 
further away from the hydrophone. 

Convincing historical evidence which would suggest that the interpretation of multiple 
pulses as surface reflections is incorrect, is found in a 1966 paper by Medwin [13], who 
addressed the surface reflections from a wind driven surface.  This paper showed 
reasonable agreement between Kirchhoff scattering theory and experiment.  Medwin fixed 
an up-looking send/receive transducer on the bottom of the tank, and played 8 tones 20 
times.  The tones used were linearly spaced from 21.5 kHz to 194 kHz.  The tank surface 
was maintained at a near-constant roughness throughout the course of the experiment, so 
that, in dimensional terms, the higher frequency measurements effectively modelled 
rougher seas.  For anything more than superficial roughness (e.g. as the wavelength 
approaches the median size of surface disturbance), it becomes very difficult to obtain 
reflections of amplitude greater than about half that obtained when the surface was smooth 
and flat.  
Species Primary Habitat Ref.  
Dall’s porpoise, 
Phocoena dalli 

Near-shore, warm temperate to sub-arctic 
waters of the Northern Pacific Ocean. 

[14,15*]

Harbour porpoise, 
Phocoena phocoena 

Coastal waters of subarctic & cool temperate 
North Atlantic & North Pacific.  Often inshore. 

[10] 

Finless Porpoise,  
Neophcaena phocaena 

In-shore waters of Asia [12] 

Commerson’s dolphin, 
Cephalorhynchus 
commersonii 

Near-shore waters <100 m depth, incl. east 
coast of Argentina, southern Chile, & Indian 
Ocean 

[9] 

Hector’s dolphin, 
Cephalorhynchus hectori 

New Zealand coastal waters. Often in estuaries [16] 

Chilean/Black dolphin, 
Cephalorhynchus eutropia 

Coastal Chile [17] 

Table 1: Species for which there is tentative evidence for the deliberate use of multiple 
pulses for sonar in shallow water, with sources for that evidence referenced. Note: 

Awbrey et al. [15] made the first high frequency recordings of Dall's porpoise, but our 
group were unable to obtain this report. 

 
One coastal dolphin which is not listed in Table 1, but which belongs to the genera 

Cephalarynchus, is Heaviside's dolphin (Cephalorhynchus heavisidii). This is because the 
authors are unaware of any acoustic data in the public domain on this species, which is 
confined to coastal Africa.  However, given the close evolutionary ties between 
Heaviside's dolphin and the other dolphins of its genus [18] and the relative similarities of 
their limited habitats, we propose that acoustic measurements of Heaviside's dolphin could 
reveal the presence of multiple phase-reversed pulses. 

Undoubtedly the major hindrance in answering whether these mammals do in fact 
exploit TWIPS is the lack of acoustic records which were taken in a manner specifically 
designed to determine the relevant features of the pulses. As stated above, the sampling 
frequency must be sufficiently great to allow robust analysis of the phase.  Multi-element 
acquisition systems should be used to show undoubtedly that multi-pulses emanate from 
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the species in question, and are not the result of environmental reflections as some 
investigators have proposed [12].  The environmental conditions must be sufficiently 
challenging to stimulate the cetacean to use twin-pulse techniques, if it is capable of that. 
The measurement must be at the spatial peak of the projected beam which 
Cephalorynchus and Phocoena produce, and not off-axis as is easily done given the 
narrow beamwidths observed [8, 11, 16, 19]. This is because TWIPS is dependent on 
nonlinear bubble dynamics, which in turn require high amplitude acoustic waves.  Whilst 
careful measurements of the most closely studied dolphin (Tursiops truncatus, the 
Bottlenose dolphin, which is not a member of Cephalorynchus or Phocoena and does not 
produce twin pulses) has shown [10] that they can produce 126 kPa peak-to-peak at a 
range of 1 m, specific measurements of the type described above need to be undertaken to 
determine the maximum amplitudes which can be generated by Cephalorynchus and 
Phocoena. Whether or not cetaceans do indeed exploit TWIPS, the possibilities for man-
made sonar applications have been demonstrated.  

4. CONCLUSIONS  
 
TWIPS sonar has been used to detect targets in bubble clouds which are invisible to 

conventional sonar. The possibility that odontocete might use TWIPS is intriguing, but by 
no means settled: the question of whether the pulse amplitudes are sufficient, and whether 
the frequency range is appropriate, need to be settled. Furthermore there are those who 
adhere to the hypothesis that the second pulse is the result of a surface bounce, and not 
deliberately generated by the animal. It would be intriguing to investigate whether any of 
the species identified in Table 1 adapt their sonar for bubbly conditions, or show an 
enhanced ability in shallow water (their primary habitat) compared to free-ranging species, 
such as Tursiops, that have dominated testing and training by humans. There have been 
extensive recordings of the emissions of the Harbour Porpoise (Phocoena phocoena), a 
shallow-water animal.  Harbour porpoise emissions have been analysed by our group for 
the presence of equi-amplitude phase-reversed pulse pairs, but no such acoustic emissions 
have yet been identified 

Regardless of these intriguing questions, man-made sonar has now been demonstrated 
as reaching the stage where TWIPS sonar can be experimentally demonstrated, which 
offers the possibilities not only for applications of sonar in shallow water, but also for a 
range of EM applications, including radar, lidar and THz radiation [4]. 
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MEASURING AND MODELING BUBBLES IN SHIP WAKES, AND 
THEIR EFFECT ON ACOUSTIC PROPAGATION 
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Abstract: This paper presents measurements and model predictions of the density and size 
distribution of bubbles in the wakes of full scale ships, and the effects of the bubbles on 
acoustic propagation. The ship wake is primarily a hydrodynamic process, characterized 
by temporally and spatially varying flow conditions (i.e., local fluid velocity, pressure, 
turbulent kinetic energy and dissipation, etc.) coupled with the transport of large numbers 
of bubbles. We present results of ship wake modelling utilizing hydrodynamic and bubble 
transport equations in which we assume that the bubble density is such that, to a very 
good approximation, the bubbles have negligible effect on the momentum of the local 
(water) flow. This allows transport of the bubble field to be performed after the flow 
calculation, i.e., there is no feedback.  Bubble transport includes the following processes: 
buoyancy, drag, turbulent dispersion, and response to pressure fluctuations. We present 
measurements of acoustical backscattering from full-scale ship wakes, which reveal the 
wake’s time-varying shape and dependence upon operating conditions (e.g., speed).  The 
bubbles dominate the optical and acoustic characteristics of the wake, which means that 
remote probing of the wake provides direct information about bubble distribution and 
only by inference other properties such as fluid velocity. Finally, the effect of the bubbles 
on acoustic propagation is investigated using a full-field acoustic propagation model that 
responds to the range-dependent refractive and attenuative effects of the bubbles. Both 
sound speed and attenuation depend upon the bubble radius, pressure and acoustic 
frequency, and the radius depends upon pressure (i.e., depth).  The nature of the wake 
bubble field leads to depths and frequencies at which sound is attracted toward or away 
from the wake. 

Keywords: ship wake model, ship wake bubbles, ship wake measurements, ship wake 
acoustics 
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1. MODELING THE SHIP WAKE 

A Reynolds-Averaged Navier-Stokes (RANS) methodology has been used to compute 
bubble density in ship wakes based on the two-fluid formulation by Drew [1] for treating 
the liquid-air bubble mixture.  The equations are solved in a coordinate system that moves 
with ship such that the ship is stationary and the fluid is in motion.  We assume that the 
liquid and bubble phases are one-way coupled in the domain of interest due to the low 
bubble void fraction.  This reduces the mass conservation equation for the liquid phase to 

ˆ 0l∇ =v  (1)

and to the Navier-Stokes equation for conservation of momentum: 

Reˆ ˆˆ ˆ ll
l l l l lP

t
ρ ρ∂⎛ ⎞ ⎡ ⎤+ ∇ = −∇ +∇ + +⎜ ⎟ ⎣ ⎦∂⎝ ⎠
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Here ˆ lv  is the density-weighted average liquid velocity and the laminar and turbulent 
(Reynolds) stresses are respectively given by lτ%  and Re

lT .  The closure for the Reynolds 
stresses is obtained from the eddy-viscosity hypothesis and is calculated in conjunction 
with the blended k/ω model (details in [2]). Currently, density stratification, temperature, 
and salinity variations are not implemented, but the numerical structure for these 
calculations is already incorporated in the Computational Fluid Dynamics (CFD) software 
CFDSHIP [2].  For the bubble phase, the governing equation for mass conservation is 
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Velocity and pressure in the liquid phase are calculated using CFDSHIP, which is 
especially suited to naval applications.  CFDSHIP solves the incompressible Navier-
Stokes equations (2) with free surface deformation, which allows for generation of a 
surface wave field that changes dramatically with increasing speed, particularly in the 
transom region.  This is a consequence of increasing Froude number ( )ˆ /l gLv , where g 

is acceleration due to gravity and L is ship length. The wake computations include a model 
for the thrust and torque action of the propellers on the flow.  We have added code to 
solve equations (3) and (4) and transport the bubble phase code. 
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The liquid velocity field is solved in the entire domain surrounding the ship and 
throughout the wake using a boundary-fitted grid.  For the bubble phase, a bubble size 
distribution (BSD) (discussed further below) is used as an initial condition near the stern 
because air entrainment and bubble generation around the ship hull are not yet fully 
understood and modelled.  The dynamics governing the evolution of the bubbly phase 
include a large, but relatively weak vortex that transports bubbles away from the core and 
into the deeper region of the wake. 

2. SHIP WAKE MEASUREMENTS 

The acoustic measurements of bubble density in full-scale ship wakes utilize an 
autonomous underwater vehicle (AUV) fitted with a single beam upward-looking sonar.  
The single element transducer has a 9˚ two-way beam width and transmits a one msec 215 
kHz pulse every 55 msec using a source level of 211dB re 1μPa at 1yd.  The AUV crossed 
under the wake (depth ≈ 1.5*ship draft) a number of times while recording acoustic 
backscatter from the ship wake.  The received signal backscattered by the wake is band 
pass filtered and recorded continuously. 

Dumbrell [3] and Trevorrow et. al. [4] describe how the scattered signal from each ping 
is processed to estimate wake bubble density, scattering strength and attenuation.  Briefly: 
a. Beginning with the 1st point after a blanking time, total backscattered energy is 

estimated using the sonar equation and the transducer two-way 6 dB beam width. 
b. From the backscattered energy, the number of bubbles is estimated for the first cell 

using the backscattering cross section for single bubbles and the bubble size spectrum. 
The procedure is repeated for the second data point (or cell), except that attenuation due to 
bubbles in the first cell is taken into account when computing the backscattered energy 
and bubble density.  This procedure is repeated for each point in the uplook sonar data. 

The size distribution of the bubbles is required.  Dumbrell [3] has compared backscatter 
and attenuation measurements in the ship wake and found good agreement between direct 
measurements of attenuation and attenuation inferred from uplook sonar backscattering. 

3. MODEL – MEASUREMENT COMPARISON 

Figure 1 compares modelled and measured bubble density in a cross-wake plane 
approximately 2 kyd astern of the ship.  The RANS model wake is for a naval ship 
moving at 18 kt speed while the in-water measurements are for the same hull moving at 16 
kts. (The speed difference is unavoidable; all scales are the same).  Note that the RANS 
model predicts mean bubble density, which varies smoothly and is symmetric about the 
wake center, whereas the measurements are snapshots of a random field.  The measured 
wakes are strongly inhomogeneous and contain clumps and “fingers” of bubbles that reach 
downward from the surface and leave bubble-free holes between them, apparently the 
result of turbulent velocity structures.  These bubble structures cause the measured wakes 
to look very different from the RANS wake model predictions and limit the model-
measurement comparison to a qualitative comparison of wake size and density 

Gray patches inside the measured wakes indicate areas where bubble density cannot be 
estimated for one of two reasons.  The first is that the received level for the first point after 
the blanking distance in a single ping of uplook sonar data corresponds to an attenuation 
of 1 dB or more, indicating that the sonar was in the wake.  The second possible reason is 
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that the cumulative attenuation applied to sound propagating upward through the wake 
reached a level indicating that sound cannot penetrate farther. 

The model wake is 60% as wide as the measured wake for all bubble radii, is 
significantly denser than the measured wake for the 25 μm and 75 μm bubbles, and is 
somewhat denser for the 250 μm bubbles.  Modelled bubble density generally matches the 
measured values within the dense fingers that extend down from the surface, but is much 
higher elsewhere.  It appears that the modelled wake is not as deep as the measured wake; 
the latter is truncated because the sonar crossed tlhrough the bottom of the wake. 

 

 
 

Fig. 1:  Log10 bubble density for 18 kt modelled wake (a) and 16 kt measured wake (b) @ ~2 kyds. 

Figure 2 shows the density of 25, 75 and 250 μm bubbles in cross-wake planes 
approximately 2 kyd astern.  The modelled wake is for the naval ship moving at 28 kt 
while the measurements are for the same hull moving at 26 kts.  The modelled wake is 
considerably narrower than the measured wake from the surface down to 50’ depths, 
especially for the 250 μm bubbles.  Modelled wake intensity matches the measured values 
in the lobes extending down from the surface but not elsewhere.  Wake depth cannot be 
compared because the measured wake is cut off due to shallow AUV run depth.  In 
general, the modelled wakes are smoother and more compact than the measured wakes. 
 

 
 

Fig. 2:  Log10 bubble density for 28 kt modelled wake (a) and 26 kt measured wake (b) @ ~2 kyds. 

(a) (b) 

(a) (b) 

Log10(density) Log10(density) 

Log10(density) Log10(density) 
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4. DETACHED EDDY SIMULATION (DES)  

A characteristic of RANS wake models is that they calculate the mean velocity field 
and use it to transport bubbles through the wake.  In a real wake, however, bubbles are 
transported by the instantaneous, turbulent velocity field.  The absence of turbulent scales 
in the RANS velocity field causes the resulting bubble field to vary smoothly over 
location.  A significant improvement in model fidelity is provided by the Detached-Eddy 
Simulation (DES) method [5] which combines RANS solutions in the boundary layer 
where the turbulence scales are smaller than the grid spacing, with Large Eddy Simulation 
(LES) solutions in regions where the flow is separated from the boundary and contains 
large scale turbulence.  DES senses the grid spacing and switched the calculation between 
RANS and LES, resulting in a computational load that can be substantially less than that 
of LES.  In separated regions like the ship wake, DES retains large scale turbulent 
structure that would be averaged out in the RANS calculation. 

Figure 3 compares normalized fluid velocity (we cannot predict bubble density yet) 
predicted using RANS and DES along the center line of a ship wake.  Note that the 
coordinate system moves with the ship in the positive x direction, and in this reference 
frame the water is flowing to the left (negative x direction).  Both calculations show a 
recirculation zone near the stern (indicated by the orange color).  However, the mean fluid 
velocity field computed using the RANS model (upper) changes smoothly while the DES 
field (lower) contains large scale structure in the velocity field.  The DES calculation is 
unsteady, meaning that the velocity field is not constant in time. 
 

positive x direction

unorm

positive x direction

unorm

 
 

Fig. 3: Normalized water velocity predicted using RANS (upper) and DES (lower) models.  The 
coordinate system moves with the ship.  Red or green dots mark flow stream lines. 

5.  ACOUSTIC PROPAGATION THROUGH THE WAKE 

The presence of bubbles in water causes the sound speed to be dispersive (vary with 
frequency) and acoustic signals to be attenuated (cf. [6]). These two effects can be 
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incorporated into a complex effective sound speed.  For a mixture of bubbles of different 
sizes, the effective sound speed at range r, depth z and acoustic frequency f is 

0( )( , ,
1 ( , , )

c zc r z f)
S r z f

=
+

 
(5)

 
Here C0 (z) is the sound speed without the bubbles present, which varies with z but not 
with frequency or range.  The effect of the bubbles is incorporated in the term 
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The summation in (6) is over the M bubble radii aj. The quantity ( , , )jN r z a is the density 
of bubbles with radius between ja and ja da+  at position ),( zr , where 1da mμ= .  The 

resonant frequency of a bubble of radius ja  at depth z is ( )0 , jf z a , and ( )jaδ  is the 
damping due to re-radiation, shear viscosity of sea water, and thermal conductivity. 
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Figure 4: Bubble size density (upper), sound speed (middle) and attenuation (lower) for a depth of 2 

m.  The sound speed in bubble-free water is 1500 m/s. 

Fig. 4 shows sound speed and attenuation vs frequency for an exponential BSD [3].  
The speed of sound in bubble-free water is 1500 m/s.  Fig. 4 shows that at 30 kHz for 
example, the sound speed is higher than 1500 m/s near the surface but is lower than 1500 
m/s at greater depth. Because sound is refracted away from higher speed regions and 
toward lower speed regions, near the surface 30 kHz sound will be refracted away from 

ambient 
sound speed 
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the wake, while at greater depth it will be refracted toward the wake.  The wake 
attenuation peak (bottom panel) moves to higher frequency as depth increases. 

Sound speed and attenuation in the ship wake can be used with an acoustic propagation 
model to calculate transmission loss for sources and receivers located in or near the ship 
wake [7].  The Parabolic approximation to the wave Equation (PE) model is well suited 
for predicting propagation through dense, random distributions of bubbles such as those 
that can be found in surface ship wakes.  Beginning with a 3D distribution of bubbles, a 
vertical slice containing the source and receiver is extracted, and the 2D (range vs. depth) 
sound speed and attenuation fields are calculated (e.g., Fig. 5, upper and middle plots, 
respectively).  A Green's Function parabolic equation (GF-PE) code takes the source-
receiver geometry and sound speed and attenuation fields as input and computes the 
complex pressure field (e.g., the bottom panel in Fig. 5). 

Fig. 5 utilizes the bubble density data shown in the left panel of Fig. 2.  The resolution 
used in Fig. 5 is 5 m in range and 1 m in depth.  The upper panel shows sound speed (m/s) 
at 30 khz, which we see is higher than ambient (1500 m/s) near the surface but lower than 
ambient at deeper depths.  The middle panel shows attenuation (dB/m) at 30 kHz, which is 
higher in the shallow part of the wake and lower in the deeper wake.  This is explained in 
Fig. 4. The bottom panel is transmission loss (dB) for a source at 1.0 times the ship draft. 
There is a shadow zone behind the wake into which acoustic energy enters by refraction 
and diffraction under the wake. 

 

 
 

Figure 5: Sound speed, m/s (a) and attenuation (dB/m) (b) at 30 kHz calculated from the ship wake 
bubble field in Fig. 2a.  Panel (c) is transmission loss (dB) calculated using PE and a source 1.0 times 

the ship draft.  Note the acoustic shadow cast by the wake. 
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6. SUMMARY 

We have discussed measurements and modelling of the density and size distribution of 
bubbles in the wakes of full scale ships, and the effect of the bubbles on acoustic 
propagation. The velocity field in the wake was modelled using the Reynolds-Averaged 
Navier Stokes (RANS) and Detached Eddy Simulation (DES) approaches and used to 
transport bubbles, and the resulting bubble fields compared with measured wakes. Both 
RANS and DES calculate the velocity field all around the ship hull and throughout the 
wake.  However, RANS calculates the average field, which is smooth and devoid of 
turbulent velocity.  The measured wakes are strongly inhomogeneous, apparently due to 
bubbly fingers advected downward by turbulent velocity.  The DES model retains some 
turbulent scales and thus appears to possess the variability seen in measured wakes.  
RANS is a mature and widely used tool; DES is a newer technique that is the subject of 
current computational fluid dynamics (CFD) research. 

Our ultimate interest is in the acoustic properties of the bubbly wake and the wake’s 
effect on acoustic propagation.  The acoustics of the ship wake depend strongly on the 
bubble size distribution (BSD) and depth.  For acoustic frequencies in the 10’s of kHz, we 
are in the Rayleigh scattering region where resonant scattering is often dominant but off-
resonant scattering can be important.  The change in bubble radius caused by depth 
(pressure) changes has a strong effect on wake acoustics.  As an example, we used an 
exponential bubble distribution and showed that increasing pressure increases the 
frequency of the attenuation peak and at 30 kHz, lowered sound speed and attenuation.  
Although this result depends upon the BSD and the acoustic frequency, a general, 
conclusion is that low frequency sound is refracted toward the wake while high 
frequencies are refracted away from the wake. 
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When a gas bubble in water undergoes forced pulsations, sound is radiated at the forcing 
frequency, and the scattering cross-section exhibits a resonance peak when the forcing 
frequency passes through the bubble’s natural frequency.  At resonance, the amplitude of 
the scattered spherical wave is determined by the amount of damping associated with the 
bubble dynamics.  In his 1967 article, ‘Sound propagation in the presence of bladder fish’, 
Weston describes a model for the through-resonance frequency dependence of the 
scattering and extinction cross-sections, based on the work of Andreeva (1964).  In 
Weston’s model, if all damping terms other than radiation damping are omitted, the 
resonance peak is skewed, with a tendency for the scattering cross-section to increase with 
increasing frequency through resonance.  In 1977, Medwin published ‘Acoustical 
determination of bubble-size spectra’, based on Eller (1970), in which he describes a 
similar model, according to which the predicted resonance peak is also skewed, but in the 
opposite direction to that predicted by Weston.  If Medwin’s model turns out to be valid, 
this would have little impact, as his curves are already in widespread use.  However, if the 
Andreeva-Weston model is correct, a small adjustment becomes necessary to Medwin’s 
curves.  A possible experiment designed to establish the true frequency dependence is 
described, involving the ensonification of a single spherical bubble with a broadband 
pulse, through the bubble’s resonance frequency.  If the radiation damping can be 
separated form other effects, the correct frequency dependence can be established by 
measuring the spectrum of the scattered sound. 

Keywords: bubbles, scattering cross-section, extinction cross-section, radiation damping  
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1. INTRODUCTION   

Bubbles play an important role in the generation, absorption and scattering of 
underwater sound [1].  The acoustic properties of bubbles are generally well understood, 
to the extent that acoustical measurements are sometimes used to determine characteristics 
of bubble clouds such as their size distribution [2].  Such acoustical characterisation of 
bubble properties requires a firm foundation in theory.  The purpose of this article is to 
point out a discrepancy in two published theories relating to radiation damping, to discuss 
the consequences of the discrepancy and to suggest possible ways of resolving it.  The two 
models are described in Sec. 2, including a discussion of the discrepancy between them 
and its consequences.  A possible experiment, designed to establish which of the two 
models is correct, is described in Sec. 3, followed by brief conclusions (Sec. 4). 

2. THE SCATTERING MODELS 

In this section two models of scattering from gas bubbles are described.  Only the final 
result is given for each, as the derivations can be found in the original source references.  
For both models the scattering cross-section σs of a bubble of radius a at acoustic 
frequency f is [2], [3]  

( ) 2222
R

2

s
1/

π4

δ
σ

+−
=

ff

a
,   (1)

where, following Medwin’s notation, fR is the bubble resonance frequency [4].  The 
damping parameter δ can be written 

otherradtot δδδδ +=≡ , 
(2)

where δrad is the contribution from radiation damping and δother includes all other 
contributions, such as viscous and thermal losses.  The subscript ‘tot’ is introduced in 
order to distinguish unambiguously between radiation damping and total damping. 

2.1. Wildt-Devin-Eller-Medwin (WDEM) model 

Wildt [5] derives Eq. (1), with radiation damping term 

ka=radδ , 
(3)

and shows further that the extinction cross-section σe is related to σs via 
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where k is the acoustic wave number in water.  Wildt’s model is adapted by Medwin [2] to 
incorporate improved models of thermal and viscous damping terms derived by Devin [6], 
and extended to off-resonance conditions by Eller [7].  We refer to the complete model 
henceforth as the Wildt-Devin-Eller-Medwin (WDEM) model.  The resulting damping 
term δtot is plotted vs bubble radius in Fig. 1 (left). 
 

 
Fig.1: Theoretical damping parameter δ  versus bubble radius for acoustic frequencies 

1 kHz, 30 kHz and 1 MHz; the resonant bubble radius is marked for each frequency using 
a vertical grey (cyan) line; The contribution due to acoustic radiation is shown as a dash-

dotted line (-.-). left: Wildt-Devin-Eller-Medwin; right: Andreeva-Weston. 

2.2. Andreeva-Weston (AW) model 

The scattering cross-section is given by Andreeva [8] in the same form as Eq. (1), but 
with the following expression for the radiation damping term 

( )kaff 22
Rrad /=δ . 

(5)

Weston [3] derives Eq. (1) for σs, and the following expression for σe 

⎟
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other

se 1
δ

σσ , (6)

but with δrad given by Eq. (5) instead of Eq. (3), in agreement with Andreeva.  We refer to 
this model henceforth as the Andreeva-Weston (AW) model.  Notice that, according to Eq. 
(5), the radiation damping term decreases linearly with increasing frequency (or bubble 
radius), exactly the opposite as predicted by WDEM.  The value of δtot is plotted vs bubble 
radius in Fig. 1 (right), as calculated using the AW model, i.e., with Eq. (5) for radiation 
damping.  It follows from Eq. (1) that σs is inversely proportional to 2δ  in the immediate 
vicinity of the resonance peak.  Therefore, if the only damping arises through acoustic re-
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radiation, AW predicts an increase in σs with increasing frequency in this limited region, 
whereas the opposite dependence is predicted by WDEM.  The overall effect is for the 
resonance peak to be skewed compared with expectation for a constant value of δ.  The 
predicted skewness is the same for both models but in opposite directions. 

2.3. The discrepancy and its consequences 

A comparison between the two graphs of Fig. 1 shows that there is a large difference 
between the damping terms predicted by the two models for large bubbles (above 
resonance).  Nevertheless, as pointed out by Weston [9], the impact is not as serious as it 
at first seems, because away from resonance, the effect of the radiation damping on both 
σs and on σe is small.   

Even though the difference in magnitude turns out to be small, the difference in 
functional form is puzzling, and suggests that the through-resonance behaviour is not 
properly described by one of the two models.  This difference should not be taken lightly.  
If sound is to be used as a measurement tool, the interaction of the sound with the 
observed object needs to be understood.  If one is unaware of the discrepancy one might 
see nothing wrong in using δrad from one model, Eq. (5) say, to calculate extinction cross-
section with the other, Eq. (4), leading to large errors in the prediction of σe. 

3. WHICH MODEL IS CORRECT? 

Having established that there is a discrepancy, the obvious question is “Which of the 
two models is correct?”  A theoretical study of the difference between them is outside the 
present scope (see Ref. [10]).  It is also desirable to confirm the theoretical findings by 
measurement, so the question becomes “Can we measure the variation of (say) σs through 
the resonance frequency”.  This is not a simple question to answer, because of the way the 
amplitude of the acoustic scattering cross-section peaks around the bubble resonance. 
Therefore, whilst the difference between Eqs. (3) and (5) would appear to become more 
pronounced the further one moves away from resonance, the amplitude of the acoustic 
scattering cross-section locally decreases away from the resonance to such an extent that 
the measurement itself becomes significantly more challenging. Furthermore, citing δrad 
on its own is in itself an artifice, because other loss mechanisms are also important close 
to resonance.   

Hence, the experiment in question would have to select a bubble which, when 
insonified around resonance, produces dissipation mainly through radiation damping. For 
many sizes of air bubbles in water, resonance occurs roughly in the region where there is a 
balance between thermal and re-radiation losses. A large (e.g. millimetre-sized) bubble 
would be preferable to a smaller one because then the contribution from viscous damping 
would not be so great.  It may also be possible to reduce the influence of thermal damping 
by carrying out the measurements under pressure.   

The experiment would then be aimed at conducting measurements to examine the 
asymmetry in the bubble response around the resonance. This can be achieved using the 
apparatus shown in Fig. 2, which combines a number of transducers to elicit from the 
bubble several signals that characterise the bubble resonance. Measurements can be made 
both on freely rising bubbles, and on bubbles held stationary by ‘tethering’. Of particular 
note for the purposes of this paper is the ‘pump’ transducer designed to drive the bubble 
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into pulsation.  By sending a pseudo-random noise sequence through this transducer, the 
through-resonance response can be obtained (see Fig. 10 of Ref. [11]) and examined for its 
asymmetry about the resonance, in keeping with the contribution of the radiation damping 
to the total losses.  

Figure 2 also shows various other transducers that can be deployed simultaneously.  Of 
particular relevance to the current study are the high frequency projector and receiver 
(‘Panametrics V302’). These have been used to monitor the through-resonance behaviour 
of the combination-frequency fi ± fp, where fi is the ‘imaging frequency’ 1.134 MHz and fp 
is the ‘pump frequency’. The results for rising bubbles are shown in Fig. 3. As before, the 
asymmetry around resonance of these responses could be used to discriminate the true 
frequency dependence of the acoustic scattering cross-section.  Improved statistics can be 
expected using tethered bubbles [11].  

 

 
Fig.2: Apparatus used by Leighton et al. [11] for characterisation of the resonance. 

 

 
Fig.3: Plots with 98 Hz resolution of (a) the modulus of voltage transfer function and 

(b) coherence, calculated from the (a) signal from the B&K8103 hydrophone and (b) the 
heterodyned signal from the Panametric V302 receiver shown in Fig. 2. A rising stream of 
bubbles of radius 800 μm was subjected to broadband insonification by a band limited 1–

8 kHz pseudo-random noise sequence. 
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4. CONCLUSIONS 

A discrepancy is found between two models, published by Medwin [2] and Weston [3], 
and referred to in the present text, respectively, as WDEM and AW, that describe the 
scattering cross-section of gas bubbles in water.  These two models make almost identical 
predictions but exhibit an unexplained difference in behaviour for small departures from 
resonance.  The difference is negligible both far from resonance and exactly at resonance. 

Because the difference in the models’ predictions is small, a measurement able to 
distinguish between them is a challenging one.  A possible experiment is described that 
involves scattering of pseudo-random noise pulses from tethered bubbles. 
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Abstract: The potential of nonlinear pulsating bubbles to improve the performance of 
parametric sonar has been known for some years, but exploitation of this phenomenon 
and its theoretical modelling is still under investigation. This paper focuses on some 
theoretical aspects of determining sonar parameters through modelling nonlinearly 
pulsating gas bubbles in water. Existing expressions for these parameters were developed 
when bubble theories had newly appeared, and since then they were not always been 
updated with all the new modelling aspects. Without models, which encompass the 
relevant physics, it is not possible to estimate sonar performance and its feasibility in 
bubbly waters. For example, analytical formulae used today for the prediction of the 
coefficient of nonlinearity are based on the Rayleigh equation, which later was improved 
with damping effects. These formulae result in lower (and for some frequencies 
unphysical) predictions for the coefficient of nonlinearity. Analytical formulae from this 
work were used to estimate the parametric output. The sonar drive frequency was 920 kHz 
and the difference frequency 50 kHz. Tank experiments were undertaken in fresh water 
with low void gas bubbles to compare with this modelling approach.  

Keywords: nonlinear bubble pulsations, parametric sonar, coefficient of nonlinearity 

1. INTRODUCTION 

A parametric sonar uses the nonlinear propagation of two acoustic waves of different 
primary circular frequencies 1ω  and 2ω  to generate a difference frequency in addition to 
harmonics and combination frequencies. The difference frequency 1 2ω −  has a narrower 
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beam and wider bandwidth than would result from a conventional source of the same size. 
However the difference frequency signal has a relatively low level. This can be mitigated 
by enhancing the nonlinearity of the medium, for example, through the use of nonlinear 
pulsating bubbles. A given bubble may scatter and absorb the incident acoustic waves and, 
if the bubble pulsates nonlinearly, it can reradiate sound at primary frequencies and at 
their combinations. A possible way to achieve parametric sonar enhancement at sea is to 
exploit the nonlinear emitted difference frequency of bubbles pulsating in the upper water 
layers. The greatest degree of nonlinearity tends to be generated by bubbles which are at, 
or near, resonance [1]. Even if there are resonant bubbles present, the population as a 
whole might not generate sufficient nonlinearity if there are large numbers of off-resonant 
bubbles [2]. When bubbles are present randomly over the propagation path, the scattered 
sound consists of coherent and incoherent parts [3]. The coherent part is the sound that is 
spatially and temporally correlated with the incident waves. In this paper coherent 
scattering is considered under dual excitation, and analytical expressions for the 
component of the radial displacement at the difference frequency are formulated. By 
assuming that the bubbles in a small region act coherently, the effective nonlinearity 
parameter for the medium is evaluated in terms of the bubble size distribution. In addition 
expressions for the attenuation and speed of sound of the primaries are obtained. These, 
together with the difference frequency attenuation and speed of sound, are crucial to the 
performance of parametric sonar. Preliminary results demonstrating the effect of bubbles 
on a short range parametric source are also presented. 

2. BUBBLE DYNAMICS 

When noninertial bubble pulsations in a liquid of low viscosity are considered, and the 
vapour pressure is not taken into account, these pulsations can be described with the 
Rayleigh-Plesset equation in dimensionless form [4]: 

( ) ( )
( )( )( ) ( )

2 2 2
0 0 0 0 0 0 0

2
0 0 0

1.5 (3 2 / 2 / )

         1.5 3 1 2 / 2 / 4 ( ).

R x xx R x p R R x

p R R x x xx P t

ρ ρ κ σ σ

κ κ σ σ η

+ + + + −

− + + − + + = −

&& && &

& &
  (1) 

The variable x denotes the bubble radius displacement normalised to the equilibrium 
radius R0, such that the instantaneous bubble radius is R=R0(1+x). The surface tension is 
σ , the equilibrium density of the liquid is ρ0, the shear viscosity at the bubble wall is η, 
whilst κ the gas polytropic index of the gas, and P(t) is the applied acoustic field which for 
the dual excitation considered in this paper  the form: 1 1 2 2( ) cos( ) cos( )P t P t P tω ω= + . 
Analytical expressions for x  can be found by the asymptotic expansion method [5]. If the 
amplitude-phase representation xoicos(ωit+φi) is used for the harmonic components ‘i’ of x, 
then the following formulae give the amplitudes of the first (xo1), second (xo2) and 
difference frequency (xo1-2) harmonics and their phases ( 1φ , 2φ and 1 2φ − respectively) [4]:  
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2 2
1,2 v 1,2 1,2 0tan /( )φ δ ω ω ω= −             and             1 2tan (1 ) /(1 )........... e e. r.whφ ξ ξ− = − + −  (4) 
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These solutions are expressed in terms of the bubble eigenfrequency ω0 and the viscous 
damping coefficient vδ where  

( )2 2
0 0 0 0 0 03 2 / 2 /p R R Rω κ σ σ ρ= + −     and    2

0 0v 4 Rη ρδ = . (6) 
The main limitation of applying the expressions (2)-(5) to derive effective medium 

properties is the lack of radiation damping and thermal damping. In this paper the thermal 
effects are neglected whilst a frequency dependant radiation damping factor  

2
rad 0 0R cδ ω=  was added to vδ  to account for radiation losses [6]. 

3. EFFECTIVE MEDIUM PROPERTIES 

The effective coefficient of nonlinearity ( effβ ) is a measure of difference frequency 
generation when a two phase medium is considered for parametric propagation. In bubble-
free conditions, the nonlinearity of pure water ( wβ ) is the relevant material property. 
Pulsating bubbles are another source for nonlinearity ( bubβ ). Assuming no phasing effects, 
the bubbly medium nonlinearity is the sum of these coefficients: eff w bubβ β β= + . 

If the medium is assumed to contain N(R0)dR0 bubbles per cubic metre having radii in 
the range from R0 to R0+dR0 then, in the quasi linear regime (where the first order terms  
are assumed to be unaffected by the nonlinear generation) the nonlinearity coefficient is 
given by [4]: 

( )2 4
bub 0 0 0 1 2 0( ) /c N R V PP dRβ ρ −= ∫ && .      (7) 

For this derivation multiple scattering effects are assumed to be negligible [7] and the 
density of the medium of propagation ( ρ ) is set equal to 0ρ . The nonlinearly pulsating 
bubbles act as acoustic sources, and the parameter bubβ  is defined in terms of the second 
time derivative of the amplitude of the bubble volume pulsations emitting at difference 
frequency ( V−

&&  ) and the amplitudes of the primary waves P1 and P2 [4]. The difference 
frequency source strength can be expressed in terms of volume changes. As a result, many 
works in underwater acoustics [8,9] (and other applications [10,11]) use the component of 
volume displacement at the difference frequency (V-) as extracted from solutions of 
nonlinear equations which have the pulsating volume as variable. The approach of 
converting a bubble dynamics equation into volume notation is correct but existing 
expressions are based in the following approach: First the Rayleigh equation is linearised 
up to the second order [12]. Then a linear damping term that is proportional to V& (which is 
the volume analogue term for the x& ) is added to the linearised expression to compensate 
for losses. During this procedure, the nonlinear product damping term ( xx& ) is lost, a result 
that does not happen during the procedure outlined in section 2 [4]. 

In terms of the variables given by equations (2) and (3) V−
&&  is given by: 

3
0 1 2 1 2 1 24 ( ) /o o oV R x x x PPπ− −= +&&           (8) 
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Fig.1: The ordinate axis shows the coefficient of nonlinearity for fresh water with gas 

bubbles at 3 m depth. (a) For 1f  fixed at 2 MHz, and for 2f  on the abscissa varying from 0 
to 2 MHZ, and for two monodisperse bubble populations ( 0R =5 mμ or 25 mμ ) having void 
fractions of 10-6, bubβ  is calculated using the new eqn. (8) (solid line) or existing eqn. (17) of 

ref. [14]. (b) For varying f1 and f2 (such d 1 2f f f= −  and centre frequency 
( c 1 2( ) / 2f f f= + ) always equal to 920 kHz), and for the bubble distribution used for the 

experiments [16] with void fraction 10-5, bubβ  is plotted from eqn. (8). 

In Fig. 1(a), the values for bubβ  are derived by substitution of equation (8) into (7) and 
are compared with those obtained from equation (17) of reference [6] with the same 
damping effects included ( v radδ δ δ= + ). As shown, bubβ based on the new expression for 
V- never predicts zeros for bubble nonlinearity, and consequently these do not appear in 
the emitted pressure field when it is inserted into the general equation for a monopole 
source [13]. The predictions for bubβ are dependent on the drive frequencies and their 
combinations. In practice the centre frequency ( cf ) of the transducer is used to generate a 
limited range of difference frequencies ( df ). Fig. 1(b) shows the predictions of the 
nonlinearity coefficient for the frequency combinations that could be realised with the 
parametric source used in our experiments. Expressing the volume variations in terms of 
radius harmonic components enables formulae for the phase speeds 1,2c , and the extra 
attenuations 1,2α  of the primaries due to the bubbles to be derived [4]. The derivation is 
based on the definition of sound speed in terms of bulk modulus; 

2 2 3
1,2 0 0 0 0 1, 2 1,2 1,2 01/ 1/ ( )4 ( / )coso oc c N R R x P dRρ π φ= + ∫     (9) 

2 2 3
1,2 1,2 0 0 0 1, 2 1,2 1,2 0( )4 ( / )sino oN R R x P dRα ω ρ π φ= − ∫     (10) 

Equations (9) and (10) give results which are identical to the expressions obtained when 
derived from the complex form (see for example equation 36 of reference [6]). 

4. EXPERIMENTAL RESULTS & DISCUSSION  

Preliminary experiments were carried out in a laboratory tank with fresh water with 
dimensions: 8 m x 8 m x 5 m x 5 m (Fig. 2(a)). An air compressor (bubble generator) was 
used to generate bubbly water that was pumped via a hose at the bottom of the tank; this 
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generated a low void fraction (~10-5) air bubble plume [14]. The hose end was modified so 
that the bubble cloud extended from in front of the transducer to a distance halfway to the 
hydrophone (approx 1 m). The hydrophone was mounted on two stacked linear translation 
stages (not shown in Fig. 2(a)) driven by stepper motors in order to perform vertical and 
horizontal field scans. A conventional source of 2.5 cm radius and 920 kHz resonance 
frequency was used to generate a fd =50 kHz parametric beam. 
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1m bubbly 1m fresh water

(a) (b) 
Fig. 2: (a) Experimental set up: the hydrophone was aligned at a 2.2 m from the source at 
a depth of approximately 2.8 m; when the bubble generator was on the bubbles formed an 
approximately 1 meter thick layer in front of the transducer. (b) Measured beam profile 

for fd= 50 kHz in fresh water (solid line) and with bubbles for the first half of propagation 
path (Fig. 2(a)). Errors due to noise are approximately ± 1 dB. 

Fig. 2(b) shows the beam profile (normalised with respect to the broadside value for 
bubble free water) for a difference frequency of 50 kHz, as measured from a horizontal 
scan starting -30 cm off axis and ending 30 cm of axis, in the tank without bubbles (solid 
line) and with bubbles (circles). The attenuation of the primary beams (not shown) was 
small (1.3 dB for the whole propagation length) as expected from the bubble distribution 
[14]: given that whilst there were measurable numbers of bubbles resonant at 50 kHz the 
resonant bubble radius for the primaries was ~ 4 mμ and only a few bubbles of that size 
was likely to be present [14].  

For this system where the hydrophone was in the nearfield of the parametric 
generation region; narrowing of the beam was observed. As the distribution and phasing of 
the secondary sources are determining the beam profile and the primaries were only 
slightly attenuated by the bubble cloud, the difference frequency sources nearest to the 
hydrophone were hardly affected. In contrast 50 kHz generated nearer to the transducer 
would have been attenuated by the bubble cloud. The change in beam profile can be 
attributed to this change in the significance of the secondary sources. Asymmetry of the 
beam profile is attributed mainly to phase changes caused by the cloud and to fluctuation 
of the cloud in terms of its density and position. For this preliminary scan the cloud drift 
caused a change of approximately 1 dB over the period of measurement.  
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5. CONCLUSIONS 

 This paper has presented a new theoretical approach to predicting the bubble mediated 
contribution to nonlinearity for parametric sonar. A preliminary comparison with 
experiment has been made. Further data is required to validate this theory. 
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Abstract: Following the earlier proposal of an acoustic mechanism for the operation of 
the circular bubble nets of humpback whales, the authors have instigated studies of the 
spiral nets of humpback whales, which have been photographed in the wild. There is no 
information as to relative frequencies of occurrence of spiral as opposed to circular 
bubble nets, or nets of other geometries. However the spiral net offers several distinct 
advantages over the circular one in terms of the generation of an acoustic trap, containing 
some regions of bubble-free water which will be quiet when the whales insonifies the net 
with feeding calls. These advantages are demonstrated through simulation, and a physical 
scale model was used to demonstrate some of these features. 

Keywords: Bubble net, humpback whale, waveguide, cetacean acoustics 
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1. INTRODUCTION  

In 2004, Leighton et al. [1] proposed that humpback whales use bubble nets as 
acoustics waveguides to create a sonic trap for prey.  It had been known for decades that 
humpback whales, either singly or in groups, sometimes dive deep and then release 
bubbles to form the walls of a cylinder, the interior of which is relatively bubble-free. The 
prey are trapped within this cylinder, for reasons previously unknown, before the whales 
‘lunge feed’ on them from below. When the whales form such nets, they emit very loud, 
‘trumpeting feeding calls’. Leighton et al. showed a how a suitable void fraction profile 
would cause the wall of the cylinder to act as a waveguide, creating a ‘wall of sound’ with 
a relatively quiet interior at the centre of the cylinder. They hypothesized that any prey 
which attempted to leave the trap would enter a region where the sound is subjectively 
loud and furthermore could excite swim bladder resonances [2-5]. In response, the prey 
would school, and be trapped ready for consumption (the bubble net turning the 
‘schooling’ survival response into an anti-survival response).  

The circular geometries modelled by Leighton et al. [1] were based on the frequent 
description in the literature of humpback bubble nets as ‘circular’, or as bubble ‘rings’ [6-
15]. Since then however the authors had brought to their attention (by Dr. Simon Richards 
of QinetiQ) the existence of photographs showing the development of a spiral form of 
bubble nets by humpback whales (Fig. 1). This paper outlines the possible acoustical 
implications of spiral nets. 

Fig. 1: Three images illustrating the formation (a)-(c) of a spiral bubble net, with lunge-
feeding occurring in frame (c). Note the presence of opportunistic birds.  (Photographs by 
Tim Voorheis / www.gulfofmaineproductions.com.  Photographs were taken in compliance 

with United States Federal regulations for aerial marine mammal observation). 

2. THE SPIRAL NET HYPOTHESIS 

The authors hypothesize that spiral bubble nets may hold distinct advantages over 
circular ones [16]. In the circular bubble net of Leighton et al. [1], the propagating rays 
which form the ‘wall of sound’ are confined within bubbly water. As will be shown 
below, refraction can trap rays within a spiral bubble layer in a similar way [16]. However 
in both cases the rays trapped by refraction propagate through bubbly water, where the 
attenuation is greater than it would be for bubble-free water. It is therefore advantageous 
in forming a ‘wall of sound’ that the spiral bubble nets contain a second, complementary 
path, where the containment of the rays works through reflection, and crucially, the 
propagation occurs through bubble-free water where the attenuation is less. Furthermore 
the open end of the spiral forms a more robust entry point for the sound, and does not 
require shallow angles of the sort modelled by Leighton et al. [1] in order to create a wall 
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of sound with a quiet interior. The trap is therefore much more tolerant to the positioning 
of the whale. There are yet further advantages to the spiral bubble net, compared to the 
circular one, detailed below. 

The circular net requires closure of the circle in order to create a quiet bubble-free 
region. Of course the inner end of the spiral could close up upon itself, creating in effect a 
circular bubble net within a spiral one, with a quiet bubble-free region in the centre in 
which prey are trapped. However spiral nets do not need such accuracy in their 
construction: they will still work even if there is no complete closure of the bubble layer 
surrounding a bubble-free centre; and they will still work even if the centre is not bubble-
free. This is because the spiral geometry generates a new region, free of bubbles and 
sound, within the inside edge of the bubble-free arms of the spiral. The ever-closing spiral 
wall means that, as they progress into the spiral, the reflected rays meet the outer edge of 
the bubble-free arm of the spiral with ever-decreasing grazing angles, such that the inner 
edge of the bubble-free arms remains quieter. 

Whilst both the bubble-free and bubbly paths in the spiral individually contribute to the 
wall of sound, the interactions between them create a synergistic effect: there will be ray 
paths which propagate at times in the bubble layer, and then leave it to enter the bubble-
free layer, of the spiral; and reflections at interfaces between bubbly- and bubble-free 
water will be only partial. 

Fig. 2(a) shows the effect of just one ray as it enters the bubble-free arm of the spiral 
(all modelling in this paper is restricted by the limitations of ray representation, as 
discussed earlier [1]). When it first meets the outer edge of the bubble-free arm (at the 
point labelled A, here with a grazing angle of 34º), the subsequent propagation is 
represented by two rays: a refracted ray in the bubbly arm, and a ray which is reflected 
into the bubble-free arm. The refracted ray propagates in the bubbly waveguide. As it 
approaches the edge of the bubbly water in principle it may of course be internally 
refracted back into the bubbly water. Alternatively a given ray may intersect the edge of 
the bubbly waveguide, which in the model results in two rays propagating onwards: one is 
reflected back into the waveguide, whilst another is refracted into the bubble-free water 
(either within the spiral, or outside of it). Propagation within the bubbly waveguide is 
attenuated much more than propagation in the bubble-free arm. Because of the absence of 
attenuation in Figure 2(a), and because of the ability for rays to multiply at interfaces, 
there is of course no information in the figure with respect to acoustic intensity.  

The ray which at A reflected into the bubble-free arm of the spiral, propagates through 
it until it next meets the bubbly water at B, with a reduced grazing angle (here, 29º). Again 
two rays are shown propagating away from B, a refracted ray (which recharges the 
attenuated sound field in the bubbly water), and a reflected ray which continues through 
the bubble-free water towards C. Further reflections at C, D etc. occur with reduced 
grazing angle, each one recharging the field in the bubbly water. The number of 
reflections is artificially truncated in the calculation at F.  

The ever-reducing grazing angle will keep the inner edge of the bubbly net quiet, and 
the attenuation in the bubble cloud, and loss of energy from the ray in the bubble-free 
water each time it reflects, serve to reduce the sound field towards the centre of the spiral. 
In this way, quiet regions are generated. These are not just at the centre of the net, as with 
the circular net, but also along the inner edge of the bubble-free arm. Prey here will be in 
bubble-free, quiet water, but trapped within the spiral ‘maze’: in 2D, few positions will 
have an exit visible along the line of sight, and in real 3D nets the locations of the 
predators must be taken into account. Whilst Fig. 2(a) showed the results (without 
attenuation) of the launching of a single ray into the spiral, Fig. 2(b) shows a ray plot for 
the launching of a beam. As before, the plot lacks attenuation and requires the generation 
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of both a refracted ray and a reflected one at interfaces, such that intensity information is 
incomplete. Note that the only rays with large grazing angles in the bubble-free arm have 
first propagated through the bubbly layer and suffered losses when refracting through the 
interface at least twice, and hence will be heavily attenuated.   

 
Fig. 2: Plan view of 2D spiral bubble net. (a) A single ray is launched. It reflects off the 
outer wall of the bubble-free arm of the spiral, the grazing angle decreasing each time 
(34º at A; 29 º at B; 23º at C; 19º at D; 16º at E; 13º at F). At each reflection, not only 

does a reflected ray propagate further into the bubble-free arm, but a refracted ray 
propagates into the bubbly-arm of the spiral. Attenuation is not included. (b) A beam of 

rays is launched into the spiral. The spiral generates clear regions which are both bubble-
free and quiet (see [15] for details). 

 
There are clearly simplifications in Fig. 2, some of which were discussed in [1] and 

[15], including 3D features, the low-frequency limitations of ray-tracing, and the effects of 
the departure in the actual wall of Fig. 1 from idealised smooth wall curvature of Fig. 2.  
The surface will appear most rough for the highest frequencies [15], which we take as 4 
kHz [1]. For acoustic fields in bubble-free water, this gives a wavelength of 0.375 m, so 
that for test values of the mean height of the surface undulations of 0.1 m and 1 m, the 
wall will appear smooth for grazing angles less than about 37º and 4º respectively, with 
commensurately larger angles for lower frequencies. The angles compare well with the 
sequence of angles recorded in the caption to Fig. 2. For further discussion see [15]. 

Why some nets should be spiral is not clear. It may be a pragmatic or incidental 
response to practical limitations. Conceivably however the whales could be exploiting the 
different acoustical properties of circular and spiral nets. These could confer possible 
advantages to the spiral configuration through the following features. (i) A wall of sound 
can be generated using acoustic paths which propagate in bubble-free water (Fig. 2) and 
hence suffer less attenuation than seen for acoustic paths in bubbly water (to which 
circular nets are restricted). (ii) Propagation in the bubble-free arm ‘recharges’ the heavily 
attenuated field in the bubbly waveguide as both progress into the spiral, which serves not 
only to reinforce the wall, but also to attenuate the sound in the bubble-free arm to 
facilitate the generation of quiet regions in the centre of the net. (iii) The spiral net 
contains more scattering interfaces between ‘bubble-free’ and bubbly water, such that 
whilst a ray which leaves the circular net is lost from the net, a ray which refracts out of a 
region of bubbly water in the spiral net can remain trapped within the spiral system. 
Specifically, when a ray leaves the circular bubble net of Leighton et al. [1] it is lost to the 
‘wall of sound’; but except for rays crossing the outermost interface of the spiral bubble 
net, rays crossing boundaries in the spiral net remain contained within it. (iv) A spiral form 
which contains a closed inner ring of bubbles surrounding a bubble-free centre gives 
additional acoustic protection to the quiet zone at the centre of the net. High-angle rays 
need only cross two walls to penetrate the centre of the circular bubble net and degrade its 
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quietness; in contrast, they must cross many such interfaces in the spiral net, reflecting at 
each boundary and attenuating across the width of several bubbly arms. (v) Spiral nets 
need not be generated to such exacting standards as to contain a closed inner ring of 
bubbles surrounding a bubble-free centre. They generate quiet, bubble-free zones at 
locations against the inner edge of the bubble-free arm.  

The geometry of Fig. 2(b) shows how the whale could speculatively obtain feedback on 
the performance of the spiral net, since the efficiency of the “wall of sound” could be 
diagnosed through monitoring the outbound sound as it leaves the spiral. 

3. DISCUSSION 
Fig. 3 shows the measured sound field generated in a very simple 1:100 scale 

demonstration bubble net (generated by submersing expanded polystyrene in water 
because it is not simple to produce a 1:100 scale model of a bubble population where the 
mode bubble radius can just a few tends of microns in diameter). For details see Leighton 
et al. [15]. 

 
 
Colour scale: rms sound pressure level 
(dB re 1 μPa) at each measurement 
location, time-averaged over the entire 2 
ms window from the start of one pulse to 
the start of the next (pulses having ~8 sμ  
free-field duration of a 375 kHz basic 
frequency sinusoid), so that all the 
reflections within the spiral were included 
in the calculation.  

Fig. 3: Measured acoustic field in horizontal plane in demonstration spiral bubble net of 
expanded polystyrene (1:100 scale, so that the Blacknor Technology sound source 

projected a 375 kHz pulse into the open end of the spiral). The white line shows plan view 
position of spiral. Data only exists for the discrete measurement points shown as black 

dots: between these the colour indicates an interpolation and so, whilst visually 
appealing, cannot include the zero-pressure at the spiral wall. See [15] for details. 

To what extent the humpback whales make use of these acoustical properties is not 
known, as it is difficult to obtain objective measurements of the sound field, and an 
assessment of whether whales exploit these features would require a survey which 
correlated behaviour with acoustics. The geometries of net used have not been 
comprehensively surveyed, let alone the relative occurrence of spiral, circular and any 
other net geometry. However without simultaneous acoustic information, behavioural 
observations and reliable bubble data (there may be volumes of microscopic bubbles 
which, although they have a pronounced acoustic effect, are not visible in the photographs, 
but which can persist for many minutes in the water column), and in sufficient quantity, it 
is impossible to be certain as to the extent, if any, humpback whales are exploiting these. 
It may be that the formation of spirals nets is simply the by-product of some behaviour 
designed to achieve another purpose, such as efficient motion during the formation of the 
net, just as the shape of natural spirals whose response to pressure perturbations is key to 
their function (e.g. the cochlea, the nautilus shell) has been attributed to expedient (if the 
perhaps mundane) explanations such as efficient packing. However the remarkable effect 
of the spiral on fields propagating along it (such as the ever-decreasing grazing angle 
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which will, if the spiral is sufficiently long, eventually generate wall-hugging surface 
waves; the robustness to the particulars of the entry; and the possibility of feedback from 
back-propagating fields) are suggestive of possibilities that should be explored. 
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Study of bubble size distribution for waves propagating over a 
submerged breakwater 

 
TsungMo Tien, Chien-Hsun Lee, Ching-Jer Hung and Tai-Wen Hsu 

 
Abstract: In the present experiment an acoustical method is employed to measure the 
sound signals for waves propagating over a submerged breakwater under some 
specific water depths.  Underwater hydrophone is employed to measure the signals, 
and the distribution of bubble size over the breakwater has been critically examined.  
The experimental evidences reveal a notable relation between the bubble radius and 
the wave heights.  The bubble radius is noted to increase with the wave height, and 
also with wave period.  A Hinze scale separates the bubble density spectrum at radius 
0.8 mm.  For bubble radius greater than 0.8 mm, the estimated -2.39 power law is 
observed to correspond to the turbulent effects, and -1.11 power law scaling is 
satisfied for bubble sizes smaller than the criterion radius. 
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Abstract: A fixed range acoustic experiment was conducted in the Baltic Sea in November 
2006. An acoustic transmitter and a receiving hydrophone were installed on two tripods 
5m above the sea-floor at a distance of about 3.5km. LFM signals in the 2 to 6kHz range 
were transmitted at repetition rates between 2 and 60 seconds. The variability of the 
received acoustic energy level was found to depend very much on the overall 
characteristic of the sound speed profile. Variability on a time scale of a few minutes was 
low as long as a sound channel near the floor was present. When the latter was absent, 
transmission loss was much enhanced and variability increased. The sound speed profiles 
along the acoustic range changed on a time scale of 3 to 6 hours. This was a consequence 
of the advection of water masses of varying temperatures. The advection was the result of 
both wind induced internal oscillations and a basin wide circulation.  

Keywords: Shallow water acoustics, fixed range experiment, temporal variability, Baltic 
Sea, Bornholm Basin 

1. INTRODUCTION 

The field experiment VOICE06 (short for “Virtual Ocean and Inherent Communication 
Experiment 2006”) was carried out in the framework of FWG’s research project “Virtual 
Ocean”. The project’s objective is an as realistic as possible simulation of underwater 
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sound signals in the real fluctuating ocean, particularly in shallow water environments. 
This demands a good understanding of the way in which various environmental 
parameters affect underwater sound propagation. However, the objective of most of 
FWG’s previous field experiments required experimental designs that involved moving 
vessels (e.g. [1]) and/or drifting buoys for the acoustic source and/or receiver. Their 
acoustic data show variability that results from both temporal and spatial variability of the 
environment and additionally from movements of the acoustic equipment. Consequently, 
the footprint of temporal environmental fluctuations in the received acoustic data is very 
much obscured and it is difficult, if not impossible to identify the influence of a particular 
environmental parameter.  For the “Virtual Ocean” project this problem was remedied by 
carrying out a fixed range acoustic experiment supplemented by a multitude of 
environmental measurements.  

2. EXPERIMENTAL SET-UP AND PROCEDURE 

The sea trial took place from 02. to 14. November 2007 at the north-western border of the 
Bornholm basin in the Baltic Sea (Fig. 1). The research vessel Planet was tasked to set up 
the acoustic measurement range consisting of source tower, receiver tower, two thermistor 
chains, a bottom moored ADCP and a wave-rider buoy. Additionally, Planet carried out 
CTD casts with a Seabird CTD profiler. The multipurpose vessel Kronsort worked on the 
acquisition of oceanographic and meteorological data using a CTD profiler, a micro-
structure profiler and a towed CTD-chain. The original cruise plan called for simultaneous 
acoustic and environmental measurements along the acoustic range carried out by Planet 
and Kronsort, respectively. However, often bad weather conditions prevented the smaller 
Kronsort from working near the acoustic range. Her measurement strategy therefore 
concentrated on the acquisition of oceanographic data around the island of Bornholm 
including the channel northwest of Bornholm, called the Bornholmsgat, which is the main 
pathway for bottom water flowing into the Bornholm Basin.  

 

 
Fig.1: Left: Location of CTD casts carried out from Planet and Kronsort and CTD-chain 
tow-tracks near the acoustic range area which is marked by the black lined box. The blue 
lines show contours of depth at intervals of 20 m. Right: Close-up of the area of acoustic 
measurements showing the location of the moored instruments and the location of 
measurements with a single hydrophone carried out from Planet.  
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The configuration of the acoustic range is sketched in Fig. 2. The acoustic signals were 
transmitted by an omni-directional transducer which was mounted on a sturdy tripod at a 
height of 4.8 m above the sea-floor. The source transmitted linear frequency modulated 
(LFM) sweeps of various durations between 0.25 and 2 s and different frequency ranges 
between 0.5 and to 7 kHz. The receiving tower was of similar design with two omni-
directional hydrophones at heights of 4.5 m and 5 m above the sea-floor. The two 
thermistor chains, each with 10 temperature sensors spaced at 5 m intervals, sampled the 
water column once per minute. The upward looking 600 kHz ADCP took measurements 
of currents every 5 s and the wave-rider buoy provided acceleration data, which are 
converted to surface wave amplitudes, with a sampling frequency of 10 Hz. 

  

   

WFS Planet MzB Kronsort

Receiving tower Thermistor chain Transmitting tower

 
Fig. 2: Schematic of the fixed range experiment. The source and receiving tower were 
deployed from R/V Planet. Both systems were controlled by radio link between Planet and 
the surface buoys. The source tower had its batteries attached to the tower frame and 
hence needed to be recovered for recharging. For the receiving tower batteries and data 
storage were contained in the surface buoy, so that only the buoy needed recovery while 
the tower remained at the sea-floor. Two thermistor chains, a wave-rider buoy, and an 
upward looking acoustic doppler current profiler were distributed partly between, but 
also beyond the acoustic systems (Fig. 1).  CTD profiles were taken both from Planet and 
the multi purpose vessel Kronsort. The latter furthermore towed a CTD-chain and 
monitored weather conditions. 

 
The sea trial began without an exact definition of the location of the acoustic range. The 
goal was to find a location where the sound-velocity at the height of the acoustic source 
and receiver would be smaller than a few metres above, that is where a sound-channel near 
the sea-floor would exist. Such a situation is possible in the Baltic when in the vicinity of 
the sea-floor warmer saline water overlays colder saline water. The fluctuations of sound 
velocity, which we desired for VOICE06, are then caused by the variation in temperature 
of the different salty and hence dense water masses with their temperature being 
determined by the time of the year at which the water mass entered the Baltic (e.g. [2]). 
Consequently, the sea trial began with oceanographic surveys. After the desired sound-
channel was found, the surrounding bathymetry was surveyed with a 100kHz multibeam 
system and a bottom sample was taken, not only to determine the acoustic properties of 
the sea-floor but also to evaluate its ability to carry the tripods and other moorings. After 
the source tower was deployed, the underwater sound field was probed with a single omni-
directional hydrophone attached to a Seabird CTD profiler at different water depths and 
distances from the source (Fig.1, right panel). This was necessary as the acoustic 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

595



 

transmission loss for propagation close to the sea-floor was uncertain. Finally, source and 
receiver systems were deployed at 55°29.5 N and 15°32.5 E and 15°36.0 E, respectively, 
that is separated by about 3.7 km (Fig.1). The water depth at the source tower was 78 m 
and the one at the receiving tower with 78.5 m only slightly larger. Both values could be 
derived with good accuracy from the pressure records obtained with Seabird MicroCat and 
Seabird Wave and Tide recorders. These systems had been mounted to the tripods to 
provide continuous measurements of pressure, temperature and conductivity at the source 
and receiver. 

3. ENVIRONMENTAL AND ACOUSTIC DATA 

The seafloor between the source tower and the second thermistor chain was essentially 
flat with a depth of about 78 m. The bottom sample revealed a soft sediment consisting to 
nearly 100% of mud. For nearby locations databases give a p-wave velocity of 1550 m/s 
for such type of sediment. Spot measurements with a parametric sediment sonar indicated 
that the mud layer had a thickness of at least 5m throughout the acoustic measurement 
area.  

The weather was dominated by a series of cyclones passing the Baltic from west to east 
and causing northerly to westerly winds with speeds between 10m/s and 15m/s, 
occasionally reaching 20m/s. Consequently, the sea was fairly rough as shown by the 
record of significant wave height (Fig. 3). The mean wave period and the mean wave 
length correlated positively with the significant wave height – in agreement with the 
theory of the universal surface wave spectrum - and varied between 3 and 5 seconds and 4 
and 6m, respectively. 

 
Fig. 3: Significant wave height in metres derived from the wave-rider data.  

 
Sound-velocity profiles from repeated CTD stations along the acoustic range and from 

CTD-chain tow tracks show a high degree of variability (Fig. 4). The most stable feature is 
the thermocline at a depth of about 40m. The variability in the saline bottom layer below 
about 60m was as expected. Somewhat unexpected is the variability in the upper layer 
observed by Planet on November 6th and 7th. The explanation must be advection of 
different water masses through the measurement area. A more homogeneous upper layer is 
shown by the CTD chain data from November 10th. The salinity of the upper layer was 
about 7.5 psu and the temperature between 9 and 10 °C. Between depths of 38 m and 45 m 
cold winter water with 4.5°C was observed. Further down salinity increases continuously 
from 7.5 psu to 16.4 psu near the seafloor. This causes the water column to be stably 
stratified despite the numerous variations in temperature which are the first order cause for 
the sound velocity variations. The repeated CTD chain data give insight into the combined 
spatial and temporal scale of the sound speed variations. The example in Fig. 4 shows 
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many features that persisted over a time of about 3 hours, but also variations in other 
areas. 
                                                                  

 
Fig. 4: Examples of sound velocity data. Left panel: Seven times repeated series of sound-
velocity profiles taken near the acoustic range at five equidistant locations between 
longitude 15° 39’E and 15° 15 31’E. The data were obtained with a Seabird CTD from 
Planet on November 6th and 7th. Top and bottom right panels: Contours of sound velocity 
derived from subsequent CTD-chain tracks obtained on November 10th . The tracks were 
from west to east, their length about 10.7 km, and their duration 1.5 hours. The time 
difference between the two tracks is 3.5 hours. CTD profiles and CTD-chain tows were 
done on latitude 55° 30’ N, that is 0.5 nm north of the acoustic range.  

 

 
Fig. 5: Current data from the upward looking 600 kHz ADCP which was deployed on the 
sea-floor at a depth of about 78 m. Left panel: Contour plots of the eastward and 
northward components of the current. Valid data range from about 3 to 26 m above the 
sea-floor. Right panel: Calculated drift for eight depths from 3 to 17m above the seafloor. 
Currents are averaged over depth intervals of 2m. 
 

Current data from the bottom-deployed ADCP help to explain the variations in sound-
velocity (Fig. 5). The contours of eastward and northward current components are 
dominated by repetitive vertical stripes. These have a period of 13.5 to 14 hours and are 
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hence believed to be caused by wind generated inertial oscillations ([3]). These 
oscillations cause a water mass to move by about 1.2 km over a quarter period, that is 
about 3.5 hours. On average, however, the water masses of the lower layers showed a drift 
of about 5 km per day towards west-south-west (Fig. 5, right panel). Such a drift is in 
agreement with a cyclonic circulation in the Bornholm basin.  

Based on above observations and results from microstructure measurements (not shown 
here) that showed little mixing in the lower layer, we reason that most of the variations in 
sound speed along the acoustic range are caused by the advection of water masses of 
different temperature. For future numerical simulations of sound propagation this is a 
helpful result as it allows us to derive the sound speed profile along the acoustic path from 
environmental measurements done some distance away.  

 
Turning our attention to the acoustic measurements, we begin with transmission loss 

values (Fig. 6). These were obtained by probing the acoustic channel at 6 different 
distances (Fig. 1) from the source tower with a single hydrophone. The sound speed 
profiles show in more detail the features discussed before. We note that the first three 
profiles (at 1, 1.5 and 2.5nm) show a well developed sound channel centered around 71m. 
This explains the lower transmission loss (TL) observed with the 75 m hydrophone 
compared to the TL found at shallower depths. In general, the TL observed here for 
transmission from a source close the sea-floor does not differ significantly from TL 
obtained in a nearby area where the source was towed near mid-water depth [1].  The 
exception may be the TL near the sea-floor where the signal at 7 nm was undetectable. 
This indicates a very large TL.   
                                                           

        
 Fig. 6: Results from probing the acoustic channel with a single hydrophone attached to a 
Seabird CTD profiler. Left panel: Calibrated TL as function of hydrophone depth and 
distance between hydrophone and source tower. The channel was probed at six distances 
and four depths. Received signals were obtained by matched-filter analysis of broadband 
LFMs (500 Hz to 5 kHz). Right panel: Sound speed profiles obtained at five distances 
between 1 and 7.1 nautical miles. 
 

Transmission loss for sound propagation between the stationary source and receiver is 
shown as function of time in Figs. 7a and 7b. We will focus on the effect of the change of 
the sound speed profile near the sea-floor between November 6th and 7th. On the 6th we 
found a well developed sound-channel with a minimum sound velocity almost at the depth 
of the acoustic source and receiver. Consequently the strongest acoustic path was along 
this sound channel. The impulse responses show a strong and quite stable main arrival. 
The difference in TL between two LFMs separated by 1 sec is practically zero and also the 
variation from one minute to the other is low. An exception from this rule is seen at 11:20.  
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Fig. 7a: Acoustic and environmental data from November 6th. Left upper panel: matched-
filter derived, un-calibrated signal levels received on hydrophone 1. The blue and green 
curve shows the individual  results for two 1 s long LFMs from 2.1 to 5.6 kHz. The 
separation between the LFMs was 1 s. The repetition period of this sequence was 60 s. 
Left lower panel: impulse responses for the first LFM (blue curve in upper panel). For 
clarity, only every fifth impulse response is shown and the linear amplitude has been 
normalized by the records maximum value. Right panel: Sound velocity profiles, 
numbered 1 to 3, were taken near the acoustic range at latitude 55° 30’ and  longitudes 
15° 37’E, 15° 35’E, and 15° 33’E .  
 
 

 
Fig. 7b: Acoustic and environmental data from November 7th. Description as for Fig. 7a. 
Signal levels in the upper left panel of Figs. 7a and 7b are on a comparable scale, 
whereas matched filter amplitudes in the lower left panels have been scaled differently.  
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However, as this coincides with a CTD measurement close to the receiver we attribute it to 
the noise caused by Planet’s thrusters that were activated for maneuvering towards a CTD 
station. On the 7th the sound speed profile had changed. Stations 1 and 2 showed an 
upward refracting sound speed profile between the sea-floor and a depth of about 70 m. 
Profile 3 did show a sound channel at the seafloor but it was deeper than the previous day. 
In consequence, the main propagation path seen the day before was much weaker or even 
absent resulting in larger TL and more complicated impulse responses. A detailed and 
definitive interpretation awaits the results of ongoing and future sound propagation 
modeling, but it seems nevertheless plausible to assume that the impulse response in 
Fig.7b are the result of many equally important, perhaps surface and bottom reflected, 
propagation paths.  

4. CONCLUDING REMARKS 

We have described first results from an acoustic experiment conducted in the Bornholm 
Basin of the Baltic Sea. The acoustic data, here represented by transmission loss values 
and impulse responses, exhibit temporal variability on different scales. The magnitude of 
the shorter (in the order of minutes) time scale variability depends on the structure of the 
sound-speed profile which changed on time scales of the order of 3 to 6 hours. The design 
of the experiment as a fixed range experiment with stationary source and receiver 
supplemented by many environmental data, was and is the prerequisite for being able to 
undoubtedly identify the physical explanations for the observed propagation 
characteristics – even without resorting to the aid of numerical propagation studies. In 
fact, this will allow us to test and enhance the propagation models that we require for the 
simulation of acoustic signal propagation in shallow water environments. Finally, results 
from VOICE06 will assist in the interpretation of observations from other sea experiments 
[e.g. 1] which focus on the development of underwater communication techniques. 
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Abstract: The joint European project "UUV Covert Acoustic Communications (UCAC)" 
explores methods for underwater communication at low SNR over ranges up to 50 km. The 
first phase of the project focuses on characterization of the communication channel. 
Therefore, sea trials were conducted in two different littoral environments in September 
2006. The first site is in the Baltic Sea near the island of Bornholm, and the second close 
to the Norwegian coast not far from the city of Bergen. A variety of probe signals were 
broadcast in the frequency band between 2.1 and 5.6 kHz. A towed source was used to 
transmit the signals, which were received by a vertical hydrophone array deployed from 
an anchored vessel. This paper describes the environment and run geometries. Two runs, 
one in the Baltic Sea and one in the North Sea, are highlighted. Analysis of received chirp 
probe signals is presented showing propagation loss, angular distribution and impulse 
responses as function of range. The latter are compared with results gained with other 
methods [1]. The dependence of acoustic transmission on environmental parameters is 
described. 

Keywords: Channel characterisation, underwater communications. 

1. INTRODUCTION 

Unmanned Underwater Vehicles (UUVs) can and probably have to work autonomously 
in the future for tasks like environmental assessment, or mine hunting. Operating at large 
distances from the mother ship is a valuable option in this context. As the operation may 
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take longer times and may be located far away from the mother ship, the need for reliable 
basic communications providing continuously basic control of the UUV is obvious.  

The project “UUV - Covert Acoustic Communications (UCAC)” investigates under-
water communication at long ranges / low SNR between an UUV and its base. Three sets 
of sea experiments are planned in the project. The first sea experiments, conducted in 
September 2006, focused on characterization of the communication channel. A series of probe 
signals were broadcast with a towed source frame, and recorded on a vertical array and a 
hydrophone chain [2].  

This paper provides more information about the first experiments and addresses some 
results gained by chirp probe signals. Main goal is to give an impression of the performed 
data analysis in progress for two shallow water sites. These results will contribute to the 
development of a common filter model of the acoustic channel for testing developed 
communication schemes and will be used for comparing transmission loss data with 
predictions from existing sound propagation models. A parallel paper [1] describes data 
analysis based on a second used probe signal type known as a pseudorandom binary 
sequence (PRBS).  

2. THE UCAC I – 2006 EXPERIMENT 

The UCAC I - 2006 experiment took place in September 2006 at a first site in the 
Baltic Sea close to Bornholm and a second site in the open North Sea off Bergen (Fig. 1, 
2). Two different vessels were involved in the experiment at each site. FS Planet (FWG) 
anchored at centre positions and served as a platform for the receiving systems  (a vertical 
hydrophone array featuring 128 elements over a 40-m aperture and a hydrophone chain 
with 6 or 8 calibrated omni-directional broad-band spherical hydrophones). The Swedish 
vessel S/V Ocean Surveyor (FOI) or the Norwegian vessel R/V HU Sverdrup II (FFI) 
sailed away from FS Planet along outbound tracks and returned on inbound tracks for 
probing the acoustic channel towing an acoustic source. Source depths of approximately 
12m (shallow source) or 35m  (deep source) in the Baltic Sea and 15m or 50 to 60m in the 
North Sea were used. Both vessels were equipped with GPS-synchronized trigger units for 
synchronizing the acoustic data recordings. 
 

Fig.1: Run geometry in the Baltic Sea close to 
Bornholm.  

 

Fig. 2: Run geometry in the open North Sea off 
Bergen 

 
Water depth at the fist site in the Baltic Sea was 60 to 90m, at the second site in the 

North Sea 200 to 300m. At the beginning and end of each track, which took ca. 3 to 5 
hours, CTD-profiles (Conductivity Temperature Depth) were taken from the source and 
receiver platform. In addition, currents were monitored continuously with an Acoustic 
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Doppler Current Profiler on board FS Planet. Surface conditions were measured with a 
deployed wave rider buoy and variations in the temperature profile of the water column 
with a deployed thermistor string in the North Sea. 

A variety of probe signals were transmitted covering the frequency range from 800 to 
5600 Hz [3]. In the following, we focus on some transmitted linear FM sweeps of the 
chirp probe signal train and the signals received by the vertical array, particularly on the 
runs A05 in the Baltic Sea and B07 in the North Sea (both outbound), and describe only 
salient features of the acoustic data processing. Further details can be found in [4, 5].  

The first part of the chirp signal train consisted of twenty linear FM sweeps with 
frequency dependent bandwidths from 8 to 25 percent of the centre frequency covering the 
frequency range from 800Hz to 5600Hz. The second part consists of 4 broadband up or 
down linear FM sweeps and two cw. Frequencies ranged from 800 to 1800 and 2100 to 
5600Hz, the cw had frequencies of 1500Hz and 400Hz. Each sweep and cw was one 
second long. 

 This 26-seconds long pulse-train was transmitted every 60 seconds. The signals were 
received by the vertical array which had been calibrated for the frequency range from 400 
to 6000 Hz. In post-processing, the received signals were analyzed over a range interval of 
about 2 to 30 nm in the Baltic Sea and 2 to 20 nm in the North Sea. The data used here 
were analyzed coherently using a matched filter. The coherent transmission loss results are 
not significantly influenced by noise due to the noise suppression characteristics of the 
matched filter [4].  

In the lower frequency range, a calibrated ITC 4009 and in the upper frequency range a 
calibrated ITC 4008 transducer was used. These transducers were towed on straight 
courses with a typical speed of 6 ± 0.5 knots resulting in a spatial resolution of ca. 200m. 
Readings from the motion sensor of the source frame exhibits that the transducers were 
towed at a relatively constant depth. During run A05 the transducer depth was on average 
36 to 37 m with a variation of about 1m. Measured mean pitch and roll angles of the 
source frame were also nearly zero. Only the spectrum for pitch angle indicates a small 
spectral component with an maximum between 0.25 and 0.3Hz, which is most likely 
related to wave induced motion of the towing vessel. This effect becomes more 
pronounced for a shallow source frame. In order to get high signal-to-noise ratios, source 
levels from 185 to 200 dB were applied.  

3. THE ENVIRONMENT 

At the first site in the Baltic Sea weather conditions were moderate to rough. Run A05 
fell into a calmer period. Wind speeds decreased from 9 to 5 m/s resulting in smaller 
observed wave heights of about 1.0 to 0.3m. Currents were generally small with individual 
northward or eastward components not exceeding values of 0.2m/s. 

Two sound speed profiles obtained at the position of FS Planet before and after run 
A05 display a pronounced sound channel centered around a depth of 30m (Fig. 3). This 
type of profile is typical for the Baltic Sea in the summer. Warm water at the surface and a 
layer of more saline and warmer water at the bottom form this sound channel. During the 
UCAC I – 2006 experiment, the upper ca 40m consisted of brackish water with a salinity 
of 7.4psu. Below 40m, salinity increased continuously up to 17psu at 70m depth. The 
temperature profiles showed a mixed surface layer reaching down to the thermocline. 
Below the thermocline, temperature decreased to ca. 3°C at ca. 35m. It then increased 
again towards the sea floor together with salinity. 

Measured sound-speed profiles (Fig. 3) display some variability, probably partly 
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caused by in-flowing water, which originates from the Kattegat and wind-induced mixing.  

Fig. 3: Sound speed profiles taken with a Seabird 
CTD on board FS Planet on 02 Sept. 2006 

 

Fig. 4: Sound speed profiles taken with a CTD on 
board R/V HU Sverdrup II on 09 Sept. 2006 

 
Weather conditions in the open North Sea close to Bergen were moderate to calm. 

Wind speeds normally did not exceed 9m/s resulting in calms sea. During run B07, the 
wave rider buoy measured a significant wave height of 1m, a mean wave period of 4 to 5 
seconds and a mean wave length of 5 to 6m. Currents were influenced by tides. Maximum 
currents setting with 0.5m/s northward and a smaller westward component of not more 
than 0.2m/s were observed.  

Sound speed profiles obtained by R/V HU Sverdrup II close to the anchor position of 
FS Planet before and after run B07 show a surface layer reaching down to ca 15 m (Fig. 
4), which is caused by higher water temperatures and a lower salinity. This surface water 
originates from the fjords, which carry the melt water from the Folgefond–Glacier. During 
the UCAC I – 2006 experiment, the surface layer had a salinity of 32psu. This salinity 
increased continuously and reached a constant value of 35psu below 40m. At the same, 
time temperature dropped from ca. 13.5°C to a constant value of ca. 7°C. 

4. THE CHANNEL CHARACTERISATION 

To achieve the objective of covert acoustic communication over long ranges in shallow 
water, precise knowledge of the influence of the environment, which will determine the 
communication possibilities, is required. The available bandwidth and transmission range 
in an underwater acoustic channel depend on the signal-to-noise ratio which is primarily 
determined by transmission loss and noise level. System performance and its information 
throughput depends on signal distortions caused by reverberation, multi path propagation 
and the influence of Doppler spreading as well as Doppler shifts for moving platforms. 
Channel characteristics are time varying and depend on system location. 

 
Transmission loss data were derived by matched filter processing of vertical array data 

for all linear FM sweeps of the chirp signal train [Fig. 5]. Given is an example for a 
narrowband linear FM sweep from 3200 to 3600Hz as function of distance between FS 
Planet and S/V Ocean Surveyor in the Baltic Sea. The estimated depth of the selected 
hydrophones of the vertical array with an uncertainty of about 1m is given in the legend. 
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Source depth was 36m. The filled circles mark the samples at which either the transducer 
attenuation settings or the receiver amplification settings changed. Spikes appearing at 
these points are related to this. 

Fig.5: TL curves for the Baltic Sea obtained by 
matched filtering (run A05). Data are shown for 
a narrow-band sub pulse from 3200 to 3600Hz. 

Concerning filled circles see text. 

Fig.6: TL curves for the North Sea obtained by 
matched filtering (run B07). Data are shown for 
a narrow-band sub pulse from 3200 to 3600Hz. 

Concerning filled circles see text. 
 

The first hydrophone with an estimated depth of 13.8m (dark blue curve) is located in 
the surface layer (Fig. 3). Therefore, the TL curves for this hydrophone show the highest 
losses (Fig. 5). The second hydrophone with an estimated depth of 19.2m is located close 
to the thermocline, which appears between approximately 18 and 21m. This explains why 
the TL curves for this hydrophone show downward spikes (Fig. 5). Since these features 
also appears in signals for directly adjacent hydrophones (not shown), we conclude that 
this rapid rise and drop is caused by a change of position of the hydrophone relative to the 
thermocline. The rest of the hydrophones are located in the sound channel. The 5 
associated TL curves show a similar behavior.  

Compared to the Baltic Sea, measured transmission losses for a narrowband linear FM 
sweep from 3200 to 3600Hz in the North Sea are about 20dB higher (Fig. 6). Due to the 
measured sound speed profile (Fig. 4), which was of the down refracting type, the highest 
losses were found for the top hydrophones.  

Transmission loss data derived by matched filter processing for the broadband linear 
FM sweep from 5600 to 2100Hz show a similar behavior for both sites. Cross checks with 
both transducers show that an uncertainty for the source calibration of 3dB has to be 
assumed for narrowband signals. In the meantime the transducer were properly re-
calibrated during a cruise in early 2007. This calibration data will become available during 
the second half of the year.  

 
The vertical array allows to determine the distribution of the received energy as a 

function of the angle of arrival and pulse time. In the Baltic Sea, the received energy is 
distributed over a approximately 30° angle sector around 90° for the broadband linear FM 
sweep from 5600 to 2100Hz and shorter distances (e.g. 3.5 km) (Fig. 7). In pulse time, the 
energy is distributed over 5ms displaying a crescent moon shape ahead of the main 
impulse. For greater distances (e.g. 46.6km), the width of the angle distribution becomes 
narrower and reaches a width of about 20°. Simultaneously, the energy is distributed over 
a longer pulse time ahead of the main impulse reaching roughly 100ms. 

In the North Sea distinct multipaths can be clearly distinguished for the same probe 
signal and shorter distances (e.g. 3.0 km) (Fig.8). For greater distances (e.g. 30.6 km) 
distinct multipaths merge together forming an angle distribution with a width of less than 
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20°. Simultaneously, the energy is distributed over a longer pulse tail reaching 30 to 40ms 
in pulse time. 

Fig. 7: Distribution of the received energy over angle of arrival and pulse time for a distance of 
3.5km(left) , 26.9km (middle) and 46.6km (right) in the Baltic Sea (run A05). 

Fig. 8: Distribution of the received energy over angle of arrival and pulse time for a distance of 
3.0km(left) , 26.9km (middle) and 15.9km (right) in the North Sea (run B07). 

 
Multipath propagation leads to time-spreading of the communication signals, which is 

especially troublesome if the time-spread exceeds the symbol duration. This time spread 
caused by the acoustic channel can be determined by calculating the impulse response 
function. In order to get a range independent result, impulse response functions for all 
distances were normalized with the received matched filter energy level. 

 In the Baltic Sea, the uppermost selected hydrophone for data analysis at 13.8m was 
located in the warm surface layer (Fig. 3). Consequently, hardly any received signal was 
found in the calculated impulse response function over range for this hydrophone. In 
contrast, the normalized impulse response functions over range for all hydrophones 
located in the sound channel (e.g. 24.3 to 47.8m depth) showed a clear signal. The 
observed features of the impulse response function were more or less the same for all 
these hydrophones. The source was towed at 36 – 37 m depth close to the sound channel 
axis. 

Measured results for the broadband linear FM sweep from 5600 to 2100Hz indicate 
that for the source close to the sound channel axis time spread increased moderate for the 
first 25km and after that significantly with range (Fig. 9). For long distances (e.g. ≈50km), 
time spread was in the order of 100 ms (for a decline in the normalized amplitude by a 
factor of 10).  

Most of the energy was received at the end of the signal train. This is most likely 
caused by the special shape of the sound velocity profile in the Baltic Sea in summer. 
Sound rays are bended back to the axis of the sound channel with minimum sound speed 
by this profile during horizontal propagation resulting in garlandlike propagation rays. In 
comparison to straight rays, these rays have a reduced probability of touching the 
boundaries and, therefore, avoid losses related to sea surface and seabed contacts. At the 
same time, the garlandlike propagation rays may result in a time spread, since sound 
energy traveling along rays of higher elevation is running through water of higher sound 
speed and will arrive earlier than sound energy traveling along rays near to sound channel 
axis. 
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Fig.9: Normalized impulse response function as 
function of distance FS Planet and S/V Ocean 

Surveyor for a hydrophone at 35.1m (uncertainty: 
1m)in the Baltic Sea (run A05). Source depth: 

36–37m close to the sound channel axis.  

Fig.10: Normalized impulse response function as 
function of distance FS Planet and R/V HU 

Sverdrup II for a hydrophone at 66.2m 
(uncertainty: 1m) in the North Sea (run B07). 

Source depth: ca 60m beneath the surface layer. 
 

Since no sound channel was observed in the North Sea (Fig. 4), the normalized impulse 
response functions over range for all selected hydrophones for data analysis (e.g. 26.5 to 
66.2m depth) showed a clear signal. The source was towed beneath the surface layer at ca 
60m depth. The observed time spread changes with range. For longer ranges (e.g. 30km) 
time spread in the order of 30 – 40ms was found off the coast of Norway (Fig. 10). Due to 
the measured sound speed profile, which was of the down refracting type, the highest 
values for the received energy were observed at the lowest selected hydrophones.  

 
Finally, results obtained with broadband linear FM sweeps shall be compared with 

results for the PRBS probe signal PN1 (Block B3) [1]. All signals have the same 
bandwidth from 2100 to 5600Hz. But, in comparison to the linear FM sweeps, the PRBS 
probe signal is Doppler sensitive.  

Fig.11: Comparison of normalized impulse 
response functions at a distance of 1.9 km in the 
Baltic Sea (hydrophone 5). Source depth: 36m. 

Fig.12: Comparison of normalized impulse 
response functions at a distance of 16.3 km in the 
North Sea (hydrophone 5).  Source depth ca 60m. 

 
A couple of selected impulse responses out of 205 functions measured with the PN1 

sequence within 30 seconds are compared [Fig. 11 and 12] with the impulse response 
functions based on the broadband linear FM sweeps of the preceding and sequencing 26-
second long chirp signal train. Both shown pairs at the beginning and end of the evolution 
time scale are based on these linear FM sweeps. All impulse response functions in 
between are based on the PN1 PRBS sequence.   
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Both methods give comparable results, although some details are different. It seems 
that for the PRBS based functions the basis is narrower as for the linear FM based 
functions. The linear FM based functions may have a better signal-to-noise ratio. 

5. CONCLUDING REMARKS 

This paper presents exemplarily different type of information about the acoustic 
channel gained with linear FM sweeps and compares results for the Baltic Sea and North 
Sea. Finally, time spread measured with linear FM sweeps and PRBS probe signals are 
compared. 

At both sites, the measured sound speed profile dominates the characteristics of the 
acoustic channel. In the Baltic Sea, the sound channel reduces transmission loss over 
range, causes in a time spread ahead of the main impulse and leads to significant time 
spread for long distances (e.g. 50km) in the order of 100ms. In the North Sea, the down 
refracting profile is connected to higher transmission losses and results in a signal tail, 
whose length changes with range. A maximum time spread of 30 to 40 ms was observed. 
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Abstract: The joint European project "UUV Covert Acoustic Communications" explores 
methods for underwater communication at low signal-to-noise ratios. The first phase of 
the project focuses on characterization of the communication channel. Sea trials were 
conducted in two littoral environments in September 2006. The first site is near the island 
of Bornholm, in the Baltic Sea, and the second site close to the Norwegian coast in the 
vicinity of the city of Bergen. Part of the trials time was devoted to pseudorandom binary 
sequences, broadcast in the frequency band between 2.1 and 5.6 kHz. This type of 
waveform combines time delay resolution and Doppler resolution in a versatile probe 
signal. The present paper examines the evolution of the channel impulse response, 
together with instantaneous and time-averaged scattering functions. Motion of the 
transmitter, which is towed by a surface vessel, is found to be the dominant cause of 
Doppler spreading. Finally, a direct indication of the quality of the communication 
channel is obtained by demodulating the binary sequences with a communications 
receiver. 

Keywords: Channel characterization, pseudonoise, underwater communications. 

1. INTRODUCTION 

The project UUV Covert Acoustic Communications (UCAC) investigates underwater 
communication at low SNR between a mother ship and an unmanned underwater vehicle 
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(UUV). Three sea trials are planned in the course of the project. The first sea trials, 
conducted in September 2006, focused on characterization of the communication channel. 
To this end a series of probe signals were broadcast with a towed projector, and recorded 
on a vertical hydrophone array featuring 128 elements over a 40-m aperture. An overview 
of the first UCAC sea trials is given by Jans et al. [1]. The present paper describes a probe 
signal type known as a pseudorandom binary sequence (PRBS). The emphasis is on the 
description of various processing options and types of information that can be extracted 
from this probe signal. A systematic comparison between the two experiment sites is not 
pursued, and there are no comparisons with propagation modelling predictions. A parallel 
paper addresses chirp probe signals, and also provides more information about the sea 
trials and run geometries [2]. 

2. PSEUDORANDOM BINARY SEQUENCES 

The PRBS waveforms broadcast during the first UCAC sea trials are described by 
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as the elementary pulse )(tg . T denotes the bit duration and cf  the carrier frequency. The 
summation over m in Eq.(1) creates a pseudorandom code of M bits ∈mC  [-1, 1]. This 
sequence is simply repeated N times. PRBSs are very similar to a binary phase-shift keyed 
(BPSK) communication signal, but with a repeated sequence of pseudo random bits –also 
known as chips in spread-spectrum communications– rather than meaningful information 
bits. 

Maximum-length (m-)sequences are selected for the spreading code C. The periodic 
autocorrelation function of an m-sequence of length M is binary valued and assumes 
values of –1 or M. For a PRBS probe signal, the output of a filter matched to the m-
sequence is a continually updated measurement of the channel impulse response. Table 1 
presents the parameters of the two PRBSs considered in this paper. For both PRBSs the 
number of sequences N is chosen so as to achieve a total probe signal duration of about 
30 s. The bandwidth of 3500 Hz equals twice the bit rate and contains 100% of the energy 
of the band-limited waveform defined by Eqs.(1)-(2). 

The sequence length for the probe signal labelled PN1 in Table 1 allows the tracking of 
a relatively fast changing channel. PN1 probes the acoustic channel every 150 ms, which 
yields approximately 7 measurements per second. The penalty for the fast tracking 
capability is the inability to monitor impulse responses longer than 150 ms, and that the 
filter gain may not overcome long-range propagation losses. PN2 is designed to handle 
longer impulse responses and can be used over longer ranges, but it cannot follow rapid 
changes as it probes the channel only once every 1.2 seconds. 
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A PRBS combines a good range resolution with a good Doppler resolution, its 
ambiguity function approaching a double Dirac function in the delay-Doppler plane [3]. 
The price that is paid comes in the form of ambiguous clutter away from the nominal 
Doppler value. Owing to their Doppler sensitivity, PRBSs require filtering with a bank of 
frequency shifted (resampled) replicas of the underlying m-sequence. A measure of the 
Doppler resolution as a fraction of the sound velocity c is given by  

c
D fTM

cR =   . (3)

The filter gain drops when the Doppler shift varies by more than RD within the duration 
MT of a single sequence, which sets a limit to the longest sequence that is still useful 
under given kinematic conditions.  

 

Signal ID PN1 PN2 

Bandwidth  (Hz) 3500 3500 
Carrier frequency  (Hz) 3850 3850 

Bit rate 1−T   (s-1) 1750 1750 
Sequence length M   255 2047 
Sequence duration MT  (s) ≈ 0.15 ≈ 1.2 
Number of sequences 205 25 
Signal duration  (s) 29.9 29.2 
Delay time resolution T  (ms) 0.6 0.6 
Doppler resolution DR  (m/s) 2.6 0.3 

Table 1: Parameters of the PRBS probe signals. 
 

  

Fig. 1. Temporal evolution of the impulse response, exemplified by two received PN1 
signals with seven updates per second. Left: Baltic Sea. Right: North Sea. 
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3. TIME EVOLUTION OF THE IMPULSE RESPONSE 

A received probe signal is matched filtered with a bank of Doppler shifted replicas of 
the transmitted m-sequence. The filter branch with the highest gain is selected for further 
processing. A single replica suffices for filtering a 30-s signal as long as drifts of the 
nominal Doppler shift are much smaller than the Doppler resolution mentioned in Table I. 
Successive impulse responses are detected in the filter output and stacked in order to 
visualize the time evolution. Two examples are shown in Fig. 1. The example for the 
Baltic Sea reveals fading and reappearance of multipath arrivals on a timescale of several 
seconds. In contrast, the North Sea illustration shows two reasonably stable paths followed 
by a rapidly fluctuating multipath arrival at a 20-ms delay. Note that the blue speckles 
between –15 and –20 dB in the second graph are not due to noise, but to reverberation of 
previous m-sequences. 

4. INSTANTANEOUS DELAY–DOPPLER SPREAD 

An indication of the delay-Doppler spread is obtained by correlating a portion of a 
received signal with the bank of Doppler-shifted replicas. Two examples of this 
processing are shown in Fig. 2 for a tow ship sailing away from the receiver at a speed of 
~3 m/s. The filter output is interpreted as the delay–Doppler spread averaged over the 
duration of an m-sequence. For short sequences the measurement approaches a 
instantaneous picture of the doubly spread channel. The Baltic Sea example reveals a 
number of arrivals with approximately the same Doppler shift. It also shows that the 
ambiguous clutter occurs everywhere but at the value of the nominal frequency shift. In 
contrast, the North Sea example reveals a scenario with a significant Doppler spread. Such 
an instantaneous frequency spreading has only been observed for transmission over short 
range, in this case up to a few km at a water depth of 200 m, which leads to the hypothesis 
that the spreading is due to a mixture of direct paths and bottom or surface reflected rays, 
for which the arrival angles at the receiver differ markedly. 
 

  

Fig. 2. Instantaneous delay–Doppler spread, determined for the PN2 waveform. Left: 
Baltic Sea; 38-km range. Right: North Sea; 3-km range. 
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5. SCATTERING FUNCTIONS 

The measured impulse responses ),( th τ , with τ  the delay time and t  absolute time 
(cf. Fig. 1) are converted to a delay-Doppler power distribution on the assumption of wide 
sense stationary uncorrelated scattering [4, 5]. The so-called scattering function sP  is 
computed as a function of delay time and frequency f according to  

( ) ( ) ttfttththfP ΔΔ−
⎥
⎥
⎦

⎤

⎢
⎢
⎣

⎡
Δ+= ∫∫

∞

∞−

∗
∞

∞−

diπ2expd),(),(,s τττ  (4)

In practice the double integral is performed as a series of autocorrelations of ),( th τ  
over the available observation window of 30 s, followed by a fast Fourier transform with 
respect to the time difference tΔ . sP  is a stochastic quantity that describes the statistics of 
the channel in terms of time delay and frequency shift. Scattering functions extracted from 
sea trials data are instrumental in the design of a communication channel simulator [5]. 
Two examples of scattering functions are shown in Fig. 3. Both probe signals were 
received over a range of 52 km in the Baltic Sea. The left panel corresponds to a sailing 
transmitter ship and the right panel to a stationary transmitter ship, using thruster control 
to remain in position. The two scattering functions in Fig. 3 differ mainly in the frequency 
dimension, with a significantly larger Doppler spread registered for the scenario with a 
sailing tow ship. (Notice that the nominal Doppler shift has been removed from the data.) 

 

  

Fig. 3. Scattering functions of received PN1 signals. Left: Baltic Sea, sailing tow ship. 
Right: Same environment and configuration, but with a stationary transmitter vessel. 

6. DEMODULATION 

A PRBS is a binary phase-shift keyed waveform and as such it can be fed to a 
communications receiver. Demodulation of a received probe signal provides a direct 
indication of the channel’s suitability to support acoustic communication links. The 
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receiver of choice is the multichannel decision-feedback equalizer shown in Fig. 4. K 
hydrophone channels are selected from the total of 128, resampled to remove the nominal 
Doppler shift, brought to complex baseband, and downsampled to 2 samples per symbol. 
The receiver further features K fractionally spaced feedforward filters and a single, baud-
spaced feedback section. The filter updates its tap coefficients at the symbol rate under the 
minimum mean-square error criterion. The first m-sequence is used to train the equalizer, 
and the remaining symbols are estimated in decision-directed mode. A second-order phase 
locked loop (PLL) is included in the structure to compensate for residual Doppler shifts. 
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Fig. 4. Multichannel adaptive equalizer with an integrated PLL. All filter 
taps are jointly updated with the least mean squares algorithm. 

 

 

Fig. 5. Measured impulse response and 49 128 equalized symbols at 1750 bps. 

An equalized BPSK symbol constellation is shown in Fig. 5 for a PN2 reception in the 
Baltic Sea, transmitted over a range of 54 km. This scattering function in the left panel of 
Fig. 3 is representative of the communication channel. With the transmitter towed near the 
channel axis, the impulse response reveals a crescendo of multipath arrivals characteristic 
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of sound trapped in a channel [6]. The severe time dispersion stretches over more than 
200 symbols. At an input SNR of 14.0 dB, the intersymbol interference is too intricate to 
be resolved for a single hydrophone channel. Sixteen hydrophones are therefore selected, 
evenly distributed over the available aperture of 40 m. The equalizer is operated with no 
less than 16×150 feedforward taps and 100 feedback taps, resulting in adequately resolved 
BPSK constellation clouds at an output SNR of 13.7 dB. 

A typical picture of residual Doppler is shown in Fig. 6 for a North Sea reception. The 
white markers –205 in total– represent direct measurements of the carrier phase, obtained 
by unwrapping the phase angle of the most energetic multipath arrival of the measured 

),( th τ . A second opinion is provided by the phase offset as estimated by the PLL upon 
demodulating the signal. The two approaches compare well, however with the PLL 
lagging somewhat behind. A cyclic component is observed with a period of ~5 s, 
corresponding to motion of the tow ship on the waves. Tow ship accelerations transferred 
onto the acoustic source are ultimately responsible for most of the observed Doppler 
spreading. The contribution of the medium itself is smaller and hard to quantify in the 
absence of absolutely immobile transmitters and receivers. 
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Fig. 6. Residual Doppler for a North Sea reception of PN1. 

7. CONCLUDING REMARKS 

This paper illustrated several types of information that can be extracted from 
pseudorandom binary sequences. Specifically, the time evolution of the channel impulse 
response was considered, short-term and long-term scattering functions were determined, 
and a communications receiver was applied to the recorded data. Both the instantaneous 
and long-term delay-Doppler measurements revealed a Doppler spread with a large 
contribution of tow ship motion. In the former case the spread occurred for transmission 
over a short range, with sound arrival angles differing strongly between direct paths and 
bottom or surface reflected sound. In the latter case, concerning long-range transmission, 
the chief cause was motion of the transmitter ship on the waves, transferred onto the 
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transmitted sound via the towed projector. Instantaneous delay-Doppler measurements do 
not reveal significant Doppler spreading under these conditions. Considering the 
successful BPSK signalling scheme under challenging conditions, one may be inclined to 
think that a more covert scheme operating at a low data rate might be feasible at a reduced 
input SNR. Indeed, as the symbol rate decreases the signal becomes less sensitive to time 
spreading, and spread-spectrum gain may be used to overcome a low input SNR. 
However, as the symbol rate decreases the rate of filter parameter updates is also reduced, 
rendering the signal increasingly sensitive to Doppler effects and time variability [7]. 
Future papers will report on the design and performance of “covert modulations” 
developed within the UCAC project. 
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 UNDERWATER COMMUNICATION IN THE BALTIC SEA USING 
ITERATIVE EQUALIZATION  
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Abstract: We introduce a multi-channel soft input/soft output receiver for underwater 
communication that performs joint iterative channel estimation, linear equalization, and 
decoding. The transmitted symbols were encoded using a turbo coded bit-sequence. Our 
method exploits the gain present in the turbo code through a feed-back of soft information 
from the decoder to the channel estimator and to the equalizer. The use of several receiving 
hydrophones makes the method more robust to frequency selective or low-SNR channels, or 
can improve reception in channels with very large delay spreads. We give examples of such 
channels measured in the Baltic Sea at two different sea trials during 2005 and 2006. 
Properties like time variations of the channel impulse response or channel Doppler spread are 
given, as well as decoding examples using our method. It is shown that the multi-channel 
version of the receiver achieve error free reception of 4000 coded symbols per second up to 60 
km through channels featuring very large delay spreads. The maximum transmitter source 
level used was 180 matParedB 11μ  at the carrier frequency 12 kHz. 

Keywords: Iterative equalization, SIMO, underwater communications, underwater channel, 
turbo code, Baltic Sea. 

1. INTRODUCTION  

Efforts to develop wireless underwater communication mainly focus on employing 
acoustics. Acoustic transmission through water, with a high bit-rate, is a particularly 
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challenging problem. The encountered channels typically provide small exploitable 
bandwidths and severe multi-path delay spreads, rendering significant inter-symbol 
interference (ISI) if short signalling intervals are employed. Further, most underwater channels 
exhibit time-variations and Doppler effects due to motions in the medium itself, like the 
moving surface, and moving platforms. On longer time scales there are also changes in the 
multi-path structure due to changes in salinity and temperature stratification. These effects all 
need to be accounted for while designing the communication system. 

In recent years there has been significant development of digital communication systems, 
primarily driven by the demand for high speed wireless radio.  In particular, two methods have 
been proposed to improve throughput; the simultaneous use of multiple transmitter and 
receiver elements, so called Multiple-Input-Multiple-Output (MIMO) systems [1], and 
iterative equalization and decoding at the receiver [2]. Recently, multi-carrier modulation 
techniques, like OFDM (Orthogonal Frequency Division Multiplexing), has become a 
frequently proposed strategy primarily due to its inherent ability to combat channels with long 
delay spread [3]. 

Here, our primary concern is to investigate combined iterative equalization and decoding, 
so called Turbo equalization [2,4], in the Single-Input-Multiple-Output (SIMO) framework, 
i.e. we employ one transmitter and several receiving hydrophones. Particularly, recent work on 
linear equalizers [4,5] is of interest to us since the underwater channels typically render long 
impulse responses, urging the need for low-complexity solutions. In [5], performance 
measures similar to the optimal one could be achieved by using a linear equalizer. 

We briefly outline our method, which can be regarded as an extension of the single-
transmitter-single-receiver method developed in [4,6] to include an unknown and time-varying 
channel and several receivers, in the next section. We proceed to describe two sea trials in the 
Baltic Sea during 2005 and 2006 together with an analysis of the corresponding acoustic 
channel properties. Finally, we present results from decoding of the communication signals 
transmitted from three different ranges of 20 km, 35 km, and 60 km, respectively. 

2. SIMO COMMUNICATION SYSTEM 

Our purpose is to use a communication system that employs one transmitter and several 
receivers, so called Single-Input-Multiple-Output (SIMO) communications.  The aim is to 
transmit a coded and interleaved bit stream, bk,j through the channel. Here k is a time index and 
j indicates the bits used to form symbol s[k]. The specific code used in our system is a rate 1/3 
turbo code with identical recursive systematic encoders having the generator polynomial 17/15 
(octal). The interleavers used were chosen from [7]. We communicate using a modulated root-
raised cosine pulse, v(t), with carrier frequency 12 kHz and excess bandwidth 50%. A 
schematic illustration of the transmitter is seen to the left in Fig.1. below, which shows the 
overall system. The transmitted signals will be further described in section 3. 

The signals are transmitted through the time-varying and frequency selective SIMO 
channel. The first stage of the reception consists of a filter matched to v(t) followed by carrier 
off-set compensation and sampling. After such processing the signal at antenna m, m=1, … ,M 
can be modelled as 
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where hT
m[k]={hm[k,Κ−1],…,hm[k,0]} denotes the impulse response from the transmitter to 

receive antenna m measured at time instance k and s[k] is a vector of the transmitted signal. 
The additive noise, nm[k], is assumed to be proper independent and complex zero-mean 
Gaussian distributed with variance N0. 
 
 
 

 
 
 
 
 
 
 
 
 
 

Fig 1. SIMO Communication System. The channel  interleaver used is denoted by Π , see 
the text for explanations of the remaining parameters. 

2.1. RECEIVER STRUCTURE 

Our proposed receiver is based on the “turbo” principle [2]. In such a strategy, increase in 
posterior probabilities (soft output information) from one decoder (or equalizer in this case) is 
used as prior information (soft input information) for the next. The knowledge regarding the 
bits is characterized through the Log-Likelihood Ratios (LLR)  

( )1(/)0(ln)( ,,, === jkjkjk bpbpbL  (2)

while the increase in soft information, the so called extrinsic information, is defined as 

( ) ( ) ( )jkjkjke bLrbLbL ,,, | −=  (3)

where r is the received data from the M channels, and )( , rbL jk is the a posteriori LLR. 
Similar to [4], it will be approximated by an LLR based on symbol estimates. The symbol 
estimates will be given by the linear equalizer briefly introduced below.  By iterating between 
the decoders, the soft information gradually improves, yielding better detection performance. 
This will be illustrated in section 4, in Fig. 7. The iterative nature of the receiver concept is 
highlighted in Fig. 1 as the soft information, Le(bk,j), provided by the decoder, is fed back to 
the equalizer and vice versa. The idea is also to exploit the improved signal knowledge in 
order to gradually improve the channel estimation and synchronization accuracy, see Fig. 1. 
Our channel estimator computes a soft iterative LMS (Least Mean Square) estimate which is 
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improved in each iteration upon exploiting soft information fed back from the decoder, as 
outlined in [8], for details, see [4]. 

In a previous paper, [6], we have proposed and evaluated a single-receiver system for 
underwater communication based on this strategy. That system uses a structure similar to 
Fig.1 and employs a linear equalizer, together with Maximum A-Posteriori decoding. The 
purpose in this paper is to extend that approach to include several receivers. The main 
challenge in such an endeavour is to design a soft input/soft output SIMO equalizer. To 
accomplish this we generalize the approach considered in [4] that derives a linear (affine) soft 
input/soft output equalizer for the Single-Input-Single-Output (SISO) communication case. To 
present all details concerning the equalizer design is beyond the scope of this paper.  

In [4], they consider a time sequence of the received signal of length N1+N2+1 collected 
from a single hydrophone, rk={r1[k-N2], …, rN[k+N1]}T . It can be expressed as  
 

[ ] kkk k nsHr +=                     (4) 
 
where sT[k]=[s[k-N2-K+1], …, s[k+N1]] is the symbol vector, nk is the corresponding noise 
vector, and Hk is size (N1+N2+1)×( N1+N2+K+1) convolution matrix modelling the impulse 
response: 
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Using M hydrophones in an array can be seen as if the signal has passed over a channel with 
multiple outputs. The fundamental idea is to form a linear (actually affine) estimate for s[k], 
using the N=M(N1+N2+1) observations rk=[rT[k-N2],…, rT[k+N1]]T, where rT[k]=[r1[k],…, 
rM[k]]. Accordingly, in (5), the vectors hT[k] have to be changed to matrices HT[k], where 
H[k]=[h1[k],… hM[k]]T, thus producing a M(N1+N2+1)×( N1+N2+K+1) matrix Hk. Using this 
formulation the same receiver design as described in [4] and [6] can be used for an array of 
receiving hydrophones. 
 

3. SEA TRIALS AND CHANNEL PROPERTIES 

Long distance (between 15 and 80 km) acoustic transmissions, using both a towed and 
stationary source, were performed northwest of Gotland in the Baltic Sea during September 
both 2005 and 2006. We used a source level of about 180 matParedB 11μ  at the carrier 
frequency 12 kHz in both sea trials. Tow speed varied between 2 and 4 knots. Actually, two 
identical transmitters were towed having separation 5 m but in this study we shall consider 
only one of them as part of our SIMO communication system. In all our measurements , the 
source depth was held in the middle of the quite pronounced sound channels, Fig. 2. This 
provided excellent sound transmission conditions. The sea state was about 2 to 3 during both 
trials. The receiver was a moored vertical chain of six hydrophones separated 3 m apart, about 
1.5 km from shore on a spot where the water depth was about 72 m. The hydrophones were 
distributed around the sound channel axis according to Fig.2. Signal reception was arranged 
on shore through the use of a 2 km long cable to the receiver and this setup worked very well. 
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The transmitted signals considered here were QPSK, pulse shaped as described in section 

2.1, at a symbol rate of 4000 symbols per sec. The turbo coded bit sequences mapped on the 
symbols employed different interleaver lengths. Here we only investigate two of the shortest 
interleavers [7], 384 code bits during the 2005 trial and 960 code bits during the 2006 trial. 
The message frame size was 40 blocks of 384 code bits each in 2005, and 16 blocks of 960 
code bits each in 2006. Regarding the turbo code rate of 1/3, the information bit rate was about 
2600 infobits per second in both trials. A training sequence of 1023 bit pseudo random binary 
sequence, PRBS, was used in both trials in front of the message frame. 

As can be seen from Fig.3, where the magnitude of the impulse response (IR) at the 
receiving hydrophones have been measured (from the 60 km transmission), the IRs are quite 
different at different hydrophones. This suggests that the received signal is decorrelated over 
the chain. As can be seen from the coherence plot in Fig.3, this is also the case. According to 
[9] such a situation excludes any beamforming gain but favours diversity gain, which is 
advantageous for our communication system performance. 

In Fig’s. 4-6 we illustrate the time variation of the IR, Doppler spread, phase spread of the 
IR time delays, and the time coherence relative to the middle of the time development of the 
IR for the investigated ranges of 20, 35, and 60 km respectively. These results are shown after 
removal of the nominal Doppler shift. However, residual phase drifts remain to some extent 
because of the relatively coarsely spaced Doppler replicas used in the processing. 
Interestingly, the 2006 measurements show much longer channel time delays compared to 
those from 2005, in spite of the fact that the sound velocity profiles shown in Fig.2 seem 
rather similar and that the weather conditions were pretty much the same. However, we did 
not measure the sound velocity profiles along the track more than at a few points and it is hard 
to draw any strict conclusions about the differences between 2005 and 2006. In fact, the 2006 
time delays in the IR plots were much longer than indicated here. There was a persisting 
reverberation lasting for seconds after the first arrivals. Thus we have the challenge of 
combating ISI consisting of thousands of symbols. Such a task would normally be considered 
impossible, nevertheless we will demonstrate that it can be done. The reverberation also 
showed up in the 2005 trial, as is evident from Fig.5 in the time coherence plot. 

Fig 2. Sound velocity profiles at the site 
of the receiving hydrophone chain. 

Fig 3. Impulse response time delays over 
the hydrophones (left), and spatial coherence 
relative to the second hydrophone (right). 
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Fig 4. Channel properties (2005 shown in the left half, 2006 right half) at 20 km trans-
mission range. In each half, the upper left shows the time evolution of the impulse response 
magnitude, upper right shows the corresponding delay-Doppler spread, lower left shows the 

phase spread of the time delays, and lower right the time coherence relative mid-time. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig 5. Channel properties defined as in Fig.4, from transmission range 35 km. 

 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 

Fig 6. Channel properties defined as in Fig.4, from transmission range 60 km.  
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4. COMMUNICATION RESULTS 

In Fig. 7 we illustrate the gain obtained from using the turbo code in our iterative equalizer 
for the case of three receiving channels. In Fig. 7, in the second iteration, the LLR after the 
equalizer indicate almost complete uncertainty about the bits, as evidenced by the values close 
to zero and by the unstructured constellation plot, after the equalizer. Already using this 
uncertain soft information, the decoder has separated the bits into fairly safe judgements on 
zeros or ones. After another iteration in the SIMO receiver, Fig. 7 to the right, the LLR 
demonstrate a very low probability of making an erroneous decision already after the turbo 
equalizer. In fact, in both iterations the bit error rate, BER, equals zero. The ability to separate 
a seemingly hopeless constellation is indeed one very important virtue of the soft iterative 
equalizer and decoder, as it helps to make the reception error free at much lower signal-to-
noise ratios than what hard decision equalizers normally can do.   

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig 7. Results from decoding process, left half shows the 2nd iteration, right half shows the 

3rd iteration in the third block of data. In each half the upper left shows: The channel estimates 
at the three hydrophones, upper right: LLR after the equalizer, lower left: Constellation after 

the equalizer, lower right: LLR after the soft decoder. BER=0 in both iterations. 
 
 
In Table 1, we have concluded the SIMO-results from decoding signals from 20, 35, and 60 

km distance. In all runs the in-band SNR was 10 dB or better. Rather than trying to minimize 
the number of hydrophones in each case, by searching for an optimal set of receiver system 
parameters like LMS-step, number of taps in the FIR estimator of the channel, etc., we set a 
maximum limit to 51 symbols for both the causal and anti-causal part of the channel IR and 
we allow all taps which do not differ more in amplitude than 6 dB from the strongest arrival. 
This will sometimes imply a very strong reduction of the true length of the IR, particularly for 
60 km 2006 when the IR had the length of several thousands of symbols. The LMS step size 
was set to 0.007 for all the decoding runs. With this choice, the signals could still be decoded 
with zero bit errors in all cases using one, two, or at most three hydrophones. It is quite 
encouraging that the SIMO receiver is robust in the sense that there is a single set of 
parameters for which all signals can be decoded error free. 
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Finally, we observe that  our short-length approximation of the long IR does not equalize 
more than a part of the ISI. The unequalized part will effectively serve as added noise, which 
is handled by the turbo decoder. Thus, we conclude our communication results in Table 1: 

  
Transmitted signals 20 km 35 km 60 km 

2005 
QPSK, 8000 coded bps 
Rate 1/3 turbo code 

1 hydrophone,  
BER=0 after 1 iter.,
2-3 iter. before stop

1 hydrophone, 
BER=0 after 1 iter., 
3 iter. before stop 

2 hydrophones, 
BER=0 after 1 iter., 
2-3 iter. before stop 

2006 
QPSK, 8000 coded bps 
Rate 1/3 turbo code 

1 hydrophone, 
BER=0 after 2 iter.,
3-4 iter. before stop

2 hydrophones, 
BER=0 after 2 iter., 
3-4 iter. before stop 

3 hydrophones, 
BER=0 after 2 iter., 
3-4 iter. before stop. 

Tabel 1. Decoding Results using the soft iterative SIMO method. We have used the same 
parameters for all the runs, as explained in the text. An entropy measure stops the iterative 
procedure when the measure is close to zero, in general the iterations proceed a couple of 

times after BER=0 has occurred. This is further illustrated in Fig.7. 
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Abstract: A review of historical and recent ambient sea noise investigations in the Baltic Sea is 
presented in the paper. In this paper newly collected data on the ambient noise completed by 
different investigators at stations located in different Baltic Sea basins are compared and their 
results discussed. The particular attention has been focused on the latest ambient sea noise 
measurements performed by the authors, with an autonomous acoustic buoy. The ambient sea 
noise data sampled in the frequency range from 350 Hz to 35 kHz were collected by two 
omnidirectional hydrophones located at different depths in the southern part of the Baltic Sea in 
water depths about 80 m – at the Bornholm Deep in the winter and at the Gdansk Deep in the 
summer. The results show a strong dependence of ambient noise levels and their spectrum slope 
on the depth of observations. Discrepancy between the form of acoustic ambient noise spectra 
and their intensity measured during summer and winter, inside and outside of seasonal 
waveguide, is presented and discussed. It was observed that the spectrum slope of the wind-
dependent portion of the noise significantly changes between the hydrophones at the vertical 
distance of the order of ten meters. The change of the ambient noise properties with the seasonal 
changes of the Baltic Sea acoustic environment has been interpreted with the theoretical models. 
However, the observed diurnal variations of the noise intensity synchronized with the diel 
migrations of the acoustical scattering layers has not been explained in the frames of the 
applied models. The dependence of the noise spectrum level on the wind speed in the Baltic Sea 
in the different seasons and at different depths were analyzed in details, characteristic patterns 
of dependence on frequency have been found and value of coefficients of functional dependence 
for different frequencies have been determined.  

 
 

Keywords: ambient sea noise, shallow sea, Baltic Sea 
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1. Introduction 
At the present time, wealthy literature related to the ambient sea noise properties exists, based 

on the data collected in different regions of the World Ocean and shelf seas and the most 
important aspects of the noise dependence on the local wind conditions are well established. 
However, in different areas the noise spectra exhibit considerable differences in a spectrum form 
and intensity level. As the example of this kind of area is the Baltic Sea, where the 
environmental conditions changes significantly during the year and differ strongly with water 
depths. 

A number of ambient noise field studies have been conducted since 70s in different regions of 
the Baltic Sea and the investigators came to rather contrasting conclusions about noise 
properties. 

The review is intended to bring together and compare the data on ambient noise in the Baltic 
Sea to show that some observed differences could be explained by changes in the propagation 
conditions. 

Up to now, a diel variation in the noise level correlated with the migrations of acoustical 
scattering layers under specific propagation conditions has not been elaborated. Another 
observed phenomenon detected in the Baltic Sea are the strong seasonal differences of noise 
spectra with the depth of observation point in such shallow sea. 

2. The review of historical ambient sea noise investigations in the Baltic Sea 
 
According to the literature the first systematic field and theoretical studies of the ambient sea 

noise field in the Baltic Sea began in the 1970s and 1980s’ ([1], [2], [3]). The results collected in 
the 70s-80s gave rather an incoherent image relating to the shape of noise spectra, their 
dependence on wind in different areas, seasons and depths of observation point, which could be 
state that the similar situation is noted up to the present time. 

The noise registrations performed by the author in the 70s mostly in the Gdansk Gulf, yield 
following conclusion that the noise level at a  low and moderate wind was higher than in other 
shelf seas, which was not only caused by bottom reverberations but also due to the dense ship 
traffic and fishing activity.  

Some years later, Wille and Geyer [2] as well as Klusek [4] indicated that one of the 
characteristic properties of the ambient noise in this area was its high variability (15-20 dB) in 
quite short intervals of time, especially at low and moderate audio frequencies. This phenomenon 
was interpreted by either changes of the wind profile or the noise attenuation in the subsurface 
bubble layer. Theoretical modeling of the vertical noise field directivity [1] in a moderate and 
high-frequency range, using a ray acoustic approximation, predicted that seasonal variations of 
sound speed profiles which influence the propagation condition in the area, could strongly 
change the level and spectra of the surface noise. According to the model, the seasonal changes 
might reach 10 dB and are different for different frequency ranges. The prediction stays opposite 
to Wille and Geyer view which stated that the influence of propagation conditions in the shelf 
seas on the wind-dependent noise component appears to be only insignificant. 

Klusek’s [1] theoretical prediction was confirmed later by Wagstaff and Newcomb 
investigations carried out all-year-around in the Central and Western Baltic Basins with acoustic 
autonomic buoys. Also, the recently published data of the 90s by Poikonen and Madekivi [5] 
collected from the Gulf of Finland and by Klusek and Lisimenka [6] collected from the Southern 
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Baltic Sea maintain the idea of a strong influence of seasonal changes of sound speed profiles on 
the ambient sea level in the Baltic Sea.  

Despite the fact that in the Baltic Sea the noise level strongly depends on the season and the 
observation depth, in sources concerning the ambient noise level in this area, up to now the 
Knudsen or Wenz curves as representative of the noise levels are repeatedly referred to.  

Swedish Defense Research Agency (FOI) recommends the functional dependence of the noise 
spectra level on the wind speed in the Baltic Sea, in the form independent of other factors, as 
time of year or the depth of observation, except the wind speed (after [5]): 

 

( )

  
(f/6) log 20

35  (f) log 17 - U)log(1 24
max Uf, NSL

⎩
⎨
⎧ ++

=      (1) 

where U – wind speed in knots, f – frequency in kHz, max – maximum between two options 
depending on the higher value, NSL – noise spectrum level in dB re 1μPa2/Hz. 

3. IO PAS effort in ambient sea noise measurements  
 

During the last three years, many-days long records of the ambient noise in the Polish 
Economic Zone were performed using an autonomic acoustic buoy. Noise recordings were 
carried out with the pair of omnidirectional hydrophones. The system is oriented at registration 
of wind/rain ambient sea noise components, so the bandwidth of the tract was reduced to the 
frequency range from 350 Hz to 35 kHz. The ambient noise data are recorded simultaneously at 
two depths with the constant vertical distance between the hydrophones equal 22m. The noise 
measurements together with observations of other parameters which influence on the acoustic 
propagation offered an opportunity to receive new results on the noise field in a unique and 
rapidly changing the Baltic Sea environment.  

The data are acquired in two modes – in the first one, the system complete one-and-half-
minute measurement simultaneously every ten minutes from two hydrophones, and afterwards 
from the one hydrophone only with higher sampling frequency. The two channel ADC samples 
signals at 16-bit resolution in each channel with frequencies 32051 or 84745 Hz. Additionally, 
looking up echosounder working at frequency 130 kHz is mounted at the buoy. The raw data are 
stored in the hard disk memory.  

Two locations of the buoy deployment were chosen: 
a) in the summer time (August 2004, September 2005, October 2006) the records were 

made in the Gdansk Gulf Deep with one of the hydrophones positioned inside the 
seasonal deep water waveguide and the other one in the upper mixed summer Baltic 
water masses above the upper boundary seasonal thermocline.  

b) in winter seasons (April 2005, February 2006) the area of investigations was selected in 
the Bornholm Deep. At that time, the upper hydrophone was located in the winter 
Baltic water masses, in the Baltic winter surface waveguide. The deeper hydrophone 
was placed in the North Atlantic water masses with higher salinity and temperature and 
consequently higher sound speed as in above water layer. 

At the both sites sediments are alike – the surface sediment layer consists mostly of the water 
saturated mud and clay. 
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Together with the ambient noise records, the sound speed profiles, as well as atmospheric 
pressure, wind, humidity, air temperatures were collected from the board of r/v “Oceania” 
anchored at the distance 1-1.5 NM from the buoy. In addition, observations of the acoustic 
scattering layers and their migrations with an echosounder and the shipborne ADCP system have 
been performed. In some measurements, the number of ships in the 12 NM radius zone was 
registered in one hour periods using the ship’s radar. 

In other measurements the surface bubble population were performed and rainfall was 
estimated on the basis of pictures registered by the weather radar.  

Post processing included - at the first stage, the noise spectrum and statistical analysis has 
been applied to characterize the noise. Our task was to define the characteristics of these signals, 
i.e. the frequency band, signal intensity, and other parameters of the spectra, such as a spectrum 
slope, central frequency, and wind dependency among others. 

During the experiments, intense technical noises and rainfall sounds were observed. An 
algorithm was proposed to recognize and then exclude the realizations when traffic or rainfall 
noises dominated in the whole or part of the registered frequency band i.e. in the range 350–
35000 Hz. The interpretation of the ambient sound spectral properties based on the spectrum 
slope and rates of the spectral levels in selected bands of frequencies allows classification of 
noise into categories: wind, rain, ships. The methods of cluster analysis were used to classify the 
noise. 

We introduce three classes of the noise samples: with prevailed wind sources, close shipping 
and traffic, and also the one with the presence of the rain noise. After careful testing just two 
noise signatures were chosen as descriptors of the noise classes: 

a) the mean spectral slopes in the frequency band 1-5 kHz and 5-10 kHz. To avoid 
difficulties identifying shipping noise using the spectrum slope only, we suggest using also the 
deviation from the long term running mean. The expected slope for wind sources is relatively 
constant. To identify a record as the prevailing wind component the observed slope should be 
within +/-3 dB range from the mean value. However, we should mention here that the spectral 
slope varies, depending on location, a depth of observation and the shape of the local sound 
speed profile. Usually, the noise spectrum level is more reddish in the presence of a ship noise. 

b) to detect the rain noise presence we used the fact that rain produces a broad peak in the 
noise spectrum at frequencies around 14 kHz. Subsequently, rainfall could be simply detected 
when data points around mentioned above frequency arise above the noise level around 6-8 kHz.  

Sporadically, far-range sonar system signals are observed in the both areas. Due to their 
repeatability, they are simply identified and removed before the further analysis. 

4. Results 
 

As far as the depth dependence is concern, noise data especially at lower frequencies show 
strong differences between the closely vertically separated hydrophones placed inside and 
outside of the seasonal waveguides. Depending on the season, we observe higher noise level or 
near the sea surface or deeper in the proximity of the axis deep water waveguide location. The 
general rule is that in winter the noise level within the surface acoustic channel is 4-6 dB higher 
than in a deeper water layer and the opposite situation takes place in summer/autumn time. 
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It should be mentioned that at a specific observation depth point the noise level in winter in 
the surface sound channel is higher comparing to values predicted by the FOI formula and the 
Wenz/Knudsen curves. 

 
4.1. Winter time 
 
Due to low acoustic attenuation in the brackish Baltic water, in the subsurface winter 

waveguide at frequencies of interest, excellent propagation from distant sources is expected. 
Because of the positive refraction of the sound in the halocline, the noise level is less at the 
deeper hydrophones than in the shallower ones. The traffic and fishery noise is uncorrelated with 
the high-frequency noise component. In the surface waveguide at lower frequencies, we could 
observe that the noise level decreases with arising wind and a linear cross-correlation coefficient 
between the noise level and logarithm of a wind speed is negative. It can be explained that due to 
bubble’s clouds generated by breaking waves, propagation conditions in surface waveguide are 
deteriorating and the noise is attenuated more rapidly than wind-dependent noise source 
efficiency growing. 

The noise level in the shallow sound waveguide is generally higher than in the deeper water 
layer on 5 dB. During the winter season, periodical differences between noise intensity at the two 
depths were observed. The variations are synchronized with the diel migrations of the acoustical 
scattering layers and the strongest effect is observed at frequencies which coincide with the 
resonance frequencies of swimbladder of fish in the area. Quantitatively the phenomenon was 
explained as the excessive attenuation and scattering of the noise caused by the migrating fishes 
towards the sea surface i.e. into surface waveguide. 

 

 
 
Time series of the differences of the noise spectra between the two depths and results of their 

spectrum analysis are depicted in Fig. 1 and 2. Differences of the spectra density levels in  
selected frequency bands between two depths are defined as )()( BABA NSLNSLNSLNSL −−− . 

Fig. 1. Deviation of the differences of the ambient noise spectrum level between the surface 
waveguide and the deeper layers in selected octave bands from the mean value. Distinct 

diurnal variations are simply visible. In legend frequencies in kHz. 
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4.2. Summer time 
 
In the summer time the upper hydrophone was located inside the mixed water masses, the 

second one within the deep-water summer-sound-channel. We found that the noise level and 
spectra at the relatively small vertical distance (only 22m) are very different, especially in the 
low frequency range up to about 4 kHz, whereas above 3-4 kHz the spectra are of the same 
general shape and level, for the same wind speeds. At lower frequencies the noise spectrum level 
in the waveguide run about 12 dB higher than registered in the upper layers.  

At the hydrophone placed above the thermocline in absence of the non-wind-dependent noise 
component, the sound intensity level is quite good correlated to wind speed. A different picture 
was observed in the data recorded in the deep summer waveguide. The noise level up to 3-4 kHz 
does not depend on the wind speed. We can assume that above this frequency threshold the local 
wind sources prevail in the registered signals at the both hydrophones. 

Klusek [2] on the basis of measurement with 2-m arrays suggested some explanation on this 
phenomenon yet in the mid of 80’s. At that time it was hypothesized, probably incorrectly, that 
high level of noise field in the mid-water waveguide is due to scattering of the noise on the slope 
bottom of the Hel Peninsula, which could ‘pump’ acoustical energy into the deep summer 
waveguide.  

Fig. 3 shows the difference between the noise level predicted by the FOI formula and our data 
registered in late summer in the Gdansk Deep. The data are in the third-octave bands in the 
frequency band between 0.35 and 12.5 kHz speed averaged in each of Beaufort-scale wind speed 
ranges (in ascending wind level). Besides the level differences, it is evident that the spectrum 
slope of the noise is changing with frequency and strongly depends on the depth of an 
observation point. What is more, it was found that the spectrum-level slope depends on wind 
speed. 

 
 
5. Noise – wind relationships 
 
There is a common agreement in the literature that the noise level vs. wind speed function 

could be approximated by a simple formula: 
 

( ) ( ) ( )fMUfnfNSL +⋅= log10  ,       (2) 
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Fig.2 Spectra of the data 
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For the Baltic Sea Wille and Geyer yields the empirical square power law for the wind speed 
dependence of the noise spectrum level for frequencies above 400 Hz and the wind speed more 
than 5 m/s. Processing data presented by Dalberg and et al [7] (Fig. 2b in [7]) and excluding the 
records for U=1 m/s, we receive the power coefficient value at 1 kHz equal n≅3.  

 
 

Fitting a functional relationship given by Eq.2 (where U in m/s) to wind component of noise 
intensity and estimating third-octave bands the values of n(f) for each campaign and a different 
depth, we have received: 

– in summer season: near square power law in frequency band from 4 to 6.3 kHz as in the 
subsurface layer as in the deep seasonal waveguide; 
– in winter: n≅2 only in the deep water layer, i.e. below the subsurface waveguide, at high 
frequencies above 6.3 kHz. 

In the subsurface winter sound channel and in the deep-water summer channel the noise-wind 
correlation is poor particularly at low frequencies. This effect can be explain by influence of 
changing propagation conditions on the level of distant sources. With increasing frequency, the 
listening area is decreasing and “above head” sources improve the wind-noise correlation.  
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Fig. 3 Differences between noise spectrum levels calculated from the FOI formula and 
registered in a summer season in the Gdansk Deep. On the left, the data collected in the 

subsurface mixed water layer and on the right, inside the deep water sound channel. 

Fig.4. Comparison of frequency dependence of the coefficient of the slope of regression line 
between noise spectrum level and logarithm of wind speed (Eq.2) for different seasons and the 

depth of record. On the left, in summer and on the right, in winter. 

0 2000 4000 6000 8000 10000 12000
0

0.5

1

1.5

2

FREQUENCY [Hz]

C
O

EF
FI

C
IE

N
T 

 n
(f)

z=23m
z=45m

0 2000 4000 6000 8000 10000 12000
-2

-1.5

-1

-0.5

0

0.5

1

1.5

2

FREQUENCY  [Hz]

C
O

EF
FI

C
IE

N
T 

  n
(f)

z = 45 m

z = 67 m

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

631



 

Summary and conclusions 
 

In the paper, the noise spectra are presented for the different seasons and depths of 
observation. Though the amount of ambient-noise data is not sufficient, we can make some 
conclusions and generalization.  

The differences in the noise spectrum level and noise spectra between seasons are noted. A 
comparison of the noise inside and outside of seasonal waveguides at lower frequencies indicates 
that the ambient noise level inside the seasonal Baltic waveguides is higher than outside of the 
waveguides. The correlation with the wind speed of low- and mid-frequency components inside 
of the seasonal waveguides is relatively low.  

When examined on a seasonal basis, the low frequency component noise registered outside 
the summer waveguide noise were much closer to the winter noise levels outside the surface 
waveguide than to the noise inside the summer waveguide. 

We consider that further analysis and modeling will improve our understanding the influence 
of the propagation conditions in the Baltic Sea on the ambient sea noise properties. 
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 2-D AND 3-D RAY MODELLING OF TL AND RL MEASUREMENTS 
IN THE BALTIC 
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Abstract: Transmission loss and reverberation data were collected during the BAROC 
(Baltic Acoustics on Rocky Outcrops) experiment in May 2002. Pulses within the bands 1-
2 and 3-5 kHz recorded close to the Landsort trench, 90 km southeast of Stockholm, are 
considered here. The data are modelled using MOC3D, a recently developed extension of 
the ray-trace model MOCASSIN. Particular features of MOC3D are that time series  can 
be produced, and that 3-D modelling is possible.The TL data at 4 kHz are well modelled 
for the ranges (4-15 km) and hydrophone depths (10-90 m) considered. At 1.5 kHz, the 
modelled levels are some 5 dB too high in the sound channel. This suggests that 
diffraction effects, not included in the ray modelling, are noticeable at the lower 
frequencies. The 2-D and 3-D modelling give similar TL results. Match filtered time 
series, from the TL measurements, show increased multipath effects as the range is 
increased. These effects also appear in the modelled signals. The reverberation modelling 
indicates strong backscattering. It is essential to take the azimuthal variations of bottom 
topography into account, and 2-D calculations are not always sufficient. Concerning 
surface reverberation, 2-D modelling results sometimes include anomalously large peaks, 
caused by strong bottom reflections at high angles. Such anomalies disappear with full 3-
D modelling.  

Keywords: Transmission loss, time series, reverberation 

1. INTRODUCTION  

The experiment BAROC (Baltic Acoustics on Rocky OutCrops) was carried out in 
May 2002 jointly by the German and Swedish research institutes FWG and FOI. An 
important purpose was to assess transmission loss and reverberation as a function of 
frequency and signal bandwidth. The present report deals with analysis and modelling of 
such data from one of the measurement sites, an area some 90 km southest of Stockholm. 
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Propagation distances up to 30 km were considered, for various Linear Frequency 
Modulation (LFM) pulses with frequencies between 500 and 5500 Hz. 

Results from analysis of data from the chosen measurement site have previously been 
reported [1]. A crucial tool for the modelling was the ray-trace model MOCASSIN [2]. 
For the transmission loss (TL) modelling, the parabolic equation model JEPE has also 
been applied [3], and normal mode theory has been used to elucidate propagation in the 
underwater sound channel [ibid.]. 

The work to be reported here extends the previous work in the following ways:   

• Digital bathymetry data with high resolution have been obtained. The data used for 
the modelling have a resolution of about 90 m.  

• Two pulses, 1-2 kHz and 3-5 kHz, are considered.  
• 3-D effects are included in the modelling of transmission loss (TL) as well as 

reverberation levels (RL) 
• Impulse response time series are modelled.  

The two latter extensions make use of the new ray-trace model MOC3D [4], which has 
been developed starting from MOCASSIN.  

2. EXPERIMENT 

Acoustic sources were towed at a depth of 35 m in tracks up to 35 km in length. LFM 
pulses of duration 2 s and frequencies 1-2 kHz and 3-5 kHz were emitted, and received by 
a vertical hydrophone chain with hydrophones located at depths of 10, 20, 30, 40, 50, 60, 
70, and 90 m.  

Sound speed profiles were recorded both at fixed points and by towing a 50 m long 
CTD chain. The obtained sound speed profiles are shown in Fig. 1, where the data below 
50 m depth are extrapolated using climatology. The thermocline occurs at about 35 m 
depth and the halocline at about 70 m depth, forming a sound channel. The channel is 
rather leaky, due to the variations with distance. 

Bottom depths in the area typically vary between 50 and 170 m, with strong range 
dependence. In the northwest part of the area, the bottom depth is below 50 m and sound 
channel propagation is disrupted. The area has an irregular topography of alternating 
peaks of crystalline outcrops with sediment deposits in between. The bottom section used 
in the 3-D model calculations is shown in Fig. 2. The TL-run and RL beam directions are 
indicated by arrows in Fig. 2.  

Shallow areas with large gradient, i.e. peaks, are very hard, otherwise they would not 
have survived the last glaciation, where softer material was eroded away. In the same way, 
horizontal deep areas are probably filled with sediment, the deeper the softer. Medium 
depth areas can have hard deposits (sand, gravel) and are assigned to medium hardness 
classes. Since there are no unclassified data available for the geoacoustic parameters in the 
area, we have set up an automatic classification scheme for the test area, which uses depth 
and gradient to estimate the bottom porosity. 

In the transmission loss analysis, the estimation of the received signal power was done 
by integrating the squared match-filtered signal around the arrival time of the pulse with a 
window length depending on the bandwidth.  
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Fig. 1: Measured sound speed profiles along the transmission loss track. 

For the reverberation measurements, 
two omni-directional transmitters were 
used, covering the frequency bands 0.5-
3 kHz and 3-6 kHz. The bottom 
scattered signals were received by an 
11.6 m long horizontal array at a depth 
of 50 m. The linear array was built up 
by 32 hydrophones, with intermediate 
distances of 0.375 m corresponding to a 
frequency limit of about 2 kHz. As a 
horizontal linear array has a starboard – 
port mirror ambiguity, data were 
recorded with the array oriented in three 
directions differing up to 60 degrees, so 
that the ambiguity could be resolved.  

In the reverberation analysis, the data 
were first beam formed using a time-
domain interpolation beamformer with 
an interpolation factor of 5. The direc-
tions of the calculated beams were 
chosen to be linear in sin(φ) , where φ is 
the angle of the beam relative to the 
array, in order to keep the scalloping 
loss below 3 dB. Next, the beam signals 
were matched filtered and the output 
normalized to the equivalent rms value 
of a coherent input signal. The 
measured reverberation levels versus 
range are presented in A-scans. 

 

Fig. 2: Bathymetry of the test area. The TL 
run and two RL directions (9o and 32o )are 

indicated by arrows. The depth scale, in m, is 
truncated. The distances are in km. 

32o9o
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3. MODELLING RESULTS 

Wave-field modelling in underwater acoustics is traditionally made with 2-D models, 
where the acoustic properties of the medium are invariant in the transverse direction. This 
is often quite sufficient, but the possible need for 3-D modelling is a recurrent theme. The 
ray model MOC3D has been developed as a tool to assess 3-D effects. The sound speed in 
the water is represented by range-independent profiles within horizontal rectangles. Each 
ray is built up as a sequence of parabolic arcs, which makes the ray-tracing very efficient. 
Bottom depths are given explicitly at the grid points for the horizontal rectangles, and 
bilinear interpolation is used in between. Some more technical details of the model can be 
found in [4].  

3.1. TL modelling 

Transmission loss (TL) results at 1.5 kHz for the TL-run are shown in Fig. 3. As can be 
expected from the sound speed profiles, channel propagation with low TL appears at the 
depths 30-60 m. The TL is high at the lowermost receiver depth (90 m), and  also at the 
uppermost depth (10 m).  

Compared to the experimental data, the model calculations give a lower TL. Diffraction 
effects, not included in the ray modelling, could be important mechanism to explain this. 
In addition, the work of  Sellschopp [5, 6] could be relevant here. He claims that the 
MOCASSIN ray diffusion approach needs to be modified in cases with high gradient 
thermoclines. Basically, undulations of the thermocline  need to be taken into account by 
considering the “effective thermocline slope distribution” as met by each particular ray, 
and this distribution will depend on the particular ray direction. The mean effective 
thermocline slopes will be different from zero, leading to enhanced opportunities for 
channel leakage, for example. Classic ray diffusion theory, however, works with ray 
direction changes with zero mean. With random changes for a MonteCarlo approach, 
channel leakage will certainly appear here too, with steeper directions for part of the rays 
and increased loss at the bottom as a consequence. Nevertheless, explicit introduction of 
effective slopes for the thermocline undulations could bring about changes and be useful 
for modelling the BAROC data.  

One might speculate that higher TL could be achieved in the calculations by assigning 
other bottom types than the ones chosen according to the procedure indicated in Sec. 2. 

Fig. 3: TL variations (dB) with range (m) at 1.5 kHz for the experiment (left panel) and 
for model calculation (right panel). The hydrophone depths are 10 – 90 m. 

Modelled 
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According to additional computations (not shown), however, the TL in the channel will be 
only slightly higher. Hence, it appears that most of the channel energy is water-borne, 
without bottom interactions.  

Similar observations can be made concerning the TL results for 4 kHz, although the 
data are not shown here. The agreement between the experimental and modelling results is 
now improved. As compared to the 1.5 kHz results, the experimental sound levels are 
somewhat increased.   

3.2. Transmission time series 

Time series have been calculated for the 1-2 kHz and 3-5 kHz LFM pulses. Here, the 
normalized time series for the 1-2 kHz pulses are depicted in Fig. 4 for the receiver at 50 
m depth. The most conspicuous feature is the pulse broadening as the range is increased. It 
can be noted that the maximum amplitudes within each modelled trace appears at the end 
of a precursor, whose duration increases with range. Thereafter, the amplitudes drop off 
rather abruptly. Such an appearance has been noted in connection with measured sound 
channel propagation in the vicinity of Bornholm [7]. However, the maximum amplitudes 
for the experimental BAROC data are followed by a reasonably strong coda. It should be 
noted that each trace in the experimental as well as modelled sections is dominated by two 
or three arrivals, and that the pulse broadening is well modelled as regards the duration of 
the signal at the different ranges. These considerations indicate that characteristics of the 
sound channel are reflected in the appearance of the time series.  

The results for the 3-5 kHz pulse is similar to those for 1-2 kHz. Again, each trace in 
the experimental as well as modelled data can be characterized by a few dominant arrivals 
(not shown), and the duration of the signals is well modelled except at the closest ranges. 

 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 4: Experimental (left panel) and modelled (right panel) time series for the maqtch 
filtered 1-2 kHz pulses. The traces are normalized. 

. 

Modelled Experiment 
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3.3. RL modelling 

Reverberation can be modelled by MOC3D according to three different options: 2D, 
N2D, and 3D. As is common practice, bathymetry variations in the azimuthal direction are 
neglected in the 2D option. For the N2D option, rays are sent out in a number of different 
azimuthal, as well as vertical, directions, but reflections and refractions out of the initial 
vertical plane for each ray are not taken into account. The full 3D option, finally, allows 
such out-of-plane reflections and refractions.  

The experimental data presented here are for the 1-2 kHz pulse. Using the horizontal 
array, beams can be formed in various azimuthal directions. Due to space limitations, we 
only consider the 9o beam direction here, indicated by the leftmost arrow in Fig. 2. 

Experimental and modelled reverberation results for this direction are presented in Fig. 
5. Starting with a quick look at the bathymetry in Fig. 2, and in the right panel of Fig. 5, an 
immediate observation is that the sound channel is penetrated at the longer ranges, beyond 
9 km or so. Strong reverberation appears as a consequence, in the modelled as well as 
experimental results in Fig. 5. The best agreement to the experimental data is obtained 
with a Lambert’s law μ of about -14 dB. At ranges of about 7 km in Fig. 5, the modelled 
traces are significantly lower than the experimental data. A hypothesis is that 
contamination from the mirror direction prevents the experimental reverberation from 
becoming very small.  

The modelled 2D and 3D bottom reverberation is compared to the underlying bottom 
bathymetry and its gradient in Fig. 5, right panel. As expected, reverberation peaks appear 
where the bottom depth decreases rapidly. A close inspection reveals that the 2D bottom 
reverberation traces are more irregular then the 3D results, which are smoother and more 
in agreement to the experimental data. 

As inherited from MOCASSIN, there are a lot of options available in MOC3D 
concerning the scattering strength kernel to be applied in the reverberation computations.  

A common objection to Lambert’s law is that it gives too small reverberation at low 
angles.  Indeed, a default setting in MOCASSIN prescribes stronger backscattering at low 
angles than is prescribed by Lambert’s law, and there is a dependence on bottom type. 

 
 

 
 

 
 

Fig. 5: Measured and 3D modelled reverberation (left panel). Bottom depth and gradient 
variation together with 2D and 3D modelled reverberation (right panel) .  
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Computations according to this setting, for the BAROC example considered, turned out to 
give enhanced bottom reverberation, by some 5 dB, as compared to Lambert’s law results 
using μ = -27 dB.    

Concerning the surface reverberation, significant differences appear between the 2D 
(not shown) and 3D modelling results. The 3D results are comparatively smooth and 
regular, and they fall below the modelled bottom reverberation all the time. The 2D 
results, however, show peaks that may extend above the measured reverberation. The 
reason for this should be investigated further. One could speculate that strong bottom 
reflections from certain bathymetry features could cause ray steepening implying clear 
surface reverberation peaks, as produced by subsequent surface contacts. With full 3D 
calculations, the reflected energy may have been diminished by deviations in the 
azimuthal direction. 

4. CONCLUSIONS 

4.1. TL 

• The measured 1.5 kHz TL in the sound channel is larger than the modelled, by 
some 5 dB, but the agreement is better at 4 kHz. This suggests that loss mechanisms 
such as diffraction effects, which are not included in the ray modelling, give 
noticeable effects at the lower frequencies.  

• It is not possible to obtain as large TL in the model as in the experiment by 
adjusting bottom parameters. The influence of bottom topography and bottom 
parameters is weak for long-range sound channel propagation.  

• The measured TL does not increase when the frequency is increased from 1.5 kHz 
to 4 kHz.  

• The 2D and 3D modelling give similar TL results.  

4.2. Time series 

• In the sound channel, the pulse duration increases linearly up to the range 15 km. 
The pulse duration is shorter outside the channel than inside.  

• There is satisfactory agreement between modelled and experimental time series. 
Under the current environmental conditions, a low ray diffusion constant should be 
used in the MOCASSIN/MOC3D modelling.  

• At distances larger than 15 km (not shown), the measured pulse duration becomes 
shorter and fairly independent of range.  

4.3. RL 

• A comparison between measured and modelled RL suggests a Lambert’s law 
constant μ of -14 dB.  

• Differences between 2D and 3D modelling of RL become apparent at large 
distances, where the beam covers a wide area.  

• Anomalous peaks in 2D modelling of surface reverberation disappear with full 3D 
modelling.  
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• There is satisfactory agreement between measured RL peaks, modelled RL peaks, 
and bathymetry gradients.  

• Particularly strong bottom reverberation features appear when the seamounts 
penetrate the sound channel. 
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Abstract:  
The Baltic Sea is a specific area because of its limited depth and brackish water. It is 

characterized by the enormous diversity of time-variable hydrological conditions. It is very 
sensitive to dynamic changes in hydrological situation, especially to the thermal conditions – 
seasonal and daily variations. The thermohaline variability in vertical stratification has a big 
influence on the distribution of marine fauna and scheme of their Diel Vertical Migration.  

Our research comprises Acoustic Doppler Current Profiler and SIMRAD measurements of  
volume backscattering strength. The ADCP is now routinely used for monitoring the 
distribution of fish and zooplankton – it enables recording acoustic images of diel vertical 
migration, estimation of its range and intensity and calculation of its velocity. The vertical 
migration velocity is determined in three different ways: (1) from the shape of the scattering 
layers on the echogram, (2) from the slope of the mean gravity centre depth of the signal 
envelope, (3) directly from the value of vertical component calculated by the ADCP. The 
results of this analysis has been compared and discussed on the hydrological background.  

Keywords: scattering layers, diel vertical migration, Baltic Sea 
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1. INTRODUCTION 
 

Diel Vertical Migration (DVM) is a worldwide phenomenon, taking place in all oceans, 
seas and lakes. It is the largest animal movement on earth. Most of zooplanktonic species 
perform the DVM, ascending at night towards the surface to graze on phytoplankton (they are 
followed by fish!) and descending in the morning to the deeper water and staying there 
during daytime. This behaviour seems to be the trade-off between feeding and predator 
avoidance. It is connected with the changes in light intensity, but its range and intensity 
depend also on other hydrological conditions. 

Many authors examine velocities of vertical migration of zooplankton [1-5]. They obtain 
for various basins rather similar values, from millimetres per second to several centimetres 
per second (in the case of krill). Usually the upward speed is bigger than the downward one, 
but in some cases the situation is reversed. 

The Baltic Sea is a specific area because of its limited depth and brackish water. It is 
a small, cold and strongly stratified basin characterized by an enormous diversity of time-
variable hydrological conditions. Its thermohaline field has a two-layered structure. The 
upper layer has almost constant salinity and temperature changing distinctly in the annual 
cycle. The lower layer consists of the transformed North Sea water with constant temperature 
and relatively high salinity (above 10 PSU, while the mean Baltic salinity is 7 PSU). In warm 
seasons, these two main layers are separated by the transition layer of thermocline. Acoustic 
scattering layers in the Baltic Sea comprise fish, mainly herring, sprat and cod, and various 
species of zooplankton. All these organisms are subjected to the continuous stress of having 
to adapt to an enormous diversity of time-variable hydrological conditions and are exposed to 
highly variable conditions during their vertical movement.  

This paper presents the use of Acoustic Doppler Current Profiler (ADCP) for monitoring 
the distribution of fish and zooplankton, estimation range and intensity of Diel Vertical 
Migration and calculation of its velocity. This velocity is determined in three different ways: 
(1) from the shape of the scattering layers on the echogram, (2) from the slope of the mean 
gravity centre depth of the signal envelope, (3) directly from the value of vertical component 
calculated by ADCP.  

 
 

2. EXPERIMENTAL MATERIAL 
 

Experimental material presented in this work was collected in six Baltic cruises of r/v 
OCEANIA in various seasons from 2001 to 2006 at different locations. Backscattered 
acoustic signals recorded by SIMRAD EK500, HONEYWELL ELAC, vessel-mounted 
ADCP and bottom-moored ADCP have been used to determine the biomass distribution as 
well as the field of sea currents. 

Echo intensity data collected by the ADCP were converted to mean volume backscattering 
strength SV measured in decibels by use of formula given by Deines [6]. Data from 
echosounders were converted to the form of SV by the adequate sonar equations [7]. For each 
individual instrument many specific technical parameters are necessary. Also the attenuation 
coefficient, depending on frequency, temperature, salinity and depth, has to be calculated. For 
the low-saline Baltic its value at 10°C is enclosed in the range 0.0015÷0.04 dB/m for the 
frequencies from 30 to 300 kHz. 

ADCP is not designed with the aim of analysing the zooplankton biomass and behaviour, 
but of calculating the current field. Nevertheless, the rule of ADCP operation is inherently 
based on the acoustic signal scattered at the zooplankton naturally buoyant in water. So, 
ADCP gives a possibility of collecting bioacoustic data in a continual way as a by-product of  
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sea current monitoring and it can be used as a source of information concerning zooplankton. 
In order to increase the precision of the Doppler shift computation of this signal, the 
averaging over depth bins and time intervals is performed. This makes the spatiotemporal 
resolution of the ADCP data limited. While it is possible to record individual pings, it is not 
possible to increase the depth resolution because the bin averaging (usually over 1÷8m) is 
made automatically. 

The main assumption of ADCP operation is: zooplankton do not swim and their speed is 
identical with the speed of medium. Generally this assumption is fulfilled, but there are two 
exceptions, two daily periods when zooplankton vigorously move in the vertical plane: 
sunrise and sunset. These two phases are the objects of our special interest. 

SIMRAD EK 500 and vessel-mounted ADCP work at very close frequencies, 120 and 150 
kHz respectively, so they disturb one another, each of them receives the echosignals of 
another. In our case, the 120 kHz is the only frequency of SIMRAD echosounder; therefore, 
we had to cope with the distorted signals, both of echosounder and of ADCP. Different 
routines of this interference removing have been tested. The simplest one is based on the fact 
that strange signals are easily distinguishable from the original background. Their level is 
a few dB higher than others in the neighbouring area, their width is 1 ping and length is close 
to the stranger’s pulse duration. Such fragments of scattering matrix are detected and 
identified as strangers, and removed or replaced by the average value of the appropriate 
element taken from the adjacent columns.  

CTD profiling was conducted concurrently in order to give the hydrological background. 
No biological sampling was used in this analysis. 
 
 
3. RESULTS AND DISCUSSION 
 
 The scope of this paper does not allow to present results of all expeditions, so we have to 
confine our discussion to some chosen examples. All the echograms obtained during six 
cruises in various places and seasons, show a significant day-night redistribution of scatterers, 
very intensive during the transition periods (sunrise and sunset). In some cases, scattering 
layers take the same form at all frequencies, but in others there are essential differences 
caused by different mechanisms of scattering, like Rayleigh or geometrical scattering 
depending on the size-wavelength relationship or resonance of fish swimbladder.  
 Organisms are very sensitive to the termohaline situation and both the range of migration 
and the depth of nocturnal placement of scattering layer are strongly dependent on 
hydrological  conditions.  Generally we observe  intense  scattering at  well-defined  region of  
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Fig. 1. Multi-hour echogram recorded by SIMRAD echosounder (120 kHz) after eliminating 
the interfering ADCP signal (150 kHz) together with temperature profiles. 19-22 October 
2005, Gdansk Deep.  
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water density gradient – it can be at the thermocline or halocline. 
The case of wandering thermocline, reflected in variable depth of the nocturnal scattering 

layer, was detected during a 58-hour echosounding performed by three independent tools: 
ELAC (30 kHz), SIMRAD (120 kHz) and ADCP (150 kHz) in October 2005 in the Gdansk 
Deep. All three images are almost identical. One of them, the SIMRAD echogram obtained 
by use of a special clearing procedure described in the previous section, is presented in Fig.1 
together with temperature profiles imposed. CTD measurements were carried out at intervals 
of several hours and the mean values of each profile was affixed to the echogram at the 
appropriate time point. The 6-m variation in the thermocline position can be easily observed 
by the location of scattering layer at depth 36÷42m. 
 The range and speed of upward and downward migration can be found out by various 
direct and indirect methods. Migration velocity can be determined from the trace on the 
echogram, from the slope of the sigmoidal or hyperbolic curve approximating the gravity 
centre location in the transition regions or, in the ADCP case, directly from the vertical 
velocities calculated from the Doppler shift of backscattered signals.  

A helpful variable in analysing the temporal variability of scatterers configuration is the 
gravity centre depth of the signal envelope, which mirrors vertical displacements of sound 
scatterers within the water column [5]. It is defined for each time-averaged set of pings as: 

∑∑
==

=
Nbin

j
j

Nbin

j
jjgc SvzSvz

11
         (1) 

where Nbin  is the number of bins, Svj – the mean backscattering coefficient in the j th bin and  
zj – the depth related to the j th bin.  

Usually we can notice the characteristic shallowing of the depth of the centre of gravity at 
sunset and its sinking at sunrise (Fig.2). The 4-parameter hyperbolic curve has been used to 
approximate the change of the gravity centre depth: 

y = y0+B (tanh(x-x0)/C)          (2) 
From the slope of this curve in transition phase we can determine the speed of migration. 
Fig.2 presents the example of gravity centre depth calculated in the depth interval 10÷45 m 
for echoes recorded on 7–8 of May 2006 in the east part of the Gulf of Gdansk. The best 
fitted curves (2) are also shown for the sunrise and sunset periods. The coefficient of 
determination for this fitting process is very high, R= 0.99. Deduced migration velocities are 
respectively: v↑ ≅ 9 mm s-1 for sunset and v↓ ≅ – 11 mm s-1 for sunrise.  
 
 
 
 
 
 
 
 
 
 
 

. 
Vertically migrating group of animals causes at given time the local maximum of SV at 

given depth. The edge of the migrating aggregations of scatterers seen in the echogram can be 
found out by the simple thresholding method or by the running mean method. Each of them 
can be used in rows to find the area of rapidly rising SV values. These row maxima together 
with the window width constitute the vertical migration path, ascending at dusk and 

Fig. 2. Variation of the gravity centre depth calculated in the layer 10 ÷ 45 m approximated 
by the hyperbolic curve. 7–8 May 2006, Gulf of Gdansk. 
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descending at dawn. For this path the values of vertical velocity calculated by ADCP can be 
determined and histograms of such values show the character of their distribution. 

May 2006 was an exclusive experimental series in our practice, when the lower 
frequencies show almost no vertical movement of scatterers in a diel cycle. The only 
instrument recording DVM was bottom-moored 300 kHz ADCP. This can be a proof that the 
only migrators are small zooplankters seen by 300 kHz but invisible for 150 kHz. They must 
be smaller than 1 mm. Additionally, analysis of velocity data obtained directly by ADCP 
revealed the strange periodical phenomena in the current field, both in horizontal and vertical 
directions. This periodicity of change in the directivity of water mass was found to be of 
about 14.5 hours. It is typical for the inertial currents appearing in the Baltic Sea after the 
strong storms. This event effectively blocks the possibility of determining the speed of 
migration directly from ADCP. To remove this harmful effect from the image of vertical 
velocity, first we have to eliminate the trend in each row in order to prepare data for further 
analysis. Secondly, we use the FFT narrow band filtering. The proper filter is constructed and 
applied to remove the periodicity between 14 and 15 hours. Finally, we average 4-day 
measurement of both the SV and vertical velocity to obtain a 24-hour mean.  

The procedure of finding the migration path, determining their slope and comparison with 
the vertical velocity calculated directly by ADCP is displayed in Fig.3. Its upper part presents 
the “model day echogram”, e.g. 24-hour mean echogram obtained on the basis of four-day 
measurement. Fig.3b shows a “model day current field”. In general, this field is rather chaotic 
and special methods are required to deduce some useful information concerning vertical 
component of the velocity vector. The path of migration of 0.5-hour width is also marked.  
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Fig. 3. Results of bottom-moored 300 kHz ADCP sounding, 6–9 May 2006, Gulf of Gdansk. 
a). mean echogram obtained by averaging over 4 days; b). vertical velocity field after 
removing trend, FFT filtration and averaging over 4 days. Black oblique lines – migration 
path determined on the echogram basis; c). vertical velocity averaged over 4 days and depth 
interval 13÷36 m; d). histograms built from 435 velocity data calculated directly by ADCP 
within the migration path. 
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Its slope determines the velocity of vertical migration: v↑ = 7.8 mm s-1 and v↓ = – 6 mm s-1. 
Fig.3c displays the mean vertical velocity calculated for depth between 13 and 36 m (this 
layer is marked by white lines in Fig.3a and black horizontal lines in Fig.3b). We can notice 
the clear positive peak (up to 7.8 mm s-1) in this curve about 9 pm, which is strictly correlated 
with upward migration at sunset. The negative peak connected with downward migration is 
also discernible, but not so clear. Nevertheless, its value v↓ ≅ – 4 mm s-1 exceeds the noise 
level. Fig.3d presents two distributions of vertical velocity values calculated within the 
migration path. The left one, characteristic for sunset, is positively skewed, with a mean value 
<v> = 3.2 mm/s. The right histogram (sunrise), is negatively skewed, <v> = – 1.8 mm/s. This 
is another confirmation of the fact that in the morning, after heavy meal, animals stop 
swimming and passively sink towards dark ocean deep. 

Generally, the vertical velocity calculated directly by ADCP is smaller than the estimate 
derived from the slope of the migration path. The uniform vertical migration of the whole 
populations should be discerned from the vertical movement of individuals – some of them 
migrate in the principal direction, some are non-migrating scatterers and others can migrate in 
the opposite direction. ADCP measures the average swimming behaviour of individuals. 
 
 
4. SUMMARY AND CONCLUSION 
 

To summarize, this study indicates that the ADCP is a useful tool to investigate 
aggregative behaviour of the marine fauna. It gives comparable with standard echosounder 
images of the backscattered field and additionally enables us to determine the velocity of Diel 
Vertical Migration of zooplankton. Three methods of velocity calculation are used: (1) from 
the migration path on the echogram, (2) from the inclination of the mean gravity centre depth, 
(3) directly calculated by ADCP. Obtained values of v↑ and v↓ are similar to those measured 
by other people in other basins. 
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 UNDERWATER NOISE MEASUREMENTS IN VERY SHALLOW 
COASTAL ENVIRONMENT 
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Abstract: Ambient noise measurements were carried out in very shallow water in the 
archipelago of The Gulf of Finland during 9 months. The period covered all the seasons 
excluding the late spring and the early summer. No seasonal effect was observed in the 
measured spectra. The measurement site was not corrupted by shipping noise which made 
it possible to study the wind driven effects on the ambient noise also at low frequencies. 
Weather conditions varied from calm sea to near gale winds. The effect of wind speed on 
the ambient spectrum is significant at frequencies above 100 Hz and at wind speeds 
exceeding 2-3 m/s. The ambient spectral level around 2 kHz is increased by 11 dB as wind 
speed is doubled. Any general tendency of the very shallow water levels being higher than 
those of the deep-water spectra was not found in this study. At moderate and high winds 
the ambient spectra showed the typical deep-water slope of 5-6 dB/oct at high frequencies.  

Keywords: Hydroacoustics, underwater ambient noise 

1. INTRODUCTION  

Deep-water ambient noise has been studied systematically from the 1940’s and the 
results are well documented in literature [1,2]. These results are usually referenced as the 
Knudsen spectra which typically have a slope of 5 to 6 dB/oct at frequencies above a few 
hundred Hz. In earlier studies seasonal changes up to 7 dB in noise levels were measured 
in the ocean environment [2] but further observations have shown much less or even no 
seasonal variation as pointed out by Kerman [3].  

 
Ambient noise in shallow coastal areas of the oceans has been studied by Piggott [4], 

Arase and Arase [5] and Perrone [6]. The shallow water results are typically not as well-
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defined as deep-water results because of wide variations in ambient noise. The variations 
are caused by human activities in bays and harbours and complex hydroacoustic 
conditions near river estuaries and isolated sea areas between islands. In earlier studies the 
effect of wind on shallow water ambient noise was found to be largest in the 500-1500 Hz 
frequency band and no correlation between wind speed and ambient noise level were 
found for wind speeds less than ca 3 m/s and at frequencies less than 80 Hz [7]. Piggott 
found out that the spectrum levels increased by 7-8 dB as wind speed doubled at 
frequencies between 300 and 2200 Hz [4]. 

 
In the measurements carried out in the Baltic sea the ambient noise has been reported to 

agree with the Knudsen spectra except at lower frequencies where it is lower than in the 
ocean environment [8]. In the Gulf of Finland the summer levels have been measured to 
be 5 to 10 dB lower than the corresponding winter levels. This is most likely caused by the 
differences in sound transmission due to seasonal changes in sound-speed profiles [9]. The 
Swedish Defence Research Agency (FOI) carried out ambient noise measurements in 
Stockholm archipelago in two weeks campaign in August, 2004. The team analysed the 
results statistically and found significant variability in statistical parameters. The highest 
wind speed in the trials was 12 m/s which yielded the maximum spectrum level of ca 74 
dB at 400-500 Hz. The mean ambient noise level below 1 kHz for the same wind speed 
was ca 70 dB [10]. 

 
The Finnish Naval Research Institute (FNRI) has been measuring regularly underwater 

ambient noise in very shallow water (15-20 m) in the archipelago of the western part of 
the Gulf of Finland. Bottom sediments on the site are typically post glacial clay with 
confined areas of recent mud [9]. The present data set is obtained during 9 months 
between August, 2006 and April, 2007 and it covers weather conditions from calm sea up 
to near gale conditions. The measurement site is far from major shipping lanes, and 
besides, partly shielded against the open sea noise by several islands. The absence of 
shipping noise makes it possible to study wind generated noise at lower frequencies. 

 
The environmental parameters in the Gulf of Finland were summarised in our previous 

paper [9]. Meteorological station was set up on the measurement site to provide tempera-
ture, pressure and wind conditions during the measurements. Sea states were observed 
visually which makes their role only secondary in data analysis. Better way to study the 
role of the breaking waves as noise sources would be to measure significant wave height 
during the noise measurements and simultaneously observe the formation of whitecaps in 
the waves. 

2. MEASUREMENT TECHNIQUE AND DATA PROCESSING 

The calibrated omnidirectional hydrophone (Reson TC4032) was mounted in a tripod 
that was deployed on the sea bottom at the depth of 16 m and about 500 m from the shore. 
The sensitivity of the hydrophone is -170 dB re V/μPa. The hydrophone was connected to 
the electronics unit with a standard hydrophone cable. The electronics unit is battery 
operated in order to reduce power line interference at 50 Hz and its harmonics. It provides 
supply voltage for the hydrophone and contains the low noise preamplifier with adjustable 
gain.  
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The data acquisition system was built on high-quality consumer audio components. The 
analog signal from the preamp was sampled with 16-bit resolution in the external sound 
card at standard sample rate 44.1 kHz.  The signal was recorded in portable PC using 
commercial audio recording and editing software. The data acquisition chain was 
calibrated with a laboratory class signal generator. The noise samples were stored in 
standard wav –format on hard disk for further processing. 

 
The ambient noise samples of several minutes long were collected on a regular basis 

together with the corresponding meteorological data. Power spectral density (PSD) 
estimates for the samples were calculated using standard periodogram method with 
rectangular window. The spectral levels are the average of 32 1-second samples. As a 
result the spectral levels still required more smoothing in order to remove individual inter-
fering frequencies and make the spectral levels easier to compare with each other. The 
individual frequency lines were removed from the spectra using non-linear 9-point median 
filtering. The final smoothing was done by calculating total power for 1/3 octave bands 
and then normalizing the band power with the corresponding bandwidth. The smoothing 
process is shown in Fig. 1 where the true ambient noise data are depicted after successive 
filtering operations. 
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Fig.1: Effect of smoothing on  power spectral density. 
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3. AMBIENT NOISE MODEL 

The ambient noise spectral level normalized to 1-Hz band can be presented as a 
logarithmic curve fitted to the measured data. The logarithmic model is made up of three 
segments of different slope. The model is a mathematical curve flexible enough to depict 
the general form of the ambient spectrum level in the bands II-IV presented by Urick [2, 
page 209]. The ambient noise spectral level  
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where S0 is constant spectral level, f={f0,f1,f2}  are half-power (3 dB) frequencies of the 
filter segments and k={k0,k1,k2} are the exponents determining the steepness of the 
corresponding slopes. The model and its segments are depicted in Fig. 2. 
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Fig.2: Logarithmic model for ambient noise. 
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4. PRELIMINARY RESULTS 

The set of 25 ambient noise spectra measured in different conditions are shown in Fig. 
3. The extreme ends represent the calm sea on the bottom and near gale winds of 15 m/s 
on the top. No seasonal changes in the spectra were observed. It is clearly seen that the 
effect of wind speed on the ambient noise is focused on frequencies above 100 Hz. The 
model curve of Eq. (1) is fitted to the noise spectra measured at wind speeds of 15, 8, 4 
and 0 m/s. The model parameters are compiled in Table 1. 
 
Wind speed 

m/s 
S0 

dBμPa//1Hz 
f0 
Hz 

k0 f1 
Hz 

k1 
 

f2 
Hz 

k2 

15 75 87 5.9 1500 1.9 210 4 
8 66 122 6.5 1000 1.5 280 4 
4 50 190 3.3 1700 1.7 610 0.8 

< 1 43 270 2.35 1000 1.2 - - 
 

Table 1: Ambient noise model parameters for the  measured spectra. 
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Fig.3: Set of 25 ambient noise spectra and the noise model fitted to 4 different wind 

speeds. 
 
At moderate and higher winds the noise spectra rise steeply from 100 Hz to the 

maximum value. The slopes are obtained from the high-pass segment of the model. 
Parameter k2=4 corresponds to the slope of 12 dB/oct. The spectra decreases 
approximately at the rate of 4.5-5.5 dB/oct (k1 =1.5-1.9) with increasing frequency above 
the maximum. The latter slope value complies well with the deep-water results and with 
various experiments where the noise is generated by damped microbubble oscillations 
created by spilling breakers [11]. Kerman has pointed out the earlier studies by Franz and 
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Furdujev where underwater ambient noise was proposed to be caused by the joint effect of 
cavitating and resonantly oscillating bubbles [3]. Later on Prosperetti and Lu showed 
theoretically that the pressure fluctuations in the oceanic environment are far smaller than 
those needed to cause cavitation noise [12]. 

 
Interestingly enough, the sharp decline in the measured high-wind noise spectra below 

the maximum bears a strong resemblance to theoretical and experimental cavitation 
spectra where the corresponding rate of decline varies between 6-12 dB/oct [1,13]. The 
similar sharp decline is also seen in the measurements carried out in the Stockholm 
archipelago [10]. The gradual shift of the rising slope towards lower frequencies with 
increasing wind speed is shown visually in Fig. 3. This is most likely accounted for by the 
fact that the number bubbles and their size tend to increase as the intensity of breaking 
waves increases with rising wind. The shift is modelled as the cutoff frequency of the 
high-pass section (f2) in the ambient noise model, Table 1. The frequency f2 shifts from 
610 Hz down to 210 Hz as wind speed increases from 4 to 15 m/s. 

 
The effect of wind speed on the ambient noise was studied between 1-2 kHz where the 

effect is at largest. The ambient noise at 1.8 kHz was plotted against wind speed and the 
logarithmic curve 
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was fitted to the data. v0 is the critical wind speed below which there’s no correlation 
between the ambient noise and wind speed. The data are plotted in Fig. 4. The parameters 
that give the best fit are: S0=39 dBμPa//1 Hz, v0=2.1 m/s, k=3.65. The last parameter 
corresponds to the slope of 11.0 dB/oct which is significantly steeper than 7.2-7.5 dB/oct 
obtained by Piggott at 1-2 kHz [4].  
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Fig.4: Ambient noise versus wind speed at 1.8 kHz. 
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The ambient noise model was fitted to the average deep-water curves presented by Urick 
[2]. The deep-water curves for frequencies 100-10 000 Hz are plotted in Fig. 5 together 
with the very shallow water curves measured in this study. The model parameters for both 
curve sets are shown in Table 2. 
 
  
Wind speed 

m/s 
S0 

dBμPa//1Hz 
f0 
Hz 

k0 f1 
Hz 

k1 
 

f2 
Hz 

k2 

Deep-water:        
< 0.5 (SS0) 50 - - 550 1.85 290 2.1 
2-3 (SS1) 60 - - 430 1.8 270 2 
5-8 (SS3) 70 - - 480 1.9 170 2 

14-16 (SS6) 76 - - 520 1.9 130 2 
This study:        

< 1 43 270 2.35 1000 1.2 - - 
6-8 65 125 7.3 1000 1.5 250 4.8 

14-16 75 87 5.9 1500 1.9 210 4 
 

Table 2: Ambient noise model parameters for average deep-water curves and the very 
shallow water curves measured in this study. 
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Fig.5: Model curves for average deep-water and very shallow water ambient noise. 

 
 
The maximum spectral levels of the two sets are very close to each other, especially at 

high wind speeds (14-16 m/s). Therefore any general tendency of the very shallow water 
levels being higher than those of the deep-water spectra is not found in this study. The 
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major difference between the two spectrum sets is in the bandwidth of the noise. The 
upper frequency limit (f1) of the very shallow water spectra are in the range of 1-1.5 kHz 
while the corresponding deep-water values are around 500 Hz. The high frequency slope 
(k1) of the very shallow spectra agrees with the deep-water results at higher wind speeds 
(5.7 dB/oct @ 14-16 m/s) but it flattens out to 3.6 dB/oct in calm conditions. The average 
deep-water curves do not show any decrease in the corresponding slope values with 
decreasing wind speeds.  

5. CONCLUSIONS 

Ambient noise measurements were carried out in very shallow water in the archipelago 
of The Gulf of Finland during 9 months. The period covered all the seasons excluding the 
late spring and the early summer. No seasonal effect was observed in the measured 
spectra. Weather conditions varied from calm sea to near gale winds. The effect of wind 
speed on the ambient spectrum is significant at frequencies above 100 Hz and at wind 
speeds exceeding 2-3 m/s. The ambient spectral level around 2 kHz is increased by 11 dB 
as wind speed is doubled. Any general tendency of the very shallow water levels being 
higher than those of the deep-water spectra was not found in this study. However, the 
bandwidths of the measured ambient noise were broader than those of the average deep-
water noise. At moderate and high winds the ambient spectra showed the typical deep-
water slope of 5-6 dB/oct at high frequencies. At frequencies below the maximum level 
the steep decline of 12 dB/oct was discovered. It would be tempting to call this a 
pseudocavitation because the shape of the noise spectrum greatly resembles that of a 
general cavitation noise. It is well known that the ambient noise spectrum varies 
significantly from point to point in shallow water environment. This particular site was not 
corrupted by shipping noise which made it possible to study the wind driven effects on the 
ambient noise also at lower frequencies.     
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Spatial and Temporal Behaviour of Atlantic Herring Spawning on 
Georges Bank Revealed by Ocean Acoustics Waveguide Remote 

Sensing   
 

Purnima Ratilal, Zheng Gong, Srinivas Jagannathan, Mark Andrews, Ameya Galinde, 
Nicholas Makris 

 
Abstract: An ocean acoustics waveguide remote sensing (OAWRS) system was 
deployed in the Gulf of Maine, near Georges Bank to image the Atlantic herring and 
other fish population from Sep-Oct 2006.  OAWRS utilizes the property of the ocean 
as a waveguide to channel audible sound waves over long ranges to image objects at 
great distances from the sonar system.  The migration and spawning behaviour of 
Atlantic herring was observed using OAWRS over several diurnal periods, including 
massive movements on and off the bank to spawn. Measurements made 
simultaneously with a conventional fish-finding echosounder and a multibeam sonar 
provide the depth distribution and local 3D morphology respectively of the herring 
schools in the water column.  Concurrent trawl surveys provide identification of the 
fish species.  Resonance scattering from fish is observed in OAWRS imagery over 
multiple frequencies. Findings from this experiment will be presented and discussed.  
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Abstract: In September and October 2006, a Reson 7125 SeaBat multibeam sonar (400 
kHz) and a Simrad EK60 scientific echo sounder (38 kHz, 120 kHz, and 200 kHz) were 
used to simultaneously image fish schools on Georges Bank in the Gulf of Maine.  This 
paper will focus on a single, dense school of fish (~200 m in diameter) that was repeatedly 
imaged with both sonars over a time span of approximately one hour.  These two sonars 
offer complimentary views of the fish school.  The multibeam sonar was generally able to 
image the entire fish school, making it possible to examine the structure of each fish 
school at multiple scales, as well as providing a synoptic view of the evolution of the fish 
school over time.  The EK60 was able to provide estimates of the frequency dependent 
target strength of the fish school, and in conjunction with pelagic trawl catch data it was 
possible to identify the fish as Atlantic herring.  With an estimate of average fish length, 
fish density was also estimated.  Combining the data from these two sonars by 
extrapolating the EK60 multi-frequency observations to the 7125’s high resolution, wide 
field of view observations makes it possible to provide quantitative estimates of the entire 
fish school as it evolves over time. 

Keywords: Multibeam sonar, multifrequency, pelagic 
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1. INTRODUCTION  

Multibeam sonar systems are becoming an increasingly valuable tool for pelagic 
fisheries research (e.g., [1, 2]) as issues such as sonar calibration and the recording of full 
water column data (up to a Gbyte/minute) become more manageable.  When operated in 
either a downward or sideward looking mode such that the swath of beams is oriented 
perpendicular to the vessel motion, these sonars make it possible to image entire fish 
schools without sacrificing spatial resolution.  This capability applies to traditional swath 
multibeam sonars as well as true “3D” multibeam sonars such as the Simrad MS70 [3].  It 
is therefore possible to investigate the structure of the fish school at multiple spatial scales 
[1] and to observe this structure evolve over time if several passes over the school can be 
made. 

The multibeam sonars currently available are generally narrow-band and do not provide 
spectral information that can be used to determine fish species from the acoustic 
backscatter data alone.  Increasing spectral information can be achieved with wideband 
systems, or multiple narrow band systems operating at different frequencies 
(multifrequency).  Typical frequency converage is at least an octave or more at high 
frequencies (12 kHz and greater) and is typically implemented with single beam echo-
sounders [4].   However, echosounders provide only ‘slices’ of fish schools, resulting in 
potential bias when attempting to extrapoloate measurements from the ‘slice’ to the entire 
fish school 

Combining the data from these two types of sonar systems provides the benefits of 
both: multiple frequencies for use in species identification and multiple beams for 
providing spatially synoptic data.  This paper describes one realization of this type of data 
fusion.  In September and October 2006, a Reson 7125 SeaBat multibeam sonar (400 kHz) 
and an EK60 scientific echo-sounder (38 kHz, 120 kHz, and 200 kHz) were mounted on 
the R/V Hugh Sharp and used to image Atlantic herring (Clupea harengus) on the 
northern flank of Georges Bank in the Gulf of Maine.  Georges Bank is the primary 
spawning site for Gulf of Maine Atlantic herring  in the fall months [5,6].   

The data described herein were collected as part of a larger experiment aimed at long-
range, continuous monitoring of fish populations [7].  The focus of this paper will be on 
data collected on 22 September 2006.  During the evening of the 22nd, the R/V Sharp 
conducted a ‘zig-zag’ survey pattern in a south-westerly direction (following the 
bathymetric contours) while towing a GMI MKII “Scanfish” (a towed, undulating, CTD 
system).  At approximately 15 minutes past sunset, strong returns from a fish school 
between 100-150 m depth were observed on both sonar systems.  The decision was made 
to retrieve the Scanfish and to re-acquire data on the same fish school.  Five successful 
repeat passes were made over the school during the following hour, as well as a pass over 
a second similar sized school.  Data analysis includes extracting the three-dimensional 
images of the fish school from the multibeam data, extracting the scattering strength from 
the calibrated EK60, and combining both to provide an estimate of the biomass within the 
fish school. 

2. MULTIBEAM DATA: EXTRACTING THE FISH SCHOOLS 

The multibeam data were collected with a Reson 7125 SeaBat multibeam sonar 
operating at 400 kHz.  During this experiment, 300 μs pulses were transmitted from a line 
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array with a beam pattern that is nominally 1° wide (at the half-power points) in the along 
track direction and 155° wide in the athwart-ship direction.  Backscattered acoustic signals 
are received on an orthogonal (to the transmit array) line array and processed to form 256 
beams.  The receive beam width at nadir is nominally 0.7° wide in the athwart-ship 
direction, resulting in an effective beam pattern (transmit and receive combined) that is 1° 
x 0.7°.  During this experiment, the full time series for each beam was recorded directly to 
an external RAID array.  Vessel attitude and position data from an Applanix POS/MV 
were also recorded. 

The native sampling scheme for the Reson 7125 produces pairs of 16-bit integers 
representing amplitude and phase for each sample in each beam.  Each beam is sampled at 
a rate of approximately 34.5 ksamples/sec.  For a 300 m range setting, each transmission 
produces 14 Mbytes of data for the full water column.  At this sample rate the range bin 
size is nominally 2 cm, which is considerably smaller than the ~23 cm range resolution for 
a 300 μs pulse.  Thus, adjacent samples in each beam time series are most likely not 
independent.  Similarly, adjacent beams, which are nominally separated at the -3 dB level 
(a factor of 0.707 in pressure), are also most likely not independent.  In order to reduce the 
computational burden imposed by the large data sets, the first processing step performed 
was to decimate the data by ‘sub-sampling’ in range by a factor of 10 and in angle (beam 
number) by a factor of 3.  Because the data are oversampled, it is expected that this results 
in only a negligible loss of information.  It is important to note that there are two ways in 
which this data reduction can be done: choosing every nth sample, or by averaging n 
samples.  Both of these result in the same reduction in data (from ~14 Mbytes/ping to ~0.5 
Mbytes/ping) but have different statistical implications for subsequent data processing.  
For these data, the averaging method was used. 

An example Reson 7125 sonar ping (after sub-sampling) is shown in Figure 1.  The 
bottom return is faintly visible at a depth of approximately 220 m, which is much deeper 
than the typical water depths that this sonar would be used for bottom mapping 
applications.  Backscatter from a school of fish can be seen between 25-100 m depth.  
During this experiment, it was found that this sonar was able image dense fish schools 
(such as the schools shown here) at depths up to 200 m.  However, the more disperse fish 
schools that were often observed with the EK60 at all three frequencies were often 
difficult or impossible to see on the Reson 7125. 

In order to extract the targets from the multibeam data such as that shown in Figure 1, 
spatially dependent (in the sonar reference frame)  noise statistics were calculated as a  

  

 
Fig. 1. Multibeam sonar amplitude data (in dB) showing a fish school between 25-100 

meter water depth.  Red indicates a higher scattering strength. 
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 Fig. 2  Raw (compressed) multibeam data (left) and extracted targets (right). 

 
function of beam and sample number.  A threshold was then set based on the statistics of 
the noise in order to keep the probability of accepting false targets low.  For these data, the 
threshold was set at μn + 2.5σn where μn and σn are the spatially dependent mean and 
standard deviation of the noise.  For Rayleigh distributed noise, this corresponds to a 
probability of accepting false targets of 0.015.  In order to calculate this threshold, the 
noise statistics are based on a 20 ping history of data with no fish present.  False targets 
are further reduced by performing a simple cluster detection: targets are rejected if there 
are no neighbouring targets.  Finally, energy leakage into sidelobes, as can be seen from 
the strongest returns in Figure 1, are rejected by finding the maximum target amplitude at 
each range step and rejecting targets that are greater than 15 dB below the maximum 
amplitude.  This combined process does an effective job of isolating the targets of interest, 
as shown in Figure 2. 

Three corrections to the raw multibeam amplitude data must be made to convert to 
units that have a common reference.  First, both the fixed and time-varying gain applied 
by the sonar must be removed.  Secondly, any angularly varying gain caused by the sonar 
beam patterns must be corrected.  Finally, range varying adjustments must be made to 
account for spreading losses, sound absorption, and the volume of a sonar resolution cell.  
Applying these corrections converts the raw intensity data into a quantity that is 
proportional to the volume scattering strength (note that the receive sensitivity is not 
precisely known for this sonar). 

The extracted targets are then geo-referenced using the position and attitude data from 
  

  
Fig. 3 The individual ping data (not every ping shown) and the 3D school (right). 
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the POS/MV.  It should be noted that straight-line paths are used to convert beam angle 
and range to an x/y position: ray tracing has not been used here.  For the downward 
refracting sound speed profiles that were observed during this experiment, this will result 
in a target positioning bias that results in smaller school volume estimates.  The three 
dimensional cloud of targets is then converted into an evenly spaced 3D grid, where the 
value of each grid cell is a weighted sum of the target amplitudes (the weights are 
calculated using a fixed-width Gaussian kernel that is a function of distance from the grid 
point).  This overall processing scheme makes it possible to convert the raw (compressed) 
data into isosurfaces of constant scattering amplitude as shown in Figure 3.  The volumes 
of these fish schools can be calculated from the gridded surfaces. 

A total of six fish schools images were extracted in this manner during approximately 
one hour (Figure 4).  The EK60 data (200 kHz) is overlaid on these plots, showing the 
ship’s trackline.  The first two and the last three images appear to be the same aggregation, 
based on the minimal horizontal movement.  The third (in time) fish school image, which 
is ~400 m away from the other five, appears to be a different fish school.  Although this 
fish school was not imaged with the EK60, the other five passes has good overlap between 
the two sonar systems, as shown in Figure 5.  The five passes with data overlap are the 
focus here. 

 

 
 
Fig. 4 Areal  view of the fish schools (in red) imaged during six subsequent passes over 
the same area.  200 kHz EK60 data is overlaid, showing the ship’s track during these 

passes.  Time increases in the six ‘snapshots’  from left-to-right and from top to bottom.  
Note that the gridlines are drawn with 100 m spacing. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

665



 

 
Fig. 5  The same fish schools shown in Figure 4, but from a  different view illustrating 

the overlap between the multibeam and single beam data.   

3. SINGLE BEAM ECHO-SOUNDER DATA 

A Simrad EK60 echo sounder equipped with 38, 120, and 200 kHz split-beam 
transducers were used during this experiment.  Prior to the start of the survey the 38 and 
200 kHz transducers were calibrated using the standard target methods [8] with reference 
spheres of both copper (60 mm diameter) and tungsten carbide (38.1 mm diameter).  The 
EK60 used a pulse duration of 1024 μs and a ping rate of 1 ping/sec for each frequency.  
To avoid acoustic interference, the echo sounder was triggered to ping approximately 0.5 
seconds after the multibeam.  Data were collected using the ER60 software and stored in 
its raw file format. 

The frequency dependent mean volume backscattering strength (MVBS) was extracted 
from each of the five schools for which there is overlap between the EK60 and multibeam 
data (Figures 4 and 5).  On average, the MVBS at 120 kHz was 5.2 dB lower than at 38 
khz (ΔMVBS: 5.2 dB, 5.3 dB, 6.8 dB, 4.6 dB, and 4.6 dB for each of the five schools).  
The MVBS at 200 kHz was found to be 10.6 dB lower than at 38 kHz (ΔMVBS: 10.8 dB, 
11.0 dB, 12.5 dB, 9.3 dB, and 10.1 dB for each of the five schools).  This follows the 
general trend that would be expected for herring, although the differences are higher than 
anticipated, particularly between 200 kHz and 38 kHz.  For example, Gauthier and Horne 
predicted a -5.6 dB difference between 200 and 38 khz and -4.4 dB difference between 
120 and 38 kHz for Pacific Herring using their KRM model [9].   

The 38 kHz data were also analyzed to estimate school biomass using the post 
processing software Large Scale Survey System (www.marec.no).  The mean target 
strength (TS) of an individual herring was calculated using the relation TS = 20logL-71.9,  
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where L corresponds to the fish length in cm.  The average fish length  was obtained from 
trawl hauls on the R/V Delaware II that was operating near the survey area during their 
annual herring acoustic survey.  The mean length of the herring was 26 cm, with a mean 
weight of 124.6 g.  With the estimate of TS, the backscattering cross-section σbs was 
estimated using the equation σbs=4π10TS/10.  The fish volume density ρv was then 
calculated from 

( ) z

s

bs

A
v

Δ
=

21852σ
ρ  

(1)

where sA is the nautical area scattering coefficient (m2/nmi2) obtained from echo 
integration, σbs is the area backscattering cross-section (m2), and Δz is the difference 
between the upper and lower depth of the school.  The total number of fish in the school is 
N= ρvV where V corresponds to the school volume estimated from the multibeam sonar.  
The total number of fish can then be multiplied by the mean fish weight in order to obtain 
the biomass of the school.  These results from the five passes are shown in Figure 6 and in 
Table 1. 
 
School 
Pass 

sA 
[m2/nmi2] 

School 
volume 
[m3] 

Fish density 
[Fish/m3] 

Fish Number Biomass 
[ton] 

1 149073 890875 1.10 980491 122 
2 46475 1070625 0.57 606361 76 
3 42305 1684750 0.16 276889 34 
4 49169 1204625 0.43 518101 65 
5 26096 819125 0.22 183596 23 
 
Table 1: Results of the measurements and calculations of the 5 consecutive passes over the 
herring school.  The fish number and biomass estimates are based on a mean length of 26 

cm and a mean weight of 124.6 g. 

4. DISCUSSION 

Examination of the merged data from both sonars shows that the morphology of the 
fish school evolved during the five passes.  The multibeam data show the school changing 
shape during the passes from extending toward the surface, then increasing in volume, and 
eventually appearing to fragment.  These observations are augmented by the echo sounder 
measurements.  Comparisons among frequencies indicate that the backscattering strength 
from the schools decreases with increasing frequency, as expected from herring, and these 
inter-frequency measurements are consistent for each pass.  Additionally, analysis of the 
38 kHz data shows that the fish density, the total fish count in the school, and the biomass 
appear to change by an order of magnitude from the first pass to the last.  Data from the 
initial pass result in the largest biomass estimate, and it is possible that this represents the 
undisturbed condition of the school.  The three subsequent passes show an increase in 
school volume but a decrease in biomass.  It is possible that during the first pass the 
undisturbed fish were swimming in an approximately horizontal orientation, and that the 
passage of the ship and towed scanfish disturbed this behaviour and caused the fish to 
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swim with an orientation toward the surface.  This change in orientation will cause a 
corresponding decrease int eh fish target strength.  The fish school imaged in the final two 
passes exhibit fragmentation and it is likely that some of the fish had moved outside of the 
multibeam field of view. 
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Abstract: Analysis of water column multibeam sonar data is presented using a worked 
example. A data set was collected using an SM20 multibeam sonar system deployed off 
San Juan Island, Washington. Ten transects cover about 50% of a 3 square nautical mile 
area, with water depths ranging from 15 to 150 meters. The SM20 multibeam operates at 
200 kHz, and covers a swath of 120 degrees using 128 beams. The data is processed and 
analyzed using SonarData’s post-processing software Echoview. The graphical user 
interface allows for convenient user interaction with the data, while the software interface 
enables the automation of standard data handling routines such as resampling and 
filtering. Thorough exploratory data analysis is possible through various 2-, 3- and 4-
dimensional visualizations. Automated detection algorithms are applied to the data set, 
extracting the seabed surface and fish schools in the watercolumn. A detailed analysis of 
the fish schools is performed, and the results are presented visually and analytically. 
Eighty fish aggregations are detected with the majority found at depths between 70 and 
100 meters. The fish schools are presented and described as 3-dimensional volumetric 
objects. The mean height of the schools is about 10 meters, with volumes ranging from 
100 to 2000 cubic meters. Analytical and graphical results can be exported from 
Echoview for presenting, sharing, storage, or for further analysis. Current possibilities 
and limitations of multibeam data analysis for fisheries are discussed, and pathways 
forward are suggested. 

Keywords: Multibeam sonar, fish schools, fisheries acoustics, Echoview 
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1. INTRODUCTION 

The use of multibeam sonar for fisheries research has increased in recent years. An 
increasing number of instruments are now capable of collecting data from the entire water 
column.  Water column backscatter data has been used successfully in qualitative 
applications, e.g. [1, 2]. First results on calibration procedures for multibeam instruments 
have been published [3, 4], which is necessary for quantitative work.  

The intrinsic 3-dimensional nature and large volume of multibeam watercolumn data 
poses a challenge for processing software applications [5]. Potential solutions 
implemented in the software package SonarData Echoview have been presented before, 
e.g. [6]. This paper presents a case study demonstrating these proposed solutions of data 
processing and analysis. Data from a multibeam survey around San Juan Island, 
Washington, is processed and analyzed using SonarData Echoview.  

In section 2 the case study is explained, including details of the multibeam instrument 
used in the survey. Section 3 details the steps required to process and analyze the data 
using Echoview. Finally section 4 presents conclusions from the case study and a general 
discussion of multibeam water column data analysis for fisheries applications. 

2. CASE STUDY 

The multibeam instrument used was a Kongsberg Mesotech SM20 multibeam sonar, 
operating at a frequency of 200 kHz. This instrument is capable of collecting beamformed 
or unbeamformed data. In this instance, unbeamformed data was collected. 
Unbeamformed data are the complex signal returns from each transducer element in the 
receiving array. This data must be beamformed to render it suitable for further analysis 
(see section 3.1 below). Approximately 5.2 GB of data was collected in 110 files of 
maximally 50 MB each, totalling approximately 21,000 pings. The ping interval was set at 
455 ms. The depth range was 203.5 m, with 798 samples in each beam. The instrument 
was mounted at an angle of 42 degrees off the vertical, tilting towards the port side of the 
vessel. The plane of the beam fan was oriented perpendicular to the vessel’s heading.  

The survey was conducted off San Juan Island, Washington in August 2005, in an area 
known as Salmon Bank. Water depths ranged from 15 to 150 meters. Ten transects cover 
an area of approximately 3 square nautical miles. Six transects run east-west and four run 
north-south, providing good coverage in the eastern half of the surveyed area. 

3. ANALYSIS IN ECHOVIEW 

3.1. Loading data 

The raw data as collected by the SM20 sonar is loaded into Echoview. Individual  data 
files are seamlessly combined into a single data set for the entire survey. In this case, the 
data collected is not yet beamformed. Echoview beamforms the data automatically, 
providing some flexibility by offering a number of options that the user can set as desired. 
The raw data was beamformed into 128 beams covering a 120 degree angular sector, 
corresponding to what the built-in SM20 beamformer would have done. Calibration 
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information was not available for this data set. Geographic position data can be read out of 
the sonar data files or can be imported separately. Time offsets can be applied if there are 
issues with time lags between different sensors.  

The geometry of the system setup must be entered to ensure correct spatial positioning. 
This includes the positions of the sonar and the GPS receivers on the vessel, and the 
orientation of the central axis of the acoustic beam.  If a sonar calibration was performed 
the resulting calibration settings could be entered, or a data file containing this information 
can be imported. 

3.2. Exploratory data analysis 

Prior to performing any potentially lengthy detection or analysis algorithms, it is 
recommended inspecting the data visually for obvious anomalies. Using a DVD-player-
like interface, ping data can be replayed within Echoview. This sequence of 2-dimensional 
echograms can be placed in a 3-dimensional space as well. An example is given in Fig. 1. 

 

 
 

Fig. 1: A 2-dimensional and 3-dimensional representation of unprocessed multibeam 
data from an east-west transect, displayed in SonarData Echoview. 

3.3. Processing and analysis 

Prior to applying any detection algorithms, such as seabed and fish school detection, it 
may be necessary to pre-process the data to reduce noise. A wide range of operators are 
available in the software [7]. In Echoview, the product of an operator is referred to as a 
virtual variable, in contrast with a raw variable, which is data directly from a sonar or 
echosounder system. 

Some other useful algorithms make use of the mechanism of virtual variables too, such 
as the extraction of a single beam echogram from a multibeam data set. In Fig. 2, the nadir 
beam is extracted from each ping in the transect shown in Fig 1. All of the standard 
features to analyze single beam data in Echoview can now be used on this extracted 
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echogram. Furthermore , it is a powerful tool for quickly finding areas of interest in the 
data. 

 

 
 

Fig. 2: A single beam echogram obtained by extracting the nadir beam from each 
multibeam ping in the transect. 

 
Other algorithms in Echoview enable automated detection of the seabed surface, and of 

fish schools in the water column. The seabed detection algorithm finds the ‘best’ bottom 
depth in each beam from each ping. All of the detected points are subsequently 
triangulated to form a surface. The user has control over a number of settings to customize 
the bottom detection algorithm. Similarly, settings are available to vary the schools 
detection algorithm. This algorithm finds contours of high-energy regions in each ping, 
and constructs a volumetric object using these contours. Both the seabed surface and the 
school objects are discussed in section 3.5.  

3.4. Batch processing 

Until now, examples from the case study have been given for a single transect, while 
the whole survey consists of 10 transects. This is generally a good approach: using a 
smaller subset of all the data available to enter the required settings, and establish the  
desired analysis. The remaining data can then be batch processed.  

Some of the detection and analysis algorithms available in Echoview are 
computationally intensive and take longer with larger data volumes. Echoview has a 
scripting interface which accommodates batch processing. Through this interface, standard 
scripting languages as well as programming languages can be used to automate much of 
the data processing in Echoview. Scripting becomes an even more powerful tool for larger 
scale data processing when combined with the concept of templates. 

When processing large volumes of data, one would typically perform all the required 
analyses with a small data file, and store the corresponding file in Echoview as an EV file. 
An EV file contains all but the data itself: the settings applied, and any operators one may 
have applied to the data, such as thresholding, smoothing, or any other kind of filtering. 
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The EV file can be used as a template, which means that other data files can be loaded 
with it, and all the settings and analysis setup are applied automatically. Through 
Echoview’s scripting interface this loading of new data, and the application of analysis 
algorithms, can be automated to be performed in batch mode. In this case study, an EV file 
was created for a single transect. That file was used as a template to load the other 
transects into. For each transect, the seabed and schools were detected. These actions of 
loading data and running the detection algorithms were performed via the scripting 
interface.  

Batch mode processing has been available for a long time in Echoview, but is 
particularly important in multibeam applications because of the large data volumes. 
SonarData are developing a new generation of automation capabilities for Echoview, with 
the preliminary set of functions available in the latest release (version 4.20). In this new 
model, Echoview can function as a regular COM automation object on the Microsoft 
Windows platform, allowing two-way communication between Echoview and any custom 
program or script. This enables writing custom data processing applications which use the 
Echoview engine internally to perform all data reading, processing, and analysis tasks. 

3.5. Graphical results 

The detected seabed surface and fish schools for each transect are collected into a 
single EV file for presentation purposes. The detected objects are shown in 3-dimensional 
space, which can be navigated by the user (see Fig. 3 (a)-(b)). 

The ability to view raw original data and detected objects simultaneously in the same 
graphical environment is a powerful tool for assessment of the results. This 3-dimensional 
spatial environment also has a temporal dimension so that subsets of the data can be 
selected. An example from the transect discussed above is given in Fig. 3 (c). 

The graphical results provide an immediate visual feedback to the user of the quality of 
the performed detections. Errors, false detections, outliers, etcetera can be identified 
easily. 

3.6. Analytical results 

In addition to graphic output, Echoview calculates an extensive set of metrics about the 
detected objects. These metrics are available directly within the Echoview program by 
selecting an object in the 3-dimensional viewer and right-clicking on it. Even more 
powerful is the export facility, which allows for the export of  results from software. In 
this way, tables with results are created, ready for further analysis in packages such as 
Microsoft Excel or Matlab, among others.  

For surfaces, Echoview calculates the surface area, the coordinates of the boundaries, 
and some statistics about the depth. Furthermore, surfaces can be exported in a number of 
formats for import into GIS packages. 

Dominant features in the data from the case study are the detected fish schools, which 
are probably Pacific herring (Clupea pallasii). Information about the schools is exported. 
For each school, a range of morphological and energetic parameters are available within 
the program or can be exported. Morphological parameters include spatial dimensions, 
volume, depth from the water surface, distance to the seabed, position, time, and 
information about areas of low density within schools (i.e. vacuoles). Energetic parameters 
include the mean backscatter and the centre of mass of each school.  
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A total of 79 schools were detected during the survey of Salmon Bank. The majority of 
the schools were located in the western half of the survey area, clustered in the deepest 
portions of the water column. Detected aggregations formed small clusters of schools 
when located. A summary of school charecteristics is listed in Table 1. Values in this table 
are directly obtained from a simple analysis of the exported schools descriptors from 
Echoview. Addidional analysis could examine the distribution of schools relative to each 
other and to the bottom topography. Energetic parameters are not presented as they would 
not be valid without accurate calibration parameters.  

 
 Mean Median 
School length E-W 36.26 m 26.57 m 
School length N-S 29.88 m 27.56 m 
School height 11.09 m 9.30 m 
School depth 83.40 m 84.74 m 
School volume 1913.96 m3 622.69 m3 

    Table 1: Average characteristics of 79 Pacific herring schools observed on Salmon 
Bank. 

4. CONCLUSIONS 

4.1. Outcomes  

Acquiring insight into multibeam water column data is a daunting task due to the high 
resolution of data and the spatial complexities involved. Having post-processing software 
to rapidly read, visualize and analyze large data volumes is essential when adopting this 
technology for fisheries applications. In this paper, 5.2 GB of multibeam data was 
processed using the SonarData software package Echoview. A set of 110 files containing 
sample data was represented graphically in a 3-dimensional viewer, and analytically as a 
set of tables containing metrics of all objects detected in the survey. The graphical 
representation and the analytic results are ultimately the data products that are useful for 
scientists and policy makers.   

4.2. Multibeam for fisheries 

Using multibeam sonar for fisheries applications is a developing field. To date, 
systematic surveys have been conducted in different areas throughout the world. Accurate 
abundance or biomass estimates of populations or stocks using multibeam technology is 
not currently possible as procedures for echo integration are still being developed. At this 
time, qualitative results from multibeam sonars are being used in ecological research to 
examine pelagic school structure, distributions and densities, and predator-prey 
interactions. Multibeam water column data may become more available when 
hydrographic multibeam systems collect high resolution water column data as part of 
regular hydrographic surveying. In this paper, the functionalities of the Echoview software 
have been demonstrated using survey data from Salmon Bank off the coast of San Juan 
Island. Development of Echoview’s capability to read and process multibeam sonar data 
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for fisheries and ecological applications will continue. It provides a complete data 
processing and visualization environment, with rapid availability of the latest updates to 
all users. 

 

 
(a) 

 

 
(b) 

 

 
(c) 

 
Fig. 3: (a) Graphical representation of the results of the whole survey; (b) a close up 

on some schools and part of the seabed surface; (c) the detected seabed surface together 
with some of the original data it was derived from.  

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

675



 

REFERENCES 

[1] Gerlotto, F., Soria, M., and Freon, P., From two dimensions to three: the use of 
multibeam sonar for a new approach in fisheries acoustics, Canadian Journal of 
Fisheries and Aquatic Sciences, vol. 56, pp. 6-12, 1999. 

[2] Brehmer, P., Lafont, T., Georgakarakos, S., Josse, E., Gerlotto, F., and Collet, C., 
Omni directional multibeam sonar monitoring: applications in fisheries science, Fish 
and Fisheries, vol. 7, pp. 165-179, 2006. 

[3] Cochrane, N. A., Li, Y., and Melvin, G. D., Quantification of a multibeam sonar for 
fisheries assessment applications, J. Acoust. Soc. Am., vol. 114, pp. 745-758, 2003. 

[4] Foote, K. G., Chu, D. Z., Hammar, T. R., Baldwin, K. C., Mayer, L. A., Hufnagle, 
L. C., and Jech, J. M., Protocols for calibrating multibeam sonar, J. Acoust. Soc. Am., 
vol. 117, pp. 2013-2027, 2005. 

[5] Buelens, B., Williams, R., Sale, A., and Pauly, T., Computational challenges in 
processing and analysis of full-watercolumn multibeam sonar data, In 8th European 
Conference on Underwater Acoustics, edited by S. M. Jesus, and O. C. Rodríguez 
(Carvoeiro, Portugal), pp. 799-804, 2006. 

[6] Wilson, M. P., Higginbottom, I. R., and Buelens, B., Four-dimensional visualization 
and analysis of water column data from multibeam echosounders and scanning sonars 
using SonarData Echoview for fisheries applications, In 1st International Conference 
on Underwater Acoustic Measurements: Technologies & Results (UAM), (Heraklion, 
Crete, Greece), 2005. 

[7] Higginbottom I. R., Pauly T. J. and Heatley D. C., Virtual echograms for 
visualization and post-processing of multiple-frequency echosounder data, In 5th 
European Conference on Underwater Acoustics, edited by M. E. Zakharia, pp. 1497-
1502, 2000. 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

676



Advances in the Evolution of Acoustic Beamformed Backscatter Data 
For Fisheries Applications 
 
 
 
 
Chris Malzone1, Matthew Wilson2, Bart Buelens2, Doug Lockhart3 

 
 
1The RESON Group , Goleta, California, USA 
2SonarData, Pty Ltd, Hobart Tasmania, Australia 
3Fugro Pelagos, San Diego, California, USA 
 
 
100 Lopez Road, Goleta, California 93117 USA.  Fax: +1-805-964-7537   email: 
cmalzone@reson.com 
 
 
Abstract: Single-Beam echosounders are well-established tools for fisheries research.  
However, single-beam echosounder geometry is limited to a very small ensonification 
volume located within a 3 to 15 degree cone directly beneath the vessel.  Recent advances 
in multibeam echosounder technology provide the option to collect backscatter and water-
column data during an IHO Special Order hydrographic survey.  Such comprehensive 
data sets are valuable for scientific and management purposes since they expand the 
volume in which water column data is collected and they provide a potential method to 
link the biology to the habitat.  However, water column information collected with 
multibeam echosounders pose several challenges, including increased data storage 
requirements, a need for data reduction, and survey methodology considerations.  In this 
paper, concurrently acquired backscatter data from a split-beam scientific echosounder 
and multibeam echosounder are analyzed for relative abundance, spatial distribution and 
schooling behavior of pelagic organisms, primarily the Atlantic Herring.  Aspects of the 
data sets are then explored, compared and contrasted.  Proposed solutions to some of the 
challenges posed by multibeam sonar water column analysis are then reviewed and 
placed within an overall framework for fisheries applications.  Last, this paper will 
summarize each of the data sets that can be derived from a Multibeam Survey (i.e. IHO 
Special Order Bathymetry, Seafloor Backscatter and Water Column Backscatter) and the 
effectiveness they have as an integrated data product. 
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1.0 Introduction 
 

The evolution of hydrographic echosounding has been driven by navigational, 
socioeconomic (EEZ, Law of the Sea) and research (habitat mapping, coastal erosion, etc) 
requirements.  Since this first installation of a multibeam echosounder (MBES) in 1963, 
there has been a steady increase in the number of soundings made by MBES technology as 
well as sampling rates, data volumes and system resolution (Table 1).  Furthermore, 
MBES technology has evolved to make use of all aspects of the inherent acoustics to 
provide additional data products such as; beam intensity, pseudo-sidescan, seafloor 
backscatter and footprint time series [1].  The result has been the incorporation of 
multibeam derived products with interdisplinary research techniques for the habitat 
monitoring the health of seafloor habitats and subsea refuges [2].   

 
Method Soundings/hr  Mb/hr System Resolution 
Lead line 10 .00008 +/- 300cm 
Single-beam Echo 
sounder 

21,600 .1728 +/- 10cm 

1st Generation  292,000   2.1 +/- 5cm 
2nd Generation 324,000 27.9 (ss) +/- 3.5cm 
3rd Generation  1,500,000 79.8 (ss) +/- 3cm 
4th Generation 4,608,000 3400 (ss & bs) +/- 2.5cm 
 (in 5 m of water )  (88,473,600) (5400 (ss))  
 Table 1: Data volumes throughout the evolution of hydrography in 100m depth 
 

A similar evolution is now taking place within the fisheries community.  Since 
1965, fisheries have utilized echo-integration for the 2-dimensional mapping of pelagic 
fish for the determination of biomass, species type, etc (www.fao.org/docrep/X5818E/ 
x5818e02.htm).  Recently, the evolution of multibeam has led to the ability to log the raw 
time series backscatter data for the entire water column which provides the option to map 
these fish schools in 3-dimensional space and time.  Initially, limitations in the bandwidth 
available for sonar processing boards limited the ability to log this information [3]  The 
latest generation of MBES now contain the processing power to concurrently log this 
information with the same sampling and ping rates (34.5 kHz and up to 40 Hz 
respectively) as the IHO Special Order bathymetry information and seafloor imagery data.  
Furthermore, the resulting seafloor and water column datagrams are contained within a 
single-data file complete with highly accurate timestamps (~25 ns), navigation 
information and vessel attitude information.  However, the increase in data volume 
provided by MBES poses new challenges for data processing and analysis systems.  In this 
paper, the challenges and possible approaches are presented for consideration as are the 
advantages to such integrated data formats.   

2.0 Methodology – A Five Step Approach 

2.1 Project Planning 
The addition of raw beamformed datalogging to standard MBES survey operations 

results in a twenty-fold increase in the overall data volume.  For the RESON Seabat 7125, 
the water column backscatter information accounts for 96% of this volume.  Each 4-byte 
sample is stored as 16 bit phase and magnitude information.  The total number of samples 
per beam is range dependent however for the latest generation of MBES this number can 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

678



be as high 456 samples per meter.  The 400 kHz Seabat 7125 has the ability to form 512 
beams per ping which results in a data rate of approximately 155 Gb/hour (nb. at a range 
of 100m with a 5 Hz ping rate).  For a typical survey day, the required storage space is 2 
Terabytes.   
 Real-time data storage of large data files can be expensive and logistically difficult 
to manage.  An inexpensive and efficient solution is the use of a redundant array of 
independent disks (RAID).  RAID arrays function as one large drive and provide for data 
recovery if a single drive fails.  They are inexpensive and provide the write speeds that are 
four times faster than a single, large capacity drive.  RESON utilizes 4 to 6 disks drives 
that can be installed either internally or externally to the main processor.  Storage to the 
RAID array is initiated by a logging command sent via the RESON main control software 
(aka 7KCenter).  Furthermore, the 7KCenter has the ability to directly interface with 
external software control centers such as Hydrographic Data Acquisition (DAQ) software, 
an AUV mission control software, ROV/AUV payload controller, etc.   

For the water column data processing system, it must be possible to access and 
reformat this data quickly [3].  Accessing large capacity files poses a technological 
challenge in which there are few solutions.  One option is to reduce the amount of data 
stored by removing “non-critical information” through a “lossy” compression approach.  
Lossy compression can be achieved by removing information that falls below a set 
threshold or by downsampling the data.  For real-time operations, data thresholding poses 
high risk since it may lead to the accidental elimination of useful information.  
Downsampling is less risky and can be achieved by operating within the achievable 
resolutions as constrained by the system and the environment.  For instance, the resolution 
of the SeaBat 7125 is 2.5cm while the range resolution of the system with a pulse length 
150 µs and a Sound Velocity of 1500m/s is 19.5cm.  Since the range resolution is greater 
than the system resolution, a logical approach is to reduce the data volume by a factor of 
10.  Such downsampling may be achieved by utilizing every 10th sample or by averaging 
every 10 samples. 

For some “multi-purpose” surveys (i.e. bathymetry, imagery and water column 
data collection), decreasing the resolution is not an option so “lossless” compression may 
be more appropriate.  Currently, RESON does not incorporate any compression into its 
data storage.  By incorporating even the simplest of algorithms, (i.e.Roshal Archive, run-
length encoding, etc), it is possible to achieve 40% lossless compression on the RESON 
data files.  It has been demonstrated that significantly more compression can be achieved 
utilizing more sophisticated algorithms [3].  

For additional data management during a “multi-purpose” survey, the option exists 
to log the seafloor information separately within a standard hydrographic DAQ software 
suite.  The data format incorporated by RESON not only provides storage formats but also 
I/O communication protocols.  This makes it possible to not only redundantly store the 
data within the DAQ computer and the RESON RAID array but also simultaneously 
initiate logging.  This option provides accurately time-referenced data files that are 
quickly exportable to a variety of standard hydrographic post-processing software 
packages.   
 

2.2 Data Acquisition 
 For accurate seafloor and watercolumn mapping, all spatial and temporal 
corrections must be accounted for including; vessel position, vessel attitude (heave, pitch, 
roll & heading), the two-way travel time of the sonar ping, sound velocity, tides as well as 
the time stamp for each one of those parameters.  For many applications, it is also critical 
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to know the numerical relationship between the sonar’s acoustics and the derivation of 
appropriately scaled acoustic target strength and volume backscattering strength [4].  This 
information is acquired by performing a sonar calibration.  Manufacturers and scientists 
alike have made significant progress with this procedure [5,6].  Recent advancements have 
led to the incorporation of the calibration information into the real-time datagrams which 
provides all backscatter values to be reported in dB. 
 Real-time data management of the spatial, temporal and calibration information is 
critical to the post-processing.  Historically, scientists were forced to log the different 
sensor information into separate data files and then merge them during the post-processing.  
File merging provides an additional source of error and is often time-consuming.  The 
solution is to incorporate all information into a single “Integrated Data File”.  The S7K 
format provided by RESON automatically stores the raw quantitative data in space and 
time.  It provides a robust, highly expandable generic wrapper format for sonar data in 
general, which includes all auxiliary sensors and information needed to completely 
describe data logged during a survey.  Furthermore, this record-based protocol 
encapsulates data using frames and headers. All records have a unique type identifier, and 
each record is wrapped within a frame that identifies and describes the content of the 
record.  A record’s embedded synchronization pattern, combined with its checksum, is a 
powerful aid in real time record validation and recovery from file corruption.  The data 
format also defines conventions pertaining to position, rotation, data types and time for 
consistent data handling.  The S7K format is open-source allowing for rapid integration 
into post-production software for rapid generation of IHO Special Order digital terrain 
models, co-located seafloor backscatter and/or sidescan mosaicks, and EV files as 
produced by the SonarData Echoview software.   

2.3. Data Management & Pre-Processing 
 Several options have been presented for logging and organizing data including; 
redundant data logging, integrated data formats, and data compression.  In preparation for 
analysis, it is important to take a logical approach.  For fisheries and habitat surveys alike, 
processing of the multibeam bathymetry information is the logical first step.  Processing 
of MBES bathymetric data is a challenging yet well-documented task.  Several advanced 
algorithms now exist to help streamline and expedite this process [7].  Once the 
bathymetric information has been processed and integrated into a digital terrain model 
(DTM), the next step is to mosaick the sidescan and/or the seafloor backscatter data.  The 
combination of the bathymetry and imagery information is critical to any seafloor 
characterization routine.  Bathymetry provides the relationship of slope and rigosity 
(surface roughness) while the imagery information provides strength of return, volume 
backscattering and interface backscatter.  All of these parameters are critical to 
understanding the habitat guilds present for pelagic and benthic organisms alike [8].   
 The use of multibeam for fisheries water column studies is a relatively new and 
evolving methodology.  For this reason, many scientists have not implemented real-time 
data reduction/compression for the purpose of retaining as much raw data as possible.  
However, resampling the data as described section 2.1, is a more logical step during the 
post-processing of the data.  For instance, SonarData provides a resampling tool to reduce 
the data by a user-defined value by either taking either a mean or average over that 
defined range.   

Echoview then provides the option to import the IHO Special Order DTM in 
preparation of the water column data analysis.  In addition, Echoview also provides the 
option to import GeoTiff of either the imagery mosaick or a seafloor substrate map.   
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2.4 Water column Data Visualization, Processing and Analysis 

2.4.1 Data Visualization 
During analysis it is important to browse the content of each data file to identify 

noise, system failures, interference, etc.  For single-beam applications, the 2-dimensional 
nature of the data makes it possible to view several hours worth of data in a single image 
referred to as an echogram (Fig 1a).  Multibeam data is comprised of up to 512 such 
sequences of information.  Each beam may be viewed separately as an echogram or all 
beams may be viewed within a single ping (Fig 1b).  To utilize the advantages provided by 
the multibeam, it is necessary to be able to visualize the information in 4-dimensional 
space; X, Y, Z and time (Fig 1c.) [3].   
 
 

 

 

 
Figure 1.  A. Single-beam echogram. B.  SeaBat “wedge” display showing a single pings 
worth of information.  C. 3-dimensional display from Echoview allowing the user to move, 

rotate, and progress through an entire data set. 

2.4.2 Filtering and Processing 
 The latest generation of multibeam echosounders shows significant improvement 
in the sonar’s acoustical architecture and hence better signal-to-noise ratios.  Such 
improvements reduce the amount post-processing required however some degree of 
filtering is required to remove background noise or other acoustic artifacts.   Filtering not 
only helps remove data artifacts but helps isolate and enhance the images of interest.  Such 
operations may include but are not limited to; smoothing, thresholding, FIR filtering, IIR 
Filtering, moving averages, etc.   

2.4.3 Object Detection & Analysis 
 Detecting and identifying objects within the water column poses one of the most 
technologically challenging tasks for water column applications.  The incorporation of 
seafloor information tremendously expedites this process by providing a highly accurate 
reference from which to constrain your processing.  Many of the techniques that are 
currently used incorporate thresholding algorithms [9] or are adaptations of algorithms 
used for single-beam echo-integration.  While reasonable results are obtained, these 
techniques are constrained by the inherent physics associated with multibeam acoustics.  
One clear disadvantage of this approach is the dependence on fish target strength.  The 
inherently assumed linear relationship between fish target strength and fish density breaks 
down due to the occurrence of non-linear effects caused by population density.  It has 
been shown in multibeam acoustics that such non-linearities can result in errors on the 
order of 200% [10].  For this reason, scientists are currently limited to basic 
morphological (size, volume, area, location, etc) and acoustic properties (backscatter, etc) 
to formulate their analysis.  However, recent mathematical models pose an improvement 
over existing methodologies by focusing on a linear aperture model of the high-frequency 
sound-scattering profile of individuals [10].  Currently the various properties and features 
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that can be calculated include base level morphological (area, size, volume, location, etc) 
and acoustical properties (backscatter, Sv, etc).   

2.5 Presentation and Results 
The introduction of interactive 3-dimensional viewers present in most 

hydrographic processing packages allows the user to view the combined structural 
(geomorphology, slope, etc) with the imagery.  Such advancements have also been 
incorporated into water column software such as Echoview.  This allows the user to view 
color-coded fish schools relative to their respective environments in the same 3-
dimensional temporal and special scales (Fig 1c).  The software is then capable of 
providing numerical results to provide quantification to the data set.   To aid researchers in 
their analysis, the information can be also be exported for incorporation of a common 
database such as a Geographic Information System (GIS) or advanced mathematical 
modeling program.    

3.0 Proof-of-Concept 

3.1 Multibeam vs Split-Beam 
With the evolution of the multibeam sonar for hydrographic charting, there was an 

accompanying skepticism over the ability to provide reliable information from off-nadir 
soundings.  For several years, all multibeam data was ground-truthed with single-beam 
data to provide confidence in the technology.  As the methodology for multibeam evolves 
for fisheries applications, it is advantageous to ground-truth the data in a similar manner.  
In September of 2006, the University of New Hampshire mobilized a SeaBat 7125 aboard 
the R/V Cape Henlopen and interfaced it with a Applanix POS/MV navigation and 
attitude sensor.  The full water column information was concurrently collected with a 400 
kHz SeaBat 7125 and a Simrad EK60 scientific echosounder.  The SeaBat information 
was directly compared and contrasted to the EK60 data (Table 2) and the data products 
were overlain using Echoview (Fig 3).  While the EK60 provides very accurate 
quantitative backscatter density measurements, the SeaBat provides true measures of 
volume, morphology, surface area and mean depth for the entire school. 
 
  SeaBat 7125 EK60 
# of Samples 1046526 1807 
Volume (m3) 280370 79970 (Estimated)
Dimensions(m) 161x160x53 (at nadir) 121x30 
Mean Depth (m) 126 129 
Surface Area (m2) 442489 3454 

Table 2. Numerical comparison between the SeaBat 7125 and the EK60 

 
 
 
 
 
 
 
 
 

Figure 3. EK60 and SeaBat 7125 data of a Herring School off Georges Bank 

Data Courtesy of Tom Weber, UNH Data Courtesy of Tom Weber, UNH 
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3.2 Integrated Data Products 
 Multibeam acoustics is quickly advancing to provide sonars that are specifically 
catered towards fisheries applications.  The use of phased arrays is providing unique 
perspectives on fish schools, notably structure and behavior.  However, these sonars do 
not provide IHO Special Order quality bathymetry or the seafloor imagery information.  
Regulatory and management agencies such as NOAA (NOS, NMFS, etc), Ifremer, Tokyo 
Fisheries, Fish & Game agencies, etc all encourage “multi-use” surveys [1] which has lead 
to sought-after seafloor habitat mapping using MBES backscatter and water column data 
collection.  The adaptation of a bathymetric MBES for water column applications provides 
unprecedented details on benthic and pelagic environments.  To provide proof-of-concept, 
Fugro Pelagos (San Diego, Calif.) conducted sea trial of a SeaBat 7125 over the HMS 
Yukon artificial reef.  The data collected provided unprecedented detail of the structure 
and will serve as baseline information for the monitoring of corrosion & integrity (Fig 4a).  
During this trial water column information was concurrently logged indicating the 
presence of several pelagic fish over the reef thereby justifying its establishment as an 
anthropogenic refuge (Fig 4b). 
 
 
 
 
 
 
 
 
 
 
Figure 4. A. 3-Dimensional rendering of the HMS Yukon as imaged with the Seabat 7125. 

B. 3-Dimensional rendering showing individual pelagic fish (red dots) over the HMS 
Yukon. 

4.0 Future Development 
 The challenges surrounding multibeam acoustics for water column applications is 
receiving attention from manufacturers and researchers alike. In the near-term some these 
challenges include; data compression, automated detection/processing techniques, sonar 
calibration; improved visualization and the development of advanced biomass algorithms.  
Currently, even with the use of RAID arrays, the storage of several days’ worth of data 
during a research cruise poses a logistical concern.  Identifying and testing a viable 
compression routine that is adaptable towards a variety of applications is needed.  
Furthermore, by incorporating automated detection and processing techniques in real-time 
poses an additional solution to the data storage problem.  Near real-time processing is a 
common practice amongst hydrographic users however it has yet to be seen within the 
water column community.  Sonar calibration is currently incorporating a variety of 
techniques to add numerical significance to the backscatter values reported by multibeam 
sonars.  This information can now be contained within the datagrams and may pose an 
additional method to aid automated detection, classification and data compression 
methodologies.   

Data visualization is currently focusing on only the post-processed information.  
Currently, researchers at the University of New Hampshire’s Center for Coastal and 
Ocean Mapping have focused their efforts on developing 3-Dimensional visualization 
routines.  These routines focus on water column targets in addition to the seafloor 
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information.  While this work is currently in its preliminary stages, it shows tremendous 
progress for researchers geared to tracking entire schools in near real-time.   

These improvements combined with advanced biomass algorithms [10] pave an 
exciting path for the future of improvement of interdisciplinary methodologies for “multi-
purpose” research projects.  With the progress being made, it is increasingly apparent that 
the use of the latest generation of multibeam echosounders provides the information 
needed to satisfy the geologic and biological requirements of management and research 
agencies. 
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Abstract: The advent of multi-beam technology for the acquisition and analysis of 
acoustic water column fisheries data now allows collection of acoustic backscatter from 
extensive fish schools obtained from a single vessel transect.  Data processing capabilities 
previously restricting maximum ping rates and consequently acoustic alongships 
resolution of targets have recently advanced sufficiently to acquire accurate acoustic 
backscatter with significantly increased resolution, whilst simultaneously acquiring 
seafloor specular backscatter to establish and classify areas of Essential Fish Habitat 
(EFH).  In February 2007 successive transects, ensonifying Samson Fish aggregations 
west of Rottnest Island, Western Australia, were conducted with a Reson 7125 multi-beam 
fisheries sonar during the spawning season.  Detailed 3-D visualisations of the 
aggregations from acoustic backscatter were produced at sufficient resolution to identify 
individual targets.  Bathymetric and backscatter data acquired from seafloor beneath 
aggregating fish display examples of EFH preferred as spawning locations for Samson 
Fish.  Short term temporal characteristics of school structure were investigated to 
evaluate aggregation movement and avoidance behaviour. 

Keywords: Multi-beam, fisheries, habitat classification, acoustic backscatter, essential 
fish habitat 
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1. INTRODUCTION  

In the current resources environment Ecosystem Based Fisheries Management (EBFM) 
is an intrinsic component in maintaining sustainable fisheries worldwide. To facilitate this 
requirement rapid, accurate, replicable quantification and classification of aggregations 
and associated Essential Fish Habitats (EFH) have become ultimate objectives of fisheries 
acoustics.  Originally designed to retrieve bathymetric data, and later seafloor backscatter  
for habitat classification, multi-beam sonars have utilised recent advances in computer 
processing speed, a hitherto constraining factor, to acquire and process acoustic 
backscatter from the entire water column.   

 
Exploration of potential multi-beam fisheries applications and limitations [1,2,3,4] is 

becoming increasingly common. The geometric characteristics of multi-beam systems 
vastly increase coverage of sampled areas.  However, ping rates are constrained by 
processing speeds of this increased quantity of data.  Previous studies of the RESON 
Seabat 8125 [5,6] (originally optimised for collecting seafloor backscatter) illustrated that 
while sample resolution of an individual swath was sufficient to identify individual targets 
and contain significant backscatter data from the seafloor, there were severe limitations in 
alongships resolution, due to the inhibited ping rate.  In accurate quantification of fish 
school size and behaviour it is essential that this ping rate is rapid whilst retaining high 
sample resolution found in an individual swath and concurrently acquiring sufficient 
seafloor backscatter to classify habitat below the school. 

 
One such multi-beam sonar, capable of acquiring and logging water column and 

seafloor acoustic backscatter at required acoustic resolution and ping rate, is the RESON 
7125.  It is the purpose of this research to assess the performance of the RESON 7125, 
high resolution sonar, simultaneously acquiring backscatter from aggregations of Samson 
Fish (Seriola hippos) and the habitat over which they spawn. The objective being to 
evaluate accuracy of biomass estimates and spatial analysis of the aggregations.  

 
During Western Australia’s summer months Samson Fish migrate north from the south 

coast of Australia to form spawning aggregations above wrecks of decommissioned 
vessels, situated in approximately 100 m of water, west of Rottnest Island, 18 km off the 
Perth coastline.  As part of a Western Australian Fisheries project monitoring these 
aggregations acoustic data have been acquired over several spawning seasons, 
predominantly employing a Simrad EQ60 single-beam echosounder.  Biological and 
behavioural characteristics of Samson Fish aggregations endear them to assessing 
multibeam capabilities.  The aggregations are relatively stable, situated above the wrecks 
for prolonged periods of time [7].  Previous catch and release data [7] show that in the past 
Samson Fish present typically range from 0.8 m to 1.4 m (on average 1.07 m in 2005 
season) in length and contain significant swimbladder volume, contributing to the species 
strong individual acoustic target strength. 

2. METHODOLOGY 

The vessels above which Samson Fish aggregations form lie partially buried in flat, 
sandy seafloor at depths of 110 ± 10 m. Examples in this paper are taken from a study site 
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known as the ‘Outer Patch’, running approximately north-south, the location of which is 
withheld on behalf of local recreational fishermen.  Example acoustic transects were 
conducted during the morning of the 2nd and 3rd February, 2007, each lasting a maximum 
of 3 minutes, running along the ships length.  Vessel speed was maintained, as accurately 
as possible, between 4 and 5 knots, in approximately 10 knot winds and 1 m seas.  The 
survey was conducted aboard the Fisheries RV Naturaliste, a 21.6 m vessel, over a six day 
period.  The RESON 7125 was mounted on the port side 3.95 m from the centre line and 
2.77 m below water surface with nadir beams directed vertically downwards and swath 
directed athwartships.  Ships positions were recorded using a Furuno Differential GPS 
system, signal supplied by Fugro marine.  Additional acoustic transects were also 
conducted acquiring backscatter from only the seafloor for comparison of coverage and 
habitat classification from dedicated transects and those acquired during fisheries survey. 
Towed video transects were conducted before and after acoustic surveys to verify species 
present at the sites and confirm school structure. 

 
Initial transects of aggregations at similar depths were conducted in previous days to 

estimate optimal settings of power, gain and pulse length for acquiring sufficient 
backscatter responses from aggregation and seafloor, without saturation.  Individual beam 
responses from areas of densely populated school were monitored visually using RESON 
7125 software to ensure received backscatter remained unsaturated. System settings for 
the example transects running at 400 kHz were maintained at a pulse rate of 150 μs, power 
of 220 dB, gain of 25 dB, and range of 175 m. At this range and pulse rate the ping rate of 
the RESON 7125 was approximately 1.2 seconds between consecutive pings.  Combining 
ping rate with vessel speed, consecutive pings ranged between approximately 2.29 m and 
2.88 m (excluding effects of pitch and yaw) apart.  This is an improvement from a 
previous study [5] employing the RESON 8125 where consecutive pings were 
approximately 4.5 seconds and 7 m apart acquired using slower vessel speeds of roughly 3 
knots. 

 
Acoustic data were processed using a combination of SonarData’s Echoview software, 

multi-beam and fish school detection modules for the water column data, and a suite of 
Matlab algorithms developed at the Centre for Marine Science and Technology (CMST) 
Curtin University for the seafloor backscatter converted from RESON 7k format data files.   

3. RESULTS 

Initial recordings taken with RESON 7125 displayed significant interference, which 
while weren’t isolated, were attributed to ‘significant ships electrical interference’ and not 
related to the multi-beam system.  Figure 1 displays an example swath and the interference 
detected by the RESON 7125 (left image), Sv values were thresholded at 12 and 28 dB, 
graduated as per the colour bar. The figure includes an acoustic snapshot of an aggregation 
of Samson Fish (right of the swath) and how the fish backscatter is visible against the 
interference.  The right image of figure one illustrates the acoustic response at the same 
threshold levels after noise removal processing.  Noise removal involved subtraction in the 
linear domain of mean backscatter from a ping subset contained within the same transect 
in which pings did not display evidence of fish presence leaving only backscatter 
attributable to fish. Figure 1 illustrates that while not all noise was removed the 
backscatter from Samson Fish remained discernible, as individual targets.  Noise levels 
removed were typically in the region of 16 dB at a range of 100 m where targets were 
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predominantly detected.  The interference displayed in Figure 1 was typical of backscatter 
acquired in all transects.  This effect was exacerbated when surveying aggregations at 
greater depths, restricting analysis of backscatter data.   This particular aggregation 
remained consistently at depths between 80 and 100 m throughout the survey as illustrated 
by Figure 1. At this depth the multi-beam swath covered a width of approximately 345 m, 
easily capable of covering the width of any recorded Samson Fish aggregation at the site 
in a single transect.  

 
 

Fig.1: Example RESON 7125 acoustic swath of aggregating Samson Fish displaying 
echogram before (left) and after (right) acoustic noise removal 

 
Initial attempts to detect fish schools were restricted by the overlapping of consecutive 

swaths caused by the effects of vessel direction against strong winds.  During processing a 
Kalman filter was applied to the GPS data to limit effects of this overlap, however, targets 
still remained undetected and processing was restricted to detecting schools within 
individual pings. The detected targets were then extended through an estimated length 
between pings to form regions, for visualisation purposes.   

 
Effects of minor variations in speed and yaw on ping separation and overlap are 

illustrated in Figure 2 as a plan view of the regions formed from aggregation acoustic 
backscatter (yellow regions) and of selected acoustic swaths (represented by the white 
lines).  The seafloor bathymetry is shown by the blue surface (with wreck visible on the 
bottom left) and cruise track represented by the green line. This displays how with such a 
high ping rate even minor alterations can affect distances between pings at the extremities 
of the swath significantly.  This is highlighted again in image 1 of Figure 3. 

 
In previous studies the aggregations of Samson Fish were thought to remain relatively 

stationary over long periods of time [7].  A recent survey, the morning after a full moon, 
has shown that this assumption is not always correct and in some circumstances the school 
is mobile, around the wreck above which it is located.  Figure 3 illustrates this movement 
with plan views from acoustics transects of the Outer Patch wreck and the aggregation 
over a fifteen minute period.  During these transects the aggregation moves from the north 
end of the wreck around to the eastern side as one group.  This is a total of approximately 
91 m over the 15 minute period.  Although this is not a significant distance it highlights 
confidence levels in acoustic surveys conducted with single-beam echosounders where 
assumptions of temporal uniformity have been made.  The cause of this movement was 
unknown; however, it illustrates the ability of the RESON 7125 to provide comprehensive 
behavioural information on the entire school over a short period of time 
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Fig.2: Plan view of aggregation visualised in 3D illustrating the alongships resolution 
acquired using the maximum ping rate of the RESON 7125.  Yellow regions represent 

acoustic backscatter from Samson Fish, blue surface represents the seafloor (with wreck), 
white lines represent example plan view location of eight acoustic swaths.  

.   
The period of time between the start of each transect was typically 3 minutes.  Between 

the 10:11am and 10:14am transects there was a noticeable change in the number of 
detected targets. In 10:11am (run south to north) 2307 targets were detected, as opposed to 
6292 in the successive transect (run north to south).  Although each target does not 
necessarily represent a different fish due to ping overlap (beam geometry and ping rate 
creating an overlap in sample volume at 90 m depth) the increase in targets is most likely 
caused by fish movement (possibly avoidance of the approaching vessel) than such an 
increase in numbers over the three minute period. 

 

 
 

Fig.3: Plan view from five consecutive acoustic transects displaying movement of the 
Samson Fish aggregation during a fifteen minute period, with transect start times noted 

above. Seafloor shown in blue and fish regions generated from backscatter shown in 
various colours. 

 
A significant limitation of echo integration from multi-beam data is the anisotropic 

nature of backscatter from fish swimbladders.  The advantage of monitoring such a 
relatively stationary aggregation of known species and typical length distribution is the 
ease of acquiring significant quantities of backscatter from several beams across the swath 
to assess the effects of acoustic backscatter at varying angles to the multi-beam system and 
the fish.  Figure 4 displays a 3D visualisation of the 10:14 am transect.  Each image 
illustrates regions formed from target acoustic backscatter of varying intensities, above the 
seafloor and wreck (shown as the blue surface). Detection of targets has been conducted in 
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sections of detected Sv values to analyse distribution of backscatter strength across the 
beam angles.  The target colours shown reflect Sv values as per the colour bar.  Initial 
impressions suggest a relatively even distribution across the swath, however, a single 
transect does not contain enough target data and further analysis is being conducted 
compiling data from several transects of the aggregation.  Although the interference 
detected may question the target backscatter values, analysis will be conducted on a 
relative basis as the same noise removal process is conducted for each transect. 

 

Fig.4: 3-D visualisation of regions generated from varying Sv bands of backscatter of the 
acoustic backscatter acquired from Samson Fish aggregation during the 10:14am transect 

3rd February, 2007. 

Figure 5 displays a 3-D visualisation of the detected targets as a composite of regions 
varying in intensity to represent the overall acoustic backscatter of the aggregation.  The 
targets range in backscatter by 15 dB, a variation greater than attributable to that created 
by a target strength/length relationship.  This image illustrates the capability to acquire 
significant quantities of backscatter data from individual targets throughout the 
aggregation.   

 

Fig.5: 3-D visualisation of a Samson Fish aggregation with detected targets coloured 
as per the colour bar to their respective acoustic backscatter. 
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4. CONCLUSIONS 
 

Despite significant electrical interference the RESON 7125 detected individuals and 
groups of fish at high resolution in depths of approximately 100 m covering the 
aggregation in a single transect.  The 1.2 s ping rate available for acquiring backscatter at 
depths up to 175 m removed effects of spatial aliasing found with data processing of 
backscatter collected with the RESON 8125 in previous surveys of similar aggregations 
whilst also acquiring significant backscatter data from the seafloor. The ability to acquire 
such quantities of detailed acoustic backscatter simultaneously from both water column 
and seafloor is extremely advantageous to fisheries management.   

 
The data acquired with the RESON 7125 provides significant behavioural information 

on Samson Fish aggregations in addition to that of biomass present and EFH 
characteristics.  Five transects conducted during a 15 minute period have confirmed 
evidence that the Samson Fish aggregations are not always stationary.  The rapid coverage 
of the entire school allows recording of this movement, otherwise estimated from data 
acquired with single-beam techniques.  Anecdotal evidence from charter and recreational 
fishermen suggest that during the 2006-7 spawning season the aggregations of Samson 
Fish dispersed earlier than previous years and so by early February fewer fish were 
aggregating above the wrecks than expected.  It has been suggested that this phenomenon 
was due to late rains or a weak Leeuwin current.  As a result the conducted survey 
occurred close to the end of the spawning season by comparison to previous years when it 
would have been close to the height of the season.  Aggregation movement may therefore 
be due to a lack of stability as fish prepare to migrate, implying additional behavioural 
monitoring benefits of multi-beam systems examining the aggregation behaviour and 
stability throughout the spawning season.  

 
Target strength values across a multi-beam swath will provide interesting data on the 

angular dependence of acoustic backscatter by the swimbladder of Samson Fish.  
Variation in target backscatter was found to be greater than expected from a typical target 
strength/length relationship across all beams in the swath where detection occurred 
(including near nadir).  This variation requires investigation to further understand the 
anisotropic nature of Samson Fish backscatter.  Once accurate length dependent 3-D target 
strength models of the can be developed the 7125 multi-beam system will provide greater 
information on fish size and behaviour within an aggregation, in the natural, spawning 
environment. 
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Using multibeam echo-sounding to quantify bed morphology and the 
dynamics of suspended sediment in large rivers: initial results from 

the Rio Paraná and Rio Paraguay, Argentina 
 

Dan Parsons, Jim Best, Steve Simmons, Chris Malzone, Oscar Orfeo, and Mario 
Amsler 
 
Abstract: The nature of the bed morphology and fate of sediment transported as both 
bedload and in suspension is of the utmost importance within all river channels, and 
holds the key to better understanding and predicting change within these important 
aquatic habitats. Quantification of the links between form and flow has traditionally 
been approached by quantitative at-a-point sampling, which has often been 
accomplished in only small rivers. Recent developments in acoustic Doppler profiling 
are beginning to open up the possibility of semi-quantitative imaging of suspended 
sediment within the water column of much larger riverine environments. Moreover, 
recent developments in multibeam echo sounding (MBES) technology now permit 
recording of the entire raw backscattered signal. This now opens up the capability of 
quantitatively examining the dynamics of suspended sediment within two dimensions, 
and thus permits imaging of the interactions between flow structure and suspended 
sediment. When combined with detailed three-dimensional measurements of the bed 
morphology and bedload transport rate estimations from repeat surveys, this offers 
huge potential in the holistic monitoring and modelling of the Worlds largest river 
channels.  This paper will present the first results of the development and use of a 
RESON SeaBat 8125 and 7125 MBES for examining the dynamics of suspended 
sediment transport. We have used the backscattered signal from these systems to 
investigate the dynamics of mixing between large rivers of very different suspended 
sediment concentration at two sites in NW Argentina: the Rios Bermejo and Paraguay 
and the Rios Paraná and Paraguay. The results reveal that the RESON MBES 
successfully resolves the contrast in sediment concentration, and can be used to track 
the deformation of the mixing layer between the two flows. The paper will detail the 
instrument configuration for this surveying, the post-processing and the calibration of 
the acoustic signal. ‘Real-time’ monitoring from at-a-point moorings allows us to 
examine the spatio-temporal dynamics of the mixing layer and its associated coherent 
flow structures. The paper will conclude with a discussion of the potential use of this 
technique in monitoring such large river channels.  
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RAPID UNDERWATER CHARTING USING AN AUV-BASED MBES 

Bo Lövgren 

Saab Underwater Systems AB (SUS), Motala, Sweden. 

Bo Lövgren, M. Sc. 
Saab Underwater Systems AB 
Box 910 
S-591 29  Motala 
Sweden 
Fax +46 141 224 689 
E-mail bo.lovgren@saabgroup.com 
 
 
Abstract: The Multi-Beam Echo Sounder (MBES) is a readily established standard tool for 
IHO Standard Hydrographic Surveys, using ship-based equipment. As part of a long-term 
development program for a novel AUV design, the test vehicle AUV 62 F was adapted to a 
200 kHz SeaBat 7125 MBES in the beginning of 2006. After that, a great number of test runs 
have been performed with this AUV 62 MBES configuration in Lake Vättern as well in the 
Baltic Sea and on the Swedish West Coast. 
Some of the test runs have been arranged for testing out a novel Terrain Positioning System 
where the sonar information is correlated to a digital bottom chart, in order to establish 
accurate position estimation without using GPS or DVL. This method can also be used for 
successive correction of overlapping sonar tracks while scanning a larger area, without the 
need for intervening GPS-fixes. 
While the test runs in Lake Vättern have mainly been aiming at tuning the sonar and vehicle 
together, against rather smooth bottom conditions, the Sea Trials have been focussed at 
operation in more harsh environments and more severe conditions. Test runs have been 
performed in harbour areas as well in the Swedish Archipelago, where the excellent shallow 
water characteristics of the vehicle has shown to be very useful.  
 

Keywords: Muli-Beam Echo Sounder, AUV, Hydrographic Surveys 
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1. THE AUV62MBES VEHICLE – ADAPTED FOR HYDROGRAPHIC SURVEYS 

After a large number of intensive trials with the AUV62F test vehicle during the last five 
years, in order to assure proper vehicle operation, a Reson SeaBat 7125 Multi-Beam Echo 
Sonar (MBES) was integrated during 2005. The sonar itself, in cooperation with an advanced 
navigation system, forms the basis for a system with large potential for accurate Autonomous 
Hydrographics Surveys.  

 
Fig. 1 shows the sonar installation underneath the vehicle. The sonar operates using the 

Mills Cross principle, with a multiple element receiver array across the vehicle and an 
elongated projector array in the alongside direction. In front of the projector, part of the 
Doppler Velocity Log (DVL) can also be seen. Interference between MBES and DVL is 
avoided by synchronising the pings. 

 
Fig. 1: The Reson SeaBat 7125 integrated in the AUV66F test vehicle. 

In Fig. 2, the AUV62MBES vehicle is shown running at the surface, with the WLAN 
communication mast raised. The WLAN communication link is used during launch and 
recovery, for the preparation of MBES parameters and preliminary checkout of the sonar 
data. In the mast there is also a GPS-antenna, for taking position fixes when not submerged, 
and a small video camera. This camera is found to be very useful when maneuvering the 
vehicle manually during launch and recovery, as an aid for the operator. 
 

 

Fig. 2: The AUV62MBES vehicle surfacing after launch. 
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Table 1 shows the basic characteristics of the MBES used.  
 

Characteristic TC 2158 Projector EM 7200 Receiver 
Frequency of operation 200 kHz 200 kHz 
Number of beams across-track 1 256 
Along-track beamwidth (-3 dB) 1° (±0.2°)  27° 
Across-track beamwidth (-3 dB) 180° 1.0° 
Across-track coverage - 130° 
Offset between across-track beams - 0.5° 
Maximum sound pressure level 220 dB re 1 µPa @ 1 m - 

Table 1. Basic data for the SeaBat 7125 MBES projector and receiver arrays. 
 

For preliminary analysis of the sonar data after a test run, the commercial FledermausTM 
presentation software is used. Fig. 3 shows an example from a short test run in Lake Vättern, 
just outside SUS harbour. This part of the lake is has sandy bottom, and is quite flat (starting 
from red ≈ 10 m, over orange and yellow to green ≈ 10 m). 

 

 

Fig. 3: FledermausTM presentation from a test run in Lake Vättern. 

Fig. 4 shows a more detailed view of the larger green area in Fig. 3, with the map 
removed. The data shown is sonar raw data after bottom detection, gridding (1x1 m) and 
coordinate transformation. The borders between parallel runs are clearly visible as small 
protuberances, caused by the larger footprint of the sonar beams near the ends of the swath. 

 
This particular test area doesn’t contain any specific objects, which makes it easier to 

study artefacts caused by the sonar system itself, together with the navigation system. The 
resulting picture also clearly shows the ability of the AUV to achieve accurate alignment 
between successive runs in parallel, in comparison with using a surface ship mounted sonar. 
Fig. 5. shows the result of a similar test run, made earlier in a nearby area, using a Reson 
SeaBat 8100 MBES from a surface ship. The data shown illustrates the correlation of data in 
overlapping areas, but also indicates the difficulty of keeping the ship (and sonar) on track. 
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Fig. 4:Test area scanned by  AUV62MBES.. 

 

Fig. 5: Reson SeaBat 8101 ship born test run in Lake Vättern.  

Fig. 6 shows a FledermausTM presentation of the same data, which further illustrates the 
difficulties involved when making bathymetry from a ship. The broad “peaks” that occur 
along the track belong to the Mine-like Objects (MLO), which are situated in the area, and 
are due to the limited resolution of the sonar (1 º beams). 
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Fig. 6: FledermausTM presentation from SeaBat 8101 test run. 

2. FURTHER TEST RUNS IN LAKE VÄTTERN 
 
In order to study the ability to accurately depict more complex structures, some additional 

runs have been mad in an area containing some smaller wrecks. Fig. 7 shows a detail from a 
test run in one of these areas, again using FledermausTM to drape the sonar data on the 
nautical chart of the lake.  

 

Fig. 7: A survey using AUV62MBES in an area containing wrecks. 
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Since the vehicle is running at a constant depth, the swath is changing according to the 
varying altitude. The vertical lanes of protuberations, situated just above the centre of the 
figure, are caused by disturbances in the fringes of the swath, which are deliberately not 
removed. In the area of the ships, however, Terrain Correlation (see next chapter) between 
overlapping swaths has been used to minimize the relative error in position. The result is that 
the wrecks are depicted almost without any distorsion. 

3. SEA TRIALS AND TERRAIN NAVIGATION 

In order to collect data from coastal areas, for further examination, a number of trials have 
been performed in the Gothenburg area. During these trials, a new Terrain Positioning 
System based on Real Time Correlation was also tested with good results. The correlator 
itself is a stand-alone system (shown as a prototype in Fig. 8), which is supposed to be 
integrated in AUV:s or submarines. During these trials it was however used off-line, on 
registered sonar-data after the run. 

All high-resolution underwater charting data from Swedish territorial waters is secret by 
default (with the exception of data from lakes). Therefore only coarse results can be shown 
here.  The red line drawn in the nautical chart of Fig. 9 shows the planned path of the vehicle, 
while the tracks shown in Fig. 10 illustrate the result. 

 

Fig. 8: Prototype for Terrain Positioning Correlator. 

During this Sea Trial, the Terrain Navigation System was used for recording only, while 
the actual positioning of the vehicle was made using the DVL and the IMU only, aided by the 
GPS when surfacing. The yellow track shows the path as recalculated by the Vehicle 
Navigation System, while the red one shows the result of the Terrain Positioning. 

 
The two tracks are almost parallel, by show up a significant translation error. The reason 

for this is as follows. Since the Vehicle Navigation System relies only upon lateral and 
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angular speed data when submerged, it’s important to initiate with a correct start position. 
This is normally made using the GPS after stabilisation when surfaced, but at this trial the 
time for GPS stabilisation was too short, leading to an erroneous start position.  

 
The Terrain Navigation system did however find the correct position almost immediately 

after starting the sonar, which was obvious after evaluation. There was also strong evidence 
of the red path to be correct, since the arrow at “Vasskärsgrund” shows the position of a light-
house, which the vehicle passed to the north of instead of to the south of. A few scratches in 
the paint on the nose correlate well with the fact that the vehicle passed through a very 
shallow passage when rounding the light-house. 
 
 

 
 

Fig. 9:Planned vehicle path for Terrain Positioning.  

 

Fig. 10: Results from Terrain Positioning trials. 
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Fig. 11: Further results from Terrain Positioning trials. 

Fig. 11 shows the result from a second run in the same area, where the result of the 
Terrain Positioning (red circles) and the vehicle’s internal navigation data (yellow circles) 
coincide much better, due to correct initialisation (where the two black dots indicate 
“Vasskärsgrund”). The few red circles outside the path are due to local problems in an area 
with low topographic significance. This will however not cause any trouble in a real 
navigational situation, where the Terrain Positioning system is integrated with the navigation 
system, which is model-based. This means that the navigation solution uses information from 
sensors and rudders together with a dynamic model of the vehicle, in order to get a level of 
robustness. The result of that is that such outliers will be automatically eliminated, and 
thereby will cause minimal harm. 
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Ro-Bat Protector: A safe defense for naval vessels 
 

Christian Ingvorsen, Marlene Baldwin 
 

Abstract: In a world of constant threats, it is essential that naval vessels be prepared 
for the unexpected, and it is vital that enemies be clearly identified to prevent injury to 
innocent parties.  With these two issues in mind, Ro-Clean Desmi A/S and The 
RESON Group have joined forces to develop an intelligent protection system for 
naval vessels.    This system, known as Ro-Bat Protector, has been designed to protect 
against both surface and underwater attack.  It incorporates a floating barrier to 
surround and drift with an anchored vessel, as well as a 360 degree diver detection 
sonar to be deployed either on the sea-floor or over the side of the vessel, providing 
quick detection and classification of intruders within the barrier.  The barrier itself is 
a twin-tube construction of special design, giving it a very rigid structure that will 
maintain its circular shape regardless of current and waves.  In addition to the 
surface barrier, which will impede the approach of intruding surface craft, a net can 
also delivered in modules for various depths, serving as a warning to divers.    The 
system incorporates the RESON PFPS Solution (Portable Force Protection System) 
utilizing the SeaBat 7112.  This system uses Automated Detection and Tracking (ADT) 
software to detect and classify a submerged intruder at a range of over 400 meters.  
The SeaBat 7112 can be deployed directly on the ocean floor or over the side, if 
bottom deployment is either not allowed or not feasible.  This paper discusses the 
overall design and benefits of the Ro-Bat Protector system, and recommends 
applications where Ro-Bat Protector will be a significant improvement on current 
force protection systems.  
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AUTOMATIC DETECTION AND TRACKING OF UNDERWATER 
INTRUDERS 

Dr John Chapmana,   Martin Waya 

aWavefront Systems Ltd, Coldharbour Business Park, Sherborne, Dorset, DT9 4JW, UK. 

Dr John Chapman, Wavefront Systems Ltd, Coldharbour Business Park, Sherborne, 
Dorset, DT9 4JW, UK. Email: john.chapman@wavefrontsystems.com. 

Abstract: A key element of any port or coastal defence system is a reliable underwater 
intruder detection system. The sonar must be capable of detection of underwater threats 
such as open-circuit and covert divers and unmanned underwater vehicles at sufficient 
range to permit appropriate action to be taken. But crucially, the system must be fully 
automatic, as it may operate unattended for much of the time. This means reliable 
automatic detection and tracking (ADT) of sonar contacts combined with sophisticated 
track classification and filtering to ensure the lowest possible false alert rate. 
 Based on long experience of working with diver detection sonars, Wavefront 
Systems have developed specialised ADT software called WAVETRACK. WAVETRACK 
takes beamformed data from the sonar and produces a tactical-style display showing 
threat tracks superimposed on a nautical chart. Tracks can also be exported to a 
Command and Control system. 
 Excellent ADT performance and very low false alert rates are achieved by a 
three-stage process comprising detection, tracking of all sonar contacts, and finally track 
classification and filtering. 
 WAVETRACK is designed to work with either single or multiple sonar heads; in 
the latter case, tracks from the multiple heads can be combined onto a single chart 
display. The software also works with both static installations and sonars mounted on 
moving platforms (for example ships swinging on a single point mooring or patrol boats 
drifting with the tide or wind). 

Keywords: Sonar, automatic, detection, tracking, divers. 
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1. INTRODUCTION  

Terrorist attacks on the USS Cole in Aden, Yemen in October 2000, and the French 
tanker Limburg at Ash Shihr, Yemen in October 2002 were both carried out by small 
boats laden with explosives. Since these attacks, the threat to both military and 
commercial shipping and maritime facilities has been widely recognised, and exclusion 
zones are routinely established around key areas. However intelligence suggests that there 
is a real possibility of a future attack being carried out underwater, by divers or even 
unmanned vehicles.  

Defending against attacks which may be either on or below the water surface requires 
an integrated approach, with a networked system of sensors. This must include sonars 
capable of detecting underwater threats such as open-circuit and covert divers and 
unmanned underwater vehicles at sufficient range to permit appropriate action to be taken. 
But crucially, the system must be fully automatic, as it may operate unattended for much 
of the time. This means reliable automatic detection and tracking (ADT) of sonar contacts 
combined with sophisticated track classification and filtering to ensure the lowest possible 
false alert rate. The network is also likely to include a central command and control (C2) 
system, and any alerts coming from the sonars must be passed to a (possibly remote) C2 
via a LAN or WAN. 

2. WAVETRACK OVERVIEW 

Based on many years of experience of working with various diver detection sonars, 
Wavefront Systems have developed specialised software called WAVETRACK. 
WAVETRACK is a processing and display software application which performs 
Automatic Detection and Tracking (ADT) for use with diver detection sonars.  

The software takes in beamformed sonar data from a sonar processor, and produces a 
tactical-style display on which tracks of sonar contacts which behave in a threat-like 
manner are displayed. 

WAVETRACK provides a tactical display for a single sonar head, or it can display the 
threat data from a multiple sonar head installation. It will also export threat tracks to a 
remote C2 system. The software is designed to work with either static installations, or 
mobile systems – for example a sonar mounted on a patrol boat which periodically stops 
and drifts whilst searching for intruders. 

The software works in 3 stages: 
Stage 1 – Detection. Detection re-conditions the statistical distribution of the sonar 

image and selects candidate echoes, clustered according to the minimum feature size 
associated with diver or unmanned underwater vehicle echoing structures. All objects are 
admitted, there is no motion based discrimination at this stage. 

Stage 2 – Tracking. Tracking creates a separate extended Kalman filter tracker for each 
detection point and initially applies a set of age related rules to determine the fate of each 
embryonic track. Tracks which survive the incubation period are tagged with a unique 
identity, and saved to a secure database. Each track in the database is geo-coded and 
updated every sonar transmission. In addition to the track state variables, the history of 
each track is stored as a time-stamped series of trail points. 

Stage 3 – Behavioural Filtering. The track classifier selects tracks from the database for 
display based on a programmable set of filters. By this means, only the tracks which fall 
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within diver/UUV-like behavioural patterns and suggest a potential threat to the assets 
being protected will be displayed. 

Option – Transient Filter. An additional filter is also available as an add-on. This works 
in parallel with the existing WAVETRACK product. The filter uses a modified version of 
the existing Detector optimised for the detection of transient target emissions exhibiting 
pre-defined characteristics. 

3. SYSTEM CONFIGURATION 

In a single sonar configuration, the WAVETRACK software runs on a separate PC, and 
connects to the sonar processor via a Gigabit Ethernet link. The outline configuration is 
shown below. 

WAVETRACK 
PC

Sonar 
Processor

Sonar 
Display

WAVETRACK 
Tactical 
Display

Gigabit 
Ethernet 
Switch

Sonar
Wet-End

 

Fig. 1  WAVETRACK Configuration 
 
The user interface is a tactical display in which threat tracks are superimposed on a 

nautical chart of the area to be protected, as shown in Fig. 2. The display shows the 
position of the sonar head, and an indication of the sonar coverage. The positions of assets 
can be marked on the display, and these positions are linked in to the behavioural filters. 
Area masks can also be added to the chart. These are areas in which the ADT is required 
not to operate. 

 

Fig. 2  WAVETRACK Tactical Display 
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The panel on the left of the display is used to control the configuration of the ADT, and 
to show information relating to a track when it is displayed, including the contact’s speed, 
heading, bearing, and position. 

Controls are also available to set-up certain of the behavioural filter settings. For 
example one filter operates on the speed range for the threat, which could be set 
differently for unaided divers or UUV’s. 

All sonar contacts are constantly tracked, but normally no track is displayed. It is only 
when a contact is passed by all the behavioural filters for longer than a minimum period 
that it is considered threat-like and a track is displayed. In this way false alerts are kept to 
the absolute minimum.  

When displayed, the track consists of a track symbol indicating the current position of 
the sonar contact, with a leader which denotes the heading and speed of the contact. The 
historical motion of the contact is shown as a trail. 

For multiple sonar installations, the WAVETRACK tactical display can show coverage 
from all the sonars on a single chart, as shown in Fig. 3. If a threat is detected and 
displayed, the display can be zoomed to show only the relevant sonar. 

 

Fig. 3  WAVETRACK Multiple Sonar Tactical Display 

4. TEST RESULTS 

Wavefront are grateful for the collaboration of RESON during the development of 
WAVETRACK. The software was first trialled at the NATO Harbour Protection Trial in 
April 2006 at La Spezia, Italy. WAVETRACK was considered to give the best ADT 
performance at the trials. 

As well as this and other collaborative trials, RESON have provided trials data 
recorded on a number of different SeaBat sonars for testing the performance of the ADT, 
including the SB7111, 7122, 7125 and 7128 systems. The display shown in Fig. 2 is of a 
track of a diver recorded during a WAVETRACK demonstration using a SeaBat 7128 on a 
patrol boat moored alongside a harbour wall.  

The results shown below are using a SeaBat 7111. This sonar operates at 100kHz, with 
1.5° beams. The sonar data was recorded during acceptance trials of the sonar for an actual 
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deployment as a diver detection system. The background chart has been omitted from 
these figures to retain anonymity of the site. 

 
  

  
Fig. 4  SeaBat 7128 Fig. 5  SeaBat 7111 

In the trials, a diver entered the water from a harbour wall towards the top left of the 
sonar field of view. The diver then swam submerged towards the sonar head.  

Fig. 6 shows the sonar display shortly after the diver entered the water. The harbour 
wall can be seen at the top left, and the echo from the diver is visible as a single highlight 
about a third of the way from the harbour wall to the sonar. Fig. 7 shows the 
corresponding WAVETRACK display. The track marker is at 214m from the sonar, and 
the trail was first initiated at 294m from the sonar. Whilst the detector has many detections 
at this point, the behavioural filters have eliminated all but this one contact, and classified 
it as a potential threat.  

 

 

 
Fig. 6 Sonar Display Fig. 7  WAVETRACK Display 

The sonar image is typical of a harbour installation, with areas of high clutter, harbour 
walls and jetties, and often busy with traffic. In Fig. 8 a boat has travelled from the bottom 
right of the display, heading towards the top left. At this point it is just a few metres to the 
right of the diver. The noise from the propellers causes the bright spoke in the sonar beam 
pointing at it, and the propellers have left a twin wake behind the boat. During this period, 
the sonar contact is at times obscured, but the ADT continues to track the diver, as shown 
in Fig. 9. During periods when the sonar contact is lost, the ADT continues to predict the 
contact’s position, and when it is reacquired the trail is displayed unbroken. 
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Fig. 8  Sonar Display Fig. 9 WAVETRACK Display 

Figs. 10 and 11 show the effect of the behavioural filters. The diver has continued in to 
110m from the sonar. In Fig. 10 the system has been paused to allow changes to be made 
to the behavioural filter configurations. In Fig. 11 all the filters have been turned off, to 
show the other sonar detections which are being classified as non-threats by their 
behaviour. In particular, tracks related to the boat and it’s wakes can clearly be seen. 

  
Fig. 10 WAVETRACK Filter Settings Fig. 11 Filters Off 

5. CONCLUSIONS 

In order to provide effective underwater surveillance against terrorist threats, reliable 
fully automatic operation is required. Wavefront have designed the WAVETRACK 
automatic detection and tracking software to give excellent tracking performance with any 
sonar used for diver or UUV detection. Key to the success of the ADT software is track 
classification using behavioural filters, which ensures low false alert rates. 

The software has been trialled and tested extensively with RESON SeaBat sonars, and 
has been proven to give class leading performance. It is available in a number of variants, 
for static and mobile, single or multi-sonar installations. 
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Abstract: In Japan, we are developing “Underwater Security sonar system.”  This system 
is a port surveillance system which performs the surveillance of the port facilities and 
vessels such as LNG / oil tanker from the terrorism attack under or on the sea. In the past 
two years, we developed the underwater sensors and optical sensors to detect and identify 
doubtful targets under or on the sea. We are developing this system to be able to perform 
"the integrated surveillance" around the port. We consider that this system needs the 
function to detect a doubtful target automatically by processing the signal of a 
surveillance sensor, and the function to offer high usability by integrating the information 
on these surveillance sensors. To this purpose, we developed the signal / image detection 
automatically of the underwater surveillance sonar for this surveillance software. For this 
paper, we report some preliminary results about our research and development. 

Keywords: Signal Processing of Sonar, Integrated Surveillance for port facilities, etc 
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1. INTRODUCTION  

In Japan, there are many of institutions on the shore which producing the base of lives, 
such as goods and energy. In order to prevent the terror attacks from outside the country, 
the coast need to be always supervised, and the surveillance system which can performs 
suitable surveillance and watch the doubtful thing which approaches from under or on the 
sea. 

We are doing R & D the “Underwater Security Sonar System” which will support 
coastal surveillance and watch from the 2005(Fig. 1)[1]。 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: System Components of Underwater Security Sonar System 
 
This system integrates the information on two or more sensors under or on the sea, and 

supervises the surveillance area of a large coast institution at high efficiency by 
automating or unifying those controls. 

We developed the following sensors and equipment for underwater surveillance until 
now [1][2][3]. 

(1) A Sector-Scanning Sonar which is installed on Wharf / bottom of ships.(SSS) 
(2) An Acoustic Video Camera(AVC) 
(3) Integrated Surveillance Interface Equipment(ISIE) 

    The information on the sensor for surveillance which constitutes this system is 
integrated by ISIE. Moreover, this system can unify the installation position of sensors 
which is under or on the sea to a 3D bathymetric chart data, and can supervise in 3-
dimensions. 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

714



 

 Now, in integrated surveillance software, we are developing the function to alert while 
detecting a doubtful target automatically and tracking the motion, the function in which a 
required sensor performs concentrative surveillance to the target. 
 We report the development about the signal processing for target detection of 
surveillance sonar.  

2. TARGET DETECTION OF SECTOR SCANNING SONAR 

2.1. SETUP OF THE SYSTEM 
 
In this R&D, we analyzed sonar data using an experimental data acquired to the 

Uchiura-Bay in Japan, January, 2006, and developed the data processing that is needed for 
detection of target divers. The setup of our experiment is shown in Fig.2 

From a viewpoint of employment of a system, the sector scanning sonar installed in a 
wharf will supervise regularly, and when the test diver who is closing to the wharf will be 
automatically detected, and after detection, our system will display the track of this diver’s 
signal. We developed a method which removes noise, seafloor reverberation, and easy to 
detect a diver’s signal. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

Fig.2: Setup of the fundamental experiment for diver detection functional development 
 
2.2. RAW DATA 
 
In our experimental data, the digitized sonar picture is shown in Fig.3. Although an 

experimental boat and a diver, there are much following noises are also seen. 

(1) Random Circular noise 
(2) Reverberation of Seafloor 

First, we developed the processing for removing such noises. 
 
 
 

Anchor
Depth:~10m Diver

~150m

Anchor
Depth:~10m Diver

~150m
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Fig.3: The echo image of digitized data without data processing. 
 
2.3. REDUCTION OF CIRCULAR NOISE 
 
When forming beams from the analogue signal from the sonar head, Circular noise is 

generated because the random noise (for example, which appeared in the receiver circuit) 
influences other beam channels. 

Since these noises had occurred momentarily, we removed them by performing 
filtering by the average value of short ping number. The block diagram and application 
result of a filter are shown in Fig.4. For some other directive noises, such as sailing noises 
and diver’s voice of underwater speaker, we are conducting frequency analysis. 
 

 
 

 
 
 
 
 
 
 
 

Fig.3: Left- Block diagram of the time average filter which removes random noise. 
 Right- Result of random noise reduction by time average filter. 

 
2.5. THE OPPRESSION OF REVERBERATION 
 

 One of the techniques best used by detection processing of signal is threshold detection 
method. When using this technique, we must concern the setting method of a threshold. 
This time, we developed this process using a typical theory which used statistical 
distribution of wave height. The theory is shown as follows [4][5].  
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 When we assume that the signal which passes the narrow-band signal-processing filter 
which has small bandwidth characteristic enough compared with the centre frequency fc, 
follows the normal distribution of the average value 0 and variance value σ2 at this time, it 
is known that the envelope curve of output signal will follow the Rayleigh distribution. On 
the other hand, when one thinks the received waveform from a target is the superposition 
of the signal of the amplitude A containing centre frequency fc, and the reverberation 
signal, it is known that the envelope curve of output signal will follow the Rice 
distribution [4] [5]. 
  At this time, the amplitude of a received signal will follow the distribution given by 
above distribution, because the output data from a processor is a data after envelope curve 
calculation. Therefore, reverberation is a static unnecessary signal, and when calculating 
an SNR of target given by (2.1), we consider reverberation as the same treatment as noise 
[4] [5]. 
 

(1)  
 
where, z is an output signal data which includes the information of target and clutter, and 
R is the envelope curve of output signal which includes the information of clutter only, 
respectively. By computing the mean square of R using types (1), we get (2) as the 
threshold value of target detection. 
 

(2)  
 By doing in this way, we can decide the square average value of the wave data 
which should be detected from the digitized data, using the mean square of reverberation 
amplitude based on SNR value that user chose. 
 It can be theoretically considered that the signal exceeding the mean square of 
z(t) given by (2) is a target as a result of noise removal and reverberation oppression. For 
example, when we fix the detection probability PD and False alarm rate PF given by (3), 
optimal SNR can be decided from the distribution of the target and reverberation signal 
data acquired by performing statistics analysis about the environmental data of installation 
area of sonar in advance.  
 However, in this development, we didn't fix an optimal SNR because this 
function needed to be applicable after mounting to software in various ocean areas.  
Conversely, we make a setting of SNR variable, and compute and set up optimal SNR 
from desirable PD and PF after the analysis of the received data in installation area. The 
block diagram and the result of reverberation oppression are shown in Fig.4. 

 
 
 
 
 
 
 
 
 
Fig.4: Left- Block diagram of the  
                   reverberation oppression filter. 
           Right- Result of reverberation  
                   oppression filter. 
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2.5. DETECTION PROBABILITY 
 
We evaluated a detection probability based on the parameter in table 1 using this 

technique. We computed a detection rate by examining how many times the target which 
was shown in table 1 about all the data cells in the sonar screen was detected compared 
with the whole attempt number of times. And we computed False Alarm Rate by 
evaluation the rate of the numbers of objects which are not target detected (For example, it 
is the momentarily noise and the reverberation, etc.), and  the numbers which is equal to 
the "whole ping number × the whole data cells in the sonar screen." A result is shown in 
the lower part in table 1. 

Parameters  
Target One Point Data ( 1 cell) 
PD(%) 90 
PF(%) 10-4 
Number of pings 100 
Detection Threshold(dB) 12.1 
Detection Rate(Result) 91.2 (%) 
False Alarm Rate(Result) 1.2 ×10-2(%) 

Table 1: The evaluation parameter and the evaluation result of the detection probability. 
 
  It was not a good result about FAR. This reason, we think that FAR became bad 
because it didn't remove a directivity noise from the noise sources such as the ship sailing 
noise and the fish finder effectively. It is necessary to e valuate again after improving S/N 
ratio by the frequency analysis and so on as the previous description. 
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 EXPERIMENT OF DETECTION AND FOCUSING IN SHALLOW 
WATER USING THE DORT METHOD WITH A 12KHZ SOURCE-

RECEIVER ARRAY. 
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Abstract: A rigid 24-element source receiver array in the 10 to 15 kHz frequency band, 
connected to a programmable electronic system has been deployed in the bay of Brest 
during spring 2005. In this 10 to 18 m deep environment, backscattered data from 
submerged targets have been recorded. Successful detection and focusing experiments 
using the Decomposition of the Time Reversal Operator (DORT method) are shown. The 
ability of the DORT method to separate the echo of a target from reverberation as well as 
the echo from two different targets at 250 m is shown. An example of active focusing 
within the wave-guide using the first invariant of the time reversal operator is presented, 
showing the enhanced focusing capability. The localization of the scatterers in the water 
column is obtained using a Range-Dependent Acoustic Model (RAM). 

Keywords: detection, time reversal, shallow water, reverberation 
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INTRODUCTION 

Time reversal focusing in a wave-guide using a source receiver array (SRA) was  
demonstrated by several underwater experiments0. Taking advantage of the multiple 
reflections at the wave-guide interfaces, time reversal allows high resolution focusing. The 
high resolution offered by time reversal has also been exploited for detection and 
separation of scatterer echoes in an ultrasonic wave-guide using the Decomposition of the 
Time Reversal Operator (DORT method). This method was applied in an ultrasonic water 
wave-guide demonstrating multi-target detection, selective focusing with high resolution0 
and separation of target echo from bottom reverberation0. It has also been the object of 
several studies for ocean applications00. It It More recently, the DORT method has been 
tested at sea with a flexible vertical source receiver array (SRA) and using an echo 
repeater to simulate the target response0.  

Here, we present an application of the DORT method to detection in very shallow 
water in the presence of strong reverberation. A rigid vertical SRA with fully 
programmable parallel processed generators has been developed in the 10-15 kHz 
frequency band. After initial tests in a pool basin00, the system was deployed in the bay of 
Brest for sea trials during spring 2005. The experiments took place during spring 2005 in 
the bay of Sainte Anne du Porzic, in France. This shallow water inlet is characterized by a 
significant spatial variability of the bottom interface (Fig.1), a rocky coastline generating 
strong reverberation and by strong tidal currents (up to 2 m/s).  

 
 

 

Fig.1: Bay of Sainte Anne du Portzic (left). Bathymetry of the area(right) The array 
was deployed at coordinates (0,0).  The targets were deployed at points  m1 and m2. 

 
Two different experiments are presented. The first one is a detection experiment with 

two targets at the same range but different depth. The second one shows the ability to 
separate the echo of a target from bottom reverberation and active focusing by 
transmission of the first eigenvector of the time reversal operator.  

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

720



 

EXPERIMENTAL SET UP 

The SRA is deployed from a pier in a water depth varying from 7 to 12 m depending on 
tide (Fig.2). It is a rigid support frame carrying 24 source/receiver transducers operating in 
the 10 to 15 kHz frequency band with a maximum source level of 203 dB re 1μPa at 1m 
each. The transducers are equally spaced with a total aperture D=9.4 m. Each channel is 
individually controlled and amplified in transmit and receive. In addition, a 16 element 
flexible vertical receiver array (VRA) can be deployed from a small vessel in order to 
sample the acoustic field. Communication and synchronization between the two arrays is 
established via a Wireless Local Area Network. The two targets are trihedral corner 
acoustic retro-reflectors made of air filled honeycomb composite (Fig.2). They are easy to 
handle and moor from a small ship. The biggest target has maximum dimension 60 cm and 
the smallest 40 cm.  

 

 

Fig.2  Experimental set-up and a Trihedral Corner Acoustic Retro-reflector.  

DATA AQUISITION AND ANALYSIS 

As described in several papers, the DORT method requires the measurement of the 
array response matrix K(t) made of the N2 inter-element impulse responses of the array 
(N=24 in the experiment). In order to get a high signal to noise ratio (SNR), the array 
response matrix is acquired using the Hadamard basis and transmitting a linear frequency 
modulated (LFM) sweep.  

As the reverberation leads to significant backscattered signals, the array response 
matrix is built from short time windows. More precisely, the matrix K(ro,ω) is the Fourier 
transform of K([t0, t0 + Δt]) for where t0=2r0 / c and r0 is the detection range and c the 
speed of sound. A Δt = 3 ms window duration was found to be a good compromise to 
include the target response and to minimize the effect of reverberation. After SVD of 
K(ro,ω), the singular values are presented as a function of range. An increase of the 
singular values at a given range can be associated to the presence of a target but also to a 
discontinuity of the bottom. This can be elucidated by back-propagation of the 
corresponding singular vectors. This back propagation can be done in free space or using a 
model. Here we present back-propagation performed using the Range-Dependent Acoustic 
Model (RAM). The bottom profile in the direction of the target is taken from the 
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bathymetry map (Fig.1b) using an estimate of the target's position that was measured with 
a GPS. The array tilt that varied from 2 to 3 degrees depending on tide was also taken into 
account in the model.  

EXPERIMENT 1: DETECTION AND SEPARATION OF TWO TARGETS 

In this experiment, the two targets are placed at 250 m from the SRA at 5.5 m and 
8.5 m from the bottom (point m1 on Fig.1). At the target distance, the free space 
diffraction spot is about 3.4 m high, so that they are not very well resolved. The array 
response matrix is measured using 200 ms long LFM sweeps and the Hadamard basis. 

The singular values of the array response matrices are average over frequencies and 
presented as a function of distance from 220 m to 300 m (Fig.3). Two singular values 
emerge at ro = 253 m, 6 dB and 4 dB above reverberation singular values (Fig 6a). For this 
distance, the two dominant singular values are clearly separated from the others in the 
whole frequency band (Fig.3b). 
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Fig.3 Two targets at 253 m : (a) singular values of K(ro) calculated for a 3 ms sliding 
time window. (b) singular values at ro = 253 m, as a function of frequency.  

 
The first and second singular vectors obtained for ro = 253 m are back-propagated 

using RAM. This computation is done for several frequencies and the absolute values of 
the field amplitude are then averaged over frequencies (Fig.4). The focusing is clearly 
achieved on each target with a very good resolution in depth. For each singular vector, the 
improvement in resolution at -6 dB is about 3.5 compared to the expected free space 
resolution, meaning that at least one bottom and one surface reflections contribute to the 
reconstruction with RAM. 
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Fig.4 Two targets at 253 m: Average field obtained by RAM back-propagation of the 
first (a) and second (b) experimental singular vectors 

 EXPERIMENT 2 : ACTIVE FOCUSING ON A SINGLE TARGET 

In the second experiment, the TCAR is placed at range 140 m and at 7 m from the 
bottom (point m2 on Fig.2). Here we compare simple active time-reversal of the target 
echo with the active transmission of a singular vector using the VRA is deployed at the 
target position.  

Time reversal and DORT analysis 

As in the first experiment, the array response matrix is acquired using the Hadamard 
basis and 150 ms LFM. The frequency response matrices are calculated for sliding 3 ms 
time windows. The singular value decomposition of each matrix is then achieved. For 
comparison with the singular values, the energy of the echo after broadside transmission is 
also calculated for the same set of time windows. Broadside transmission corresponds to 
the transmission of the first Hadamard vector. 

The singular values are averaged over frequencies and represented as a function of 
distance in dB scale (Fig.5). A clear enhancement at the target distance can be observed. 
The fact that several singular values increase is explained by to several factors : the 
presence of the boat, the anchor, the VRA and also the fluctuations of the medium during 
acquisition. The backscattered energy after broadside transmission is higher beyond the 
target than before, this is due to the slope change in the bottom profile (see Fig.1b). 
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(a) (b)

Fig.5 One target at 143 m: (a) Singular values as a function of distance (solid line) and 
normalized energy of the echo after broadside transmission (dash-dot). (b) Numerical 
back-propagation using RAM code of the first (top) and second (bottom) singular vectors. 

 
The first and second singular vectors are back-propagated with RAM over 250 m for 

several frequencies and the amplitude field is averaged (Fig.5). The focusing clearly 
occurs at the target depth for the first singular vector and the focal spot is about three 
times thinner than in free space as in the first experiment.  

The second singular vector focuses on the bottom, while some energy is also focused 
on the target (however 5 dB below). This might be explained by the fact that the target is 
not point-like (5 λ) and probably moving around an average position. 

Active Focusing with Time Reversal and DORT  

The programmable parallel processed generators are used to time reverse the echo of 
the target. The VRA is deployed from the boat at the target distance and only 8 elements 
spanning 3.5 m around the target are used to control the field. In a first stage,  a time 
window is selected on the echo measured after broadside transmission and the selected 
echo is time reversed. This transmission is repeated five times and each time, the 
transmitted signal are measured at the SRA The focusing occurs at height 3.8 m with 
significant secondary lobes (Fig.6).  

In a second stage, the first singular vector is calculated on the same time window at 
13 kHz. Then, this vector is transmitted to the SRA and the signal measured at the VRA. 
As for time reversal, the transmission is repeated 5 times. Again, the maximum of the 
pressure filed occurs at height 3.8 m, but the secondary lobes are below 10dB. 

At this distance, the free space point spread function is about 1.7 m wide. In both cases, 
the main lobe is less than 1 m large, probably of the order of 50 cm, which means that 
more than two reflections (at bottom and surface) contribute to the focusing. This confirms 
the ability of the DORT method to separate the echo of the target from the other 
contributions attributed to the anchor, the VRA, the boat or bottom reverberation. 
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Fig.6 One target at 143 m: Active focusing at the target using time reversal (left) and 

transmission of the first singular vector (right). 

DISCUSSION 

The results confirm those predicted in our laboratory experiments. Two targets have 
been individually detected and correctly located within the water depth. The method 
appears to be robust and provides much better information on the target localization than 
conventional beam-forming on flat broadside transmissions. 

In an experiment with a single target, active selective focusing by transmission of a 
singular vector has been shown to produce a strongly localized focal spot at the position of 
the scatterer. The obtained resolution was more than three times better than in free space. 
To our knowledge, this is the first time that the DORT method was applied successfully to 
backscattered data in a real shallow water ocean environment. 

ACKNOWLEDGMENTS 

The authors are grateful to Dr Yann Stephan, from the French Hydrographic and 
Oceanographic Office, for providing the bathymetric model in the area. This work was 
funded by the French Armament Procurement Agency (DGA/SPN) under contract n° 02 
77 154 470 75 53. 

REFERENCES 

Kuperman et al. “Phase conjugation in the ocean: Experimental demonstration of an acoustic 
time-reversal mirror”, J. Acoust. Soc. Am. 103 (1): 25-40 (1998). 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

725



 

Mordant et al., "Highly resolved detection and selective focusing in a waveguide using the 
D.O.R.T. method", J.Acoust.Soc.Am. 105, 2634-2642 (1999). 

Folegot et al., "Resolution enhancement and separation of reverberation from target echo with the 
time reversal operator decomposition", J. Acoust. Soc. Am. 113 (6), pp 3155-3160 (2003). 

T. Yokoyama et al. “Detection and selective focusing on scattering using decomposition of Time 
Reversal Operator Method in Pekeris Waveguide Model”, Jap. J. Appl. Phys., 40 (2001). 

Lingevitch et al., Time reversed reverberation focusing in a waveguide. J. Acoust. Soc. Am., 11 
(6), 2609-2614 (2002) 

Gaumond et al. "Demonstration at sea of the decomposition-of-the-time-reversal-operator 
technique", J. Acoust. Soc. Am. 119, 976 (2006). 

Folégot T. et al., "Design of a Time Reversal Mirror for Medium Scale Experiments", in 
Proceedings IEEE Oceans’05 Europe, Brest (2005). 

Clorennec et al., "First tests of the D.O.R.T. method at 12kHz in a shallow water waveguide", in 
Proceedings IEEE Oceans’05 Europe, Brest (2005). 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

726
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Abstract: Recent advances in underwater detection and survey techniques have increased the 
possibility of finding the wrecks of vessels and their cargoes.  Since prehistoric times, many 
populations have used vessels for transportation and trade and built harbors and it is now 
estimated that there are about a million antique wrecks that lie underwater and still waiting 
to be discovered.  Many of these wrecks and ancient harbours lie within shallow depths, and 
can be discovered and accessed easily by humans using available hardware such as side-
scan sonars, multi-beam echo sounders, ROVs, GPS navigation, diving gear.   Even though 
the majority of known archaeological sites on land are well protected by guards and high 
tech equipment, there is no technology for surveillance and protection of underwater 
archeology sites.  This paper presents a new system specifically adapted for the surveillance 
and protection of underwater archaeological sites (SEA-GUARD). Options available to the 
acoustic sensor suite of this system are pressure hydrophones and/or vector sensors.  The 
system is based on an underwater acoustic monitoring of the noise field near an 
archaeological site sending preprocessed signals and alarm to the authorities on shore via 
GSM/GPRS or Satellite network.  

Keywords: Underwater Archaeology, Underwater Detection, Surveillance, Sensors. 
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1.  INTRODUCTION 

Archaeological sites in the ocean are essential in understanding human history that since 
early times has used sea faring for transport and trade.  As described by R.D. Ballard [1], “It 
is estimated that as many as 1 million ships of antiquity lie below the world's oceans and 
seas, most still waiting to be discovered.”  So far, most of the findings were within shallow 
depths, and found by direct observations of divers. Since the introduction of scuba diving 
equipment to the general public, it becomes possible for a growing number of people to dive 
and have access to the underwater world and existing archaeological remains. The 
technological advancement in underwater acoustics, magnetics and optical techniques [2] 
including side-scan sonars, multi-beam echo sounders, and Remotely Operated Vehicles 
(ROV) can be utilized by any person who may have unauthorized access to these sites for 
looting and vandalism.   

 

 
Figure 1: An example of known underwater 

archaeological sites in Bodrum, Marmaris area. 
 

  

 

Figure 2: Images from underwater 
archaeological sites (Courtesy of 
Berta Lledo and Tufan Turanli). 

Incidents of looting and vandalism of underwater archaeological sites are going to be 
increasing due to the availability of low-cost, high-tech underwater survey equipment.  One 
of the major problems is that people can access the unprotected underwater archaeological 
sites and there is no system protecting them from unauthorized access.   The aim of our 
research is to design an autonomous system for surveillance/monitoring and protection of 
underwater archeology sites.  

2. THE MARINE ENVIRONMENT 
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While electromagnetic radiation attenuates rapidly in the ocean environment, acoustic 
waves travel with less attenuation and make it possible to hear sound at very long distances 
providing means for communication, navigation and imaging below the sea surface.  

 
The underwater sound field is dominated by noise from many different sources; studies of 

ambient noise have shown that acoustic/seismic energy in certain parts of the noise spectrum 
can be related to well known sources of ambient noise.  Figure 3 identifies several well-
known sources that transfer energy basically from Meteorological (wind, waves, rain, and 
icebreaking), Biological (whales, certain fishes, shrimps, etc.), Seismic and Commercial (off-
shore and on-shore activities, ships, boats and other human activities) origin into the 
underwater seismic/acoustic sound field.  Figure4 compares the recent ambient noise data 
with the composite of ambient noise spectra.  The description of ambient noise field extends 
beyond average omni-directional spectra and includes horizontal and vertical patterns, 
fluctuations with time, dependencies on depth, and variations with season as well as 
geographic location thus making the acoustic surveillance very complex phenomenon. 

 

 Figure 3: Sources of ambient noise in 
marine environment. 

 

 
Figure 4: Spectrums of different noise 

sources. 

Ship and small boat noises are in general different from the noise generated by natural 
causes.  Underwater noise mainly generated by turbulence (cavitation) is caused by the 
propeller rotations, engines and gears, where the size and speed of a vessel determines the 
frequency and level of the man-made noise.  Figure 4 shows the spectrum ranges of different 
sound-generating sources in the ocean  The noise generated by the engine is continuous and 
caused by the moving/rotating parts i.e. pistons, gears, shafts, pumps.  The movement of 
propeller blades forms small bubbles in the water and when bubbles collapse they generate a 
loud acoustic sound in a broad frequency range (from few Hz to many kHz). The propeller 
noise contains line components at frequencies that are proportional to the rate of the rotation 
and the number of blades of the propeller. The noises created by these rotations, indicate the 
acoustic signature of a vessel which can help to detect, classify and track.    

When the rotation of the propeller is reduced and a ship/small boat slows down, the 
cavitation is reduced and consequently the level of the noise is reduced. Sudden changes 
within the acoustic signature characteristics (frequency and level) and introduction of a new 
acoustic spectrum may be corresponding to a small boat with outboard engine or bubbles 
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from the diving gear are taken into consideration to develop the tracking and classifying logic 
for vessels approaching and stopping doing activities near an archaeological site. 

3. SEA-GUARD SYSTEM 

A new system concept has been developed to monitor the underwater acoustic 
environment for detection, classification and tracking of unwanted intruders to a protected 
area.  The objectives are:  

• To detect acoustic signals and noise collocated via two different sensor packages, 
• To process the acoustic signals and separate the close range sound sound sources 

from the ambient noise,  
• To track the close range sound sources, 
• To process data from sensors onboard the buoy and develop a reasoning system 

architecture,  to analyze automatically the behavior of a target, i.e. if sound source 
at the vicinity of the archaeological site stops and/or modifies start transmitting 
warning to the land stations via GSM/GPRS or Satellite link. 

• To receive the warning and data at a remote server via GSM/GPRS or Satellite 
receiving infrastructure, 

• To store the data on shore for access by other research workers or by the 
authorities,  

To make a cost effective product by using off the shelf items and technology know-how 
that has already been achieved in previous projects  

 
As shown in Figure 5, the sea-borne unit consists of a sensor packages at the sea bottom, a 

cable to the surface buoy and a buoy.  The surface buoy contains data processing 
hardware/software, data link via GSM/GPRS or Satellite network [4] a GPS receiver for 
time-referenced data synchronization and solar panels to supply electric power to the 
batteries. 

 

  
 
 
 
Figure 5: The sea-borne unit with 

sensor packages, a cable to the surface and 
the surface buoy where data processing 
hardware and software, data link via 
GSM/GPRS or Satellite network, a GPS 
receiver and solar panels are located. 

3.1. Acoustic Sensors The SEA-GUARD system is designed to measure underwater acoustic field both in 
horizontal and vertical plains, covering a broad frequency band from 5 Hz to 10 kHz.  The 
sensor package placed on the sea floor consists of a vector sensor package for low 
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frequencies, a tetrahedron hydrophone array for high frequencies and a compass for direction 
finding. 

3.1.1. Vector Sensor Package 

Vector sensor package placed on the sea floor [5] provides 3 acoustic signals, generated by 
3 sensors consisting of two directional hydrophones and one omnidirectional having “8” 
shaped horizontal directivity patterns, oriented along two orthogonal directions (Omni, Sin, 
Cos).  Combining the Omni and Sin signals one can obtain a signal with a cardioid shaped 
horizontal directivity pattern.  Combining Omni and Cos the same pattern can be obtained 
with a 90 degree shift in azimuth.  The orientation of the cardioids depends on the physical 
orientation of the two directional hydrophones, which is provided by a co-located digital 
magnetic compass.  Signals generated by all of these sensors are fed to a submerged unit 
where they are amplified, filtered, pre-processed, converted to digital form and multiplexed 
in a single serial stream together with the data coming from four hydrophones of the 
tetrahedron array and a digital compass.  The serial signal is transmitted through a steel-
armored coaxial cable to the surface buoy for real-time processing and interpretation for 
detection, classification and tracking.  Figure 6 shows the simulation results where Signal 
Excess and Bearing Deviation for Vector sensor performance predictions to detect a small 
ship as a function of detection  and Bering Deviation at different frequencies. 

  Figure 6: Signal excess for detection 
and Bearing deviation for Vector sensor 
performance prediction to detect a small 
ship for detection ranges and resolution. 

 Figure 7: the beam patterns of the 3D 
tetrahedron array for 0.5 m and 1 m 
spacing. 

 
 

3.1.2. Tetrahedron Array 
To monitor the 3D directivity of the acoustic field at frequencies above 2 kHz, four 

omnidirectional hydrophones are fitted at the apexes of a tetrahedron forming a 3 
dimensional (3D) sparse array [6].  Hydrophone space within the 3D array can be selected 
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according to the radiated noise characteristics of the expected targets i.e. outboard engines, 
divers.  
 

Given the geometry of the tetrahedron, the incoherent 3-D beam-forming pattern is given 
by: 
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Incoherent beam-forming is preferred to coherent processing since the source signal is 
unknown.  Figure 7 shows the beam patterns of the 3D tetrahedron array for 0.5 m and 1 m 
spacing where the high frequency part of the acoustic field is covered.  

4. CONCLUSIONS 

SEA-GUARD system concept has been described to monitor the underwater acoustic 
environment for detection, classification and tracking of unwanted intruders to a protected 
area.  SEA-GUARD is a compact, low-cost system using two well tested sensor packages, off 
the shelf items and technology know-how that has already been achieved in previous projects.  
The build in artificial intelligence automatically analyze the behavior of a target with the 
reasoning system architecture and makes the system operating as a trip-wire. 
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Abstract: Harbour security is receiving increased emphasis as more nations recognize the 
economic, psychological and military effects of a successful attack.  Several studies have 
concluded that an active sonar is a vital portion of any Waterside Security System. 

This paper discusses the major uses of different Waterside Security System types, and 
relates them to the requirements that a sonar used in those systems must satisfy if the 
system is to be successful. 

Finally, the results of recent intruder detection tests using RESON sonars are 
presented. 

Keywords: Harbour Security, Intruder Detection, Diver Detection, Waterside Security, 
Forward-Looking Sonar 
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1. INTRODUCTION 

Recent world events have demonstrated the magnitude of damage that can be inflicted 
on shipping and valuable shoreline facilities, such as nuclear and chemical plants, and 
petroleum-storage areas, by waterborne attack with relatively unsophisticated weapons 

Better understanding of the magnitude of the threat to their economies  has recently led 
several nations to institute programs to develop systems to protect harbours,  capital 
vessels visiting those harbours for short time periods, and critical facilities located on 
waterways.  Of the nations with active programs, the Japanese appear furthest along [1].   

RESON was selected by a primary contractor to provide sonars to protect the Queen 
Mary II and other cruise ships moored at Piraeus and Flisvos during the Olympic Games 
at Athens in 2004. This required extensive testing and development of automated 
detection and tracking software to reduce operator fatigue and false alarms. 

 

 

Fig. 1:  Piraeus Harbour 

The Olympic experience provided more in depth understanding of the requirements for 
systems to protect shore based facilities and ports, and led to the development of system 
concepts and modular COTS sonar components that can be used as elements of these 
systems. 

During our discussion today, I’m going to share with you three different WSS concepts 
oriented toward specific aspects of the overall harbour protection problem, discuss the 
implications on the sonar required for each concept, describe to you the sonars that 
RESON offers that are applicable, and present some test data. 

2. THREAT 

The Coastal Security problem has several different aspects.  These are: 

- Providing permanent security for major facilities located on or adjacent to 
waterways.  These would include petroleum processing and storage facilities; 
nuclear power plants, etc. 
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- Providing permanent security for major ports  This, of course, also includes 
inspection of the hulls of incoming vessels, which is not the subject of this paper.  
Other systems provide that function [2]. 

- Providing temporary security for high valued assets visiting a port.  These might 
include capital warships such as aircraft carriers, large oil tankers, etc. 

The term “providing security” in turn, requires definition.  If a surveillance system 
detects an intruder and issues an alarm what then?  The answer to this question differs at 
each location.  A good discussion of this aspect of the defence problem is contained in [3]. 

In the US, the threats cited most often appear to be combat swimmers, possibly assisted 
by propulsion sleds or swimmer delivery vehicles, and small surface vessels carrying 
explosives. 

 

 

Fig. 2:  Modern Swimmer Delivery Vehicle Delivering Combat Swimmers 

Combat swimmer teams delivering Limpet Mines could cause a vessel to sink in a 
location that would significantly disrupt or shutdown shipping in a major port facility. 

The use of limpet mines to achieve political or terror goals is very real.  In November 
2002, questioning of a captured al Qaeda nautical strategist, confirmed their intention to 
carry out subsurface attacks by suicide demolition teams utilizing limpet mines.  At the 
same time an al Qaeda maritime military manual was seized that detailed where to strike 
different vessel classes and the quantity of explosive needed to cause critical damage [4]. 

3. IMPLIED REQUIREMENTS 

Various system types are needed to provide even a partial degree of protection.  There 
is no one size fits all solution.  The first two threat issues, both of which deal with 
permanently securing facilities on waterways, are best solved by a Permanently Installed 
system to provide initial detection and localization, and a Mobile System  for classification 
and interdiction.  COTS technology exists for this solution, but the cost is high.  In 
instances where this degree of protection is too costly, a Mobile System alone is the most 
cost-effective compromise solution. 

In the third case, where the issue is temporarily protecting a high-valued asset for a 
defined time period (example the USS Cole, in Yemen) a Portable System carried aboard 
the vessel to be protected, and deployed after arrival, is the best approach.  Indeed, the US 
Navy has sponsored several experiments and demonstrations of technology oriented 
toward this approach. 
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The conclusion, therefore, is that all of the following system types have a useful role to 
play in the overall Waterside Security solution: 

- Permanently Installed Systems provide long-term protection of a waterside 
facility. 

- Mobile Systems allow you to intercept and neutralize a detected intruder. 
- Portable Systems protect a high value asset for a short time period. 

Several people have analyzed the problem, and almost all have concluded that an active 
sonar is a vital portion of any Waterside Security System [5]. 

3.1. Sonar Performance Considerations 

Particularly when a permanent installation, with its attendant infrastructure, is 
considered, the area coverage of the sonar needs to be estimated.  A first guess can be 
made by estimating the detection range of the sonar.  The sonar manufacturer may provide 
a detection range, but usually it is for a bright target under good conditions.  An engineer 
can also estimate the detection range by calculating the detection range for an object of a 
given target strength (conceptually similar to the radar cross section of a target).  A 
common value for a diver is -26 dB, which means that of the incident power that 
ensonifies the diver, about 0.25% will be reflected back towards the sonar.  By using the 
characteristics of the sonar and applying the active sonar equation, the signal to noise ratio 
of the diver echo can be calculated for the sonar.  Fig. 3 shows the signal to noise ratio 
(SNR) of a diver echo for three typical sonars operating at 70 kHz, 100 kHz, and 200 kHz.  
An echo can only be detected when the SNR is greater than zero.  In fact, to limit the false 
alarms the detection threshold is usually 10 to 18 dB above the minimum detectable level. 

 

 

Fig. 3:  The signal to noise ratio of the echo from a diver using 70 kHz (blue), 100 kHz 
(green), and 200 kHz (red) sonars.  The lower frequency sonar has a greater detection 

range because less of its energy is absorbed in the water. 

If one takes a seemingly conservative detection threshold of 20 dB, it appears that the 
detection range of the 70 kHz is much superior to the higher frequency units, and therefore 
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a better choice.  However, the actual detection range of the sonar depends upon several 
environmental factors, the most important of which is the sound velocity profile (SVP).  
This is usually the limiting factor, and applies equally  to all frequencies, i.e., if the profile 
limits the sound rays to the diver to 300 yards, all three sonars would first detect the diver 
at that range. 

A more useful number to the security system designer is the cumulative probability of 
detection (CPD) versus range.  This measurement indicates the percentage of targets that 
have been detected by the time they get to that range.  Generally the system engineer will 
pick a CPD that gives him a particular probability of detection, and then work with that 
range.  For instance, if one wanted to be sure that the diver was detected at least 80% of 
the time, one would pick a range at which the CPD curve showed a 0.8 PD.  Fig. 4 is an 
example of CPD for the same three sonars in a northern temperate zone harbour.  Note 
that the difference in ranges at the 0.8 PD are much less than predicted by the sonar 
equation.  The reason is that for much of the year the detection range is limited by the 
SVP, and there is only a portion of time that the lower frequency sonars can see at their 
theoretical detection range. 

 

 

Fig. 4:  The cumulative probability of detection for 70 kHz (blue), 100 kHz (green) and 
200 kHz sonars.  Note that if one requires a 0.9 Pd, the difference in detection ranges for 

the three sonars is not as great as predicted by Fig 3. 

Using a CPD does not completely solve the system engineer’s problem, because the 
CPD tends to be site specific.  Fortunately, since the CPD tends to be dominated by the 
SVP, a reasonable prediction of what the CPD will be can be made if there is a library of 
sound velocity profile measurements made over a year at the installation site.  By using 
the SVPs to compute ray traces, the sonar coverage can be estimated for representative 
conditions through the year.  By determining the probability that certain environmental 
conditions exist, a reasonable CPD prediction can be made for the site. 

The next 2 figures, provided by the US Office of Naval Research [6], are examples of 
systematic measurements made over a short time to illustrate this effect. 
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Fig. 5:  Temperature Variability over 10 
Days 

 

Fig. 6:  Temperature Variability During 
One Day 

 

3.2. Constraints 

In the US, environmental laws require that sonar operations not adversely affect marine 
life or pose a safety hazard to divers [7].  Indeed, the environmental review process and 
the resulting constraints imposed on sonar power level and operating frequency have 
significantly slowed the development and installation of coastal protection sonars in this 
country.  A growing body of data, however, indicates that sonars that operate at 80 kHz or 
above usually satisfy the local environmental impact criteria, and that those operating at 
higher frequencies like 100 kHz almost always do. 

 
The disadvantage of the higher frequency design is shorter detection range due to 

absorption.  The significant advantages of the higher frequency are: 

- Smaller size 
- Easier deployment and recovery 
- Lower unit cost 
- Environmental Acceptability 

4. SOLUTIONS 

Recognizing the environmental constraints and need for customized solutions for the 
differing tactical situation at each location, the RESON Group developed a family of 
COTS sonars with a common architecture that can be used as modules of Permanently 
Installed, Mobile and Portable systems.   
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4.1. Permanently Installed Systems 

These systems protect major facilities such as ports, harbours, nuclear plants.  When 
implemented properly, several different sensor types are used simultaneously, their data 
are cross-correlated, and the result displayed on a single geo-reference tactical display 
such as the Japanese port shown in Fig. 7 [1]. 

 

 

Fig. 7:  Geo-Referenced Display 

4.1.1. Sonar Requirements – Permanently Installed Systems 

The following characteristics are important for any permanently installed sonar: 

- Operating frequency greater than 80 kHz (for environmental compliance) 
- Maximum azimuth beam width less than 2 degrees (for localization and 

performance in reverberant areas) 
- Transmit beam steerable in the vertical plane (to compensate for changes in 

sound velocity profile) 
- Operating Parameters controllable from shore  (for optimum performance 

against different target types) 
- Bandwidth greater than 15 kHz (for reverberation suppression and target 

identification) 
- Fibre-optic link to command center (allowing flexibility in selection of 

installation site for optimum coverage) 
- 360 degree coverage (for cost effectiveness) 
- Self-Levelling (for operation in variable bottom currents) 
- Deployed and Recovered Easily (for periodic cleaning and maintenance) 
- Automated Detection and Tracking (to reduce false alarm rate and operator 

fatigue). 

As noted earlier, the detection range of an installed sonar is determined more by local 
propagation conditions than by the sonar itself.  Salinity, ray bending caused by the sound 
velocity profile, and reverberation are major factors. 
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Fig. 8 shows the detection range of a RESON SeaBat 7112 sonar against a -25 dB 
target (typical target size of a combat swimmer) in the Baltic Sea. The factors determining 
the maximum detection range are the vertical sound velocity profile and the salinity, 
which determines the absorption.  In this example, we assumed an isothermal svp, 
constituting best case conditions.  In the Baltic, salinity is low (typically 7-10 ppt) and 
long detection range (over 800 yards) is achieved consistently. 

 

Fig. 8:  Sonar Performance in the Baltic 

 

Fig. 9:  Sonar Performance in the Med 

Fig. 9 shows the performance that would be achieved by the same sonar, under 
identical geometric assumptions, were it to be located in the Mediterranean Sea.  The only 
difference is that in the Med, the salinity is much higher, typically 36 ppt .  The increased 
absorption attenuates the received target echo level more rapidly, noticeably reducing the 
detection range. 

As noted previously, ray bending caused by a non uniform SVP is a major limitation in 
detection range.  The effects of ray bending can be mitigated to some extent if the sonar 
can steer the transmit beam to compensate for this effect.  Fig. 10 and 11 show the 
improvement achievable by beam steering.  The SVP is typical of the Mediterranean Sea 
in August.  Sound is refracted downward.  In this example, a sea floor mounted sonar 
would never see a shallow target unless the beam is steered upward to compensate for the 
refraction.  This illustrates the importance of having the ability to steer the transmit beam 
on any sonar in a permanently installed system. 

 

 

Fig. 10:  Unsteered Beam in the Summer 

 

Fig. 11: Steered Upward 7 Degrees 
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You must be able to compensate for environmental changes.  To do so, you must sense 
them in real-time so you know what they are.  This can be done with a sensor that 
periodically samples the sound velocity profile, and the computes the proper vertical 
steering angle. 

 
Now I’ll introduce the family of sonars that the RESON Group developed that satisfy 

these requirements. 
The SeaBat 7112 shown in Fig. 12, is intended for mounting on the Sea Floor and 

providing extended coverage of entry areas, choke points, and  moorings.  Providing 
omnidirectional coverage and long detection range, the 7112 is an economical means of 
providing surveillance of large areas.  Against a minisub, for example, the cost/square 
meter surveilled would be about $1.75. 

 

Fig. 12:  SeaBat 7112 in Sea Floor Mount Configuration 

The characteristics of the SeaBat 7112 are shown in Table 1. 
 

Parameters 
Sonar Operating Frequency 100 kHz 
Horizontal Beamwidth Transmit:  >360° 

Receive:  1.8° 
Vertical Beamwidth Transmit:  5.5 or 11° 

Receive:  28° 
Vertical Beamsteering Transmit:  ±10° 
Number of Horizontal Beams 208 beams, spaced 1.73° apart 
Coverage Sector 360° 
Depth 2 – 100 meters 
Ping Rate  Up to 50 pings/sec 
Pulse Length 50 microseconds to 2 milliseconds (CW) 
Duty Cycle 5% 
Range Resolution 5 cm 
Communication Link Fibre Optic – Maximum distance between sonar 

and command centre is 6,000 meters. 
Temperature Topside Unit Operating:  -5° to +40° C 

Storage:  -30° to +55° C 

Table 1:  SeaBat 7112 Characteristics 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

743



 

The SeaBat 7122 is a lightweight, dual-frequency sonar intended for mounting on a 
pier or a jetty. The detection mode operates at 100 kHz,  and classification is performed at 
400 kHz.  The receiving array includes 2 vertical subarrays, allowing target depth to be 
estimated, as well.  The characteristics of the SeaBat 7122 are shown in Table 2. 

 
Parameters 100 kHz Operation 400 kHz Operation 
Sonar Operating Frequency 100 kHz 400 Khz 
Horizontal Beamwidth Transmit:  >130° 

Receive:  2° (centre) 
Transmit >130° 
Receive:  0.5° (centre) 

Vertical Beamwidth Transmit:  5.5 or 11° 
Receive:  35° 

Transmit:  27° 
Receive:  27° 

Number of Horizontal Beams 64 beams, spaced 1.875° 
apart 

256 beams, spaced 0.44° 
apart 

Coverage Sector 130° 130° 
Ping Rate  Up to 50 pings/sec Up to 50 pings/sec 
Pulse Length 50 to 200 microseconds 

(CW) 
22 to 200 microseconds 
(CW) 

Range Resolution 5 cm 5 cm 
Interferometric bathymetric 
resolution 

1° of range N/A 

Power Requirements 48 VDC, 150 W (average power) 
110/220 V AC 50/60 Hz, 300 W (average power) 

Communication Link Fibre Optic – Maximum distance between sonar 
and command centre is 6,000 meters. 

Temperature Topside Unit Operating:  -5° to +40° C 
Storage:  -30° to +55° C 

Table 2:  SeaBat 7122 Characteristics 

4.2. Portable Systems 

A portable system that can be carried on board and then configured and deployed 
rapidly to respond to specific intelligence and local conditions is an excellent approach to 
the Force Self-Protection problem.  RESON’s PFPS detects surfaced and submerged 
intruders acoustically and provides target track data to the ship’s Combat Information 
System for correlation with data from other sensor types. 

 
In order to be effective, such a system must include the following features. 

- It must include several sonars, capable of operating simultaneously with no 
mutual interference.  Large vessels, such as cruisers or aircraft carriers, cannot be 
protected by a single sonar.  Depending on the vessel and mooring geometry, 
several sonars are often indicated. 

- Each sonar must provide 360 degree coverage.  Since the geometry of the 
harbour may not be known beforehand, protective surveillance in all directions is 
required.  
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- The sonar must provide steerable beams and a selectable beam width in the 
vertical plane.  Thermal profiles will vary with location, season, and time of day.  
These features allow the system to optimize performance by compensating for the 
propagation conditions that exist at the site. 

- Operating frequency and transmit waveform must be selectable.  This feature 
allows several sonars to be deployed simultaneously without interfering with one 
another. 

- The sonar must localize a detected intruder with sufficient accuracy to allow 
defence reaction forces to intercept and  destroy him.  This requires accurate range 
and bearing.  The SeaBat 7112 will localize an intruder within one degree of 
azimuth and within 1 meter range. 

- It must include automated alertment, alarm, and tracking.  This feature 
reduces Operator fatigue and staffing requirements.  

- It must detect submerged intruders at sufficient range to allow the defence 
reaction force to intercept and destroy him before he can fulfil his mission.  The 
SeaBat 7112 operates at 100 kHz, at a source level of more than 214 dB re 1 µPa.  
Detection range will vary with target size, local propagation conditions, and 
salinity, but generally lies between 300 and 700 meters.  During the summer, in 
locations with high salinity, the sonar can be mounted on the sea floor several 
hundred meters from the vessel to be protected, extending the size of the protected 
zone and increasing the time available to react. 

- It must be easy to deploy, recover, and use.  The trend today is toward smaller, 
more flexible crews, where each person performs multiple tasks. 

- It must be capable of being deployed both over the side and on the sea bottom.  
This feature provides the responsible officer complete flexibility in setting up his 
defensive posture. 

- It must interface easily with other shipboard systems.  The ability to provide 
input to a tactical overview is critical. 

4.2.1. RESON’s Portable Force Protection Solution (PFPS) 

RESON’s PFPS satisfies all of these requirements.  PFPS utilizes the SeaBat 7112,  
which was described earlier.  The SeaBat 7112 accommodates two alternative mounting 
methods.  The sonar may be deployed either over the side, as shown in Fig. 14, or on the 
harbour floor some distance from the ship being protected.  The self-levelling seafloor 
mount provides longer reaction time, and also the ability to surveill choke points that an 
intruder  would have to traverse in order to attack the protected vessel. 
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Fig. 13:  Over The Side Deployment with Sonars at Bow and Stern 
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6. CONCLUSION 

The coastal surveillance problem is growing rapidly.  Threats are increasing in both 
sophistication and frequency.  The decision on where and how to deploy the sonars 
depends upon the predicted range of the sonar in the particular environment.  To achieve a 
good prediction , SVPs should be taken periodically over the year so that the effective 
range of the sonar can be calculated. 

The RESON group has developed a family of high-resolution COTS sonars that are 
suitable for use in fixed, mobile and portable systems.  These are now available in 
different levels of capability and cost. 

Depending upon the specific threat and geography at a specific site, a mix of system 
types might well be the optimum solution. 
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A comparison of broadband reverberation and clutter data from two 
directional towed arrays on the Malta Plateau 

 
Dale D. Ellis , John R. Preston  
 
Abstract: In May-June 2004 two experiments to measure broadband reverberation 
and clutter were conducted on the Malta Plateau. The first was Boundary 2004, part 
of a joint research project between the NATO Undersea Research Centre (NURC), 
USA, and Canada. In it, the NURC cardioid array, with triplet elements, was used to 
measure reverberation up to 3500 Hz. A few weeks later at the end of BASE ’04, a 
Canada-NURC trial, the Canadian DASM towed array, with omnidirectional and 
dipole elements, was used to measure reverberation up to 1500 Hz. Both pulsed 
sources and SUS charges were used in the experiments; here we discuss only the SUS 
data. In addition to the overall reverberation, many beams had high noise due to 
nearby shipping, and there were numerous clutter features, include scattering from 
the Ragusa ridge, echoes from the Campo Vega oil rig and tender, submerged wrecks, 
mud volcanos, and deployed targets. Comparisons between the two sets of 
measurements were made, with and without the directional sensors. Comparisons 
were straightforward for the omnidirectional sensors which could be processed with 
the same beamforming algorithm. However, different beamformers were needed in the 
directional processing, and determining the calibrations was not straightforward. 
Some of the beamforming issues will be discussed, and highlights from the data will 
be presented.  [Supported in part by US Office of Naval Research]. 
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 AN EXPERIMENTAL STUDY ON THE CAUSES OF NON-
RAYLEIGH SCATTERED ENVELOPE STATISTICS 
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Abstract: In order to advance our understanding and modeling of the specific causes of 
non-Rayleigh scattered envelope probability density functions, co-located acoustic and 
high-resolution environmental data were collected at Seneca Lake in the summers of 2005 
and 2006.  The first acoustic data set obtained was acquired in August of 2005 near 
Dresden, New York, over an approximately 5 square km section of Seneca Lake near the 
Naval Undersea Warfare Center's System Measurement Platform (SMP) and consisted of 
large numbers of high bandwidth high-frequency pings (10's of kHz).  Analysis of the 
acoustic data showed areas of distinctly non-Rayleigh statistics.  In mid July, 2006, high-
resolution environmental ground truth data was collected including bathymetry and 
scattering strength data obtained using a RESON 8101 SeaBat 240 kHz calibrated 
multibeam system, video from ROV and sediment grab samples.  The ground truth data 
showed the dominant scattering mechanism to be large numbers of Quagga mussels. 
Connections between the spatial distribution of the mussels and the resultant statistics 
were examined using ground truth data and recently developed models [D.A. Abraham, 
and A.P. Lyons, IEEE J. Ocean. Eng., vol. 27, pp. 800-813, 2002].  Results of the analysis 
are presented in this paper.  [Work performed under ONR Grants N00014-04-1-0013 and 
N00014-06-1-0245] 

Keywords: Clutter, non-Rayleigh, scattering 
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1. INTRODUCTION  

Scattered envelope probability density functions (PDFs) with tails heavier than the 
often assumed Rayleigh are the primary factors limiting the performance of high-
resolution target detection systems operating in shallow water.  Unaccounted for, heavier-
tailed "non-Rayleigh" distributions will lead to an increase in the probability of false alarm 
(PFA) if treated as Rayleigh when setting detection thresholds.  While much attention has 
been focused recently on characterizing and simulating high-frequency non-Rayleigh 
scattering statistics [1,2], there has been little success in understanding exactly how 
distributional parameters relate to geo-acoustic parameters for specific scattering 
mechanisms.   

In order to advance our understanding and modelling of the specific causes of non-
Rayleigh statistics, co-located acoustic and high-resolution environmental data were 
collected at Seneca Lake in the summers of 2005 and 2006.  The first acoustic data set 
obtained was acquired in August of 2005 near Dresden, New York, over an approximately 
5 square km section of Seneca Lake near the Naval Undersea Warfare Center's System 
Measurement Platform (SMP) and consisted of large numbers of high bandwidth high-
frequency pings (10's of kHz).  Analysis of the acoustic data showed areas of distinctly 
non-Rayleigh statistics.  In mid July, 2006, high-resolution environmental ground truth 
data was collected including bathymetry and scattering strength data obtained using a 
RESON 8101 SeaBat 240 kHz calibrated multibeam system, video from ROV and 
sediment grab samples.  The ground truth data showed the dominant scattering mechanism 
to be large numbers of Quagga mussels. 

In the following sections, a short summary of the model of Abraham and Lyons [2] is 
presented, followed by a description the of the two experiments that took place at Seneca 
Lake and interpretation of the experimental data in terms of the statistical model. 

2. BACKGROUND 

Abraham and Lyons [2] discuss a theoretical model for scattered envelope distributions 
resulting from both the case of scattering from a seafloor comprised of a finite number of 
discrete scatterers such as rocks or patches of differing scattering properties. The model 
allows the possibility of linking environmental and system parameters to the resultant 
envelope PDFs.  The model is based on the well-known K-distribution [3, 4], which has 
also been shown to represent high-frequency non-Rayleigh sonar reverberation [1,5] for 
which the PDF is given by:  
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(1)

where Kα-1 is the Basset function (i.e., a modified Bessel function of the third kind) with 
order α-1, λ is the scale parameter, α is the shape parameter, and the power is E[Y2] = αλ.  
As the shape parameter of the K-distribution increases, the envelope PDF tends toward the 
Rayleigh PDF, while smaller values of α are representative of a distribution with heavier 
tails than Rayleigh. 
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In Abraham and Lyons [2], reverberation in a given range-bearing resolution cell 
arising from a finite number of discrete scatterers with exponentially distributed cross 
sections was shown to be K-distributed with shape parameter α = n/2 and scale parameter 
λ = 4μ2 where μ is equal to the average cross-section of a scatterer.  In the model for 
scattering from areas comprised of patches of differing material, diffuse scattering from 
each patch produces a Gaussian distributed return by virtue of the central limit theorem, 
with power proportional to the patch area and backscattering coefficient.  The resultant 
sum is non-Gaussian owing to the random power of each component even though each 
patch produces a Gaussian response and the resulting matched filter envelope Y = |Z| was 
also shown to be K-distributed.  In the patch model the shape parameter was related to the 
number of scattering patches in the resolution cell according to α = n, the number of 
patches in a resolution cell, and the scale parameter was related to the average patch size 
through λ = μσ2, the average area of each patch multiplied by the backscattered power per 
unit area of each patch.  For both the case of discrete scatterers and the case of scattering 
patches, the number of scatterers or scattering patches depends on the density of scatterers, 
β (number/m2), in the sonar resolution cell at time, t: 

θ
ψβ
cos4

2

B
tcn =  (2)

where c is the speed of sound in meters per second, ψ is beamwidth in radians, B is the 
bandwidth of the transmitted pulse, and θ is the grazing angle with respect to the seafloor.   

The model of Abraham and Lyons considered scattering from discrete scatterers or 
scattering patches only, i.e. the scattered power from the patches is much greater than the 
contribution from any surrounding sediment.  In reality, these scatterers do not occur in 
isolation, but will exist on a sediment background, which can have the effect of reducing 
the shape parameter, depending on the scattering strength of the background relative to the 
scatterers or patches.  To model the effect of a surrounding background sediment around 
the higher scattering strength patches we simply model the scattered power from the 
background as complex Gaussian as [6], which yields,                                                         
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αλ
λ

αα  (3)

with α and λ defined as above and the total power scattered by the background, λ0 is equal 
to the backscattered power per unit area of the background material multiplied by the 
average area of the background.  For scattering from surrounding sediment, the variance in 
the Gaussian component should be proportional to the area of the sonar resolution cell.  
Since the number of contributing scattering elements (n) is also proportional to the area of 
the sonar resolution cell, Eq. (3) indicates that the proportionality of the shape parameter 
to the area of the sonar resolution cell will hold even when there is an additive Gaussian 
component due to surrounding sediment or ambient noise.  As for the patches, the effect 
on the shape parameter on the properties of the sediment background, such as the angular 
dependence of scattering, enter into the K-distribution via the scale and shape parameters.  
It is this 'effective' shape parameter given by Eq. (3) which must be used to match data 
such as that presented in the following sections. 
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3. SENECA LAKE EXPERIMENTS 

The data to be analyzed were taken during two experiments performed by the Applied 
Research Laboratory (ARL) for which one component was to examine environmentally 
caused false targets and false alarms.  The trials occurred at the Naval Undersea Warfare 
Center's Seneca Lake Test Facility in August 2005 and July 2006.  During the first 
experiment a transmitter and receive array were positioned at a depth of approximately 75 
m off the Measurement Test Platform located in approximately 180 m of water (Fig. 1).  
The transmitter was configured to transmit high-frequency (10's of kHz) linear frequency 
modulated (LFM) pulses with a 60 ms duration.  The subsequent reverberation was 
recorded from the 30 degree wide center beam formed with the 32 element receive array 
3.5 seconds following each transmission.  600 such pings of data were collected at 6 
azimuth angles within the angular sector outlined in red shown in Fig. 1.  Owing to the 
shallow water environment and downward refracting sound speed profiles that were 
measured during the sonar data acquisition, the reverberation data are dominated by 
bottom scattering.    

With this dataset we mapped changes in the envelope PDFs across the measurement 
area, by estimating the shape parameter of the K-distribution as a function of position.  
Before estimating the shape parameter, a mean power level normalizer [e.g., a cell-
averaging constant false alarm rate (CFAR) normalizer] was applied to the original 
complex matched-filtered data, resulting in data with nearly unit power.  After 
normalization, a method of moments estimator was employed to estimate the distribution 
parameters, as described in Abraham and Lyons [2].  Results, shown in Fig. 2, show that 
there is a large area (outlined in blue), where the estimated shape parameter is low, 
indicative of heavy-tailed non-Rayleigh PDFs. 

 

HH

 
 

Fig. 1: Map of the Seneca Lake study site.  Broadband data were collected from the 
area outlined in red from a transmitter/receiver array located on the measurement 

platform in the center of the map . 
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Fig. 2: Map of estimated shape parameter.  The data have been thresholded to show 
only low shape parameter values (less than 11)to highlight areas where the envelope 

PDFs are more heavy-tailed. 
 

 In July 2006 the entire experimental site was mapped with ARL's 240kHz Reson 8101 
multibeam system to try and understand the scattering environment which resulted in the 
non-Rayleigh behaviour in the 2005 experimental results presented in Fig. 2.  The main 
goal of this effort was to collect bathymetry and calibrated scattering strength data to 
complement the analysis of the environmental false alarm/target data that was collected in 
2005.  For the densest possible coverage, track-lines of 50 and 100 m spacing were run at 
an average speed of  8 knots during the survey.  With this track spacing a final resolution 
of approximately 3m x 3m was achieved.  The multibeam data was augmented with 
underwater video taken from a remotely operated vehicle (ROV) and bottom grab 
samples.  Average scattering strength measurements (from 35 - 70 degrees grazing angle) 
obtained from the multibeam data are presented in Fig. 3.  In this figure, apart from some 
patchiness in the scattering strength, scattering strength can be seen to generally increase 
from about -35 dB consistent for scattering from a lake mud to about - 15 dB, which is a 
very high level of scattering.  The area of low shape parameter values seen in Fig. 2 is 
outlined in blue on the scattering strength map.   It is obvious that the most non-Rayleigh 
behaviour is not associated with the highest scattering strength areas.  Video taken with 
the ROV mounted underwater camera showed that the bottom scattering from the slopes 
of the Seneca Lake was dominated by large quantities of Quagga mussels (Fig. 4), with 
mussel density generally increasing with decreasing depth.  As seen in Fig. 4, the mussels 
tend to form clumps and are not always uniformly distributed on the lake floor. 
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Fig. 3: 240 kHz scattering strength (average of data taken from 35o-70o grazing angle).  
The blue ellipse outlines the area with non-Rayleigh PDFs as in Fig. 2.  Locations where 

underwater video was taken are shown as blue cirles. 
 
 
 

     

Fig. 4: Still images from underwater video taken at 63 m (left) and 50 m (right) 
showing Quagga mussels on the muddy lake floor. 

 

The video and scattering strength data can be used with the model described in Sec. 2 
to understand the location of the non-Rayleigh region.  The model states that the shape 
parameter of the K-distribution, α,  is equal to the half the number of scatterers in a range-
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bearing resolution cell.  With the assumption that scattering strength will be directly 
proportional to numbers of scatterers, we can estimate the density of scatterers (clumps of 
mussels) on the lake floor in the experimental region using scattering strength estimates 
'calibrated' with the underwater video.  Fig. 5 shows the estimate of  the effective density 
of scatterers estimated using the data of Fig. 3.  The data has been thresholded to only 
show numbers/m2 less than 21 which corresponds to shape parameter values of the range 
shown in Fig. 2.  Fig. 5 also shows the same area of non-Rayleigh PDFs outlined in blue.  
From this figure it can be seen that the areas of low shape parameter roughly coincide with  
the area of low density of scatterers as expected by the relationship between the shape 
parameter and the effective number of scatterers.   The areas south of the ellipse on Fig. 5 
which have low density of scatterers are not included in the data shown in Fig. 2 and so 
are not seen.  In the areas to the north of the ellipse, although the scatterer density is low, 
the resolution cell has increased in size away from the transmitter/receiver causing the 
number of scatterers in the resolution cell and hence the shape parameter to increase 
causing more Rayleigh-like data in Fig. 2.  In the shallow regions the number of scatterers 
is so great that the shape parameter is large.  Based on the comments above, the data 
shown in Fig. 5 can be used along with estimates of the resolution cell size (which we 
have not done here) to predict the PDFs of the reverberation envelope. 
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Fig. 5: Effective density of scatterers (#/m2) estimated with the scattering strength data 
shown in Fig. 3. 
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4. CONCLUSIONS  
 

In this paper, co-located acoustic and environmental data were examined to study the 
connections between the spatial distribution of the scatterers on the floor of Seneca Lake 
(mussels) and the resultant statistics in the context of a recently developed model for 
reverberation statistics based on a finite number of scatterers.  The results presented here 
provide a strong indication that the model accurately predicts the reverberation envelope 
PDF based on the properties of the scatterers such as the density of scatterers and 
properties of the system such as the bandwidth and beamwidth.  A next step will be to 
combine the environmental ground truth along with the system properties to make 
predictions of the shape parameter based on the model presented in Sec. 2 for direct 
comparison with Fig. 2.  The data presented in this paper was high-bandwidth causing the 
resolution cell sizes to be small enough so that the discrete scatter model was appropriate.  
The data can also be analyzed as a function of bandwidth.  It is expected that at a low 
enough bandwidth the resolution will be such that patch model will become appropriate as 
the sonar system 'sees' large variations in the number density of scatterers as opposed to a 
small number of discrete scatterers.  The importance of the work reported in this paper is 
that it is the first to link measured reverberation envelope distributions to measured geo-
acoustic properties in conjunction with the lens with which they are viewed (i.e., the sonar 
system). 
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Some data/model comparisons of broadband reverberation on the 
Malta Plateau using towed arrays and a new Matlab and normal 

mode based reverberation model 
 

John R. Preston, Dale D. Ellis 
 

Abstract: A new Matlab and normal mode based reverberation model has been 
developed that uses Ellis’ algorithm [J. Acoust. Soc. Am., vol. 97 (1995) 2804-2814] 
for reverberation predictions and the ORCA normal mode model [Westwood et.al., J. 
Acoust. Soc. Am., vol. 100 (1996) 3631-3645] to compute the eigenvalues and mode 
functions.  The model is currently range independent, but handles bistatic geometries, 
and towed array beam patterns.  An overview of the model is presented that includes 
sample model-model validations.  The data to be shown were taken from 2000 
through 2004 when the authors were involved in a Joint Research Program (JRP) 
with the NATO Undersea Research Centre (NURC), USA, and Canada called the 
Boundary Characterization Study.  During that period three experiments to measure 
broadband reverberation and clutter were conducted on the Malta Plateau.  Both 
pulsed sources and SUS charges were used in the experiments; in this paper we 
discuss only the SUS data.  Towed arrays (most recently including directional 
cardioid arrays) were used as receivers taking measurements up to 3500 Hz.  Select 
data from the above experiments are used to compare with model predictions using 
best estimates of bottom properties in the area. A summary of the data/model 
comparisons is presented.   [Supported by US Office of Naval Research, Code 321OA, 
Grant N00014-05-1-0156].  
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REVERBERATION LEVEL ESTIMATION USING WAVEGUIDE 
INVARIANT STRIATIONS 

Jeffrey Krolika,   Granger Hickmana ,  Ryan Goldhahna 

a Department of Electrical and Computer Engineering, Duke University, Durham, NC 
27708-0291 

Contact:  Jeffrey Krolik, Department of Electrical and Computer Engineering, Hudson 
Hall, Room 129, P.O. Box 90291.  Fax:  (919) 660-5293, email:  jk@ee.duke.edu 

Abstract: Estimating the reverberation level (RL) at a range of interest without using data 
that might contain a target is critical to successful constant false alarm rate (CFAR) 
detection in active sonar. For larger signal bandwidths, reverberation level estimation is 
impacted by more incoherent components causing higher background variance while, 
alternatively, using smaller bandwidth signals results in higher range variability of the 
mean due to coherent multipath modal interference.  In this paper, we examine several 
methods for reverberation level estimation, including a recent approach that explicitly 
accounts for the frequency-selective fading characteristics of the multipath channel.  The 
new idea is to use the waveguide invariant property to estimate the frequency-dependent 
reverberation level at the range cell of interest using neighbouring range cells at 
frequencies along striations in the time-frequency distribution of the sonar return. This 
waveguide invariant approach is compared with conventional cell-averaged split-window 
RL estimation of A-scan data as well as simply using the average of neighbouring time-
frequency bins.  The results are demonstrated using Mediterranean active sonar data 
collected during the SCARAB-98 experiment. 

Keywords: Reverberation, Striation, Waveguide Invariant 
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1. INTRODUCTION 

Reverberation often limits the performance of active sonar systems.  In particular, 
backscatter off of a rough ocean floor can obscure target returns and/or large bottom 
scatterers can be easily confused with water column targets of interest.  Moreover, in 
shallow-water environments, reverberation modeling is exacerbated by multipath 
propagation and multiple interactions with the bottom.  Conventional active sonar 
detection involves basebanding, matched-filtering, and normalizing the received time 
series, followed by envelope thresholding. Cell-averaging constant false alarm rate (CA-
CFAR) normalization is traditionally used to estimate the threshold above which targets 
are discriminated against reverberation and noise.  In recent years, the use of larger sonar 
signal bandwidths has been proposed.  However, wideband returns have more incoherent 
reverberation components which often results in higher background variance without a 
concomitant increase in the target peak due to multipath delay spread.  Meanwhile, 
narrowband signal returns exhibit smaller reverberation-induced variance but exhibit 
much higher range variability of the mean due to coherent multipath modal interference 
[1].  Active sonar has thus involved a tradeoff between detection in sub-bands with highly 
variable mean versus wideband detection in reverberation with larger variance.    

 
In this paper, we present an alternative to CA-CFAR normalization that accounts for 

the frequency-selective fading characteristics of the multipath channel.  The idea is to use 
the waveguide invariant property [2,3,4] to estimate the frequency-dependent 
reverberation level at the range cell of interest using neighboring range cells at frequencies 
along striations in the time-frequency distribution of the sonar return. Bottom scattering 
and propagation modeling is described below followed by a derivation of the proposed 
waveguide invariant CFAR detector in Section 3.  Evidence for the existence of striations 
in real reverberation data is presented in Section 4.   

2. REVERBERATION MODEL 

In shallow-water channels at frequencies of interest here, normal mode propagation 
modeling is commonly used [1,5].  Thus consider the Fourier-domain return from two-
way propagation to a bottom point scatterer at range, r: 

[ ]( )
,

exp ( ) ( )
( , ) ( ) ( ) ( ) ( ) ( )

( ) ( )
m n

m s b m b n s
m n m n

j k k r
p r U z z z z

r k k

ω ω
ω ω φ φ φ φ

ω ω

− +
= ∑   (1) 

where φm are depth-dependent modal eigenfunctions, km are modal horizontal 
wavenumbers, and zs, zb, and ω are the source depth, bottom depth, and frequency 
respectively.  The Fourier-domain source waveform is U(ω).  Lumping the depth-
dependent terms in (1) into coefficients, Amn, the time series from a single point scatterer 
can be expressed as: 
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A reverberation model can now be synthesized by considering the sum of returns such 
as (2) from a series of independent random scattering centers across range.  The complex 
scattering amplitude η(r) of a bottom scatterer at range r can taken as a random zero-mean 
complex Gaussian white process such that ( ) ( ) ( )E r r r rηη η σ δ∗ 2′ ′⎡ ⎤ = −⎣ ⎦  and summed over 
range.   

An example of the time-domain reverberation return simulated using this model is 
shown in Figure 1 where the time axis has been converted to slant-range defined by ct/2.   
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Fig. 1:  Simulated reverberation time series of a 400 Hz bandwidth signal.  A target is 

present at 5 km with a SRR of 3 dB.  The increase in power at 6.2 km is due to 
propagation effects. 

 
An alternative representation of the reverberation data used here consists of taking the 

short-time Fourier transform (STFT) of time series return.  Using a windowing function, 
w(t), non-zero over an interval T, and centered at time-delay τ, the STFT of the 
reverberation is given by:  

0

( , , ) ( ) ( , ) exp( )tx T r w x t r j t dt drτω τ η ω
∞ ∞

−∞
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⌠ ⌠
⎮ ⎮⎮ ⌡⌡

   (3) 

An example of the STFT magnitude, plotted as a function of time (slant range) and 
frequency is shown in Figure 2 for the simulated time-domain data in Figure 1.   

 

 
 

Fig. 2: STFT of a simulated reverberation time series of a 400 Hz bandwidth signal.  A 
target is present at 5 km with a SRR of 3 dB.   

 
In this STFT representation, lines of relatively constant reverberation magnitude, 

known as striations, are clearly evident.  This phenomenology has recently been observed 
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in real data collected in the Mediterranean as described in [7]. Note that because a 
Gaussian model was assumed in the distribution of bottom scatterers, x(ω,τ,T) will also be 
Gaussian-distributed, and Rayleigh-distributed in magnitude.  Moreover, although purely 
time-domain reverberation returns are often modeled as K-distributed [6], because of the 
inherent windowing used, it is expect that by Central Limit theorem arguments the STFT 
reverberation data is quite likely to be Rayleigh distributed in practice. 

3. CFAR WAVEGUIDE INVARIANT DETECTION 
Conventional CA-CFAR detection is performed by comparing the return at each slant 

range, e.g. in Figure 1, with a threshold estimated by split-window averaging the energy in 
neighboring range bins [8].  Alternatively, in this paper we consider a CFAR detector 
based on the STFT of the return, e.g. in Figure 2.  Define the test data vector as the STFT 
coefficients across frequency at the hypothesized target delay, τ0, 

[ ]1 0 0( , , ), , ( , , ) T
Kx T x Tω τ ω τ=x K . Detection of the target signal, s, in reverberation, r, and 

additive noise, n, can then be posed as a binary hypothesis testing problem where: 
 

 0

1

:       ~ ( , )
:   ~ ( , )

c

c

H CN
H CN

= +
= + +

x r n 0 R
x s r n s R

     (4) 

In (4), the target return is modeled as an unknown non-random component in complex 
Gaussian noise with covariance matrix, Rc. Assuming the STFT window, T, is longer than 
the correlation length of the time-series, the STFT coefficients of the reverberation and 
noise are approximately uncorrelated.  Thus, Rc is a diagonal matrix with non-uniform 
variances 2

0( , , ),  1, , ,  k T k Kσ ω τ = K  along the diagonal.  

Assuming for the moment that the 2
0( , , ),  1, , ,  k T k Kσ ω τ = K  are known a priori, the 

generalized likelihood ratio test (GLRT) associated with (4) can be written as: 
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Maximizing with respect to s, we have î is x= .  Taking the logarithm and simplifying, 
the GLRT detection statistic becomes simply: 

 
2

2
1

ln ( )
K

k

k k

x
σ=

Λ =∑x      (6) 

The GLRT test statistic in (6) corresponds to simply normalizing the power in each 
STFT bin by the reverberation plus noise variance and summing over frequency. 

To obtain a CFAR test, however, an estimate of 2
0( , , )k Tσ ω τ in (6) is required. The key 

idea here is to use waveguide invariant theory and associated predictions of the striation 
pattern in the STFT magnitude to obtain such an estimate. The waveguide invariant [2,3] 
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expresses the frequency-dependence of the horizontal wavenumber differences in a range-
independent waveguide in terms of the relationship:  
 1/( ) ( )m n mnk k βω ω γ ω−− ≈      (7) 

Where γmn is a constant determined by mode numbers, and β is the waveguide invariant.  
Although the exact value of β may fluctuate slightly with mode number difference, it has 
been shown to remain approximately unity in both simulation and real data for shallow-
water waveguides and low order modes [3].  The relation of (7) can be applied to the 
reverberation model of (3) by considering the Fourier spectrum of the reverberation return 
from a clutter patch at delay τ with a time extent T, denoted by ( , , )x Tω τ .  Applying (7), 
after some manipulation it can be shown that:  
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which yields a relationship between the reverberation level as a function of frequency for a 
reverberation patch in the interval [ ]/ 2, / 2T Tτ τ− + :   

22( , , ) ( , , )E x T E x Tβω τ α α ω ατ α⎡ ⎤⎡ ⎤ = ⎢ ⎥⎣ ⎦ ⎣ ⎦
     (9) 

where α is a parameter relating one range interval to another.  Thus the reverberation 
powers at two ranges are approximately equivalent under the expectation if appropriate 
changes in frequency are made.  The manifestation of (9) can be clearly seen in the 
striations evident in Figure 2.  

Since from (9) the mean reverberation level in the STFT is approximately constant 
along the striations, a natural, approximately unbiased estimate of 2

0( , , )k Tσ ω τ  is given 
by: 
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where the quantities iτΔ  are understood to be non-zero (i.e., away from the hypothesized 
slant range).  This corresponds to simply averaging along the striations in the 
reverberation. Placing this estimate in the log-GLRT defined by (6) yields a simple, albeit 
sub-optimal, CFAR test statistic.   

4. RESULTS 

The reverberation data used in this paper was drawn from the SCARAB98 experiment, 
which was conducted off the coast of Northern Africa in 1998 [10].  An impulsive source 
was used at a distance of few hundred meters from the receiver array.  The receiver array 
was a linear array of 128 phones, uniformly spaced at 0.5 meters.  The experiment was 
treated as monostatic for the purposes of this paper, which assumes a monostatic 
experimental setup.  The time series data was STFT’ed between the slant ranges of 3 and 8 
km.  The initial window was equivalent to 75 m in slant range, and the final window was 
200 m in slant range.  The STFT was calculated at 37.5 meter intervals.   
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Fig. 3:  (Left image):  Incoherent average of 7 STFT’s for 7 adjacent beams shows 

clear evidence of waveguide invariant striations. Also seen is a target-like return at 
approximately 4 km.  (Middle image):  The frequency invariant estimate of the 
reverberation removes the strong return at 4 km, but the striations are not well- 
reproduced.  (Right image):  The waveguide invariant estimate of the reverberation also 
removes the strong return at 4 km, and the smoothed striations are clearly present.   
 

The left-hand image in Figure 3 illustrates that the striation phenomenon, presumably 
due the waveguide invariance, occurs in the shallow-water environment of the 
SCARAB98 experiment.  Seven adjacent beams near endfire were STFT’ed and 
incoherently averaged.  The averaging procedure reduces the noise in the resultant surface, 
and the striations are thus more evident.  Note that there is a strong, target-like return at a 
slant range of 4 km.  Ground truth for the clutter discretes in this experiment  were not 
available, so it is not clear whether this is a bottom feature or a water-column target.  The 
striations in this averaged STFT can be shown to support the hypothesis that 1β ≈  in this 
environment.   

The middle image in Figure 3 shows the reverberation estimate that results if the 
reverberation at ( , )r ω  on the STFT is estimated by averaging the points at the same 
frequency ω while varying the slant range r.  For the purposes of this paper, this is dubbed 
a “frequency-invariant” reverberation estimate.  For the estimate shown here, care was 
taken to use only STFT data outside of a guard band that excludes ranges such that the 
STFT uses data in common with the STFT at the slant range r.  STFT data from intervals 
of 0.5 km in slant range was taken from both sides of the slant range, resulting in 1 km of 
data for the estimates.  It is apparent, when comparing the averaged STFT to this estimate, 
that the frequency-invariant estimate does not correctly reproduce the striated nature of the 
original STFT.  However, the target-like object at 4 km is suppressed, as would be 
expected from a split-window estimate of this type.   

The right-hand image in Figure 3 shows the estimate that results if the reverberation is 
estimated via the waveguide invariant method outlined by (6) and (10).  As was the case 
for the frequency-invariant estimate, the strong return at 4 km is suppressed, but now the 
striated nature of the original averaged STFT is more evident.   

A further comparison of the two estimates is show in Figure 4.  The left-hand image of 
shows the difference between the averaged STFT in Figure 3 and the frequency invariant 
reverberation estimate.  The strong return at 4 km stands out clearly in this image, but 
there are large errors throughout the resulting surface due to the fact that the estimate does 
not capture the striations in the reverberation.   

The right-hand image of Figure 4 is the difference between the averaged STFT in 
Figure 3 and the waveguide invariant reverberation estimate.  Again, the strong return 
stands out clearly, but now the errors at other ranges appear to be more randomly 
distributed.  This suggests that the trends in the STFT due to the striations are more fully 
removed from the resulting difference surface.   
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Fig. 4:  (Left image):  Difference (in dB) between the STFT surface and the frequency 

invariant reverberation estimate surface from Figure 3.  (Right image):  Difference (in 
dB) between the STFT surface and the waveguide invariant estimate surface from Figure 
3.  

As a final example of the differences between the two reverberation estimates, we 
consider the B-scans, normalized by the different estimates.  In the frequency-invariant 
case, the B-scan is normalized at each beam and range by the total energy of the 
reverberation estimate at the corresponding beam and range (ratio-of-sums normalization).  
In the waveguide invariant case, the magnitude spectrum at each beam and range is 
normalized in the manner outlined in (6) (sum-of-ratios normalization).   

 

 
Fig 5:  (Left image):  B-scan normalized by the frequency invariant reverberation 

estimate.  (Right image):  B-scan normalized by the waveguide invariant reverberation 
estimate.  

 
In Figure 5, the normalized B-scans (as discussed immediately above) are further 

normalized so that the peak on both surfaces is a zero dB.  In visually comparing the 
resulting surfaces, it is apparent that the waveguide invariant has a lower median 
background.  This suggests that the proposed method may improve target detection.   

5. CONCLUSION 

Active sonar detection involves a trade-off between detection in sub-bands against 
highly variable mean reverberation levels versus wider band detection against higher 
variance reverberation. This work has used the waveguide invariant property to estimate 
the frequency-selective range-dependent reverberation level at the hypothesized target 
range. The principle of waveguide invariance suggests that the STFT of the reverberation 
time series in a shallow-water waveguide can exhibit a striation phenomenon, and this is 
borne out by data drawn from the SCARAB98 experiment.   
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Simulation results with a waveguide invariant-based CFAR detector achieved 
significantly improved normalization of frequency-selective reverberation versus 
conventional cell-averaged CFAR, and are discussed in [9].   Future work will examine 
ROC performance and more sophisticated CFAR GLRT detectors.   

6. ACKNOWLEDGMENTS 

This work was supported by the ONR 321US 6.1 sonar signal processing program.  The 
SCARAB98 data was courtesy of C. W. Holland.   

REFERENCES 

[1] K. LePage, “Bottom reverberation in shallow water:  Coherent properties as a function 
of bandwidth, waveguide characteristics, and scatterer distributions, J. Acoust. Soc. 
Am., 106 (6), 3240-3254, 1999. 

[2] G. Grachev, “Theory of acoustic field invariants in layered waveguides,” Acoust. 
Phys., 39 (1), 33-35, 1993. 

[3] G. D’Spain and W. Kuperman, “Application of waveguide invariants to analysis of 
spectrograms from shallow water environments that vary in range and azimuth,” J. 
Acoust. Soc. Am., 106 (5), 2454-2468, 1999. 

[4] J. Ouijano and L. Zurk, “Use of the invariance principle for target tracking in active 
sonar geometries,” In OCEANS ’06 Boston MTS/IEEE Conference, Sept. 18-21 2006. 

[5] D. Ellis, “A shallow-water normal-mode reverberation model,” J. Acoust. Soc. Am., 
97 (5), 2804-2814, 1995.   

[6] D. Abraham and A Lyons, “Novel physical interpretations of K-distributed 
reverberation,” IEEE J. Oceanic Engineering, 27, 800-813, 2002. 

[7] K. LePage et al., “Broad-band time domain modeling of sonar clutter in range 
dependent waveguides,”  In OCEANS ’06 Boston MTS/IEEE Conference, Sept 18-21 
2006. 

[8] Richards, M., Fundamentals of Radar Signal Processing, McGraw-Hill, New York, 
2005. 

[9] R. Goldhahn et al., “Waveguide invariant reverberation mitigation for active sonar,” In 
ICASSP ’07 Conference, Honolulu, HI, April 15-20 2007.   

[10] C.W. Holland, “Mapping seabed variability:  Rapid surveying of coastal 
regions,” J. Acoust. Soc. Am., 119 (3), 1373-1387 (2006). 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

770



A MODEL-DATA COMPARISON FOR HIGH FREQUENCY 
BOTTOM BACKSCATTERING 

Dick G. Simons & Mirjam Snellen  

Delft Institute of Earth Observation and Space Systems, Delft Technical University, 
Kluyverweg 1, 2629 HS Delft, The Netherlands, Fax: +31 15 2783711, E-mail: 
d.g.simons@tudelft.nl 

Abstract: Backscatter measurements have been collected in an area in the North Sea, 
characterised by a variety of bottom types, including mud, sand and gravel. The 
measurements were made by a 100 kHz forward-looking sonar, tilted at an angle of 30º 
from the horizontal. From the acoustic data, values for the backscatter strength have 
been extracted as a function of position. 25 bottom grab samples were taken in the area 
and analysed in the laboratory. The resulting mean grain sizes (in ϕ units) range from Mz 
= 5 to Mz = -1, i.e., from really soft sediments (sandy mud) to much harder sediments 
(sandy gravel). These mean grain size values were used for performing backscatter 
model calculations. The model accounts for roughness scattering and volume scattering. 
Depending on the mean grain size, either of the two is dominant. Therefore, when 
maximizing the agreement between modelled and measured backscatter a distinction is 
made between the soft sediments and harder sediments. For each of the regions, the 
relevant model input parameter was varied, thereby obtaining an optimum match 
between modelled and measured backscatter strengths for the entire range of grain sizes. 

Keywords: Backscatter measurements, backscatter modelling 

1. INTRODUCTION  
This paper deals with high-frequency backscatter strength measurements taken at 30º 

grazing angle of incidence. The area in which the measurements were taken is the 
Cleaverbank area (North Sea), featuring a large number of different seafloor types. In this 
paper backscatter strength values as predicted by a model are compared with the 
Cleaverbank measurements of the backscatter strength. The availability of backscatter 
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models, predicting backscatter strength as a function of seafloor type, allows for 
converting the measured backscatter strengths to seafloor properties. However, good 
model validation is required when employing the model for classification purposes. 

Section 2 presents a description of the dataset, whereas in section 3 a short description 
of the backscatter model is given. Section 4 reports on the model-data comparison. The 
paper ends with the summary and conclusions in section 5. 

2. DESCRIPTION OF THE DATA SET 
The experiments were conducted in the North Sea. The selected area (size 10x10 

nautical miles) includes a variety of sediment types from soft and smooth (‘sandy mud’) 
to hard and rough (‘sandy gravel’). The water depth ranges from 30 m in the gravel area 
to 60 m in the mud area. The experiments were carried out with ships equipped with a 
forward-looking sonar operating at a frequency around 100 kHz and tilted at an angle of 
30°. The analysis applied for determining this backscattering strength is described in [1]. 

For obtaining up-to-date information of the surface sediment of the sea bottom, 25 
bottom grabs were taken along the acoustic tracks. The laboratory analysis of the bottom 
samples comprised the following steps. First the samples were dried. Next the samples 
were sieved with a mesh of 2 mm, thereby separating the gravel and shells from the sand 
and mud. Both the gravel and shell weight percentage were subsequently determined. The 
precise grain size distribution of the sediment samples (after the gravel was removed) 
was determined by optical microscopy. The median values d50 of the grain size 
distributions are given in Table 1. This parameter is defined such that 50 % of the grains, 
by weight, are smaller than d50. In the following use will be made of d50 to characterize 
the sediments, where it will be expressed as a value for Mz, with [ ]50

2 log dM z =− . Mz 
values typically range from 9 to -1. In the trial area under consideration we find values 
for Mz ranging from 5 to -1. 

In addition to the above, also sediment classification according to Folk [2] was 
assigned to each bottom grab. The Folk class is based on the relative amount of gravel, 
sand and mud (mud being silt or clay). The distinction between mud and sand is made on 
the basis of the grain size (diameter). All grains smaller than 62.5 μm are assigned to the 
mud content of the bottom grab. The resulting Folk class for each bottom grab is also 
given in Table 1. 

 
Table 1: Grab analysis results: Folk class, gravel percentage, median grain size (d50), Mz-values used 
for the analysis in section 4, and measured backscatter strength at 30° grazing angle of incidence. 
The last column presents modeled backscatter values (30° grazing angle of incidence) for σ2 equal to 
0.0014 and w2 1.4 times its default value. 
Folk  class Gravel 

content [%] 
d50 [μm] Mz [ϕ] Measured BS at 30° 

[dB] 
Modelled BS at 30° 
[dB] 

sM 0.00 33 5 -28 -28.2 
mS 0.00 221 2 -22 -23.5 
mS 0.00 100 3.5 -22 -26.9 
sM 0.00 28 5 -28 -28.2 
sG 56.60 501 -1 -14 -16.9 
S 0.00 404 1.5 -25 -22.2 
S 0.00 281 2 -24 -23.5 
S 0.00 233 2 -25 -23.5 
sM 0.00 33 5 -29 -28.2 
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sM 0.00 30 5 -28 -28.2 
S 0.00 238 2 -27 -23.5 
S 0.04 337 1.5 -28 -22.2 
gS 14.30 405 0.5 -18 -19.5 
gS 7.75 399 0.5 -18 -19.5 
sM 0.00 41 4.5 -29 -27.9 
S 0.00 318 1.5 -27 -22.2 
S 0.40 432 1 -26 -20.4 
sG 70.20 506 -1 -14 -16.9 
msG 49.95 437 -0.5 -13 -17.7 
msG 32.00 519 -0.5 -16 -17.7 
gS 30.00 398 0.5 -11 -19.5 
sG 48.00 357 -1 -15 -16.9 
sG 49.50 389 -1 -14 -16.9 
S 0.07 367 1.5 -26 -22.2 
sG 39.50 399 -1 -17 -16.9 

3. DESCRIPTION OF THE BACKSCATTER MODEL 
According to [3], the backscatter model employed for the current work models the total 

backscatter strength as the result of a contribution from volume backscattering and rough 
interface backscattering, ( ) ( ) ( )[ ]θσθσθ vrBS += log1010 . Here, σr and σv are the 
backscattering cross sections, per unit area and per unit solid angle, due to the interface 
roughness and due to volume scattering, respectively. 
σr is modeled as the result of three different approximations ([3]): 1) The Kirchhoff 

approximation, valid for grazing incidence angles near 90°; 2) The composite roughness 
approximation, valid for smooth to moderately rough sediment and grazing incidence 
angles away from 90°; 3) Large-roughness scattering, where the scattering cross section 
is determined from an empirical expression which is derived for rough sediments, like 
gravel and rock. The resulting σr is obtained by appropriate interpolation between these 
three approximations. The Kirchhoff cross section does not have any effect on σr for 
grazing angles smaller than 40°. Since in this paper, a grazing angle of 30° is considered 
there is no contribution of the Kirchhoff approximation to σr. Both the composite 
roughness and large roughness cross sections are a function of the roughness spectrum. 
Following [3] the following isotropic relief spectrum is assumed: ( ) ( ) 202 wKhKW γ−= , 
with K the wave number of the bottom relief, h0 a reference length (1 cm), w2 the spectral 
strength parameter and γ the spectral exponent. Additionally, the composite and large 
roughness cross sections are determined by the sediment density, attenuation coefficient 
and sound speed. 
σv is modeled (cf. [3]) based on the following expression for sediment volume 

backscattering cross section 
( ) ( )

( ) ( ){ }θθν

θθδσ
σ

PP

R
pv

Im10ln

sin15
2

22
2 −

=              (1) 

with ν the ratio of sediment sound speed to water sound speed, δ the ratio of imaginary 
wavenumber to real wavenumber for the sediment, R the amplitude reflection coefficient, 

θ the grazing angle of incidence and ( ) θκθ 22 cos−=P , with ( )δ
ν

κ i+= 11 .  σ2 is the 
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ratio of sediment volume scattering cross section to attenuation coefficient, taken as 
0.002 for all sediment types. σv is determined from σpv accounting for shadowing and 
bottom slope correction. 

4. MODEL-DATA COMPARISON 
4.1 Defining the model input  

The parameters needed as input to the backscatter model are: 
 ρ and ν:  sediment – water ratios of mass density and sound speed; 
 δ: ratio of imaginary wavenumber to real wavenumber for the sediment; 
 γ and w2:  exponent and strength of bottom relief spectrum; 
 σ2:  ratio of sediment volume scattering cross section to attenuation coefficient. 

 

Empirical relations are available that relate ρ, ν and δ to sediment mean grain size [3]. 
Since the grabs provide values for the median grain size of the mud and sand part, these 
grain size values are used for calculating ρ, ν, and δ for the non-gravelly sediments, 
thereby assuming the mean and median grain size to coincide. For the grabs that do 
contain gravel the values for the grain size used for calculating ρ, ν, and δ are based on 
the Folk class and are taken from [3]. 

For γ the recommended value of 3.25 has been employed, whereas for w2 we have used 
2
0

2
2 00207.0 hhw = , with h the rms relief (h = 0.5 for 5 ≤ Mz ≤ 9 and  

h = (2.03846-0.26923 Mz)/(1+0.076923 Mz) 
for -1 ≤ Mz < 5). 

Figure 1 shows the comparison of 
measured and modelled BS values. It can 
be seen that although there is a reasonable 
agreement, there are still some clear 
differences. For the sediments with high Mz 
(i.e. low values for BS, areas 1 and 2 in 
Figure 1), the model over predicts the 
backscatter strengths, whereas for the lower 
Mz values, corresponding to area 3 in 
Figure 1, the model under predicts the 
backscatter values. 

 
Figure 1. Modelled and measured BS [dB] at 30° 
grazing incidence angle.  For the model use was 
made of values for σ2 and w2 recommended as 
default values by [3]. 

 
4.2 Refining the model input 

In areas 1 and 2 indicated in Figure 1 the backscatter strength at 30° grazing angle is 
dominated by volume backscattering. Therefore, in order to decrease the volume 
backscattering, thereby increasing the correspondence between model and measurements, 
the volume parameter, σ2, is decreased by a factor of 2. 

The results are presented in Figure 2. Due to the decrease in the volume parameter, the 
model predicts lower values for the backscatter strength for the sediments of areas 1 and 
2. Since the backscatter strength for the sediments with higher values for Mz (area 3) is 

2 

1

3 
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dominated by roughness scattering, the decrease in σ2 has no noticeable effect on the 
predicted BS values for these sediments. A further decrease in σ2 will result in an 
increased model-data agreement for area 2, however, it would decrease the model-data 
agreement for the data points contained in area 1. 

For the sediments of area 3 the model under predicts the backscatter values. 
Backscattering for these larger grain size sediments is dominated by roughness scattering. 
To increase the roughness scattering, we have increased the spectral strength parameter 
w2 by a factor of 2. Figure 3 shows the results. Clearly the model-data agreement has 
increased for the data contained in area 3. However, a decrease in model-data agreement 
has occurred for the data contained in area 2. 

For further analysis we consider the following energy function: 
 

( )∑ −=
=

N

i
imeasimod NBSBSE

1

2
,, /              (1) 

 

 
Figure 2.  Modelled and measured BS [dB] at 30° 
grazing incidence angle.  The volume scattering 
parameter σ2 was decreased by a factor of 2 
compared to the results of Figure 1. 

 
Figure 3. Modelled and measured BS [dB] at 30° 
grazing incidence angle. σ2 is decreased by a 
factor of 2 and w2 is increased by a factor of 2 
compared to the results of Figure 1. 

 
Table 2 presents the values of E for the different steps described. A distinction is made 

between the three different areas. Decreasing the volume parameter clearly has the 
desired effect, i.e., a decrease in E, for area 1. Increasing the spectral roughness strength 
parameter w2 indeed results in a lower E for area 3. Considering however area 2, an 
increasing E is observed. 

 
Table 2.  E [dB] for the different values for σ2 and w2 considered. A distinction is made between the 
three different areas as indicated in Figure 1. 
Setting for 
σ2 and w2 

E for 
area 1 

E for 
area 2 

E for 
area 3 

Total E 

Default 1.88 3.43 4.16 3.51 
σ2 →  σ2/2 1.34 3.54 4.21 3.53 
w2→  2*w2 1.30 4.41 3.14 3.47 
Optimal 0.64 3.89 3.61 3.37 

 

3 

1 

2 

3 
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Therefore, as a final step we determine E for a series of values for σ2 and w2. The 
result is presented in Figure 4, where grey scale colours indicate values for E. The star 
indicates the position for the lowest E-value, i.e., σ2 amounts to 0.0014 and w2 is 1.4 
times its default value. Figure 5 shows the resulting model-data comparison. Values for E 
in each of the areas separately are presented in Table 2. Table 1 presents the resulting BS 
values (30° grazing angle of incidence). 

 
Figure 4. Values for E as a function of σ2 and w2 
in grey scale colours. The ‘+’ indicates the 
starting solution, whereas the ‘*’ indicates the 
optimal solution. 

 
Figure 5. Comparison of modelled and measured 
backscatter strength values [dB] at 30° grazing 
incidence angle, for optimal values of σ2 and w2. 

5. SUMMARY AND CONCLUSIONS 
This paper presents a comparison between measured and modelled values for the high 
frequency backscatter strength at 30° grazing incidence angle. The model accounts for 
roughness scattering and volume scattering. Depending on the mean grain size, either of 
the two is dominant. Acceptable model-data comparison can be obtained for the complete 
range of backscatter value measurements by varying the relevant model parameters such 
that an optimal match is obtained. Further improvements can be expected from adapting 
the functional dependence h = h(Mz) and possibly inversion for geo-acoustic parameters. 
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Abstract: A measurement of reverberation provides an opportunity to estimate 
geoacoustic parameters of the seabed by searching the relevant parameter space for a 
combination of inputs that, when fed into a reverberation model, best matches the 
measured data.  The success of this process relies in part on the accuracy of the 
reverberation model used.  In turn, in order to assess the accuracy of the forward model it 
is necessary to have a set of known scenarios for which the correct solution is known.   
Results from a recent reverberation modelling workshop provide a suitable set of 
scenarios if accurate solutions can be established for them.  Particular cases considered 
in the present article involve shallow water bottom reverberation for frequencies between 
250 Hz and 3.5 kHz, and a water depth of 100 m.  Results are presented using various 
reverberation models based on ray, flux and normal mode theory. Comparisons are made 
with results from other workshop participants. Confidence in the solution accuracy varies 
from problem to problem.  Likely accuracy is assessed by the extent to which the results of 
different modelling approaches are in agreement with one another.  

Keywords: low frequency active sonar, reverberation benchmarks, geoacoustic inversion 
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1. INTRODUCTION  

A reverberation modelling workshop (RMW) was held at the University of Austin, 
Texas (USA) in November 2006.  The purpose of the workshop was to improve 
understanding of reverberation modelling by comparing results from as many different 
models and techniques as possible.  This approach was intended to examine agreement 
and differences between the models in order to identify opportunities for improvement.  
We interpret this as the first step in a bootstrap process leading to eventual benchmarks of 
the reverberation envelope as a function of time. The present article is a summary of a 
more extensive description [1] to appear in the workshop proceedings.  A detailed 
description of all problems can be found on the workshop ftp site 
[ftp://ftp.ccs.nrl.navy.mil/pub/ram/RevModWkshp/].   

Our own motivation for this work stems from an objective to infer seabed parameters 
from measurements of low frequency active sonar reverberation.  One approach is to 
conduct a global search over multiple trial values of the (geoacoustic) input parameters of 
a reverberation model.  The outcome of the search is deemed to be that combination that 
produces the best match between measured and modelled reverberation [2].  Confidence in 
the accuracy of forward reverberation modelling is a pre-requisite for this purpose.  
Validation of reverberation models by means of a controlled experiment at sea is not a 
practical proposition because the properties of the seabed are not sufficiently well known.  
One possible alternative is a scaled laboratory experiment.  Another, as pursued here, is a 
bootstrap theoretical approach involving the construction of accurate reference solutions 
(“benchmarks”) for well defined scenarios.  Although it is not yet possible to compete 
with the accuracy of available benchmarks for propagation loss [3] or reflection loss [4], 
the RMW comparisons provide an excellent starting point for reverberation.   

2. MODEL DESCRIPTION 

Our results are presented using the models C-SNAP-REV (henceforth abbreviated 
“CSNAP”), FLUX and SAFFIRE.  CSNAP is a widely used normal mode program that is 
described elsewhere [5], [6].  SAFFIRE is an incoherent ray sum that adds contributions 
from all possible multipaths, including specular reflections (so-called ‘fathometer’ returns) 
[7].  The FLUX model [1], [8] is based on the flux concept introduced by Weston [9], and 
applied previously to reverberation by Lurton and Marchal [10] and by Harrison [11].   

3. PROBLEM DESCRIPTION 

The selected problems involve calculation of reverberation for a shallow water 
environment at the frequencies 250, 1000 and 3000 Hz.  In all cases presented here the 
source and receiver depths are 30 m and 50 m, respectively.  Apart from the depth offset, 
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the geometry is monostatic. Source level values depend on frequency, as specified in 
Table 1. 

Two sound speed profiles are considered, the first (RMW problem XI) being 
isovelocity and the other (problem XII) involving a uniform negative gradient of −0.3 s−1.  
Results for a third case (problem XIII, involving a positive gradient of +0.1 s−1) are 
included in Ref. [1].  The sound speed in water at the water-sediment boundary is 1500 
m/s.  A perfectly smooth sea surface is assumed and absorption in water is calculated 
using Eq. 1.34 of Ref.  [12] (see Table 1). 

 
f 
/ Hz 

SLE /  
dB re μPa² m² s 

α /  
dB km−1 

αc / 
 dB s−1  

250 -20.27 0.0105 0.0157 
1000 -26.29 0.0693 0.1040 
3500 -31.73 0.2397 0.3596 

Table 1: Energy source level (SLE) and attenuation (α)  values vs frequency (f).  The 
conversion from dB/km to dB/s assumes a wave speed (c) of 1.5 km/s. 

The seabed parameters correspond roughly to fine sand of grain size 2.5 φ [13].  Precise 
values for the sediment sound speed, density ratio and attenuation coefficient are 1700 
m/s, 2.0 and 0.5 dB/λ.  Lambert’s rule is assumed for the scattering strength with a value 
of −27 dB for Lambert’s parameter.   

4. WORKSHOP PROBLEM RESULTS 

Our submitted results for problems XI and XII are shown in Fig. 1 for the models 
SAFFIRE (problem XI only), FLUX and CSNAP and for three frequencies, for a receiver 
depth of 50 m.  A comparison with the results of other participants for a single frequency 
is shown in Fig. 2. Data for other receiver depths are included in Ref. [1].     

 

 
Fig. 1: Reverberation level vs time for problem XI (left) and problem XII (right): 

submitted solutions for 3 frequencies 0.25, 1.0 and 3.5 kHz. 
 
The problem XII results shown in Fig. 2 are exactly as downloaded from the ftp site, 

[ftp://ftp.ccs.nrl.navy.mil/pub/ram/revmodwkshp/post_workshop_results_summary_11130
6/], as posted by the organisers on 13 November 2006.  Of the 14 curves plotted for 
problem XI, all but 2 are also as downloaded.  The 2 exceptions are those labelled “Prior” 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

779



 

(for which a correction of 9.30 dB is applied [1]) and “Harrison+” (calculated by 
application the correction of Ref. [14] to the curve of Harrison) 

The objectives of this and subsequent comparisons are two-fold: to identify the best 
solution of those available (is it a “benchmark”?); and to identify any problems with our 
own solutions.   

5. DISCUSSION 

5.1. problem XI (isovelocity) 

Of the three models used for problem XI (see Fig. 1), in the region where their results 
overlap (3-10 s) SAFFIRE should be the most accurate, as it makes fewer approximations 
(in that region) than either CSNAP or FLUX, amounting to an exact solution in the high 
frequency limit.  Making the assumption that SAFFIRE does indeed provide the correct 
solution, it follows that FLUX is also correct (at least in the overlap region) because (to 
the accuracy that can be perceived from Figure 1) it agrees with SAFFIRE, whereas 
CSNAP is 1 dB or so lower. 

To help visualise the similarities and differences between model predictions, it is 
convenient to subtract a reference curve from the results of Fig. 2.  The curve chosen for 
this purpose is Harrison’s [11] analytical approximation (labelled “REFERENCE” in Fig. 
2) (see Ref. [1] for details].  A graph of reverberation relative to this reference curve, for 
problem XI only, is shown in Fig. 3. 

For the interpretation of Fig. 3 it is useful to distinguish between three qualitatively 
different regimes, as follows.  At early times (roughly the left third of Fig. 3) there is a 
region that is well characterised by a relatively small number (order 10 paths each way) of 
discrete ray multipaths.  This region is ideally suited to solution using ray theory.  At long 
ranges, in the mode stripping region [8], [11] (right third of Fig. 3) the number of 
contributing rays exponentiates and the accuracy of ray models drops towards the end.  
This is natural normal mode (or flux) territory as the propagation angles are small, and 
hence the number of modes is also small. In between there is a transition region where it is 
hoped to find overlap between ray and mode or flux models.  An overlap is indeed 
obtained through 10 s between the ray solutions of Weinberg, Yudichak on one hand, and 
FLUX and Ellis’s normal mode result on the other.  This overlap (i.e., agreement between 
results from different approaches) is the main reason for having confidence in these 
solutions.  In particular, the following results are believed to be correct to within an 
accuracy of ± 0.3 dB (for detailed arguments, see Ref. [1]): 

• 1-10 s: Fromm, Weinberg, Yudichak, SAFFIRE. 
• 10-40 s: Ellis, Weinberg, Yudichak, FLUX 
• 40-60 s: Ellis, Holland28, Holland90, FLUX, Harrison+ 
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Fig. 2: Reverberation level vs time for problem XI (upper) and problem XII (lower): 

comparison with other participants for 1 kHz only. 
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Fig. 3: Reverberation level vs time for problem XI relative to the reference curve 

identified in Fig. 2 (see text for details). 
 
Notice that: 

• The ray models in general perform well at short range (especially Fromm, 
Weinberg, Yudichak) and less well at long range, where they tend to run out of 
rays.  Two of the ray models (Brooke and Fromm) achieve reasonable accuracy (± 
0.6 dB) for the entire time window considered (1-60 s). 

• The flux models in general perform well at long range (especially Ellis, Holland, 
FLUX and Harrison+) and less well at short range, where discrete ray arrivals 
become important. 

• An unexpected feature occurs in some of the ray models at a time of 50 s.  The 
feature, a sharp rise and fall of up to 1.5 dB, is most pronounced in Brooke’s data 
and at 50 s, but it appears also in Weinberg and Yudichak as well as at other integer 
multiples of 12.5 s. 

5.2. problem XII (“summer” profile) 

Our submitted solutions for problem XII, for FLUX and CSNAP, are shown in the 
right-hand graph of Fig. 1 (50 m depth receiver only).  For 1 kHz, these are compared with 
selected problem XII results downloaded from the ftp site (lower graph of Fig. 2).  
Weinberg and Fromm show good agreement with each other in shape as well as level, 
with convergence zone (CZ) features repeating every few seconds.  The normal mode 
solutions (LePage, CSNAP) are several dB lower (CZ features are not predicted by the 
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mode models due to the use of incoherent summation of modes).  The FLUX result is 
intermediate in level and also omits the CZ features.  Overall, the inter-model agreement is 
less satisfactory than for problem XI.  

6. CONCLUSIONS 

Good consistency between models is achieved for problem XI.  A list of results 
considered to be of benchmark quality (accuracy within approximately ± 0.3 dB in 
specified time windows) is given. These are the ray models of Fromm, Weinberg, 
Yudichak and SAFFIRE, the mode model of Ellis, and the flux models FLUX, Holland 
and Harrison+. 

For problem XII there is less consensus generally, and thus more uncertainty than for 
XI.  Reasonable agreement is obtained between different models using the same basic 
method, but not between different methods.  Independent confirmation of these results is 
therefore needed. 
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Comparison between internal wave augmented and purely bottom 
induced attenuation as a function of frequency SW06 measurements 

and numerical simulations 
 

Valery Petnikov, Boris Katsnelson, Harry DeFerrari, Hien Nguyen, James Lynch, 
Arthur Newhall and Sergey Pereselkov 

 
Abstract: A comparison between internal wave augmented and purely bottom 
induced low frequency (100-800 Hz) sound attenuation is made using the acoustic         
intensity variability of signals experimentally measured in the SW06 experiment in 
the Mid-Atlantic Bight during summer, 2006. An along shelf path of length ~20 km is 
considered, for which one has conditions both  with and without strong internal wave 
scattering. The variable oceanography at this site, both the quickly changing internal 
wave field  and the more slowly changing background, were measured by an 
extensive network of moorings, shipboard sensors, gliders and satellites. Large  scale 
bottom measurements of the area provide high resolution background geoacoustic 
profiles for the acoustic propagation track. Acoustically, we consider several days of 
data from a Woods Hole Oceanographic  Institution (WHOI) moored single 
hydrophone receiver as it listened to transmissions from the University of Miami 
moored source.  (Work supported by ONR).  
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SOUND SCATTERING FROM SHORT METALLIC CYLINDERS 
AND ITS RELATION TO MODAL VIBRATIONS  

Halvor Hobæk and Tonje Lexau Nesse   
 
Department of Physics and Technology, University of Bergen, N-5020 Bergen, Norway 

Halvor Hobæk, Department of Physics and Technology, PB 7803, N- 5020 Bergen, 
Norway, fax: +47 55 58 94 40, halvor.hobak@ift.uib.no  

Abstract: Measurements on sound reflected from short metallic cylinders rotated in an 
ultrasound beam is presented. At each angle of rotation the frequency was scanned in the 
range 100-300 kHz. Mapping the scattered amplitude in terms of frequency and rotation 
angle reveals the presence of strong lobes, in addition to ordinary sidelobes caused by the 
finite cylinder length. The purpose of this presentation is to investigate the nature of these 
lobes and try to relate them to internal vibration modes excited in the cylinder, by 
converting the measured lobes to branches in a dispersion diagram. 

Keywords: vibration modes, amplitude scattering maps, dispersion diagrams. 

1. INTRODUCTION 

Interaction of sound waves with cylinders and cylindrical shells has been a subject of 
considerable attention in the literature in the past 50 years. It was therefore a surprise to 
discover that it was difficult to find published results similar to ours, neither experimental 
nor as theoretical models. The background for the present investigation was simply as a 
test of the experimental set up for a different purpose.  Short cylinders of Al and Cu were 
used as targets in an ultrasound beam, and the backscattered sound recorded at different 
frequencies and rotation angles. Plotted as amplitude scattering maps like in Fig. 1 for an 
Al-cylinder, not only the “form function” appears (at broadside orientation), but also some 
major sidelobes, in addition to a pattern of smaller sidelobes. The quest is now to explain 
the nature of these lobes. 
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Fig 1. Amplitude map of scattered sound from a 10 cm Al-cylinder.  Horizontal axis: 

rotation angle, vertical axis: frequency in kHz. The color represents the amplitude   
(target strength).  On the right panel zeroes of sinc(½kL sin(2θ)) are overlayed. 

 

2. EXPERIMENT  

The target was suspended horizontally in fine Nylon fibers (0.15 mm) under a rotating 
table with vertical rotating axis intersecting the mid point of the cylinder axis. The 
transducer was a Simrad 200 kHz composite transducer also used as receiver, mounted 
with horizontal beam axis in a tank of dimensions 1x1x4 m3, filled with water of salinity 
approaching physiological salt water (10.7 ppt). Standard instrumentaton consisted of a 
HP33120 signal generator and ENI 310L power amplifier on the transmit side. Received 
signals were digitized with a TDS220 oscilloscope synchronized with the transmit signal. 
Signal generator, oscilloscope and rotating table were controlled by a PC. A diode based 
signal divider was used to prevent the transmitting signal to saturate the receiving system.  
Burst length of 100 cycles was used to approximate a CW-situation. Signals at all 
frequencies (∆f = 1 kHz) were recorded for each step of rotation, averaged over 16 
sweeps.  Each trace was saved for later analysis, where a stable part of the burst was 
selected and the rms-value computed. The transducer was calibrated using a WC sphere of 
known reflection coefficient. Two cylinders of Al were used, of diameter 8.35 mm and 
lengths 100.0 and 73.45 mm, respectively, and one Cu-cylinder of diameter 12.5 mm and 
length 147.5mm.  All cylinders had flat end surfaces.  The small Al-cylinder did differ 
insignificantly from the larger one, and is not shown here. 

 

3. THEORY 

A vast literature of theoretical models adressing different aspects of scattering from 
cylinders and cylindrical shells exist [1,2].  However, we have not succeded in finding any 
model which directly describes the obesrvations. The final choice was therfore to use 
models for modal vibrations in homogeneous cylinders of infinite length.  Unfortunately, 
most of the published models contain printing errors which are not easily 
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Fig.2 Amplitude scattering maps for the Cu-cylinder, with labelling of lobes. 
 
 

resolved.  Finally we settled on the model by Bao et al. [3], which also corresponds to the 
model in [4] for the case of solid cylinders.  It should be noted that these models assume 
very weak coupling to the fluid medium (actually vacuum). This is not unreasonable 
because of the large impedance contrast between the solid and water.  Numerical 
simulations consist of finding the roots of a 3 by 3 determinant, which are located by using 
Matlab's contouring algoritms. Note that this also frequently results in artificial modal 
branches which need to be removed manually due to their unphysical nature. The solutions 
depend on the fundamental modal number, n, which correponds to the number of nodal 
planes in a cross section of the cylinder. Thus, n=0 represents symmetric modes or 
“longitudinal” wave modes (or breathing waves), while n>0 represents asymmetric modes 
or “flexural waves”. If we consider a small length of the cylinder, n=0 may be considered 
as a monopole motion, n=1 as a dipole, n=2 as a quadrupole etc. To each of the 
fundamental modes exist an infinite number of associated modes, signified with integer m. 
Thus, the longitudinal modes we designate as L(0,m), the flexural modes as F(1,m), 
F(2,m) and so on. Note that this simple classification of the modal vibrations circumvents 
a very confusing nomenclature found in the literature, and which there is no room to 
discuss here. In addition to these modes there are separate solutions for torsional modes 
(or helical waves).  We shall not consider these here since they appear not to be excited. 

Note that the finite length of the cylinders seems to be necessary in order to scatter the 
signals the way we observe. For an internal vibration mode to be excited, the phase speed 
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of the incident wave along the cylinder face must match the axial phase speed of the 

modal wave. If the incidence angle is θ with respect to the perpendicular to the cylinder 
axis, the scattered wave should be in the direction θ to the other side. Thus, in order to 
receive it at the incidence angle the modal wave must propagate in the opposite direction.  
This should not happen in an infinite cylinder, but can happen if the wave is reflected at 
the end face of the cylinder.   The modal solutions are presented in terms of  Fig. 3. 
Dispersion diagrams of the two aluminium lobes and simulated eigenmodes. Left: n=0, 
L(0,m), m=1- 4. Right: n=1, F(1,m), m=1- 4. 

 
ordinary dispersion diagarams, with (dimensionless) axial wavenumber as the vertical axis 
and (dimensionless) frequency as the horizontal.  We use the convention often found in 
the literature: y=ωa/cs for the frequency, and x=γa=ka sinθ for the axial wave number. 
Thus, in order to convert the measurements to dispersion diagrams we need the shear 
wave speed of the cylinders. For the Al-cylinders this is determined by the location of the 
big dip in the form function at 283 kHz (see Fig. 1), which turns out to be very little 
sensitive to the compressional wave speed.  We found  cs= 3165 ± 5 m/s. For Al we 
assume Poisson's ratio  σ=0.33, as found in standard tables.  For the Cu-cylinder we used 
the form function measured at frequencies 700-900 kHz to determine the speed, and found  
cs= 2305 ± 5 m/s, and  assume σ=0.35. 

In the Al-cylinder the smaller sidelobes are identified as due to sin(x)/x scattering 
caused by the finite length of the cylinder. This should be expected, but some care must be 
excercised: If the incidence angle is θ the scattering angle is 2θ, since the main scattered 
lobe is in direction θ to the other side of the perpendicular to the cylinder axis.   
In Fig. 1 this is seen to correspond well with the measurements. 

Fig. 4. Dispersion diagram of the Cu lobes and simulated modal branches (blue 
curves). Left: n=0, L(0,m). Right: n=1, F(1,m). 

Fig. 5. Dispersion diagram of the Cu lobes and simulated modal branches (blue 
curves). Left: n=2, F(2,m). Right: n=3, F(3,m). 

 
 

4. RESULTS 

Fig. 3 shows simulated dispersion diagrams for the Al-cylinder for fundamental modes 
n=0 and n=1, with the measurements transformed to the same type of plot. 

The outer lobe at 18 degrees, marked B1, fits well to the mode L(0,1), while the smaller 
lobe fits nicely with mode F(1,2). It is interesting to note that the first flexural mode F(1,1) 
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has not been excited. Thus, it seems that both of the larger lobes seen in the scattering 
from the Al-cylinders are accounted for. 

The Cu-cylinder contains a large number of lobes, and the dispersion diagrams may 
seem a bit confusing at first.  Fig. 4. and 5. shows all the observed lobes converted to 
dispersion diagrams with modal branches corresponding to n=0 – 3 in separate plates. 

The only lobe corresponding to modes with n=0 is the one labelled D2, which matches 
L(0,1) rather well. At n=1 there is a good corrspondance between lobes H and S (they 
obviously belong to the same mode) and F(1,1) and between lobe A and mode F(1,2). It 
seems like lobe B may fit mode F(1,3), but not very well.  At n=2 we see that lobe B fits 
much better to mode F(2,2), and lobe D1 to F(2,1).  Finally the n=3 modes show that lobe 
C fits well with mode F(3,2) and lobe I with mode F(3,1).  Thus, the major lobes have 
been identified rather well with vibration modes which may be computed with a model for 
an infinitely long cylinder in vacuum.  The remaining lobes labelled E, F and G are so far 
not identified. They cannot belong to vibration modes contained in this model, and do not 
fit with torsional modes either. 

 

5. DISCUSSION AND CONCLUSIONS 

It is found that in addition to sidelobes corresponding to sinc-functions due to the finite 
length of the cylinder, several sets of strong lobes are present. In the Al-cylinder 2 lobes 
are excited and identified as vibration modes. It is a bit surprising that mode F(1,1) is not 
present.  This mode may actually be excited, since simulations show that it should be seen 
at rotation angles exceeding 32 degrees, which is just outside the range used in the 
experiment. The other modes need higher frequencies or a larger cylinder radius to be 
excited.  In the Cu-cylinder 10 lobes are seen, 7 of which has been identified  as modes.  
The correspondence is good, even if the models assume cylinders of infinite length and no 
influence of the surrounding medium.  The finite length of the cylinders is instrumental for 
the lobes to be observed, since they must be radiated by waves in the cylinder propagating 
in the opposite direction to the axial component of the incident sound wave [5]. Thus, the 
waves excited by the sound wave must be reflected from the end surfaces. The 
unidentified lobes E, F and G all lies in a frequency range where the transducer has little 
sensitivity, and therefore subject to a higher noise level than at higher frequencies. 
However, they appear in several independently measured maps, and are not likely due to 
random measurement errors.  It is possible that they may be caused by the finite length of 
the cylinder. Further modelling by FEM may clarify this matter. 

By measuring the angular location of several lobes at a few selected frequencies it 
might be possible to determine the shear wave and compressional wave speed in the 
cylinder. 
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 A MULTIBEAM SUBBOTTOM PROFILER 
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Jerald W. Caruthers, University of Southern Mississippi, 1020 Balch Blvd, Stennis Space 
Center, 39529, 228-688-1121, Jerald.Caruthers@usm.com 
Abstract: A towed Multibeam Subbottom Profiler (MSP) was recently constructed from 
three T70 Neptune Sonar transducer modules in a line. Each T70 has five 11.5-kHz 
elements in each of two parallel lines. The MSP is composed of fifteen elements in each 
line with a total length of 1.4 m. The lines are separated by about 8.5 cm. Each line has a 
full beamwidth to the 3-dB points of about 5 x 70 degrees. The system will be used in an 
interferometric mode between the two lines. The design objective of the MSP is to allow 
for underway measurements of the backscatter function of seafloor and subbottom versus 
angle of incidence out to 45 deg from nadir on both sides. The system will allow a side-
scan-sonar-like view of the total backscatter to subbottom depths ranging from 10 to 20 m 
depending on seafloor properties and the angle of incidence. At near-nadir angles out to 
about 6 deg, we expect that subbottom layers can be identified and properties determined. 
Beyond that we expect to obtain information on subbottom inhomogeneities. This 
approach offers enhanced regional assessments of variabilities. Such information may 
support a better understanding of other more detailed, but less spatially connected point 
scattering measurements. This system is expected to be completed and undergo initial 
testing in early 2007. This work is supported by ONR Code 321OA, Defense University 
Research Instrumentation Program (DURIP), and the Naval Oceanographic Office, Mine 
Warfare Program. 
Keywords: Seafloor Backscatter, Subbottom Scattering, Multibeam Sonar 
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1. INTRODUCTION  

Until recently subbottom profilers have been single-beam systems looking vertically 
downward [1]. Within the past few years, however, two MultiBeam Subbottom Profilers 
(MSP) have become available.  These new profilers provide for an athwartships fan of 
beams like a multibeam hydrographic/bathymetric system, but additionally, allow for 
discerning subbottom returns at the points where the standard multibeam system receives a 
depth point. The first to become operational was the Kongsberg/Simrad EM120/SBP120. 
The SBP120 is a processing augmentation of the 12-kHz EM120 multibeam system, [2], 
[3], [4]. This paper reports on the second MSP, which has been developed by The 
University of Southern Mississippi with the electronics constructed by Omni 
Technologies, Inc. (OTI). The development of the USM/MSP was funded by the U.S. 
Defense University Research Instrumentation Program (DURIP) through the Office of 
Naval Research Ocean Acoustics Program.   

This paper introduces the new USM/MSP and discusses it technical characteristics. 
This system has just become operational and is undergoing preliminary tests. There has 
been no actual data taken as yet. To describe its expected capabilities, we have received 
permission from Kongsberg, Corp., to show some of their published results using the 
SBP120. The USM system will be a smaller and more accessible system for shallow-water 
operations. The intent of the USM/MSP system is for bottom/subbottom backscatter 
research and support of multifaceted Navy bottom backscatter research projects.  

2. HARDWARE COMPONENTS AND TOWBODY STRUCTURE  

The USM MSP consists of a Cormac winch with slip ring assembly, deckside high 
voltage power supply, an OTI junction box, a surface computer system and a tow fish. The 
tow fish is composed of a support structure housing two OTI electronics’ bottles and three 
Neptune Sonar T70 transducer modules (Fig. 1). The beam patterns of the T70 Modules 
are shown in Fig. 2. The winch has three hundred (300) meters of Rochester #301301 tow 
cable. The Rochester 301301 tow cable consists of three coax cables and three separate 
conductors. The tow cable provides the interconnectivity (300 VDC power, external 
trigger and VDSL communications) between the surface and sub-surface electronics. 

 
Fig. 1: MSP tow fish made of three Neptune Sonar, Ltd, Modules. 
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Fig. 2: T70 single-module beam patterns (vertical for both rows) Neptune Sonar, Ltd. 

The OTI junction box provides interconnectivity, status lights, over current protection 
and switch controls for the MSP. The junction box inputs are an Ethernet connection from 
the surface computer, 120 VAC input power, 300 VDC output power from the surface DC 
power supply and an RS-232 interface to the VDSL modem (diagnostic and configuration 
port).  The 300 VDC is fused and coupled to the deck cable connector in conjunction with 
the modem telemetry link. From the modem an internal Ethernet switch buffers the 
Ethernet.  The 120 VAC power is converted to DC voltages required by the junction box 
internal electronics.  Status lights indicate the presence or absence of all voltages. Two 
switches provide control of the junction box power and the 300 VDC power. The junction 
box has a connector for the MSP trigger signal that is also routed to the tow fish. 

The tow cable terminates in the first electronics pressure vessel that contains the MSP 
transmitter section, the receiver section and DC-DC converters. This pressure vessel 
provides the connections to the transducers and also interconnects to the second OTI 
electronics vessel.  An arbitrary waveform generator, sub-surface computer and the 
modem are housed in the second pressure vessel. A single interface cable connects the 
first and second pressure bottles. Both pressure vessels are aluminium with a diameter of 
190 mm and a length of 240 mm. 

Three Neptune Sonar transducer modules are housed in the tow fish. Each transducer 
module contains two rows of elements. Each row is composed of five elements with the 
row separation being approximately a half wavelength. The transducer modules are placed 
end to end to create two fifteen-element arrays. The spacing of each array element is also 
approximately a half wavelength. The fifteen elements in each array are wired in parallel 
and the impedance of each array is approximately 100 Ohms. The Receive Sensitivity of 
each array is -168 dBV/μPa and the Transmit Voltage Sensitivity of each array is 168.5 
dBμPa/V.  During transmit, the transmitter drives all thirty elements in parallel. 

The arbitrary waveform pulse generator produces wave shapes from a digitally stored 
array of points. Digitized transmit pulse waveforms are downloaded via the telemetry link 
and are stored in the waveform generator memory. Each pulse is limited to a length of two 
milliseconds. The arbitrary waveform frequencies can range from 5 to 20 kHz. An 
internally or externally generated trigger signal initiates each transmit pulse. The arbitrary 
waveform pulse generator output is amplified prior to driving the transducers. 

A 3-kW RMS class A-B linear amplifier is used to drive the MSP transducers that are 
wired in parallel. The linear amplifier provides the most flexibility to allow a user to 
experiment with different wave shapes. The linear amplifier has a duty-cycle limitation of 
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1.5%. At a maximum pulse width of 1.5 msec, the transmitter can pulse at a maximum of 
ten times a second.  Amplifier heat is passed through the end cap thus providing water 
cooling. The amplifier uses a gating pulse to reduce noise during receive as well as reduce 
the heat. 

The same transmit signal is applied to both arrays resulting in a horizontal beam width 
of 4.7 degrees and a cross-track beam width of 40 degrees (Fig. 2). The transmit voltage 
sensitivity of each array is 168.5 dBμPa/V. With the same signal directed to both arrays 
the transmit voltage sensitivity becomes 174.5 dBμPa/V. The overall maximum transmit 
Source Level is approximately 226 dBμPa @ 1 m. 

Each line array has separate receive electronics.  The down-track receive beam pattern 
of each of the two arrays is 4.7 degrees by 68 degrees cross-track. The receive sensitivity 
of each array is -168 dBV/μPa. Using the receive array beam widths, the directivity index 
of each array is approximately 20 dB. At 11.5 kHz and sea-state zero the deep-ocean noise 
is approximately 26 dB ref 1μPa/Hz1/2. Neglecting tow noise, the ocean noise at the output 
of each array is -162 dBV/ Hz1/2.  

Receive signals are filtered and amplified before being simultaneously sampled and 
digitized by a 24-bit, dual-channel A/D. The A/D samples each channel at a 46.875-kHz 
rate. The A/D converter is a delta-sigma converter that digitally low-pass filters the array 
signals. The delta-sigma A/D requires only three analog anti-aliasing filter poles with the 
filter poles well away from the MSP operating frequency.  This provides for flat phase and 
amplitude response.  The noise referenced to the input of the receiver will be less than the 
-162 dBV/ Hz1/2 deep-ocean noise at the output of each array providing a low-noise, wide 
dynamic range receiver. Note that the large dynamic range along with the wide dynamic-
range transmitter eliminates the need for receiver programmable gain or time varied gain. 

The digitized signals are collected by the sub-surface computer and transmitted to the 
surface computer for storage. The storage format is a custom format that Omni 
Technologies, Inc. has developed in conjunction with the Naval Research Laboratory.  
The format was designed for flexible and reliable data storage.  The high-speed VDSL 
modems support bi-directional telemetry allowing for real-time acquisition and control.  

3. INTERFEROMETRIC TECHNIQUE  

Interferometric techniques involving signal-phase measurements are well established, 
generally precise, and able to cover wider swaths in multibeam and side-scan sonar 
systems [6]. Interferometric sonars are somewhat subject to noise and interference 
problems, but there are efforts to improve the signal-to-noise ratio [7], [8].  One of the 
specific problems we anticipate with our system is some ambiguity of the two sides. We 
are currently investigating several techniques to improve our ability to distinguish between 
the two sides of the MSP. One technique may require an iterative technique to resolve 
returns for each side. While the details are too involved to discuss here, we can comment 
that the side of interest is twice as strong as two ambiguous returns for the opposite side, 
and these returns are measured separately on that side, with the ambiguities now on the 
first side but at different places. The iterative technique should reduce the “ambiguity-
noise” that will be present. The conference presentation will expand on this comment. It is 
anticipated that following a constant phase will allow the system to see into the bottom. 
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4. DISCUSSION OF MULTIBEAM SUBBOTTOM PROFILER RESULTS  

Figure 3 shows a commonly viewed plot of bottom backscatter versus grazing angle 
[5]. In such plots there are typically several regions of interest: (1) high-grazing angle 
(near nadir) that may be dominated by a combination of reflections and rough facet 
reflection/scattering at the surface or subbottom layers, (2) lower-grazing angle 
backscatter that may include subbottom scattering as well as seafloor surface scattering 
(which itself may be separated between angular regions above and below a critical angle), 
and a transition region between.  The transition region may be between 70 to 85 degrees 
and the low-grazing region between 40 to 75 degrees. A multibeam subbottom profiler 
may be able to provide data from this upper low-grazing region (40o) to nadir, and 
therefore, provide information on subbottom layering and upper low-grazing backscatter. 
Operating at about 12 kHz from a large transducer array such at the USM/MSP, a 
subbottom penetration of 20 to 40 m depending on the bottom type should be obtainable.  

 
  Fig. 3: (a) Standard curve of backscatter vs grazing angle with some published regions 

and models [5]. (b) Some effects of backscatter off nadir showing the forward scatter lobe. 

As mentioned in the introduction the USM/MSP has not collected actual such data as 
yet, so to illustrated the intended application, show the nature of multibeam subbottom 
data, and illustrate the comments above, we have obtained permission from Kongsberg to 
display some of their published data for the SBP120. Figure 4a shows the vertical beam 
profile of the SBP120 with the inset (b) showing its in-line array (it also has an 
athwartship array). Figure 4c shows profiles as 3 and 6 deg. off nadir as well as on nadir.  
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Fig. 4: (a) Shows the vertical subbottom profile with an insert (b) showing the receive 
array with a modification to show the relative size of the USM/MSP. (c) Shows nadir and3 
and 6 deg returns. These figures are used with permission of Kongsberg. 
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MULTIPATH PULSE SHAPE IN A REFRACTING ENVIRONMENT 
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NATO Undersea Research Centre, Viale San Bartolomeo 400, 19126 La Spezia, Italy. 

Contact author: Chris Harrison, NATO Undersea Research Centre, Viale San Bartolomeo 
400, 19126 La Spezia, Italy. Fax: +39 -0187 527331. e-mail: harrison@nurc.nato.int. 

Abstract: Multiple boundary interactions in shallow water propagation introduce a more or 
less Gaussian angle distribution at a distant receiver. When all paths are added the result is 
‘mode-stripping’, i.e. the steep rays are stripped away leaving only ray angles near 
horizontal. Because the steeper, more highly attenuated, rays are also more delayed, the 
same phenomenon results in a calculable time smearing of an impulse source. It has been 
shown [Harrison, C.H., J. Acoust. Soc. Am., 114, 2744-2756, (2003)] that in isovelocity 
water the pulse tail falls off exponentially with a time constant that is dependent only on the 
derivative of the reflection loss and the water depth and is consequently independent of 
range. It is therefore a useful geoacoustic inversion tool. Here we investigate the effects of 
refraction, following a more recent paper [Harrison, C.H., and Nielsen, P.L., J. Acoust. Soc. 
Am., 121, 1362-1373, (2007)]. Although the leading edge of the pulse is altered, the tail 
(resulting from steep arrivals) still behaves as in isovelocity water. Results are confirmed by 
comparisons with C-SNAP. 

Keywords: Pulse shape, multipath propagation, refraction. 
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1. INTRODUCTION 

The multipaths of shallow water propagation spoil the resolution of active sonars by 
introducing a spread in travel times. The broadening of pulse transmission is therefore a 
nuisance to sonar detection and underwater communications. On the other hand it has been 
shown [1,2] that the pulse shape contains easily extractable environmental information. So 
for both reasons the shape of the pulse and its dependence on environmental properties are of 
interest. One could investigate these effects with ray traces, but here the more general 
behaviour is established by studying the pulse shape analytically. 

In a multipath shallow water environment acoustic travel times and boundary losses vary 
according to the trajectories of the rays. In the absence of additional constraints, such as 
source or receiver beam patterns, or target vertical directionality this results in a calculable 
spreading of the transmitted pulse shape. If the sonar system has a broad frequency band then 
individual eigenray arrivals may be seen inside this spread. If it has a narrow band then 
interference effects make the rays group into modal arrivals. In both cases the arrivals tend to 
increase their separation as time advances. The mathematical approach here is insensitive to 
these detailed arrivals because it treats the ray angles as a continuum. Nevertheless it takes 
account of both their changing amplitudes and their changing separations in such a way that 
the cumulative time integral of the pulse shape matches the more “steppy” cumulative 
integral of the true eigenray or mode arrival pulse shape. The pulse envelope calculated here 
corresponds physically to a depth average or locally range-averaged pulse shape. The depth 
average is particularly close for the tail of the pulse where rays interact with both seabed and 
sea surface. 

Smith [1] and Harrison [2] investigated this behaviour for isovelocity water and found that 
for a two-way path the received pulse decayed exponentially (i.e. the roll-off was a fixed 
number of dBs per unit time) with a time constant that was independent of travel time or 
range but fixed by the angle dependence of the reflection loss. Subsequently Prior and 
Harrison [3] applied the findings to experimental data, and demonstrated that the derived 
reflection properties were consistent with the literature. 

This paper extends the earlier analytical work on pulse shape firstly by including the 
critical angle’s truncation of the pulse (trivial for one-way path but not trivial for two-way 
path), and secondly by including a uniform vertical gradient refraction using the approach of 
Harrison [4]. In both cases one-way and two-way paths are considered. The former would be 
appropriate for direct blast measurements while the latter would be appropriate for the 
multipath echo from a point target or an echo repeater.  

Finally some comparisons in three environments with the normal mode model C-SNAP 
[5] demonstrate the relationship between the closed-form pulse shapes and the sequence of 
resolvable eigenray arrivals. 

2. EIGENRAYS 

Generally, representing a propagation formula as the integral  of a quantity Q(ν) over a 
parameter ν, and knowing the conversion from ν to t one obtains a pulse shape I1way 

dt
dt

tdtQdtI way
⎭
⎬
⎫

⎩
⎨
⎧

=
)())((1

νν  (1) 
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The modulus sign is required for the case where t is not a single-valued function of ν, for 
instance ν could be angle. Integrating I1way in t would, of course, give the same result as 
integrating Q(ν) in ν. The pulse shape for the two-way path is given by the convolution of the 
one-way pulse shape I1way with itself 

∫ −=
T

waywayway dTdttTItIdTI
0 112 )()(  (2) 

The function I1way may be discontinuous or split into several regions in each of which there 
is one continuous function. For a one-way path this is straightforward, but for the two-way 
path the convolution will contain several cross term contributions with various integration 
limits. 

In the isovelocity one-way case at range r, water depth H, angle θ, and power reflection 
coefficient exp(–αθ), we have [4] 

θθαθ d
H
r

rH
dI way ⎟⎟
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exp2 2

1  (3) 

but travel time t is related to horizontal range through θsecrct = which leads to the pulse 
shape, in terms of τ, the time after first arrival 
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where to ≡ r/c and tH = H/c. The truncation of this function at a time corresponding to the 
critical angle results in the two-way path having two distinct analytical forms. For 

cT τ<<0 it is 

dTtT
tHr

dTI H
o

way }/exp{2
222 απ

−=  (5) 

and for  cc T ττ 2<<  it is 
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3. PULSE SHAPE WITH REFRACTION 

Some approximate propagation formulas taking account of uniform sound speed gradient 
refraction were derived in the context of reverberation [4]. Intensity is written in terms of the 
reciprocal of the cycle distance u (instead of angle), but there are two distinct angle ranges, to 
be treated separately. In the first, rays interact with only one boundary; in the second they 
interact with both, and the relationship between angle and cycle distance is different in the 
two. Since the rays are always arcs of circles one can easily calculate exact cycle distances 
and cycle times analytically. It is shown by Harrison and Nielsen [6] that the contribution to 
the pulse shape in the first regime (following Eq.(1)) can be written in terms of properties on 
the low sound speed side of the duct (subscript ‘L’) as 

( ) }2/'exp{))2/('sech()/(4

)exp(4
1

LLL

L

crcdtrutccrtu
r

dt
dt
duruR

r
dtI

α−−=
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whose functional form in t can be seen by interpolation since formulas relating t, u, and θL are 
available. An example of this is seen in the first rise at the left of Fig. 1.  

 
Fig. 1. Contributions to the pulse shape from refraction regime 1 (dash-dot), regime 2 

(dashed), and their sum during the period in which they overlap (solid). 

An approximate contribution to the pulse shape can be written as an explicit function of t 
(and tL = r/cL) 

⎭
⎬
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The equivalent pulse shape for the two-boundary-interacting component (denoting the 
properties at the high sound speed side by subscript ‘H’) is 
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Fig. 2. Two-way pulse shape (solid) for parameters as in Fig. 1 except that zsr (depth of the 
shallowest of source and receiver)  takes the value 90m. Isovelocity equivalent for average 

sound speed superimposed (dashed). 

Again this can be evaluated by interpolation since formulas are available for du/dt, and the 
result is seen on the right of Fig. 1. This can be written approximately as an explicit function 
of t as 
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where a0, a1, f0, t0 are constants. The effect of a two-way path (calculated by convolution) is 
shown in Fig. 2. 

4. RULES OF THUMB 

It was shown [6] that the dimensions and shape of the typical sail shape of the pulse (Fig. 
1) can be quantified by two rules of thumb. First, the characteristic time spread of the initial 
rise To; second, the amplitude ratio of the rise Fo. 
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Both depend on the angular spread of regime 1 which depends on csr = MAX(cs, cr), the 
greater of the speeds at source and receiver. 

5. COMPARISON WITH A WAVE MODEL 

Figure 3 shows the closed-form solutions superimposed on the depth average of the C-
SNAP isovelocity solution. The dashed line is the linear reflection loss approximation using 
Eq. (4). However this approximation is not necessary and we can substitute R as in the first 
line of Eqs. (7) or (9) to give the solid line which agrees with C-SNAP. 

 
Fig. 3. Depth averaged pulse shape computed by C-SNAP for isovelocity water overlaying a 

half-space seabed defined by parameters in [6] (grey). Superimposed are the analytical 
solutions with Rayleigh reflection coefficient (black solid), and linear approximation 

(dashed). 

The uniform gradient refraction example in Fig. 4 shows the analytical solution with the 
given RL superimposed on the depth-averaged C-SNAP curve. Although agreement is good 
for the tail of the pulse it can be improved for the early portion by including depth averaged 
focussing effects (dashed line). 
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Fig. 4. Depth averaged pulse shape computed by C-SNAP for uniform sound speed gradient 
overlaying a half-space seabed defined by parameters in [6] (grey). Superimposed are the 
analytical solutions (also depth averaged) with Rayleigh reflection coefficient, excluding 

(black solid), and including focusing effects (dashed). 

Using the cycle distance and travel time formulas piece-wise one can construct the 
components of Eq. (1), and therefore a pulse shape, numerically. Figure 5 shows an example 
for a three layer summer profile. Again agreement is good for the tail, but the early part is 
improved by including focussing effects. 

 
Fig 5 Depth averaged pulse shape computed by C-SNAP for a summer sound speed profile 
overlaying a half-space seabed defined by parameters in [6] (grey). Superimposed are the 
analytical solutions (also depth averaged) with Rayleigh reflection coefficient, excluding 

(black solid), and including focusing effects (dashed). 

6. CONCLUSIONS 

Formulas for the envelope of a multipath pulse in a shallow water environment with a 
uniform sound speed gradient were taken from [6]. The refracted arrivals that interact only 
with the low sound speed boundary form a characteristic quadrilateral, or sail shape, near the 
leading edge of the pulse. In contrast, the steeper rays that interact with both boundaries form 
a long tail that decays more or less exponentially (linearly in dB) with a rate dependent only 
on the reflection loss and the water depth. Furthermore this rate is independent of range or 
refraction. Some rules of thumb enable one to estimate the duration of the first refracted 
arrival and the intensity ratio of its maximum and minimum. 
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Two approaches were taken to calculate the complete pulse shape. One was to write an 
exact expression in terms of mixed variables (time, cycle distance, and derivatives) which 
require numerical interpolation to reveal pulse shape. The other was to make approximations 
to find explicit functions of time. Two-way pulse shapes were obtained by numerical 
convolution rather than attempting analytical convolution, as was possible in the isovelocity 
case. 

To establish correspondence between these pulse shapes and the expected eigenray or 
modal arrivals, three comparisons were made against the normal mode model C-SNAP, 
transforming its output into the time domain. The formulas for the three cases, isovelocity, 
uniform sound speed gradient, and summer profile, show very good agreement with a depth 
average or a time smoothing. Also the interpolation approach can easily handle the Rayleigh 
reflection loss, instead of its linear approximation. 
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ACOUSTIC AND VISUAL DOCUMENTATION OF DEEP-WATER 
CORAL REEFS, NORWEGIAN CONTINENTAL SHELF 

Martin Hovland 

Statoil, N-4035, Stavanger, Norway  
Fax no: 51995670 e-mail: mhovland@statoil.com 

Abstract: Ever since Statoil found large deep-water coral reefs along the Haltenpipe 
pipeline route, we have had active involvement in the detection and documentation of such 
reefs. They occur on several types of seabed surfaces and seem to be independent of 
topography. They are both found on small hills on the seafloor (including iceberg plough-
marks) and inside local depressions. From extensive mapping with side scan sonar and 
multi-beam echosounders, we have found that the only way of making sure that a mapped 
‘reef’ really represents a true coral-reef, is to check it visually, with ROV. The reason is 
that some of the reef-like structures (interpreted from acoustic data) turn out as boulders 
and carbonate (from natural gas seeps), upon visual inspection. Here, I review some of 
the occurrences off mid-Norway, including those at Haltenpipe, the Kristin and Morvin 
fields, mapped and documented between 1990 and present. 

Keywords: Deep-water coral reefs, offshore Norway, acoustic mapping. 
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1. INTRODUCTION 
 
Deep-water coral reefs (DWCR) off Norway were discovered by fishing activity long ago. 
Clerical persons with a fond interest in nature, such as Pontoppidan [1], Gunnerus [2], and 
others were the first to publish their existence. By the 1960’s coral ‘patches’ and reefs 
were known in the Porcupine Seabight, off Ireland and also in fjords and on the 
continental shelf off Norway [3, 4, 5, 6]. 
 
This knowledge was gained by seafloor scraping and sampling, combined with the use of 
single-beam echosounders. However, the true character (and beauty) of the coral patches 
and reefs remained hidden from observation, until the introduction of visual systems. In 
the 1970’s, Wilson [5] conducted a series of classical dives in the Porcupine seabight with 
the 2-man submersible Pisces III. In 1982 Statoil conducted an ROV-inspection of a 
pipeline route off Finnmark, northern-Norway and documented a 15 m high coral reef [7].  
Since 1990, coral reefs on the continental shelf off mid-Norway, have been documented 
by Statoil on a regular basis [8, 9, 10]. Modern academic research on DWCR, including 
mapping, sampling, and observartion off Norway started in the early 1990’s and grew in 
proportion over the following decades [11,10]. 
 
There are currently three acoustic methods by which deep-water coral reefs are detected: 

- high-resolution, single-beam or multi-beam echosounder 
- side scan sonar 
- sub-bottom profiler. 

 
However, it is only by physical sampling or by visual inspection the remotely detected 
structures can be verified as coral reefs. When they were first mapped with multibeam 
echosounder, there was a false expectation that the reefs only occupied ridges and local 
topographical highs (on the Sula Ridge etc., [12]). But, they seem to crop up even in the 
most unexpected and ‘out-of-paradigm’ locations.  Each sea-floor region on the 
Norwegian Continental Shelf has its own topographical and sedimentary character. The 
DWCR seem to be independent of the general seafloor sediments. This paper illustrates 
how some of the Norwegian DWCR have been detected, mapped, and inspected by 
Statoil, from 1982 (when the Fugløy reef was found [13]) up till present. 
 

2. SOME MODERN CASE HISTORIES 

2.1. The Haltenpipe reefs (including the Sula Reef) 
The story about Haltenpipe, the 200 km long 20” pipeline from the offshore gas field 
Heidrun (Norwegian Sea, Lat 65o20’N, Lon 7o15’E) to Tjeldbergodden, SW of 
Trondheim, starts with route planning and offshore route reconnaissance surveys in the 
mid-1980’s. The rugged coastline along mid-Norway had less shore approach possibilities 
for a pipeline landing than we had experienced further south, in the North Sea. This lead to 
extensive reconnaissance shore approach and offshore route surveying with single beam 
echosounders and towed sub bottom profiler and side scan sonar. Many new features were 
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found on the seafloor, including possible mud diapirs and gas seeps, and some ‘haystack-
like’ features that resembled the already documented coral reef off Fugløy [14].  Because 
we had never heard about so many reefs, it was not appropriate to interpret the haystack 
features as coral reefs, even though Dons [3], by then had described DWCR in this general 
area.  
 
An opportunity to inspect one of the haystack features came in 1990 when the final 
offshore route for Haltenpipe was to be chosen. There was a ‘haystack’ measuring 100 m 
in length and 15 m in height in the middle of the preferred route. The feature turned out to 
be an impressive DWCR, and this was the first time ‘live’ colours were transmitted to the 
vessel from such a reef. In 1982, the cameras on the ROV were black and white, except 
for the stills camera. But now, in 1990, we had colour camera and the true structure and 
beauty of the reef came to sight (Figs. 1 and 2) [13]. 

 

  
 

Fig.1 (left panel):  A combined side scan sonar (100 kHz), upper panel, and sub-bottom 
profiler (3.5 kHz) record, lower panel, over one of the Haltenpipe Reef Cluster (HRC) 
reefs [13]. The two records were acquired in one ROV-pass over the reef, both systems 

running simultaneously. 
A) The side scan port channel is seen at the top, and the starboard channel as the lower 
strip. The general seafloor is smooth and flat, with occasional small pockmarks (Pm). It 
consists of soft, sandy, silty clay. Individual Lophelia colonies, can be clearly seen (Lc). 

They range in size from 1 m to just over 2 m in diameter. Acoustic shadows, in white (As) 
are seen in regions which have not been insonified, because of the rugged topography. 

 
B) This sub-bottom profiler image shows that there are coherent, but discontinuous 

acoustic reflections (reflectors) beneath the surface (Ar). Sn=system noise. 
 

Fig. 2 (right panel):  A photograph from the top of the reef in Fig. 1. Up to 2 m wide live 
Lophelia pertusa (white) colonies are seen (right side). 

 
The pipeline was re-routed to avoid coral reefs. Furthermore, a group of ten coral reefs 
were also mapped as part of the documentation for the Haltenpipe project. This so-called 
‘Haltenpipe Reef Cluster’ (HRC) was also inspected visually and sampled, in cooperation 
with the University of Bergen ([8]; Figs. 1, 2 and 3). The HRC has Lat 63o58’N, Lon 
7o55’E. 
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Fig. 3:  Same as in Fig. 1, but across two other reefs of the HRC. 

 
A) Note that the live Lophelia colonies (Lc) occur on one side of the two mounds. The 
actual summits of these two reefs are smooth and consist of sediment, dead Lophelia 

material and sponges. The abbreviations are as in Fig. 1. 
 

B) This image shows that there are upward dipping coherent, discontinuous acoustic 
reflections (reflectors) beneath the surface (Ar). Some of these reflections may represent 

gas (methane)-charged layers [15]. 
 
The Haltenpipe gas pipeline was constructed in 1996. Since then, the HRC has been 
visually inspected several times and has been found to be in pristine condition (i.e. 
undisturbed). 

2.2. Reefs at the Kristin field 
When the oil and gas field, Kristin (Norwegian Sea, Lat 65o00’N, Lon 6o32’E), was to be 
developed in 2001, Lophelia reefs were found living inside pockmark craters [16, 17]. 
These reefs are, however, much smaller (only up to 4 m high) than the reefs at HRC (up to 
24 m high) (Fig. 4). 

 
Fig. 4: An artificially shaded relief map of parts of the Kristin field, off mid-Norway [17]. 
Black arrows point at coral reefs, some of which occupy the interior slopes of pockmark 

craters. Note the relict iceberg plough-marks (long, straight and curvilinear troughs). The 
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named reefs, KA1, KA2, and KP2 are reefs that are regularly inspected by Statoil. This 
mapping was performed with ROV-based MBE (multi-beam echosounder), with the ROV 
flying about 20 m above the seafloor. The grid-size is 0.5m by 0.5m (i.e., one depth value 

per 0.5m x 0.5m). 

2.3. Reefs at the Morvin field 

Recently, numercous small reefs (up to 4 m in height) have been maped at the Morvin 
field in the Norwegian Sea (Lat 65o09’N, Lon 6o28’E) (Fig. 5) 

 
Fig. 5: An artificially shaded relief map of parts of the Morvin field, off mid-Norway 

(same mapping technology as for Kristin, see Fig. 4). The water depth is between 340 and 
320 m in this perspective view of the digital terrain model. Artificial lighting is from the 
left (north). Black arrows point at small Lophelia coral reefs, whose size is about 1.5 m 

high and 10 m in diameter. The white arrow points at a small pockmark crater [16]. 
Notice how the coral reefs are clustered inside various types of depressions. 

 
As with the Kristin field, the Morvin field will be developed without damage to any of the 
reefs. 
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ACOUSTIC CLASSIFICATION WITH SOUNDER ECHOES: ISOLATING 
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Abstract:  For accurate acoustic classification of the seabed, all influences on the echoes except 
those of the seabed sediments should be set aside. This paper surveys methods to minimise 
artifacts and to make undistorted echo time series. Water depth affects echo shape and duration. 
Depth compensation relies on resampling echoes. In shallow water, more than just the depth 
needs to be considered in choosing the resampling factor. Residual echo duration, after depth 
compensation, may be valuable for characterisation. Seabed slope and ship pitch or roll 
lengthen and distort echoes. Ping-to-ping variability masks the influence the seabed sediments 
have on echo details. 

With a moderately rough seabed, echoes from near nadir are not at the same frequency as 
the transmission. Roughness affects coherent and diffuse components of echoes in different 
ways. These frequency-shifts and the relative strengths of the coherent and diffuse components 
may be valuable for characterisation. A method of accurately measuring the power spectra and 
frequency shifts of echoes is presented. Frequency shifts also need to be considered in the 
acquisition of echoes for seabed classification. Because the echo power has been redistributed 
over the pulse bandwidth, the best acquisition method is to sample fast enough to capture the 
carrier and bandwidth, followed by decimation, filtering, and forming envelopes with the Hilbert 
transform. Averaging or stacking these envelopes gives the total average amplitude, while 
stacking raw echo signals before forming envelopes generates the mean coherent amplitude. 

Examples are from BORIS simulations and field data. BORIS is an echo time-series model 
from the NATO Undersea Research Centre. 

Keywords: Acoustic classification, Seabed classification, High-frequency backscatter, Seabed 
roughness 
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1. INTRODUCTION  

Recording an echo for seabed classification is considerably more challenging than the 
traditional role of a single-beam sounder: measuring time of flight. Classification requires echo 
envelopes that are rich in seabed information and with few artifacts. Noise is suppressed with 
filters, but they must not distort the echo. Echoes are digitised, and the sample rate must be 
adequate for the echo bandwidth. Also, there are natural non-seabed influences on echoes: water 
depth and seabed slope. Echo durations increase with depth. Seabed slope lengthens and distorts 
echoes. Echoes are partially coherent; the coherent component is stable, while the incoherent or 
diffuse component is chaotic due to interference effects. This drives ping-to-ping variability, 
which masks echo shape and other characteristics that can be used to discriminate among seabed 
types. This paper aims to address these issues by applying techniques enabled by the advent of 
high-speed digital signal processing. 

To provide context, a brief summary of classification methods based on single-beam echoes 
follows. Pre-processed echoes are the raw material for features, which are generated by 
algorithms selected to capture echo characteristics that are rich in sediment information. Often 
echoes are averaged, also called stacked, before feature generation. The travel time of each echo 
must be known for these processes. Each echo or stack leads to a point in feature space, whose 
dimensionality is often reduced with a multivariate statistical technique. Geoacoustic variables 
such as grain size cannot, in general, be assigned based on echo analysis alone. Feature space is 
often divided into classes using ground truth (supervised classification), or the records are 
divided into their natural clusters before ground truth is considered (unsupervised classification). 

The simulated echo time series in this paper are from BORIS, a publicly available time-
domain model that generates the raw pressure time series separately for the volume and surface 
echoes [1]. BORIS is based on the Kirchhoff Approximation to the Helmholtz-Kirchhoff integral 
equation of wave scattering from random rough surfaces. A MATLAB interface controls BORIS 
for the simulation of a wide variety of experiments and surveys. 

2. ECHO POWER SPECTRA 

2.1. Frequency shifts during backscatter 

The echo from a simple single-beam sounder is much more variable and complex than a 
simple reflection of the transmit pulse; this needs to be considered when recording the echo time 
series for classification. The transmitted pulse has a nominal frequency, f; it also has a 
bandwidth of at least the reciprocal of the pulse length, τ. This bandwidth allows the power 
spectra of transmitted pulses to be significantly altered upon scattering from acoustically rough 
seabeds. The degree of seabed roughness is characterized by the Rayleigh parameter g, which, 
for nadir backscatter, is 224 σkg = , where k is the wavenumber and σ the mean of the Gaussian 
surface-height probability distribution, or RMS roughness height [2]. In the Kirchhoff 

approximation, an exact solution for the mean coherent specular amplitude is 2
0

g
scsc e

−
= ψψ , 

where sc
0ψ  is the pressure amplitude of the surface reflection with zero roughness. The angle-

bracket mean is taken over instances of the surface, which is approximated by the mean (in 
amplitude and phase) of many echoes acquired by a moving echosounder. The coherent echo is 
frequency dependent because g is a function of the wavenumber. In practice, and as seen in 
Figure 1, the finite width transmit beam can interact with off-nadir facets to add a non-specular 
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coherent component arriving after the specular component. This second-order effect may 
complicate the frequency dependence of the coherent echo. Turning to diffuse scattering, the 
mean diffuse amplitude is a function of what is termed ‘selective scattering’ whose frequency 
dependence is due to interaction with certain scales of surface roughness [2,3]. Similar to 
coherent scattering, frequency shifts and selectively enhanced frequencies from diffuse 
scattering occur within the bandwidth of the transmit pulse. 

The frequency shifts of coherent and diffuse components of echoes have different 
dependencies on roughness, so it is important to consider the composition of the echoes analysed 
in this work. At 50 kHz, the ratio of coherent to diffuse scattering amplitudes is high for mean 
roughness < 1 mm, about equal for 4 mm, and small for roughness > 2 cm or so. Figure 1 shows 
these amplitudes averaged over 500 BORIS echoes. Average coherent amplitudes were found by 
averaging full-waveform data, followed by extraction of the envelope so that the random phases 
of the diffuse component were averaged out. Aligning BORIS echoes to average them is easy if 
the depth does not change because they start at the same phase. The average total amplitude was 
calculated by forming envelopes before averaging, and the average diffuse amplitude is their 
difference. The coherent/diffuse amplitude ratio is roughly as expected. 

2.2. Echo concatenation 

During a survey in a local inter-tidal zone at high tide, echoes were recorded with a QTC5 
acquisition system (Quester Tangent Corp.), which digitises at 5 MHz. For seabed claasiication, 
the echo time series are usually decimated and filtered. This section describes a method of 
estimating echo central frequencies from the raw 5 MHz data, which has had only an analogue 
anti-aliasing filter applied to it. The central frequency divides the integral of the power spectral 
density (PSD) in half. It is also called the centre-of-mass or central moment frequency. 

The Suzuki 2025 single-beam sounder used for this survey had a nominal frequency of 50 
kHz and a pulse length of 0.3 ms. Its actual transmit frequency was found to be 49.280 kHz, 
based on analysis of the transducer ringdown that was recorded for each ping. All the ringdown 
time series were almost identical, so it was possible to concatenate hundreds of them with phase 
matching, that is, without discontinuity at the joints. The power spectrum of this long time series 
was almost a delta function, peaked at 49280 Hz. 
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Fig. 1:  Composition of 500 echoes from BORIS simulations.  Sonar frequency 50 kHz, 
pulse length 0.3 ms, beamwidth 20°, sounder moves 1 m between pings.  Depth 10 m.  
Rock bottom with mean roughness amplitude 2 cm, specific gravity 2.5, sound speed 4500 
m/s, no volume scattering. 
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Early investigation showed that the shifts are a few hundreds of hertz. Even with high-speed 

digital acquisition, resolving these frequency shifts requires time series at least tens of 
milliseconds long, so they cannot be measured from single echoes. Successive echoes were 
therefore concatenated to calculate the shifts. Before concatenation, the portions of time series 
must be windowed because without windowing the time series would be discontinuous at the 
joints, which would erroneously increase the high-frequency content. Each segment was 
therefore multiplied by a window that falls to zero at its edges, in this case a Hann window. It is 
the specular portion of the echo that is expected to exhibit frequency shifts, so only the 0.2 ms 
segments following the pick were concatenated. Figure 2 is a typical power spectrum of 64 
concatenated echo segments; its irregular form is due to selective scattering. 

2.3. Potential for seabed characterisation 

Figure 3 shows frequency shifts in a part of the survey area, which is very heterogeneous. The 
ground truth observed at low tide was somewhat uncertain, and is therefore not shown. 
However, the distribution of frequency shifts in Figure 3 indicates that they may provide useful 
sediment discrimination. With a parametric sonar, the shifts have been shown to correspond well 
to sediment type [4]. In another approach with a sounder like those used in this work, spectral 
skewness, calculated from individual echo envelopes, has been shown to give useful 
discrimination [5]. 
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Fig. 2:  Power spectra of transmit
pulses and echoes.  The transmit
central frequency was 49280 Hz
consistently.  The  power spectrum of a
typical concatenation of echoes is
shown blue, with its centre-of-mass
frequency.

Fig. 3:  Frequency shifts observed
during a shallow-water survey.  Each
symbol, spaced 20 pings apart, indicates
the shift of 64 concatenated echoes
centred on that position  The size of
circle indicates shifts in a 50 Hz bin,
from +150 Hz (largest) to –450 Hz
(smallest).  The loop with positive shifts
is over aquatic vegetation.
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3. STACKING AND FORMING ECHO ENVELOPES 

Current seabed classification approaches apply feature algorithms to extract information from 
echo envelopes. High-speed digital acquisition enables several options for extracting the 
envelope from the raw full-waveform echo: 
1. Demodulation.  One reason this is ineffective is that the carrier frequency has been shifted 

from that of the transmit pulse. Also, because echo power spectra are not symmetric about 
their central frequency, basebanding would alias the upper and lower sides, distorting the 
echo shape. 

2. Rectify and low-pass filter.  Accurate envelopes are available from this method, either 
analogue or digital. Envelopes will be distorted if the cut-off frequency is too small a 
fraction of the sonar frequency, and the filter delay needs to be considered. 

3. Magnitude of the analytic signal.  The Hilbert transform of a full-waveform echo gives a 
complex time series whose real part is the echo and whose imaginary part is 90° phase-
shifted. This is called the analytic signal. Its magnitude at any particular time is the 
instantaneous amplitude. There is no delay and the echo bandwidth is preserved. 

Except for one commercial device, all seabed classification systems use digitised echoes. The 
sampling rate of the envelope must be at least twice the reciprocal of the pulse length, to capture 
the bandwidth of the echo. Often the bandwidth is taken to be a few times this reciprocal, and 
the sampling rate raised accordingly. Anti-aliasing filters are required. To preserve echo shape, 
all filters must respect this bandwidth, which changes whenever the pulse length changes, and 
also conform to the sonar frequency, particularly for the rectify-filter method of forming 
envelopes. The process that gives the most accurate echo shapes is to oversample the echo 
followed by digital decimation and filtering and the Hilbert transform to form envelopes 
(method 3 above). Its accuracy derives from the digital filters adapting to the pulse length and 
the sonar frequency. To our knowledge, the only commercial data acquisition system for echoes 
that does this is QTC5 from Quester Tangent Corp. The sample rate for acquiring full-waveform 
data must be at least twice the sum of the sonar frequency and half the bandwidth. 

Ping-to-ping variability can obscure echo shape characteristics that are important for seabed 
classification. Changes in sounder positions as small as a wavelength can change the incoherent 
echo substantially. The usual remedy is averaging echoes, also called stacking. The first step in 
stacking is aligning echo time series by their bottom picks. After this, both envelopes and full-
waveform amplitudes can be averaged. Envelope stacking, the traditional technique, improves 
signal variability, but compromises spatial resolution and does not express the actual coherent 
echo. Stacking full-waveform amplitudes to generate the coherent echo requires a phase-
matching technique around the bottom pick. Figure 1 shows both techniques. With BORIS data, 
the minimum number of pings required to stabilise the coherent echo is approximately 30. The 
stacked coherent echo has yet to be utilized for seabed classification. However the ratio of 
coherent to incoherent energy is related to ping-to-ping variability, both of which are related to 
seabed roughness and correlation length [3]. 

4. ECHO DURATION 

4.1. Depth compensation 

Depth compensation is required to remove the strong effect of depth on echo duration and 
shape so that the seabed classes are largely independent of depth. We apply a geometric 
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approach that yields the following equation for the duration of an echo, Ε, from first arrival until 
its amplitude becomes insignificant: 

( )[ ] ( ) 2/for    valid          212sec2 θψτθψ ≤+
+

+−+=Ε
c

wp
c
d  (1) 

where d is the depth as measured by the sounder (the shortest path to the bottom), c the speed of 
sound, ψ the angle between the transducer axis and the seabed (seabed slope plus pitch and roll), 
θ the effective beamwidth, p a representative penetration distance into the seabed, w a typical 
height of macro-roughness, and τ the length of the transmit pulse. 

An echogram of BORIS simulations appears in Figure 4. The seabed was taken to be rock 
(specific gravity 2.5, sound speed 4500 m/s, no volume scattering) with roughness as shown. At 
some of these roughness heights, the depth only was varied to test the adequacy of Eq.1 (Figure 
5). In the exceptional case of zero roughness the backscatter is purely specular. The effective 
beamwidth is zero, making the echo duration equal to the pulse length at all depths. As 
roughness increases, the effective beamwidth increases as more off-nadir surface facets are 
angled to backscatter energy. We call this effect beam-widening. There is a roughness height 
above which there is no further beam-widening, in this case 2 cm (dependent on frequency, in 
general). From the slope of the linear least-squares fits shown in Figure 5, the effective 
beamwidth varies from 23.8° (0.5 cm roughness) to 36.5° (2 cm roughness), definitely larger 
than the 3dB beamwidth of 20°. For large mean roughness, 20 cm, the macro-roughness, w in 
Eq. 1, corresponds to a peak roughness of about 2.5 times the mean, which adds 0.7 ms to the 
intercept, as observed. 

An effective method of compensating echo shapes and durations for depth is based on Eq. 1, 
namely a linear relationship with an intercept and a slope [6]. Choose a sediment in the mid-
range of attenuation, perhaps sandy silt (0.45 dB/m/kHz), and an attenuation below which the 
volume scattering is deemed negligible, perhaps 20 dB. These and the sonar frequency give a 
standard penetration distance. Once the pulse length and beamwidth have also been determined, 
Eq. 1 gives a standard echo length (SEL) for any water depth (also ψ = w = 0 in the standard 
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Fig. 4:  Echoes from BORIS simulations.  The sonar frequency was 50 kHz, pulse 
length 0.3 ms, and beamwidth 20° to the 3dB points.  The seabed is described in the text.  
Roughness was increased from zero to 25 cm in 0.05 cm steps, effectively up-scaling the 
same stochastic seabed for each successive echo.  Colours indicate amplitudes corrected 
for spherical spreading (red high to blue low).  Picks added atop echograms.  Bottom 
picks are at 10% of peak amplitude, tail picks at 99% of the cumulative energy. 
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case). To compensate, resample each echo time series so that the SEL for that depth fits into the 
chosen number of samples. In deep water, the term involving depth (first term in Eq. 1) 
dominates the other two terms and resampling is essentially proportional to depth. In shallower 
water, the two constant terms are significant and the resampling ratio changes only slowly with 
depth. A similar method to compensate fairly accurately in shallow water (ignoring volume 
scattering) is to adjust the transmit pulse length proportional to the depth of the previous ping 
[7]. However we know of no commercial sounder that allows this degree of control over the 
pulse length. 

Spherical spreading is often the basis for depth compensation of echo amplitudes. The way in 
which the insonified area is determined dictates whether the correction is 20 log (r) or 30 log (r). 
At high frequencies, though, absorption can be significant. If water temperature and salinity are 
unknown, a compensation process based on empirical tables of amplitude vs. depth in the survey 
area may be practical. 

4.2. Potential for seabed characterisation 

 
Fig. 5:  Echo duration vs. depth from BORIS simulations under the circumstances of 

Fig. 4.  Straight lines are least-squares fits to individual BORIS results. 

 

Fig. 6: Echo duration residuals vs. depth (upper) and seabed slope (lower), with 
least-squares fits in red.  The residuals identified by the solid green circles are those 
from a soft mud.  Due to picking error, echo duration is increasingly underestimated 
with slope, the dashed green ellipse (lower) identifies extreme cases of this effect.  
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Echoes can be shorter or longer than the prediction of Eq. 1. Residuals are the differences 
between observed durations and the SEL. They carry valuable information about the seabed. 

Echo durations were measured from single echo envelopes collected by a 38 kHz 
echosounder over a very diverse seabed in Patricia Bay, BC, Canada [8], (in collaboration with 
the Canadian Hydrographic Service). Echo duration residuals were the measured durations 
minus the value from Eq.1 calculated with values for the seabed slope determined by multibeam 
bathymetry. Other parameters were a pulse length of 0.24 ms and an overall effective beamwidth 
of 19.5° (3 dB beamwidth was 19°). Figure 6 shows that the residuals have little relation to 
depth and slope, as the overall biases (up to 50 ms) due to both factors have been removed. Also, 
Figure 6 and the extensive ground-truth data (not included here) illustrate that residuals are 
related to seabed type; soft mud is most obvious example in Figure 6. 

After depth and sonar parameters, seabed slope is the largest non-sediment influence on the 
echo. Slope changes the nature of the backscatter and the echo shape, so the only measure that 
can be compensated for slope is echo duration. 

5. CONCLUSIONS 

Frequency shifts occur when a high-frequency pulse backscatters from a seabed. These shifts 
may be valuable for seabed classification, but they complicate echo filtering and formation of 
echo envelopes. Water depth and seabed slope lengthen echo durations. Compensation for depth 
can be done accurately, but echo shapes distorted by seabed slope cannot be recovered. Ping-to-
ping variability may help to discriminate among seabeds, but complicates classification by 
obscuring echo details. Averaging echoes, the time-honoured solution, improves the signal-to-
variability ratio but compromises spatial resolution. 
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Abstract: 
 

Human impacts on the seafloor environment have reached unprecedented levels. To 
facilitate ocean management and mitigate these impacts there is a need to improve our 
understanding of seabed habitats. Recent developments in acoustic survey techniques, such 
as sidescan sonar and multibeam sonar, have revolutionised the way we are able to image, 
map and understand benthic ecosystems. It is now cost effective to image large areas of the 
seafloor using these techniques, and the information from such surveys provides base line 
data from which thematic maps of the seabed environment, including maps of benthic 
habitats, can be derived when interpreted in conjunction with in-situ ground-truthing data. 
However, despite the recent developments in this field of research, no standardised 
methodology exists for the integration of remote acoustic data with ground-truthing data for 
the production of benthic habitat maps. Recent studies at the Centre for Coastal and Marine 
Research (CCMR) have focussed on addressing this issue. 
 

Traditional methods for the interpretation of acoustic backscatter rely on experienced 
interpretation by eye of grey-scale images produced from the data. Whilst this method is 
effective in delineating regions of similar seabed attributes where boundaries between 
neighbouring substrate types are clearly defined (e.g. rocky reefs adjacent to soft sediments), 
it has proved less effective in areas where there are gentle sediment/biological gradients 
from one substrate/habitat type to the next, or where there is a high degree of small-scale 
sediment heterogeneity. In these difficult areas interpretation of data can be extremely 
subjective. Recent studies at the CCMR have explored the relationship between raw 
backscatter values and benthic geological and biological characteristics. Recent 
developments in automated classification of backscatter data have also been evaluated for 
assisting the production of benthic habitat maps. An overview of a number of ongoing 
research themes at CCMR in this field of research is presented. 
 
Keywords:  sidescan sonar, benthic habitat, seabed properties, acoustic classification 
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Introduction: 
 

Structured and systematic approaches to seabed habitat characterisation and mapping 
currently lag behind terrestrial enquiry. However this circumstance is currently being 
redressed with the application of state-of-the-art developments in acoustic technologies  (e.g. 
sidescan sonars, multibean bathymetric mapping systems) and digital mapping and 
processing techniques. These techniques, together with an understanding of how sound 
behaves in sediments provide a rapid and non-invasive means of imaging the seabed. 
Division of the seabed into spatially thematic components is facilitated by assessment of 
backscatter signature intensity and texture.  Depending on substrate characteristics, rapid 
attenuation combined with acoustic scattering effects give rise to a range of recognisable 
signatures, which in due course have acquired standard descriptive terms in the literature [1, 
2].  
 

Links between acoustic backscatter and surficial sediment characteristics are reported in 
Collier and Brown [3] and links between benthic community structure and substrate type are 
detailed in the literature [4]. Development of an environmental framework is key to 
informing appropriate management and decision making processes and is achieved by the 
generation of base maps from the distillation of acoustically discrete units from the sidescan 
sonar data (i.e. regions of the data with similar acoustic properties or features). It is only 
when the intricacies of specified organisms are introduced to the mapping process that 
definition of habitats is possible. Establishing relationships between seafloor acoustic 
properties and the surficial geological and biological characteristic is central to adopting this 
approach.  
 

Backscatter data is conventionally interpreted by eye, a reasonable approach when 
adjacent seabed components display diametrically opposed acoustic signatures [5]. The 
efficacy of this method however, diminishes with seabed complexity [6]. In such obscure 
environments automated classification of the acoustic backscatter signature can enhance the 
interpretation process. Automated classification using conventional single beam, vertical-
incidence echo-sounders is the basic principal behind the operation of various commercial 
seabed classification systems (collectively known as `Acoustic Ground Discrimination 
Systems’, AGDS). The physics of sound scattering at the seabed is more complex in swathe 
generated data (e.g. sidescan sonar) however, recent studies identify automated classification 
as a valid means of distinguishing surficial geology and benthic habitats [7, 8].  
 

The work presented here extends that of Collier & Brown [3] where backscatter and 
sediment grain size were related. The relationship between acoustic, geological and 
biological seabed characteristics is explored together with the potential of sidescan data for 
automatic benthic habitat discrimination. The main aim of this study was to examine an 
objective method of designing ground-truthing surveys based upon remotely sensed data.  
This is to support testing of the working hypothesis posed by habitat mapping scientists that 
ground-types relate to habitat. 
 
 
DATA COLLECTION, ANALYSIS AND AUTOMATED CLASSIFICATION 
 

The survey area was centred on the Loch Linnhe artificial reef site, in an area of 
approximately 6km2 in water depths between 10-60m, east of the Island of Lismore, Loch 
Linnhe, on the west coast of Scotland. 100 kHz sidescan sonar data were acquired using a 
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dual frequency (100 and 410 kHz) GeoAcoustics 159D sidescan sonar. Sediment samples 
were collected at twenty-one randomly located stations (Fig. 1) using a 0.1m2 Hamon grab, 
and samples were processed to obtain sediment particle size data and macrtofauna (>1mm) 
community data. 

 
Fig 1.  Sidescan sonar mosaic showing location of twenty-one sediment sample sites and 
backscatter classification. 
 

Under-water video surveys were also conducted at twenty-three stations using a drop-
frame fitted with an underwater video and light. Vessel position was logged using dGPS 
during each deployment. Video footage was reviewed and classified subjectively into habitat 
type based on the Joint Nature Conservation Committee classification scheme. Video tracks 
were imported into ArcGIS 8.3 and colour-coded based on habitat type. Sidescan sonar data 
was transferred to a UNIX workstation for processing using established methods developed 
for seafloor geology mapping [3]. The data were mosaiced and imported into ArcGIS 8.3 
(Fig. 1).   
 

Multivariate statistical procedures within PRIMER software were used to examine the 
relationship between (a) backscatter, (b) benthic community and (c) particle size data for the 
21 ground-truthing stations. CLUSTER analysis classified sampling stations into three 
categories (high, intermediate and low) based on acoustic backscatter. Assemblage structure, 
acoustic backscatter and  surficial sediment grain size at each ground-truthing station was 
assessed and compared by non-metric multi-dimensional scaling (MDS) ordination using the 
Bray-Curtis similarity measure on untransformed data, followed by analysis of similarities 
(ANOSIM) for each backscatter category to test the significance of differences in assemblage 
composition and grainsize distributions between stations. 

Backscatter, benthic assemblage and particle size distribution similarity matrices were 
compared using the RELATE procedure within PRIMER to test the null hypothesis of no 
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relationship between multivariate patterns between the three data sets. The Spearman rank 
correlation (ρ) was computed between corresponding elements of each pair of matrices, and 
the significance of the correlation determined using a permutation procedure. 

 
A classified backscatter mosaic was produced by generating three separate grids of 

average mean, median and standard deviation of sidescan sonar backscatter pixels calculated 
from 50m bins. Backscatter data interpretation was adopted from satellite multispectral 
classification procedures. Unsupervised classification was performed within the PC-based 
image processing software Idrisi™. Four data bands were classified: (a) mean, (b) median, 
(c) standard deviation of backscatter, and (d) depth data (from single beam ground-
discrimination surveys conducted at the site, interpolated to the same 50m2 grid as the 
backscatter parameters).  The Idrisi ISOCLUST  procedure for unsupervised classification of 
the data was used to classify the data. The procedure is seeded by ‘real’ clusters selected from 
a histogram of the composite image, generated from three primary data layers (mean, median 
and standard deviation of sidescan backscatter). Three output classes were chosen based on 
the results from the multivariate analysis of the ground-truthing sites (see below), and a 
classified seabed map produced. Video ground-truthing results were compared with the 
classified map to establish the level of agreement between the classified acoustic regions and 
the habitat characteristics of the seabed. 
 

 

RESULTS 
 

Multivariate anlysis of backscatter pixel distributions classified three distinct clusters 
(High, Intermediate and Low) of sampling stations (Fig. 1 and 2a). Multidimensional scaling 
ordination (MDS) of the backscatter data show distinct grouping within the High, 
Intermediate and Low station categories (Fig. 2b). Stations grade from low in the left of the 
ordination to high backscatter towards the right in the ordination. The underlying similarity 
matrix of this data set was used in all subsequent analysis to explore the relationship between 
backscatter intensity, benthic assembleage structure and surficial sediment properties.   
 

A total of 304 taxa were identified from the 21 Hamon grab samples. Figure 2c shows the 
output from the MDS ordination of this data. Samples are labelled with the same station code 
as for the backscatter MDS ordination. Similarity levels between stations within each 
backscatter category are low for the assemblage data and there is no clear grouping of 
stations within the ordination. ANOSIM revealed that benthic assemblages from the low 
backscatter stations were significantly distinct from the high and the intermediate backscatter 
station categories (p < 0.05), but that assemblages were not significantly different between 
the high and intermediate backscatter categories (Table 1). Average similarities within each 
backscatter group were low (30-35%) indicating that there was a high level of variation in 
community structure between samples within each acoustic category. Spearman rank 
correlations (RELATE analysis) showed that there was a low-moderate but significant (p < 
0.05) correlation between the acoustic backscatter and benthic assemblage similarity matrices 
(Table 3: ρ = 0.31). The correlation is apparent when visually comparing the acoustic 
backscatter and benthic assemblage ordinations (Fig. 2b and 2c). In both ordinations, samples 
from the low backscatter stations are distributed to the left, and stations tend to increase in 
their backscatter intensity towards the right. There is overlap between the intermediate and 
high backscatter stations in the benthic assemblage MDS indicating that assemblages within 
these two categories are not distinct. 
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The sediments within the survey area consisted of silty muds with variable amounts of 

sand and gravel. In general, the sediments fine southeastward. Multivariate statistical 
techniques reveal a relationship between acoustic backscatter and particle size distribution. 
Fig. 2d shows the MDS ordination of the particle size data for each of the 21 stations. 
Patterns are similar to the backscatter ordination in Fig. 2b. Low backscatter stations are 
loosely clustered to the left in the ordination, while high backscatter category is positioned to 
the right in the ordination. ANOSIM reveal significant differences in particle size 
distributions between the high and intermediate and between the high and low backscatter 
categories, but there was no significant difference between the intermediate and low 
categories (Table 3). Spearman rank correlations (RELATE analysis) showed a low-moderate 
but significant (p < 0.05) correlation between sediment particle size and acoustic backscatter 
similarity matrices (Table 3: ρ = 0.39), and between sediment particle size and benthic 
assemblage structure (Table 3: ρ = 0.27). Even though the correlations are relatively low, the 
similarities in the three ordinations are visually apparent (Fig. 2b, 2c and 2d). 
 

Unsupervised classification of the sidescan sonar data using the ISOCLUST procedure in 
Idrisi™ segmented the sidescan data into three acoustic seabed types: A, B, and C (Fig. 3). 
The classification, although coarse (50m pixels), generally corresponds to the greyscale 
mosaic presented in Fig. 1. Hard, rough seabed types characterised by the darker greyscale 
shades in Fig. 1, which dominated the shallower regions in the north of the survey area, 
broadly correspond with acoustic class A (coloured red) in Fig. 3. Similarly, the low-
backscatter regions characterised by the lighter greyscale shades in Fig. 1 generally coincide 
with acoustic class C in Fig. 3. The mid-greyscale tones generally correspond with acoustic 
class B in Fig. 3.  
 
Four distinct seabed habitats were identified from the 23 video stations: 
• Seaweed-dominated coarse substrate habitat (SS.SMp.KSwSS.LsacR) - north of the 

survey area dominated by red and green algae attached coarse sediments (cobbles and 
pebbles) overlying softer substrate, in depths less than 15 m (Fig. 3). 

• Faunal turf of hydroids and serpulids in depths greater than 15 m 
(SS.SMX.CMx.ClloMX.Nem). - hydroid-dominated circalittoral muddy mixed sediment 
habitat (Fig. 3).  

• Circalittoral fine sandy mud habitat containing Ophiura spp., polychaetes and bivalves 
(SS.SMu.CSaMu.VirOrpPmax) (Fig. 3).   

• In depths greater than 30 m, bioturbated soft sediments were recorded together with 
Pennatula phosphorea and Nephrops norvegicus (Fig. 3). (SS.SMu.CFiMu.SpnMeg). 

 
Video ground-truthing of the acoustic classification reveal:  

• Acoustic Class A generally corresponds with the seaweed dominated habitat. 
• Acoustic Class B corresponds with the faunal turf habitat.  
• Acoustic Class C (<30 m) coincides with polychaete dominated sandy mud habitat. 
• Acoustic Class C (>30 m) coincides with bioturbated mud habitat.  
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(a)       (b) 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
(c)       (d)     
         
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig 2.  (a) Results of multivariate analysis of sidescan sonar backscatter pixel distribution. (b) 
Results of sidescan sonar backscatter multidimensional scaling ordination. (c) Results of 
multidimensional scaling of Hamon sediment grab samples. (d) Results of multivariate 
analysis of particle size data 
 
 

Table 1. Dissimilarities (Pairwise R values) between assemblages from each acoustic 
category of ground-truthing stations based on untransformed benthic assemblage data. * 
Denotes significant difference at p < 0.05.  
 
 
 
 

 High backscatter 
stations 

Intermediate backscatter 
stations 

Intermediate backscatter stations 0.02  

Low backscatter stations 0.49* 0.49* 
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Table 2. Dissimilarities (Pairwise R values) between sediment particle size data from each 
acoustic category of ground-truthing stations based on 4th root transformed particle size data. 
* Denotes significant difference at p < 0.05.  
 

Table 3. Spearman rank correlations (ρ) between sidescan sonar backscatter, benthic 
assemblage structure and particle size distribution from the RELATE analysis. * denotes a 
significant correlation (p < 0.05) between the similarity matrices of each pairwise comparison  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig 3.  Classified sidescan sonar map – with colour-coded video data tracks. 
 
 
CONCLUSIONS AND LIMITATIONS 
 

Apart from introducing greater objectivity to the process, automatic classification has the 
added economic advantage of reducing manual effort and time. In exploring the relationships 

 High backscatter 
Stations 

Intermediate 
backscatter stations 

Intermediate backscatter stations 0.32*  
Low backscatter stations 0.60* 0.05 

 Backscatter signature Benthic assemblage 
Benthic assemblage 0.31*  
Particle size distribution 0.39* 0.27* 
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between acoustic backscatter, sediment grain size, and benthic habitat this study determines 
that:  

• The area is characterised by gradational changes, as opposed to clearly defined abrupt 
transition, in backscatter intensity between different sediment/habitat types. 

• The gradational transition between habitats is supported by the lack of clustering in 
the MDS faunal data from the Hamon grabs samples.  

• The 21 stations can be classified into three groups of backscatter intensities (High – 
dark, Intermediate – medium and Low – light) based on multivariate examination of 
pixels within a 20 x 20m zone around each of the ground-truthing stations. This 
classification corresponds with the tonal variability on the sidescan mosaic (Fig. 1).  

• The Hamon grab sample stations are clearly grouped based on their backscatter 
characteristics (Fig. 2b) however no groupings are obvious from the benthic 
community ordination (Fig. 2c).   

• In all, bar five, of the video stations there is agreement between the Acoustic Class 
defined using the automated classification approach and corresponding habitat type 
classified using the JNCC habitat classification scheme.   

• There is also a low-moderate, but significant correlation between the similarity 
matrices from the benthic assemblages derived from the grab samples and backscatter 
characteristics, suggesting that the backscatter may also be useful proxy for spatial 
delineation of habitat at this site.  
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Habitat mapping in soft substrata: problems encountered in relating 
acoustic backscatter to environmental variables 

 
Vera Van Lancker, Isabelle Du Four, Steven Degraer 

 
Abstract: Over the last 8 years, multibeam and side-scan sonar technologies have 
been used to acoustically characterise the soft substratum of the Belgian Continental 
Shelf. With the aim of obtaining biologically relevant habitat maps, the sediment 
ground-truthing was equally important and included the macrobenthos. The sediment 
types encountered were sands with mud occurring in the coastal zone and gravel in 
the offshore swales. Generally, it is not straightforward to acoustically discriminate 
low sediment gradients and its success will largely depend on the system used. For 
the studies presented, the Kongsberg Simrad EM1002 (93/98 kHz) was available as 
also a GeoAcoustics side-scan sonar (455 kHz). The sampling consisted of Van Veen 
grabs in the sands, boxcores in the mud to sandy areas and Hamon grabs where 
gravel dominated. At some locations video imagery was obtained, still only successful 
outside the turbid coastal zone. Generally, a stratified random sampling approach 
was adopted.   Qualitatively, acoustic classes have been proposed that represent mud, 
fine-medium-coarse sand and gravel. These could be well identified on very-high 
resolution side-scan sonar mosaics. Moreover, ranges of multibeam derived acoustic 
backscatter values could be defined that are most probably associated with these 
sediment types. The ranges seem applicable on the scale of the Belgian Continental 
Shelf and on a temporal basis. In addition, small-scale bioherm structures have been 
successfully identified and their signature has been validated on the small- to large-
scale. In Belgian waters, these correspond with biodiversity hotspots as they are 
indicative of the most rich and diverse macrobenthic communities.  Apart from system 
related problems, the quantitative validation of the acoustic backscatter remained 
difficult. Often similar acoustic facies witnessed a diverse set of subsoil 
characteristics. This was mostly the case in the mud-dominated areas where the 
acoustic backscatter differed significantly due to inconsistent signal response. For the 
coarser areas, GIS analyses and statistics were combined to quantitatively correlate 
the acoustic backscatter against a suite of environmental variables. Principal 
component analysis did provide a relation with the gravel content and the bathymetry 
standard deviation. Still, this exercise showed that far more data and detail was 
needed to obtain conclusive results. The correlation of the presence of acoustic 
patches and biodiversity hotspots was hampered by the total absence of fauna during 
1 campaign.   To convince end-users of the capability of ‘every-day’ seafloor 
classification in resource management, the results remain too ambiguous and new 
sampling strategies need to be adopted.    

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

831



 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

832



 ACOUSTICAL STUDY OF BENTHIC HABITATS IN THE ARCTIC 

Jaroslaw Tegowski,  Aleksandra Kruss 

Institute of Oceanology, Polish Academy of Sciences, Sopot, Poland 

Jaroslaw Tegowski, Institute of Oceanology, Polish Academy of Sciences, 
Postancow Warszawy 55, 81-712 Sopot, Poland, P.O. Box 68, 
tel. (+48 58) 551 72 83, fax. (+48 58) 551 21 30, e-mail: tegowski@iopan.gda.pl 

Abstract: The paper presents results of a study of the spatial distribution and biomass of 
macrophytobentos in the Arctic Svalbard fiords. Hornsund Fiord represents a periglacial 
environment with great intensity of morphodynamic processes and rapid changes in the biotic 
environment, which makes it one of the most promising areas to research the climate impact on 
the ecosystem. As a result, distribution of bottom vegetation in the area contains information 
about climate changes. Sidescan sonar and single beam echosounder registration verified by 
scaled underwater video registration and biological sampling were carried on simultaneously. 
The collected field data were used for the habitat mapping classification algorithms development. 
Segmentation and classification of sidescan sonar imageries of bottom habitats were based on 
the discrete wavelet decomposition of echo signals and fuzzy c-mean data clustering and 
unsupervised Kohonen's neural network algorithms. Comparatively, the texture analysis method - 
granulometry  was used for segmentation of the sonar imagery of bottom surface.   The estimated 
area of the bottom covered by macroalgae in Hornsund Fiord is 2.83% for the whole fiord, 
4.36% for inner part without Breepolen and 27.25% for the euphotic zone up to 25 m of depth. 
The optical and biological verification of the sonar imagery classification results proves that the 
method is effective for habitat mapping. 

Keywords: habitat mapping, sidescan sonar, echosounder, macrophytobentos, biomass 
estimation, Spitsbergen, Hornsund Fiord 
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1. INTRODUCTION 

Bottom macroflora of underwater meadows is an important component of the fiord 
ecosystem. The bottom vegetation plays an important role as food and shelter for fauna, is a 
storage of CO2 as well as a source of organic carbon for sublittoral environment. The range and 
biomass quantity of benthos macrophytes in Svalbard fiords is a fundamental and missing 
element of knowledge of the fiord’s natural balance functioning. The research of this ecosystem 
has been concentrated on the biological measurement of phytoplankton biomass production and 
limited by the used method of samples collection by divers.  

However, the other methods of research of phytobenthos have been disregarded because of 
technical problems associated with collecting quantitative samples from the board of the research 
vessel, operating in shallow water full of underwater rocks and close to the surf zone. The 
geographical location of Hornsund Fiord (see Fig. 1.a below) having latitude of 77°N causes 
extremely difficult experimental conditions due to presence of icebergs and growlers, low 
temperatures of air and water, swell waves coming to the fiord from the open ocean as well as 
strong and changeable winds. Additionally, low transparency of water caused by suspensions 
produced by melting glaciers makes problematic the use of optical remote sensing methods based 
on airplane and satellite photography of underwater meadows. One of the most convenient 
measurement methods in a such an environment is applying of acoustical technique for 
phytobenthos measurements.  

The main goal of our Arctic research was the estimation of the bottom coverage and biomass 
of macrophytobentos in Svalbard fiords using acoustical methods. All measurements were  
conducted  from  a small manoeuvrable  dinghy (rubber boat) specially adapted to sidescan  

a)        b) 

 
 

Fig.1: Map of Svalbard Archipelago (a) and localisation of study areas inside Hornsund fIord 
(b): PS - Polish Polar Station, Is - Isbjornhamna, Fa - Fannypynten, Ga - Ganalodden, Ad -  

Adriabukta, Gr - Gruspynten, St -  Stonecity, Ku - Kulmstranda, Br - Brepolen. 
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sonar and single beam echosounder operations and equipped with voltage generator and GPS 
navigation system. Moreover, the use of easy manoeuvrable boat was dictated by necessity to  
pull the boat ashore through a barrier of growlers and icebergs after each measurement. In  the  
map of  Hornsund  Fiord showed in Fig. 1.b  the white  areas mark the glaciers moving to the 
fiord which are the main source of the ice in the fiord's water.  

Among different species of algae vegetating in Svalbard fiords, Laminaria saccharina, 
Laminaria digitata and Laminaria intermedia are dominant. Figure 2.a presents bottom covered 
by Laminaria saccharina and Brown algae. The maximal length of blades of Laminaria 
saccharina collected during the experiment (Fig. 2.b) was up to 1.70 m and width up to 0.4 m. 
The existence of algae is close connected with the euphotic zone depth of up to 30 m depending 
on concentration of suspended matter released from melting glaciers. 

  a)                 b) 

 
 

Fig.2: Laminaria saccharina and Brown algae landscape in Hornsund Fiord (photo by Marek 
Zajaczkowski) a) and laminaria saccharina canopy (photo by Agnieszka Tatarek) b). 

The acoustical method of macrophytes recognition is based on the assumption that 
phytobenthos is acoustically “visible” as the result of the difference between the acoustical 
impendence of vegetation and water. The gas caverns located in the algae and gas bubbles 
attached to their surface has an important role in the sound scattering. The level of signal 
scattered at the benthic vegetation is much higher than other signals coming from volume 
scatterers drifting in water body and is different from signal scattered at the bottom. This feature 
allows to differentiate signals coming from underwater meadows [1].  

The special and important role in such measurements have the contact methods, such as the 
sample collecting, which are necessary in the preliminary phase of the research for calibration of 
the hydroacoustical methods. The biological quantitative sample collecting was made by divers in 
bottom areas chosen using acoustical transects of single beam echosounder (the depth varied 
from 1 to 20 meters). Quantitative-qualitative composition of macrophytobentos and its biomass 
in the collected samples were analysed. Biological data were used for calibration of the acoustical 
method of biomass assessment. 
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Long term glaciological research has shown that the glaciers around Hornsund can be considered 
as typical for the Atlantic sector of the Arctic [2]. This allows one to assume that the research 
results are of much greater than just local importance. What's more, the region under study will 
become a modern natural laboratory for model studies of the impact of climatic changes on the 
course of development processes of the forefield of a receding glacier. 

The habitat mapping experiment took place in August and September 2005. Two full months 
research of Arctic macrofitobenthos was possible thanks to logistic support of the Polish Polar 
Station located in Isbjornhamna on the shores of Hornsund Fiord. 

2. MEASUREMENT METHODOLOGY 

The acoustical habitat mapping of Hornsund euphotic zone was made using EdgeTech DF-
1000 sidescan sonar working at 100 kHz and 390 kHz and single beam echosounder Simrad EK-
500 equipped with a 120 kHz transducer. A sidescan sonar "fish" was towed at constant depth of 
2 meters while an echosounder transducer was attached to the dinghy's board at the depth of 
1 meter. Acoustical transects were conducted perpendicularly to the fiord's shore, but frequently 
the linearity of transects was disturbed by the need of avoidance of growlers and icebergs or 
underwater rocks. Video registration was made in the chosen areas of acoustical measurements.  
The video cameras equipped with lighting system were mounted on a tripod with an zenith angle 
of observation of 45°. The laser system produced two parallel beams distanced at 10 cm and 
created two scaling spots at the filmed surface. Operators of the systems had deployed cameras to 
the bottom and stayed at the dinghy so that they could observe the bottom image at the monitor. 
Video frames were registered together with geographical positions obtained from a GPS system. 
Analyses of video frames delivered information about species of algae in investigated areas and 
were helpful during examination of sidescan sonar imageries. Biological quantitative samples of 
phytobenthos were collected by divers from pre-determined bottom areas in the coincident 
positions with hydroacoustical transects (the depth changed from 3 to 25 meters). The biological 
samples collected from areas of 0.12 m2 were analyzed in laboratory to identify quantitative-
qualitative composition of species, their biomass and statistics of plant heights. Biological data 
were used for calibration of the acoustical method of biomass estimation, where echograms 
obtained from single beam echosounder registrations were an important tool. 

3. SIGNAL PROCESSING 

The main goal of acoustical data processing was the delivery of information about area and 
biomass of vegetations covering euphotic zone of Hornsund Fiord. The signal processing of 
sidescan sonar imagery was made using various techniques, such as parametrical analysis of 
signals calculated in sliding windows, texture analysis and wavelet decomposition and synthesis, 
which gave the most promising results [3, 4] . The latter method is based on Mallat's algorithm 
[5] of discrete wavelet analysis of echo signals. In the first step, the procedure of wavelet low-
pass and high-pass filtrations divided sidescan sonar imagery into approximation and detail 
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imageries (horizontal, vertical and diagonal). In the next step, the first approximation of imagery 
was filtrated and divided on second level approximation and details. This scheme was repetitively 
copied in the next stages. In presented analysis, the biorthogonal wavelets (bior.3.8) were used. 
The decomposed signal can be described as the sum of decomposed elements as follows:  
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The synthesis algorithm were based on fuzzy c-means (FCM) data clustering method [6, 7], 
where approximation of level 2 and horizontal and diagonal details at the level 3 were the input to 
the algorithm. The result of segmentation procedure is the image divided into areas containing 
different features related to vegetation or seafloor morphological forms. The scheme of 
segmentation algorithm is shown in Fig. 3. Having information about pixel area, we can estimate 
the area of bottom covered by algae. Figure 4 shows an example of signal processing procedure 

 

 
 
Fig.3: Wavelet decomposition and synthesis of sidescan sonar seafloor imagery. Result of 

segmentation: black patches – acoustical shadow, gray patches – vegetations, white patches – 
strong reflection at stony bottom, calculated vegetation area: 1466m2, all area: 2800m2. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

837



of algae height estimation. The top pictures (4.a, b) show original sidescan sonar bottom imagery 
with trace of single beam echosounder transect (yellow line) and result of imagery segmentation. 
The rectangle in figure 4.c marks the part of echogram corresponding to the yellow trace marked 
in both top figures. Using Sonar6-MF post processing system [8], we estimated the mean height 
of vegetation and bio-area in selected areas, necessary for bio-volume estimation. The length of 
distinct transect is 52.4 m, mean height of vegetation is 0.69 m (the maximum height is 1.2 m) 
and the bio-area determined by transect is 261 m2 and bio-volume is 176 m2. The estimated area 
of seafloor covered by algae is 1517 m2.  

 

 
 

Fig.4: Sidescan sonar image of seafloor registered at Stonecity region (depth 12-14 m) with 
single beam echosounder transect marked by yellow line a), result of classification 

procedure: black – acoustical shadow, white – vegetations, gray – strong reflection at stony 
bottom  b), echogram of seafloor covered by vegetations c), vegetations height variations 

along the transect. Inclination of the bottom is from 3 
o
to 5

o
. 
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4. RESULTS 
 

Presented acoustical methods supported by biological sampling and video frames 
analyses provided knowledge about algae coverage of Hornsund bottom. Estimated bottom 
area of whole fiord is approximately 270 km2. This area expands larger every year in 
consequence of glaciers melting and recession of glaciers front. For the needs of the habitat 
mapping project the fiord was divided into two parts considering bottom vegetation 
occurrence. There are Breepolen (see Fig.1.b) - the innermost part of the Fiord full of 
numerous frontal parts of glaciers, being characteristic for bottom vegetation absence 
(because of low transparency of water caused by suspensions, icebergs embedded in the 
bottom and soft muddy sediments which cause the impossibility for algae roots to attach to 
the bottom). Consequently, the area is not taken into consideration. The area of Breepolen is 
approximately 95 km2.  Bottom vegetations were observed in the inner part of the Hornsund 
Fiord not considering Breepolen which occurred to be the area of 175 km2. 

Taking into account the depth of euphotic zone in the Arctic, we assumed that possibility 
of algae vegetations is up to depth of 25 m. Hence, the area of fiord's bottom has been 
divided into shallower part, where potentially vegetations could be found and dipper part, 
where dead vegetation are present. Estimated area of the shallow part (depth up to 25 m) was 
28 km2, where the area of foreground of glaciers in the central part of fiord being 
characteristic for its absence of macrophytobentos was about 11.5 km2. 
 Basing on the knowledge of the percentage number of coverage of bottom with 
vegetations, supported by classification of sidescan sonar imagery of investigated areas, the 
estimation of area with algae coverage of Hornsund Fiord was conducted. The results of this 
estimation are shown in Table 1. 
 

Parts of Fiord Total area 
 up to depth of 25m  [m²] 

Bottom area 
 covered by algae [m2] 

Bottom area covered 
by algae [%]  

northern 15500000 4453666.7 29 
southern 12500000 3175000.0 25 

total 28000000 7628666.7 27 
 

Tabe 1. The area of bottom of Hornsund Fiord covered by algae. 
 

As a result of qualitative and quantitative biological samples analysis, the dominant 
specie of algae in Hornsund Fiord is Laminaria saccharina, which has the foremost 
contribution to the total biomass of vegetations. The mean biomass of algae is 247.6g/m2. 
This is approximated value and mistake of prediction is caused by limitation of observations 
of the three fiord's areas and also by averaging of relatively small quantity of collected 
biological samples. 
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Abstract: 
 
     Benthic mapping using acoustic techniques is becoming increasingly important, with 
resultant geological and ecological maps used to plan areas of conservation in 
accordance with the EC Habitats Directive. The primary aim of this research is to map 
and interpret bathymetric and backscatter data derived from multi-beam echo-sounder 
surveys of the Pisces Reef(s) in the Irish Sea, west of the Isle of Man. The project will 
identify and analyse protruding features found in the survey areas, mainly the 
characteristics and rate of scouring around each reef and will examine the effect of 
scouring in relation to the surrounding ecology. Data will be analyzed and integrated 
using Multiview and ArcGIS. The interpretation and spatial mapping of the acoustic data 
is informed by seismic sections, grab samples, stills imagery and video footage from 
ground-truthing sites. Hydrodynamic and sedimentary processes leading to scouring 
around the reefs will be investigated and the control of scour on species distribution and 
density will be examined. The outcome will include a comprehensive analysis integrated 
maps from each survey area. Backscatter and bathymetric data will be interpreted 
leading to conclusions concerning the sediment type and a hypothesis for the formation 
and rate of the scours around the reefs. An interpretation of the habitat classes within 
and out of the scour zones will improve knowledge of the effects of scouring on the 
ecology of the area. The change in habitat and species crossing the boundaries between 
the scouring and the reefs will also be examined.  
 
Keywords: sonar, hydrodynamics, reef, habitat, mapping 
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Figure 1: Location of study area and sites 

Introduction and Background: 
 
      
     Scouring is the removal of excess bed material by sediment transport. A number of 
structures can suffer scouring such as barrages, tidal inlets, navigation channels, groynes, 
breakwaters, seabed pipelines, shipwrecks, electrical cables, vertical pipes, piles and piers 
and offshore platforms [1]. Natural structures can also suffer from scouring, such as reef 
structures, around which this paper is based. The scouring begins with the obstruction of 
the current by a geological feature such as a reef, leading to increases in the velocity of 
flow of the water and also turbulence surrounding the reef. The morphology of the 
scouring surrounding the structure or the reef is controlled by the location of the reef in 
relation to the local hydrodynamic regime, geology and bathymetry of the area. 
      
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Research concerning scouring around rocky reefs or natural structures is limited although 
many of the same principals apply to any permanent structure on the seabed. Quinn [2] 
describes the factors affecting scouring, increased flow velocity and turbulent intensity 
around objects, near and far field scour pits and also scour formations such as horseshoe 
and lee wake vortices. 
     The Irish Sea is considered to be one of the most ecologically distinct regional seas 
around the UK, due to its semi-enclosed nature and the range of activities which take 
place within it. This regional sea covers approximately 100,000 km2 and is relatively 
shallow, being less than 90m deep in most places.  
      

Area 3 

Area 2 

Area 1

Current Direction  
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The study area (Figure 1) concerning the research is west of the Isle of Man. Reports 
regarding the hydrography, ecology and geology of this area have been compiled [3] 
which provide information concerning the characteristics of the Irish Sea. The study area 
does not exceed 100m depth as it is south of the North Channel and is known for its 
rocky outcrops (rocky reefs) and diamicton. Holmes [3] suggests these areas are not 
swept clean of unconsolidated sediment and mud settled on top of reefs in the study area 
is due to the low energy environment. Peak spring tidal currents do not reach over 
1.25m/s-1 and do not accelerate over 0.50m/s-1. The associated bedstress, which is key to 
the scour process, does not reach over 5 Stress Newtons/m3, (on a scale which rises to 55 
Stress Newtons/m3 ). This is a depostional environment and rather than gradually being 
exposed by oceanic currents, these rocky outcrops have not yet been buried by mud 
deposited from suspended material. The outcrops include areas of scouring around the 
reefs.  
 
 
Methods: 

Acoustic data was collected as part of the Mapping European Seabed Habitats 
(MESH) partnership during survey work conducted by the Agri-Food and Biosciences 
Institute (AFBI), and the Irish Marine Institute on the RV Celtic Voyager. 

The vessel was equipped with Geoacoustics Dual Frequency Sidescan Sonar, 
Kongsberg Simrad EM1002S multibeam echosounder operating at frequencies between 
93 - 95 kHz with angular coverage set to 130°. Ship position was recorded by onboard 
Differential Global Positioning System (DGPS). 
      
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
A colour video camera mounted on a metal drop frame was deployed from the RV 
Corystes over the areas from which the acoustic data was collected by the RV Celtic 
Voyager. The camera was controlled via an umbilical cable to the ship where real time 

Figure2: Positions of video tows and grabs 
over area 2 

Figure 3:  Positions of video tows over area 3 

Video Tow 3    

Video Tow 1  
 
Video Tow 2 
 
Grab Samples 
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images were viewed and recorded for further analysis. The images were time, date and 
GPS stamped to authenticate the data and allow geo-referencing in ArcGIS (MESH 
protocol review). The camera footage was used for the identification of species and 
subsequent categorisation of the habitat type and its position within existing habitat 
classification systems when combined with the substrate categories. Grab samples were 
also collected using a 0.1 Day grab. These samples were sieved over a 0.5mm sieve then 
fixed in Formalin for subsequent fauna identification. 
      The multibeam echosounder was used to collect bathymetry data over the targeted 
survey areas. Sediment type was inferred from side scan backscatter data. Three video 
tows and eight grab samples were collected to examine the associated biology of the 
survey area in and outside the scour (Figures 2 and 3). These ground truthing methods 
were also used to examine the sediment types further.  
 
 
Preliminary Results: 
 
Hydrodynamic Regimes 
      
     Scouring around the reefs was observed in all survey areas, an example of this is 
shown in Figure 4. The scouring for each area is caused by the obstruction of the bottom 
current which then diverges around the rocky reef causing an increase in flow velocity 
and turbulence creating vortices which erode the seabed to form the horseshoe and 
vertical scouring around the front of each reef. However, the current for each area 
originates from a different direction. Scour pits occur in a different orientation at each of 
the sites, indicating that current direction differs between the three reefs suggesting 
complex hydrodynamic patterns are acting in the area.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Sediment 
      
     Difference in sediment type within and outside the scour pit was observed. Fine mud 
was found on the mud flat some distance from the scour pit; reef side sediment consisted 
of a high abundance of shell fragments; the scour pit sediment consisted of a fine mud 

Turbulence (vortices) 
 
Flow 

 

Figure 4: Hydrodynamic model for area 3 
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with some shell fragments throughout. Further analysis will be conducted using an 
automated sediment classification software, QTC Multiview [4]. 
 
Biology 
      
     Differences in abundance and community assemblages were observed around the 
reefs, with less biology recorded inside scour pits compared with the mudflat and non 
scoured areas. A higher abundance of worms, echinoderms and crustaceans were 
recorded outside the scour pit e.g. Nephrops norvegicus, Calocaris macandreae, 
Ophiothrix fragilis. 
 
 
Conclusion and Discussion 
 
     
     The dynamics and shape of the scour pits found in each of the study areas show that 
these natural igneous extrusions are impacted by scour in a similar way to manmade 
structures. Questions can be raised about the multi-directional nature of the bottom 
currents in this area to create the scouring on opposite sides of the reef in some cases. 
One possible theory which could explain these differences in the location of the scour pits 
is a cold water gyre in this area, causing the water to circulate resulting in directional 
differences in currents between the reefs.  
 
      Sediment type differs in and out of the scour pits. The sediment within the scour pit 
consists of a fine mud with some shell fragments. It is possible that much of the shell 
debris was swept off the reef and into the scour by the turbulent current. This creates 
coarser sediments compared to the fine mud surrounding the scour. In turn, preliminary 
observations indicate that this difference in sediment type influence the biology within 
the scour.  
 
     The biology within the scour pit compared to the surrounding mud may differ for two 
reasons. The first being that filter feeding organisms such as hydroids found in the area 
are affected by the sediment uplift, particle flux and disruption of the boundary layer flow 
around the reef [5] preventing efficient feeding and therefore reducing numbers. 
Bioturbating organisms could also be affected by the constant movement in surface 
sediment caused by the currents such as disrupted burrowing activity by Nephrops 
norvegicus. This could result in lower abundance and species numbers. Biology in the 
scour pit may also be affected by shell debris, which creates much coarser sediment 
compared to the fine mud elsewhere.  
 
 
 
 
 
 
 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

845



Acknowledgements  
 
The authors would like to thanks University of Ulster and ESRI , the Irish Marine 
Institute and the Agri-food and Biosciences Institute of Northern Ireland (AFBINI) for 
donating the geophysical data. Thanks also to Dr. Matt Service and the crew of the RV 
Corystes for the collection of the ground-truthing data. 
 
References 
 
[1]M. Rambabu, S.N. Rao, and V. Sundar, Current-induced scour around a vertical 
pile in cohesive soil, vol. 00030, no. 00007, pp. 893-921. 2003 
[2] R. Quinn,  The role of scour in shipwreck site formation processes and the 
preservation of wreck-associated scour signatures in the sedimentary record - evidence 
from seabed and sub-surface data, Journal of Archaeological Science, vol. 33, no. 10, pp. 
pp. 1419-1432, 2006. 
[3] R. Holmes and Tappin, DTI Strategic Environmental Assessment Area 6, Irish Sea, 
seabed and surficial geology and processes. British Geological Survey Commissioned 
Report, CR/05/057, 2005. 
[4] K. Ellingson, J.Gray, E. Bjornbom, Acoustic Classification of seabed habitats using 
the QTC View system, ICES Jornal of Marine Science. Vol. 59. pp 825-835. 2002 
[5] Jumars and Nowell, Fluid and Sediment Dynamic Effects on Marine Benthic 
Community Structure, American Zoology, 24:45-55, 1984. 
 
 
 
 
 
 
 
 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

846



 

GRAVEL FIELDS OF THE WESTERN BELGIAN BORDER, SOUTHERN 
BIGHT OF THE NORTH SEA: A MULTIDISCIPLINARY APPROACH 

TO HABITAT CHARACTERIZATION AND MAPPING 

Houziaux J.-S.a, Degrendele K.b, Norro A.c, Mallefet J.d, Kerckhof F. c & Roche M.b 

a. Royal Belgian Institute of Natural Sciences (RBINS) - Dept. of Invertebrates, rue Vautier 29, B-1000 Brussels, Belgium – jean-

sebastien.houziaux@naturalsciences.be 

b. Fund for Sand Extraction, FPS Economy, Simon Bolivar 30, B-1000 Brussels, Belgium - Koen.Degrendele@mineco.fgov.be, 

Marc.Roche@mineco.fgov.be 

c. Royal Belgian Institute of Natural Sciences (RBINS) - MUMM,. Gulledelle 100, B-1200 Brussels, Belgium – A.Norro@mumm.ac.be,  

F.Kerckhof@mumm.ac.be 

d. Université Catholique de Louvain, Laboratoire de biologie marine (BMAR), Belgium – mallefet@bani.ucl.ac.be 
 
Abstract: Offshore subtidal gravel fields of the southern bight of the North Sea form a 
fragmented and heterogeneous benthic habitat. In the surroundings of the Westhinder bank, it 
was to date poorly studied, although a species-rich “boulder field” sheltering wild flat oyster 
beds was documented in the literature of the late 19th century. In order to investigate the long-
term changes that have occurred on this habitat, a combination of seafloor classification based 
on multibeam echosounding, scuba-operated underwater video recording and epibenthos 
sampling was carried out at stations investigated in 1905 by G. Gilson (baseline data). The 
combination of acoustic seabed images and supervised classification maps with detailed terrain 
models allowed the delimitation of the gravel fields. Acoustically, it is characterized by high 
backscatter values, a clear distinct classification and a typical “hillocky” morphology. Scuba-
operated video tracks revealed the strong heterogeneity of the marine landscape of this area. 
The seafloor consists of irregular cobbles and boulders partly covered with a rippled sand layer 
of varying thickness. Epibenthos samples evidenced a degradation of its associated biodiversity 
since the early 20

th

 century. Acoustic data and benthos samples point at existence of a serious 
pressure by bottom trawls so far undocumented and suggest existence of refuge areas between 
large sand waves. This multidisciplinary study thus provides important background information 
for future management and monitoring of human activities in this ecologically sensitive area. 

Keywords: West-hinder bank, North Sea, benthic habitat, multibeam echosounder, backscatter, 
seabed acoustic classification, scuba-operated video, gravel, baseline, epibenthos. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

847



 

INTRODUCTION 

Gravels form a patchy and heterogeneous habitat in the southern North Sea, generally 
dominated by a sandy seafloor. These deposits are found in the Dover Strait area up to the 
Belgian border [1,2] and off the Thames estuary. They are most difficult to sample 
appropriately with quantitative benthos samplers, which hampers their characterization. On the 
Belgian Continental Shelf, the historic literature (19th century) and recently re-processed 
historic data of surveys conducted by G. Gilson (RBINS, 1899 – 1910) point at former co-
existence of several important ecosystem functions associated to so-called “boulder fields” [3]. 
In the area of the Westhinder sandbank, some 15-25 nautical miles off the western Belgian 
coast, a high epibenthic species richness, wild beds of the European flat oyster (Ostrea edulis) 
and North Sea herring (Clupea harengus) spawning used to occur. The area was also known as 
a good trawling spot in the early 20th century. 

 
Recent information on this habitat is scarce within Belgian waters. Multibeam surveys 

carried out by the Fund for Sand Extraction (FPS Economy, SMEs, Self-employed and Energy) 
in the scope of a program aiming at mapping marine aggregate resources of the Belgian 
Continental Shelf have clarified the location of several gravel fields. These can be delimited 
using acoustic backscatter imaging and classification in combination with morphological maps 
[4]. A scuba-operated video recording on a gravel field of the Flemish banks area enabled a 
first validation of the defined acoustic classes. Using the same classification, an exploratory 
acoustic survey recently outlined the presumed extension of gravel fields along the south-
eastern flank of the Westhinder sandbank [5]. However, the nature of this coarse deposit 
remained unclear and the present status of its associated biodiversity was to date 
undocumented. 
 

Given the lack of modern data on the gravels fields of the Westhinder area and its apparent 
high ecological value in a remote past, a short-term project was recently conducted in order to 
identify the former “hot-spots” for benthic species richness and investigate their present status 
[3]. A multidisciplinary approach to re-investigating the historic stations was developed 
referring to existing guidelines [6,7] using multibeam sonar, underwater video and trawl 
samples. 

METHODS 

Gilson’s stations of the Westhinder area where cobbles and boulders, high epibenthic 
species richness and/or European flat oyster beds used to occur were identified [3] and selected 
for multidisciplinary re-sampling. To achieve that goal, rectangular frames (2000*400m) were 
drawn around the assumed position of 16 historical dredge tracks. The depth varied between 5 
and 35 meters. Sampling operations took place from 14/06 to 24/06/2005 during R/V Belgica 
cruises 2005/14 and 2005/15. 

 
14 frames (2049 hectares; see Fig. 1) have been surveyed using a Kongsberg Simrad 

EM1002 multibeam echosounder. The EM1002 provides 111 beams and works at a nominal 
frequency of 95 kHz. The data are corrected real-time for the roll and heave using a Seatex 
MRU 5 motion sensor and for the heading using an Anschütz Standard 20 gyrocompass. The 
geographic co-ordinates are provided by a Thales Aquarius 02 GPS positioning system. The 
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soundings are tide-corrected using the specific tidal reduction for the Belgian coastal zone and 
referenced to the level of mean lowest low water at springtide (MLLWS).  
 

The backscatter intensities recorded by the EM1002 (dB corrected backscatter values time 
series for each beam) have been processed with specific software. “Poseidon” (© Kongsberg 
Simrad, 2001) mosaics the backscatter values and produces a grid of the backscatter strength 
expressed in dB (seabed map). “Triton” (© Kongsberg Simrad, 2003) is used for the supervised 
classification. The 5 classes used in this study have been defined previously on the Kwinte 
sandbank area. They are representative of the main types of sediment observed offshore on the 
Belgian Continental Shelf. Roughly, classes 1 and 3 represent the gravels, classes 2 and 5 
characterize the coarse to medium sands and class 4 corresponds to the fine sands [4, 8]. 
 

Geo-referenced video recordings have been acquired on zone H2 and F (see Fig. 1) during 
the 2005/14 cruise with methods adapted from [9]. Scuba techniques were chosen because this 
site is accessible to divers (depth 30-35 m, occasional conditions of good visibility) and 
because additional measurements (sand layer thickness) and targeted sampling (cobbles) can be 
carried out. A digital camera recorder (Sony PC 330, 3.2 Mpix) in a Light and Motion Mako 
housing was used. The images were geo-referenced using GPS track data (Garmin 
GPSMAP76s) of a surface marker towed by a diver. The resulting positioning error is 
estimated at 10m.  A video-track of approximately 700 meter (60 min) was acquired on each 
zone by two successive teams of three scientific divers. 

 
A small robust 2 meter beamtrawl equipped with a chain-mat was used to obtain samples of 

epibenthos comparable to the historic samples of G. Gilson (spring 1905) and provide first 
contemporary data for this portion of the North Sea. Based on preliminary tests, an average 
trawling distance of 500 meters was chosen to compare with Gilson’s tow length (one nautical 
mile) and to keep a manageable sample size (100m long tows are recommended by [10]). Two 
to 5 samples were collected within each target frame. In order to maximize the output within 
allocated time windows during the cruises, whole samples (mobile and attached species) were 
immediately fixed with a solution of 4% formalin in seawater. They were transferred to 70% 
alcohol at the laboratory afterwards. Samples could not be completely processed yet due to 
some unexpectedly large samples and abundance of difficult taxa. 

RESULTS 

Despite residual artefacts, the seabed images and supervised classification maps confirm the 
existence of acoustically hard substrates between the sandbanks (Fig. 1). Their combination 
with detailed terrain models (2x2m) allows the delimitation of the gravel fields. Acoustically, 
the gravel field habitat is characterized by a signature of high backscatter values (> -20 dB), 
mainly classified as class 1, a typical “hillocky” morphology and the absence of medium to 
large sand dunes. The acoustic maps obtained with the multibeam echosounder show a gradient 
of backscatter strength and morphology from the sandbank (low backscatter strength values (< 
-15dB), classes 4, 2 and 5, sand dunes morphology) to the deeper part of the gully (high 
backscatter strength values (> -15 dB), classes 1 and 3, “hillocky” morphology). A typical 
example of such backscatter strength and morphological gradient is illustrated by the detailed 
view of the area F (Fig. 2, below). 
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Fig.1: Overview of the sampled area (south-eastern gully of the Westhinder sandbank, Belgian Continental 
Shelf). Left map: bathymetry, target areas for multibeam coverage (white frames) and seabed morphology. Right 
map: backscatter strength values superimposed on seabed morphology. Red doted lines: historical dredge tracks 
(G. Gilson, spring 1905; 4 tracks (1852 m) per cross). The slight shift between historical tracks and re-sampling 
frames is due to a correction of historic positions after fieldwork took place. Background: bathymetric data from 
Flemish Hydrography. 

 
The heterogenous nature of the irregular cobbles collected with the two-meter beamtrawl fits 

the historic descriptions compiled by [3], i.e. granite, flintstone, sandstone, limestone, etc. The 
underwater videos evidence the presence of a thin (0-10 cm) rippled sand cover throughout the 
surveyed areas. The seafloor is patchy at small-scale (<10m), with accumulations of pebbles 
and small to large (1m) cobbles interspersed with more sandy patches (Fig. 2, above). This 
configuration explains the high backscatter values obtained in the gully despite its sandy 
appearance on the video footages. A close examination of acoustic maps obtained with the 
multibeam sonar at frame “F” shows a typical “hillocky” signature in areas dominated by high 
backscatter values. These can be identified on the video tracks. In the central area of the gully, 
a patch of lower backscatter values coinciding with mixed classes 2 and 5 might indicate a shell 
patch (Fig. 2). Indeed, such accumulations of shells have been sampled with the small 
beamtrawl elsewhere; they possibly point at derelict flat oyster beds.  

 
The fauna and cobbles collected with the two-meter beamtrawl generally correlate well with 

the acoustic classification of the seafloor and the video tracks, with a typical species-poor sand 
fauna associated to the sandbank, a species-rich gravel community on the seafloor of the gully 
and a mixed community in transitional areas (large dunes). 
 

Compared to the historical samples, some important faunistic changes are noticed in the 
epibenthos. Firstly, alive flat oysters, which formed biogenic reefs before the 1870s and were 
still present in low densities in 1905, seem completely absent from the area. Secondly, a 
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rarefaction or virtual disappearance of large branching species (e.g. the bryozoans Alcyonidium 
sp, Flustra foliacea or the sponge Haliclona oculata) is noted. Thirdly, an apparent increase is 
observed in the populations of some mobile species such as the starfish Asterias rubens (with a 
non negligible proportion of specimens bearing broken arms under regeneration), the sea urchin 
Psammechinus miliaris and more locally high biomasses of the brittle-star Ophiothrix fragilis. 
Additional sediment samples collected by Gilson tend to indicate that the seafloor has probably 
not changed much since the early 1900s. Indeed, “fine sand” was collected together with 
cobbles e.g. in the gully of frame “F” (Fig. 2), indicating the existence of a layer of mobile sand 
on the coarse deposit as observed on the video footages. However, consolidated “mud” was 
also mentioned to occur there by Gilson, which is possibly linked with the former occurrence of 
wild oyster beds overexploited in the 1870s [11]. 

 

 

Fig. 2. Detail of the frame “F”. Above: pictures of the seafloor extracted from the underwater video footages. 
Below, left: acoustic backscatter values superimposed on morphology. White dots: historical sediment samples of 
G. Gilson (May 1905; on the sandbank: neritic medium sand; in the gully: (muddy) fine sand and gravels / 
cobbles). White lines: 2m beamtrawl tracks. Pale rose line: scuba-operated video track. Below, right: acoustic 
classification of the seafloor superimposed on morphology, classes 1 and 3: gravels, classes 2 and 5: coarse to 
medium sand and class 4: fine sand.  
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Mechanical disturbance of the gravel grounds by commercial trawls has been detected in the 
benthic samples (damages to organisms). This observation is confirmed by the abundance of 
trawl marks on the acoustic image of the seafloor of every surveyed frame, more particularly on 
the transitional area between the sandbank and the central gully (e.g. see fig.2). More toward 
the centre of the gully, trawl marks are hardly detectable, most probably due to the lower 
penetration of trawls on such hard bottom with a smaller sand cover. The disturbance was not 
detected on the videos. These observations evidence a serious pressure induced by bottom 
trawls, probably occurring since the 1920s if not earlier [3] but yet undocumented in this area. 
Remarkably, large branching species were collected on one occasion, in an area dominated by 
large sand waves (zone “M”, Fig. 1). This observation points at probable existence of refuge 
pockets for species most sensitive to trawling. 

DISCUSSION AND PERSPECTIVES 

The combination of the three considered techniques allows a multi-scale characterization of 
the seafloor. The acoustic approach with this type of multibeam echosounder results in a meso-
scale (1/5000 to 1/10000) map of the seabed gravel habitat. The relatively broad backscatter 
resolution of the 95 Khz EM1002 limits the use of this acoustic tool: small dunes and patches 
of gravels and cobbles do not appear on the seabed images. 

 
At smaller scale, the real nature of the seabed can only be determined by the use of 

underwater video footages. At this depth range and despite strong tidal currents and frequent 
conditions of high turbidity, the use of scuba techniques offers advantages compared to 
remotely operated devices: flexibility (landscape and/or close-up views), in situ measurements 
(e.g. sand layer thickness) and ability to collect additional data (e.g. fauna, cobbles). Using ultra 
short base line (USBL) acoustic techniques to improve geo-referencing accuracy and specific 
video operating procedures, it is expected that video mosaicing techniques [12] will enable true 
small-scale mapping of the seabed. 

 
Most important changes in the benthic habitat probably occurred before the 1900s when 

British dredgers destroyed the wild flat oyster beds [11], but the real impact of bottom trawls 
on the seafloor since then can hardly be evaluated at this stage. Although the species richness 
has remained high, benthos samples evidenced faunistic changes since the early 20th century, 
the most prominent of which are the virtual disappearance of the European flat oyster and a 
decrease in the density of large branching species. The acoustic images of the seafloor and the 
benthos samples point at fishing pressure as a probable cause for this degradation, but they also 
reveal the probable existence of refuge areas for sensitive species between large sand waves. 
An inspection of these sites with scuba techniques is planned. 

 
The study further highlights the importance of historic data to evaluate the potential 

ecological role of the surveyed habitat, as none of the data collected would à priori indicate its 
suitability for installation of flat oyster beds or herring spawning. The re-sampling strategy 
developed on the basis of acoustic seabed mapping thus provides important data for future 
management of the local biodiversity and will constitute a keystone for the design and 
implementation of monitoring surveys in this area.  
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Abstract: The aim of this study was to investigate the use of multibeam sonar 
backscatter data for the purposes of seabed classification. An analysis of backscatter 
data collected using a high-frequency (455 kHz) multibeam sonar system from 
Esperance Bay in Western Australia is presented. The study has focused on the 
variation of backscatter intensity with incident angle, as this is a potentially useful 
means to classify the seabed into acoustically similar regions. The results of 
statistical analysis highlight the mean and variation of backscatter intensity as 
properties which show potential for segmenting backscatter data for seabed 
classification. The production of ‘angle cubes’ allows better spatial visualisation of 
these properties. This is demonstrated through an example of seafloor classification 
based on multibeam sonar data.  

Keywords: Multibeam sonar, backscatter, seafloor mapping 

1. INTRODUCTION 

Multibeam sonar (MBS) is a very useful remote sensing tool in seafloor mapping 
studies, as it provides co-located high-resolution bathymetry and backscatter. The 
production of bathymetry maps and use of terrain analysis for seafloor 
characterisation has been well established [1]. Whereas, production of maps of 
backscatter properties and its classification into different seafloor types has not 
realised its potential. One of the main challenges is utilising the effect of incident 
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angle on backscatter strength. The relationship between backscatter and incident angle 
is governed by seafloor properties, in particular, impedance and roughness 
parameters. It has been demonstrated that this relationship can be exploited for 
seafloor classification, both empirically [2] and using a model-based approach [3]. 
The aim of this work is to demonstrate a new method to process multibeam 
backscatter to better enable visualisation and examination of angular dependence 
properties. This is done through producing ‘angle cubes’, which can represent the 
spatial distribution of various angular dependence features. These features can then be 
used to classify the seafloor. 

2. DATA DESCRIPTION 

Data were obtained in May 2005 using a Reson Seabat 8125 455kHz multibeam 
sonar in Esperance Bay, Western Australia. Using part of the dataset from east of 
Woody Island, with 12 main lines, plus some additional smaller lines to fill in gaps. 
Backscatter strength and depth measurements (Figure 1(a)) were calculated for each 
of the 240 beams using the methods described in [4]. Grab samples and video drops 
were used to ground-truth acoustic measurements, and these showed 4 main seafloor 
types within the surveyed area: sand, seagrass, rhodolith and rock. The sand is 
predominately flat and comprised of: 93% sand, 5% gravel and 1% mud. Seagrass in 
Esperance Bay is of typical temperate morphology forming dense beds and long 
shoots. Rhodoliths (sometimes referred to as maerl) are small (about the size of 
pebbles), unattached red coralline algae that form a dense cover over sand. High relief 
rock predominatly occurs as the shoal called ‘Time Rock’.  

3. MULTIBEAM BACKSCATTER PROPERTIES 

3.1. Angular dependence of backscatter strength 

The mean and standard deviation (STD) of backscatter strength versus incident 
angle for the main seafloor types are shown in Figure 2. The mean slope of the 
derived for the mean backscatter strength is not significantally different between the 
four seafloor types for oblique angles, i.e. for incident angles greater than >20˚. The 
main exception is for rhodoliths where there is a small increase at the nadir. The 
physical meaning of this increase is unknown, but it has been observed previously for 
some other highly rough gravely/pebble-like surfaces. The main difference between 
the habitats in the mean curves is the overall level, particularly at moderate and 
oblique angles. This is a reflection of the different impedance and micro-scale 
roughness of the different seafloor covers. Of these seafloor types, sand has the lowest 
mean backscatter strength. The addition of marine vegetation on top of sand increases 
the mean backscatter level, though the actual reasons for stronger backscatter are 
likely to be different for seagrass and rhodoliths. The hard and rough surface created 
by rhodoliths leads to a scattering strength at oblique angles even higher than that 
from rock. The scattering strength from seagrass is significantly lower than from 
rhodoliths. However, it is still unclear how much of acoustic energy is scattering from 
gas micro-bubbles that are likely to be produced by both seagrass and rhodoliths, 
rather than as a result of geometrical roughness. 
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Figure 1. Multibeam sonar survey data products from Esperance Bay, Western 
Australia: (a) bathymetry (m) with grab samples, (b) mean backscatter strength 

between 20-60˚ (dB), (c) slope of the STD of backscatter (dB/deg.), (d) 
probability of the seafloor class rhodolith and (d) a contour map of the main 

seafloor classes Sand (Sd), Rhodolith (Rd), Rock (Rk) and Seagrass (Sg). 
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Figure.2: Mean and STD of backscatter strength (dB) versus incidence angle for 
sand, rhodoliths, seagrass and rock found in Esperance Bay, Western Australia. 
 
The trend in STD of backscatter strength with incident angle relates to the 

statistical homogeneity of scattering in different angular domains. At the nadir, there 
is high variation due to highly variable specular reflection from macro-roughness (or 
local slope). As the angle of incidence increases, the contribution of specular 
reflection rapidly decreases, which results in a decrease in the variation of backscatter 
strength. Rock has a slower decrease in this trend as it has the macro-roughness of a 
much large scale causing specular reflection to very likely occur even at oblique 
angles. This feature can be exploited to discriminate rock from the other seafloor 
types of smaller roughness. 

3.2. Visualisation of backscatter properties: Angle cubes 

There has been a demand to produce multibeam backscatter intensity images 
similar to sidescan sonographs. This has lead to the development of various methods 
to correct multibeam backscatter for incidence angle with varying success. A different 
approach is presented here to assess, visualise and extract useful multibeam 
backscatter properties through the generation of ‘angle cubes’, which can be thought 
as analogous to a hyperspectral cube. To create an angle cube, all the multibeam 
backscatter data from a survey area are gridded in 3 dimensions: X, Y and incident 
angle (1˚ bins are used here), which produces a 3-dimensional sparse array of data. 
The amount of overlap between survey lines and grid cell size determines how sparse 
the array will be. Then data in each angle layer are interpolated into each node of the 
grid, producing a solid cube (Figure 3). Of the commonly used interpolation 
techniques, Krigging [5] was found to give the most satisfactory results. Both the 
mean and STD of backscatter strength versus incident angle have been showed to be 
important statistical descriptors. Therefore, an angle cube was generated for both of 
these properties, referred to here as the mean cube and STD cube. The angle cubes 
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can be then used to extract and visualise spatial trends in the angular dependence 
properties, such as slope, intercept and mean for different angular regions. As with 
any surface created through interpolation of sparse data, it is important to identify and 
overcome any artefacts. Furthermore, any properties derived through such 
interpolation will represent general trends and could possibly obliterate or smooth 
small features. However, seafloor habitat mapping is usually concerned with large-
scale changes in the seascape; small features are better examined by direct 
observations, such as underwater video. Also, the stochastic nature of backscatter 
measurements means that statistical descriptions, such as the mean, are more useful 
than individual measurements alone. 

 
Figure 3: Schematic representation of the production of an angle cube. 

 
The main benefit of creating angle cubes is the relative ease of extracting and 

spatially visualising different backscatter properties. For instance, from Figure 2 it 
appears that the mean backscatter level at the oblique angles discriminates well 
between the different types of seafloor. Figure 1(b) shows the backscatter level 
averaged over incident angles from 20 to 60˚ (gridded at 5m). The areas of high 
backscatter correspond to rhodolith and the areas of low backscatter are sand, which 
are very distinct in comparison with each other. So to is the small patch of seagrass in 
the middle of the survey area, which has a mean backscatter level between sand and 
rhodolith. Although Time Rock can be distinguished by a slightly lower backscatter 
level compared to rhodolith, it is not as distinct as the other habitats. However, the 
rock area is sufficiently distinct from other habitat with respect to the STD slope 
(Figure 1(c)), which was calculated from the STD cube.  

 
As well as visualising backscatter properties, the angle cubes can also be used to 

reconstruct the sonar image so that it is independent of incidence angle. This is built 
on the work by Parnum et al. [6], where the actual backscatter data in the sparse 
gridded array are normalised by removing the mean values and normalising by the 
STD at each angle and at each X and Y location on the seafloor. This procedure 
reproduces the underlying local variations, but independent of incident angle. The 
normalised data can be restored to the mean level (1st order statistics) at each point 
(1), which is referred to here as BScomp1 (Figure 4(b)). It is recommended to use the 
mean at the oblique angles (e.g. >20˚) of the mean cube (Figure 1(b)). The backscatter 
data can be restored further to give a ‘texture’ to the image similar to raw backscatter 
images, but free of the angular dependence artefacts. By multiplying the normalised 
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values by a value representative of the STD value at each point prior to the addition of 
the mean level. Either the STD at a reference angle or an average STD over several 
angles can be used as a restoring coefficient (BScomp2 - Figure 4(c)). The equations for 
calculating BScomp1 and BScomp2 are show in (1) and (2) respectively: 
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where BS(x,y,θ) is the backscatter strength at location (x,y) obtained at incidence 
angle (θ), ),,( θyxBS  is the mean backscatter strength at location (x,y) for incident 
angle (θ), ),,( θyxBSSTD  is the STD of backscatter strength at location (x,y) for 

incidence angle (θ), ),,( refyxBS θ  is the angle-averaged mean backscatter strength at 

location (x,y) for one or more reference angles (θref) and ),,( refSTD yxBS θ  is the angle-
averaged STD of backscatter strength at location (x,y) for one or more reference 
angles (θref). 

 

 
 

Figure 4. Backscatter strength from a single line: original data (top panel), and 
those compensated for incident angle and restored to 1st order (BScomp1) and 2nd 

order (BScomp2) statistics. 
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4. CLASSIFICATION OF MULTIBEAM DATA 

One aim of seafloor mapping is usually to classify the seafloor into different 
regions. This is done for a number of purposes, such as defence and marine resource 
management. Regardless of the application, it is important to have a procedure that is 
robust and repeatable. The dataset could be classified using either the original point 
data or the generated angle cubes. One benefit of using the angle cubes is that it 
allows for the use of multivariate statistics. For instance, principle component analysis 
can be used to reduce the angle cubes down to few uncorrelated parameters, which 
could be then classified. However, for continuity here the two main properties shown 
in Figure 1(b) and (c), i.e. the mean backscatter at the oblique angles and the slope of 
the STD curve are used. In addition, the local standard deviation of depth (in log 
scale) is used as another feature to enhance discrimination of high relief areas. All 3 
features are normalised to prevent problems due to different scales of parameters. 
Figure 5 shows the training data for the areas of sand, rhodolith, seagrass and rock in 
the 3 dimensional feature space. 

 
Figure 5. The training data in 3-dimensional feature space. 

 
There are various classification methods available that could be applied to this 

dataset, a standard probablislitic model is used here to demonstrate the capability of 
the features. A multivariate normal distribution function was generated for each class 
based on the training data. This was used to calculate a probability for each class at 
each point (x,y). The probability of the rhodolith class is shown in Figure 1(d) as an 
example. The class of the highest probability was chosen to produce a hard 
classification map, values with a probability below 0.25 were removed and a modal 
filter was then applied to remove speckle. The resulting classification map is shown in 
Figure 1(e). Areas that are classified as sand are likely to be the most reliable as sand 
has the largest separation from other classes in feature space. Time Rock has been 
well identified, but other areas identified as rock, particularly in the left of the image, 
seem to be incorrectly classified. This is most likely due to either ship motion 
artefacts causing higher deviation of bathymetry, or the area contains more than one 
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habitat causing a higher STD of backscatter value. Although the seagrass patch in the 
middle is well identified, other areas identified as seagrass, particularly at the 
transition from sand to rhodolith, are more likely to be low-density rhodolith. 
However, without further ground-truth information any accuracy assessment would be 
limited. Nevertheless classification results show good potential and more 
sophisticated methods will likely improve upon these initial results. Furthermore, 
additional parameters could be investigated to improve discrimination between the 
different seafloor types. 

5. CONCLUSIONS 

The relationship between the mean and STD of backscatter strength with incident 
angle can be can be utilised for seafloor classification. It has been demonstrated here 
that the production of angle cubes provides a good way to spatially visualise angular 
dependence features. Here the mean backscatter level of the oblique angles and the 
slope of the STD curve prove to be useful descriptors. However, backscatter from 
other seafloor types and/or collected at a different frequency would perhaps be better 
separated by different features than the ones used here. This method would be useful 
to help explore and determine the most important properties for those datasets. 
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Abstract: The suggested approach is based on comparisons of statistical distributions of 
two  simple factors, measured by acoustic sounding. Each of them  expresses different  
property being essential for the forming of the bottom habitat features.  One of the factors 
theta parameter, expressing the length of the  bottom echo normalized against the depth, 
correlates with the seabed roughness and the range of sound  penetration into sediment 
layers. The second factor, the  bottom depth,  strongly influences conditions of associated 
biological life (light penetration, hydrostatic pressure, and local hydrology). Taking into 
consideration  numerical characteristics of both factors: 1. - the distribution of the theta 
parameter (hypothetical effective angle of a bottom echo (θ’/2)) and 2. - the mean depths 
within each  statistical intervals of theta,  it is possible to  generate a wide spectrum of 
differences among  surveyed areas. The classification was  made for the  regular grid of 
the  sub-areas. Each statistical rectangle was  characterized by measurements of both 
mentioned factors. The studies   were based on data collected aboard the RV “Baltica” 
during regular surveys in 1995-2003 period. The classification applied  simplified the  
comparison of spatial dynamics  of  the seabed structures, what is useful for providing the 
benthic surveys and helpful in ecologically based  administration of the marine areas.  

Keywords: acoustic seabed classification,  bottom habitat,  Baltic. 

1. INTRODUCTION 
 
Benthic habitat is formed by the seabed structure, the hydrologic dynamics of the water 
column, and the influence of light from the surface. All these elements, known as the 
physiotope, have a fundamental influence on the flora and fauna in this area [1]. The  state 
of the benthic habitat  (ecotope) directly reflects the quality of the marine ecosystem. 
More detail information was given in [1, 2, 3, 4, 5, 6, 7, 8, 9, 10, 11, 12]. 

Acoustic methods are the most  effective to recognize sea depth and seabed structure. The 
latest trends in acoustic methods of seabed classification are mostly associated  with 
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multiplying  the number of parameters, measured  by   complicated and  differentiated   
systems. The number of   parameters is increasing, while the practical context of the 
classification is not quite clear and becomes  difficult  to interpret from ecological point of 
view. 
Acoustic classification of the seabed  in the Baltic sea  is curried out since  early seventies 
of the XX  century [6, 5, 13, 14, 15, 16, 17]. In 2005 the author [9,17] introduced a new 
method applying the  simple algorithm,  based on  normalization of the  bottom echo 
length (parameter theta). The measurements were based on  acoustic bottom recordings 
collected during the series of cruises (1995-2003). The primary analysis of the results gave 
a good  base to propone new way of the seabed classification. In a consequence  spatial 
statistical distributions of  theta and associated bottom depth  structure were used to 
provide classification of the bottom habitat in the southern Baltic.   This new approach is 
described in this paper. 

2.MATERIAL AND METHODS 
 
Systematic acoustic surveys of  the Polish EEZ started in 1989 as the part of the ICES 
autumn international survey programme. The recording of samples 24 hours a day for each 
nautical mile distance unit (Elementary Distance Standard Unit - EDSU), in computerized 
database started aboard RV “Baltica” in 1994. An EK400 echosounder and a QD echo-
integrating system and bespoke software were used. In 1998 an EY500 scientific system 
was introduced to meet international standards of acoustic measurements and allow the 
research to continue. The bottom detection minimum level was  –60 dB (re EY500 
standards). This level was giving a stable bottom echo detection within the whole area of 
research. The  bottom depth in most of the area was not exceeding 100m and due to 
indications described in [24]  the circumstances of collecting data were satisfactory.   
Both mentioned systems were using a frequency of 38 kHz and the same hull-mounted 
transducer of  7.2˚x8.0˚. Calibration took place with a standard target in the Swedish 
fjords in 1994-97 and in the Norwegian fjords in the period 1998-2004. The cruises were 
carried out in October and lasted two to three weeks so that samples were collected over a 
distance of between 1000 and 1500 n. mi. In total 8139 EDSU samples, collected in 1995-
2003 period were taken into consideration. 
Numerous methods based on acoustic measurements intend to provide description of the 
seabed properties [2, 5, 6, 7, 8, 9, 11, 13, 14, 15, 16, 18, 20, 21, 22, 23]. The main 
intention of the  method applied  was  to simplify classification procedure  by limiting the 
number of parameters in the output. The method of estimating Θ’/2 factor  was introduced 
by the author in [9, 17] . Previously the author introduced application of multiple echoes 
measurements for evaluation the seabed, applied widely in RoxAnn and Quester Tangent 
procedures [13]. 
The signal reflected from the seabed is characterized by the amplitude and the time 
duration. The time duration  of the bottom echo  τs  is dependent on  components resulting 
from pulse length, beam angle, scattering from the bottom and from reflections below the 
water-bottom interface. Value of τs  depends on all mentioned components and  increases 
with depth due  to spherical spreading of  acoustic wave. Application of τs for 
characterizing the  seabed demands normalization of its value against the depth. The value 
of Θ’/2 angle  was determined as one-dimensional parameter describing complex 
properties of the seabed and fulfilling the condition of normalization of  τs  against the 
bottom depth. The definition of the Θ’/2 angle is given by the formula (1): 
 
           Θ’/2 = arccos( 1  +  (τs -   τ1)/ td) –1                                                                   (1) 
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      where: Θ’/2 – parameter “theta”, characterizing acoustic seabed properties, 
            τs    -   superposition of all seabed echo time components, 
            τ1    -   component dependent on pulse length, 
            td    -   pulse traveling time  (between transducer and seabed surface). 
 
The distribution of theta values  represents superposition of two separate sub-types of  
seabed categories. Analyses of results showed that for  not layered sea floor,  echo 
duration is mostly related to the transducer beamwidth  and  the scattering properties of 
the bottom surface. The output Θ’/2 range  is much narrow  (13.4-26.0º) and the average is  
low (18.97º). 
For layered bottom (soft sediment cumulation zones),  the average theta value is   31.57 º, and 
the range of the values is much bigger  (23.20–38.80º  due to 5-95% of cumulative 
distribution). 
 

 
Fig.1. Chart o Θ’/2 values, evaluated from data collected. Division of the analysed area 
into standard rectangles  01-44. 
 
Measurements of τs  were  related to stabilized sensitivity of the system, expressed by 
calibrated Sv threshold (-64 dB  was applied in this studies). Systems were also  inter-
calibrated by finding the correlation between the values measured for the same 
geographical elementary units. 
The area of research, characterized by higher density of sampling, was selected from the 
southern Baltic area, covered by surveys  in 1995-2003 period.  This sub-area  (Figure 1) 
was  divided into 44 standard rectangles of 30’ longitude (17.2nmi or 31.8km) and 15’ of 
the latitude (15 nmi or 27.7km). Each of rectangles was characterized by approximately 
200 units  of  theta  and depth measurements, estimated for each  EDSU. For each 
rectangle two basic characteristics were calculated: a statistical distribution  of theta  
values and average values of bottom depths within each interval of the theta. 
The idea of the classification was based on the hypothesis that both assumed parameters 
play an  important role in forming physical, chemical, and morphological conditions of the  
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bottom habitat. The parameter   theta is correlated with a  type of  a bottom surface 
morphology (scattering properties) or under bottom sediment layers reflecting cumulative 
character of the seabed. Depth structure of the rectangle, correlated to the theta values, 
describes other habitat properties as  light conditions, temperature, salinity, or oxygen 
level. All those factors are spatially  variable  in the southern Baltic and   significantly 
correlated to sea depth and geographical position. Figure 2. gives as an example 
mentioned characteristics of both  factors calculated for the whole southern Baltic (00) and 
for two strongly differentiated rectangles 24 and 20. 
 

 
 
Figure 2. Examples of PDF distributions of  Θ’/2 and average depths  for each statistical 
intervals for the whole southern Baltic (00) and two characteristic rectangles 24 and 20 
(see Fig.2). CI of average depths are indicated. 
 
The value of euklides distance Wp was calculated by the universal formula: 
 

where:  
    
       n     - number of elements of 1 and  2 class (aggregation), 
       Wp 1-2  - euklides distance between aggregation  1 and 2, 
       x1i, x2i  - elements of aggregation 1 and 2. 
 

The euklides distance was applied as the likeness factor of tested aggregations (singular 
rectangles). Its low value expresses high similarity of the parameter analyzed and vice 
versa. The analyses were made for  theta and average depths  for each 2° theta classes. 
The calculations were made  for the whole southern Baltic  and 44 standard  rectangles. In 
total 1990 combinations  of pairs, for each factor  were calculated  and  normalized in 
relation to the average of values for mentioned 45 areas. Wp normalized values for Θ’/2 
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were expressed as WΘi-j  and for adequate bottom depth structure were expressed as Wdij. 
The lengths of vectors Ri-j, being built on components corresponding to WΘi-j  and  Wdi-j, 
were calculated.  

3. RESULTS AN DISCUSSION 
 
First  application of the theta parameter to characterize seabed was described by Orlowski  
and  Kujawa in [16]. The primary analysis suggested to provide enhancement of  the 
classification  by adoption of two essential parameters, expressing  theta statistical 
distribution  and average depths  for each the theta classes. Both parameters and their 
statistical characteristics strongly differentiate within among rectangles. In Figure 2 are 
given examples of   characteristics of three selected rectangles. The first rectangle (00) 
represents  the whole southern Baltic, the second one (24) – north vicinity of Slupsk Bank 
and the third (20) -  western gradient of Gdansk Deep.  
00 – Average Θ’/2 = 23.51°, standard deviation 6.56º, range: 9.14° (25%-75% of 
cumulative distribution). The distribution of  theta indicates  existing of two basic modes, 
while the  lower range  is caused by surface scattering  of seabed, and the upper one by 
vertical scattering within the seabed layers. Pattern  of average depths  for each theta 
classes  is locally differentiated in trends, what gives better source for comparison of  
rectangles. 
24  –  Average Θ’/2 = 19.51° , standard deviation 3.73º, range: 4.01°. Only first mode of 
theta distribution is noticed in this rectangle. The most numerous class is very well 
correlated to maximum of bottom depths, while lower and higher theta values are 
characteristic for the lower depths. The area is  influenced by the  water current, which 
influences existence of the  narrowband characteristics. It can be concluded that the 
current is the strongest at depth over 60m. Very similar situation is observed in the vicinity 
in rectangle 31 (Fig.1). 
20 -  Average Θ’/2 = 21.53°, standard deviation 7.75º, range: 14.0°. This is the area of 
very big dynamic range of  both parameters and can be classified as gradient zone, 
between coastal shallow and dynamic waters (coastal current), and between stagnated 
waters of the Gdansk Deep. The range of theta is very wide, without domination of one 
class. The smoothest bottom (Θ’/2 < 12°) is observed for 50-65m depths. For depths over 
65m seabed has a layered structure with Θ’/2 >29º, characteristic for soft muds and 
absence of currents. 
Figure  3. gives the summary distribution of both factors WΘi-j  and  Wdi-j. The pattern 
corresponds to the density of points representing pairs of similarity  expressed by  Wdi-j, 
localized against the Ox axis, and WΘi-j against Oy axis. The pattern exposes  uniform 
distribution of both factors within wide limits of   their values. Ranges for both factors are 
very  comparable. Such a situation gives a very good base to apply   Wdi-j and WΘi-j factors 
to distinguish and to classify the seabed.. Each factor expresses a similarity in 
differentdomain: WΘi-j estimates the distance according to the theta  parameter, Wdi-j. 
compares depth structures of the theta distributions. When diagram presented at Fig. 3 is 
expressed by points (white circles),  identifying each pair of comparison, we can assess in 
every case separately distance to  Ox (depth structure) and distance to Oy (theta 
distribution). This enable to evaluate the dominant source of the difference (theta or depth 
structure). Explanation of such a categorization is given in Fig.4. for rectangle 24. 
The rectangle 24 was also presented in detail in the Fig. 2. (see also Fig. 1). The area is  
characterized by narrow range of theta distribution, strongly modulated with a depth 
structure. Two extreme cases are marked in the figure: the most similar rectangle - 25 
(distance R24-25= Ri-j) and the most different rectangle - 21. 
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Figure 3. Probability density distribution of factors  Wdi-j and WΘi-j  calculated for pairs 
characterizing 44+1 statistical rectangles of southern Baltic. 
 
Among the remain combinations we can easily identify similar areas 40, 1, 39, 4, 3 , and 
27, while area 40 and 4 are most similar in the depth structure, and 3, 1, and 39 in the  
theta domain. By such an analysis we can simply estimate the similarity of all 
standardized areas of seabed habitat. 
Calculation of the average distance Ri-j among all statistical rectangles indicates the 
rectangle 9 as the closest to all remain ones, while rectangle 21 was the most different 
(Fig.1).  Such a qualification makes possible  to assess ecological uniqueness of each 
bottom habitat geographical unit. 
 
4. CONCLUSIONS 
 
The method and results  of classification of the bottom habitat by two parameters, 
measured by acoustic sounding   show it as  a new effective tool for comparisons of 
seabed characteristics, seen from ecological point of view. The methods described in the 
literature [14, 15, 18, 20, 22, 23], are considering very large list of parameters, what 
provide to serious increase of indetermination of comparability. The other problem is 
associated with application of discrete scale of bottom properties, without continuous 
variability of the analyzed magnitude. In  reality, due to the diameter  of the beam, the 
insonified volume  corresponds to adequate surface range of the bottom properties. 
Geological classification of the sediments, based on particle size measurements produces 
also discrete scale of classification, what is not comfortable to provide numerical 
comparisons of bottom habitat dynamics.  
Taking into consideration both suggested elements (theta distribution and its depth 
structure)  we can expect that  the classification of the benthic habitat can be significantly 
better matched to ecological standards. In result such a form of classification can be more 
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useful  in determining areas of ecological significance (EBSA) and to improve analysis in  
benthic research.  
 
 

 
Figure 4. Comparison of acoustic characteristics of selected  statistical rectangle (24 in this 
example) to all remained areas. R24-25 – distance between rectangle 24 and 25, R24-21 – 
distance between rectangle 24 and 21. Numbers correspond to rectangle in compared pair, 
number 0 corresponds to the whole southern Baltic. 
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Abstract: In July 2006, a survey was conducted near Dresden, New York, over an 
approximately 5 km x 4 km section of Seneca Lake.  This work was performed using the 
Applied Research Laboratory's (ARL) 240 kHz Reson 8101 multibeam sonar system.  The 
major advantage of ARL's 8101 system is that it is calibrated, yielding real scattering 
strength over the entire area.  Grab samples and underwater video were also obtained 
during the survey primarily to ground truth and validate the interpretation of benthic 
habitat characteristics from bathymetry and backscatter imagery.  Regions of high 
acoustic backscatter were observed in the shallower regions of the lake, with a general 
trend toward higher backscatter at shallower depths.  Several different areas exhibiting 
high acoustic backscatter were investigated using a remotely operated vehicle (ROV) with 
a camera.  Although the ROV coverage is not as extensive as the multibeam coverage, all 
depths greater than approximately 5 m and as deep as 90 m were found to contain zebra 
and quagga mussels on a soft mud substrate.  Results of this survey will be presented as 
well as ongoing work aimed at inferring mussel density from the measured scattering 
strength. 

Keywords: Benthic, remote sensing, habitat 
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1. INTRODUCTION  

Zebra mussels (Dreissena polymorpha) were first observed in Lake St. Clair on the 
border between the United States in Canada in late 1986.  This non-native species was 
more than likely introduced via ballast water transported in ocean freighters coming from 
the Black and Caspian Seas [1].  The mussels then rapidly spread throughout the Detroit 
River, were found in Lake Erie in 1988, and subsequently entered the rest of the Great 
Lakes, causing substantial ecological and environmental impacts.  In 1989, quagga 
mussels (Dreissena bugensis) a close relative of the zebra, were observed in Lake Erie, 
very probably entering through ballast water as well.  Quagga mussel have since also 
rapidly spread throughout the Great Lakes region.  The quagga mussel can live in deeper 
waters and on softer substrates than the zebra mussel and there is some evidence that they 
have displaced zebra mussels where their populations overlap.  The success of both the 
zebra and quagga mussels in colonizing the Great Lakes and surrounding areas is due to 
several factors including their high reproduction rate, the drifting ability of juveniles, 
minimal predation, and transfers due to recreational boating and shipping [2].  
Colonization by zebra and quagga mussels has been found to occur on both soft and hard 
substrates to depths of 80 m, with average densities reaching many 10's of thousands per 
square meter.  Because of their high individual filtering rates and population densities, 
large volumes of water are filtered where these mussels occur, removing large amounts of 
phytoplankton and other suspended particulates from the water.  Through their water 
filtering abilities, these mussels have caused major changes in the food web by both 
removing plankton, causing declines in plankton-eating fish species and by increasing 
water clarity, stimulating the growth of algae and other plants [3, 4].  

At 62 km in length and 198 m in depth, Seneca Lake is the largest and deepest of New 
York's glacially carved Finger Lakes.  The Finger Lakes are connected via canals to Lake 
Ontario and to each other, allowing a conduit for entry of the invasive mussels.  The zebra 
mussel was first detected in Seneca Lake during the summer of 1992 and was well 
established by 1995. Quagga mussels have also colonized Seneca Lake and are now 
thought to account for most of the mussels found in the lake (J. Halfman, Professor of 
Geoscience, Hobart and William Smith Colleges, personal communication, August 14, 
2006).  There has been little work to date on looking specifically at the fine-scale 
distributions of mussels in Seneca Lake and their relationships to environmental factors 
such as depth and substrate.  Techniques that make use of acoustic backscatter, such as 
multibeam systems, can be used to both infer benthic habitat properties (e.g., sediment 
density, roughness, etc.) as well as assess the distribution of benthic animals such as the 
dreissenid mussels on a scale of meters over many square kilometers.   

In July 2006, a survey was conducted near Dresden, New York, over an approximately 
20 square km section of Seneca Lake.  This work was performed using the Penn State 
University/Applied Research Laboratory's (ARL) 240 kHz Reson 8101 multibeam sonar 
system.  The major advantage of using ARL's 8101 system was that it was fully calibrated, 
yielding real scattering strength over the entire area.  Grab samples (Fig. 1) and 
underwater video were also obtained during the survey primarily to ground truth and 
validate the interpretation of benthic habitat characteristics and mussel distributions from 
bathymetry and backscatter measurements.  In the following sections results of this survey 
will be presented as well as ongoing work aimed at inferring mussel density from the 
measured scattering strength. 
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Fig. 1: Photograph of quagga mussels collected from grab samples taken in Seneca 
Lake (the units shown on the ruler in the photograph are inches).   

2. MEASUREMENTS 

In July 2006 the 4 km x 5 km experimental site in the center of Seneca Lake, near 
Dresden, New York, was mapped with ARL's calibrated 240kHz Reson 8101 multibeam.  
For the densest possible coverage, track-lines of 50 and 100 m spacing (Fig. 2) were run at 
an average speed of 8 knots during the survey.  With this track spacing a final resolution 
of approximately 3m x 3m was achieved.  The multibeam data was augmented with 
underwater video taken from a remotely operated vehicle (ROV) and bottom grab 
samples.   

The bathymetry measured during the survey is displayed in Fig. 3.  In the bathymetry 
map can be seen detailed features such as slumps on the east side of the area in the image, 
indications of glacial scour in the northeast and paleo-river channels and deltas on the west 
side.  Average scattering strength measurements (from 35 - 70 degrees grazing angle) 
obtained from the multibeam data are presented in Fig. 4 draped over the bathymetry.  
Scattering strength can be seen in this figure to generally increase with decreasing depth 
from about -35 dB in the deepest parts of the lake, to about -15 dB in the shallowest areas. 
The low values are consistent for acoustic scattering strength values from a lake mud.  
Video taken with the ROV mounted underwater camera showed that the bottom scattering 
from the slopes of the Seneca Lake was dominated by large quantities of Quagga mussels 
(images in Fig. 5), with mussel density generally increasing with decreasing depth.  The 
increased scattering (above that expected for mud) was solely due to the presence of 
mussels.  In the areas with the highest scattering strengths the lakebed was completely 
covered with mussels with no exposed mud.  The scattering strength map also displayed 
large scale patchiness on the order of 10's of meters.  As seen in Fig. 5, the mussels tend to 
form clumps and are not always uniformly distributed on the lake floor.  
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Fig. 2: Tracklines used for the multibeam survey colorcoded by day.  Dresden, New 
York can be seen in the southeast part of the image. 

 

 

Fig. 3: Bathymetry map generated from the multibeam data displayed in 6x vertical 
exaggeration.  The depths in this image range from 155 m (purple) to 8 m (red).  
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  Fig. 4: Scattering strength map generated from the multibeam data draped over the 
bathymetry (6x vertical exaggeration).  Scattering strengths in this image range from -35 

dB (blue) to -15 dB (red).  
 

 

     

Fig. 5: Still images from underwater video taken at 63 m (left) and 50 m (right) 
showing Quagga mussels on the muddy lake floor. 
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3. SUMMARY AND FUTURE DIRECTIONS 

In the present study, a high-frequency multibeam sonar system was used to map a 
portion of Seneca Lake near Dresden, New York.  Regions of high acoustic backscatter 
were observed on the slopes of the lake, with a general trend toward higher backscatter at 
shallower depths as the mussel densities increased.  Several different areas that exhibited 
high acoustic backscatter were investigated using a remotely operated vehicle (ROV) 
equipped with an underwater camera.  Although the ROV coverage is not as extensive as 
the multibeam coverage, all depths greater than approximately 5 m and as deep as 90 m 
were found to contain zebra and quagga mussels on a soft mud substrate.   

With the assumption that scattering strength will be directly proportional to numbers of 
scatterers, it is possible to estimate the true density of scatterers on the lake floor in the 
experimental region using scattering strength estimates 'calibrated' with ground truth 
mussel numbers obtained from the underwater video and bottom samples. Thus calibrated, 
the acoustic remote sensing technology presented in this study can be a useful tool for 
extending and extrapolating information on mussel distributions from spatially limited 
observations based solely on bottom samples or video.  In the future acoustic observations 
such as those presented in this work can be used to study the relationships of the mussel 
distribution to variables such substrate type or depth and to examine the temporal 
dependence via repeat surveys of the mussel populations on changing environmental 
conditions, e.g., dissolved nutrients or the existence of parasites. 
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Repeatability of high-resolution sidescan and multibeam backscatter 
imagery over cold-water corals - possible implications on long-term 

habitat monitoring 
 

V. Hühnerbach, Ph. Blondel, V. Huvenne, O. Gomez Sichi 
 

Abstract: During RV Pelagia cruise 250, in summer 2006, several cold-water coral 
reef complexes in waters off NW Scotland were mapped with high-resolution deep-
towed sidescan sonar and hull mounted multibeam. Maps incorporating the acoustic 
data not only show the areal extent of the coral coverage, but also specify the amount 
of living and dead coral framework, sediment covered framework and background 
sediment littered with sponges and rubble. Those environments were identified 
through extensive ground-truthing with underwater camera and linked to the acoustic 
backscatter and texture. The image texture was analysed with the TexAn software 
suite that uses GLCM indices in this case entropy and homogeneity.   However, 
vulnerable environments need to be monitored in long-term and therefore have to be 
mapped repeatedly. But are potential changes in the acoustic data real changes of the 
seabed environment? Or are they due to acoustic noise of the equipment and the 
oceanographic conditions surrounding the habitats? If so, how much impact do the 
noise and conditions have on the real data?  In order to deal with this issue, data of 
two identical tracks over cold-water corals, repeated after 15 minutes, have been 
collected with multibeam and sidescan sonar. The data have been geometrically and 
partly radiometrically corrected, and then analysed with TexAn using the entropy and 
homogeneity indices. The results are interpreted in conjunction with existing ground 
truth. Possible implications for long-term monitoring of marine habitats are being 
discussed.  
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Abstract: Multibeam backscatter (240 kHz) and sidescan sonar data (325 kHz) of the West 
Solent (Southern UK) were analysed with automated image classification techniques 
based on Grey Level Co-occurrence Matrices (GLCM’s) to assist in mapping of different 
seabed facies in this dynamic, tide-influenced area. After detailed processing of the data 
with PRISM, the GLCM entropy and homogeneity indices were calculated using TexAn. 
The image texture indices quantify the lack of organisation and the amount of local 
similarities in a chosen neighbourhood around each pixel. Used together with the original 
images, they help the human eye to distinguish different patterns and hence to increase the 
understanding of the morphology and dynamic processes at the seabed. 
The fact that the multibeam and sidescan sonar data were collected simultaneously 
allowed a comparison between the two survey methodologies and allowed to test the 
performance of the GLCM analysis for the two types of imagery. The sidescan sonar gives 
a much wider range and hence a much better coverage than the multibeam, which is also 
affected by high levels of speckle noise and lesser quality imagery in the far ranges. In 
addition, due to the different geometry and beam-forming patterns of the 2 methods, 
similar features may be represented with a different textural complexity, which makes 
comparison between the two classification results not so straightforward.  

Keywords: Grey Level Co-Occurrence Matrices, image analysis, sidescan sonar, 
multibeam backscatter 
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1. INTRODUCTION  

Today’s mapping and monitoring of coastal waters and habitats is heavily based on 
acoustic methods. Multibeam echosounders and sidescan sonars, for example, are 
regularly used, with the latter technique often representing the low-cost alternative. In 
addition to the creation of initial habitat maps, the need for repeated monitoring surveys is 
increasing. With the increase in acoustic data, also comes the necessity to speed up the 
interpretation, and to make it more objective. Computer-assisted and quantitative 
techniques are used more and more often.  

The image analysis technique explored here is based on Grey Level Co-occurrence 
Matrices (GLCMs), which have been used successfully to aid the interpretation of 
sidescan sonar data in a range of environments [1,2,3]. Their application on multibeam 
backscatter imagery is more recent. The study presented here focuses on a dynamic tidal 
environment in the West Solent, where high-resolution sidescan sonar data and multibeam 
backscatter were collected simultaneously. The aim of this contribution is to illustrate the 
capacity and use of GLCMs with both types of data, and to assess the extent to which both 
multibeam backscatter and sidescan sonar can be exchanged between repeated surveys. 

2. BACKGROUND INFORMATION 

The study area is located in the West Solent, between the Isle of Wight and the UK 
mainland (Fig. 1). Water depths range from ca. 10 to 25 m, while the channel is ca. 4 km 
wide. The Solent is affected by a strong tidal regime: currents can exceed 2 m/s [4]. 

The seabed in this area was studied by [4], using sidescan sonar and grab samples. 
They described three types of bedforms, occurring in zones roughly parallel to the 
coastline of the Isle of Wight: (1) short wavelength  (ca. 5 ) gravel waves closest to shore, 
with amplitudes of ca. 0.7 m; (2) a zone of parallel-crested long-wavelength (around 15 m) 
gravel waves with heights of about 1.5 m, and (3) furthest from shore an area of flat bed 
gravel with little relief. In between the zones of gravel waves, several flow-parallel 
lineations were observed, which were interpreted as sand ribbons. Video observations and 
current meter measurements indicated that the large gravel waves are related to the 
present-day tidal flow conditions, while sediment movement in the flat bed gravel area 
was only observed during spring tides, when peak velocities at 100 cm above the bed 
reached 1.4m/s or more. 

3. METHODS 

The acoustic data used here were collected in March 2006 during 2 one-day surveys. 
The sidescan sonar was an ULTRA Electronics Model 3050E Widescan sonar, run at a 
frequency of 325 kHz and a range of 104 m either side. It was towed behind the ship at a 
height of 10 to 15 m above the seabed. Only the tracks sailed against the tidal current were 
used for analysis, because they provided the most stable and predictable sidescan position 
(calculated from the length of cable out). The multibeam system used was a pole-mounted 
Reson 8101, which has a frequency of 240 kHz and 101 beams covering a swath of 150 
degrees. Both the sidescan sonar and multibeam backscatter data were processed with the 
NOCS in-house software PRISM [5], which applies the necessary geometric and 
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radiometric corrections. Both data sets were processed to a pixel size of 25x25 cm for 
comparability. This was the highest resolution achievable with the multibeam data set, 
although it meant an averaging of the sidescan imagery. Unfortunately the limited survey 
time of 2 days did not leave any possibility for ground-truthing work. 

 

 
Fig. 1: Location map of the study area 

 
GLCMs and derived parameters were calculated with the University of Bath software 

TexAn [6]. The matrices register, within a moving window of chosen size, the co-
occurrence of pixels with all possible combinations of grey levels at a certain spatial 
position versus each other (distance and angle). In this way, they quantitatively describe 
the local image texture, based on second-order statistics. However, in order to be 
comprehensible, the GLCMs have to be summarised, for example using the indices 
described by [7]. Previous studies on sidescan sonar imagery have shown that the indices 
‘homogeneity’ and ‘entropy’ capture most of the textural variability within the data [1]. 
The entropy describes the amount of local chaos/lack of organisation, while the 
homogeneity parameterises the local similarities, inversely proportional to the contrast. 

The procedure used for this study consists of two steps : first, an estimation of the most 
appropriate values for the number of grey levels (NG) in the image, the window size (WS) 
and the interpixel distance (d) was carried out (the results for different angles were 
averaged to avoid the directionality typical for sidescan sonar data). Representative 
training areas of 100x100 pixels were chosen within a variety of acoustic facies, both from 
the sidescan sonar and multibeam backscatter imagery. Entropy and homogeneity values 
were calculated for NG ranging from 8 to 128, WS from 10 to 80 pixels and d from 5 to 
WS-5. For each parameter combination the results were plotted in entropy-homogeneity 
space (feature space), and the combination resulting in the best separation of the different 
facies was chosen to be applied to the overall data. It turned out that with 32 grey levels, a 
WS = 60x60 pixels and d = 10 pixels, the best overall results could be obtained. 

Secondly, those parameters were applied to larger subsets of both the backscatter and 
sidescan mosaics. The resulting entropy and homogeneity images were used in an 
unsupervised classification (ISODATA algorithm). All subsets were segmented into 10 
classes, after which those were interpreted in conjunction with the original 
backscatter/sidescan images. 
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4. RESULTS 

4.1. Regular gravel wave field 

Within the limited scope of this presentation, only two subsets of the survey data can be 
discussed. The first subset contains a single swath of sidescan/multibeam data collected 
simultaneously over well-pronounced, regular gravel waves. Some linear features are 
cutting across; those most probably represent the sand ribbons described above. The aim 
of this subset is to illustrate how the GLCM texture parameters quantify a terrain like this. 
In a habitat map probably the entire image would be classified as one class, except maybe 
for the sand ribbons, but it is an interesting exercise to see if and which differences the 
texture parameters can identify. 

The results are presented in Fig. 2. Please note that the homogeneity index, calculated 
following [6], is an inverse index, with higher values representing less homogeneous 
textures (i.e. more contrasts). The coverage obtained by the two systems clearly is not the 
same, therefore a shorter section of sidescan data has been chosen, in order to analyse 
approximately the same surface area. Also the data quality in several regions of the image 
is very different. Both images have artefacts, picked up by the texture algorithms and 
visible in the feature space: the multibeam backscatter image has a range of entropy/ 
homogeneity combinations representing an edge effect (classes 1-2), while the feature 
space cloud for the sidescan image seems to be divided. The branch representing higher 
entropies broadly corresponds to the pixels on the sidescan nadir (classes 3, 6 and 8), 
which could not be removed entirely during the processing.  

Overall, the images and the results are very different. The sidescan image has much 
higher entropy and homogeneity values due to larger contrasts within the image (the 
histogram of the image has a higher mean and standard deviation; note however that for 
presentation purposes, the seabed images in Figs. 2&3 have been stretched). Entropy and 
homogeneity also appear correlated. The lowest texture indices, in classes 1, 2 and 4, 
represent the areas with the least contrast (low homogeneity index) and the least ‘chaos’ 
(low entropy), such as the sand ribbons and the more asymmetric gravel wave patterns 
which are imaged closest to the nadir. Symmetric linear patterns (at the scale of d) 
naturally will have a higher entropy than asymmetric ones at the same scale. Hence the 
more symmetric wave features, occurring further away from the nadir, are classified in 
classes 7, 9 & 10, which have a higher entropy. Due to the ensonification angle and beam 
pattern, characteristic for sidescan sonar, these are also the areas with the highest contrast 
(i.e. homogeneity index). Class 10 also contains pixels from the nadir, which in general 
has a higher entropy (less organisation) than gravel waves of the same contrast .  

Also for the multibeam backscatter image, the entropy and homogeneity are fairly well 
correlated, although the range of homogeneities is not so large, due to the lower standard 
deviation in the histogram. The sand ribbons are again classified with lower entropy and 
homogeneity (class 4 & 5), while the more symmetric gravel waves with higher contrasts 
are found in class 9 & 10. However, due to the inherent acoustic characteristics and 
geometry of the multibeam system, those classes are now mainly found near the nadir. 
Towards the outer ranges the image shows less contrast and resolving power and hence 
lower textural indices. Besides this, the amount of speckle noise in the outermost beams 
increases to such level that the pixels in those areas are again classified in the highest 
classes, due to the lack of spatial organisation and to their inhomogeneity. 
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Fig. 2: Original data, feature space, and classified result (semi-transparent, overlaying 
the original images) of the sidescan sonar (upper panels) and multibeam backscatter 

(lower panels) subsets of regular long-wavelength gravel waves with a few sand ribbons. 
The classes identified by the unsupervised classification are indicated on the feature space 

graphs by the location of their means and the ellipses bounding 2 times the standard 
deviation. Note that the 2 feature space graphs have the same scale, but a different origin. 
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4.2. Image mosaic with different gravel waves 

The second subset is taken from an area covering 2 types of gravel waves and a large 
sand ribbon. Thanks to the overlapping swaths between survey lines, it was possible to 
mosaic the data in such way that nadir and outer beam artefacts were avoided. The results 
are presented in Fig. 3. Again the entropy and homogeneity are strongly correlated, and 
the unsupervised classification algorithm has simply placed the classes along this cloud. 
The classified images are once more very different between sidescan and multibeam. In 
the sidescan image, it is clear that the higher classes correspond to terrains with higher 
complexity, such as bifurcating waves (lower left), the edge of the sand ribbon (centre left) 
or the shorter-wavelength, less regular gravel waves towards the top of the image. Classes 
1-4 represent smoother areas, such as in the lower centre right. It has to be noted that the 
algorithm does not particularly pick up the joints between swaths, when they occur in one 
facies, even if the human eye would be distracted by them. 

Areas which are fairly homogeneous, with low entropy and homogeneity indices on the 
sidescan image, have high class numbers in the multibeam classification, for example 
above the sand ribbon. This is mainly due to the high amount of speckle noise increasing 
the entropy and homogeneity in the multibeam image, creating a less organised texture. 
However, towards the centre right the multibeam data actually does show more structure 
than the sidescan sonar image. The small scale gravel waves in the upper right corner are 
also not picked up by the classification of the multibeam data as a chaotic area, probably 
because of the lower contrast and slightly higher regularity of the features in this image. 

5. DISCUSSION 

Apart from the obvious difference between the multibeam and sidescan sonar imagery, 
the results show that the texture analysis may classify an image differently compared to 
how the human eye would intuitively approach it. Obvious features, such as the large and 
small gravel waves and the sand ribbons, are not classified as such by this technique, 
because they do not have a unique texture, at least not at the scale at which the entropy 
and homogeneity have been calculated. It is indeed very important to choose WS and d 
correctly for the features that one wishes to map. Probably the parameters here could have 
been chosen slightly more optimal for the 2 subsets shown, because the method described 
in § 3 was applied to the entire survey area (including other facies). However, the choice 
of WS and d is always a trade-off between the different scales of texture of the different 
features and facies one is interested in. One possible alternative may be to use variable WS 
and d values, depending on the local variability of the terrain (as described by [8]). 
However, the fact that the texture analysis is not influenced by the absolute grey levels, as 
the human eye is, is a clear advantage. The results help the interpreter to look at the data 
differently, and to see patterns within the large units he/she has identified. Monitoring of 
variations in those patterns may be more important than the location of the large units per 
se. If necessary, the grey level information could be integrated within the unsupervised 
classification (averaged over a similar window size as the textural parameters) to introduce 
–quantitatively- another level of information in the classification results. 

From the two examples shown in this presentation, it is clear that texture analysis of 
sidescan sonar and multibeam backscatter imagery, although recorded at relatively similar 
frequencies and resolutions, may give very different results. The GLCM algorithm 
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quantifies the textures according to the same rules, and segments both images in areas of 
rough and smooth textures. The reason for the difference, however, is mainly due to the 

  

 
 
Fig. 3: Original data, feature space, and classified result (semi-transparent, overlaying 
the original images) of the sidescan sonar (upper panels) and multibeam backscatter 
(lower panels) subsets of different gravel waves with a few sand ribbons. The classes 

identified by the unsupervised classification are indicated on the feature space graphs by 
the location of their means and the ellipses bounding 2 times the standard deviation. Note 

that the 2 feature space graphs have the same scale, but a different origin. 
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difference in image quality and feature representation. One of the influencing factors, 
for example, is the high amount of speckle noise in the multibeam backscatter data, which 
gives fairly homogeneous areas high entropy and homogeneity values, and influences the 
texture parameters in other facies as well. Part of the reason may be that the multibeam 
data were processed to their full resolution, while the sidescan sonar data have been 
affected by a certain amount of smoothing when their resolution was decreased from 5 to 
25 cm. However, a second reason for the difference, and partly for the speckle noise, is 
clearly the difference in geometry (grazing angles) and beam-forming pattern between 
sidescan and multibeam. Even if the data was geometrically corrected during processing, 
in practice a certain amount of across-track variation cannot be removed, which, especially 
for the multibeam data in Fig. 2, gives artificial zonations in the classification. The quality 
and thoroughness of the acoustic data processing clearly influence the potential of the 
subsequent analyses and their interpretations. 

Overall, it is clear that the features are mapped different enough by both systems to 
result in different quantitative classifications. Texture analysis, based on GLCMs, will 
help the interpretation of both types of data, and their results may complement each other. 
However, in terms of habitat monitoring programmes, sidescan sonar and multibeam 
backscatter cannot easily replace each other. It is obvious that the repeated use of the same 
technique and the same instrument is to be preferred. Taking into account the much wider 
swaths (less survey lines, more homogeneous mosaics), lower cost, higher resolution and 
lower amount of speckle noise, it appears that sidescan sonar, even with its lower 
positional accuracy, may be the best option for repeated habitat monitoring, especially 
when using automated image classification techniques. 
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Abstract: The USGS Western Region Seafloor Mapping and Habitat Studies Project is 
participating in the mapping of California shelf geo-habitat with other US federal and 
state agencies.  This project supports a variety of management and research efforts 
including the design of MPAs, design of MPA monitoring schemes, benthic fish abundance 
estimates, and endangered species protection efforts.  The USGS project collects 100 KHz 
towed sidescan, 300 KHz pole-mounted interferometric sidescan, and towed video sled 
data.  The project has also compiled sediment sampling data and contracts multibeam 
sonar data acquisition.  Sonar data is numerically classified using the Maximum 
Likelihood Classification (MLC) tool in ESRI ArcMap.  Rasters used with MLC include 
bathymetric rugosity, backscatter intensity, backscatter entropy, and backscatter 
homogeneity.  Polygon signature areas are based on video transects run immediately 
following the sonar survey.  Typically only three or four macro-habitat classes are 
differentiated with this method; high relief rock, low relief rock with thin sediment, and 
soft sediment.  Low quality data near the nadir is often misclassified as high relief rock 
with this method; overestimating high relief habitat is not desirable.  When this occurs, we 
use a Euclidean-distance-from-trackline grid and a nadir-rock signature polygon to 
separate the misclassified nadir into a unique class.  It can then be left as null or replaced 
with nearest neighbor classes. Bathymetry and bathymetric slope grids are used to 
subdivide the classified raster.  The raster is converted to polygons and attributes are 
added for micro-habitat observed in video.  Micro-habitat attributes are extrapolated 
away from the video transects based on macro-habitat, slope, and depth.  The USGS 
publishes a GIS with data, the habitat polygons, and other GIS features such as 
bathymetric contours, MPA boundaries, and attributed sample points.  These GIS reports 
are available online at: http://walrus.wr.usgs.gov/mapping. 
 
Keywords: Seafloor mapping, seafloor habitat, California, seafloor geology, sonar 
classification 
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1. CALIFORNIA STATE COASTAL MAPPING COOPERATIVE  

The California State Coastal Conservancy (SCC), Ocean Protection Council (OPC), 
Department of Fish and Game (DFG), and the NOAA National Marine Sanctuary Program 
(NSP) have launched the first phase of a comprehensive state waters mapping program for 
California. The ultimate goal is the creation of a high-resolution 1:24,000 scale geologic 
and habitat base map series covering all of California’s 14,500 km2 state waters out to the 
3 mile limit. This statewide project requires, involves and leverages expertise from 
industry, resource management agencies and academia. The first phase of the program is 
the North Central Coast Mapping Project. This phase has served as the proof-of-concept 
model demonstrating the viability, efficiency and value of this approach in support of the 
state’s Marine Life Protection Act Initiative (MLPA) goal to create a statewide network of 
Marine Protected Areas (MPAs). The tiered mapping campaign involves the use of state-
of-the-art sonar, LIDAR (aerial laser) and video seafloor mapping technologies; computer 
aided classification and visualization; expert geologic and habitat interpretations codified 
into strip maps spanning California’s land/sea boundary; and the creation of an online, 
publicly accessible data repository for the dissemination of all mapping products. Because 
the project involves and trains many university students, it is helping to meet the rapidly 
growing demand for professionals in the public and private sectors skilled in the 
applications of these geospatial technologies. 

Products to be produced for the State will be published in an online report that includes: 

• Summary of the mapping methods and results with illustrations 
• Links for downloading sonar grids 
• ArcMap GIS project file 
• Point shape file of observations from video 
• Polygon shape file of habitat and geology 
• Shape file of quaternary faults 
• PDF format map sheets of bathy/topo, geology, and habitat 
• FGDC compliant metadata for all shape files and grids 

An example of an online report (Cochrane et al., 2005) can be found at 
http://pubs.usgs.gov/of/2005/1170/.  PDF formatted maps have not been included in 
previous online reports but will be standard in future publications. 

2. SEA FLOOR VIDEO 

Video imagery of the sea floor in the area mapped with sonar is obtained as soon as 
preliminary processing of the sonar data allows planning of video transects. The general 
methodology is described in Anderson et. al.(in press). Video observations are used to 
choose geomorphic classes to be derived from supervised classification and eventually to 
construct maps of substrate type and habitat distribution. Therefore, transect locations are 
selected subjectively on the basis of the existence, quality, and character of geophysical 
data and on regions of geologic transition and/or biologic significance.  The principal 
objectives during seafloor video data collection are to: (1) record geologic and biologic 
characteristics of the seafloor real-time, (2) ground-truth geophysical data (bathymetry and 
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backscatter) by resolving both common and unique features of the sea floor, and (3) 
examine regions of transition between different substrate types suggested in acoustic 
backscatter data.  

 
The sled is towed behind the vessel at speeds of 0.5-1.5 knots, and a winch operator 

maintains its altitude above the seafloor at 1-7 m as much as possible. Vertical and oblique 
video footage is recorded to digital mini-DV tape and then copied to DVD. All instrument 
data were multiplexed through a sub-sea housing and transmitted by the 12-conductor 
cable to a topside console. Latitude, longitude, height above the seafloor, pitch, roll, water 
depth, ship speed, ship heading, and Greenwich Mean Time (GMT) were continuously 
imprinted on the digital video tape while recording. Ship position and time are recorded on 
an audio channel of the video data as an NMEA string using Media Mapper hardware and 
software. These data were also automatically recorded once per second in a navigational 
text file. Tracking will be incorporated into the camera sled operations in 2008.  In Phase 
I, positional accuracy of the sled relative to the ship's dGPS position varies with water 
depth, current speed and direction, and environmental conditions. 

 
Visually observed sea floor characteristics (geomorphology, sediment texture, and 

biota) are digitally recorded in real time at 1 minute intervals by a geologist and a biologist 
watching the towed video. Observation codes were entered as "events" in navigation 
software using an "X-Keys" programmable keypad. Time (GMT), dGPS position, and 
other ship data for are automatically recorded in the text file each time an observation 
event is entered. Observations at each event include: 

 

• primary and secondary substrate type (e.g. boulder/cobble, rock/sand, 
mud/mud)  

• substrate complexity (rugosity)  
• seafloor slope  
• benthic biomass (low, medium, or high)  
• the presence of benthic organisms and demersal fish  
• small-scale sea-floor features (e.g., ripples, tracks, and burrows). 

3. SUPERVISED CLASSIFICATION OF SONAR DATA 

The area mapped by sonar are classified using the “Supervised Maximum Likelihood 
Classification” tool of the Spatial Analyst extension in ESRI ArcGIS  Data layers 
coregistered in an ESRI ArcMap Project may include:  

• euclidean distance grid of  track lines.  
• mosaiced backscatter at 0.5 meter resolution  
• enthropy from backscatter at 2 meter resolution  
• homogeneity of backscatter at 2 meter resolution  
• rugosity (derived from mosaiced bathymetry using the “Benthic Terrain 

Modeling Tool’s  Rugosity Builder”)  
• enthropy from backscatter at half meter resolution  
• homogeneity of backscatter at half meter resolution  
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Supervisory signatures of co-variance for the grids are generated using the above layers 
and ESRI’s ArcGIS Create signatures tool. A small polygon is created by hand for each 
geomorphologic class around video points where that class was observed.  Maximum 
Likelihood Classification outputs a classified grid.  Video observation points can be used 
to assess the accuracy.  Additional signature polygons can be added or the existing 
signatures edited to improve the classification. 

 
The output bottom geomorphologic class grid is converted to polygons using ArcGIS 

Grid to Polygons Conversion tool. The resulting polygons are further subdivided based on 
seafloor slope, complexity, and bathymetric depth.  The additional Greene et al. (1999) 
attributes Meso/Macrohabitat and Modifier are added based on proximity to video 
observations.  The number of polygon may be decreased by grouping polygons of like 
classification if polygons area less or equal to 10 sq meters. 

4. GREENE ET AL. (1999) HABITAT CLASSIFICATION ATTRIBUTES 
(MODIFIED) 

The habitat polygons are published as a shapefile with the habitat code (a string of 
values in a fixed sequence), and the values that make up the code each in its own separate 
attribute to facilitate selection based on management criteria.  The classification scheme 
has been used by NatureServe, and is nested within that NOAA standard, is being adopted 
by the Irish for mapping their habitats, the UK is considering using it for improving the 
EUNIS habitat classification scheme. The Canadians on the west coast is using it as is 
Alaska and the State of Washington 

4.1. Mega Habitat 

Megahabitat – Use capital letters (based on depth and general physiographic 
boundaries; depth ranges approximate and specific to study area). 

 
A = Aprons, continental rise, deep fans and bajadas (3000-5000 m) 
B = Basin floors, Borderland types (floors at 1000-2500 m) 
F = Flanks, continental slope, basin/island-atoll flanks (200-3000 m) 
I = Inland seas, fiords (0-200 m) 
P = Plains, abyssal (>5000 m) 
R = Ridges, banks and seamounts (crests at 200-2500 m) 
S = Shelf, continental and island shelves (0-200 m) 

4.2. Seafloor Induration 

Seafloor Induration - Use lower-case letters (based on substrate hardness). 
 

h = hard bottom, rock outcrop, relic beach rock or sediment pavement 
m = mixed (hard & soft bottom) 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

890



 

s =  soft bottom, sediment covered 
 

 Sediment types (for above indurations) - Use parentheses. 
 
                        (b) = boulder 
                        (c) = cobble 
                        (g) = gravel 
                        (h) = halimeda sediment, carbonate 
                        (m) = mud, silt, clay 
                        (p) = pebble 
                        (q) = shell hash 
                        (s) = sand 

4.3. Meso/Macrohabitats 

Meso/Macrohabitat - Use lower-case letters.  
 

a = atoll 
b = beach, relic      
c = canyon 
d = deformed, tilted and folded bedrock 
e = exposure, bedrock 
f = flats 
g = gully, channel 
i = ice-formed feature or deposit, moraine, drop-stone depression 
k = karst, solution pit, sink 
l = landslide 
m = mound, depression 
n = enclosed waters, lagoon 
o = overbank deposit (levee) 
p = pinnacle 
r = rill 
s = scarp, cliff, fault or slump 
v = depression (flat bassin) 
w = sediment waves 
x = nearshore 
y = delta, fan 
z# = zooxanthellae hosting structure, carbonate reef 

1 = barrier reef 
2 = fringing reef 
3 = head 
4 = patch reef 

4.4. Modifier 
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Modifier - Use lower-case subscript letters or underscore for GIS programs (textural 
and lithologic relationship). 

 
           _a = anthropogenic (artificial reef/breakwall/shipwreck) 

_b = bimodal (conglomeratic, mixed [includes gravel, cobbles and pebbles]) 
_c = consolidated sediment (includes claystone to conglomerate) 
_d = differentially eroded 
_f= fracture, joints-faulted 
_g = granite 
_h = hummocky, irregular relief 
_i = interface, lithologic contact 
_k = kelp 
_l = limestone or carbonate 
_m = massive 
_p = pavement 
_r = ripples 
_s = scour (current or ice, direction noted) 
_t = heavily bioturbated 
_u = unconsolidated sediment 
_v= volcanic rock 

4.5. Seafloor Slope 

Seafloor Slope – Use category numbers.  Calculated for survey area from x-y-z 
multibeam data.  

 
1          Flat (0-1º) 
2          Sloping (1-30º) 
3          Steeply Sloping (30-60º) 
4          Vertical (60-90º) 
5          Overhang (> 90º) 

4.6. Seafloor Complexity 

Seafloor Complexity - Use category letters (in caps).  Calculated for survey area from 
x-y-z multibeam slope data using neighborhood statistics and reported in standard 
deviation units. 

 
A         Very Low Complexity (-1 to 0) 
B         Low Complexity (0 to 1) 
C         Moderate Complexity (1 to 2) 
D         High Complexity (2 to 3) 
E          Very High Complexity (3+) 

4.7. Seafloor Depth 
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Seafloor Depth - Use category numbers enclosed by curly brackets.  Calculated for 
survey area from  x-y-z multibeam data.  

 
{1}         Intertidal 
{2}         Intertidal to 30 m 
{3}         30 to 100 m 
{4}         100 to 200 m 
{5}         200 m and deeper 
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Abstract 
 

The Irish Sea, like many marine areas, is threatened by anthropogenic activities. To 
facilitate more effective management of the benthic habitats of the Pisces Reef system this study 
integrates acoustic and video ground-truthing methods for benthic habitat discrimination. 
Utilising multibeam echosounder to provide bathymetric and backscatter data, spatial and 
acoustic facies maps were produced using ArcGIS. Biological data was obtained using video 
ground-truthing to allow habitat delineation of these maps. Integration of the ground-truthing 
data with the acoustic data sets allows exploration of geology-benthos relationships and 
diversity gradients on the reefs. This holistic approach could provide more accurate habitat 
maps enabling subsequent testing of existing habitat classification indices and more effective 
environmental management. 
 
Keywords: Sonar, Acoustics, Reef, Habitat, Mapping 
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Introduction and background 
 

Current benthic habitat mapping and discrimination techniques are invariably concerned 
with surficial topographic features of the seafloor and related sediment properties as major 
determinates of habitat composition. These approaches involve minimal biological data 
collection and take little or no account of sub-surface properties which may provide greater 
discriminate power for mapping techniques. 

Natural habitats are increasingly coming under pressure due to resource exploitation and 
other intrusive activities [1, 2, 3, 4]. The resulting impacts from these activities have led to the 
creation of environmental management strategies, such as the European biodiversity strategy; but 
the “lack of consistent and up-to-date information on type, location, size and quality of natural 
habitats is a major constraint for the implementation” of management strategies [4]. 

Seabed characteristic maps are invaluable for the effective management of marine 
habitats as they allow accurate monitoring and prediction of human impact on those habitats of 
high ecological and conservation value [1]. To create these maps geophysical techniques are 
increasingly being used in attempts to provide definitive categorisation of benthic habitats within 
those areas [5, 6]. Although still in their relative infancy offering more predictive than 
descriptive ability [e.g. 7, 8, 6] these techniques have the potential to facilitate 100% seafloor 
mapping providing whole system analyses [9, 10]. 

Acoustic systems work on the principal that different surfaces absorb and reflect sound in 
different ways [11]. This provides the foundation for benthic habitat mapping. Recent 
developments in MBES [12, 13], sidescan sonar and other acoustic techniques [14] used in 
conjunction with ground-truth sampling [e.g. 10, 15] have allowed the production of more 
discriminate benthic maps. 

This report presents acoustic facies maps of the Pisces reef area produced using Multi-
beam echosounder (MBES) bathymetry and backscatter. These are evaluated for use in the 
production of habitat maps using the multivariate statistics programme PRIMER v0.5 to 
interrogate ground-truthing data. 
 
 
Methods 
 
 Acoustic data was collected as part of the Mapping European Seabed Habitats (MESH) 
partnership during survey work conducted by the Agri-Food and Biosciences Institute of 
Northern Ireland (AFBINI) and the Irish Marine Institute on the RV Celtic Voyager. 

The vessel was equipped with Geoacoustics Dual Frequency Sidescan Sonar, Kongsberg 
Simrad EM1002S multibeam echosounder operating at frequencies between 93 - 95 kHz with 
angular coverage set to 130°. Ship position was recorded by onboard Differential Global 
Positioning System (DGPS). 
 
 
Ground-truthing Data 
 
 A colour video camera mounted on a metal drop frame was deployed from the RV 
Corystes over the areas from which the acoustic data was collected by the RV Celtic Voyager. 
The camera was controlled via an umbilical cable to the ship where real time images were 
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viewed and recorded for further analysis. The images were time, date and GPS stamped to 
authenticate the data and allow geo-referencing in ArcGIS [16]. The camera footage will be used 
for the identification of species and subsequent categorisation of the habitat type and its position 
within existing habitat classification systems when combined with the substrate categories. Grab 
samples were also collected using a 0.01m2 Day grab. Theses samples were sieved over a 0.5mm 
sieve then fixed in Formalin for subsequent faunal identification. 
 
 
Facies Map Production 
 
 By attributing sediment characteristics from the grab samples to the MBES backscatter 
and bathymetry ArcGIS 9 was used to draw the facies by eye over a backscatter image of Area 3, 
Pisces Reef (Fig. 1). Grab Sample and video tow positions were obtained from the ships DGPS. 
 
 
Statistical Analysis 
 
 Multivariate statistics were performed using PRIMER routines. To investigate 
relationships between surficial geology derived from the MBES bathymetry and backscatter, and 
community composition. A similarity matrix was then created using the Bray-Curtis similarity 
measure and a root transformation [17]. The root transformation was chosen to reduce the effect 
of the most abundant species and allow species of intermediate abundance to contribute to 
similarity [17]. This matrix was then used to perform a cluster analysis and produce a non-metric 
multi-dimensional scaling (MDS) ordination to give visual representation of the similarity 
between samples [17]. 
 A 1-way analysis of similarities (ANOSIM) was carried out to complement the MDS 
ordination by providing a statistical value of similarity (the R statistic) and demonstrate further 
similarity within and between the geological areas [17]. 
 
 
Further Work 
 
 The video data will be analysed to give measurements of bioturbation and megafaunal 
composition of the reef areas. A measure of species diversity will also be made and related to 
physical variables of the reef, such as slope angle, to display diversity gradients. Seismic lines 
will then be integrated with the existing facies maps to investigate how the underlying geology 
affects community composition over varying seabed types. These factors will then be used to 
assess the viability of the JNCC BioMar classification to describe benthic habitats. 
 
Results 

Groups 
R   
Statistic 

Significance level 
(%) 

Mud Flat, Reef Side                  0.083 50 
Mud Flat, Scour Hollow            0.093 50 
Reef Side, Scour Hollow           -0.167 70 

 
Tab 1: Analysis of similarities between acoustic facies communities. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

897



Four acoustic facies were derived from the MBES backscatter, bathymetry and 
groundtruthing data ( Fig. 1). The MDS ordination (Fig. 2) revealed no grouping of samples 

indicating no significant differences in species compostion between sample stations. This was 
supported by the results of the ANOSIM routine (Tab. 1). 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig 1: Facies map of Pisces Reef, Area 3. 
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Fig 2: MDS ordination of geological features and related communities 
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Discussion 
 

The preliminary results indicate that there is no relationship between the acoustically 
derived bedforms and the species composition found in the grab samples. The results of the 
ANOSIM routine clearly show this with very low and negative R-Statistic values indicating that 
communities from the three geological features are almost indistinguishable from each other. 
This is possibly because of the low faunal representation with only 7 taxa and 39 individuals 
being sampled. This is supported by the negative R-Statistic which can occur when communities 
are species poor [17]. Subsequent analysis of megafauna from the video data will provide a more 
substantial data set that could elicit different results. 

It is expected that the integration of seismic data and subsequent analysis of the physical 
variables on the reef will provide a more extensive picture of the relationships between benthic 
fauna and their varying habitats. 
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Abstract: The health of benthic habitat ecosystems depends upon the exchange of nutrients 
and thus a maximum surface to volume ratio in their physical habitat structures. In the 
case of benthic fauna, the benthos is the burrow walls, tubes and galleries of the infauna. 
Animal structures in the sediment provide an inherent chaos and thus tend to maximize the 
efficiency of nutrient or micro –particulates’ energy transfer through their habitat walls. 
Capturing statistically the state and distribution of these internal fine scale sedimentary 
structures in the natural sediment fabric is a difficult task to achieve and requires close 
adherence to the resolving properties of acoustic soundings along with attention to the 
experimental design. These constraining requirements must be dealt with in view of the 
vast conflicting spatial scales that a seabed habitat poses encompassing the micro internal 
sedimentary dimension set within a vast areal seafloor existence.  
 
This paper delineates first the scales and nature of mapping the structural construct of 
benthic habitats to establish the acoustical requirements for mapping. Experimental data 
off the Grand Banks are presented to illustrate the statistical treatment required to define 
a baseline of what constitutes a measure of benthic habitat health. The importance  of 
establishing the right experimental mapping parameters is then discussed in context with 
the profound delicate balance implied in the fine scale functions of the whole ecosystem in 
particular the importance of being able to unambiguously acoustically quantify the  ability 
of a seabed to absorb nutrients.  

Keywords: benthic habitat, acoustics, fractals, chaos, health, statistics 
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1. THE BENTHIC HABITAT MAPPING CHALLENGE 

1.1. The benthic habitat 

The benthic habitat of soft marine bottoms is carved and morphized by biological 
activities. Sediment texture, a product of geological history and water currents, initially 
controls the development of the colonizing faunal community. The physical structure of 
marine sub-bottom sediments affects and, in turn, is affected by the benthic fauna 
activities. These activities, including deposit feeding, burrowing, and construction of tube 
dwellings, as well as the hard structures of the fauna themselves (e.g. mollusc shells) 
affect the biogeochemical functions of the benthos in the total marine ecosystem [1,2,3]. 
The benthos living on and in the seabed sediments is a critical part of the regeneration of 
nutrients which are vital to planktonic primary production [4]. Unfortunately, quantitative 
information related to biological faunal activity in the seabed remains difficult to achieve 
and process. The challenge relates to the very nature of separating the natural sediment 
fabric from biogenic structures; essentially being able to discriminate internal fine scale 
spatial variations within heterogeneity patterns. The task is made even more difficult by 
the limitations in conventional grab and core sampling techniques [5] which are the typical 
tools relied on for the study of the ecology of marine benthos. 

1.2 The limits to existing collection techniques 

Direct sampling approaches physically disturb and destroy the structural integrity of the 
seabed habitat. Whilst strategically important, biological samples are retrieved at the 
expense of removing insitu ecological information. Yet it is this very information that 
provides an insight into the behaviour and health of fauna in their natural sub-seabed 
setting. Recognizing this limitation in conventional sampling, remote imaging tools such 
as cameras and videos along with side-scan sonars have been utilized to acquire textural 
data of the water seabed zone. From the fauna and surface morphology captured, the 
biogenic structures associated are inferred. The delivery has typically been in the form of 
limited, poorly quantified information of value on the true health of benthic habitats. The 
use of high resolution shallow sub-bottom profiling has equally been limited by the 
temporal and spatial mismatches between the resolving strength of the acoustic profiles 
and the subtle convoluted nature of macro and micro cavities and pores that form such a 
sedimentary setting. This challenge can easily be observed in Figure 1 which displays a 
large sample block sliced , revealing a typical set of internal burrows ,channels and even 
the presence of a life form (in this case a shrimp ).  Figure 2 exhibits 3-D imagery of X-
Ray CT scan data to highlight the prominence of the internal complexities produced by 
bioturbation activities.  

1.3 Acoustical issues 

To attain the temporal resolutions and penetrations into the first tens of centimetre 
depth in the near surface sediments, high frequency (greater than 100 kHz) sonars are 
required. The ability for these high frequency profilers to characterize the seabed relies on 
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the premise that scattering from the seabed is essentially caused by the rough water-
sediment interface and a strong impedance contrast. This is from experience, associated 
with extremely high attenuations of the compressional wave within the overall volume. 
Unconsolidated marine sediments associated with the presence of strong benthic life, 
generally have strong vertical gradients in velocity and density that reduce the local water-
sediment impedance contrast [6]. These pronounced vertical gradients tend to diminish 
interface scattering hence strengthen the influences of volume scattering. Volume 
scattering from the thin upper seabed zones which are the domain of benthic habitats in 
unconsolidated sediments, may be the dominant cause of backscattering for the high 
frequencies used for mapping sites. Given the internal complexities as seen in Figures 1 
and 2 it is inappropriate to assume the scattering mechanisms and hence the influences that 
shaped the returning acoustic data. Without a robust statistical description of the 
geoacoustical environment, it is difficult to account for the contributions that affect the 
transmission losses and usefulness in interpreting the data (f>100) when inferring the 
nature of the benthos. In mapping seabeds where benthic habitats are present with 
evidence for bioturbation, such parameters as density ,velocity, attenuation gradient 
effects ,the interface between rough boundaries and an inhomogeneous medium including 
the prominence of volume multiple scattering are to be statistically dealt with over large 
spatial areas to put a context to the reliability of the data and to denote trends. 

1.4 Statistically handling subseabed spatial scales  

Considering that the seabed tends to be heterogeneous in the presence of active benthic 
fauna, there is an increase demand to statistically quantify reliably the variances found in 
the acoustic data within scalable boundaries. Typically marine ecology is concerned with 
relationships between ecological processes and spatial patterns in a relatively large scale 
[7]. The concept of scale is essential to ecological analysis. It is also characteristic of 
acoustics. Understanding the dimensionality of the data and collection process allows for 
quantitative methods to be applied to model spatial variabilities and complexities, 
representative of ecological process. By careful planning and statistical handling of the 
acoustics’ spatial, vertical and areal extent then the physical structure of marine sub-
bottom sediments can be established which in turn can be used to determine the level of 
benthic organism activities. The information on the structure of these sediments can 
conversely provide information about the degree of activities of benthic organisms and 
thus how the health of their habitat can be affected by environmental changes and human 
disturbances. Fractal geometry, ( [8], [9], and[10] ) is a calculus of heterogeneity. One of 
the most important characteristics of fractals is its self-similarity. That is, the shape of a 
small part of the fractal is exactly the same as the whole fractal if suitably magnified. The 
internal textures and structures of marine sediments cannot be adequately characterized by 
measurement of simple scales of resolution. Applying fractals on areal, high temporal and 
spatial resolution acoustic data off of benthic habitats is most appropriate since the 
measured surface area of complex sediments increases with increasing resolutions. 

2 APPLYING  FRACTALS ON A MATRIX OF ACOUSTICS 

2.1  Site and experimental description 
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Acoustic data were collected during a trawling experiment in a 10-M (1M=1852 m ) 
square, centred at 47 degree 10’N,48 degree 17’W, approximately 60km northeast of the 
Hibernia oil field on the eastern Grand Banks of Newfoundland [1I].  The experimental 
design involved the establishment of three corridors 13km long by 200m wide  laid out in 
a triangular pattern [11,12,and13].Each corridor was trawled 12 consecutive times using 
an Engels 145 otter trawls .The corridors were charged with 260-50m long sampling 
blocks . Ten randomly preassigned sampling blocks along the lengths of corridors were 
sampled before and after trawling. A video equipped, grab sampler (0.5-m2) housed a 
modular 4×10 array of parametric transmitters and receivers. Figure 3 presents the 
equipment and highlights the matrix of pencil- like acoustic probes. The array ensonified 
an approximate sediment footprint of 12×30 cm,10 cm into the sediment, 1.3m above the 
seabed ,when looking through the open jaws of the sampler before a sediment grab would 
be taken. The carrier frequency was 1.8 MHz with a 2o beam profile without sidelobes. 
Operating as a discrete assembly of forty parametric arrays, the resulting difference 
frequencies ranged from 200 kHz to 70 kHz.  

2.2  Analysis  

The acoustic clustering of pencil beam sources allowed for a dense ensonification of 
the near surface sub-seabed to have occurred in a coherent stationary manner. The 
acoustics produced distinct parcels of the seabed with exceptionally high temporal and 
spatial resolutions and in a repeatable calibrated manner. Two examples of the returned 
time histories of the peak envelope value( obtained via Hilbert –transform), for trawled 
and untrawled sites are given in Figure 4. From these plots there is a clear distinction to be 
seen : in the case for the undisturbed corridor, rich structural information was observed 
throughout the depths but especially pronounced with rich benthic structures in the upper 
5cm of the near surface. Typically high peaked histories were characteristic of untrawled 
habitats. The sharper energy peaks suggest more contrasting boundaries for the acoustics 
to reflect from. Higher energy envelope strengths were noted with depth in undisturbed 
seabeds than observed in the lower subseabed regions after trawling. Figures 5 and 6 
display fractal values for the untrawled and trawled sites with descending zones (each 
representing 1.6cm for a total depth of 8cm) into the seabed. These differences in 
structural subtleties between the trawled and untrawled sites occurred consistently in all of 
the data. Results of an ANOVA statistical evaluation contrasting the fractal values before 
and after trawling indicated that the differences were highly significant (note this analysis 
is presented in detail in [11]). The alteration of the surface structure as viewed by other 
sampling techniques suggested that the effects of trawling were to smooth the water 
seabed contact. The acoustic data exhibited a disturbance throughout the depth profile but 
was especially significant in impact to at least 4.5cm depth  (Fig.4). In the acoustic 
histories, after trawling , the data trend showed lower peaks. The interpolated fractal data 
in Figures 5 and 6 support this pattern. This is especially noticeable in the upper strata, but 
to some extent in the deeper sections .Higher fractals were generally more dominant 
before trawling occurred. A statistically rougher structure for the benthic habitat in the 
surface sediments were observed before, than after trawling passed[11].the internal 
burrows and fine scale structures seem to have collapsed as a direct result of the trawling 
passes. In studying Figures 5 and 6 for trends, the colour structure of the plots suggests an 
uneven reduction in the complexity of the internal sediment structure after trawling, an 
unexpected result when considering the hard-packed sand of the experimentation site.   
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3 CONCLUSION 

The physical structure of marine sub-bottom sediments is affected and determined by 
benthic organism activities .Highly spatial and temporal resolution information such as 
from high frequency and broadband acoustics can capture the behaviour and degree of 
activity associated with benthic habitats and how these activities are affected by 
environmental changes and human disturbance. These acoustic images are sufficiently 
coherent to apply fractal geometry to post-analyze the acoustic time histories in an attempt 
to separate and classify sediment texture from biogenic structures. The results of the 
experimentation with trawls establish a direction to consider in applying fractal dimension 
on acoustics, to tackle ecological processes associated with benthic fauna living on and 
beneath the surface of the seabed sediments. The information revealed through the 
statistics , formed by the acoustics, allows for an insight into the delicate fine scale chaos 
that constitutes a healthy benthic habitat. 
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Fig.6 : Cubic spline interpolated fractal matrices of the 4×10 element array for five depth strata in three sampling 
locations before and after trawling. Column is the interpolated position along the 10-element axis of the acoustic array, 
and the width of each depth stratum consists of the interpolated fractals on the 4-element axis. The interpolated fractal 
ranges between 1.1 and 1.6. Fractals around 1.45 are red. Lower fractal values are darker (black to dark red) than 
higher ones (orange to yellow to white). 
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Abstract: A North Sea area characterized by muddy, sandy, and gravelly sediments is 
surveyed with a single-beam echo sounder operating at 12, 38, and 200 kHz. Closely 
spaced survey legs and a high repetition rate of five sounder pings per second allow the 
production of echo energy maps with a high spatial resolution. These energy maps reveal 
a series of string-like features, which are believed to be due to beam trawling activities. 
The trawler plough marks feature a dramatic increase in the echo energy, up to 12 dB 
above that of their surroundings. This effect, the strength of which is frequency dependent, 
may be used to monitor fishing activities and demersal habitats. The present paper 
illustrates the marked acoustic signature of the furrows and discusses several candidate 
responsible physical mechanisms. Disturbance of the mass density gradient in the benthic 
layer is considered the most likely candidate. 

Keywords: Echo sounder, bottom trawling, reflection coefficient 

1. INTRODUCTION 

Research on the physical and biological impact of trawler fisheries is an active field in 
marine sciences [1,2]. In addition to diver or camera observations, remote sensing with 
acoustic means has revealed morphological signatures in the form of furrows. Scars left by 
the trawl doors have a particularly strong signature [2,3]. Such morphological features are 
observed with sidescan or multibeam sonar systems, which measure backscatter at oblique 
incidence. The present paper adds another acoustic signature of the plough marks. A 
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strong impact is observed on the reflected energy of single-beam echo sounders. It is 
suggested that the effect is not due to morphological features, but to some alteration of the 
seafloor along the full width of the plough marks. 

2. ACOUSTIC SURVEY 

Sea trials were conducted in the North Sea Cleaver Bank area in November 2004. A 
dense pattern of east-west tracks was sailed for a survey with a multibeam echo sounder. 
Single-beam echo sounders were switched on in parallel to collect additional data at 
normal incidence, and at three frequencies. This paper considers echo energies of the 
single-beam sounders, operated at 12, 38, and 200 kHz. Pertinent sounder parameters are 
tabulated in Table 1. 

 

Frequency Transducer 
model 

Beam 
width 

Footprint diam. 
at 40-m depth 

Pulse 
length 

Ping 
rate 

 12 kHz Simrad 12-60  16°   11 m 1024 μs 5 s-1 

 38 kHz Simrad 38-9   9°    6 m  256 μs 5 s-1 

200 kHz Simrad 200-28E   7°    5 m  256 μs 5 s-1 

Table 1:  Echo sounder parameters. 
 
During the survey, sounder data were digitally stored after baseband conversion. Echo 

traces were corrected for propagation losses in the form of spherical spreading and 
absorption. Bottom returns were detected and cropped from the echo traces. The selected 
time window extends over ten pulse lengths around the peak echo value. Subsequently the 
echo energy is computed as the integral of the intensity envelope over the selected time 
window. No further processing is performed for the work presented in this paper. Results 
are shown only for the energy reflection coefficient. 

The top graph in Fig. 1 shows a geological map produced in 1987 [4] together with the 
legs of the 2004 survey. The map, which is based on a sparse sampling programme, 
roughly distinguishes sandy Mud (left side), Sand (right side), and sandy Gravel (top). The 
designations sandy Mud, Sand, and sandy Gravel are adopted from Folk [5]. Ref. [6] gives 
a more detailed description of the Cleaver Bank geology and sedimentology. 

3. REFLECTED ENERGY AND PLOUGH MARKS 

The close spacing of the survey legs, and the large number of echoes ( 5107 ×  at each 
frequency), support a map of reflected energy with full seafloor coverage. To this end the 
relevant section of the seafloor is divided into 490×45 bins measuring 33×110 m. For each 
bin the mean echo energy is calculated and subsequently converted to a decibel scale. The 
bottom three panels of Fig. 1 show colour maps of the measured echo energy thus 
produced. In the absence of calibrated sounders the energies are plotted on a relative scale.  
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Fig. 1: Geological map (top); shaded relief map produced with the multibeam echo 
sounder (greyscale); single-beam echo energies at three frequencies. 
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Fig. 2: Echo energy along a segment of the southernmost leg in Fig. 1. At each 
frequency the energy is normalized such that the mean value between 3.164 and 3.168 
degrees East amounts to unity. A 7-ping moving average filter is applied to the data. 

 

 

Fig.3: Illustration of beam trawling. Image courtesy of www.viskids.nl. 
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Offsets are adjusted so as to render approximately the same colours for the mud trench at 
the left side of the maps. A global comparison of the three maps shows that the energy 
reflection coefficient is frequency dependent. The contrast between the sandy Mud and 
sandy Gravel areas increases with the frequency. There are also significant differences 
between the rendering of the Sand and sandy Gravel areas. The contrast is strong at 38 and 
200 kHz, but almost absent at 12 kHz. A first conclusion is that the measurements are not 
accounted for by the Rayleigh reflection coefficient of a discrete interface, which is 
independent of frequency.  

Further inspection of the energy maps reveals the presence of string-like features 
running in arbitrary directions. These features have a strong acoustic signature at 38 and 
200 kHz, whereas they are barely visible at 12 kHz. It is hypothesized that they 
correspond to plough marks caused by fishing gear dragged over the seafloor. Beam 
trawlers were witnessed during the November 2004 acoustic survey, and are known to 
operate regularly in this part of the North Sea. The hypothesis is corroborated by a 
morphological map (not shown) produced with the multibeam echo sounder. A close-up 
examination of this map reveals a crisscross of plough marks normally associated with 
trawling, precisely matching the coordinates of the string-like features. Further evidence 
for the beam trawler hypothesis is provided by Fig. 2. This figure zooms in on the echo 
energy along a short section of the southernmost leg, traversed by at least five string-like 
features in Fig. 1. At 38 and 200 kHz the energy rises significantly above that of the 
surroundings. In some furrows the excess energy amounts to 12 dB. Furthermore the 
energy peaks tend to occur pairwise, with a spacing of approximately 30 m. These 
observations point to involvement of beam trawlers such as depicted in Fig. 3. The 
distance between the two trawls depends on the type of fishing ship, but a value of 30 m is 
not uncommon. The width of the individual trawls also varies, up to a maximum opening 
of 12 m. As the water depth in the Sand regions is about 40 m, the sounder footprints (see 
Table 1) are comparable to the width of the plough marks. The plough marks have a 
strong acoustic signature in the Sand and sandy Gravel regions, but are absent in the sandy 
Mud trench at the west part of the survey. The trench is either unfished, or it is fished but  
plough marks in mud have no detectable signature. 

4. MECHANISMS UNDERLYING THE ENERGY INCREASE 

To inquire into the origin of the enhanced reflection coefficient, we first conduct a 
literature survey on the impact of trawls on the seafloor. Subsequently we examine echo 
envelopes captured inside and outside the plough marks, and subsequently we discuss 
candidate responsible mechanisms. 

4.1. Literature survey 

Research on the physical effect of beam trawls on the seafloor has shown that the 
penetration depth is typically of order 5 cm in sandy sediments [1,7]. A record of beam 
trawl disturbance in another part of the North Sea [8] shows that the surface roughness in a 
fishing sector characterized by sand waves and some ripples was reduced, but that the 
particle size distribution was not altered. Similar conclusions were obtained for an 
experiment in the Adriatic Sea [9]. A recent cruise in the Bering Sea [10] revealed mean 
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grain size changes of only ~0.02 phi units before and after experimental trawling on a 
sandy seafloor.  

A literature search on inspection of bottom trawls with single-beam echo sounders did 
not disclose direct measurements of the echo energy. There are, however, a number of 
indirect observations obtained with the RoxAnn bottom classification system [11]. These 
data concern the RoxAnn parameter E2, which is often associated with the hardness of the 
seabed and considered a measure of the reflection coefficient. Kaiser and Spencer [8] and 
Humborstad et al. [12] report a decrease of E2 after trawling, whereas Tuck et al. [3] and 
Coggan et al. [13] do not measure a difference. Gordon et al. [2] mention a significant 
increase of E2 after trawling. These contradictory observations may suggest a complex 
influence of bottom trawling on the seafloor reflectivity, depending perhaps on the type of 
fishing gear, type of sediment, geological area, etc. However, the interpretation of E2 as a 
measure of the hardness is questioned by Hamilton et al. [14] and a meaningful 
comparison with our direct measurements is not possible. 

4.2. Echo envelopes 

A selection of 38-kHz echo signals is displayed in Fig. 4. The figure shows the 
envelope of five echoes selected in and outside enhanced energy regions. It reveals a 
drastic increase of the echo amplitude at positions ii and iv. As it appears the excess 
energy is carried by the initial bottom return; the energy in the echo tail is not noticeably 
altered. Similar effects are observed at 200 kHz, but not at 12 kHz (not shown). The 
dramatic increase of the initial bottom return at the higher frequencies suggests that the 
energy rise is due to a reflectivity change at the very water-sediment interface, rather than 
an increase of scattering contributions to the total echo energy.  

 

 

Fig. 4: Selection of echo envelopes at five positions (see the roman numerals in Fig. 2) 
for the 38 kHz sounder. The envelopes share the same normalization factor (black curves) 
or are individually scaled to an amplitude of 0.95 (grey curves). 

4.3. Candidate mechanisms 

There are several mechanisms that pop up upon considering possible causes of the 
strong acoustic signature of the plough marks. In the absence of ground truthing, the 
proposed mechanisms are discussed in terms of their (im)plausibility. 

 
Mechanism 1. The trawl removes a fine-grained surficial sediment layer and exposes a 

sublayer with larger grains and an increased reflectivity. However, it is unlikely that a 
surficial layer with a thickness of only a few cm (the penetration depth of a trawl) 
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stretches over a large area. Moreover, bottom grabs collected in 2000, sampling the upper 
20 cm of the sediment, often yielded only sand in the sandy area of the present survey [6]. 
The proposed mechanism is also in conflict with the literature reporting that trawling does 
not noticeably alter the grain size.  

Mechanism 2. The trawl removes ripples and other unevennesses, thereby flattening the 
surface, which develops from a diffuse towards a specular reflector. Indeed, literature 
confirms that such flattening may take place. However, for a spherically expanding sonar 
beam it is not expected that a smooth reflector delivers a higher integrated energy than a 
diffuse reflector, except for a very narrow beam or an exceedingly rough surface. The 
shaded relief panel in Fig. 1 shows that the Sand area features a smooth seafloor, at least 
on a macroscopic scale, whereas the plough marks stand out acoustically. 

Mechanism 3. The plough marks are concave, with a radius of curvature of the same 
order as the water depth. With such a plough mark shape, the reflected sound has a focus 
in the vicinity of the transducer. Apart from the coincidental shape, a counterargument is 
that one would also expect a decrease in echo energy at the convex boundaries of the 
concave furrows, which is not observed. 

Mechanism 4. In-situ measurements of sediment density and porosity have revealed the 
presence of a thin transition layer between the water and the bulk sediment [15]. The 
thickness of this layer is of order 1 cm. The associated impedance gradient acts as an anti-
reflection coating at high frequencies, when the product of wave number and layer 
thickness is of order unity or higher. Supporting evidence for the importance of the 
impedance gradient for the normal-incidence reflection coefficient is found in [16]. It is 
hypothesized that trawling compresses the transition layer, increasing the impedance 
gradient. Alternatively, upwhirling surface particles may be carried away by currents to 
deposit elsewhere, promoting the more tightly packed subsurface layer to the new top 
layer. Either way, destruction of the impedance gradient can thus account for the increased 
acoustic mismatch. The explicit frequency dependence of this mechanism would also 
explain why the plough marks hardly show at 12 kHz. 

Mechanism 5. Removal of benthic fauna. Fish are known to scatter sound and a 
diminution of their number may either increase or decrease the reflection coefficient. 
Systematic differences of order 10 dB, however, are not expected. 

 

5. CONCLUSIONS 

Seafloor maps of reflected echo sounder energies revealed string-like features, which 
are in all likelihood due to beam trawling activities. The trawler plough marks feature a 
strong increase in echo energy at sound frequencies of 38 and 200 kHz. At 12 kHz the 
effect is weak. Of the possible causes considered, disturbance of the mass density gradient 
in the benthic layer is considered the most likely candidate. 
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Abstract: In the shallow water coastal area, visibility is comparatively restricted, yet 
marine mammals are still able to navigate, manoeuvre, and find food without any 
noticeable difficulties. Our work has focused particularly on grey whales (Eschrichtius 
robustus) due to their close association with the shallow water environment. One of their 
primary food sources is found in kelp beds, in a highly cluttered and acoustically active 
environment. Because the usefulness of vision is limited by the turbidity of the coastal 
submarine environment, it is logical to believe they rely heavily on their hearing. Unlike 
dolphins and porpoises, grey whales do not appear to use active echolocation techniques. 
We propose therefore that they are making use of the ambient noise for passive acoustic 
characterisation of their environment. We are investigating what sounds are available to 
these animals in their feeding grounds and what types of visualisation techniques they 
might be employing. During the summer of 2006, ambient noise recordings were collected 
in two bays along the central coast of British Columbia, Canada, where grey whales are 
known to feed. The array used was a fixed 2-hydrophone design, horizontally separated by 
a small distance, analogous to a set of ears, and was deployed from a kayak. The acoustic 
signals were recorded near the surface at a broadband frequency range of 20 Hz to 20 
kHz where the water column depths ranged from 3 m to 30 m approximately, and in 
several distinct environments (deeper water, shallow water with kelp bed, shallow water 
with bare seabed, surf zone). This paper examines the data collected and develops 
hypotheses based on Synthetic Aperture and Acoustic Daylight Imaging techniques as 
possible mechanisms available to these whales to interpret the nearshore sound field. 

Keywords: shallow water, grey whales, passive, ambient noise, biomimetics 
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1. INTRODUCTION  

The focus of our research is to examine the shallow water sound field and how is varies 
around a complex bay. Marine mammals have as little as two acoustical ‘receivers’ and 
can navigate and find food with no apparent difficulties; therefore, unlike conventional 
multi-hydrophone arrays, our passive 2-hydrophone system is a biomimetic approach to 
‘visualising’ the underwater environment.  

We have chosen to focus on grey whales, due to their continuous association with 
coastal waters [1, 2, 3] and their ability to locate prey in a complex and acoustically active 
environment. These whales are exposed to high levels of ambient noise [4], highly turbid 
water [5] and many underwater obstacles [4] along their migration route and in the feeding 
areas. There have been many suggestions as to how cetaceans (whales, dolphins and 
porpoises) find their way along long migratory routes, such as landmarks and topography, 
celestial and solar cues, magnetic fields, ambient noise, and ocean currents [3, 6]. It has 
been commented that specific geographic regions have their own distinctive sound 
characteristics, and that grey whales could be exploiting this to their advantage in passive 
acoustic navigation [4].  

The principal food source of the Eastern Pacific grey whale along the coast of British 
Columbia are mysid crustaceans (order mysidacea) [7, 8]. These crustaceans usually form 
large aggregations (swarms) which are frequently associated with underwater features (ie. 
rocks or kelp beds) [7, 9, 10].  

The first part of our project examines the soundscape and the acoustical sources 
available to the whales when navigating within a bay in their feeding grounds. The second 
part examines how sound signals may be altered when rocks and kelp beds are present, 
which could lead to their presence being known.  

2. METHODS 

2.1. Study area 

Between July and August 2006, ambient noise recordings were collected in two bays 
along the central coast of British Columbia, Canada, where grey whales are known to 
feed. Although two bays were originally chosen for a comparison, focus has shifted to 
only one of the two bays, referred to locally as North Bay, due to an increase in the 
number of samples taken as a result of its close proximity to the research base and also 
since it is more protected from the predominant winds in the area. North Bay is located 
along the central coast of British Columbia, Canada (51° 02' N, 127° 34' W), and was 
chosen as the study site due to its frequent use by foraging grey whales in previous years. 
North Bay has a mostly rocky bottom [10] and kelp beds, composed mainly of Nereocystis 
luetkeana [10], are typically associated with submerged rocks in the bay. These kelp beds 
are where mysids are found. 

2.2. Equipment 
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The array used in this study was a fixed system (not towed) and consisted of two 
hydrophones spaced a small distance apart on a t-shaped pole deployed from a sea kayak. 
The design of the array used for data collection was derived from that used by Dudzinski 
et al. [11]. The purpose of using only 2 hydrophones is to simulate the operator’s ears. In 
order to compensate for the higher speed of sound underwater, the receivers were spaced 
approximately 4.5 times the diameter of the operator’s head [11]. This distance between 
the receivers introduces a delay in the time of arrival of the signals, which then allows the 
operator to localise the sound source as if it were in air. The hydrophones were taped to 
both ends of a 53 cm PVC pipe, which was joined to a 2 m long pole leading to the kayak. 
The cables from the hydrophones were run inside the pipes to the surface where they were 
connected to an M-Audio Microtrack 24/96 digital recorder (sampling at a frequency of 
44.1 kHz). The hydrophones were labelled with red and green tape, representing left and 
right, which allowed for quick identification when recording.  

2.3. Experiments 

Over a period of a month and a half, 38 acoustical recordings were taken in various 
environments (deeper water, shallow water with kelp bed, shallow water with bare seabed, 
and surf zone) around the bay (Fig. 3) in order to create a composite map of the sound 
field. Recordings were taken near the surface with varying water column depths ranging 
from 3 m to 30 m approximately. Weather patterns were relatively the same during 
sampling days, as too much wind and current resulted in poor recordings and too much 
movement of the recording platform. The sound map can then be used for a comparison 
between whale movements through the area and the soundscape to reveal any possible 
correlations. 

Another experiment conducted involved the kayak remaining stationary while an 
inflatable boat passed by the array emitting a broadband signal. This experiment was done 
in order to examine how the sound produced by the boat changes along the track due to 
the presence of objects (ie. kelp beds and rocks) between the boat and the hydrophones. 
Two boat tracks were performed; the first one (Fig. 1a) had submerged rocks and kelp 
beds separating the source and receivers; while the second track (Fig. 1b) had a reef with 
exposed rocks and kelp beds. The spectra were analysed for the difference in the 
frequencies of the received signal along the track to reveal how the signal changed with 
respect to the objects interfering. 

 

 (a)  (b) 
 

Fig. 1: Track #1 shown in (a) and track #2 shown in (b). The line of black markers 
(corresponding to waypoints taken by a GPS unit onboard the boat) is the route of the 

vessel and the one lone black marker labelled ‘kayak’ is the position of the receivers. The 
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symbols, , and  represent rocks, and the numbers underlined in brackets beside  are 
heights of the rocks when exposed at lowest low tide. The numbers in the rest of the chart 

are depths in metres (numbers on land are elevations above highest high tide (chart #3550 
extracted from Canadian Hydrographic Services with permission).  

3. RESULTS 

3.1. Sound map 

 A sound map of the bay was created using root mean square (rms) values of the 
received noise signals. Recordings were first filtered in MATLAB with the Savitzky-
Golay smoothing filter to remove unwanted noise. Rms values were then calculated 
(average values for positions with multiple recordings) and subsequently plotted in 
MATLAB with respect to GPS positions. Values were interpolated between the randomly-
spaced sampling points in order to create a continuous map of the area of interest. This 
was done by using the ‘griddata’ command in MATLAB, which calculates values at 
uniformly spaced points (defined by the user) throughout the area of interest by using the 
values at the original data points. In this case a triangle-based linear interpolation, based 
on Delaunay triangulation, was used to generate the values. The plot of the values was 
superimposed onto a nautical chart of the bay in order to compare with the topography 
(Fig. 2).  

 

 
  

Fig. 2: Sound map of the study area. Lighter areas represent higher rms values, and 
darker areas signify lower values.  

 
One would expect to see an increase in noise levels in shallower parts of the bay and 

around exposed rocks, and this is the case in certain areas, but not true throughout. For 
example, to the north of Eliza Islands there is noise created around a cluster of rocks, but 
not directly on top of the rocks, this could be caused by the large amount of kelp situated 
there. The noise may be more associated with the perimeter of the kelp bed and not that of 
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the rocks. The kelp blocks the waves from getting to the rocks and causes ripples around 
the edge of the kelp bed.  

Figure 3 shows the locations of the 38 recordings relative to the sound map created. 
You will notice that there are some areas where no recordings were taken and 
interpolation was done in order to create a continuous map. Future work will include 
taking more samples so that little interpolation is needed and also so that averages in the 
recordings of the same location can be taken. This will ensure a true representation of the 
sound field. 

 

 
 

Fig. 3: Chart of North Bay showing sampling locations where acoustical recordings were 
taken over a period of a month and a half on top of the sound map. 

 
Out of the six whale tracks available to us, Figure 4 shows two of the routes within the 

sound map area.  
 

     
 

Fig. 4: Two of the whale tracks through the study area. 
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With this limited dataset, it is difficult to make correlations between the whales’ 
movements and the sound field; although, it looks promising and acquiring more tracks 
will allow us to make a better judgement.  

3.2. Boat tracks 

In track #1 (Fig. 5a), there is a distinct difference in the boat’s radiated signal as the 
vessel passes behind a kelp bed. In track #2 (Fig. 5b), the peak in the signal returns as the 
boat emerges from behind a rock. 

 

 (a) (b) 
 
Fig. 5: Superimposed images of the spectra of the received signal at three stages along 

the two boat tracks. (a) is the spectra taken at the start of  boat track #1 as it starts going 
behind a kelp bed. (b) is the spectra from 3 points at the end of track #2 as the boat 

emerges from behind a rock.  
 

When examining the signal of track #1 up to 3 kHz, the intensity of the overall signal 
drops by an average of 7 dB as soon as the boat passes behind a kelp bed, and decreases 
by another 2.5 dB as it continues further behind the denser part of the kelp. When looking 
at the received signal of track #2 up to 3 kHz, the intensity increases by an average of 1dB 
as it first starts emerging from behind the rock, and a further 1.3 dB as it clears it even 
more. In track #1, there is always a peak in the signal, between 430 and 600 Hz, whereas 
in track #2, there is no peak in the spectra between these frequencies at certain locations 
along the track. The frequencies in the signal are affected by objects located between the 
source and the receivers. This leads to the suggestion that with an acute hearing capability, 
it is plausible that the difference in ambient noise frequencies is detectable, which would 
allow nearby objects to be identified. 

4. DISCUSSION 

It is likely that marine mammals, in particular those that do not use active echolocation, 
use passive acoustic navigation. Our work has focused on examining the ambient noise 
field in a shallow water area used by foraging grey whales, and how noise is affected by 
the presence of objects between the source and the receiver. This work presents field 
experiments performed during the first year of a PhD, and the analyses are still 
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preliminary. These early results show that the sound map created from 38 acoustic 
samples collected during the period of a month and a half looks promising, although more 
samples need to be collected to ensure this map is a true representation of the typical 
sound field. More samples, where averages of particular locations can be taken, will create 
a better account of the soundscape. Acquiring more whale tracks will also allow us to 
draw correlations between their movements and ambient noise, as we are unable to draw 
any conclusions from our limited dataset. 

The boat tracks were done as an experiment to see how a signal is changed by obstacles 
between the sound source and the receivers. In a way this is similar to a simplified version 
of Acoustic Daylight Imaging, where the noise of the boat highlights objects in the bay. 
We used a boat as the source of ‘ambient noise’ in order to intensify the difference in 
sound as the source moved behind objects. Unfortunately, in this case we could not look at 
the intensity of the signal along the whole track since extraneous noises were recorded at 
some points in time which interfered with the intensity levels. Therefore, only a few 
positions along the track were examined where the change in the boat’s position was 
significant. By comparing the two boat tracks, it shows that when only kelp is between the 
source and the receiver there remains a peak in the received signal in the low frequencies 
(between 430 and 600 Hz), but when a rock that is showing at the surface is between the 
source and receiver, the peak disappears. One would expect the same filtering and 
decrease in noise levels to apply to any sound signal. With an acute hearing capability, as 
one would expect with whales due to their reliance on hearing as one of their primary 
senses, the difference in the frequencies and levels of ambient noise should be detectable. 
This would allow them to identify any objects nearby.  

Passive synthetic aperture is another technique which whales might use to ‘visualise’ 
their environment. Impending analysis will look into this technique as a possible passive 
acoustics navigational method for localising sound sources. 

Future work will include more recordings in this particular area as well as acquiring 
more whale tracks in order to create a true representation of the sound field in the bay and 
to look at the whale movements with regards to it. As well, sound localisation using the 2-
hydrophone array will be investigated. 
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Abstract: The acoustic ground discrimination system (QTC View, Series V) was used in 
the Bay of Cadiz, Southwest Spain, for the identification and mapping of the bottom acoustic 
diversity. The acoustic data were obtained with two different echo sounder frequencies: 50 
kHz and 200 kHz, of which the performance was analyzed. The majority of the survey area 
was shallow in depth, ranging from 5 to 15 meters. Depth occasionally reached 20 meters in 
specific areas located in a navigation channel. The acoustic data obtained by the two 
different frequencies were, individually, submitted to manual and auto-cluster and the results 
obtained from both procedures were coherent. For both frequencies, a final solution 
consisting of three acoustic classes was reached. However, only the geographical distribution 
of the acoustic classes obtained with 50 kHz was coincident with the spatial distribution of 
the major bottom types and sediment groups (medium sand, fine and very fine sand and mud), 
identified through multivariate analysis of the grain-size data. The acoustic pattern was 
coincident at the intersections of the acoustic survey lines, assuring the repeatability of the 
acoustic procedure. The results obtained with 200 kHz did not match with the sedimentary 
gradients obtained for the area surveyed. 

Overall, the acoustic approach developed using a 50 kHz echo sounder frequency showed 
consistent results for the assessment and mapping of the benthic habitats in this shallow 
water coastal area. 
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1. Introduction 
 

In recent years there has been a large expansion in the use of acoustic ground 
discrimination systems (AGDS), operating with single-beam echo sounders, for the purpose 
of assessing and mapping the diversity of seabed habitats (Greenstreet et al., 1997; Hamilton 
et al., 1999; Kloser et al., 2001; Anderson et al., 2002; Ellingsen et al., 2002; Freitas et al., 
2003a and b; 2005; 2006).  A number of features have contributed to the good reputation 
earned by this acoustic approach, namely its non-intrusive properties, the ability to cover 
large areas with almost continuous sampling rates, the discrimination of a variety of soft 
sediment types and bottom features, and their lower cost compared to side-scan sonar or 
multi-beam systems. Some systems, such as the QTC VIEWTM acoustic system used in the 
present work, register and display the full echo waveform envelope upon which the 
classification procedure operates. This feature represents a major difference between this 
system and the majority side-scan sonar or multi-beam based acoustic systems (Kenny et al., 
2003).  

Previous studies performed with the single beam acoustic seabed classification system 
QTC VIEW (Series IV) revealed its ability to identify and map seabed types characterized by 
distinct acoustic signatures. Several studies undertaken with this system showed that the 
acoustic response depends on; seabed roughness, sediment grain size, the presence/absence of 
shell debris and some infaunal species, texture properties of the sediment, and sediment 
porosity (Collins and Lacroix, 1997; Collins and Galloway, 1998; Ellingsen et al., 2002; 
Hamilton et al., 1999; Preston et al., 1999; Preston, 2001; Self et al., 2001; Anderson et al., 
2002; Freitas et al., 2003a and b; 2005; 2006).  

This work aims to compare the performance of the acoustic seabed classification system, 
QTC VIEW (Series V), developed to survey in water depths of < 1 m to over 2000 m, for the 
mapping of benthic biotopes, using (separately) two different echo sounder frequencies: 50 
kHz and 200 kHz. Both surveys were conducted in the Inner Bay of Cádiz, a shallow tidal 
lagoon situated on the Atlantic coast of Southwest Spain. 

 
 
2. Material and methods 

2.1 Study area 
 
The Bay of Cadiz is located in Southwest Spain, between 36º 23’-36º 37’N Latitude and 6º 

8’-6º 15’W Longitude. The Bay is subdivided into two basins, a shallower basin (Inner Bay) 
with a maximum depth of 11 m (reaching 17-20 m only at the navigation channel), and a 
deeper basin (Outer Bay) with a maximum depth of 17 m (Rueda & Salas, 2003) (Figure 1). 
The Outer Bay is highly exposed to the action of waves, winds and tides, and is characterized 
by sandy sediment with significant gravel and sand content (Carrasco et al., 2003). The Inner 
Bay is less exposed, but is strongly influenced by tides. This area is composed mainly of fine 
sand and mud (Carrasco et al., 2003; Rueda & Salas, 2003). 

 
2.2 Sampling 
The acoustic data was obtained with the seabed classification system QTC VIEW Series 

V. For the acoustic classification two surveys were undertaken in the same area but on 
different days: one using a 50 kHz echo sounder frequency and a second one using a 
frequency of 200 kHz (Figure 2). In both cases a Differential Global Position System (DGPS) 
was used to provide positioning, allowing data to be post-processed into a Geographic 
Information System (GIS). The acoustic system includes a laptop computer, for data 
acquisition, display and storage. 
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Both acoustic surveys were carried out within the Inner Bay (Cádiz Bay) and covered an 
area of approximately 13 km2. The survey grids are shown in Figure 2.  

Ground truthing was undertaken using an Ekman grab deployed from a small boat. The 
dimensions of the grab were 0.2 by 0.135 m (surface area sampled of 0.277 m2). Sediment 
samples were taken at 68 sites, after the acoustic surveys were completed (cf. Figure 2). 
Positioning of the samples was chosen so as to represent as wide a range of the acoustic 
classes identified in the survey as possible Most were intentionally positioned on the acoustic 
survey lines. 

 
2.3 Laboratory analysis 

For the study of physical properties, sediment samples were submitted to grain-size 
analysis performed by wet and dry sieving (Quintino et al., 1989).  

 
2.4 Data analysis 

During the acoustic survey, the QTC VIEW uses the shape of the first returning echo to 
characterise the seabed. Using a series of algorithms the QTC VIEW produces an echo shape 
description, consisting of 166 elements (Collins and Lacroix, 1997). Through data treatment 
(Principal Component Analysis) these are further reduced and represented by Q1, Q2 and Q3 
values, corresponding to the coordinates of each echo in the first 3 PCA axes (Collins and 
McConnaughey, 1998). This data matrix is submitted to cluster analysis using post-
processing software, QTC IMPACTTM. Clustering (k-means algorithm) is based on a 
progressive splitting process. At each split a series of statistical measures are provided and 
used as indicators of the optimal split level. Echoes from similar seabed types tend to form a 
cluster and each different cluster corresponds to a different acoustic class. Once this analysis 
is completed, each acoustic class is then associated with a particular seabed type via ground 
truthing. 

Sediments were classified according to the Wentworth scale based on the median value 
(P50) and the percent content of fine particles (Doeglas, 1968; Larsonneur, 1977). 
Sedimentary descriptors were also submitted to ordination analysis, performed with the 
software PRIMER v5.  

The acoustic data, resulting from the QTC IMPACT analysis, was used in GIS software 
from which charts of acoustic diversity were produced.  

Maps of sedimentary data were also produced for comparison with the maps of acoustic 
diversity. 

3. Results 
 
The results showed that when using a 50 kHz echo sounder frequency the acoustic 

diversity obtained was very closely related to the superficial sediment types identified in the 
surveyed area. In fact, the acoustic classes captured the predominant sediment types, namely: 
the acoustic class C corresponds to medium sand (affinity group B2), the acoustic class B 
corresponds to fine and very fine sand (affinity group B1) and the acoustic class A 
corresponds to mud (affinity group A) (Figure 2A). 

The results obtained with a 200 kHz echo sounder frequency showed no relation with 
superficial sediments (Figure 2B). 
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4. Conclusions 
 

The results concerning the echo sounder frequencies (50 vs. 200 Hz) are in agreement 
with study of Collins and Rhynas (1998), who demonstrated that lower echo sounder 
frequencies (10 to 100 kHz) exhibit small signal losses in water. Thus, these frequencies 
transmit more energy into the seabed, causing the signal to penetrate deeper (tens of 
centimetres) into the seafloor and carry more information back to the transducer. Frequencies 
greater than 100 kHz suffer greater attenuation in the water column and therefore do not 
transmit as much energy into the seabed resulting in reduced penetration (few centimetres). 
When the seabed is covered by underwater vegetation, such as in Cadiz Inner Bay, this effect 
is expected to be enhanced; meaning that only the lower energy frequency (50 kHz) was able 
to penetrate the vegetation into the sediment. In a sense the two frequencies ‘sample’ in 
different places relative to the vertical structure of the sediment water interface. Thus, for the 
accurate mapping of the spatial distribution of the substrate composition of sediment habitats 
in areas where the benthos is dominated by vegetation, we recommend the use of a lower 
energy echo sounder frequency, such as 50 kHz.  
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Figure 1. Study area: the Bay of Cadiz, Southwest Spain. 
 
 

 
 
Figure 2. Study area showing the acoustic survey lines, obtained with 50 kHz (A) and 200 
kHz (B) echo sounder frequencies, and the sampling sites for the study of superficial 
sediments. 
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Figure 3. 2-D non-metric multidimensional scaling (MDS) of the grain-size data. 
 
 
 
 

 
 
Figure 4. Spatial distribution of the acoustic classes A, B and C obtained for 50 kHz (A) 
and 200 kHz (B). Each sampling site is represented on top of the acoustic survey lines 
(obtained with 50 kHz), showing the respective sedimentary affinity group: affinity group 
A (mud); affinity group B1 (fine and very fine sand); affinity group B2 (medium sand). 
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Abstract: we investigate the potential of ultrasonic imaging technology to identify and 
track submillimetre and subcentimetre free-swimming pelagic and benthic organisms. We 
use ultrasonic acoustic frequencies (6 MHz) to insonify a range of organisms including 
copepods, mysids, medusae and amphipods. All these organisms have been detected and 
exhibited a very specific acoustic signature. We show that the resulting acoustic 
backscattering can be used (i) to identify individual copepods at the species level, 
individual mysids, medusae and benthic amphipods, (ii) to provide the details of their 
body ultrastructure, (iii) to track them individually, and (iv) to assess their predatory and 
escape behaviours. These preliminary results may represent a promising new avenue for 
the future of plankton research, which critically requires non-intrusive techniques to 
identify and enumerate plankton organisms and to assess their behavioural ecology. 

Keywords: Ultrasound, microscale, plankton, benthos, motion, predation, behaviour 
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1. INTRODUCTION 

As all underwater objects, including most marine organisms, scatter acoustic waves, 
acoustic techniques have been commonly used for studies of distribution and abundance of 
fish, euphausiid and gelatinous zooplankton. The optimal frequencies for in situ studies 
will vary with application. However, the combination of frequencies ranging from tens to 
hundreds of kilohertz provides the ability to reach the entire water column at the lower 
frequencies, detect small-sized organisms (macrozooplankton, microneckton and neckton) 
at the higher frequencies and distinguish and separate the acoustic wavefields generated by 
ocean turbulence and organisms. 

Recently zooplankton were grouped according to whether they were weak scatterers, 
elastic shelled bodies, gas bearing or shelled, fish are characterized according to whether 
or not they have a swimbladder and subsequent models allow the characterization of 
different zooplankton groups according to their acoustic backscattering as a function of 
acoustic frequency, animal size, shape and orientation and improve the remote detection 
and the classification of the seafloor and the water column in the presence of organisms. 

However, to our knowledge, no attempt has been made to identify free-swimming 
individual micro-organisms using acoustic techniques as their minute size (typically < 1 
cm), low density relative to water and the absence of any shelled or gas-bearing structures 
are likely to considerably decrease their acoustic conspicuousness when compared to other 
zooplankton organisms. 

In this context, we used ultrasonic acoustic frequencies (6 MHz) to insonify planktonic 
subcentimetre and centimetre-scale organisms, the calanoid copepods Temora longicornis 
and Eurytemora affinis (1 mm), the scyphomedusae Aurelia aurita (2 cm), the mysid 
Neomysis kadiakensis (7 mm) and a undetermined benthic amphipod (ca. 1 cm).All these 
organisms were insonified with a down-looking, ultrasonic probe of the convex type with 
a centre frequency of 6MHz and a maximum viewing angle of 120 degrees. Aurelia aurita 
were investigated in a 24-litre glass aquarium and the other organisms in a 1-litre cubical 
plastic container. Acoustic images were recorded at a rate of 25 images per second with a 
digital camera (Sony DCR-PC120E). 

2. ULTRASONIC IMAGING OF INDIVIDUAL MICROSCALE ORGANISMS 

T. longicornis and E. affinis adult males were considered separately and exhibited very 
distinct backscatter signature, at both low and high resolution (Fig. 1). The backscatter 
signature has also been used to successfully track individual copepods over several 
centimetres (Fig. 2). The backscatter signatures of medusa (Fig. 3) and mysid (Fig. 4) 
revealed the detailed properties of their bodies. This includes the identification of internal 
(gonads and coelenteron) and external features such as tentacles, oral tentacles and bell 
rhythmic pulsations for A. aurita, and the clear distinction between the cephalothorax, 
abdomen and appendages of N. kadiakensis. Our ultrasonic imaging provided new insights 
into the predatory behaviour of a benthic amphipod (Fig. 5), its relation with potential 
preys (Fig. 6) and the ability of the preys to react to the presence of the predator (Fig. 6). 

While still preliminary, it is suggested that these results may represent a promising new 
avenue for the future of plankton research, which critically requires non-intrusive 
techniques to identify and enumerate plankton organisms and to assess their behavioural 
ecology. 
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Fig.1: Backscatter signatures of the calanoid copepod Temora longicornis (A,C) and 
Eurytemora affinis (B,D) at low resolution (A,B) and high resolution (C,D). The scale 

bars represent 1 mm. 
 

 
 

Fig.2: High-frequency (25 Hz) time series of successive backscatter signatures of a single 
individual Temora longicornis (white arrow), illustrating the potential for ultrasonic imaging 
to track millimetre scale organisms. The red dot identify the original position of the copepod. 
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Fig.3: Illustration of the characteristic rhythmic pulsation of Aurelia aurita body wall used 
for propulsion (A-C), and high-frequency time series of the related backscatter signatures of a 

single Aurelia aurita over one pulsation cycle (D-L). The ultrastructure of the bell (Be), 
gonads (Go), tentacles (Te), oral tentacles (Ot) and Coelenteron (Co) is visible. 

 
 

 
 

Fig.4: Backscatter signature of the mysid Neomysis kadiakensis (insert) at low (left) and 
high resolution (right). The ultrastructure of the body is visible at low and high resolution. C: 

cephalothorax; Ab: abdomen; AP: appendages. 
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Fig.5: High-frequency time series of the backscatter signature of a predatory amphipod 
scanning its surrounding flapping its antennae downward (left) and upward (right). These two 

sequences are separated by 0.2 s. 
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Fig.6: High-frequency time series of the behavioural interactions between a predatory 
amphipod scanning its surrounding from the bottom and its mysid prey. The mysid (white 

arrow) is swimming slowly from the right to the left while the amphipod is flapping its 
antennae downward (A-I). Then the amphipod antennae start moving upward (J) to encounter 
the swimming path of mysid (Q), which react through a fast escape direction in the direction 

opposite to the amphipod (R). 
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Parametrical and textural analysis of side scan sonar imagery of 
bottom habitats of Arctic fjords  

 
Aleksandra Kruss, Jaroslaw Tegowski  

 
Abstract: The aim of this paper was to find, adapt and verify appropriate methods for 
side scan sonar imagery analysis and classification, which can result in accurate and 
efficient habitat mapping. Acoustic methods are believed to be better than biological 
sampling in habitats spatial distribution estimation but need qualitative information 
from in situ measurements to be ground-throuthed. Side scan sonar EdgeTech 
DF1000 working at 390kHz was used in this experiment to investigate macroalgae 
covered area in Hornsund Fjord (Svalbard Archipelago). This paper contains a 
comparison of two methods of sonar imagery classification: digital signal processing 
with wavelet transformation and texture analysis, both are the source of parameters 
which were used as an input in neural network classification. This study was done to 
find an effective algorithm of analyzing large side scan sonar data files in possible 
short time. First results show that wavelet coefficients make possible faster habitats 
recognition because texture analysis demands substantial sonar image distortion 
correction which can be eliminated easier on the raw signal processing level. Arctic 
fjords have diversified bottom morphology what makes the data not easy to classify 
but further development of this methods can streamline research in this difficult 
environment. 
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SELF-NOISE ANALYSIS OF AN INTERFEROMETRIC 
OPTIC FIBER HYDROPHONE 

Ge Huiliang, Zhang Zili and Li Dongming 
Hangzhou Applied Acoustics Research Institute, Hangzhou 310012, China 

Ge Huiliang: Hangzhou Applied Acoustics Research Institute, Hangzhou 310012, 
China, Email : sklghl@yahoo.com.cn 

Abstract: Interferometric optic fiber hydrophones, which are widely used or 
studied for passive sonar application, are based on measuring the phase change 
of light travelling in an optical fiber due to sound pressure applied on the 
hydrophone. Self-noise of an interferometric optic fiber hydrophone relates on 
the structure of hydrophone, laser source, optic-electric transfer circuit, 
demodulation system, etc. This paper concentrates on self-noise analysis of an 
optic fiber hydrophone with digital phase generated carrier demodulated system. 
The contributions of main noise sources, such as laser relative intensity noise, 
laser frequency noise and photo-electric detector noise, are analyzed by 
simulation and experiment. It is shown that modulation noise may become a main 
noise source.  

Keywords:  Inereferometric optic fiber hydrophone, Self-noise, Phase generated 
carrier 
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1. INTRODUTION 

Interferometric optic fiber hydrophones have many advantages over 
conventional PZT hydrophone, including high sensitivity, immunity to 
electromagnetic interference, light weight, easiness to large-scale multiplexing, 
etc. During last two decades, the design and application of interferometric optic 
fiber hydrophones are extensively studied[1].  

One key property of one interferometric optic fiber hydrophone is its self-
noise. The self-noise of an optic fiber hydrophone relates to not only the 
hydrophone structure, but also the noise of other parts in the system. The noise 
source of an interfometric optic fiber hydrophone system is analyzed in many 
literatures[2,3]. For an interferometric optic fiber hydrophone system, the 
important noise sources include: 1) the intensity noise and frequency noise of the 
laser, 2) the noise of optic-electric transfer circuit, 3) the noise of demodulation 
system. 

The main object of this paper is to analyze the noise source of an 
interferometric optic fiber hydrophone system with digital phase generated carrier 
demodulation method. Section II introduce briefly the principle of interferometric 
optic fiber hydrophone and phase generated carrier demodulation system. Section 
III presents theoretical analysis and simulation results of self-noise sources. 
Section IV describes experiment results. A summary is given in section  V. 

2. PRINCIPLE OF   INTERFEROMETRIC OPTIC FIBER 
HYDROPHONE SYSTEM 

Most of interferometric optic fiber hydrophones are based on two-arm 
interferometers such as Mach-Zehnder or Michelson. Usually, one arm of the 
interferometer is used as pressure sensing, and the other arm is used for offering a 
reference optical signal. The length and refractive index of the sense arm are 
changed when the hydrophone is applied by a sound pressure. The optical phase 
variation through the sense arm, which is modulated by sound pressure, can be 
transferred into intensity variation by interfering with the optical signal from 
reference arm. In other words, the output optical intensity of an interferometric 
optic fiber is phase modulated by sound pressure. 

The output transfer function of an interferometric optic fiber is inherently 
nonlinear. Suitable demodulation methods must be used to pick up sound 
pressure information. The demodulation methods are extensively studied in the 
1980s.  One successful method is the phase generated carrier (PGC) method. In 
this method, an additional large phase modulation is added by modulating the 
frequency of the optical source.  The modulate frequency, fc, should be several 
times of the upper frequency limit of applied pressure signal. The quadrature 
signal components can be obtained by mixing the output intensity signal with 
modulation signal and its harmonic. The pressure signal can then be extracted by 
use of triangular methods.  

The output intensity of the hydrophone can be changed to voltage signal 
)(tV by an optic-electric transfer circuit: 
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where, A is DC component, B is the AC amplitude of the voltage signal, C is 
the modulation phase amplitude, cω   is the modulation angular frequency, 

)(taφ is the phase shift produced by applied sound pressure, )(tnφ  is the phase 
shift produced by environment, 0φ  is the initial phase by the length difference 
between two arms. The modulation process can not discriminate the last three 
items, so they can be considered as a combined item: 

0)()()( φφφφ ++= ttt na                                        (2)  
Equation (1) can be rewritten as follows by using of Bessel expanding: 
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The flow chart of PGC method is given in figure 1. The main process can be 
divided into three stages. First, the quadrature items )(cos tφ  and )(sin tφ are 
extracted by multiply and low pass filter. Second, the derivative of the sound 
pressure signal )(tφ&  is obtained by differential, cross-multiply and minus. Third, 
the sound pressure signal is deduced by integral and high pass filter.  

 
Fig.1 Flow chart of PGC demodulation 

 
    PGC demodulation can be carried out by analogy circuit and digital processing. 
The digital processing method has merit such as low addition noise, easier to 
adjust parameters, etc.  

3. MAIN NOISE SOURCES OF OPTIC FIBER HYDROPHONE SYSTEM 
WITH DIGITAL PGC DEMODULATION 

    In a optic fiber hydrophone system with digital PGC demodulation, the main 
noise sources include:1) laser  frequency noise, 2) laser intensity noise, 3) thermal 
noise of hydrophone, 4) noise of optic-electric transfer circuit (optic detector), 5) 
analogy to digital quantization noise, 6) modulation noise.  
    The phase noise of interferometric optic fiber hydrophone may be produced 
directly by laser frequency noise. For a hydrophone with Michelson 
interferometric, the phase change is linear with laser frequency change: 

νπφ Δ
Δ

=Δ
c

Ln4                                                       (4) 
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    where, νΔ is laser frequency change, n is refractive index of optic fiber, c is 
optic sound in vacuum, LΔ is length difference between the arms of the 
interferometric. 
    Laser frequency noise can be represented with frequency spectrum. The line 
width of the laser may also used as noise limit estimation. For example, if the line 
width of the laser is 1kHz, the length difference between arms is 5 m, the 
refractive index is 1.47, then the phase noise limit deduced by laser frequency 
noise is about 0.3mrad. 

Optic intensity noise induces amplitude modulation of the optic signal. Its 
equivalent phase noise contribution is about relative intensity noise(RIN). 
Quantization noise and optic-electric detector noise have similar effects on the 
noise of optic fiber hydrophone system. They add a wideband spectrum on the 
input signal of demodulator. Modulation noise refers to the noise added on the 
modulation amplitude C. In this paper, modulation noise is represented by 
relative modulation noise which is normalized with modulation amplitude. 
    Different noise has different spectrum. Optic frequency noise has a spectrum 
changed with frequency as γ−f [2], where γ  is an experiential coefficient. 
Relative intensity noise has a spectrum with a relaxation oscillation peak. Optic 
detector noise is mainly consisted of thermal noise and photon shot noise. It has a 
wide white spectrum. Quantization noise has a wide band white spectrum.    
    The contributions of the noise sources can be illustrated by simulation. The 
parameters used in simulation are list in table 1. And the demodulation phase 
noise levels are given in table 2. It is shown that the demodulation noise density 
level induced by laser frequency noise and laser intensity can be characterized by 
laser frequency noise spectrum density level and RIN, respectively. The 
equivalent phase noise levels of quantization noise and optic detector are about 
4dB above their noise spectrum level. The effect of modulation noise is most 
severe. Its equivalent phase noise is about 9dB over relative modulation noise 
level. 

 
Noise sources Noise spectrum density level (dB) 
Laser frequency noise 20.0 
Relative intensity noise -100 
Quantization  noise -110 
Optic electric detector noise -120 
Relative modulation noise -100 
Other relative parameters in eq.(1):  B=1.0, ΔL=5m 

Table 1: Spectrum density of different noise sourced used in simulation. 
 

Noise type Demodulation phase noise level(dB) 
Laser frequency noise -109.2 
Relative intensity noise -99.5 
Quantization  noise -106.3 
Optic electric detector noise -116.3 
Relative modulation noise -91.2 
Total -89.9 

Table 2: The contributions of different noise sources to demodulation phase 
noise. 
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4. EXPERIMENT  

In this section, the noise contribution analysis is tried to be verified by 
experiment. The equivalent phase noise is measured with an optic fiber 
hydrophone test system. An optic fiber hydrophone is put in a vacuum container 
to be isolated with environment vibration and noise. The test system and test 
method are illustrated in another paper[4].  

The demodulated phase noise density level at 1kHz is discussed in this section. 
The laser frequency noise, laser relative intensity noise, detector noise and 
quantization noise were measure and listed in table 3. The laser frequency noise is 
measured by a Machelson interferometric with a 100m difference between two 
arms.  

The measured phase noise of the optic fiber hydrophone system is given in 
figure 2. The noise spectrum density level at 1kHz is -93dB. The equivalent noise 
spectrum of the noise sources should not exceed -103dB.  

The relative modulation noise cannot be measured now. In order to illustrate if 
modulation noise is the main noise source, we assumed the relative modulation 
noise has the same level with relative intensity noise. The real intensity noise is 
recorded and added to the modulation amplitude C of a realistic simulation signal. 
The spectrum density level of demodulated noise is -97dB at 1kHz. If the real 
intensity noise is added to the signal amplitude item B, the result is -103.dB. If 
the real intensity noise is added to B and C simultaneously, the phase noise level 
becomes  -93 dB which is equal to the measured result.  

 
Noise sources Noise spectrum density level (dB@1kHz) 
Laser frequency noise 27.0   (equivalent phase noise level -103) 
Relative intensity noise -107.0 
Quantization  noise -107.0 
Optic electric detector noise -125.0 
Other relative parameters in eq.(1):  B=1.0, ΔL=5m 

Table 3: Noise spectrum density measured . 

 
Fig.2 Demodulated phase noise (-93dB@1kHz) 
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5. CONCLUSION 

It is shown from simulation and experiment that the modulation noise may be 
the main noise source in an interferometric optic fiber hydrophone system with 
PGC demodulation. Since it can be not separated from other kinds of noise now, 
this conclusion is obtained indirectly and should be verified with more 
experiment results.  
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Abstract: The multiplexing scheme is a key technique for fiber Bragg grating-based laser 
hydrophone to be practicable. In this paper, based on the design of the fiber Bragg 
grating-based laser hydrophone elements and the interferometric detection technique for 
interrogating the signal of single element, a multiplexing scheme of the hydrophone array 
using wavelength division multiplexing was presented. A 4-element hydrophone system was 
constructed, and the experimental result shows that the cross talk among the channels is 
small. The 4-element hydrophone system demonstrates the ability to form a fiber Bragg 
grating-based laser hydrophone array along a single fiber. 

Keywords: fiber Bragg grating-based laser hydrophone, multiplexing, interferometric 
interrogation  
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1.  INTRODUCTION 
The optic hydrophone has been experiencing rapid development since it was first 

demonstrated by J. A. Bucaro in 1977. Contrasted to the conventional piezoelectric 
hydrophone, the fiber optic hydrophone has many advantages such as higher sensitivity, wide 
dynamic range, immunity to electromagnetic interference, no need of impedance matching, 
and lightweight of the ‘wet end’. However, in the aspect of size, the fiber optic hydrophone 
has no advantage over the conventional hydrophone. In some application areas, smaller size 
is necessary. Fiber Bragg grating-based laser (FBGL) sensors open a new horizon in the area 
of the fiber optic hydrophone. Laser resonance cavity is used as sensor element in the 
configuration of single longitudinal and linear polarization mode FBGL hydrophone. 
Compared to passive fiber optic hydrophone, these hydrophones have many advantages such 
as extreme sensitivity, high SNR and long interference length for signal detection, high 
spectrum power density for remote interrogation. FBGL hydrophone, similar to FBG sensors, 
belongs to wavelength sensor. Based on the WDM technique, the FBGL hydrophones can be 
multiplexed in a serial fashion along a single fiber. The characteristics of FBGL, such as low 
threshold, small size, make it facility to package and arrange them in an array. So, there is a 
potential to produce ultra thin sensors using FBGL, and the hydrophones based on the theory 
is attractive[1]. In many application area, the hydrophone is mainly used in the form of array, 
So, whether the FBGL hydrophone has the ability to construct large arrays at an acceptable 
cost is a key for the technology to be adopted for practical applications. In this paper, based 
on the designing technique of the FBGL hydrophone and the unbalanced interferometric 
interrogation technique for single element, a multiplexing scheme of the FBGL hydrophone 
array grounded on a wavelength division demultiplexer was presented; and a 4-element FBG 
hydrophone multiplexing system was designed, the results of laboratory experiments 
demonstrate the feasibility that FBGL hydrophone can be multiplexed into an array using 
wavelength division multiplexing (WDM) technique. 

2. THE SENSING THEORY OF FBGL HYDROPHONE  

 
Fig.1:Configuration of a DFB fiber laser 

Due to the reflection characteristic, Fiber Bragg gratings are also ideal for use as spectrally 
narrowband reflectors to form in-fiber resonance cavities of fiber lasers[2]. After writing FBG 
as reflector at the two ends of a length of rare earth doped fiber, a Fabry-Perot laser cavity is 
formed. By introducing sufficient optical pump, lasing can be achieved and a fiber laser is 
formed then. The configuration of distributed feedback (DFB) fiber laser is showed in Fig.1. 
The gap between the two FBGs, which construct F-P laser cavity, is less than one Bragg 
wavelength. A transmission peak appears at the center of the FBG reflection spectrum when 
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the gap is precisely λ/4[3], and the DFB laser can operate on single longitudinal mode. The 

lasing wavelength is determined by the resonance frequencies of the cavity, the FBG and the 
optic gain profile provided by the gain medium. Fig.2 shows the response profiles from 
cavity and reflectors of Bragg grating fiber laser[3]. Rare earth doped DFB fiber laser can lase 
at the Bragg wavelength. That means the wavelength of DFB fiber laser can be expressed as 

λB = 2 neff Λ                                                 (1) 
Where neff is the effective refractive index of the core, and Λ is the grating pitch. 

 
Fig.2:Response profiles from cavity and reflectors of Bragg grating fiber laser 

Value of 5 cm is used for the length of DFB structure as to ease the realization of single 
longitudinal mode laser lasing and hydrophone package. 

Equation (1) shows that change of effective refractive index or grating pitch will lead to a 
shift in the lasing wavelength of DFB single longitudinal mode fiber laser. When there is a 
pressure applied to the fiber, not only the grating pitch compresses or stretches due to the 
elasticity of the fiber but also the effective refractive index changes due to the photoelasticity. 
Accordingly, pressure on the fiber will lead to a shift in the lasing wavelength, and the 
quantity is defined by[3] 
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where P is pressure; E is a Young’s Modulus; and ν is Poisson’s Ratio. 
The Young’s Modulus, E and a Poisson’s Ratio ν were given as 72GPa and 0.23 

respectively in the equation. A Bragg reflected wavelength λB of 1543nm, and an effective 
refractive index of 1.456 were used in determining the grating pitch Λ (Λ = λB/2 neff ). Values 
of 0.121 and 0.265 were used for the elasto-optic coefficient p11 and p12. From these 
equations above, the calculated shift in wavelength to an applied pressure was found to be 
-3.6x10-9nm/Pa, equivalent to 12.7GHz/Pa. When the FBGL hydrophone is applied to 
underwater acoustic detection, the design stipulated that the array of individual hydrophones 
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must have a minimum detectable signal of 100μPa (at 1kHz), or Deep Sea State Zero (DSS0). 

When the pressure, P, corresponds to the lowest acoustical pressure detection threshold, at 

DSS0, or 10-4Pa (at 1kHz), we get a required minimum detectable strain of zε  

=-0.75x10-15[3]. In order to achieve the strain sensitivity, the interferometric detection 
technique with high sensitivity and high precision should be adopted.  

 
Fig.3:FBGL sensor system with interferometric detection  

The basic principle of FBGL hydrophone of high sensitivity is shown in Fig.3[2]. In the 
configuration of FBGL hydrophone, laser cavity is used as sensor element. Under influence 
of a sound pressure, the fluctuation of laser resonance cavity induces the wavelength shift in 
the fiber laser output. The output light of the fiber laser is directed into an unbalanced 
Mach-Zehnder fiber interferometer, and the wavelength shift induced by acoustic pressure is 
converted into a corresponding phase shift. The conversion factor is determined by the 
interferometer path difference, which is restricted to the linewidth of the output light, and has 
to be less than the effective coherent length. The output can be modulated through control of 
the interferometer path difference. Many phase-reading techniques can be applied to 
determine the phase modulation ΔΦ, due to wavelength shift Δλ. The relationship between 
the wavelength shift Δλ and the output interferometer phase change, ΔΦ, can be expressed as 

2/2 λλΔ=ΔΦ nd                                                  (4) 

In the research, a FBGL was introduced, and the effective coherent length of output laser 
is very long (several kilometers in experiment measurements). That allows a large path 
difference to be used, and the sensitivity of the system improved. For example, if a path 
difference of 100m is used, the responsivity from wavelength (optical frequency) to phase is 

about 3000rad/GHz. Extremely high strain sensitivity of 2.5 x 10-15 /√Hz will be reached 

using a read-out interferometer system with 1μrad /√Hz phase detection sensitivity[1]. The 

strain sensitivity of this level can satisfy the demand on FBG underwater acoustical detection. 

3. WDM TECHNIQUE OF FBGL HYDROPHONE 
A system of FBGL hydrophone array using WDM technique is showed in Fig.4. A series 

of FBGL cavities with different nominal wavelength were spliced along a single fiber, and 
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each of them as a sensing element corresponds to a FBGL hydrophone element. These laser 
cavities were collinearly pumped with a pump laser. Then a desirable configuration of FBGL 
hydrophone array is formed. In the structure, the output of multiplexed FBGL hydrophones is 
detected by a single read-outl interferometer using WDM technique, and the minimum of the 
array elements is allowed, such as the number of pump lasers, read-out interferometers, and 
WDM couplers.  

 
Fig.4:FBGL hydrophone array using wavelength division multiplexing 

The input signal into the unbalanced Mach-Zehnder consists of a series of spectral lines. 
Since the nominal wavelength terms do not interfere with each other, the output signal 
intensity from the interferometer is a composite signal from all the sensors, and represented 
by the simple summation[4] 
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Where n is the total number of FBGL; m is a integer value related to a particular laser; am 
is a constant corresponding to the signal intensity of FBG laser and optical losses in the 
system; km is the interfering effective visibility value attributed to the combination of the 
FBG signal coherence length and interferometer path imbalance; ψm presents the static phase 
term related to the nominal wavelength of the mth FBGL; Δψm presents the phase shift due to 
strain perturbation applied to the mth FBGL.  

To demultiplex the spectral components of the composite signal, the output of the 
interferometer is coupled to a wavelength division demultiplexer, which separates the 
composite interferometer phase signal into discrete channels that correspond to each FBGL in 
the array. Thus, each of the outputs of the wavelength division demultiplexer contains an 
interferometric signal that has a cosinusoidal response to acoustic information of a particular 
FBGL hydrophone in the array. The interferometric signal is interrogated using phase-reading 
techniques, and the acoustical signals related to each FBGL hydrophone can be get.  

4. EXPERIMENT ON FBGL HYDROPHONE 
To demonstrate the multiplexing scheme of FBGL hydrophone array presented in the 

paper, we have constructed a multiplexing system of 4-element FBGL hydrophone and 
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conducted a series of experiments. 
Since FBGL hydrophone belongs to wavelength sensing, it can be wavelength division 

multiplexed. Thus, a network of sensors can be easily built with FBGL. In the experiment, 
FBGL hydrophone array was assembled firstly. The multiplexing scheme of FBGL 
hydrophone array using the WDM technique applied in experiment is show in Fig.4. A series 
of four FBGL cavity with nominal wavelengths at 1530nm (λ1), 1540nm (λ2), 1550nm (λ3), 
1560nm (λ4) were spliced along a single fiber to form sensor array. Through a 980/1550nm 
WDM coupler, the pump light with power of 120mW was delivered to the FBGL hydrophone 
array. Light isolator was placed at an appropriate location to suppress the interference effect 
due to the reflection laser fed to the laser cavity. A commercial coarse wavelength division 
demultiplexer (CWDM) with channel gap of 10nm, matching the wavelength of FBGL, was 
used as the wavelength demultiplexer. The center wavelength of the four channels were 
respectively λ1 =1530nm, λ2 =1540nm, λ3 =1550nm, λ4 =1560nm. We select a Mach-Zehnder 
fiber interferometer with an OPD of 100m as the frequency-phase conversion element. The 
four-port CWDM directs the interferometric signals of the FBGL hydrophones at each 
wavelength to separate detectors, which convert the interferometric signals into electrical 
signals. Then the signals was collected by a data acquisition system with high speed and high 

sensitivity, and finally processed to demodulate the underwater acoustic signal detected by 
each element. The output spectrum of this series four-wavelength fiber laser array is given in 
Fig.5.  

Fig.5:Output spectrum of the four-wavelength FBGL hydrophone array 

 
Fig.6:Isolation level measurement principle 

In the experiment, a test of CWDM isolation level among channels was conducted. The 
test principle is showed in Fig.6. The broad-band ASE light passes through a fiber 
Fabry-Perot(FFP) filter and is directed into CWDM, whose four ports would be sent 
simultaneously to A/D sampling card after photoelectric conversion. When a zigzag voltage 
was applied on the FFP, we got the transmission intensities of the four channels, shown in 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

954



Fig.7. Because the spectrum of the ASE light isn't flat, there is a difference among the 
intensities of the outputs at four ports. But we can see that the optical isolation level among 
the four channels is excellent, greater than 45dB. The center width of WDM’ transmission 
spectrum is about 2nm, so the signal won’t be worse even if there is a bias of +-1nm of the 
laser wavelength. Namely, even in the working condition that the temperature changes from 
-100°C to +100°C, signals from different channel can also be separated by CWDM, so this 
kind of hydrophone array will be influenced little by the environmental parameter change. 
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Fig.7:transmission intensities of the four channels 

 

 
Fig.8:In-water measurement experiment system  

The in-water measurement experiment system of FBGL hydrophone array is shown in 
Fig.8. A series of four FBGL hydrophone with nominal wavelengths at 1530nm (λ1), 1540nm 
(λ2), 1550nm (λ3), 1560nm (λ4) were spliced in a single fiber to form a linear array, which 
was suspended with a piezoelectric reference hydrophone in the water tank about 2m away 
form the acoustic transducer. While placing the reference hydrophone close with the array 
element to be measured, the sound pressure around the element and the reference hydrophone 
can be assumed identical. Varying the driven signal's frequency of the acoustical transducer, 
we record the response magnitude of the FBGL hydrophones and the voltage value of the 
reference hydrophone on an oscilloscope at every frequency, and then the acoustic pressure 
sensitivity of the FBGL hydrophones could be calculated using the acoustic pressure 
measured by the reference hydrophone. The result of the experiment shows that the 
sensitivity of the FBGL hydrophone is about -170dB and the FBGL hydrophone can work 
well from 3Hz to 160kHz. Fig.9 and Fig.10 represent the waveform record of the virtual 
instrument when the driven signal's frequency is 2.5kHz. Fig.9 shows the original signals 
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from detector; Fig.10 shows interrogated signals of the FBGL hydrophones, a waveform 
curve represents a interrogated signal of a certain wavelength FBGL hydrophone, and it's 
respectively of 1530nm (λ1), 1540nm (λ2), 1550nm (λ3), 1560nm (λ4) from the top down. The 
lower schematic chart of Fig.10 shows the spectrum of the interrogated signal of 1530nm 
wavelength FBGL hydrophone.  
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Fig.9: Waveform of the original signals from the detector（10ms ,2.5KHz) 
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Fig.10:Waveform of the interrogated acoustic signals detected by FBGL hydrophone 

array（10ms ,2.5KHz) 

5. CONCLUSION  
In this paper, aiming to realize the FBGL hydrophone distributed array at a low cost, we 

put forward and demonstrate the WDM technique of the FBGL hydrophone array using 
wavelength division demultiplexer and unbalanced two-arm fiber interferometer, a 4-element 
FBG hydrophone multiplexing system was designed; and the experiments were conducted. 
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The results show that the system has many advantages such as fine resolution, brand 
bandwidth, wide dynamic range and the low level cross-talk among the channels so that it is 
feasible to form the multiplexing array of FBGL hydrophones along a single fiber. With 
FBGL hydrophone element at more different wavelengths are available, hydrophone array 
can be extended to a larger scale using wavelength division demultiplexers with more 
channels. The result of the experiment in this paper also shows that FBGL hydrophones can 
detect underwater acoustic signal with good performances: wide operation frequency range, 
high sensitivity, small size and ease to be multiplexed. These characteristics show that FBGL 
hydrophones have broad application prospective in some application area requiring high 
sensitivity and small size. For instance, we can construct a FBGL hydrophone thin and 
lightweight towed array to apply in UUV and other small platform.  

REFERENCE 
[1] D.J.Hill, P.J.Nash, S.D.Hawker, I.Bennion, Progress toward an Ultra Thin Optical  
Hydrophone Array, SPIE VOL. 3483, pp.301-304, 1998. 
[2] Alan D. Kersey, Michael A. Davis, Fiber Grating Sensors, Journal of Lightwave 
Technology, Vol.15, NO.8, pp.1442-1463,1997. 

[3] D.J. Hill, P.J. Nash, D.A. Jackson, D.J. Webb, S.F. O’Neill, I. Bennion, L. Zhang，A 

fiber laser hydrophone array，SPIE，Vol.3860, pp.55-66, 1999. 

[4] T.A.Berkoff, A.D.Kersey, Fiber Bragg grating array sensor system using a bandpass 
wavelength division multiplexer and interferometric detection, IEEE Photonics Technology 
Letters, VOL.8, NO. 11, pp.522-524, 1996. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

957



 
 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

958



STRATEGY OF SIMULTANEOUS MEASUREMENTS OF SCALAR 
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Abstract: Problems facing acoustic combined measurements in the 1 to 1000 Hz frequency 
band in actual ocean will be described herein. Combined sensor composed of 3-component 
vector sensor with hydrophone is the key element of systems employed in our field trails. First 
descriptions of particle velocity measurement principles have long been published by Kendall 
(JASA, 1951); Leslie (JASA, 1956). However doing acoustical research in actual ocean by 
means of combined systems are few in number so far. First notable papers in this area were 
published by D’Spain (JASA, 1991); Shchurov (JASA, 1991). On the base of long-term field 
trails, strategy and technique of freely drifting telemetric multi-channel system application in 
combined measurements will be discussed. Main sources of non-acoustic clatter and ways to 
diminish its negative impact in acoustic measurements will be discussed. Scheme of freely 
drifting combined system capable of measurement in deel open ocean is presented. The 
measurements are supposed to be valid at wind speeds lower than 18 m/s. 

Keywords: vector sensor, combined sensor, particle velocity, energy flux, vector quatity 
measurements, pseudo-noise 
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1.   INTRODUCTION 
 
Acoustic field studies in actual ocean interior, in particular ambient noise measurements 

make complex technical and strategic problem. This is due to inhomogeneous and moving 
ocean interior as well as arbitrary variations in source and sensor positions relative to the 
medium. Difficulties emerging at the dividing line between acoustics itself and 
hydrodynamics ensue from the presence of non-wave noise origin, particularly, in the low 
frequency band [5]. Building measuring system to study underwater ambient noise 
characteristics or low signal detection against anisotropic background is only possible 
through analysis of a body of field tests of different measuring systems in actual ocean 
interior. Absolute values of acoustic quantities to be measured are rather small that also 
produces measurement difficulty. 

The simplest example shows that even insignificant vertical displacement of a hydrophone 
can cause parasite noise comparable in level with the ocean noise. Low-frequency noise 
pressure (f<10 Hz) is in order of 1 Pa, that measures static pressure variation while vertical 
displacement of hydrophone is 0.01 cm at most. Besides variations in pressure caused by 
hydrophone vertical shifts, the signal can also be clattered by parasite noise introduced by 
relatively high hydrophone sensitivity to vibration, about mVs2310− . Scaled to the units of 
pressure it makes 5 msPa ⋅ . While measuring the particle velocity, i.e. pressure gradient, 
the measurement routine becomes more complicated. To cite an example, in the 400 to 
1000 Hz frequency band at wind speeds between 7 and 10 m/s of the ambient noise spectral 
density is close to the spectral level of 60 dB re 1μPa. At f=1000 Hz and pm=10-3Pa, 
amplitudes of displacement, particle velocity and particle acceleration are ξm ≈ 10-10 cm, Vm ≈ 
10-7 cm/s, am ≈10-4 cm/s2 respectively. As is evident, the displacement ξm in the elastic wave 
is comparable with inter-atomic distance in the medium. On the other hand, medium motion, 
i.e. surface waves, internal waves, etc., and possible relative shifts of measuring system parts 
due to hydrodynamic attack may run to several meters. Simultaneous measurements of a 
scalar quantity of the sound pressure, p(t), and three orthogonal projections of the particle 
velocity, Vx(t), Vy(t), Vz(t), can be performed with combined sensor composed of 3-
component vector sensor surrounded by six hydrophones with common phase point. A vector 
sensor is composed of three pairs of piezoelectric transducers (each pair symmetrically 
mounted on one of three orthogonal axes) and enclosed in solid spherical dome made of 
spheroplastic with ρ=700-800 kg/m3. Mass center coincides with buoyancy center and 
geometrical center of the spherical housing. The hydrophone set and the vector sensor have a 
common phase point. The combined sensor is suspended with rubber cords inside the dome. 
Forced displacements of the sensing unit can be aroused by water flow coming past the 
system, internal waves or poor isolation from surface waves motion. Non-acoustic clatter, 
like those producing by water flows past by cables and sensing units, or turbulent vortexes in 
surrounding medium can run much higher then actual low-frequency noise level. On this 
basis, relative motion of the measuring unit have to be reduced to its minimum, and, ideally, 
sensing unit “frozen” in surrounding water move in tandem with it. In infra- and low-
frequency ranges, measuring unit makes axially symmetrical neutral buoyancy body with 
combined sensor inside. It also has trim and list indicators, depth meter and preamplifiers. 

 
2.   STRATEGY AND TECHNIQUE OF VECTOR MEASUREMENTS 

 
Acoustic combined sensing unit developed to make measurements in the 1 to 1000 Hz 

frequency band should meet the following requirements. Its housing consists of a frame and 
covering. Rigid drop-shaped frame is covered with soft fluffy fabric. The measuring unit 
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along with horizontal part of the cable is neutrally buoyant. Housing possibly can introduce 
distortions in sensitivity and directivity characteristics of the combined sensor. Covering used 
in our experiments is acoustically transparent in the frequency band of interest. Phase 
distortions in the acoustic wave passing through the hull appear to be negligible for absence 
of massive metal parts that may distort the field by sound reflection [4]. Influence of the 
housing on both near field and vector sensor impedance is also negligible for the distance 
between it and vector sensor center is greater than 2D, where D=0.2 m is the vector sensor 
diameter [1]. By this means the medium surrounding combined sensor can be treated as 
infinite. 

Suspension of the combined sensor inside the measuring unit is the next important point. 
Working frequency band of vector sensor is limited by its low- and high-frequency 
resonances. The low-frequency resonance depends on the way the vector sensor suspended. 
Receiver that oscillates in phase with surrounding medium is suspended inside the hull with 
rubber cords and arranged in space a certain way. Since sensor density (ρ≈1500 kg/m3) is 
greater than that of the water, rubber cords are subject to static load because of 
uncompensated weight of the sensor. In the sensors employed high resonant frequency 
determined by piezoelectric transducer design lays between 1.5 and 2.5 kHz [2]. Upper limit 
of the working frequency band is 1000 Hz. 

Since acoustic pressure sensor and vector sensor are placed close to one another, 
estimation of their scattered fields influence on amplitude and phase characteristics of the 
acoustic field being measured is in order. Vector sensors employed here are 0.2 m in 
diameter, while hydrophones 0.05 m. Hence, relationship among the sizes make it suffice to 
take into account just diffraction on rigid sphere of vector sensor. As the vector sensor 
diameter D=0.2 m and upper limit of the working frequency range is 1000 Hz, diffraction on 
the sphere makes negligible impact on amplitude characteristics of the field [4]. When p-
channel is composed of 6 hydrophones symmetrically mounted about geometrical center of 
vector sensor producing a combined sensor, standard deviations of phase-difference 
characteristics in each of x-, y-, z-, p-channel can be cut down to ±3°. We used to employ pill 
hydrophone less than 0.05 m in diameter fixed within a range not greater than its diameter 
from the vector sensor sphere, i.e. at 0.03-0.05 m [2]. 

Vector sensor suspension can be performed in a number of ways [3]. We developed a 
special way of suspension tested successfully in numerous field experiments. Standard 
routine starts aloft aboard a ship and goes as follows. To get a vector sensor properly oriented 
along x-, y-, and z-axis it is to be suspended with 6 fine kapron threads that at the same time 
restrict its displacements within the measuring unit. Kapron threads permit vector sensor 
deviations from the vertical axis of not greater than 30 deg. Cartesian axes of the sensor are 
arranged as follows, x- and y-axes lay in the horizontal plane with x-axis directed along the 
housing symmetry axis, and vertical z-axis is directed from the surface to the bottom. All 
rubber cords are fastened onto the top of spherical vector sensor through which z-axis is 
drawn. Free ends of cords are fastened to the housing frame. Hence, while the measurement 
unit is immersed into the water, z-axis of the sensor automatically gets its vertical position 
under expose of uncompensated gravity. The sensor pops vertically up fixed in position with 
a single vertical rubber cord. To cut down possible rotation about z-axis, vertical suspension 
is composed of two rubber cords orthogonal to each other. Resonant frequency of such 
suspension is less than 1 Hz. Sometimes, to better measurement accuracy, the lower limit of 
the operation band to be taken 5 to 10 times greater than the resonant suspension frequency. 

Fluid-borne noise and unit vibration can be significantly cut down while moving the 
sensing system in tandem with surrounding fluid, i.e. relative speed of the flow past the dome 
core is zero. This is the key idea in developing autonomous freely drifting telemetring 
combined system [2]. Since sensing system is involved in the ocean surface motion, a 
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mechanism to suppress vibration and oscillation in underwater parts of the system due to sea 
surface roughness becomes a necessity. 

 

 
 

Fig.1. Autonomous freely drifting 8-channel combined measuring system. The notation 
introduced is as follows. 1-hermetically sealed container with electronics and power supply, 
2-radio transmitter, 3-horizontal cable line with buoyancies, 4-deepwater buoyancy, 5-
junction boxes, 6-combined sensor units, 7-load, 8-list damper buoyancy, 9-trim damper. 
 

Fig. 1 shows general schematic draft of freely drifting 8-channel sensing system 
incorporating 2 four-channel combined sensors (6). Hermetically sealed container (1) and 
radio transmitter (2) make on-water part of the system, i.e. radio buoy. Underwater part is a 
spheroplastic cylinder (4) of about 100 kg that makes inertia damper. Negative buoyancy of 
fragment AB at a point A is about 10 to 15 kg. This negative buoyancy is to be balanced with 
a set of various positive buoyancies secured along AC in decreasing order of buoyancy. The 
upper buoy at a point C, usually painted bright red, has buoyancy of 0.2 kg. When the vertical 
line CB is properly arranged and balanced, the last bright-red buoy is the only to be seen on 
calm sea surface. Since buoyancy of the buoys attached to the upper part of AC is small, the 
surface waves are of the minor effect like vertical abrupt rocking of the line at a point A. 
Besides vertical rocking, transversal oscillations may occur in CB. To suppress transversal 
oscillations the entire line CB is put in a long deaerated porolon cylinder and covered with a 
plastic net. In the air the cylinder is 0.1 m in diameter. Hence, the part below point A is of 
significant inertial mass that makes it “frozen” in surrounding water masses and prevents 
large vibrations of the long line AB. From the other hand, placing a combined sensor in the 
point B (at wind speeds of about 12 m/s) could much increase longitudinal and transversal 
oscillations in AB and make impossible ambient noise level measurements below 200 Hz. 

To better protect the measurement unit from oscillations and vibrations in the vertical line 
AB, a neutral buoyancy horizontal line DE 10 to 25 m was used. The measurement unit is 
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also of neutral buoyancy, and both list and trim are kept within ±5°. Such deviations get 
completely compensated by gravity-induced sensor displacements within its limits.  

 

 
 
Fig.2. Time-dependence of the azimuth ϕ(Δfi) of the ambient noise energy flux density vector. 
Frequency bands, Δf1 = 1-5 Hz, Δf2 = 5-12 Hz (infrasonic noise), Δf3 = 32-64 Hz, Δf4 = 56-
112 Hz, Δf5 = 112-141 Hz (distant shipping noise), Δf6 = 282-355 Hz, Δf7 = 447-562 Hz, 
Δf8 = 562-800 Hz (dynamic noise).  Wind 12 m/s.   Depth 500 m.   Exponent averaging 120 s. 
 

 
 

Fig.3. Lloyd mirror. ),( 02 tfSP  spectrum envelope as a function of time at 404 Hz; 5-Hz 
frequency bin; exponent averaging over 3 s. 

 
There is one more option to suppress vibration. When pressure sensors are attached to the 

pressure gradient vector sensor dome, vibration clatter can be eliminated while doing proper 
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data processing. In that case in cross-spectral real parts, ),(Re 0 tfS
XPV , ),(Re 0 tfS

YPV , and 
),(Re 0 tfS

ZPV , calculation, vibration clatter suppression results from 90-deg shift between 
acoustic pressure and pressure gradient. 

As freely drifting systems tests show, water flow speed relatively to the line AB never 
exceeds 0.02-0.03 m/s; that suffice to help measurement unit in getting its steady horizontal 
orientation in running water flow. 

Once being placed in the ocean, freely drifting system gets its operable state in 45 to 60 
minutes irrespective of wind and surface state and keeps working until the wind speed of 
18 m/s. Such system stays capable of making plausible measurements of the ambient noise in 
the 1 to 1000 Hz frequency range at wind speeds until 12 m/s, or in the 10 to 1000 Hz at wind 
speeds until 18 m/s. System’ lifetime is 72 to 240 hours. Cable line AB is used to be 
composed of various-length cables connected to one another with hermetic junctions. This is 
to place measurement units (6) at various depths depending on the specific problem posed. 
Minimum measurement depth was 20 m, whereas maximum about 1000 m. 

 

 
 

Fig.4. Lloyd mirror. ),( 02 tfS
XV  spectrum envelope as a function of time and phase difference 

sonogram Δϕx(f0,t). Conditions are the same as in Fig.3. Mark A is the x-channel 
beampattern minimum. 
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3.   ASSESSMENT OF SENSING SYSTEM OPERABILITY 
 
Fig. 2 presents measurements made in the open ocean at wind speeds of 12 m/s in the 1 to 

800 Hz. Depth of the site is 500 m. As seen from Fig. 2, x-, y-, and z-axes does not change 
during 1200 s. Hence, freely drifting measuring system is capable in making plausible 
measurements of the ambient noise [2]. 

Stability of vector sensor channel orientation in time can be assessed using physical 
phenomenon called Lloyd mirror. Lloyd mirror is to be observed in the deep open ocean 
when both tone transmitter and sensor are close to the ocean surface. In that case there is 
interference between direct and surface reflected rays. Since interference picture is sensitive 
to ray phase difference, stable Lloyd mirror curve can be observed only when interfering rays 
path difference changes evenly. Stable combined sensor Lloyd mirror curve indicates stability 
in source-sensor distance measurement as well as stable orientation of x-, y-, z-axes in space. 

 

 
 
Fig.5. Lloyd mirror. ),( 02 tfS

yV  spectrum envelope as a function of time and phase difference 

sonogram Δϕy(f0,t). Conditions are the same as in Fig.3. Mark B is the y-channel 
beampattern minimum. 

 
The experiment took place in the Sea of Philippine 18°56′,6N 129°19′,3E. Near-surface 

wind speed was less than 2 m/s, weak waves with swell. Sound speed at the surface greater 
than that at the bottom. Depth of the source was 60 m, the measurement point depth 530 m. 
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Lloyd mirror observation was 4500 s long; source-sensor traverse was about 1000 m, in the 
sound pressure autospectrum tone over noise excess was less than 30 dB. 

Data processing was as follows. Autospectra )(2 fSP , )(2 fS
XV , )(2 fS

YV , )(2 fS
ZV  and 

crosspectra )( fS
XPV , )( fS

YPV , )( fS
ZPV  were built at 3-s exponent averaging. Then 

envelopes ),( 02 tfSP , ),( 02 tfS
XV , ),( 02 tfS

YV , ),( 02 tfS
ZV as function of time were built in the 

5-Hz frequency band about 404 Hz; phase difference 
),(Re
),(Im

),(
0

0
0 tfS

tfS
arctntf

i

i

PV

PV
i =Δϕ , 

where i=x, y,z.  
Fig. 3 shows acoustic pressure Lloyd mirror curve, namely, envelope of )(2 fSP  spectrum 

in the 5-Hz band about 404 Hz. The curve in Fig. 3 is typical Lloyd mirror also observed by 
other researchers and indicates steady interference being observed when the source moves 
evenly with respect to the pressure sensor. 

Figs. 4, 5 show Lloyd mirrors for vx(t), vy(t) particle velocity components and 
corresponding phase differences Δϕx(t) and Δϕy(t). Lloyd mirror curves of that kind have no 
parallel in other research groups publications. As seen from Figs. 4, 5 the interference curves 
keep their stable shape, and, consequently, x-, y-, and z-axes are not subject to significant 
random or determined impacts, for at least 4500 s. Stability in Δϕx(t) and Δϕy(t) phase spectra 
evidences that combined sensor as a whole is not subject to hydrodynamic influence at 
404 Hz. It should be stressed that measurement system operates steady in the 1-800 Hz 
frequency band. Fig. 4 shows schematic draft of the research vessel maneuver with respect to 
x- and y-axes. In Figs. 4, 5 A and B mark two 180-deg phase flips resulted from crossing x- 
and y- channel beampattern minimums. Fig. 4 shows the vessel in its maneuver changing the 
Cartesian quadrant 1 for 2 and then 3. At t≈3000 s the source hides in geometric shadow area, 
and underwater ambient noise prevails in the recordings in the 3000 to 4500 s time interval. 
However, the Δϕx(t) and Δϕy(t) phase differences stay close to zero as before. Hence, a tone 
much lower than ambient noise can be detected. 

 
CONCLUSIONS 

Difficulties emerging while solving practical problems in contemporary underwater 
acoustics call for new acoustical measurement instruments to be developed. Evident benefits 
from freely drifting measurement systems employment is proved by unique data acquired in 
actual ocean investigations by means of systems similar to one described in the paper 
presented [2,6]. 
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Abstract: Acoustic vector sensor combines pressure hydrophone with inertial sensor, so it 
can simultaneously measure pressure and particle velocity at a point of sound filed. Its 
advent provides new methods and means for solving left/right ambiguity intrinsic in 
pressure hydrophone line array. In this paper, we analyze the left/right resolution of 
acoustic vector sensor and discuss effect of various weights on the performance, using 
analytic expressions of beam pattern for conventional beamformer. 
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1. INTRODUCTION  

The conventional single-line array composed of pressure hydrophones is unable to 
localize underwater targets on all horizontal directions. Targets from the left and the right 
respectively with same angle incident upon the array axis will cause same bearing 
response on the azimuth coordinate, which results in the difficulty to determine whether 
the target is on the left or on the right, i.e. called left/right ambiguity. With the 
development of the situation of underwater countermeasure, the conventional single-line 
array could not meet the current and future request of underwater defence. It is expected 
that targets detection and left/right discrimination are implemented simultaneously, and 
this is just the current goal. A further objective is to endow the towed line array with the 
ability to localize underwater targets unambiguously on all bearings, such as azimuths and 
elevations. Because exists another ambiguity between fore and aft, except for left/right 
ambiguity, and in some situation it is even more important to discriminate a target from 
the fore or the aft, for example, wake-guided torpedo warning. The advent of acoustic 
vector sensor provides accord with the trend, for it is capable to operate on all bearings. 
Towed vector sensor linear array comprises directional acoustic vector sensors, instead of 
conventional omni-directional pressure sensors. Compared with triplet hydrophone array 
and multi-line towed array, the acoustic vector sensor towed array has a thinner cable and 
a smaller winch, and its operation of deployment and recovery are more simple and 
reliable in practical applications. A short line array towed by smart and stealthy UUV is 
possible using matured miniature acoustic vector sensors in near future. 

Acoustic vector sensor consists of traditional omni-directional pressure sensor and 
dipole-like directional particle velocity sensor. It simultaneously measures pressure at a 
single point in underwater acoustic field and the orthogonal components of particle 
velocity vx, vy, vz. Single acoustic vector sensor can get unambiguous bearings, combined 
pressure and particle velocity in specific forms, which provides a promising approach to 
resolve the left/right ambiguity of conventional pressure hydrophone towed line array. 

2. THEORETICAL BASIS 

Firstly the general expressions of likelihood ratio detector of acoustic vector sensor line 
array are presented, according to which several kinds of beamformers are derived, and 
their left/right performances are analyzed. Some common formula and charts are listed 
also. 

2.1 Likelihood ratio detection 

According to classical likelihood ratio detection theory, the likelihood ratio detector of 
acoustic vector sensor array is derived: 

[ ]
2

H
2 H 11

s

s n

E σλ
σ −

⎡ ⎤= ⋅ ⎣ ⎦+
w R w

g R g
 (1) 
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where 1
n
−=w R g is weight vector, R is the covariance matrix of data received, nR  is the 

covariance of noise, = ⊗g e u , ⊗ denotes Kronecker Product. 
0 M 1T 1 i ie eωτ ωτ −− −⎡ ⎤= ⎣ ⎦e L is the directivity vector of single frequency plane wave; 

( )θφττ ,= , [ )πφ 2,0∈ , the inclination to x axis; [ ]πθ ,0∈ , the inclination to z axis. 
[ ]T 1 cos sin sin sin cosφ θ φ θ θ=u  is the directivity function of single acoustic vector 

sensor with four channels.  And 2
sσ  is the power of signal. 

2.2 Beamformer 

In (1), if the coefficient 
2

2 H 11
s

s n

σ
σ −+ g R g

 is omitted, then 

H
wD = w R w  (2) 

Let 1 2
n n Mσ− −=R I , the formula above has the following form 

HD = g R g  (3) 

which is called Cardioid detector because of its cardioid directivity of single array 
element. Based on the types of sensors and the physical quantities measured, the 
expression (3) above is decomposed as follows 

H H H
pp v vv v pv v

1 1 1D Re
4 4 2

⎡ ⎤= + + ⎣ ⎦e R e g R g e R g  (4) 

where ppR , vvR  and 
Re pv⎡ ⎤⎣ ⎦R

 are the covariance matrix of acoustic pressure, particle 
velocity and sound energy flow, respectively. vv ueg ⊗= , 

[ ]θθφθφ cossinsinsincos=T
vu . 
Looking into the equation (4) above, we find out that the first term is a conventional 

beamformer of pressure hydrophone array, 

H
P ppD = e R e  (5) 

which denotes acoustic pressure potential energy density, called acoustic pressure 
detector. 

The second term is conventional beamformer of dipole-like directional sensor array, 

H
V v vv vD = g R g  (6) 
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which denotes particle kinetic energy density, called particle velocity dipole detector due 
to the dipole directivity of single array element. 

The third term is conventional beamformer of sound energy flow, 

ReH
I pv vD ⎡ ⎤= ⎣ ⎦e R g  (7) 

which denotes sound energy flow density, called sound energy flow detector. 
The former two items both belong to energy detector, only different in that the latter’s 

element has dipole directivity. While the sound energy flow detector can be regarded as 
cross-correlation detector, except for some details. According to the analysis above, 
Cardioid detector is combined linearly by the three basic detectors in essence. Of course, 
they can constitute other forms of detectors, such as 

H H
v vv v pv v

1 1D Re
2 2

⎡ ⎤= + ⎣ ⎦g R g e R g  (8) 

and its spatial gain and beam pattern are both controlled by particle velocity dipole and 
sound energy flow detector. 

2.3 Directivity function and left/right suppression ratio 

Based on the directivity functions of different beamformers formed by acoustic vector 
sensor line array, the corresponding left/right suppression ratio expressions are derived 
according to its definition, listed in Table 1. And their performances are showed in figures. 
In practice, the gain of left/right suppression ratio should not be at the cost of the loss of 
detection gain. On the contrary, the effective combination of the two sides is more 
favored. So the table also gives broadband detection gain of some beamformers formed by 
acoustic vector sensor line array. 

As can be seen from Table 1, the left/right suppression ratio of acoustic vector sensor 
line array is independent to frequency, and can acquire left/right suppression gain on 
broader frequency band, unlike twin-line array of multi-line array, whose characteristic 
frequency has to be considered (dependent to separation distance between line arrays). So 
the broadband detection performance of acoustic vector sensor line array is more credible, 
and the operations at sea is more reliable and more convenient. 

Beamformer Directivity Function 
Left/right 

suppression ratio 
( )0φα  [dB] 

Gain of broadband 
detection [dB] 

Acoustic 
pressure 

( )0,φφpB  0 BTlg5lg10 +N  

velocity ( ) ( )0
2

0 cos, φφφφ −⋅pB  ( )[ ] 2
02coslg10 −φ  lgBT5lg103lg10 ++ N  

DIFAR ( ) ( ) 2
0

0 2
cos1, ⎥⎦

⎤
⎢⎣
⎡ −+
⋅

φφφφpB
 ( ) 2

0

2
2cos1lg10

−

⎥⎦
⎤

⎢⎣
⎡ + φ  

lgBT5lg103lg10 ++ N  

Generalized 
DIFAR 

( ) ( ) 2
0

0 1
cos1, ⎥

⎦

⎤
⎢
⎣

⎡
+

−+
⋅

μ
φφμφφpB

 ( ) 2
0

4
2cos31lg10

−

⎥⎦
⎤

⎢⎣
⎡ + φ  lgBT5lg104lg10 ++ N  

Sound 
energy flow 

( ) ( )00 cos, φφφφ −⋅pB  ( ) 1
02coslg10 −φ  lgBT5lg106lg5 ++ N  
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Twi-line 
array 

( ) ( )[ ]
⎭
⎬
⎫

⎩
⎨
⎧ −+
⋅

2
sinsincos1

, 0
0

φφ
φφ

kD
Bp

 ( ) 1
0

2
sincos1log10

−

⎥⎦
⎤

⎢⎣
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Table 1: Directivity Function and left/right suppression ratio 
where 
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Fig.1: Schematic diagram of acoustic pressure, velocity and sound energy flow 
beamforming principle at 30 deg 
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a). Left/right suppression ratio of (P+V)/2     b). Left/right suppression ratio of (P+3V)/4 
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c). Left/right suppression ratio of Vx andVy      d). Left/right suppression ratio of PV 

Fig.2:  Relation between left/right suppression ratio and horizontal azimuth angle 

3. SEA TRIAL DATA ANALYSIS  

Acoustic vector sensor line array composed of 8 elements separated 1 meter was used 
in a trial. Two cooperating targets performed bearing crossing, and Fig.3 shows the whole 
BTR process. The experimental value given in Table 2 is the average on the frequency 
band from 100Hz to 2kHz. The detailed relation between the left/right suppression ratio 
and frequency is curved in Fig.4 to Fig.6, and obviously the left/right suppression ratio 
approaches or achieves the theoretical value on quite broad frequency band. 

If the left/right suppression ratio is the only factor to be considered, the sound energy 
flow beamformer is the best, for there is no ambiguity in 90 degrees span around 
broadside, and the practical value achieves 20dB or more; the left/right suppression ratio 
of DIFAR exceeds 6dB; velocity beamformer has the optimum left/right suppression 
performance near 45deg and 135deg; generalized DIFAR gets close to velocity 
beamformer with the increasing of velocity weight; the left/right suppression gains of all 
beamformers become deteriorated near endfire, while can be improved by MVDR 
beamformer. 
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Fig.3: BTR display of crossing bearing discrimination 

 
Left/right suppression ratio  

28deg 45deg 87deg 
Theoretical value 2.2 6.0 40.0 DIFAR 

Experimental value 1.9 5.9 14.5 
Theoretical value 3.5 12.0 6.1 广义 DIFAR 

Experimental value 2.5 8.7 4.8 
Theoretical value 5.1 40.0 0.1 Velocity 

Experimental value 3.5 13.9 0.1 
Theoretical value 2.5 40 40.0 Sound energy 

flow Experimental value 2.2 14.8 40.0 

Table 2: Relation between left/right suppression ratio and horizontal azimuth angle 
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c). Left/right suppression ratio of VV          d). Left/right suppression ratio of PV 
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Fig.4: Relation between left/right suppression ratio and frequency on 28deg 
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a). Left/right suppression ratio of (P+V)/2   b). Left/right suppression ratio of (P+3V)/4 
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c). Left/right suppression ratio of VV           d). Left/right suppression ratio of PV 

Fig.5: Relation between left/right suppression ratio and frequency on 45deg 
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Fig.7: Relation between left/right suppression ratio and frequency on 87deg 

4. CONCLUSION  

Through theoretical analysis and sea trial data processing, it is concluded that acoustic 
vector sensor line array can provide multiple methods to resolve left/right ambiguity. Each 
method has different left/right suppression ratio and detection gain. Some typical formulas 
are also given for convenient evaluation. 

In view of practical application, some criteria, such as left/right suppression ratio, 
detection gain, etc., should combine to decide which left/right discrimination methods to 
be adopted. For example, if left/right suppression ratio and detection gain are both 
considered, and the performance of ABF is considered also, DIFAR is one of good choice. 

Although the perpendicular component of velocity, namely vz, is not used in the 
analysis of this paper, it may contribute to cancel the tow ship noise, and to suppress the 
reverberation from sea bottom and sea surface in mid-short range, which is one of our 
concern at present. 
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Abstract: Equivalent plane wave self-noise is a fundamental metric used to 
quantify the detection performance of an interferometric optic fiber hydrophone. 
In this paper, a system for measuring the equivalent plane wave self-noise of 
optic fiber hydrophone is illustrated. A vacuum container is used in this system to 
prevent the hydrophone from ambient noise and temperature fluctuation. To 
reduce the interference of vibration, the container is vibration isolated and the 
hydrophone is flexibly hung in the container.  A PZT hydrophone is used to verify 
the quietness in vacuum container. The Equivalent planewave self-noise of PZT 
hydrophone measured in this vessel is less than 40dB at 1 kHz. With this vacuum 
container, the equivalent plane wave self-noise of optic fiber hydrophones can be 
measured in the noisy lab and the results is nearly equal to those obtained in the 
quiet lake. 

Keywords:  Self-noise, Equivalent plane wave self-noise pressure, 
Inereferometric optic fiber hydrophone 
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1. INTRODUCTION 

The optical fiber hydrophones have been studied for nearly three decades. The 
optical fiber hydrophones based on Mach-Zehnder interferometer, Michelson 
interferometer [1], unbalanced interferometer [2] or Sagnac interferometer [3] have 
been reported and considered to be more sensitive than any other kinds of optical 
fiber hydrophones[4]. 

The optical fiber hydrophones have some advantages over the conventional 
piezoelectric hydrophones, such as immunity to electromagnetic interference, 
light weight, easiness to large-scale multiplexing [5], etc. So far, the optical fiber 
hydrophone has been applied in many areas. The performance of optical fiber 
hydrophone is always concerned. 

The self-noise is a significant performance specification of a high performance 
optical fiber hydrophone. It indicates the detectable ability of the sensor. But the 
self-noise of an optical fiber hydrophone doesn’t mean the minimum detectable 
signal. The sensitivity of an optical fiber hydrophone should be considered. The 
pressure sensitivity of optical fiber hydrophone [6] is  

)/log(20 PML θ=  
(1)

Where, ML  is in dB (re /rad Paμ ). θ  is the optical phase shift induced by a 
given acoustic pressure P  in radian. P  is the acoustic pressure in Paμ . 
Considering the pressure sensitivity and the self-noise of optical fiber 
hydrophone, we can get the equivalent plane wave self-noise pressure by using 
the formula 

MLNLn −= )log(10  
(2)

Where: nL  is the equivalent plane wave self-noise pressure in dB (re Paμ ). N  is 
the self-noise spectrum density which we get by theoretical calculation or 
measurement. When the self-noise of an optical fiber hydrophone is measured, 
we can easily get the equivalent plane wave self-noise pressure. The measurement 
of self-noise should be done in a quiet circumstance. If the ambient noise is above 
the equivalent plane wave self-noise pressure of the optical fiber hydrophone, it’s 
impossible to measure the self-noise of the optical fiber hydrophone. In 
opposition, the ambient noise is hidden in the self-noise.  

This paper focuses on the measurement of the self-noise. As mentioned above, 
the self-noise measurement needs a rather quiet circumstance, it is not easy to 
fulfil in the common laboratory. A system with a vacuum container is used to 
measure the self-noise of optical fiber hydrophone. The system makes the 
measurement possible in a noisy lab. 
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2. MEASUREMENT SYSTEM  

The components of the measurement system are shown in Fig.1. A vacuum 
container is made of steel, about 40-centimeter high and a 30-centimeter 
diameter. The top lid can be opened in which there is a hole. The optical fiber or 
cable of PZT hydrophone passes through this hole, then the hole is sealed with 
some polymer. There is one valve in one side which is used to link with other set 
which pump the air in the vacuum container out. An air pressure meter is in the 
other side. In the measurement experiment, the hydrophone is placed in the 
vacuum container inner chamber. The vacuum container isolates the acoustic and 
vibration in the circumstance. 
   The optical fiber hydrophone measured in this paper is based on an unbalanced 
Michelson interferometer. The light wave generated by the laser travels through 
the optic fiber to the interferometric hydrophone, then is split into two beams by 
the coupler in the hydrophone. One beam is coupled into the sensing arm of the 
interferometer, the other beam is coupled into the reference arm. Two beams are 
all reflected by the reflectivity mirrors deposited at the ends of the two arms of 
the interferometer. The two reflected beams interfere and are recombined with the 
same coupler. The output light wave of the hydrophone is detected by a 
photodetector. The output volt of the detector is amplified and sampled by an A/D 
card in the computer. A modulation program demodulates the self-noise from the 
sampling data. At last, the equivalent plane wave self-noise pressure of the optical 
fiber hydrophone can be calculated using the formula (2).  

  
 

Fig.1: The measurement system for measuring self-noise of optical fiber 
hydrophone. 

3.   MEASUREMENT OF THE NOISE IN THE VACUUM CONTAINER 

Before the start of the measurement experiment, we must make sure whether 
the vacuum container is quiet enough.  A  PZT hydrophone is used to measure the 
noise floor of the vacuum container. If the noise floor of the vacuum container is 
below the equivalent plane wave self-noise pressure of PZT hydrophone, the 
measurement result we get is the self-noise of PZT hydrophone. If the vacuum 
container noise floor is above the equivalent plane wave self-noise pressure of 
PZT hydrophone, the result we get is the noise floor of the vacuum container.  
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Fig.2: The measurement system for measuring noise floor of vacuum 
container. 

Fig.2 shows this experiment. Fig.3 shows the pressure sensitivity of the PZT 
hydrophone. When the PZT hydrophone is placed inside the container, the upper 
lid is carefully closed. Then the air inside is pumped out till vacuum, the pressure 
meter indicates -0.096 MPa . The analysis of the result PZT hydrophone measured 
is presented in Fig.4. The equivalent plane wave self-noise of PZT hydrophone is 
40.9 dB (re Paμ @1kHz). So far we don’t make sure we have measured the noise 
floor of the vacuum container. But the noise floor of the vacuum container should 
be lower than the measurement result. In low frequency band the measurement 
result is high. The reason may be that the vibration reaches the PZT hydrophone 
through the cable. 
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Fig.3: The sensitivity of the PZT hydrophone. 
   If the equivalent plane wave self-noise of the optical fiber hydrophone is above 
the ones of PZT hydrophone, the measurement system is adequate for testing. 
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 Fig.4: The equivalent plane wave noise pressure measured by PZT 
hydrophone. 

 

4.   SELF-NOISE MEASUREMENT OF OPTICAL FIBER 
HYDROPHONE AND INTERFEROMETER  

The interferometer has same length arms as the optical fiber hydrophone.  The 
measurement system is illustrated in Fig.1. The pressure sensitivity of the 
measured optical fiber hydrophone is shown in Fig.5. The equivalent plane wave 
self-noise pressure of optical fiber hydrophone and interferometer is shown in 
Fig.6. 
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Fig.5: The pressure sensitivity of the optical fiber hydrophone. 
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Fig.6: The self-noise of optical fiber hydrophone and interferometer. (A: The 
interferometer placed outside the vacuum container. B: The interferometer placed 

inside the vacuum container. 
C: The optical fiber hydrophone placed inside the vacuum container).  

 
The measurement of the interferometer is conducted in outside and inside 

the vacuum container. In Fig.6, the curve A and curve B has a difference at least 
10dB below 1 kHz. The self-noise of interferometer and optical fiber hydrophone 
in the vacuum container are nearly same. It indicates the optic system is the main 
noise source of the optical fiber hydrophone self-noise.  

5.  CONCLUSION 

This measuring system can be used to measure the self-noise of an optical 
fiber hydrophone. It is shown from the results that the self-noise of the optical 
fiber hydrophone is mainly from noise of the optic system. More works should be 
done to isolate the vibration from the vacuum container.  
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Abstract: Vector sensors measure both the acoustic pressure and the three components of 
particle velocity.  Because of this, a vector sensor array (VSA) has the advantage of being 
able to provide substantially higher directivity with a much smaller aperture than an array of 
traditional scalar (pressure only) hydrophones. Although several, most of them theoretic, 
works were published from early nineties, only in the last years due to improvements and 
availability of vector sensor technology, the interest on field experiments with VSA increased 
in the scientific community. During the Makai Experiment, that took place off the coast of 
Kauai I., Hawaii, in September 2005, real data were collected with a 4 element vertical VSA. 
These data will be discussed in the present paper. The acoustic signals were emitted from a 
near source (low frequency ship noise) and two high frequency controlled acoustic sources 
located within a range of 2km from the VSA. The advantages of the VSA over traditional 
scalar hydrophone arrays in source localization will be addressed using conventional 
beamforming.  
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1. INTRODUCTION 
 

The localization of acoustic sources is usually performed with traditional scalar (pressure 
only) hydrophones. However, recent studies suggest that vector sensors (3 orthogonal 
collocated particle velocity sensors and one omnidirectional pressure sensor) could improve 
source localization and provide information in both vertical and azimuthal directions. Vector 
sensors can be configured into an array of elements, vector sensor array (VSA), where each 
element measures acoustic pressure and the three components of particle velocity. The main 
advantage of the VSA is that it captures more acoustic information; hence it provides 
substantially higher directivity with a much smaller aperture than an array of traditional 
scalar hydrophones [1].  

During the Makai Experiment, that took place off the coast of Kauai I., Hawaii, in 
September 2005, signals emitted by two high frequency controlled sound sources were 
collected with a 4 element vertical VSA. We will discuss source localization using a VSA 
and the advantages these new sensors provide over conventional pressures-only arrays (PA).  
As a first step toward beamforming distant sources with a vertical VSA, we have oriented our 
VSA x and y-axis particle velocity sensors with respect to the low frequency signature of our 
own ship and its known heading.   
 

 
2. BEAMFORMING WITH A VSA 
 

To resolve source localization with the VSA, the plane wave beamformer is applied and 
the individual sensor outputs are delayed, weighted and summed in a conventional manner. 
  A single vector sensor has 4 measured quantities, the scalar pressure and the three 
components of particle velocity, ],,,[ zyx vvvpv = , that are combined using a weighting 
vector. 

Several approaches to beamforming were presented in [2], but here a weighting vector, w, 
that uses direction cosines as weights for the velocity components and a unit weight for 
pressure, has been chosen. Thus, for the i-th element, the weight is given by: 

[ ] )exp()cos(),sin()sin(),sin()cos(,1],,,[ rkiwwwww SSSSSSziyixipii
rr
⋅⋅== φφθφθ ,     (1) 

where i=1,…,N, N is the number of elements in VSA, Sk
r

 is the wave number vector 
corresponding to the chosen steered, or look direction, ( )SS φθ , , of the array and rr is the 
position vector of sensor elements, Fig.1.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: Array coordinates and geometry of acoustic plane wave propagation. 
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The array elements are equally spaced and located along the z-axis, with the first one in 

origin of the Cartesian coordinates system, Fig. 1, thus [ ]zr ,0,0=
r . 

For a VSA with N elements, the weighting vector W is of dimension 14 ×N  and is defined 
as: 

].,..,,[),( 21 NSS wwwW =φθ            (2) 
The general expression for the beamformer in direction ),( SS φθ is given by: 

),,(),(),( SS
T

SSSS WRWB φθφθφθ ⋅⋅=          (3) 
where R is NN 44 ×  correlation matrix. 

The azimuth and the elevation of the plane wave impinging on the array are estimated by 
finding the values ),( SS φθ  that maximize equation (3). 
 
 
3. SIMULATION RESULTS 
 

In order to check the VSA beampattern dependency on frequency a few simulations were 
performed for a 4-sensor vertical array, located along the z-axis, with 10 cm element spacing, 
which is the half-wavelength spacing at a frequency of 7500 Hz that would be used with a 
conventional PA. Fig. 2 shows beamformer outputs for the VSA for a plane wave arriving 
from an azimuth of 230º and an elevation of 120º at two frequencies: at 180 Hz (left),  where 
ship noise dominates,  and at 7500 Hz (right), the design frequency of the array. 

a) b) 
Fig. 2: Ambiguity surface for a plane wave with an azimuth of 230º and an elevation of 120º 

at: a) 180 Hz and b) 7500 Hz. 
 
The beamformer outputs in Fig. 2 show that the VSA can resolve both vertical and 

azimuthal directions, which is an advantage over the PA. As in a PA, when the signal 
frequency is not too far below the design frequency, (as in Fig. 2 b)), the ambiguity surface 
has a maximum directivity and the sidelobes are negligible. At low frequencies, the mainlobe 
is larger and directional ambiguity increases (as shown in Fig. 2 a). For frequencies above the 
design frequency of the array, spatial aliasing occurs (not shown). 
 
 
4. REAL DATA RESULTS 
 

The data analysed here was acquired by a 4 element vertical VSA, with 10 cm spacing 
between each element and deployed to 80m depth, during a period of 2 hours on September 
20, 2005. The z-axis on VSA was vertically oriented with respect to the bottom. The 
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orientation of x and y-axis were unknown. The VSA was tied to a vertical cable, with a 100-
150 kg weight at the bottom, to ensure that the array stayed as close to vertical as possible.  

First, beamforming outputs for low frequency ship noise are presented. Beamforming the 
signature generated by the research vessel Kilo Moana was a first step to find the orientation 
of the VSA.  

Next, beamforming results are presented to resolve the directions of arrival from high 
frequency multitones (emitted by two acoustic sources, testbed sources TB1 and TB2, both 
located at approximately 2 km from the VSA). These two sources were moored near the 
seafloor at depths of 201 and 98 m, respectively. 

 
 
A – Beamforming of Ship Noise  
 

As explained above, the VSA was deployed fairly close to the stern of Kilo Moana, with 
the ship’s engine directly above the array.  

a) b) 
Fig. 3: Noise generated by R/V Kilo Moana on hydrophone at 79.6m depth during the period 

of acquisition: a) spectrogram and b) power spectrum (1s averaging time). 
 

Observing the data collected by the VSA, at low frequencies, the spectral characteristics of 
signal are fairly stable over the time. Two dominant frequencies, 180 Hz and 300 Hz, were 
observed (as shown in Fig. 3).  These are assumed to be part of the ship signature and can be 
used to find the orientation of the VSA about the z-axis.   

The correlation matrix of equation (3) is estimated for each frequency using:  

,1
1

⎟
⎠

⎞
⎜
⎝

⎛
⋅= ∑

=

K

k

T
kk VV

K
R            (4) 

where K is the number of snapshots (in this case K=45 corresponding to 1s of data) and the 
vector Vk represents the FFT bin at the  frequency of interest at the k-th snapshot (containing  
16 VSA channels, 4 measured quantities from each of the four vector sensor elements). Fig. 4 
a) shows the results that were obtained when equations (3) and (4) were applied to the real 
data as a single time epoch. The ambiguity surface using real data is remarkably consistent 
with the simulations, with the peak at an azimuth of 226º and an elevation of 125º. Fig 4 b) 
shows that the estimated azimuths do not vary over the processing interval.  

Heading data from the ship’s instruments shows that the Kilo Moana was heading in a 50º 
direction with respect to North, with a maximum displacement of 5º in either direction. Thus 
one can conclude that the x-axis components of the VSA were oriented approximately to the 
South and the y-axis components to the West. 
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a) b) 
Fig. 4: Real data beamforming results: a) ambiguity surface for the frequency 300 Hz, at minute 3 

and b) estimates of azimuth during period of acquisition. 
 
 

B – Testbeds Source Localization 
 

In this section source localization results for the testbeds are shown using the orientations 
of x and y-axis VSA components, estimated in the previous section from the ship signature.  

The signals emitted by the two testbeds (TB1 and TB2) were in the 8 - 14 kHz band. The 
testbed sources periodically transmitted a 2 minute block of of known waveform.  Of the 
various waveforms, beamforming was performed for 8 tones at various frequencies in the 8 - 
14 kHz band. The two testbeds each had a distinct set of tones, as well as an 8250 Hz tone 
that was common to both. 

a) b) c) 
Fig. 5: Real data beamforming results for frequency 8250 Hz: a) ambiguity surface at minute 1 for TB1;  b) 

ambiguity surface at minute 3 for TB2 and c) estimates of the azimuth during period of acquisition, for 
TB1(*) and TB2(^). 

 
The ambiguity surfaces for the multitones received on VSA from TB1 and TB2 are similar 

to those obtained in simulations, (section 3). Since frequencies of all tones are above 7500 
Hz, the design frequency of the array, there is some spatial aliasing and ambiguities in the 
directions of arrival are observed.  

The 8250 Hz tone is the closest to the design frequency of the array, so the beamformer 
outputs in Fig. 5 exhibit less directional ambiguity. For other frequencies (not shown), the 
amplitude of sidelobes increases and, for example, the peak output occurs at 333º instead of 
the true azimuth of 153º. 

The relative angle between the estimated azimuths of sources TB1 and TB2 shown in Fig. 
5 c) does not vary. The fluctuations of the azimuth observed during this interval may be due 
to ship heading displacements or to rotation of the VSA about the z-axis. However, the 
estimated azimuths for both sources verify that the source localization is consistent with the 
known Makai Experiment geometry, shown in Fig. 6.   
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Fig. 6: Makai experiment geometry with x and y axis orientation. 
 
5. CONCLUSION 

 
The present work showed that a VSA with as few as four elements and a small aperture 

nevertheless can be used to resolve the directions of arrival of sound sources, not only at 
frequencies close to the design frequency of the array, but also at frequencies well below this 
frequency. This improved directivity over a wide range of frequencies made it possible to 
find the orientation of the x and y-axis particle velocity components of the VSA using the low 
frequency ship signature. This would have been difficult with a conventional pressures-only 
array. 

The estimated relative angle between two moored sources and the ship, using a simple 
conventional beamformer at frequencies close to the design frequency of the array, is in close 
agreement with the experiment geometry. At the same time, ship displacements and the 
rotation of the array about the z-axis caused the estimates of absolute azimuth to be biased. 

The improved spatial filtering capabilities of the VSA, when compared with traditional 
pressures-only sensor arrays, provide a clear advantage in source localization and related 
problems, as has been shown in this work and by other authors. It is also likely that these new 
sensors can open new possibilities for other type of problems, like tomography. 
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Abstract: We demonstrate how a vector acoustic sensor can be used for underwater 
imaging applications. We show that vector acoustic data can be acquired with existing 
sensors and that 3D volume images can be made with a rather small amount of data. This 
is verified by an experiment using an accelerometer based vector acoustic sensor in a 
water tank with a short-pulse source and passive scattering targets. The sensor consists of 
a three-axis accelerometer and a collocated hydrophone. The sound source was a 
standard transducer driven by a short 7 kHz pulse. The sensor was suspended in a fixed 
location and the transducer was moved about the tank by a robotic arm to insonify the 
tank from many locations. Two air filled floats were placed in the tank as acoustic targets 
at diagonal ranges of approximately one meter. Vector data from single shots show that 
the direction of an acoustic wave can be readily determined for both direct waves and 
scattered waves. Without resorting to the usual methods of seismic imaging, the three-
dimensional volume of the tank environment was accurately imaged. When there are only 
a few targets or surfaces, this method will reveal even weak features because the noise is 
widely dispersed. Accurate imaging of a more complex environment will require good 
vector fidelity and some theoretical developments in vector-based processing. A 3-D 
seismic survey may be done with vector sensors using the same logistics as a 2-D survey 
with conventional hydrophones. This work was supported by the Office of Naval Research,  
program element 61153N. 

Keywords: Vector acoustics, vector sensors, underwater imaging 
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1. INTRODUCTION 

An acoustic image is a succinct and accurate method for describing the morphology 
and physical properties of an underwater environment. The challenge of acoustic imaging 
is to sufficiently measure a wave field while using a modest sampling scheme. By 
measuring the maximum amount of information at each sampling point, imaging can be 
accomplished with fewer sampling points than what is commonly used in seafloor surveys 
or seismic exploration. The acoustic intensity is the energy flux due to passing sound 
waves:  

I = p v  
(1)

where p is the pressure and v is the particle velocity. The acoustic intensity at a single 
point as a function of time contains four dimensions of information while a hydrophone 
time series has only two. Additional dimensions of information can be added by using 
multiple sensor or source positions.  

Seismic and acoustic surveys of marine environments use towed arrays of hydrophones 
that acquire scalar pressure data. The arrays need to be about 20 wavelengths long in order 
to give a directional resolution orthogonal to the direction of the array of one or two 
degrees. Unambiguous determination of direction requires three orthogonal arrays of 
scalar sensor arrays. This cumbersome arrangement can be avoided by using vector 
acoustic sensors. This paper presents how a vector acoustic sensor may be used for marine 
geo-acoustic applications and shows that vector acoustic data can be acquired with 
existing sensors. This is verified by an experiment using an accelerometer based vector 
acoustic sensor in a water tank with a short-pulse source and passive scattering targets. 

2. AN EXPERIMENT 

We suspended an accelerometer-based TV-001 Miniature Vector Sensor from 
Wilcoxon Research Inc. (Shipps and Deng, 2003) near the center of a pool of water with 
five, thin, elastic strands (Figure 1) (Lindwall, 2006). The sound source was a single 
transducer driven with a Ricker wavelet having a median frequency of 7 kHz. The sensor 
remained stationary while the source hydrophone was moved along several lines so as to 
cover multiple directions and distances from the sensor and targets.  After shooting several 
reference lines, we placed two medium sized floats in the water as highly reflective 
targets.  All of the data presented in this paper have the medium target floats in the same 
horizontal plane as the source and receiver. This is to present the concepts of vector 
acoustic data in the simplest form. 

Common receiver-point gathers of the accelerometer and hydrophone data (Figure 2) 
shows the hyperbolic direct arrival from the source as the most prominent signal with the 
sensor node at the hyperbola’s apex. The sandy bottom of the tank and the water surface 
reflections are visible as hyperbolic reflections with their apexes at the same offset as the 
direct arrival and times of 3.9 and 4.5 ms. The scattered waves from target floats in the 
tank appear as similar hyperbolic reflections with apexes that are offset to the sides and 
beginning times of about 3.5 ms. 
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Fig. 1: The experimental set up in a water tank. 
 

Common receiver-point gathers of the accelerometer and hydrophone data (Fig. 2) 
shows the hyperbolic direct arrival from the source as the most prominent signal with 
the sensor node at the hyperbola’s apex. The sandy bottom of the tank and the water 
surface reflections are visible as hyperbolic reflections with their apexes at the same 
offset as the direct arrival and times of 3.9 and 4.5 ms. The scattered waves from target 
floats in the tank appear as similar hyperbolic reflections with apexes that are offset to 
the sides and beginning times of about 3.5 ms. 
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Fig. 2: Common-receiver data from the three accelerometer components as well as the 

hydrophone from a single source line that moved along Y and was displaced 1 m in X from 
the sensor position. The main pulse of the signal has a delay of 15 ms from the time break. 
The targets have the same position in Z as the receiver so the target-scattered waves are 

in the node of z-component accelerometer. 

3. DETECTION AND LOCATION 

The location of a single scattering target using vector sensor data is calculated using the 
source location, shot time, and target direction (Figure 3). The target direction is the 
negative of the intensity direction (Equation 1) of the scattered wave. Even if the source 
time is unknown, the target directions can be measured. Multiple scattering targets can be 
located with a single vector sensor provided that the individual scattered pulses are 
separated in time at the sensor. The target position vector e  is calculated: 

e = g + ˆ d r  
(2)

r =
a a − t c( )

b cos2(θ /2) − a
 (3)

a =
t c + b

2
 (4)

θ = cos−1 d • (g − s)
b d

⎛ 

⎝ 
⎜ 

⎞ 

⎠ 
⎟  (5)

r is the range to the target,  b is the source to receiver range, d  is the target vector and 
ˆ d  is the target vector of unit length and the negative of ˆ I ,  θ  is the angle between the 

receiver-source and the receiver-target vectors, and ⎪⎪ denotes the norm, or length, of the 
vector. The large dot denotes the vector dot product. 
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Fig.3: Geometry of target location. 
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If scattered signals from several targets or surfaces overlap, such as in the data in Fig. 
2, then the targets cannot be located with a single source and receiver location. Locating 
each target within a field of scattering targets depends on target spacing relative to the 
signal wavelength. For most cases, a single line of either source or vector receiver 
locations is sufficient. A single sensor or receiver will not be able to correctly locate two 
scattering targets that are positioned symmetrically with respect to the axis of the line. 
This two-target ambiguity can be resolved in several ways. If either the source or the 
vector-sensor is held fixed while the other is moved along a line, the fixed device can be 
place off-axis of the line. This reduces the location ambiguity to objects at symmetric 
positions on a single plane. 

4. IMAGING 

The data from the acoustic tank experiment were mapped into a volume image by 
binning the target vectors and summing the signal amplitudes in each bin. Figure 6 shows 
a horizontal and two vertical slices through this volume. The horizontal (X-Y) slice is at 
the same depth as the sensor, sources, and targets and clearly shows the targets as well as 
the wall near the right end of the source line. The Y-Z vertical slice is through the source 
line, does not include the sensor or targets, but shows the highly reflective water surface 
and the less reflective sand bottom as well as the same wall as seen in the horizontal slice. 
The X-Z vertical slice is orthogonal to the source line and passes through the sensor and 
between the targets. Since the scattered target position vectors are calculated with a 
different equation than the source position vector, a time window was applied that 
eliminated the direct wave so the sources are not imaged here but are drawn in to show 
their positions. The noise causes uncertainty in the direction to the targets but not to the 
ranges. The data were corrected for different sensitivities of the axies before imaging. The 
migrated section of the hydrophone places all of the features in the same half plane. 

 
Fig. 4: Three orthogonal slices through the vector-derived image volume and a 

conventionally migrated section of the hydrophone data. The four images are from the 
same data set from a single source line (shown in Figure 2) that moved along Y and was 
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displaced 1 m in X from the sensor position. The X-Y and the Y-Z planes shown contain 
the source line. The X-Y and X-Z planes shown. 

 
The imaging algorithm used to generate the vector-derived images in Fig. 4 maps every 

point in the time series into the volume regardless of amplitude. The noise as well as 
overlapping signals are scattered throughout the volume yet they barely show in the 
images even though some of the overlapping signals have large amplitudes. The discrete 
scattering objects and reflecting surfaces map into very small parts of the image volume. 
The 3D volume can be imaged without using the amplitude information. This can be 
illustrated with a binary-summed image where ones are summed into the bins rather than 
the amplitude of the signal such as in the center panel of Fig. 5. One can see that there are 
many “hits” in each of the bins near the targets and the wall while most other bins have 
widely scattered hits. This is better illustrated by plotting the log of the binary image 
(bottom panel of Fig. 5) so even the single-hit bins show up well and the multi-hit bins are 
red. This concentration of hits in the bins near features suggests that directional fidelity of 
the vector data is more important for imaging than the amplitude fidelity. However it is 
hard to imagine a vector sensor that can achieve directional fidelity without accurate 
sensing of amplitudes for each sensor element. This also suggests that separation of 
overlapping signals would allow for much more accurate imaging. 
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Fig. 5. Horizontal slices of volume images of the tank environment using the same 
rectified data as in the upper left panel of Figure 4. The top panel uses binary binning, the 

addition of “one” into each bin whenever the target position vector e  lands in that bin 
regardless of amplitude. The targets and walls are imaged nearly as well as in the top 
panel. In the bottom panel the single-hit bins are emphasized by plotting the log of the 
summed values. The multi-hit bins show up as red. The targets and walls clearly have 

multiple hits in most of the corresponding bins while almost all other bins have one or no 
hits. 

5. DISCUSSION 

Vector acoustic sensors (Berliner and Lindberg, 1996; Fahy, 1977; Fahy, 1989) 
measure the acoustic intensity by sensing either the particle motion or the pressure 
gradient caused by passing acoustic waves. Using a vector sensor with a controlled source, 
one can determine both distance and direction for the sound source as well as scattering 
and reflection points. In principle, a single sound wavelet recorded at a single vector 
acoustic sensor can provide a three-dimensional acoustic picture of the local environment. 
In practice, there are numerous ambiguities caused by overlapping signals from two or 
more reflections or scattering targets. These ambiguities can be resolved with a single line 
of source or sensor locations in most cases. Hydrophone data can, at best, give only a two-
dimensional image of the environment from the same survey configuration.  Three-
dimensional structures in the environment that can be correctly imaged with vector sensor 
data will be incorrectly located in a hydrophone-based 2-D image. 

This vector imaging approach requires much less computation that methods commonly 
used for data from pressure arrays. This is not likely to be a factor in choosing vector 
sensors over pressure sensors since the imaging of vector sensor data can probably be 
improved substantially by incorporating existing techniques such as migration and phase 
coherence. These existing processing techniques can effectively separate overlapping 
arrivals from separate targets such as in Figure 2. 

A comparison of the vector-imaged volume with standard seismic imaging (Figure 4) 
shows the enormous advantage of using vector data over scalar data. All objects and 
surfaces that are outside of the source-sensor plane are incorrectly imaged in the migrated 
section. The migration method can not even determine the correct direction for the water 
surface or the tank floor. A vector imaged volume has the additional advantage that noise 
is scattered throughout the volume while the signal is imaged to only a few bins in that 
volume. 

6. CONCLUSIONS 

A single line of scalar hydrophone data is unable to correctly image structures in a 3-D 
volume while vector acoustic data from exactly the same acquisition parameters can 
accurately image all the major structures within that volume. Existing vector acoustic 
technology is at the stage to be used for marine surveys and may result in much simplified 
field efforts for 3-D seismic surveys. 
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Fiber optic interferometric vector sensor based on Bragg gratings 
 

Francois M. Guillot, David H. Trivett, Peter H Rogers 
 

Abstract: The purpose of this research is to develop a new class of high-sensitivity, 
low-noise underwater vector sensors to improve the performance and the design of 
directional arrays. To this end, a novel interferometric sensor based on optical fiber 
Bragg gratings is presented. This transducer can be configured as a particle velocity 
sensor (dipole) or as a fluid shear sensor (quadrupole). The sensing principle of the 
device relies on the interference signal from two Bragg gratings written on the same 
fiber, and illuminated by a tunable, narrowband light source. The gratings are 5 cm 
apart, and they each reflect a portion of the incident light. The fiber is epoxied to two 
spacers separated by a 1 mm gap situated between the gratings. This assembly is then 
adhered to two plates connected by a hinge, which is located below the gap. One 
plate is held rigidly and the tip of the other (free) plate experiences transverse 
vibrations, when ensonified. These vibrations produce periodic gap length changes, 
which modulate the interference signal from the two gratings. The modulation is 
related to the amplitude of the sound wave and is monitored with a photodetector. A 
significant advantage of this approach is the minimization of the thermal noise. The 
sensitivity of the sensor is determined by velocity measurements with a laser 
vibrometer, and the directivity of its response is measured inside a large acoustic 
water tank. Design optimization to increase the sensitivity and to reduce the noise 
floor is discussed, and the performance of a practical sensor is presented. 
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Abstract:  The fiber optic hydrophone has been developed over the past three decades for 
military and civil applications. This paper introduces the principles and structures of fiber 
optic vector and pressure hydrophones. Several kinds of fiber pressure hydrophone are 
reported. The performance of large-aperture fiber optic hydrophone line array in shallow 
water is analyzed and a new mode subspace method is proposed to enhance the array gain. 
Experimental results of fiber vector hydrophone are also given.      

 
 

Keywords: fiber optic hydrophone, vector hydrophone, pressure hydrophone, array 
 

1. INTRODUCTION 
Fiber optic hydrophone (FOH) is a kind of underwater acoustic sensor based on fiber optic 

and optoelectronic detector technologies. High-performance FOH converts acoustic signal 
into optical one using interferometric techniques, which is quite different from the traditional 
piezoelectricity hydrophone. FOH, therefore, enjoys advantages such as high sensitivity, 
immunity to electromagnetic interference, electrically passive sensor, multiplexability, and 
high reliability.  

The origins of FOH are traceable to the mid-1970s. Researchers in Naval Research 
Laboratory reported the first paper on FOH in 1977 [1] and an acoustic sensing system was 
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demonstrated. From then on, more and more country invested money and effort in it. A 
96-element all-fibre optic hydrophone system was developed in 2000 by Litton and Defense 
Evaluation and Research Agency (DERA) [2], which was used to detect underground 
petroleum and earth gas. Recently, a remotely pumped and interrogated 96-channel FOH 
array was deployed offshore on the seabed for defense and security by UK [3]. We also 
carried out sea trials of a 32-element FOH system in 2002 [4], and explored a 64-element 
FOH module to meet a large-scale array requirement. This paper discusses the principle, 
structure and experimental results of fiber optic pressure and vector hydrophones.  

 
2. PRINCIPLE AND STRUCTURE OF FOH 

In principle, every kind of FOH detects the deformation of acoustic material or structure to 
obtain the acoustic signal in sound field, which is based on fiber techniques. The structure of 
high–performance FOH is a fiber interferometer. Fig.1 shows an all polarization-maintaining 
fiber (PMF) Michelson interferometer. The output of the laser is passed through a polarizer. 
The linearly polarized light is then coupled into the interferometer, consisting of a PMF 
coupler, PMF sensing and reference arms. The ends of both arms are coated with reflecting 
films. 

Detector 
SMF

Polarizer PMF

PMF

Coupler

Sensing arm

Reference arm 

PMF
Reflecting film

Reflecting film 

Laser 

   
Fig.1: All polarization-maintaining fiber Michelson interferometer 

 
The flexibility of fiber optic system structure induces several kinds of fiber optic 

hydrophone, for example vector and pressure hydrophones.  
A typical mandrel type fiber pressure hydrophone, consisting of an inner metal rigid 

support tube and an outer compliant cylinder, is shown in Fig 2. The inner and outer tubes are 
wrapped with reference and sensing fibers with high number aperture, respectively. The 
hydrophone sensitivity is affected by lots of factors. Theoretical calculations and 
experimental results show that the Young’s modulus of elasticity, Poisson ratio of the 
compliant layer, and the length of sensing fiber are the mainly factors once the size of the 
hydrophone is given [5]. The material of outer tube and the length of sensing fiber, 
consequently, are important for hydrophone sensitivity. Normally, sensitivity achieves 
-120dB ~ -160dB (dB rel Parad μ ) with a length of several to tens meters of the sensing 
fiber. 

  
Fig.2: Structure of mandrel type fiber pressure hydrophone 

 
With the same interferometer in Fig.1, a fiber-optic accelerometer can also be built in Fig.3 

[6]. The sensing element is formed by a seismic mass that is held in the center of the 
accelerometer place by two identical compliant cylinders around which the fiber is wound. 
The fibers, which form the two arms of interferometer, are wrapped tightly under constant 
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tension around both cylinders. 
 

C o u p le r  M  A c c e l e r a t io n :  a  

 
Fig.3: Structure of mandrel type fiber accelerometer 

 
The mechanical behavior of the accelerometer can be regarded as being close to that of a 

simple mass spring system that exhibits viscous damping, where compliant cylinders around 
which the fiber is wound form the springs. When the accelerometer is subjected to vibration 
signal, the relative motion between the mass and compliant cylinders will cause tension 
stretch in one mandrel and compression strain in the other one due to the mass-spring effect. 
The corresponding change in cylinder circumference leads to strain in the sensing fibers, 
which is detected as an optical phase shift by the interferometer. According to the elastic 
mechanics, the deflection of the elastic rubber cylinder is proportional to the acceleration of 
vibration applied to the sensing element [7].  

In practical applications, three fiber optic accelerometers can be combined together to be a 
three-dimensional fiber optic vector hydrophone. 

 
3. EXPERIMENTAL RESULTS OF FOH 

 
3.1 Fiber optic pressure hydrophone element 

We have developed several kinds of fiber optic pressure hydrophone shown in Fig. 4 to 
meet different application requirements. These hydrophone systems have the same optical 
structures and signal processing systems to demodulate acoustic signal.   

 

  

  
Fig.4: Four kinds of fiber pressure hydrophone element 

 
The pressure and acceleration sensitivities are measured and the typical results are 

shown in Fig 5. The noise-equivalent phase of hydrophone system has been measured to be 

Hzrad6105.4 −× (1kHz). With the acoustic pressure sensitivity of dB143− , we can 

deduce that the noise-equivalent sound pressure achieves 36dB. 
Both pressure and acceleration sensitivities are very important in the towed hydrophone 

array. When the acceleration sensitivity is less than –20dB, the difference between pressure 
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and acceleration sensitivities reaches 120dB.  
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Fig.5: Pressure sensitivity (left) and acceleration sensitivity (right) versus frequency  

 
3.2 Multiplexing 

The ability to multiplex fiber optic hydrophones is a key in applications. The choice of 
multiplexing approach is strongly dependent on the application. Different multiplexing 
schemes affect the performance in a variety of ways. The key to selecting the best 
multiplexing scheme is to find the best balance between performance and cost.  

When the number of multiplexing elements is not very large, a space division multiplexing 
(SDM) technique is preferred for the array [4]. This multiplexing method, compared with 
mostly commonly used multiplexing techniques, namely time division multiplexing (TDM) 
and wavelength division multiplexing (WDM), is easy to operate and the crosstalk of the 
system is the least. Of course, with the multiplexing elements increasing, TDM and WDM 
can be combined to multiplex a large number of elements on a pair of fibers. We have 
developed a 64-element multiplexing system onto two fibers with TDM and WDM 
techniques. Regarding this 64-element system as an optical module, we can use SDM 
approach to combine several optical modules to interrogate a very large-scale hydrophone 
array. At the same time, we have also developed a real-time digital signal processing system 
to demodulate the acoustic signal from interferometer. A modular circuit in our system can 
process 32 elements signals parallel. The signal processing capability of the system can be 
expanded by assembling modules together. 

 
3.3 Large-aperture FOH line array  

Large-aperture FOH line array is often used to achieve high array gain. However, its 
performance may be degraded by the coherence loss of signal received at widely separated 
sensors, particularly in shallow water. In 2002, sea trials of a large-aperture FOH array, 
32-element, 128m-aperture, have been carried out in Bohai trial zone with 4.5m in depth. 
Experimental results show that the horizontal spatial correlation oscillates for low frequency 
signal, which is shown in Fig 6. 

  
Fig.6: Theory and test results of horizontal      Fig.7: Compare between the results of mode 
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spatial correlation                             subspace method and CBF 
The principle of horizontal longitudinal coherence of a large-aperture, horizontal line array 

in an ocean multipath environment has been investigated, and a new mode subspace method 
based on normal mode wave-number is proposed to enhance array gain, which has been 
verified by experimental data. Fig. 7 is the compare between the results of mode subspace 
method and conventional beamformer (CBF). The array gain is improved using subspace 
projection method. 

 
3.4 Fiber optic vector hydrophone 

We have built a mandrel fiber optic vector hydrophone based on accelerator, which is 
shown in Fig. 8. The diameter of the hydrophone is 100mm. 

 

 
 

Fig. 8: Photo of a mandrel fiber optic vector hydrophone 
 

The hydrophone performances have been calibrated in Underwater Acoustic Metrology 
Center. The on-axis acceleration sensitivity of the accelerometer as a function of vibration 
frequency is demonstrated in Fig.9(a). It can be seen that the resonance frequency of the fiber 
optic accelerometer is about 950Hz. The acceleration sensitivity is about 656 rad/g over the 
operating flat frequency range from 5 to 500 Hz. In the system, the interferometric phase 
resolution is approximately 10 Hzurad / , therefore the minimum measurable acceleration 
reaches 1.5 Hzng . The measured directional response is shown in Fig. 9(b). 
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Fig. 9: Measured results of one axis 
 

The sea trials of the vector hydrophone were carried out in Huanghai. The measured 
signals of three-axis accelerators (Vx, Vy, Vz,), a fiber pressure hydrophone (P) and a 
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piezoelectricity hydrophone (PZT) are shown in Fig 10. 
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Fig.10: Measured signals (left) and spectrums (right) of three- axis vector hydrophone, a 

pressure hydrophone, a piezoelectricity hydrophone. 
 

Fiber optic vector hydrophone can be used in oil well exploration. That is to say, this 
hydrophone should operate under hostile environment, temperature and pressure over 1750C 
and 140MPa, respectively. We have explored a new kind of fiber vector hydrophone, metal 
flat plate structure, to meet the application requirement.  

 
4. SUMMARY 

We have described both pressure and vector hydrophones based on interferometric fiber 
optical sensors. The operation of both types has been demonstrated. A new method to 
improve the large-aperture line array gain in shallow water has been proposed and verified by 
sea trials. 
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Remote acoustic measurement of sediment transport processes: A 
once and future history 

 
Alex Hay 

 
Abstract: An overview is presented of the developments, from the early 1980’s to the 
present, in the use of acoustic measurement technologies for the investigation of non-
cohesive sediment transport processes in aqueous environments. The topics addressed 
include those relevant to suspended sediment measurement: i.e. acoustic scattering 
cross sections for natural sediment grains, inversion from scattered amplitude to 
particle concentration and size, and suspended particle velocities. Other topics 
include acoustic measurements of bedform geometry and migration.  An attempt is 
made to assess the present state-of-the-art, and as well to identify several potential 
areas for future research.   
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MULTI-FREQUENCY COHERENT DOPPLER PROFILER: MODEL 
RESULTS AND LAB TRIALS  

Len Zedela, Alex Hayb 
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Canada 
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Abstract: Coherent Doppler sonar allows non-invasive velocity and suspended sediment 
concentration measurements in the near-shore bottom boundary layer that are not 
possible with any other technique.  But, range and speed ambiguities have severely limited 
its application.  In order to overcome the speed ambiguity problem, we have developed a 
multi-frequency Doppler profiler.  Acoustic backscatter is analysed simultaneously at four 
frequencies between 1.20 and 2.4 MHz by using a broad-band transmit pulse and high-
efficiency broad-band transducers.  Signal processing to extract phase differences is 
performed digitally in real time using dedicated hardware. A multi-static geometry allows 
profiles of three-component velocities in 3-mm range bins over a ca. 20-cm range 
interval: single component velocity profiles are possible to a range of 1 m for the single 
beam (monostatic) geometry. The ability to analyse backscatter amplitude at four separate 
frequencies allows determination of size distribution in the suspended sediment. The 
system design and signal processing have been optimized through simulations made 
possible using a coherent Doppler backscatter model.  The model suggests that under 
ideal conditions, the ambiguity speed can be extended by a factor of about five beyond that 
characteristic of the system’s centre operating frequency. However, the model also shows 
that at higher speeds, decorrelation associated with scatterer advection degrades the 
signal and ultimately limits the maximum measurable speed. Actual system performance is 
evaluated through observations of a sediment-laden turbulent wall jet.  

Keywords: coherent Doppler, sediment transport, multi-frequency, bottom boundary 
layer, near-shore 
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1. INSTRUMENT CONCEPT  

Pulse-to-pulse coherent Doppler provides velocity profiles with sub-cm resolution over 
ranges of order 1 m and is suitable for use in field settings (such as in the ocean near-shore 
or in rivers) ([1-3]).  The technique is however complicated by the occurrence of range 
and velocity ambiguities that limit the general application of the technique.  The range 
ambiguity is largely eliminated when considering profiles over ranges as short as 1 m.  
However, the maximum unambiguous velocity that can be resolved by the system is given 
by, 

τf
Cv

4
=Δ  

 

(1)

 
where C is the speed of sound, f is the carrier frequency, and τ is the time delay or lag 
between transmitted pulses.  For typical operating parameters of  f = 1 MHz, and τ = 1 ms, 
this relation limits a coherent Doppler system to a maximum (radial) velocity of 38 cm/s.     
Generally, some knowledge of the flow field must be available or some special geometry 
must make it possible to infer overall velocity structure to overcome these difficulties.  We 
address this problem by using transducers with an operating bandwidth of ~50% so that 
the same hardware can be used to sample at multiple frequencies. Since the ambiguity 
velocity is different at each frequency, the differences in the apparent frequency-
dependent velocity estimates can be used to recover the actual velocity.  The 
measurements can be made simultaneously by selective tuning of the received signal so 
that (in our case) four frequencies can be analysed simultaneously.  In addition to using 
the extra information to resolve ambiguity velocities, the availability of multiple samples 
allows a reduction in velocity estimate variance.  And, backscatter strength at multiple 
frequencies provides information on the scattering particle size distribution [4].  

2. SYSTEM CONFIGURATION AND MODEL RESULTS 

The present system has been designed building on experience with previous systems [2] 
and using a model of coherent acoustic backscatter.  The model uses point scatterers that 
are tracked as they move through a prescribed velocity field.  Backscatter is determined 
from the beam geometry and the relative position of the scatterers.  The rectangular model 
domain and typical bistatic geometry are shown in Fig. 1. Our system is designed for 
application to near-shore bottom boundary layer studies so we expect to see horizontal 
velocity components that are much larger than the vertical components.  To accommodate 
this situation (and in view of the ambiguity velocity complications), the geometry shown 
in Fig. 1 allows the sonar system to sample a relatively small component of the large 
horizontal velocities by reducing the spacing between the active and passive sonars while 
measuring a larger component of the small vertical velocities.      
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Fig. 1: Example of bistatic transducer geometry and model domain positioned to 
coincide with the sampled volume of the transducers. 

 
 
 
The ability of the sonar system to recover large horizontal velocities was explored by 

simulating a variety of system configurations (system frequencies, pulse repetition rates, 
and geometry) to compare the overall performance.  Fig. 2 provides an example of model 
output for a simple sinusoidal horizontal flow.  In Fig. 2, panels a), b), c) and d) show the 
measured velocity components at frequencies of 1.5, 1.8, 2.1, and 2.4 MHz respectively. 
The effect of the ambiguity velocity giving rise to “wraps” in measured velocity is clearly 
demonstrated.  Also, as dictated by equation (1), the ambiguity velocity wraps become 
more severe as the operating frequency is increased.  If data from only one frequency are 
available, the only way to resolve the occurrence of the ambiguity wraps is through 
consideration of the time history (or geometry) of the velocities.  However, with multiple 
(simultaneous) velocity measurements made at different frequencies, the actual velocity 
can be extracted (as shown in Fig. 2e).  It is important to stress that this velocity 
reconstruction is achieved without considering the time history of the data. So for 
example, the occurrence of a spike at 12 seconds into the record does not influence the 
data that follow.  

The reconstruction of velocities cannot be carried on arbitrarily.  Eventually the possible 
combination of measured speeds repeats itself.  There is in effect, an ambiguity velocity 
that applies for the combination of frequencies.  Typically, we can extend the ambiguity 
velocity by a factor of five over the centre frequency of the system.  Ultimately the ability 
of the system to reconstruct velocities is not limited by the ambiguity velocity of the 
frequency combinations but rather by decorrelation associated with the rapid motion of the 
scatterers [5].  As the velocity increases, the decreased correlations lead to more 
uncertainty in individual velocity estimates (consider the data shown in Fig. 2) and at a 
point, these individual velocity uncertainties preclude accurate reconstruction of the actual 
velocity.  This noise effect is what introduces the spikes seen in Fig. 2e.  
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Fig. 2: Example of model output extracting raw observed velocities from four separate 
frequencies; a)1.5 MHz, b) 1.8 MHz, c) 2.1 MHz, and d) 2.4 MHz. e) shows the 

reconstructed horizontal velocity component. 

3. OBSERVATIONS IN A TURBULENT WALL JET 

A system operating at frequencies of 1.2, 1.5, 1.8 and 2.1 MHz has been tested in the 
laboratory using a turbulent wall jet as shown in Fig. 3.  A sediment-laden flow is directed 
along a vertical back-plate to create a downward-flowing turbulent wall jet.  The thickness 
of the jet is ca. 5-10 cm, approximating the vertical scale of the near-shore wave bottom 
boundary layer.  For these data, averaged profiles are generated at a rate of 60 s-1 with a 
range resolution of 3 mm.  The energy of the jet is controlled by varying the speed of the 
re-circulating pump. The system was oriented so that it profiled horizontally across the 
vertically-directed jet.  An example of data collected with the system is shown in Fig. 4 
with backscatter profiles from the active (horizontally directed) beam at 1.5 MHz, jet axial 
velocities, U; and transverse (normal to the wall) velocities, W.  W can be estimated using 
the bistatic paired beams, identified as WB in Fig. 3, and also directly from the backscatter 
of the single horizontal beam, identified as WB2: close agreement is seen between these 
two independent estimates. The observations reveal a richness of structure as turbulent 
bursts occur in the flow. Inspection of the velocity and backscatter data reveals 
correlations between sediment concentration and velocity fluctuations.  Regions of the 
flow for which inadequate backscatter is available to reconstruct velocity profiles are 
shaded dark blue.  Drop-outs in velocity data are also seen within the jet core and these are 
caused by occurrences of low backscatter or intermittent low signal correlations.  
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Fig. 3: Wall jet experiment configuration.  A sediment laden water jet is directed 

vertically into a 1 m3 tank parallel to the edge of a back-plate.  The Doppler profiler is 
configured to sample a profile across the jet. 

 
A preliminary test of the system accuracy has been undertaken by comparing the mean 

profiler observations of the wall jet with a series of point observations made with a Nortek 
Vectrino Acoustic Doppler Velocimeter (ADV).  Results of this comparison at four 
different flow speeds (determined by the operating speed of the recirculating pump) are 
shown in Fig. 5. Agreement between these independent measurements is very good 
keeping in mind that the observations are not made simultaneously. It must also be noted 
that, at some point, as velocity estimates from the Doppler profiler approach the wall, 
velocities will be biased toward zero because of side-lobe interference. Agreement 
between the profiler and the Vectrino in the present example suggests that good data are 
being acquired at least to within 1 cm of the boundary.  Also shown in Fig. 5 is a 
comparison of data inversions based on all four frequencies (in green) with inversions 
based on the three lower frequencies (in red).  Close agreement between these two results 
indicates that the addition of the higher frequency data does not introduce any noticeable 
bias.  Use of the higher frequency provides potential for improved speed accuracy but, the 
higher frequency is more sensitive to decorrelation at high flow speeds.   
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Fig. 4 Time series of profiles spanning the turbulent wall jet. From top to bottom: 
active (centre) beam backscatter amplitudes at 1.5 MHz; jet axial velocity, U; velocity 

normal to the wall, WB, from the slant beams and WB2, from the centre beam. 

4. SUMMARY AND CONCLUSIONS 

We have developed a multi-frequency, coherent Doppler profiling system for use in 
boundary layer studies.  The system operates simultaneously at four frequencies between 
1.2 and 2.4 MHz using tuned receiver circuits to separate the four signals. Three 
component velocity profiles over a ~20 cm interval can be generated at a rate of  ~60 s-1 
with 3 mm range resolution. The multiple frequencies allow resolution of ambiguity 
velocity “wraps” that are the Achilles heal of coherent Doppler systems.  Importantly, 
with the multiple frequency approach, there is no need to rely on knowledge of the flow 
characteristics or flow time history to recover absolute velocities. In addition, the multiple 
independent measurements serve to reduce uncertainty in velocity estimates.  Multiple 
frequency data can also be used to invert the size distribution of acoustic scatterers. The 
system design was developed through the use of a coherent backscatter model.  We have 
presented laboratory test results of a working system through observations of flow in a 
turbulent wall jet: measured velocities reveal detailed structure of the flow and agree with 
independent (point measurements) made with a Vectrino ADV.  
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Fig. 5. Comparison between time-averaged profiles of axial velocity in the wall 
jet obtained with the multifrequency Doppler system and a Nortek Vectrino at 

four different pump speeds. 
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DESIGN AND IMPLEMENATATION OF A 3-AXIS COHERENT 
DOPPLER VELOCITY PROFILER 

Richard Cookea, Proudman Oceanographic Laboratory. 

aProudman Oceanogaphic Laboratory, Joseph Proudman Building, 6 Brownlow Street, 
Liverpool, L3 5DA, UK. Fax: +44 (0) 151 795 4801. E-mail: rdco@pol.ac.uk  

Abstract: Coherent Doppler velocity profiling is playing an increasing role in ocean 
scientific research. One area of application is near-bed sediment transport studies, as part of 
coastal erosion and shelf edge monitoring. Here, a coherent Doppler velocity profiling 
system designed at POL for sediment transport studies in the bottom 1 metre above the 
seabed, is discussed from a practical point of view. The system uses a central vertically 
downwards pointing transducer to transmit acoustic pulses into the water column. This 
transducer, plus two orthogonal receiving transducers, are used to record the acoustic return 
signal scattered from particulates in suspension. The system records coherent “in-phase” (I) 
and “quadrature-phase ” (Q) signal components of the detected return signal from which 
Doppler phase shift and hence velocity can be calculated. Additionally, acoustic backscatter 
signal strength can be calculated allowing measurement of the suspended particulate 
concentration. Profiles are formed by recording I and Q components from each transducer at 
co-located range bins in the water column above the sea-bed. Results from deployments and 
issues, for example “phase wrap around”, are discussed. To combat phase wrap around, a 
dual PRF technique is employed and is also discussed along with future developments 
planned. 

Keywords: Coherent, Acoustic, Doppler, Velocity, Profiler, sediment, transport. 
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1. INTRODUCTION. 
 

Sediment transport forms a major part of coastal erosion and process studies (Zedel and 
Hay [1], Thorne and Haynes [2][3], Betteridge et-al [4]). Different instruments are available 
for use in these studies e.g LISST developed by Sequoia Scientific to quantify suspended 
particulate size distribution from optical backscatter. Of interest here is the development and 
application at POL of acoustic Coherent Doppler Velocity Profiling (CDVP) technology.  

Taking a profile of water velocity in the near-bed 1m boundary layer forms a key 
measurement. At POL various instrument frames are used for this, fitted with a combination 
of instruments including Acoustic Doppler Velocimeter (ADV) units, Acoustic Backscatter 
(ABS) recorders and LISST units. Using the ADV units as an example, the systems cannot fit 
closer together than their physical dimensions allow providing a limited ‘pseudo-profile’. 
Typically three instruments are used (Fig 1), providing a three point profile. It is far more 
desirable to take a profile consisting of many points located closer together. One approach 
would be to use a commercially available ADCP (Acoustic Doppler Current Profiler) from a 
company like RDI, but these systems use divergent acoustic beam patterns which do not 
provide sufficiently co-located measurements. For the small scale processes, co-located 
measurements from small volumes close together are needed. In the absence of suitable 
commercial instruments, POL has invested resources in developing Doppler profiling 
technology of it’s own.  

Discussed within this paper is the technology developed at POL for a 3-axis pulse to pulse 
CDVP providing three-dimensional velocity vector profiles within 1m of the sea-bed. Also 
discussed are practical problems facing the system designer.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
2. ESSENTIAL COHERENT DOPPLER THEORY. 
 

The pulse-pulse coherent Doppler method is based around a number of key equations 
([4][5][6][8][9]) which describe Doppler shift and hence water velocity in terms of phase-
shift detection.  
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Fig 1 - photograph of Sontek ADV sensors arrangment measuring a three point pseudo-profile 
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where, vd is Doppler velocity, c is speed of sound in water, fd is Doppler shifted frequency 
and fo is transmitted frequency. 
 
 
 
 
 
Rm is maximum unambiguous profile distance (range), Vm is maximum unambiguous 
velocity.  
 
 
 
 
 
where X and Y (not related to vector axes labels) are given by  
 
 
 
 
 
 
 
τ is time between profiles, I is discretely sampled In-Phase Doppler component and Q is 
discretely sampled Doppler Quadrature (90° phase shifted) component.  

These equations describe the relationship between Pulse Repetition Frequency (PRF – the 
rate at which pulses are transmitted = 1/τ), transmit frequency and water velocity. The 
Acoustic Backscattered Signal strength can also be calculated (6). 
 
 
 
 

Determining Doppler shift in terms of phase, means that at certain velocities the phase 
shift exceeds 2π radians leading to aliasing. Hence a phase-shift detected could be the result 
of one of a number of different water velocities. Fig 2 illustrates the problem. 
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Fig 2 - Example of phase shift aliasing with increasing water velocity 
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A solution is to use dual-PRF whereby two interleaved transmit repetition rates (Fig 3) are 
used and resolved into a single phase shift. Fig 4 shows the graphical result of dual-PRF. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Using this dual-PRF technique and (3) results in two equations which can be solved 
simultaneously to ‘de-alias’ the Doppler shift leading to higher measured water velocities 
 
 
3. RESOLVING THE DATA.  
 

All the above is interesting but how do we detect the Doppler shift and resolve into 
useable orthogonal velocity vector components u, v and w (Zedel[6], Betteridge[4]) ? 

Doppler shift is calculated from two phase components – In-phase (I) and a 90° phase 
delayed Quadrature (Q) component. The backscattered signal received by the system can be 
thought of as the transmitted pulse modulated by Doppler shift. By taking the received signal 
and coherently demodulating it using the transmit frequency and the transmit frequency 
shifted by 90°, Doppler shift is recovered in terms of I and Q. Doppler shift can then be 
calculated over ‘n’ profiles using equations (7)(8)(9).  
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To form a profile I and Q are recorded at different distances from the transducers using 
range gating. This gives us the Doppler shift at the point I and Q where taken from and as it is 
calculated over ‘n’ profiles, is a time-averaged result reducing the effects of system noise.  

To calculate X and Y, two sets of results are produced ; Xτ1, Yτ1 and Xτ2, Yτ2. These are 
calculated using data at the start and end of each τ1 period to calculate Xτ1 and Yτ1 and 
similarly for τ2 w.r.t. Xτ2 and Yτ2. For example in Fig 3 for PRF of 512Hz, I1Q1 paired with 
I2Q2 would be taken from profiles 1 and 2 respectively but I2Q2 paired with I3Q3 would be 
taken from profiles 3 and 4 respectively. 

The above has been explained for one transducer and gives one radial velocity from the 
‘viewpoint’ of that transducer. To form three dimensional velocity vectors, at least three 
transducers are used resulting in three sets of I and Q, hence three radial velocities are 
calculated. Work carried out by Zedel and Hay[6] uses three transducers but Stanton[13][15], 
Lemmin[16] use four and five transducers. The technology developed at POL uses one 
transducer to transmit and receive, plus two orthogonal transducers to receive only as shown 
in Fig 5.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

We can designate the three transducers Rx, Ry and Tz in reference to their orthogonal 
positioning with velocities measured respectively as Vx, Vy, Vz. The orthogonal velocity 
vectors u, v, w in the x, y, z axes (Fig 5), are then calculated using (10)(11)(12).  
 
 
 
 
 
 

⎟
⎠
⎞

⎜
⎝
⎛= −

Y
XPRFfd

1tan
2π

zVw =

⎟
⎟
⎠

⎞
⎜
⎜
⎝

⎛
−= z

y

y
y V

V
v

θ
θ

sin
tan

(9) 

Fig 5 - diagram of POL CDVP system three transducer arrangement 
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4. HOW THE TECHNOLOGY WORKS. 
 

Fig 6 shows a block diagram of a 3-axis CDVP system, which POL’s systems are based 
around. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
A system consists of one central transmitter with receiver, plus two receive only sections.  

Using the central transmit and receive section as an example, coherence is maintained 
throughout using a single master clock. The transmitted signal is generated from the master 
clock as are two receive signal timebases. The first is in-phase with the transmitted signal the 
second is phase-delayed by 90°, forming the in-phase and quadrature timebases. 
Backscattered acoustic signals received by the transducers after being amplified and bandpass 
filtered, are demodulated using the I and Q timebases. This leaves us with the Doppler phase 
shift in the form of In-phase (I) and Quadrature (Q) component signals. These two 
component signals are then sampled by a data acquisition system. Further processing is 
performed by applying equations (7)(8) to the recorded data, from which velocity and ABS 
components are calculated using (6)(9). Remember, this is for the central transmitter and 
receiver. The process is repeated simultaneously for the central transducer and two side 
receiver sections resulting in calculated velocity components along the transducer axes for 
each PRF used. These are then dealiased (Fig 4) and the velocity components u, v, w 
calculated (equations (10)(11)(12)).  

POL has one cabled CDVP system operating with a fixed transmit frequency of 524KHz. 
Profiles consist of 32 range bins, each 46mm long giving a total range of about 1.5m. The 
dual-PRF rates are set at 512Hz and 410Hz yielding profile averages of n=25 and 16 
respectively before dealiasing. The data acquisition system consists of a PC fitted with a data 
acquisition board equipped with 16-bit A/D converters controlled by two Texas Instrument’s 
Digital Signal Processors. This CDVP does present problems as a cabled system only offers 
limited deployment ability but no commercial system matches fieldwork requirements. 

To solve this issue, an autonomous version is been under development. This system makes 
use of updated technology to provide a better field deployable solution. This new system 
takes advantage of recent developments in low power technology to allow use of battery 
packs for power. It’s specifications when the system is completed, will be 1MHz transmit 
frequency with a profile range consisting 10mm range bins over a 1.28m range. PRF’s will be 
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Fig 6 - simplified block diagram of POL CDVP system 
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programmable via software. Maximum deployment time will depend on available battery 
power and recording parameters but is expected to typically be 20 to 30 days. 
 
 
5. CALIBRATION, DEPLOYMENTS, AND DESIGN TRADEOFFS.  
 

One of the immediate issues is that of calibration. Two of the more popular methods are to 
mount a system on a frame of some description and either (a) place it in a tow-tank so water 
flow is simulated by pulling the system along at a known rate [10][15], or (b) place a system 
on a frame in a flume or wave tank along side other instruments for comparative 
measurements[6][8]. The second approach has been used with the POL cabled CDVP system 
with ADV units for comparison. The new POL autonomous system will probably use a 
combination of both approaches during it’s performance testing and initial fieldwork trials.  

The POL cabled system has been deployed a number of times during fieldwork as reported 
in [2][3][4][5][7][9]. The cabled system results do correlate with those from the other 
instruments but one performance issue has been highlighted. Even with the system recording 
at an overall profile rate of 16Hz, noise within data limits useful turbulence power spectra to 
2Hz maximum [9]. It is believed this is mainly due to low signal to noise ratio as a result of 
insufficient large particle concentrations for the 524KHz transmit pulses to backscatter from. 
This is one of the reasons why the new autonomous system uses 1MHz. It also highlights the 
tradeoffs in system design between transmit frequency, the need for sufficient suspended 
particles to backscatter from and particle size – a point also noted by Nortek[12].  

The affect of noise on dealiasing was noted during analysis of cabled CDVP datasets. This 
required software to be developed incorporating spike detection routines and statistical 
filtering to ensure the correct dealiased velocities are selected[4].  

Other trade offs in system design relate to the range-ambiguity function (2). The choice of 
system transmit frequency needs to be balanced against maximum unambiguous profile range 
and maximum unambiguous velocity. Changing one affects the other three variables, e.g. 
increase frequency, decrease max velocity for a desired profiling distance. In addition to this 
as Lhermitte and Serafin [11] point out, the range-ambiguity function also represents a trade 
off between max profile distance, pulse-repetition frequency and maximum unambiguous 
velocity. The system designer also needs to bear in mind the increase in sampling volume 
with distance from the transducers due to the geometry of the transducer beams. Velocities 
measured at distance come from a much larger volume of water than those closer up, 
contributing to measurement error.  
 
 
8. SUMMARY/CONCLUSIONS AND FUTURE DEVELOPMENTS.  

 
To summarise, the coherent Doppler approach has it’s advantages but also it’s 

disadvantages. One of the aims of this paper was to give the reader a more summarised 
practical insight into such systems as well as POL’s work on the topic. 

Future plans for the new autonomous system are to have it ready for field trials by the end 
of 2007 and then to start work on a version using three transmit frequencies to augment 
acoustic backscatter technologies used during sediment transport studies. With the new 
system being programmable and close to completion the possibility for other research for 
example, investigating the use of tri-PRF instead of dual-PRF, is made possible. Although 
Lemmin and Rolland [8] argue that averaging over less than 16 profiles increases statistical 
uncertainties.  
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Although Acoustic Backscattering Systems (ABS) working in MHz range have proven their potential 
for small-scale flow studies under laboratory and field conditions, they are still subject to significant 
errors in the upper range of the turbulent energy spectrum (Thorne and Hanes 2002). Two novel 
methods improving the inversion of incoherent intensity and coherent pulse-to-pulse Doppler phase-
shifts will be proposed and discussed: (a) the first method increases the stability of the inverted 
sediment concentration profile in the case where acoustic intensity attenuation can not be ignored 
such as observed  in highly turbulent benthic regions. (b) The second one allows increasing the SNR in 
the turbulent energy spectra by suppressing that fraction of the Doppler noise which affects the 
inertial subrange. Both methods use quasi-simultaneous and co-located bi-frequency information 
obtained with a single emitter and a versatile hardware system. Validation experiments with fine 
particle suspensions are conducted in open-channel flows and for grid generated turbulence in a 
mixing box. The capacity of multi-frequency ABS to profile turbulent erosion fluxes is demonstrated.  
 
Introduction 
 

Acoustic Backscattering Systems (ABS) such as Acoustic Doppler Current Profilers (ADCP) 
and Acoustic Doppler Velocimeters (ADV) are intensively used among the oceanographic, coastal and 
nearshore research as versatile measuring tools for a wide range of studies addressing bio-geo-
chemico-physical processes (Hamilton et al. 1998, Gilboy et al., 2000, Kim et al. 2000, Elgar et al., 
2005, Betteridge et al. 2006). More recently, these instruments are increasingly employed in river, 
channel flow, lake and reservoir studies (Lane et al. 1998, Lopez and Garcia 1999, Hurther and 
Lemmin 2000, Nikora and Goring 2000, Blanckaert and DeVriend 2004, 2005, Bricault 2006, Hurther 
et al. 2007) for which current speed, discharge, suspended sediment concentration, water-depth or bed-
topography information are aimed. The main advantage of acoustical devices is their ability to 
measure the flows characteristics in high turbidity conditions where optical tools can not be employed. 
Furthermore, unlike LDV or PIV systems, acoustical devices can be easily deployed in the field as 
autonomous instruments. Finally there is a tendency to choose ABS for suspension flow studies 
(Thorne and Hanes 2002) as the backscattered intensity can be inverted for sediment concentration 
estimations (Hamilton et al. 1998, Shen and Lemmin 1999, Admiraal and Garcia 2000, Fugate and 
Friedrichs 2002, Hurther and Lemmin 2003, Bricault 2006). This capability can be combined with 
velocity measurements in order to provide sediment flux profile estimates. The present study proposes 
improvements in pulse-to-pulse coherent velocity profiling and sediment concentration profiling at 
turbulent scales using a single emitter combined with a versatile hardware system. This system allows 
for quasi-simultaneous multi-frequency profiling in a co-located sample volume. The ability to 
perform erosion flux profiling in the benthic region of highly turbulent suspension flows is validated. 

 
1. Acoustic intensity inversion for fine-scale suspension concentration profiling 
 
We start from the expression of the output signal I(r) of a monostatic ABS that is proportional to the 
acoustic intensity backscattered by a cloud of suspended particles located at a distance r from the 
transducer (Thorne and Hanes 2002). This expression is valid under the assumption of incoherent and 
first order (multiple scattering is neglected) scattering processes:  
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Where R, Tv, P0, r0, k, at, ψ, r, τ, αw, ζs, as, fm, ρs, C, are the transducer constant, the hardware constant, 
the reference pressure at a reference distance, the reference distance, the wavenumber of the emitted 
ultrasound, the radius of the transducer, the transducer directivity function, the distance from the 
transducer, the duration of the emitted pulse train, the water attenuation constant, the sediment 
attenuation constant, the mean radius of the insonified particles, the mass concentration of the particle 
suspension. 
In order to simplify the previous expression, we define three new variables as follows: 
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Where j is the index of the gate located at r=rj. Aj is the range dependent system parameter, As is the 
acoustic sediment parameter and Jj is the desired local sediment mass concentration affected by the 
non-linear sediment attenuation effect along the travel path of the acoustic pulse train. As will be 
shown below, this effect is at the origin of significant instabilities in the estimated concentration 
profile (Thorne and Hanes 2002). 
 
In this study we consider that As is independent of range, since the studied suspension flows are all 
constituted of particles with mono-dispersed size distributions. Also note that I(r) corresponds to the 
ABS output signal that is proportional to the mean square backscattered pressure. In section 4 we will 
investigate whether this expression can be applied to estimate suspension concentration at turbulent 
flow scales. 
In the following two subsections we discuss the principles and performances of different inversion 
methods of Eq. (2) in order to extract the suspension concentration in benthic regions of highly 
turbulent suspension flows. 
 

1.1 Iterative inversion method: principle and limitations 
 
The iterative inversion method has been proposed by Thorne et al. (1993). In order to invert the 
normalized intensity Jj (see Eq. (2)) at a given point j, it is necessary to know the sediment 
concentration profile between the transducer and this point. Therefore, an iterative resolution from one 
point to the consecutive one is necessary: knowing the concentration at the first measuring point of the 
profile, the intensity attenuation between this point and the next one can be deduced. This implies a 
negligible attenuation between the transducer and the first point in order to determine the 
concentration at this first point, i.e.: 11 JC = . This boundary condition is a source of significant 
inversion errors when measuring in highly turbulent benthic suspension regions. The point to point 
iterative procedure becomes: 
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Another difficulty in Eq. (3) is the incapacity to determine the exact value of the attenuation integral 
between two consecutive points in the profile. The integral can only be approximated by a numerical 
scheme. Using a rectangular method for the integral approximation, Eq. (3) becomes :  
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As a result the iterative inversion method relies on the assumptions of negligible intensity attenuation 
due to the suspension between the transducer and the first point of the profile, and the discrete 
numerical estimate of the attenuation integral between consecutive points. In most cases errors linked 
to these two assumptions are cumulative. Indeed, if the concentration profile is monotonic along the 
transducer axis, the sign of the error in the estimation for each integral will be the same. This leads to 
an increase of the error with distance from the transducer. Furthermore, the integral estimate error 
propagates with the iteration steps. Thus even the smallest error at one point generates errors at all 
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following points in the profile. This is particularly severe when an error is made at the first point 
where attenuation is assumed to be negligible, because it will cause errors over the entire profile. The 
estimated suspension concentration will tend towards zero or infinity when the error is negative or 
positive, respectively. Therefore, this method is not well suited for attenuating media found in highly 
turbulent benthic suspension flows. 
 

1.2 Explicit inversion method: principle and limitations 
 
This method has been proposed by Lee and Hanes (1993). It relies on the analytical solution to Eq. (2) 
starting from the natural logarithm of this equation. After operating an adequate change of variable, its 
derivative with range r can be integrated and becomes:  
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As for the iterative inversion method it is assumed that intensity attenuation due to sediments between 
the transducer and the first point in the profile is negligible, i.e. that: 11 JC = .   
Furthermore, the integral of the normalized intensity J(r) also has to be approximated by a discrete 
numerical scheme. However, in this method, the numerical resolution of Eq. (5) will remain explicit 
for any type of numerical scheme that approximates the integral (rectangular or trapezoidal methods). 
It has to be noted that inversion instability problems are similar for all type of numerical scheme.  
Adopting the same rectangular scheme for the integral approximation in both inversion methods, the 
local suspension concentration becomes:  
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The problems here arise from the error affecting the denominator of Eq. (6). Both terms in the 
denominator are subject to errors. The error in the denominator term originates from the assumption 

11 JC =  whereas the error in the second denominator terms is caused by the integral approximation. 
When the assumption 11 JC =  is not valid at the first gate, the application of Eq.(6) will lead to 
underestimated concentrations whereas the errors in the approximations of the normalized intensity 
J(r) will induce a singularity in the estimated concentration profile. Before the singularity, the inverted 
concentration will be overestimated. After the singularity it will become negative before reaching zero 
asymptotically with distance r from the transducer. 
The previous analysis considered both effects separately. When both are taken into account the 
prediction of the total effect on the estimated concentration profile becomes impossible. 
Finally, as for the iterative inversion method, the error propagates via the integral of the normalized 
intensity J(r) between the second gate and the gate j. Thus a perturbation at one any gate of the profile 
will affect the subsequent concentration estimates. 
 

1.3 A novel bi-frequency inversion method 
 
In order to reduce the instabilities in the estimated concentration profiles we propose a bi-frequency 
inversion method. Starting from the following relation: 
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The concentration profile can be estimated from : 
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Where jiJ ,  corresponds to the normalized intensity at frequency i for r=rj. The advantages of this 

inversion are immediate. First, the boundary condition 11 JC =  at the first gate is no longer necessary 
to perform the inversion. The absence of integrals eliminates the errors caused by their numerical 
estimates. The propagation of the local errors via the integrals disappears. As a result, the local 
concentration estimations are independent from all others.  
 
 1.4 Results 
 
Figure 1 shows an example of the inverted suspension concentration profile in an Oscillating Grid 
Turbulence (OGT) experiment conducted at LEGI Grenoble. The suspension is constituted of fine 
sand particles of mean diameter equal to 126μm. The vertically oscillating grid is located at 35cm 
from the transducer. The generated suspension is in a steady equilibrium state meaning that the mean 
particle settling flux is in balance with the mean ascendant turbulent erosion flux. The transducer is 
aligned with the vertical direction being normal to the grid plane. 
The three inversion methods have been applied to the acquired mean profiles of normalized intensity. 
Previously, all system and acoustical parameters have been determined by a rigorous calibration 
procedure (Bricault 2006). The acoustically determined suspension profiles have been compared to 
local measurements obtained with a calibrated OBS (D&A instruments). 
All three of the above inversion methods were applied to the acquired mean profiles of normalized 
intensity after all system and acoustic parameters were determined by a rigorous calibration procedure 
(Bricault 2006). The results for the iterative and explicit methods are calculated for a carrier frequency 
of 2 MHz. The bi-frequency inversion uses the frequencies of 1.67MHz and 2Mhz obtained quasi-
simultaneously with the same wide-band transducer. The same transducer has been used for the 
iterative and explicit inversions. The spatial resolution in the vertical direction is set to 3mm with a 
Pulse Repetition Frequency of 1KHz. 32 consecutive pings (or shots) are averaged together for one 
incoherent acoustic intensity estimate. This setting allows the resolution of the Taylor micro-scale in 
the investigated suspension flow (Hurther and Lemmin 2007). 
For the results obtained from iterative and explicit methods (Eqs (4) and (6)), the increasing 
divergence of the estimated concentration profiles from the OBS measurements is obvious (Fig. 1). 
These trends confirm the previously discussed limitations of the standard inversion methods for high-
resolution profiling in highly turbulent suspension flows. The bi-frequency inversion results (Eq.(8)) 
and the OBS measurements are in good agreement over the entire profile. The bi-frequency inversion 
results into stable concentration profiles even when intensity attenuation by the suspension is 
significant throughout the water column. 

 
2. Improving high-resolution velocity estimations using bi-frequency Doppler noise suppression 
 
Velocity profile estimations based on the pulse-to-pulse coherent Doppler phase shifts between the 
emitted and backscattered acoustic pulse trains are subject to important errors due to inherent Doppler 
noise in the phase of the backscattered wave (Hurther and Lemmin 2007). The effect on the mean 
velocity estimation is negligible whereas mean turbulent quantities such as the normal turbulent 
intensities, the TKE, the turbulent velocity spectra, TKE dissipation rate, are particularly affected 
(Garbini 1982, Voulgaris and Trowbridge 1998, Hurther and Lemmin 2001, Blanckaert and Lemmin 
2006). Starting from the expression of the velocity corresponding to the time derivative of the phase 
shift between emitted and backscattered acoustic pulse trains (Hurther and Lemmin 2007):  

[ ] )()()()(ˆ
2

tntVttr
dt
dkV c +=+= γ

π
        (9) 

the phase can be decomposed into the term ( )tr̂  representing the instantaneous spatially average 
particle displacement within the sample volume, added to the undesired Doppler phase noise term 

)(tγ . The contribution of the noise term in the turbulent spectrum is shown in Fig. 2 (circles) for a 
carrier frequency at 1.25 MHz in the highly turbulent oscillating grid experience described in section 
1.4. The measurement location is at z/z0=0.67 (i.e. 8 cm from the center of the grid) using the reference 
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distance for OGT defined by Matsunaga et al. 1999. The velocity spectra are calculated from the 
Fourier transform of the temporal autocorrelation function of the velocity signal: 

∫
+∞

∞−
−= ττπτ dfiRfS VVVV )2exp()()(         (10) 

The parameter npp in Fig. 2 indicates the number of samples over which the consecutive velocity 
estimations are averaged using the pulse-pair algorithm described in Hurther and Lemmin (2001).  
As can be seen in Fig. 2 for f > 3Hz, the slope of the velocity spectra presented by the circles deviates 
from the expected –5/3 slope (dashed line). The lower decay with frequencies above 3 Hz is due to the 
Doppler noise effect represented by the term γ in Eq. (9). When integrated over the frequency band of 
the system, this undesired effect results into a velocity variance added to the variance of the particle 
velocity averaged over the sample volume: 

222 σ+= VV           (11) 
This undesired effect is the principal reason for the limited TKE and TKE dissipation rate 
measurements in field studies (Garbini 1982, Voulgaris and Trowbridge 1998, Blanckaert and 
Lemmin 2006, Hurther and Lemmin 2001). As will be shown below, the bi-frequency method reduces 
this effect and at the same time allows high temporal resolution necessary for reliable TKE dissipation 
estimations. 
The bi-frequency method consists of estimating the quasi-instantaneous velocities with two different 
carrier frequencies at the same time (for the turbulent scales under investigation) and in co-located 
same sample volume: 

)()()(

)()()(

22

11

tntVtV
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          (12) 

where V1 and V2 are the instantaneous velocities measured nearly simultaneously with the carrier 
frequencies, fc=f1 and fc=f2, respectively. Each velocity component is composed of the sum of the same 
spatially averaged velocity and the respective noise contributions. The time-averaged noise 
contributions are negligible and therefore VVV == 21 . The white noise characteristics induce the 
following simplification in the crossed spectrum: 

  

VVnnVVVV SdfiRdfiRS ∫ ∫
+∞

∞−

+∞

∞−
=−+−= ττπτττπτ )2exp()()2exp()(

2121
   (13) 

 
The associated normal Reynolds stress term can be estimated from the covariance as: 
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2
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σσ       (14) 

where the Doppler noise effect is suppressed. If the above reasoning is correct, the crossed-velocity 
spectrum should decay with a –5/3 slope over a much wider frequency band than the auto-velocity 
spectra presented in Fig. 2. The –5/3 slope should be constant until it reaches a frequency limit beyond 
which it should decay faster because of spatial averaging effects. The turbulent cross-spectrum is 
represented by triangles in Fig. 2 for comparison with the turbulent auto-spectrum. Both spectra are in 
good agreement up to 3 Hz. The corrected cross-spectrum preserves a -5/3 slope in the inertial 
subrange until a frequency close to 20Hz. For frequencies above this limit, the spectrum decays with a 
rate higher than the typical Kolmogorov trend due to spatial averaging effects.  
The effect of the bi-frequency Doppler noise suppression method on the mean TKE profile and the 
TKE dissipation rate is shown in Figs. 3a and 3b, respectively. The bi-frequency method can be 
compared to the Doppler noise suppression method proposed by Garbini et al. (1982) where the 
crossed spectrum is calculated from the velocity signals at two consecutive locations in the profile: 

11
11

++ = zzzz VVVV
SS  assuming 01

11
=+ZZ nn

S . The bi-frequency method is tested for frequency shifts of 

180KHz and 240KHz between the two carrier frequencies. All measurements are compared to the 
semi-theoretical models for normalized TKE and TKE dissipation rate valid in highly turbulent OGT 
(Matsunaga et al. 1999). 
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For both quantities (Figs. 3a and 3b), good agreement is found between the theoretical model (black 
line) and the two corrected profiles using bi-frequency suppression. The Garbini method 
underestimates the quantities, because the TKE contained in the isotropic turbulent flow scales of size 
smaller than the distance separating two consecutive sample volumes is also suppressed. The standard 
mono-frequency estimate based on the auto-spectrum reveals important noise contributions throughout 
the profile.   
 
3. Acoustic profiling of turbulent erosion flux 
 
In order to test the capabilities of the ABS in simultaneous and co-located velocity and suspension 
concentration measurements at turbulent scales (settings at 32 Hz and 3mm), mean turbulent erosion 
flux versus mean sediment concentration were calculated from data collected in a fully turbulent open-
channel suspension flow at EPFL Lausanne (Bricault 2006). For the same particles, the flow 
conditions were varied over a wide range of flow discharge, Reynolds number, Shields number and 
relative bed roughness. The slope of the obtained curves has been compared to the settling velocity 
calculated by the modified Stokes formula valid in turbulent flows (Soulsby 1998). Figs. 4a, 4b and 4c 
show the results for three different flow conditions. We obtained a good linearity between ascendant 
mean erosion flux and the mean sediment concentration for all the points in the three profiles and the 
slopes of the fitted curves are in very good agreement for all flow conditions. Finally, the 
correspondence with the theoretical value of 3.9 mm/s for the settling velocity is encouraging.  
 
4. Conclusion 
 
This study proposes two novel bi-frequency methods to perform quasi-simultaneous and co-located 
velocity and suspension concentration profiling at turbulent scales using Acoustic Backscattering 
Systems working in the MHz range. The first method improves the stability of the inverted suspension 
concentration profile in situation where intensity attenuation due to sediments cannot be ignored such 
as found in highly turbulent benthic regions. However, the method is currently still limited to 
suspensions with mono-dispersed size distributions. The second method allows for an effective 
suppression of the Doppler noise contribution in the turbulent inertial subrange using the de-
correlation of the Doppler noise at two slightly different ultrasound frequencies. As a result, profiles of 
mean turbulent quantities such as normal intensities, TKE, turbulent spectra, TKE dissipation rates can 
be estimated more accurately. Finally, the ABS ability to combine velocity and concentration profiling 
is demonstrated by estimating turbulent erosion flux in highly turbulent suspension flows. 
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   Fig.1 Inverted sediment concentration profiles            Fig 2. Turbulent velocity spectrum estimation using a 

standard mono-frequency ADVP and a bi-frequency 
ADVP 

 
   Fig.3 Coherent ADVP measurements of (a) normalized TKE and (b) normalized TKE dissipation rate profiles 
in an Oscillating Grid Turbulence experiment. 

 
   Fig.4 (a) (b) (c) Mean erosion flux versus mean sediment concentration obtained for three different flow 
conditions (but same sediments) in the benthic region of highly turbulent open-channel suspension flows.  
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Sediment flux and turbulence measurements using a pulse coherent 
Doppler profiler over ripples measured with a  two axis rotary pencil 

beam system 
 

Peter Traykovski 
 

Abstract: An instrumented frame with a two axis rotary pencil beam sonar and a 
rotary fan beam sonar to measure bedform topography, and a pulse coherent Doppler 
profiler to measure profiles of velocity and backscatter from sediment was deployed 
in coarse sand at the Martha’s Vineyard Coastal Observatory during the fall and 
winter of 2005.  The bedform measurements revealed long wavelength (0.5 to 1.5 m) 
ripples with heights of 7 to 20 cm that migrated in the onshore direction.  During 
periods of relatively constant wave forcing, the ripples had wavelengths (L) that 
scaled as 0.75 times the orbital diameter (d0).  Profiles of vertical velocity were 
examined to quantify the turbulent eddies shed from the ripples. Wave friction factors 
calculated from the ripples during periods when L ~0.75 d0 were found to be an order 
of magnitude lower than predicted by commonly used friction factor models. The 
Doppler measurements were also used to examine the role of suspended flux 
entrained in eddies shed from the ripples relative to near-bed flux in forcing the ripple 
migration. 
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 THE USE OF ADCPS TO MEASURE TURBULENCE AND SPM IN 
SHELF SEAS. 

Alejandro Jose Souza 

Proudman Oceanographic Laboratory, 6 Brownlow Street, Liverpool L3 5DA, UK.  
Fax: +441517954801 e-mail: ajso@pol.ac.uk. 

Abstract: In recent years the use of Acoustic Doppler Current Profilers (ADCPs) to 
estimate Reynolds stresses, using the so called variance method, has become popular; we 
have spent quite some time in validating this method using independent measurements. 
This work reports on the comparison of ADCP and Current Velocimeter (ADV) estimates 
of Reynolds stresses. The comparison of the ADCP and ADV is encouraging during 
periods when no strong waves were present with both the explained variance of 0.8 and 
the slope of the regression being 0.97. Once we can trust the Reynolds stress estimates we 
can then use them to calculate bottom drag coefficients and in combination with the 
vertical shear the turbulence production (P) and eddy viscosity (Nz). Recently the use of 
the structure function method, borrowed from meteorology, has shown promising results 
in estimating turbulence dissipation (ε), so that we have an almost complete balance of the 
Turbulent Kinetic Energy (TKE). The ADCPs have become one of the most versatile 
instruments in shelf sea oceanography, they do not only allow to measure currents and 
produce estimates of turbulence as explained above, but we can also estimate Suspended 
Particulate Matter (SPM) from the acoustic backscatter and directional wave spectra 
using different methods. 
 

Keywords: Turbulence, ADCP, Reynolds stress, Variance method, Structure function, 
SPM. 
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1. INTRO DUCTION  

 
To be able to model the water column structure momentum and SPM it is necessary for 

numerical models to have an accurate representation of the vertical transfers due to 
turbulent diffusion. For this modern numerical models use turbulence closure schemes 
which allow non-linear interactions between shear production and buoyancy fluxes. Most 
of these closure schemes involve explicit representations of the evolution of turbulent 
kinetic energy (TKE) [1] including its production due to shear stress and buoyancy and its 
dissipation through which energy is converted to heat. Until recently testing these 
turbulence closure schemes with field data was not possible, but with developments to 
observing technologies measurements of turbulent parameters can now be made in the 
field, e.g. turbulence dissipation [2] and turbulence production [3]. This new capability 
should help realization of a better understanding and representation of turbulent processes.  

In the quest to measure turbulence parameters the use of Acoustic Doppler Current 
Profilers (ADCPs) to estimate Reynolds stresses and TKE production (P) has become 
common practice in recent years [3], [4], [5]. Great effort has been put into studying the 
theoretical errors of the method [6], and to achieve a clear validation by comparing ADCP 
Reynolds stresses with estimates from other instrumentation [7],[8]. So that we can now 
have some confidence in the TKE production estimates. More recently Wiles et al [9] has 
been using the structure function method to estimate the TKE dissipation (ε), producing 
promising results, although the dissipation values appear to be slightly under estimated. 

The advantage of the ADCP is its simplicity and versatility. The instrument is simple to 
set and use and will allow you to have a full water column estimate of P, ε and SPM, and 
if it setup properly will also let you have a directional wave spectra. 

2. METHODS  

2.1. The variance method to estimate P 

The ADCP variance method to calculate Reynolds stresses is relatively simple and 
cheap, since bottom mounted ADCPs can be left for long deployments, in comparison 
with the use of shear profilers which need to have a ship present all the time. The 
Reynolds stresses are calculated following the variance method first explained by 
Lohrmann et al. [10] and applied by Stacey et al. [4], and Rippeth et al. [3]. The method is 
based on the fact that an ADCP has two pairs of opposing acoustic beams, and that each 
beam measures a velocity that is actually a weighted sum of the local horizontal and 
vertical velocities. For example, if we choose beams 3 and 4 as one set of opposing beams, 
it follows that the velocities determined for beams 3 and 4 (u3 and u4) are given by: 

 

θcoswθsinuu;θcoswθsinuu
θcoswθsinvu;θcoswθsinvu

+−=+=
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43
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    (1) 
 
where θ is the angle of the acoustic beam from the vertical (20° in this case) and u, v 

and w are the horizontal and vertical velocity components. Separating the velocities into 
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mean and fluctuating quantities and taking the difference between the two opposing beams 
it can be shown by combining the equation (1) and ensemble average them that 
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where the overbars indicates the temporal means and primes indicate temporal 
fluctuations. The rate of production of TKE (P), in W m-3 is estimated from the product of 
the Reynolds stresses and the velocity shear according to: 
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where ρ is the water density and z is the vertical coordinate. Using this method we can also 
estimate the value of eddy viscosity, Nz, as: 
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where τx and τy are the eastward and northward components of stress. For a more detailed 
explanation of the variance method, refer to [3] and [4]. 

The ADV follows a direct method of measuring the Reynolds stresses which involves 
rapid sampling of the three components of velocity in a small sampling volume, so that 
terms of the type wu ′′  can be calculated directly from the covariance of u and w. This 
approached was pioneered by Bowden and Fairbairn [11], using electro-magnetic current 
meters. In recent years the use of ECMs has been substituted by using ADVs, which are 
simpler to use and can sample smaller water volumes, depending on frequency and brand.  
The ADVs used in these measurements were Sontek 5 MHz Ocean instruments which 
have a volume sample of about 2 cm3 at sampling rates of about 25 Hz,. These instruments 
are highly accurate (long term error of the order of 3 × 10-6 m2 s-2) and have become the 
standard for boundary studies in the laboratory and field experiments. 

2.2. The structure function method to estimate ε. 

The method was first developed by meteorologist to estimate ε from radar 
measurements [12] and it has been applied to the marine environment, with promising 
results, by Wiles [9]. The method is based on the theory that a second order structure 
function D(z,r) can be defined as: 

 
2))(')('(),( rzvzvrzD +−=       (5) 

 
D(z,r) is the mean-square of the along beam velocity fluctuation (v’) difference between 
two point separated by a distance r. If we use the Taylor cascade theory to relate length 
scales and velocity scales to isotropic eddies we have: 
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where Cv

2 is a constant between 2 and 2.2 for atmospheric studies, we will use this 
assumption for marine studies, although it appears to underestimate the dissipation values. 

2.3. SPM estimates. 

The ADCP is a system with four different acoustic transducers and as such each 
transducer can be used as an acoustic back scatter system (ABS) and be used to calculate 
the SPM concentration. Unfortunately the acoustic backscatter signal is recorded as counts 
in the ADCP instrument and to convert from counts to decibels (dB) we have to use the 
following sonar equation: 

 
)E(EKαRPL))R.((TCS rcDBWDBMv −++−−++= 216273log10 2

10   (7) 
 

where Sv is the backscatter strength; C is a constant ~-129.1; T is temperature in °C R is 
the cell range in m; LDBM and PDBM are the transmit pulse in m and the transmit power in 
W; α is the absortion coefficient of water (dBm-1) ~0.48; Er the echo intensity when no 
signal ~40; E Echo intencity, Kc is the conversion factor from counts to dB wit typical 
values about 0.45 dB/count [13]. The typical way of converting the acoustic backscatter 
data into SPM is to regress the values against bottle or pump samples or other estimates of 
SPM. In the case of the Gulf of California the corrected signal strength from the four 
beams was averaged; these data were then calibrated using vertical SPM profiles collected 
every half hour during 28 May 2002 using an Optical Backscatter System (OBS), which 
was calibrated with water samples. The linear regression between SPM concentration and 
acoustic backscatter produced the following relation: 

 
,B.Clog 2502110 10 +=        (8) 

 
where C is the SPM concentration in g m-3 and B is the acoustic backscatter signal in dB. 
This backscatter-concentration regression explains almost 86% of the variance.  

3. OBSERVATIONS.  

As part of the Proudman Oceanographic Laboratory (POL) science programme and 
within other projects we have been carrying out measurements of Reynolds stresses in 
several shelf seas and estuaries, some of them include: North Sea, Irish Sea, Gulf of 
California, the Dee Estuary in the UK and San Quintin Bay in Mexico. The observations 
presented here will be mainly from Liverpool Bay in the Irish Sea where POL has its 
coastal observatory and from the Gulf of California, where we have got some of the best 
data up to date.  

In Liverpool Bay a 1.2 MHz ADCP was deployed from 23 between January to 6 March 
2003 in about 22m of water. The ADCPs was operated using RDI rapid sampling mode 12 
and set to record 8 subpings per 1 second ensemble with a 0.5m bin. The ADV was a 5 
MHz Sontek Ocean Hydra system which was set to sample at 25 Hz. The instruments 
were mounted on the same bottom frame about 1.5 m apart, with the ADV mounted 
upwards on an arm about 0.85 m away from the frame to avoid any turbulent effect due to 
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the frame; the data were recorded for 10 minutes every hour. This was to allow for the 40 
day deployment. The measuring volume of the ADV and the centre of the second ADCP 
bin were co-located at about 1.5 m from the seabed.  (At these heights the ADCP bins are 
about 0.7 m apart in the horizontal, for a 20º beam angle). In the Gulf of California we 
only deployed a 1.2 MHz ADCP during the spring tidal period, between 27 and 29 May 
2002 in a mean water depth of about 25 m, which is within the mixed region of the Upper 
Gulf of California, the ADCP recorded data continuously and was operated in mode 1 set 
to record a 6 acoustic ping average every 2 seconds.  

Both the fast sample ADCP and current meter records were analyzed with a basic 
averaging period of 10 minutes. Values of Reynolds stresses are given in units of m2 s-2 
and should be multiplied by the water density (~1027 kg m-3) for conversion to Pascals. 
For display purposes the data were rotated so that the wu ′′  component of the Reynolds 
stress was aligned with the major axis of the barotropic tidal current, which will be called 
the along-stream component, while wv ′′  will be the across-stream component. For 
quantitative comparison purposes the ADCP and ADV data were considered as vectors 
and compared using complex linear regression.  

 
Fig.1: Scatter plot ADCP vs ADV estimates of along stream and across stream 

Reynolds stress, for calm weather period in Livepool Bay  from 8 February to 5 March 
2003. 

Scatter plots of the Reynolds stress estimates from Liverpool bay, using the second 
ADCP bin against ADV estimates during a period of calm sea, wave height less than 1 m 
and periods of about 2 seconds, are shown in fig. 1. The explained variance (R2) is 0.81 
and the slope is 0.97 with an intercept of 4 × 10-5 m2 s-2 when the ADCP estimates are 
regressed against the ADV. Fig. 2 shows the time series of Reynolds stresses for the 
regression used in figure 1. The along stream component of the Reynolds stress appears to 
be in good agreement between ADCP and ADV, while there appears to be  clear over 
estimation of the across stream component of up to 2 × 10-4 m2 s-2. There is in this case, 
however, a repeatable, since we have made measurements at this site more than once 
showing the same pattern, an unexplained reduction of the slope of the correlation on 
flood tides, that we have not seen at other sites.  What could cause a reduction in the 
turbulent length scale such that the ADCP-based estimate is reduced on flood tides? Two 
possibilities are an effect of stratification or possibly of asymmetric bedforms in 
predominantly sandy sediment. The site is near the mouth of the river Mersey. For this 
deployment the water column was always well mixed at high water and also for more than 
half the tides at low water. For the remainder it was weakly stratified at low water, 
generally by less than 0.5 kg m-3 but on seven tides by 1 kg m-3, this switching between 
mixed and weakly stratified should be caused by tidal straining, which could bring an 
extra production term due to convection and somehow be observed by the ADCP.  The 
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third possibility (the frame or instruments affecting the flow) is unlikely since the same 
pattern has been seen on several deployments. 

During the observational period, the tidal velocities were almost rectilinear with a semi-
major axis of the order of 0.6 m s-1 near the sea surface and 0.3 m s-1 near bottom, while 
the near bottom and near surface tidal shears were 0.03 and 0.01 s-1, respectively.  

The data from the Gulf of California is plotted in Fig. 3. with ε (a), P (b) and SPM ( As 
expected, the highest rate of TKE production is found near the bed with values decreasing 
about an order of magnitude between the bottom and 12 mab (Fig. 3b). The near-bed (~1.5 
mab) maximum P is of the order of 10-2 W m-3 during both ebb and flood with minimum 
values at slack water of the order of 10-4 W m-3. The bottom production P shows a quarter-
diurnal periodicity as it is dependent on the current speed, i.e. there are two maxima of 
current speed per semi-diurnal tidal cycle. As is the case for the Reynolds stresses, there is 
an apparent asymmetry between flood and ebb, with higher values of P and greater 
extension up into the water column during ebb.  

Similar to TKE production, the concentration of SPM (fig. 3c) shows a quarter-diurnal 
variability with maxima of more than 30 g m-3 near the bottom, decreasing to less than 10 
gm-3 at about 12 mab. The SPM concentration also appears to have a similar asymmetry in 
the near bottom region, but there is no sign of the near-surface localized maxima observed 
for P at low water.  

Estimates of eddy viscosity (Nz) were calculated from hourly averages of Reynolds 
stresses and shear following equation (4). These estimates of eddy viscosity (fig. 4a) show 
variability between 10-3 and 10-2 m2 s-1 in the bottom half of the water column, with 
maximum values around peak flow and low values around slack water. We also estimated 
the eddy viscosity from the regression of all the estimates of Reynolds stress and shear 
(figure 4b); this is equivalent to the mean vertical profile of Nz. The mean eddy viscosity 
shows a typical profile with values slightly increasing from the bottom (~ 3 × 10-3 m2 s-1) 
to about 3.8 × 10-3 m2 s-1 at about 3 mab followed by a continuous decrease to near zero at 
12 mab. 

 
Fig.2: Time series of Reynolds stresses from 8 February to 5 March 2003, ( _ ) ADCP, 

(--) ADV, from Liverpool Bay. Note the different scales on the along- and cross-stream 
diagrams. 
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 Fig.3: Time series of TKE dissipation (ε) and Production (P)in log10(Wm-3) and SPM in 
gm-3 

 
 

Fig.4: Estimates of eddy viscosity Nz (m2S-1) a) time series; b) temporal average 

4. DISCUSSION AND CONCLSION.  

This study together with [7] and [8], builds confidence on the use of ADCP Reynolds 
stress estimates in shelf seas at least during periods of calm weather. Nevertheless it 
should raise awareness that in the presence of waves the methods break down, so that we 
should be very careful when interpreting the data.  A useful guide if co-located ADV 
measurements are not available is to compare the ADCP estimates of Reynolds stress 
against a quadratic drag law, u|u|. The fact tha we can use estimates of Reynolds stresses 
allow us to do some interesting work, like in the case of the Gulf of California, where we 
show some good coherence between the TKE production and dissipation with the SPM. 

This work advances the understanding of turbulence generation and dissipation and 
SPM dynamics by: 

1) Demonstrating the capability to continuously and simultaneously measure TKE 
production, dissipation and SPM using a single instrument, combining the 
variance method [3],[4] , the structure function method [12] and acoustic 
backscatter measurements to estimate SPM.  

2) Illustrating good agreement between these observations and classical theoretical 
studies of turbulence and SPM [14]. 

To our knowledge, this is the first complete data set that combines measurements of 
turbulence characteristics, such as TKE production, dissipation and Reynolds stresses, and 
SPM concentrations in shelf seas. As such, it offers simple and exciting opportunities, 
applicable in a wide range of conditions, to test and develop turbulence and SPM models 
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and thereby improve our predictive capabilities. 
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 FIELD MEASUREMENTS OF WAVE INDUCED SAND RIPPLES IN 
THREE DIMENSIONS. 
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Abstract: An acoustic profiling system designed to measure sand ripples in three 
dimensions has been developed and successfully deployed on benthic frames at two sites 
around the UK coast. The system comprises a mechanically scanning pencil beam acoustic 
transducer mounted on a two axis stepper motor assembly within a fully enclosed oil-filled 
housing. A pressure sensor, temperature sensor and conductivity sensor are also integrated 
with the instrument, ensuring the correct speed of sound is used for deriving distance to 
the bed from the time of flight of the acoustic pulses. Data recorded at two sites using the 
3D-Acoustic Ripple Profiler are presented showing tidally migrating sand waves in the 
first case, and wave induced sand ripples evolving in response to a passing storm in the 
second. 

Keywords: ripples, waves, sand 
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1. BACKGROUND  

Acoustic systems for measuring sea bed topography at high resolution along a line have 
been in use for a number of years [1][2][3][4][5]. These line-scanning systems are ideal 
for use in flumes and in other areas where the orientation of the bedforms can be 
anticipated in advance. However, they give no information about the three dimensional 
context of the measurements such as the cross-flow uniformity of the bedforms. They are 
also of limited use in the open ocean where the wave and current forcing may be from any 
direction, and hence the bedforms and their migration may be oriented in any direction. To 
address this issue, a system that scans in three dimensions was commissioned, allowing 
complete three dimensional maps of the sea bed to be generated at high resolution at 
regular intervals. A number of field deployments of this system have been made and a 
selection of the results are presented here. 

2. INSTRUMENT DESCRIPTION 

The brief for the Three Dimensional Acoustic Ripple Profiler (3D-ARP) was drawn up 
by the authors and developed to order by Marine Electronics Ltd. of Guernsey. It 
comprises a 1.1MHz pencil beam acoustic transducer mounted on a dual axis stepper 
motor assembly. All moving parts are enclosed in an oil-filled and pressure balanced 
acoustically transparent plastic housing, thereby minimising the possibility of corrosion 
and fouling. 

Other integrated sensors include a pressure sensor for depth measurements and +/-20o 
pitch and roll sensor to remove errors due to non-level mounting. An integrated Falmouth 
Scientific Inc. conductivity and temperature module allows the accurate determination of 
the ambient speed of sound – essential in a time of flight applications such as this where 
the deployment may be in situations with widely varying water temperature and salinity. 

During operation the system performs a vertical scan with up to 400 angular steps per 
360 degrees typically to a range of 4m. The full backscatter profile at each angular 
position is stored and once the sweep is completed, the head rotates about the vertical axis 
by a preset amount ready to perform the next vertical scan. This process is repeated until 
the complete area beneath the system has been scanned. Onboard processing for detecting 
the bed echo in the backscatter profiles then obtains the coordinates of the bed in three 
dimensions for every acoustic pulse in the scan, taking into account the attitude of the 
instrument and the speed of sound in water at that time. A complete scan of the sea bed 
takes from 5 to 15 minutes depending on the number of angular steps, i.e. the resolution 
that has been selected. The resulting coordinate file is stored alongside the raw data file on 
an internal drive that has recently been upgraded from hard disk to an 8Gbyte compact 
flash card, reducing the power consumption significantly. 

A photograph of the 3D-ARP is shown in Figure 1 mounted on the new STABLE III 
frame such that the acoustic head will be approximately 1.2m above the sea bed. The 3D-
ARP is the yellow tube mounted vertically and has been highlighted by the black oval. 

The raw acoustic backscatter data representing a single vertical slice through the water 
from a full 3D scan of the bed is shown in Figure 2. The location of the bed echo in this 
profile is marked by a white line. This scan was recorded in a field of migrating sand 
waves that eventually caused the partial burial of the mini-STABLE frame during the 
LEACOAST2 project. 
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Fig.1: A photograph of the 3D-ARP mounted on the new STABLE III frame ready for 

deployment in the Dee Estuary 
 

 
Fig.2: A single vertical acoustic backscatter slice through the water as recorded by the 

3D-ARP. Darker colours correspond to stronger backscatter and the detected position of 
the bed is shown as the white line.. 

3. RESULTS 

Several deployments of the 3D-ARP have now been completed and a selection of 
results are shown in the following pages. To date, three deployments have taken place in a 
15m deep tidal channel in the Dee Estuary between the Wirral peninsular and North Wales 
where sand waves are known to exist. These data have shown tidally migrating sand 
waves and some wave induced ripples at high water when waves are able to reach the 
deployment site.  
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Fig.3: A 24 hour sequence of 3D-ARP data recorded in a field of migrating sand waves 

in a tidal channel in the Dee Estuary. A sand wave can clearly be identified moving in 
from the right and then back out again to the left in phase with the tide. The three 0.5m 

diameter circular feet of the STABLE II tripod can be seen in the plots. The length scales 
on each plot are in metres. 
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Figure 3 shows a series of these data spanning a 24 hour period illustrating a migrating 

sand wave over a period of 1 day at 1 hour intervals. The sand wave migrates back and 
forth in response to strong tidal currents in the 12m (to Admiralty Chart Datum) deep 
channel. The colour scale represents height relative to the instrument; hence all height 
values are negative as the bed is always below the instrument. The three 0.5m diameter 
circular lead feet of the STABLE II frame show up clearly in the data, surrounded by 
noticeable scour pits.  

The sensor data associated with the time period covered by Figure 3 are shown in 
Figure 4. These data were recorded at the start of each record using the on-board sensors, 
and show depth, water temperature, salinity, pitch and roll. The sound velocity was 
calculated from the temperature and salinity readings. A clear tidal signal can be seen not 
only in the depth data but also in the temperature and salinity, and hence the sound 
velocity. This is not surprising as the tidal channel in which the instrument tripod was 
deployed is one of the main tidal channels of the Dee Estuary, into which flows the fresh 
water of the River Dee. It is thought that the jump in the roll data may be due to the 
instrument frame changing attitude as a result of scour round the feet. 
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Fig.4: The on-board sensor data associated with the 24 hours of data illustrated in 

Figure 3.  
 

Further deployments have been made as part of the LEACOAST2 project studying 
sediment and hydrodynamics around shore parallel breakwaters at Sea Palling in the south 
east of England. During the pilot study the instrument tripod onto which the 3D-ARP was 
mounted was deployed offshore of the breakwaters in an area exposed to both waves and 
currents. A photograph of this somewhat smaller instrument tripod, now known as ‘Mini 
STABLE’ can be seen in Figure 5.  
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Fig.3: A photograph of the 3D-ARP mounted on the mini-STABLE frame about to be 

deployed outside the breakwaters at Sea Palling. Some of the shore-parallel breakwaters 
can be seen in the top left of the photo. 

 
During the pilot deployment during March-April 2006, it was found that the small feet 

and heavy load of the instruments caused the frame to sink into the sand by approximately 
60cm, leading to the 3D-ARP being only 45cm above the bed – considerably lower than 
intended. The effect of this on the data is to reduce the grazing angle of the acoustic beam, 
particularly at the longer ranges, causing more shadowing of the bed by the bedforms and 
reducing the ability of the instrument to accurately determine the proper bed topography. 
This can be seen as increased noise in the plots in Figure 6 compared to those in Figure 3, 
particularly in the troughs of the bedforms which are in the acoustic shadow of the 
bedform peaks at the longer ranges. The design of the feet was subsequently modified to 
reduce the problem of frame sinkage, although the modifications cannot prevent burial by 
migrating bedforms. 

Several wave events originating from different directions occurred during the 
deployment and a selection of bedforms are illustrated by the plots in Figure 6, recorded at 
various times during one of those wave events in early April 2006. The bedforms can be 
seen to change significantly in both size and orientation in response to a combination of 
waves and tidal currents. Initially the bedforms are produced in response to swell waves 
from the north, producing large ripples approximately oriented across the images. 
Towards the end of the wave event, the waves were dominated by short period, locally 
generated wind waves from the south east, leading to a set of smaller amplitude, shorter 
wavelength ripples, oriented at approximately 90 degrees to the original ones. These quite 
different ripples formed on top of the existing larger and longer bedforms, almost 
obliterating them by the time of the last plot in Figure 6. 
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Fig.6: A selection of 3D-ARP scans recorded during a wave event at Sea Palling in March 
2006 as part of the LEACOAST2 project. Various size and orientations of bedforms can be 

seen as the wave direction, size and period evolve during the passage of the storm. 
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4. SUMMARY  

A dual axis, mechanically scanning acoustic bed profiler has been developed and 
deployed in a number of locations. It includes sensors to determine the ambient speed of 
sound as well as sensors for monitoring depth and instrument attitude. The data collected 
so far have demonstrated the usefulness of the instrument for monitoring evolving and 
migrating bedforms in three dimensions at high resolution. This will allow the 
quantification of bed-load transport due to bedform migration in field situations where the 
orientation of the bedforms and their migration direction is arbitrary. 
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Quantitative and Qualitative Uses of Acoustic Techniques for 
Sediment and Particular Organic Material Transport in Coastal 

Environments 
 

George Voulgaris 
 

Abstract: Significant amount of work has been carried out on the backscattering 
characteristics of sedimentary particles present in the marine environment. The 
majority of these analyses has focused on understanding backscattering properties 
(i.e., form function and backscattering cross-sectional area) in predominantly 
laboratory and few field experiments for both monostatic and bistatic systems. This 
work combined with the commercial availability of multi-frequency acoustic 
instrumentation have made the use of acoustics for sediment dynamic studies a 
relative mature field that can be utilized by the non-expert in the field of underwater 
acoustics. The field has been rapidly expanding in a manner similar to that of flow 
measurements using acoustic methods.  In this contribution three examples of the use 
of acoustic techniques for sedimentary processes in three different environments will 
be presented. These include:   (i) The use of multi-frequency Acoustic Backscattering 
Systems (ABS) to quantitatively estimate sediment concentration and size on the inner 
shelf under the combined action of waves and currents.  (ii) The combined use of 
Acoustic Doppler Velocimeters (ADVs) and optical instruments to estimate size and 
density of particulate matter and identify flocculated particles in a salt marsh 
environment; and  (iii) The use of acoustic Doppler current profiler (ADCP) systems 
in estuaries to estimate sediment fluxes and to qualitative increase the temporal and 
spatial resolution of fluxes of Particulate Organic Components (POC).  The specific 
methods, including calibration procedures, will be discussed as well as the results in 
terms of sediment dynamics.  
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MULTIPLE FREQUENCY ACOUSTIC BACKSCATTER 
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Abstract:  
 
The use of Multiple Frequency Acoustic Backscatter for the quantitative assessment of 
sediment size and concentration has been well documented over the last 15 years (Hay 
and Sheng, 1992; Thorne and Campbell, 1992).  Past work has generally concentrated on 
physical acoustics and field measurements. We discuss the instrumentation factors that 
affect the quality of measurements, providing instrument users with the breadth of 
information required to make the best assessment of their data. 
Acoustic transducers are a critical part of any acoustic system, but their non-ideal 
characteristics are often overlooked, yielding unexpected results. We assess the effects of 
stability, bandwidth and beam pattern on the performance of the overall system, and how 
the choice of transducer size and material influences the quality of data collected.  
The ABS system must have a dynamic range capable of capturing the statistics of the 
acoustic backscattered signal over the entire measurement range. We describe the 
practical dynamic range limits and a method for assessing potential measurement error. 
Many multi-frequency ABS studies have used 1 cm spatial resolution, but there is also 
interest in finer resolution for near bed work and coarser resolution for longer range 
applications.  We discuss the trade-offs in accuracy and resolution in the context of 
environmental and system constraints. 

Keywords: Acoustic Backscatter, Suspended Sediment,  

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1055



 

1. BACKGROUND 

There have been many publications about the use of acoustic backscatter techniques for 
measuring suspended sediment concentration and mean particle size. In this paper we aim 
to summarise the instrument-related characteristics that should be taken into consideration 
when deploying a system in both a tank and the field.  

 
The voltage recorded by an acoustic backscatter instrument from a suspension of 

sediment has been described by Thorne & Hanes (2002) and is given by formula (1). 
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Kt remains constant over range assuming time-varying gain is not applied. It takes into 
account the instrument’s measurement characteristics, where R is the transducer’s receive 
sensitivity, T is voltage transfer function of the receiver electronics. Po is the transmit 
pressure at range ro. The transmitted pulse length is described by τc where τ is the pulse 
length in seconds and c is the speed of sound in water. The transducer far field beam 
pattern is described by the final term where k is the wave number and at is the effective 
transducer radius, which we will discuss later. Measuring all these terms can be difficult, 
so a calibration using a known concentration of scatterers can be used to determine a Kt 
for each transducer and the system. Thorne et al. (1993).  

Ks describes the scattering properties of the sediment in suspension and is dependent on 
the mean form function f, the mean sediment radius and the sediment density. Extensive 
work has been undertaken in this area but is not a subject of this paper.  

We will discuss the near field correction ψ and the effect of the transducer’s beam 
pattern on this. r is for range and M describes the mass concentration of the sediment. 
Finally the α term describes the attenuation due to water and sediment.  

2. TRANSDUCER PERFORMANCE 

The transducers used in an acoustic backscatter system provide the greatest 
performance limitation of the system; we will discuss the beam pattern and bandwidth 
limitations of these transducers.  

2.1. Beam Pattern 

There is a difference between the beam pattern predicted from the ceramic radius and 
the actual beam pattern of the transducer. The theory is based on an unconstrained disc, 
while in practice the material used to encapsulate the transducer constrains the edges of 
the ceramic, changing its effective diameter.  
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The following describes the results for a 2 MHz transducer with a ceramic radius of 5 
mm. Using equation (2) the 3 dB half beam-width is calculated as 2.2°.  
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α sin
sin2 1

⋅
⋅
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t
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kAJ

P   where 
c
fk π2

=  

 
P is the variation in the pressure field with measurement angle 
α is the measurement angle from the main lobe axis  
J1 is the Bessel function of the 1st order.  
At is the transducer radius. 
f is the frequency 
c is the speed of sound in water 

(2)

Far-field beam pattern measurements were carried out on transducers by moving a 
needle hydrophone across the transducer beam in the far field. Four transducers operating 
at 2 MHz were tested for consistency with the calculated beam pattern. The resulting beam 
widths ranged from 2.3° to 2.4°. Therefore to compensate for the actual beam pattern the 
effective transducer radius must be between 4.8 mm to 4.6 mm.  

If Kt is determined by calibrating with known sediment then any variation in beam 
pattern will be included in this, otherwise if Kt is calculated from the individual terms then 
selecting 4.7 mm as the effective radius may result in a ±2% error in the value of Kt.  
The transducer radius is also used in the near field correction equation (3) used to 
approximate for the deviation from spherical spreading close to the piston transducer. The 
graph (1) shows the near field error caused by an incorrectly determined transducer size. 
The zero error line has been chosen to be 4.7mm which is the typical At for the 2MHz 
transducer.  
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Fig 1: Error in near field correction for inaccurate transducer diameter.  
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2.2. Transducer Side lobes 

The beam pattern for a transducer was measured in the far field using a needle 
hydrophone by rotating the transducer through ±100°. The polar plots in figure 2 show the 
beam pattern for the 1 MHz and 4 MHz transducers. The side lobes can be clearly seen, 
with the largest being the first at 7° (1 MHz Ø20 mm) and 3.5° (4 MHz Ø10 mm). The 2 
MHz Ø10 mm beam pattern is similar to the 1 MHz due to the smaller ceramic size.  

The problem with these side lobes is when they hit a good reflector, such as the edge of 
a tank or part of a mounting frame, because this introduces a large reflection, which may 
dominate over any return from the sediment scattering in the main beam. Therefore to 
avoid problems caused by primary or secondary side-lobe reflections, a ±20° clear zone 
should be allowed around the transducer. A smooth sided tank does not cause problems 
unless there are bubbles or other objects on the surface, as the sound is reflected at an 
angle and so bounces further down the tank.  

 

  

Fig 2: Beam patterns for 1 MHz Ø20 mm and 4 MHz Ø10 mm transducers 

2.3. Transducer Bandwidth 

When looking at near bed suspended sediment concentrations there is a desire to use 
small bins to expose the detail.  However the bandwidth of the transducer will determine 
the shortest pulse that can be used. To assess the performance of the transducers, a sample 
of 4 transducers at each frequency was taken, and the bandwidth measured using a 
membrane hydrophone that provides a flat receive frequency response (<1 dB from 1-10 
MHz). To maximise the bandwidth of the transducer, a matching layer is used between the 
ceramic and the water, which should be a ¼ or ¾ wavelength. At the higher frequencies 
the tolerances become smaller and therefore slight machining variations will alter the 
bandwidth as can be seen in the table below.  

3 dB Bandwidth (kHz) Transducer 
frequency Set 1 Set 2  Set 3 Set 4 
1 MHz 211 200 210 210 
2 MHz 400 408 401 544 
4 MHz 738 556 684 522 

Table 1: Transducer measured bandwidths 

The minimum pulse length is defined as one where the pulse reaches its maximum and 
then returns to zero (Fig 2b). If the pulse is too short, then the maximum is never reached 
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(Fig 2a). When the pulse exceeds this minimum then the additional length will transmit 
maximum energy. The minimum pulse length is calculated using equation 4.  

)(
1)(
kHzB

mmngthMinPulseLe =    (4)

If we take the worst case bandwidths for the transducers in question then we can see 
that the minimum pulse lengths are 5 µs for 1 MHz, 2.5 µs for 2 MHz and 1.8 µs for 4 
MHz.  From a test of a single 500 kHz transducer, we achieved a bandwidth of 100 kHz 
and therefore the minimum pulse length at this frequency is 10 µs. 

Traditionally we transmit a pulse that is equal to the two way travel time of a single 
sample bin. Therefore for a nominal speed of sound of 1500 ms-1 and 10 mm bin size, the 
transmitted pulse should be 13.3 µs. Therefore the bin size for 500 kHz should be limited 
to 7.5 mm and for 1 MHz to 3.8 mm.  

When working with a system that enables the changing of the transmit pulse length this 
should be taken into account. Using equation (1) we see that doubling the pulse length (τ) 
would increase the backscatter voltage by √2. However if the pulse is too short for the 
transducer in one bin size, doubling the bin size will result in higher than expected 
increase in energy in the system.  

Table 2 shows the results from an experiment using a homogenous mixture of ballotini. 
4800 profiles were averaged for bin sizes of 2.5 mm, 5 mm, 10 mm, 20 mm and 40 mm 
for a range from 20-60 cm.  The ratio between the results from different bin sizes was then 
calculated and averaged for the entire profile. This was compared with the theoretical √2 
scaling. The 1 MHz result for the 2.5 mm bin size is lower than the theory suggests, which 
is expected because of the minimum pulse width limitation of the transducer. But it is 
feasible to calibrate the system at 1 cm resolution and then scale for all bin sizes other than 
2.5 mm when using these frequencies.  

Resolution ratio Theoretical 1 MHz 2 MHz 4 MHz 
5 mm/2.5 mm 1.41 1.56 1.41 1.44 
10 mm/5 mm 1.41 1.41 1.37 1.42 
20 mm/10 mm 1.41 1.42 1.41 1.41 
40 mm/20 mm 1.41 1.43 1.42 1.42 

Table 2: Scaling of results when double bin size 

3. DYNAMIC RANGE 

From equation (1) we can see the various factors that have an effect on the voltage 
measured by an acoustic backscatter system. In this section we discuss the limiting factors 
on the minimum and maximum backscatter signals that can be measured by a system.  

The amplitude of the measured backscatter pressure from a suspension of particles fits 
a Rayleigh distribution if kas<1. Where k is the acoustic wave number and as is the 
sediment radius. The Rayleigh distribution is described in (5). 
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=    

A is the backscatter pressure amplitude 

ξ is the reverberation variance 

 

(5) 
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3.1. Maximum & Minimum Signal 

Saturation determines the maximum signal amplitude that can be detected. From the 
Rayleigh distribution we know that we need to detect higher voltages than our final mean 
value. The saturation of these signals will cause an artificially lower mean value to be 
calculated. We therefore should aim to operate the system at a level that limits the effect 
of this saturation to within our required accuracy. Figure 3 illustrates how the Rayleigh 
distribution changes as the overall backscatter intensity increases. The amplitude axis has 
been scaled such that the zero to one indicates the system’s operating range. Therefore 
saturation occurs for amplitudes exceeding a value of one.   

 
Fig 3: Plot of the measured backscatter voltage for different concentrations.  
 
ABS systems should be designed to ensure that any signal that exceeds the saturation 

point Asat will be limited to the value of Asat. Therefore there will be a spike in the 
probability distribution at Asat equal to the probability that A>Asat. This has the effect of 
artificially lowering the measured mean.  

The lowest portion of the Rayleigh distribution will be lost due to the discrete sampling 
interval of the analogue to digital converter (ADC). This signal is effectively discarded 
and therefore can be modelled by setting the lower limit equal to the minimum detectable 
signal.  

Equation (7a) gives the mean of the ideal distribution and equation (7b) takes into 
account the effect of the saturation and the minimum signal. Figure 4a is a plot illustrating 
how the mean measured by the instrument is lower than the theoretical value.  

Therefore an ABS system using a 16 bit ADC will generate a count value from 0 to 
65535. The minimum detectable signal is 1 and the saturation point is 65535.   

Figure 4 shows the error in the actual mean (7b) compared to the ideal situation given 
by equation (7a) for the small and larger signal ranges, the 

It can be seen that operating the system with a mean value between 8 and 32000 results 
in less than a 1% error in the mean of the distribution. This gives a 72 dB useable dynamic 
range.  

2
πξμ ⋅=Ideal       where µ is the mean of the distribution 
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Fig 4: Error in the calculated mean signal due to system min and max limits 

3.2. Environmental and System Noise 

The lowest detectable signal is dependent on the noise in the environment and the 
system noise. At frequencies above 500 kHz the environmental noise is thermal, caused by 
agitation of water molecules, so shipping, wind and turbulence noise can be ignored. We 
can calculate the thermal noise using equation (5) from Coates (1990). Using this equation 
with a bandwidth of 75 kHz and the measured transducer sensitivities we can calculate the 
noise voltage at the receiver. This is approximately 100 nVrms for all frequencies because 
the increase in noise with frequency is offset by a lowering in the transducer sensitivity.  

The main contributor to the system noise is usually the first stage amplification.  The 
noise figure for the AQUAscat system has been measured and referred to the input voltage 
level giving a figure of approximately 1 µVrms for all channels over a 75 kHz bandwidth. 
Therefore system noise is the dominant figure.  

)log(10)(log2015 BkHzfseLevelThermalNoi ++−=  dB re 1µPa 
f is the centre frequency  B is receiver bandwidth  (5)

The filtering within the system results in narrow band noise centred at the specific 
transducer frequency ωo and with a bandwidth determined by the filters. The noise signal 
n(t) can be modelled using equation (6a), where x(t) and y(t) are slowly varying 
independent random variables with Gaussian probability distribution functions. This signal 
can be represented in terms of a random amplitude r(t) with a Rayleigh distribution and a 
random phase ø(t) with a uniform distribution. The AQUAscat system records the 
amplitude signal r(t) in standard mode or x(t) and y(t) in complex mode.  

)sin)(cos)()( 00 ttyttxtn ϖϖ −=   

))(cos()()( 0 tttrtn φϖ +=       22 yxr +=   and  ⎟
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⎞

⎜
⎝
⎛= −

x
y1tanφ  

(6a)

(6b)

Both the backscatter and noise signals are independent random variables and therefore 
the mean of the combined distribution is the same as the sum of their independent means. 
Therefore by measuring the system noise without the backscatter signal, we can later 
remove the effect of this noise from the result.  
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The error in the calculated mean for a Rayleigh distribution is given in (8) and shows 
that at least 10000 profiles should be used to obtain a mean noise figure within 0.5%.   

To achieve accuracy in the backscatter mean figure of 5% ignoring the effects of noise 
requires 100 profiles to be averaged, which results in a 5% error in the noise mean for that 
ensemble average. So if the backscatter mean is at least five times larger than the noise 
mean then the noise will only contribute an additional 1% (5%÷5) to the error. Therefore 
if we set the system noise to have a mean of 2 counts then a backscatter mean as low as 10 
counts results in a noise error of 1% and a truncation error of 1% (from figure 4). 

( )
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VV
n

V rms
rmse 24

4
≈

−
=

πσ   where n is the number of profiles 
(8)

Using equation (1), the sediment scattering model for sand from Thorne (1993) and Kt 
values from a real system with 1 MHz, 2 MHz and 4 MHz transducers we can simulate the 
received voltages at different concentrations and sediment sizes within the Rayleigh 
scattering region to determine a guide to the operating limits. The dynamic range enables 
suspended sediment concentrations of between 50 mg/l and 10 g/l to be measured over a 
range of 20 cm to greater than 1 m from the transducer with a 1 cm bin size. Doubling the 
bin size reduces the noise bandwidth by the square root of two and increases the 
backscatter voltage by the square root of two. Therefore the signal to noise improves by 
two each time the bin size is doubled. Using larger bin sizes enables concentrations as low 
as 10 mg/l can be measured.  

4. CONCLUSION 

The paper has shown that care should be taken when configuring and installing an 
acoustic backscatter system in the field or laboratory flume or tank to ensure that the best 
possible data quality is achieved. Care should be taken when positioning transducers to 
avoid problems with side lobes. When operating in the near field region of the transducer 
(<20 cm) the effective radius should be measured accurately.  

By understanding the pulse length limitations of the lower frequencies and the signal to 
noise requirements for the concentrations to be measured it will be possible to optimise the 
bin size for the specific study.   
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Laser Scattering by Random Shaped Particles and its impact on 
Suspended Sediment Measurement  

 
Yogesh C. Agrawal, Amanda Whitmire, Ole Mikkelsen, H.C. Pottsmith 

 
Abstract: In recent years, laser diffraction methods, also called multi-angle laser 
scattering, have provided new details on suspended sediment size distributions, 
concentrations, and settling velocities. In all cases, the multi-angle scattering is 
inverted with a model for light scattering by homogeneous spheres - Mie Theory. 
Looking beyond Mie theory, light scattering by non-spherical but regular shapes, and 
to a limited extent, 'random' shapes can be estimated theoretically. However, 
verification of these models, as well as extension of understanding to large particles 
has not been done. In this work, we present empirical data on random shaped natural 
particles and examine the impact of the differences between these properties and Mie 
theory. Two frequently seen anomalous phenomena in the marine and aquatic 
environment - one of a rising edge at the small-size end of the size spectrum, and two, 
a faster-than-Stokes settling velocity estimate for fine particles using settling tubes in 
combination with this method, are explained. A limited view of variability between 
'random' shaped particles from differing sources is presented as well.  These results 
indicate that 'random' shaped particles appear optically larger than spheres sorted in 
identical ways; a narrow size random particle suspension appears as a broader 
distribution of equivalent spheres, and that the anomalous observations noted above 
are 'cured' by incorporating realistic forward models of light scattering. In effect, this 
work now enables replacing Mie theory with an empirical multi-angle scattering 
model.  The new data have fundamental value to light propagation studies as well, 
since the data are obtained as optical phase functions. 
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Abstract: Measurements of the flow, suspended sediments and bedforms have been 
collected in the large Delta Flume facility of Delft Hydraulics in the Netherlands. The 
flume is 230 m in length, 5 m in width and 7 m in depth. The facility allowed field scale 
conditions to be generated in a controlled manner. Utilising an acoustic backscatter 
system, ABS, and an acoustic ripple profiler, ARP, in conjunction with more conventional 
measurements, studies have been made of sediment entrainment over ripples under 
regular waves. Under regular waves, over steep ripples, it is generally considered that 
vortex ejection at flow reversal is the main mechanism for entrainment. In small scale 
flumes with sharp crested ripples, vortices have been observed. However, there are 
relatively few observations of the mechanism at field scales.  The mechanism is examined 
here using observations of intra-wave intra-ripple entrainment collected in the Delta 
flume. In conjunction with the vortex measurements an examination of the form of the 
sediment diffusivity is carried out and the links between its form and the vortex model is 
discussed. 

 

Keywords: acoustics, backscattering, suspensions, sediments, ripples, vortex, diffusivity 
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1. BACKGROUND  
 
Over large areas of the continental shelf outside the surf zone, sandy seabeds are covered 
with wave formed ripples. If the ripples are steep, the entrainment of sediments into the 
water column, due to the waves, is mainly considered to be due to the generation of 
vortices1. This process is illustrated in figure 1. A spinning parcel of sediment laden water, 
v1, is formed on the lee side of the ripple at the peak positive velocity in the wave cycle, as 
shown figures 1a-1b. This sediment rich vortex is then thrown up into the water column at 
flow reversal, figure 1c-1d, carrying sediment well away from the bed and allowing it to 
be transported by the flow. At the same time a sediment rich vortex, v2, is being formed on 
the opposite side of the ripple due to the reversed flow. As shown in figures 1d-1f, v2 
grows, entrains sediment, becomes detached and moves over the crest at the next flow 
reversal carrying sediments into suspension. The main feature of the vortex mechanism is 
that sediment is carried up into the water column twice per wave cycle around flow 
reversal.   
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Figure 1. Schematic of vortex entrainment of sediment over a rippled sandy bed.  The 
horizontal arrow at the top of each figure represents the near-bed velocity 

 
2. EXPERIMENTAL FACILITY 
 
To study this fundamental process of sediment entrainment, experiments were conducted 
in one of the world’s largest manmade channels, specifically constructed for such 
sediment transport studies, the Delta Flume in the Netherlands2,3. The flume, shown in 
figure 2a, is 230 m in length, 5 m in width and 7 m deep and it allows waves and sediment 
transport to be studied at full scale.  A wave maker at one end of the flume generates the 
waves which propagate along the flume over a sandy bed and dissipate on a beach at the 
opposite end. The bed in the present experiments comprised coarse sand, d50=330μm, 
which was located approximately halfway along the flume in a layer of thickness 0.5 m 
and length 30 m. In order to make the acoustic and other auxiliary measurements an 
instrumented tripod platform was developed; this is shown in figure 2b. The tripod 
STABLE II (Sediment Transport And Boundary Layer Equipment) used an acoustic 
backscatter system, ABS, to measure profiles of particle size and concentration, a pencil 
beam acoustic ripple profiler, ARP, to measure the bedforms and electromagnetic current 
meters, ECM’s, to measure the horizontal and vertical flow components. Figure 2c shows 
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a wave propagating along the flume with STABLE II submerged in water of depth 4.5 m, 
typical of coastal zone conditions. 

 
 

Figure 2. (a) Photograph of the flume used to collect the measurements. (b) The 
instrumented tripod platform, STABLE II, used to make the acoustic measurements. (c) A 
wave propagating down the flume. 
 
The platform and the instrumentation on STABLE II are shown in figure 3. To measure 
the suspended sediment profiles a triple frequency, 1.0 MHz, 2.0 MHz and 4.0 MHz, 
acoustic backscatter system, ABS, was employed. This provided 128 Hz measurements of 
the backscattered signal, at 0.01m intervals from the bed, up to the location of the acoustic 
transducers mounted at a mean height of 1.24 m above the bed. To augment and calibrate 
the ABS measurements, pumped samples were collected at ten heights above the bed, 
between 0.05 m-1.55 m. As well as using the ABS to locate the bed position, an acoustic 
ripple profiler, ARP, was used to make measurements of ripple height and wavelength 
along a 3 m profile of the bed over time. To measure the hydrodynamics, three pairs of 
electromagnet current meters, ECM, were located at heights of 0.30 m, 0.60 m, and 0.91 m 
above the bed. 

+x-x

+z

ECM C

ECM B

ECM A

PUMP
SAMPLING
ORIFICES

BURST

PRESSURE

4MHz ABS

2MHz ABS

1MHz
ABS

ACOUSTIC BED
PROFILER

-z

{
WAVE DIRECTION

DATA LOGGER
& BATTERIES

1.8 m

 
 
Figure 3: Instrument platform STABLE showing the location of the ABS, ARP, ECMs and 
pumped samples 

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1067



 

 
 
3. OBSERVATIONS 
 
3.1 Vortex entrainment 
To investigate the vortex entrainment process it was necessary to establish at the outset 
whether or not the surface waves were generating ripples on the bed in the Delta Flume. 
Using the ARP4 a 3m transect of the bed was measured over time. The results of the 
observations over a 90 minute recording period are shown in figure 4. Clearly ripples were 
formed on the bed and the ripples were mobile. To obtain flow separation and hence 
vortex formation requires a ripple steepness (ripple height/ripple wavelength) of the order 
of 0.1 or greater. An analysis of the observations showed this was indeed the case. 

 
 
 
Figure 4. ARP measurements of the sand ripples on the bed. 
 
Using the ABS some of the most detailed measurements of sediment transport recorded 
over a rippled bed at full scale were captured.  These measurements from the Delta Flume 
are shown in figure 5. The images shown were constructed over a 20 min period as a 
ripple passed beneath the ABS. The suspended concentrations at different locations on the 
ripple, at the same (four) velocity instants during the wave cycle, were combined to 
generate the respective images. The length and direction of the arrows in the figure gives 
the magnitude and direction of the wave velocity. Comparison of figure 5 with figure 1 
shows substantial similarities. In figure 5a there can be observed the development of a 
high concentration event at high flow velocity above the lee slope of the ripple, v1. In 
figure 5b as the flow reduces in strength, the near-bed sediment-laden parcel of fluid 
travels up the lee side of the ripple towards the crest. As the flow reverses this sediment 
laden fluid parcel, v1, travels over the crest and expands. As the reverse flow increases in 
strength, figure 5d, the parcel v1 begins to lift away from the bed and a new sediment-
laden lee vortex, v2, is initiated. 
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Figure 5. Acoustic imaging of suspended sand entrainment over a rippled bed due to 
waves, at four phases of the wave cycle. The length of the white arrow in each plot gives 
the magnitude and direction of the near-bed wave velocity. 
 
These acoustic observations have been used to assess a recently developed model of 
sediment transport over vortex ripples5. In order to capture the essential features of this 
data within a relatively simple 1DV (one-dimensional in the vertical) model, the data has 
first been horizontally averaged over one ripple wavelength for each phase instant during 
the wave cycle.  The resulting pattern of measured sediment suspension contours is shown 
in the central panel of figure 6, while the upper panel shows the oscillating velocity field 
measured at a height of 0.3 m above the bed. The concentration contours shown here are 
relative to the ripple crest level, the mean (undisturbed) bed level being at height z = 0. 
The measured concentration contours presented in figure 6 show two high concentration 
peaks near the bed that propagate rapidly upwards through a layer of thickness 
corresponding to several ripple heights.  The first, and strongest, of these peaks occurs 
slightly ahead of flow reversal, while the second weaker, and more dispersed peak is 
centred on flow reversal.  The difference in the strengths of the two peaks reflects the 
greater positive velocity that can be seen to occur beneath the wave crest (time=0 s) than 
beneath the wave trough (time=2.5 s).  Between the two concentration peaks the sediment 
settles rapidly to the bed.  The underlying mechanism of sediment entrainment by vortices 
shed at or near flow reversal is clearly evident in the spatially-averaged measurements 
shown in figure 6. 
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Figure 6. Measurement and modelling of suspended sediments with height z above a 
rippled bed under a 5 s period wave. 

 
 
Any conventional ‘flat rough bed’ model that attempts to represent the above sequence of 
events in the suspension layer runs into immediate and severe difficulties, since such 
models predict maximum near-bed concentration at about the time of maximum flow 
velocity, and not at flow reversal.  Here therefore, using a recently developed 1DV model, 
it has been attempted to capture these effects realistically through the use of a strongly 
time varying eddy viscosity that represents the timing and strength of the upward mixing 
events due to vortex shedding.  The resulting concentration contours in the present case 
are shown on the lower panel of figure 6.  The essential two-peak structure of the eddy 
shedding process can be seen to be represented rather well, with the initial concentration 
peak being dominant. The decay rate of the concentration peaks as they go upwards is also 
represented quite well, though a phase lag develops with height that is not seen to the 
same extent in the data.  Essentially the detailed acoustic observations of sediment 
entrainment under waves over ripples of moderate steepness, have begun to establish a 
new type of 1DV modelling, thereby allowing the model to go on to be used for practical 
prediction purposes in the rippled regime, which is the bed form regime of most 
importance over wide offshore areas in the coastal seas.  
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3.2 Sediment diffusivity 

The sediment diffusivity characterises the rate of upward sediment flux away from the 
bed, here including the effects of both (convective) vortex entrainment and also turbulent 
diffusion. To obtain estimates of the sediment diffusivity, εs, the standard formulation 
based on the cycle-mean concentration, C, and it vertical gradient, dC/dz, was adopted6: 

dzdC
Cwo

s /
−

=ε      (1) 

 
where w0 is the mean settling velocity of the sediment in suspension and z is the height 
above the bed measured from the ripple crest. Measurements were collected for regular 
waves of period 5 s, with wave heights between 0.8 m-1.3 m. For purposes of 
interpretation, the data has been plotted in a normalised form based on the following 
parameterisation; εs/(Uoηr) and z/ηr, where Uo is the wave orbital velocity at the bed and ηr 
is the height of the ripples on the bed. Figure 7 shows the normalised sediment diffusivity 
profile with normalised height above the bed. 
 

 
Figure 7. Measurements of the normalised sediment diffusivity with normalised height 
above the bed. Red dots are for the individual wave conditions and the black dots are an 
average over all the wave conditions. 
 
For the regular waves, the profile of diffusivity is relatively uniform near the bed, z/ηr = 
0.5-4, though there is some reduction below z/ηr = 0.5. The thickness of the layer in which 
the diffusivity remains constant corresponds to about 4 ripple heights in this case. Above 
approximately z/ηr = 4 the diffusivity starts to increase linearly with height, though there 
is scatter in the data. Physically the observations are interpreted as corresponding to a 
lower vortex-dominated layer  of thickness a few ripple heights, in which the process of 
eddy shedding gives rise to efficient, vertically uniform, mixing of sediment Above this 
height the vortices break down, and normal turbulent diffusion concepts become 
dominant.  In this upper turbulent layer, the mixing length scale is expected to increase 
with height and the sediment diffusivity is therefore expected to increase with height also. 
This constant-linear two layer structure is in contrast to the generally accepted picture for 
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plane beds, above which the sediment diffusivity increases linearly with height from the 
bed level itself.  
 
 
4. CONCLUSIONS 
 
The aim of the paper has been to illustrate the application and use of acoustics in the study 
of sediment transport under waves over a rippled bed. Intra-wave, intra-ripple 
measurements of suspended sediments were obtained and these were used to investigate 
the concept of vortex entrainment over a steeply rippled bed. The observations indicate the 
vortex mechanism was occurring. By averaging the data over the ripple, the ripple 
averaged suspended concentration, with the phase of the wave, was formed and this has 
been used to assess a recently developed sediment transport model which combined vortex 
entrainment near the bed, with a turbulence closure scheme above the vortex layer. The 
model and the observations were close agreement with each other. Finally the vertical 
spatial resolution of the ABS was utilised to form detailed profiles of the vertical sediment 
diffusivity. This showed results quite different from a flat bed, with uniform sediment 
diffusivity in the bottom few ripple heights above the bed, above which mixing increased 
with height above the bed. 
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Abstract: Acoustic backscatter systems (ABS) can be used to non-intrusively measure 
profiles of both the concentration and particle size of suspended sediments in the 
marine environment. Inversion of ABS measurements into sediment size and 
concentration requires knowledge of two scattering parameters, namely the total 
normalised scattering cross-section, χ, and the form function, f. χ quantifies the 
acoustical scattering by a given particle over all angles, relative to its cross sectional 
area, and represents attenuation due to particle scattering losses. f describes the 
backscattering characteristics of a particle relative to its geometrical size. In recent 
years, a number of studies have presented measurements of f and χ for populations of 
sediments sieved over narrow size ranges, thereby essentially providing values for 
nominally a single particle size in suspension. In the present study, we extend these 
works by looking at the impact that a broad particle size distribution has on the form 
of f and χ. Here we model and measure the average form function for a broad size 
distribution (σ = ±0.35a0, where σ is the standard deviation about the mean particle 
radius, a0) of suspended glass spheres, whose scattering characteristics are well 
documented. The model is in close agreement with the provisional measurements, and 
suggests that for populations of suspended glass spheres with broad size distributions, 
the form function increases by about 40% in the Rayleigh regime (λ >> 2πa0, where λ 
is the wavelength of the sound in water), whilst decreasing by a factor of around 25% 
in the geometric regime (λ << 2πa0), relative to that obtained for populations with a 
nominally single size in suspension. The output from this work has direct implications 
for the calculation of particle size and concentration profiles, obtained from acoustic 
backscatter data collected on suspensions of marine sediments at sea. 
 
Keywords: Acoustic, scattering, cross, section, form, function, suspended, particle, 
sediment, size, distribution. 
 
1. Introduction 
Over the past three decades, acoustics has been increasingly used as a measurement 
tool in sediment transport studies1,2,3,4. Acoustics offers a number of advantages over 
traditional measurement techniques, since it enables non-intrusive, co-located, 
simultaneous profile measurements to be made of the bed features, the suspended 
sediment concentration and size, and the three orthogonal components of flow. The 
high spatial and temporal resolutions achievable with acoustical measurements 
permits the study of sediment transport processes at centimetric resolution down to 
the bed, over both inter-tidal and inter-wave timescales4. 
The retrieval of sediment concentration and size from acoustic data is based upon the 
principle that the amplitude of the backscattered sound is dependent upon the size and 
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concentration of sediment in suspension2. Early studies carried out detailed laboratory 
calibration measurements for different concentrations and sizes of suspended 
sediment, to develop empirical algorithms to retrieve these parameters from acoustic 
backscatter data collected during field deployments1. Such algorithms were of limited 
accuracy however, and more recently, profiles of suspended sediment concentration 
and size have been derived by conducting multi-frequency inversions of the amplitude 
of the backscattered acoustic signal2,3,5. Inversion requires knowledge of the variation 
of the sediment scattering characteristics with frequency. The sediment scattering 
characteristics required are the normalised total scattering cross section, χ, which 
describes the attenuation of the acoustic signal due to sediment scattering, and the 
form function, f, which describes the backscattering characteristics of a particle 
relative to its geometrical size. For irregularly shaped particles, no full theoretical 
descriptions of f and χ are available, and therefore these parameters have been 
measured on a study by study basis6,7,8, often employing a heuristic representation to 
describe the variation of f and χ with the dimensionless parameter x (= ka, where k = 
2π/λ, with λ the wavelength of the acoustic sound in water, and a is the radius of the 
sediments). Most reported measurements of f and χ have been made for populations of 
sediments sieved over narrow size ranges, so called ¼ φ size fractions, where the 
sediment diameter (in mm), d=2-φ. Sieving over ¼ φ size intervals generates narrow 
particle size distributions (PSD), for which the standard deviation (σ) about the mean 
size (a0) is nominally ± 0.09a0. Even for such narrow ¼ φ PSDs, the form of f and χ 
for suspensions of glass spheres has been observed to change significantly from that 
expected for a single size of sphere, with the resonant structure observed for a single 
size being absent from the f and χ of the ¼ φ PSD6. Furthermore, measurements of in-
situ sediment size distributions in coastal and estuarine environments frequently 
encounter variability in the range of sizes encompassed by the PSD, with both 
broader, and multi-modal size distributions observed9,10,11. Modelling results and 
measurements of χ for suspensions of glass spheres with broader PSDs (σ =±0.20a0)12, 
along with those for ¼ φ PSDs, suggest that the form of χ continues to change as the 
standard deviation of the PSD increases. More recently, the effects of broader 
Rayleigh and bi-modal PSDs on the form of f and χ were evaluated through 
modelling, though no measurements of f or χ were available to validate the model 
results13. The present study therefore aims to extend these earlier works, by 
ascertaining what effect broad normal size distributions (σ =±0.35a0) have on both f 
and χ. The approach taken, is to model f and χ for suspensions of glass spheres, and to 
compare the modelling results with ABS derived measurements obtained for 
suspensions of glass spheres in the laboratory. 
 
2. Modelling χ and f 
For a population of particles, the average normalised total scattering cross section, χ0, 
and the average form function, f0, are theoretically: 
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where a is a particle radius, P(a) is the probability distribution of the particles, and k 
is the wavenumber. Thus, for a given probability distribution, and providing the form 
of χ(ka) and f(ka) are known, χ0 and f0 can be evaluated using Equation 1. In this 
study, a normal probability distribution was employed, with: 
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Defining the product of k and a as the non-dimensionless parameter, x, the form of 
χ(x) and f(x) employed in Equation 1 was taken for a suspension of glass spheres to 
be14: 
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Thus, the variation of χ0 and f0 with x0 (=ka0) was calculated using Equations 2 and 3 
in Equation 1, for a range of frequencies covering a range of x0. 
 
3. Measuring χ and f 
Assuming that the phase of the backscattered sound received by the ABS is randomly 
distributed, the root mean square of the backscattered voltage can be shown to be: 
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where r is the range from the transducer, M the mass concentration of suspended 
sediment, ρS the density of the sediment grains, ψ accounts for the departure from 
spherical spreading in the transducer near field15, and Kt is a system constant. Kt 
incorporates the electronic response, the transmit and receive sensitivities, and the 
directivity response (beam pattern) of the transducer, and is specific to a given ABS 
system. The normalised total scattering cross section is contained within the total 
attenuation term, α, given by: 
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where αW is the absorption by water, and all other terms are as previously defined. 
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Rearranging Equation 4, and taking the natural log transformation yields a linear 
function of Loge(VRMSrψ) with range r from the transducer: 
 

( ) αρψ rafMKLogrVLog SteRMSe 2/)( 00
2/1 −=  (6)

 
Thus, by measuring the variation of VRMS with r, for a homogenous suspension of 
glass spheres, a profile mean value of χ0 can be calculated from the slope of Equation 
6, using Equation 5. Whilst Equation 6 could also be used to retrieve the form 
function from the intercept, small measurement errors throughout the ABS profile can 
lead to uncertainties in the calculation of f0 in this way. Consequently, the approach 
adopted in this study was to model χ0 using Equation 1a, and to calculate f0 from the 
measured VRMS by directly re-arranging Equation 4 for each ABS bin. 
 
4. Results 
Fig. 1 shows the variation of χ0 with x0, as predicted by the model for normal 
probability distributions with σ equal to ±0.09a0 (¼ φ narrow distribution, dotted line) 
and ±0.35 a0 (broad distribution, dashed line). Also shown in Fig. 1, are the values of 
χ0 obtained from the ABS measurements using Equation 6, for the narrow (crosses) 
and broad (open circles) particle distributions. 
Similarly, Fig. 2 shows the variation of f0 with x0, as predicted by the model for the 
narrow (dotted line) and broad (dashed line) distributions, along with the profile mean 
values of f0 obtained from the ABS measurements, with the symbols as defined for 
Fig. 1. 
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Fig. 1: Modelled variation of χ0 with x0 for narrow (dotted line) and broad (dashed 
line) particle distributions. ABS derived measured values of χ0 are shown for the 
narrow (crosses) and broad (open circles) distributions. Error bars denote one 
standard deviation about the mean value. 
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Fig. 2: Modelled variation of f0 with x0 for narrow (dotted line) and broad (dashed 
line) particle distributions. ABS profile mean values of f0 are shown for the narrow 
(crosses) and broad (open circles) distributions. Error bars denote one standard 
deviation about the mean value. 
 
5. Discussion 
The measured values of χ0 were in close agreement to those predicted by the model, 
for both the narrow and broad size distributions. Fig. 1 shows that the effect of 
increasing the standard deviation of the size distribution is to increase χ0 below  x ≈ 2, 
whilst decreasing it above this value. The close agreement between the modelled and 
measured values of χ0 justifies the use of the modelled χ0 to obtain f0 from the ABS 
measurements, and Fig. 1 suggests this would not introduce any significant source of 
error, or biasing. The measured values of f0 were also in close agreement with the 
modelled values, and Fig. 2 shows the spread of the particle size distribution 
significantly and measurably changes the form function for suspensions of glass 
spheres. The behaviour of the broad size distribution form function, relative to that for 
the narrow size distribution, showed considerable variability over the range of x0 
studied. At x0 = 0.35, our lowest observation to date, the form function for the broad 
size distribution was observed to be ≈ 35 % greater than the form function for the 
narrow size distribution (see Fig. 2), whilst larger differences of up to 100% were 
predicted at x0 = 0.1. In contrast, above x0 ≈ 2, the modelled form function for the 
broad size distribution was up to 25 % smaller then that observed for the narrow size 
distribution. 
Physically, the observed variation in the form function is associated with enhanced 
backscattering below x ≈ 2, with generally diminished backscattering above this 
point. Since changes in the backscattering amplitude are interpreted in terms of 
changes in sediment concentration and size, the results of this study therefore suggest 
that knowledge of the size distribution of suspended particles is likely a key input for 
the inversion of ABS data collected in the marine environment. 
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Abstract: Study and protection of water systems need appropriate instrumentation. 
Already widely in use are several types of acoustic devices, mainly for the survey of 
sediment processes. Our research group has developed an acoustic device, designed for 
real time sewage supervision, which allows simultaneous measurement of velocity profile 
and concentration of different size classes of suspended sediments. The current 
instrument’s prototype is made of two distinct parts : a submersible part containing 
transducers and acquisition electronics and an external processing part in charge of data 
analysis and storage.  
Velocity profile calculation relies on synchronous signal sampling and is based on the 
treatment of the Doppler spectral information. Our self developed algorithm uses a simple 
parametric identification inspired by theoretical models and experimental observations. It 
acts through noise subtraction and subsequent cutting. Test results demonstrate a clear 
increase of noise immunity compared to standard methods. 
Main sediments encountered in sewage effluents are sands of various grain sizes, different 
kinds of loess, grounds and various organic substances. Use of multiple frequencies (1 to 
14 MHz) and diffusion direction allows discrimination between materials and rough 
concentration estimation of different granular size domains.  The implemented inversion 
algorithm is based on semi-empirical relations between granular shape and size and 
frequency obtained through laboratory measurements on calibrated materials. The 
instrument’s main specifications and sewage site data will be widely commented. 

Keywords: sewer, velocity, sediments. 
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1. INTRODUCTION 

Environmental protection became a major concern in many countries. One of its 
aspects is wastewater management. As for regulation of industrial processes, sewage 
supervision needs real time flow control. Sedimental pollution control could be obtained 
through adapted ultrasonic measurement devices. 

Our team was, from 2003 to 2007, involved in a French RITEAU research project. This 
technological research and innovation network in water and environment technologies 
lead to the association of  3 research institutions (including ours) and 2 companies in order 
to develop and commercialise an ultrasonic flowmeter. Specific requirements of the 
instrument were the simultaneous ability to perform velocimetric and suspended sediments 
concentration measurements. Fruit of this collaboration is a suitable prototype in a pre-
commercial stage. 

2. INSTRUMENT DESCRIPTION 

To achieve the realisation of a suitable instrument, several preliminary studies have 
been made. A crucial choice were the transducers characteristics to allow both velocity 
and concentration measurements. In regard to theoretical background, transducers 
frequencies and positions have been carefully chosen.  

On one hand, Doppler velocity measurements on a distance of a meter, require low 
working frequency in order to both minimize beam attenuation and maximize measured 
velocity. On the other hand, the backscattered signal intensity is function of the particle 
radius and nature. Therefore concentration might be estimated over a given radius domain 
which is directly linked to beam frequency. Frequencies were chosen in order to be 
significant for suspended sediments and to allow radius domain overlapping. Broadband 
transducers of required frequencies were especially manufactured.  

 

 
Fig.1: Transducers set-up. 

   
Fig.2: System topology.

The actual version of the instrument contains 3 transducers of respective central 
frequency 11 (M11), 4.5 (M4.5) and 1.8 (M1.8) MHz. To allow sediment type 
discrimination, the direction of  M4.5 makes an 70° angle with the direction of the two 
other transducers (figure 1).  The M1.8 transducer is used for emission and reception of 
low frequencies; the M11 is used in emission-reception mode for high frequencies and the 
last one, M4.5, is only used as receiver for intermediate frequencies at another diffusion 
angle.  

Transducers and front-end electronics, especially self-developed for our instrument, are 
sealed in a tight immersable frame. Data processing is deported to an external device (as 
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shown figure 2). Online data visualization and analysis is done on a connected PC which 
also allows online data acquisition protocol modification. 

3. VELOCITY PROFILE 

3.1. Principles 

As already mentioned, velocity measurements are done with the M1.8 transducer which 
operates at a beam angle of β = 75° with the flow direction. The transducer is alternately 
used in emission and reception mode. After sending the ultrasonic burst into the water 
flow, it receives the combination of backscattered echoes. The exploration depth is divided 
into several volumes by temporal sampling of the echoes. For each depth or spatial 
volume, the reception of repeated echoes, modulated by the carrier frequency and low 
filtered, lead to a vector of samples containing the Doppler information. Several 
techniques are used to extract the Doppler information included in each volume’s 
signature. A velocity profile with good spatial resolution is thus obtained. Broadening of 
the Doppler spectra might be related to size of the measurement volume (associated to 
beam width and observation time), velocity gradient in the measurement volume or local 
turbulence. 

3.2. Experimental results 

Several measurement location such as rivers and different sewage systems have been 
explored. 

  
Fig.3: Typical Doppler frequency in a 

sewage collector. 

  
Fig.4: Comparison between velocity 

estimators. 
   

Figure 3 shows the Doppler spectrum obtained in a given sewage collector. The 
instrument was fixed on a metallic plate near the collector’s bottom. Velocity 
measurements were made on a volume line going from bottom to water surface. Intense 
turbulences are assumed to be generated as can be seen on shape of the spectrum.  

Our prototype also allows easy data analysis algorithm comparison. Indeed, 2 different 
methods were used to obtain the velocity estimator : the well known Pulse-Pair method 
and a self-developed Spectral Identification method. Figure 4 shows results obtained on a 
same flow. Typical shape of a velocity profile for open channel turbulent flow can be 
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recognized. A slight difference on mean Doppler frequency is observed between the two 
methods. In this specific case, with signal to noise ratio of a few decibels, standard 
deviation values are lower for the Identification Method [1].  

 

4. SEDIMENTAL ANALYSIS 

4.1. Theoretical background 

For a given transducer at working frequency j, aim is to link emission voltage Ve,j to 
reception voltage Vs,j. The reception voltage depends on the encountered particle cloud, 
divided in n size classes and p types (according to geometrical and intrinsic properties). It 
can be shown that : 
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where Gj  is the electro-acoustic gain of the transducer at frequency j, c the 
velocity of sound, Δtj  the pulse duration, gj a transducer near field correction at frequency 
j, R the transducer radius, r the distance from transducer to the diffusing particles, xc,j the 
near field distance of the transducer at frequency j, αj the water attenuation coefficient at 
frequency j, and finally αvi,j,k and βvi,j,k, acoustic response coefficients, respectively for 
attenuation and backscattering, of different particle types of volumic concentration Cvi,k. 
Equation (1) can be rewritten as follows : 
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(2)

where ( )rjv,β  is a term related to backscattering and ( )rjv,α  to attenuation. Sedimental 
repartition is obtained by resolution of above equation. 

 jje GV , values were obtained trough calibration measurements. The transducer near 
field correction is based on experimental measurements as can be seen on figure 5. Time 
thus distance evolution of reception voltage ( )rV js,  is recorded for several bursts and 
frequencies.  

 
Accuracy on concentration is directly linked to the good knowledge of coefficients 

used in (2). Acoustic response coefficients depend on particle size, shape, acoustic 
impedance and observation frequency. A huge variety of suspended sediments occurs in 
sewage flows. Great disparities in terms of size, shape or density are observed. Their 
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acoustical properties  are mostly unknown. Therefore, a simplifying hypothesis was 
introduced : for a given material, size effects are decorrelated from other effects and can 
be estimated through the form function of sand [2]. The backscattering term comes to : 
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with Cmi,k mass concentrations, ai equivalent particle radii, f the sand form function and 

Km,k a coefficient named massic response rate. The coefficients Fi,j are the mean values of 
the ratio of form function by particle radius over 4 diameter domains (centered on 30, 70, 
170 and 400 µm). Massic reponse rate of a wide variety of different sediments occurring 
in sewage has been evaluated through laboratory measurements. Observed values were 
very disparate, going from 0.4 for sand to 0.01 for cooked and mixed potatoes (figure 6). 
Nevertheless, some particle types, most representative of particles occurring in sewage, 
have close values of massic response rate : 0.11 for the loess, 0.1 for paper pulp, 0.15 for 
excrements and 0.2 for earth. 

Fig.5: Near field correction as a 
function of frequency and r/xc,j.  

 
Fig.6: Massic response rate for 

different kind of sediments (sand, 
compost, garden ground, excrements, 
loess, paper, leek and potatoes from 

left to right) .
Further studies are on the run in order to include in analysis yet unexploited 

information such as particle size estimation, a coefficient for measurements at 70° and 
an attenuation coefficient.  

4.2. Experimental results 
 

Current state of art let us assume suspended sediments in sewage as a homogenous  
material of variable granulometry with a mean massic response of 0.1. Following figure 
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shows time evolution over 24h of suspended sediments concentration and flow for the 
incoming flow of a waste water treatment plant under rainy weather conditions. 

 
 

Fig.7: Time evolution of suspended sediments concentration. 
 

Figure 7 shows results in terms of hourly average values. Expected variations are 
observed, namely nocturnal diminution of suspended sediments concentration related to 
loss of human activity. Finer analysis also shows concentration diminution due to dilution 
by clear water addition. 

 

5. CONCLUSIONS  

Two prototypes of this instrument currently exist. One is used for laboratory 
measurements in order to improve knowledge of  acoustic response of  sewage suspended 
sediments. The other is used on different sites. For example, over two months, the 
instrumented was located in a sewage collector for real time velocity and water high 
measurements. Also granulometric measurements were done. Data analysis has to be 
completed. 

 

REFERENCES 

[1] Fischer, S., Schmitt, P., Ensminger, D., Abda, F., Pallares, A., A New Velocity 
Estimation Method using Spectral Identification of Noise ISUD5, 15-18, 2006. 

[2] Thorne, P.D., Hanes, D.M., A review of acoustic measurement of small-scale 
sediment processes, Continental Shelf Research, 22, 603-632, 2002. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1084



 
 
 
 
 
 

On the Angular Dependence of Acoustic Scattering from Sand in 
Suspension 

 
Stephanie Moore, Alex Hay 

 
Abstract: Measurements of the angular dependence of the differential scattering 
cross section of natural sand grains are presented.  For this experiment, a quasi-
steady aqueous suspension of particles was maintained using a sediment-laden 
turbulent jet.  Two broadband transducer pairs were used in a bistatic geometry: one 
transducer pair operated at frequencies from 300 kHz to 600 kHz, the other between 
1.5 MHz and 3.85 MHz. The jet was located in the transducer far-field.  The 
apparatus allows measurements of the scattered amplitude to be made at scattering 
angles ranging from 90 degrees to 170 degrees in 5 degree increments.  Results are 
presented for scattering from both natural sand grains and spherical particles of 
comparable size.  Comparisons are made between the experimental results and 
spherical scatterer theory. 
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 SUSPENDED SEDIMENT MEASUREMENTS  
ON THE RIVER ’ELBE’ USING ADCP 

Maushake, Christian1,   Aardoom, Jeroen2 

1 BAW-AK, Wedeler  Landstraße 157, 22559 Hamburg, Germany 
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Christian Maushake 
Federal Waterway Engineering and Research Institute, Coastal Department (BAW-DH) 
Wedeler Landstraße 157 
22559 Hamburg, Germany 
Fax.: 0049 40 81908 373 
mail: maushake@hamburg.baw.de 

Abstract: The federal german BAW-DH and dutch based company AquaVision B.V. are 
conducting a medium-term (2006-2008) fieldstudy of suspended sediments in the Elbe 
estuary. The results are part of decision supporting expertise about the effects of dredging 
and maintenance work in the navigation channel of the Elbe and shall validate the now/hind 
cast of a 3D numerical model of the area. 
Due to it’s non-intrusive nature and the high spatial resolution the use of ADCP backscatter 
signals have become a powerfull tool for in-situ studies of suspended sediments. Calibration 
is the most crucial point in that context and in fact costs a large part of the fieldwork. Thus 
the optimizing of the measurment strategy to reduce the amount of calibration work and 
quantifying the sensitivity of the method are further important goals of the study. 
For the fieldwork  shipmounted ADCP-transects across and along the river have been 
combined with selfcontained ADCP measurments in fixed morrings. 
The results of the first measurment campaign in autumn 2006 are showing that the method is 
very suitable for the needs of 3D numerical modelling.   

Keywords: ADCP, suspendended solid concentrations, Elbe, VISEA DAS 
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1. INTRODUCION  

The Elbe estuary represents the connection between the largest german harbour of Hamburg 
and The North Sea and is a waterway of great importance for national economy with steadily 
growing freightrates. As a consequence the requirements for adapting the navigation channel 
are increasing, which again results in additional effort for maintaining and dredging. A main 
task of  waterway management is to keep the balance between the functionality and 
efficiency of the waterway on the one hand and the preservation of the hydrological and 
ecological system on the other hand[1]. In this context all questions related to the sediment 
regime are quite sensitive and are subject of   intensely investigations at BAW-DH, and of 
course other institutions. 
The morphology of the Elbe is characterized by the deep navigation channel embedded in a 
complexe system of channels, islands and tidal flats. On a length of ~110 km three different 
major hydrographic regimes can be separated, which supposed to have its own characteristic 
sediment climate: 

• A fluvial moulded area upstream in the area around the city of Hamburg and it’s 
harbour 

• A marine moulded area at the mouth of the river, which has a width of ~ 15 km  
• A zone of an estuarine turbidity maximum (ETM), approximately half of the distance 

between the harbour and the Northsea. 

 
Figure 1: The Elbe estuary between Hamburg and The North Sea. The main locations of the 

study area are indicated. Distance Hamburg <> Cuxhaven ~ 110 km. 
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For forecast and synoptical system analysis purposes a combination of hydro- and 
morphodynamic numerical modells is used. Because the processes describing the sediment 
dynamic in tidal esturaries are not understood completely now, the results of numerical 
modells have to be validated carefully against field data. That was one principal aim of a 
medium-term fieldprogram which BAW-DH has initiated in cooperation with AquaVision 
B.V. for the years 2006-2008.  
The measurments will be implemented over a period of approximately 4-6 weeks every 
autumn during the runtime of the study. This setup was choosen to get the chance for a 
comparable over-all situation regarding the hydrological and meteorological boundary 
conditions and to identify individual charakteristics of the suspended solids dynamic of the 
three different hydrographic regimes. 
Acoustic Doppler Current Profilers (ADCP) have become a standard tool in the hydrographic 
and oceanographic community for current measurments from the deep ocean to small rivers. 
So the use of the acoustical backscatter signals of this well-established and proven 
instruments for the measurement of suspended solid concentrations (SSC) has great 
operationell advantages.  
Acoustic profilers are capable of yielding SSC estimates in (nearly) the whole ensonified 
water column. Due to the dependency of single frequency acoustics on particle size and shape 
calibration of the system is the most crucial point. Hence another aim of this study is to 
further optimize and validate this method and to study tidal and/or seasonal variations of 
calibration functions and sediment properties. 

2. METHOD 

The acoustic formulation of using (ADCP-)backscatter signals from aqueous suspensions is 
well-described and published, among others from Thorne, Hardcastle and Soulsby [2] and 
Hoitink and Hoikstra [3]. 
Summarizing is to say that the loss of emitted energy during the round trip of the acoustic 
pulse through the instrument and through the water column is dependent from several 
instrument specific, water specific and sediment specific parameters, as formulated in the 
sonar equation by Medwin & Clay (1998) and modified by Deines (1999). 
The instrument specific parameters like for example transmit power PT [W] and received 
echo noise ER [counts] normally can be solved by obtaining the appropriate information from 
the manufacturer and / or by lab calibration. Under operationell in-situ conditions the sound 
absorption α through the water column is more crucial. It can be formulated as  

ααα SW
+=                                                                                                                        (1) 

 
where αw is the sound absorption through the water column and αs is the sound absorption 
through suspended matter in the water column. 
αw has been summarized by François and Garrison and is mainly dependent from Salinity Sal 
[PSU] and Temperature T [°C]. Depth is negligible in shallow water. 
αs was analyzed by Urick (1948) and he shows that the attenuation due to suspended 
sediments varies among others from the sediment mass concentration M [kg/m3] and the 
particle diameter d [m]. That means that the computation of SSC out of acoustical backscatter 
data can not be solved explicitly but has to be done by an inverse approach [4]. Finally this 
procedure ends up in the transformation from internally recorded relativ backscatter data 
[counts] into normalized absolute backscatter ABS [db]. 
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The transition from absolute backscatter ABS to SSC is done by calibration with in-situ 
watersample data and can be formulated as  
 

[ ] 10 */ bdbABSalmgSSC += ⎥⎦
⎤

⎢⎣
⎡

                                                                          (2) 
 

Herein a and b are calibration factors out of a linear regression between ABS and the 
concentration  [mg/l] of in-situ sampled suspensions. Studying the behaviour of the two 
calibration factors a and b under the complexe conditions of a tidal estuarin environment is 
one of the main objectives of the present study. 
The application of this shortly described method is implemented in a commercially available 
software developed by AquaVision B.V. under the trademark of VISEA DAS/ PDT.  

3. INSTRUMENTATION 

Calibration is the most sensitive part when using ADCP-backscatter for SSC-measurements. 
That means that beside the ADCP instrumentation a suitable calibration equipment and 
strategy is mandatory for successful measurements. The hardware set-up used for the Elbe-
study included: 
 
a) Shipmounted ADCP – equipment 

- 600 Khz RDI workhorse Rio Grande ADCP in a standard set-up with 50cm depth 
cells and 4 water and 4 bottom pings 

- 2 Frequency (200/33 Khz) survey echosounder for bottom profiling 
- Ship orientation unit for heading (roll and pitch was used from the ADCP) 
- DGPS Positioning 

b) Selfontained ADCP 

- 600 Khz / 1200 Khz RDI workhorse sentinel ADCP with internal storage, battery 
pack and pressure sensor for waterlevel measurments configured to collect 1 minute 
average values consisting of 20 waterpings every 3 seconds. The instruments are 
mounted in a tripod ~ 80 cm above seabottom and deployed in a L-shaped mooring 
with a 2.5 to. anchor 

c) Shipmounted calibration unit 

- Isokinetic, automated pumping system for watersamples assembled in a deckunit (see 
figure 2) which is controlled by the data acquisition software. 

 
- Heavy frame for vertical profiling (figure 2) including: 

o Nozzle for a 1 inch hose to collect watersamples 
o Valeport MIDAS CTD+ system with integrated Seapoint optical backscatter 

sensor operating in 4 Hz realtime mode. 
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o Sequioa LISST 100 system collecting in-situ particle size distributions by Laser 
scattering and optical transmission data. In realtime mode the system needs ~ 3 
sec. for one measurement. 

 

 
Figure 2: calibration unit in operational setup on deck 

4. MEASUREMENTS 

Three types of measurements have been performed during the fieldwork: 
 
- Cross Sections 
This measurements have been performed on sections across the river continuously collecting 
ADCP data over a period of a whole tidal cycle (13-14 hours). A set of  4-8 crossings ( ~1 
hour) was followed by a set of stationary calibration measurements. In total 3 of such 
measurements have been performed, each representing one of the characteristic hydrographic 
regimes mentioned above.. 
 
- Longitudinals 
The longitudinals have been performed as a continous cruise in the navigation chanel 
between Hamburg and the mouth of the Elbe (Cuxhaven) and back. Approximately every 
hour the cruise was interrupted by calibration. Length of the river and speed of the tidal wave 
does it not make possible to “ride” the Tide on the same phase the whole distance. So the 
results are giving a good view of the SSC distribution from the freshwater zone through the 
ETM into the marine environment, but they have to be correlated with the tidal phase as well 
(see figure 4) 
 
- Selfcontained Deployments 
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The selfcontained ADCP measurements in upward looking bottom mounts shall give a 
longterm overview of the hydrological overall situation in which the ship mounted 
measurements are embedded. They have been deployed near the cross section locations on 
the edge of the navigation chanel (red side / green side). The validity of the calibration 
function found in the ship mounted measurements for selfcontained datasets should be 
investigated. 
 
In total during the first measurment campaign in autumn 2006 the following datasets could be 
obtained:  

- More than 400 km of longitudinal shipmounted transects between Hamburg and the 
Northsea. More than 70 stationary calibration measurements are performed with a 
total of  > 200 water samples  

- More than 200 shipmounted crossings on three transects, each one over the period of 
a tide (13 – 14 hours) with ~ 160 calibration sites and more than 300 watersamples 

- More than 100 days of selfcontained ADCP-data at 4 locations in the study area, 
collecting 1 Minute average values. 

All sensor data have been collected and processed by AquaVisions VISEA DAS/ PDT.  The 
graphical processing is done by some standard software and institute own visualization 
routines. 
The watersamples collected during the longitudinals have been analalyzed in a BAW Lab. 
They have been vacuum filtered through Whatman GF/C microfibre filters (>1.2 μm). 
Organic matter was determined out of ignition loss due to heating and can be estimated to 10-
15 % over the whole study area. 
The watersamples collected during the crosssections (tidal measurements) have been 
analyzed at the dutch analytic-chemical laboratory OMEGAM according the European 
standard NEN-EN 872 without considering the ignition loss. Some of the samples have been 
taken double and analysed in both ways (BAW <> OMEGAM)  for intercomparison study. 
The measurements are performed in a way that approximately every hour the moving boat 
cruises are interrupted by a set of stationary calibration measurments. All data have been 
taken nearly in the same volume of water with a precise timestamp. The CTD and LISST - 
sensors and the nozzle for the hose are fixed within a distance of 50 cm. For the calibration of 
the acoustical backscatter only that one of the four ADCP beams is used which is next to the 
calibration unit. All calibration data are collected in VISEA DAS/PDT and get a uniform 
time stamp. Pumping of the watersamples is also controlled by the software and assigned to 
the approbriate ADCP ensemble and depthcell. The discharge in the hose is calculated and 
the dead volume is pumped overboard before the samplebottle is filled. This procedure 
guarantees the maximum possible spatial and temporal synchronisation which is mandatory 
for good calibration results. 

5. RESULTS 

One of the main goals of the three cross sections was to identify the SSC characteristics over 
the period of a tidal cycle in each of the specific hydrographic regimes in the Elbe estuary. 
Table 1 shows some significant parameters.  
In the ETM the highest SSC values come up with > 400 mg/l at flood and > 700 mg/l at ebb 
tide. These are average values integrated over the whole profile. Partially the concentration 
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rise up to more than 1000 mg/l in the profile, for example at the sides of the navigation 
channel (see figure 3). Unlike the other cross sections (Hafen, Cuxhaven) a locally ebb 
dominated transport regime could be observed in the ETM. The maximum flood 
concentrations in the harbour (Hafen) are in the same order than in the ETM, however 
because of the flood dominating regime, the ebb concentrations are much smaller. With a 
tidal averaged value of 69 mg/l the lowest concentrations came up in the marine mouldet 
transect near Cuxhaven. 
 
 

flood ebb 
*maximum average value integrated over the whole profile 

tidal averaged 
values 

max*. 
SSC 

max*. 
flux 

max.* 
velocity

max.* 
SSC 

max.* 
flux. 

max.* 
velocity 

SSC flux 

cross 
section 

[mg/l] [g/m2/s] [m/s] [mg/l] [g/m2/s] [m/s] [mg/l] [g/m2/s] 
Hafen 
(fluvial) 417 289 1.47 202 155 1.08 151 110

Rhinplatte 
(ETM) 435 354 1.02 735 373 0.98 298 144

Cuxhaven 
(marine) 137 125 1.26 119 100 1.34 69 50

Table 1: significant tidal SSC and transport parameters from the three cross sections (max 
values bold caption) Values considering the measured part of the profile – no extrapolations 
at the blanked areas at the bottom and  the top. 
 
Figure 3 shows the ability of acoustic profilers to reproduce complexe suspended sediment 
patterns coming up under the complexe conditions in tidal estuaries. With results like that it is 
possible to study small scale sediment processes like the accumulation of sediment patches in 
the navigation channel or around the island of “Rhinplatte” and to assign them to specific 
locally or hydrodynamic features. Due to the fact that an ADCP is a current sensor and a 
SSC-sensor in one device which provides a velocity profile in the same area as a SSC – 
profile makes it possible directly to compute transport rates and transport fluxes out of the 
collected datasets (see column “flux” in table 1). This is a feature with great benefit for 
numerical model validation. 
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Figure 3: SSC – cross section in the ETM near Glückstadt (line in the map). The picture 
shows an  SSC-situation short before low water (dot on the water level time series plot) with 
an ebb current speed of ~ 0.5 m/s.  The second line in the time series plot shows the profile 

averaged values of the SSC in the cross section. 
 

During the cross sectional measurements much attention was paid to get calibration datasets 
with a short spatial and temporal intervall to the moving boat measurements. That leads to the 
result that the linear regression functions (2) could be found with good correlation. The 
average correlation coefficient of all calibration measurements is 0.8. The time series plot in 
Figure 6 shows the high variance of the calibration factors a and b as a result of changing tide 
and at the different locations and justifies the method of separate calibration calculation 
approxiamtely every hour as described in 4. Figure 4 shows the correlation of sediment 
concentrations obtained from in-situ watersamples vs. the three locations in the Elbe estuary. 
As well the single view of each location as the over-all view shows a satisfiable correlation 
between the ABS and the SSC. 
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Figure 4: Sediment concentrations obtained from in-situ watersamples vs. absolute ADCP 
backscatter out of calibration measurements at the three locations “Hafen”, “Rhinplatte” 

and “Cuxhaven”. Linear regression is indicated for each location. 

Longitudinal transects are more complex: Unlike the cross sections time (= tide) AND space 
(= travelling distance along the river) is highly variable. That means that calibration data 
mostly have a more or less big spatial and/or temporally intervall to the measurements and 
the validity of the calibration functions has to be checked carefully. Otherwise a longitudinal 
view like in figure 5 gives an impressive over-all picture of the suspended sediment regime 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1094



 

and is well suitable to identify “sediment hot-spots” in the river, like for example expansion 
and magnitude of the estuarin turbidity maximum. 
 
 

 
Figure 5: longitudinal transect from Cuxhaven (right) to Hamburg (left). The passing times 

along the river are associated to the tidal phase (upper picture) by numbered dots (1-7). 
Between km 685 and km 660 the existence of am ETM is clearly shown with suspended solid 

concentrations up to more than 1000 mg/l 
 

Because of the large spreading of the calibration constants a and b over the time and the 
locations converting the selfcontained data seems to be the most sensitive task currently and 
will be part of ongoing work. In the present stage the selfcontained data are used to 
characterize the hydrological overall situation in which the cross sections and longitudinals 
are situated.  
The operational limitations and procedures to handle in-situ watersamples have also to be 
examined carefully, because the processing step from absolute backscatter ABS to SSC is 
fully depended from the quality of the sampling procedure and Lab analysis. As mentioned 
above some of the watersamples have been taken twice to analyse it from two different Labs 
(BAW <> OMEGAM). That gave at least a tolerance indication for the lab procedure. The 
results of the comparison between the two analyses are shown in Figure 6. For the two 
locations with a more turbid environment (Hafen and Rhinplatte) the two series deviate 
within 10 – 20 %. For the location Cuxhaven it is remarkable that all of the OMEGAM 
analyses are significantly smaller than the BAW analysis. It has to be investigated if the 
reason is a principally difference in the lab procedure which only comes up when the 
suspensions are relatively clear (low SSC value). 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1095



 

10
71

22
31

70
0

26
2 35

1

54
3

19
00

88
0

44
0

33
0

0

500

1000

1500

2000

2500

R08
2

R08
4

R08
8

R09
1

R08
9

BAW
OMEGAM

SS
C

18
6

12
8

12
1

11
7

11
4

10
1

19
3

6264646463

16
0

16
0

0

50

100

150

200

250

x9
5

x9
6

x1
01

x1
04

x1
07

x1
11

x1
15

BAW
OMEGAM

53 57

38
2

24
0 26

0

71

18
6

22
7

46

6055

31
0

0

50

100

150

200

250

300

350

400

450

08
1B 89

A
91

A
94

B
99

B
83

B

BAW
OMEGAM

SS
C

Cuxhaven: 
114 +/- 34 mg/l

Hafen: 
162 +/- 29 mg/lRhinplatte: 

871 +/- 135 mg/l

SS
C

 
Figure 6: comparison of SSC analysis through two different labs at the three measurement 
locations.  

6. DISCUSSION  

It is shown that the transformation from relative backscatter signals from a single frequency 
ADCP to suspended solid concentrations can be done successfully when calibration is done 
with a good synchronisation and a temporally and spatially small intervall to the 
measurements. This condition can be achieved when operating on cross sections. 
In longitudinal transects and self contained deployments calibration becomes more crucial 
and the connection between the characteristics of the calibration constants a and b has to be 
further studied.  
Figure 6 shows some correlation between tidal phase and the calibration constants.  Although 
the variations of the coefficients are not “closed” during tidal cycle they all display a double 
peaked response. This feature is more distinctive for the cross sections “Hafen” and 
“Rhinplatte”, which are representing a more turbid environment. 
The peaks both correspond to maximum current velocity and maximum concentration. It is 
not distinguishable which is the driving process but it is temptatively to associate the a and b 
to variations in sediment characteristics like grains size and / or flocculation.  
Although there is no exact physical formulation, the repetative nature of the trend in 
coefficents gives increasing  amount of confidence in the presented measurement approach.  
On the other end it shows that the time and cost expensive callibration procedure (hourly) is 
still necessary. 
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Figure 6: shape of the calibration constants a (left picture) and b (right picture) at the three 
locations (Hafen, Rhinplatte, Cuxhaven) related to the tidal phase. 
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Observations of wave-sediment coupling on Atchafalaya Shelf, 
Louisiana, USA 

  
Sergio Jaramillo, Alexandru Sheremet, Mead A. Allison 

 
Abstract: Two instrumented platforms were deployed for over two months in Spring 
2006, on the muddy inner Atchafalaya shelf, Louisiana, USA, to collect high-
resolution measurements of wave, current, and sediment motion. The main 
instrumentation comprised Sontek PC-ADPs (sampling velocity at 2 Hz, in 17 3-cm 
bins from 0-50 cmab), and an Aquadopp ABS. Suspended sediment concentration was 
also monitored using optical backscatter sensors (OBS) and laser devices (LISST). 
Lutocline formation and the position of the bottom was monitored using the PC-ADP 
and ABS devices. This combination of instrumentation clearly shows the dynamics of 
high density sediment suspension (fluid-mud) layers and allows for coherent analysis 
of wave-current-sediment dynamics.  Episodic are observed to form during storms, 
associated with bottom reworking by nearbed wave and current motion. Changes in 
bottom position and vertical current velocity structure suggest that the fluid-mud 
layers can be generated either through direct seabed liquefaction, or through a 
combination of sediment advection and settling processes. The subsequent softening 
of the sediment bed is strongly correlated to increased surface wave dissipation, from 
negligible values in relatively calm weather to about 60\% wave energy loss over 
about 10 km during and after a storm.  
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BED MOBILITY MEASUREMENTS OF SUSPENDED SEDIMENTS 
IN TIDAL WATERS USING NONLINEAR SUB-BOTTOM 
PROFILERS AND NONLINEAR LOW-FREQUENT ADCP 

Jens Wunderlich a,  Thomas Buch b,  Kerstin Schrottke c 

a Innomar Technologie GmbH, Rostock, Germany 
b Rostock University, Institute of Communications Engineering, Rostock, Germany 
c DFG Research Center Ocean Margins (RCOM), Bremen, Germany 

Jens Wunderlich, Innomar Technologie GmbH, Schutower Ringstraße 4, 18069 Rostock, 
Germany, Fax: +49 381 44079-299, E-mail: jwunderlich@innomar.com 

Abstract: Worldwide there are many tidal estuaries used as waterways. Often the 
presence of mud or high-concentrated suspended sediments reduces the nautical depth. To 
ensure the navigability many estuaries are highly engineered and sediment accumulation 
in harbours often requires expensive dredging. Determining the forcing parameters and 
processes driving the formation and mobility of estuarine sediments is an important 
prerequisite to improve maintenance strategies for these waterways and harbours.  
Mud in its unconsolidated, highly dynamic fluid state often lead to difficulties even while 
determining the water depth. One approach to overcome these problems is to use 
nonlinear sub-bottom profilers with narrow low-frequent sound beams and high signal-
dynamic range. It becomes possible not only to determine the occurrence of fluid 
sediments but also to reveal internal structures. A newly developed experimental 
nonlinear low-frequent ADCP, capable to penetrate muddy sediments, can be used to 
obtain particle velocities in high-concentrated suspended sediments. 
In this paper theoretical aspects, technical problems and possible solutions as well as the 
experimental setup for the determination of high-concentrated suspended sediments, their 
internal structures and the tidal dependent sediment particle motion are discussed. Results 
from field trials are shown to illustrate the successful application of both, nonlinear sub-
bottom profilers and nonlinear ADCP, to examine suspended sediments. 

Keywords: suspended sediments, nonlinear acoustics, sub-bottom profiler, ADCP 
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1. NONLINEAR ACOUSTICS FOR SUB-BOTTOM PROFILING 

Nonlinear (parametric) sub-bottom profilers (SBP) transmit at least two signals of 
slightly different high frequencies (primary frequencies f1<f2, f1/f2≈1) at high sound 
pressures simultaneously. Because of non-linearities in the sound propagation new 
frequencies are generated in the water. One of these so-called secondary frequencies is the 
difference frequency (F=|f1-f2|) that is low enough to penetrate the seafloor [1]. The 
reflected primary-frequency signals may be used for exact determination of water depth 
even in difficult situations, e.g. soft sediments.  

The half-power beam-width for the difference frequency is nearly the same as for the 
mean primary frequency and there are no significant side lobes for the difference 
frequency. Therefore narrow low-frequent sound beams can be generated using small, 
highly portable transducers. Because of the high system-bandwidth of a parametric 
system, really short signals can be transmitted and there is nearly no ringing at the end of 
the transmitted sound pulse. These properties make parametric systems particularly useful 
in shallow water areas and for applications related to suspended sediments.  

During the projects described in this paper INNOMAR’s parametric SBP SES-2000 
standard (www.innomar.com) was used, see figure 1 and table 1. 

 

   

Primary frequency about 100 kHz 
Difference frequencies 5, 6, 8, 10, 12, 15 kHz 
Beam-width ±1.8° 
Pulse length  0.66 ... 500 µs 
Pulse repetition rate up to 50 pps 
Water depth range 1 ... 500 m 
Transducer size 0.22m × 0.22m × 0.1m  

Fig. 1: Main unit and transducer of the 
parametric SBP SES-2000 standard 

Table 1: Selected technical data SES-2000 standard 

2. DETECTING SUSPENDED SEDIMENTS USING NONLINEAR SBP 

Suspended sediments often occur in navigation channels of tidal estuaries, which are 
widespread along the world’s coastlines. It can pose considerable navigation risks due to 
potential substantial reduction in nautical depths coupled with an inherent difficulty of 
detection by conventional echo-sounders. These detection problems are mainly caused by 

o Low reflection/backscatter coefficients resulting in weak echo signals, 
o High-frequent sound beams as used by navigational echo-sounders cannot 

penetrate the fluid sediments, 
o Low-frequent sound beams often only give low-resolution results because of 

wide beamwidths. 

Detection of fluid mud and particularly studying the dynamics of suspended sediments 
require measuring devices capable of recording processes in the water column down to the 
sub-bottom at high spatial and temporal resolutions. 
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Fig. 2: SES-2000 echoprint showing suspended sediments with a thickness of about 5m 

 
Recent observations in the estuaries of the rivers Ems and Weser revealed that the 

dynamics of suspended sediments is highly variable not only on a temporal, but also on 
different spatial scales [2, 3], see figure 3. 
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Fig. 3: Deposition and re-suspension of “fluid mud” over a semi-tidal cycle visualized in  
SES-2000 records; tide and current velocity are shown in the right [2] 

3. PARTICLE VELOCITY ESTIMATION USING SES-2000 SBP 

Estimation the velocity of sediment particles requires the use of at least two sound 
beams with different aspect angles and coherent signal processing. 

Acoustic velocity measurements are based on the Doppler principle [4]. The obtained 
Doppler-frequency fd depends on the radial speed vr , the carrier frequency f0 and on the 
sound wave propagation velocity cw: 
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The radial (distance) resolution dr depends on the effective signal bandwidth B of the 
transmitted sound pulse:  

B
cdr w

2
≈  (2)

Single CW broadband pulses are not suitable to resolve very low Doppler frequency 
shifts. The Doppler resolution df gets better with increasing measurement time Tm and 
coherent signal processing of pulse trains can be used to achieve reasonable Doppler 
resolution while using CW pulses: 

mT
df 1

=  (3)

Pulse groups with a constant pulse repetition frequency (PRF) produce a line spectrum 
with a line separation depending on the PRF. Fig. 4 shows the spectrum of a single 
broadband impulse and the spectrum of a pulse train. 
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Fig. 4: Spectrum of a single pulse (a) and a pulse train (b) of many pulses with the shape of (a) 

 
The PRF determines both, the radial and the Doppler ambiguity:  

o The Doppler frequency is unambiguous in the range of |fd| < PRF. 
o The radial distance is unambiguous for targets within a range limited by the 

maximum distance Rmax: 

PRF
c

R w=max  (4)
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The Doppler frequency can be obtained using narrowband filter banks. In modern 
digital signal processing equipment filter banks are usually replaced by the fast Fourier 
transform (FFT). To achieve a high frequency-resolution a long measurement time is 
necessary for this method. Other methods use the first temporal derivation of the phase 
angle to estimate the instantaneous frequency fi of a narrow bandpass signal, but high 
noise level will distort the measurements strongly: 

dt
tdfi
)(

2
1 ϕ
π

=  (5)

A special method, which allows an adequately good estimation of Doppler frequency 
despite short measurement time, is employed for the data processing of the SES-2000 raw 
data. It is even possible to measure several speed components in one distance cell. 

To get both, high radial as well as Doppler frequency resolution, it is necessary to have: 

o Broadband signals transmitted within narrow sound beams, 
o High PRF for a wide velocity measurement range, 
o Transmission of two to four sound beams with different aspect angles, 
o Coherent, i.e. phase synchronous signal processing, 
o Signals that can pass the medium, for suspended sediments low frequencies. 

The parametric SES-2000 SBP fulfils almost all requirements for good velocity 
estimation with a distance cell size of about 10 cm. The transmission of sound beams with 
different aspect angles can be achieved either with several transducers mounted with a 
squint angle or by using electronic beam steering. A combination of two transducers with 
electronic beam steering was used in a test equipment consisting of two synchronized 
SES-2000 standard SBPs to estimate velocity vectors in the water column with four sound 
beams, see figure 5. 

The measurement conditions of the test equipment were: PRF about 10-15 pps, carrier 
frequency 12 kHz, signal bandwidth about 6 kHz and integration time about 5 s. These 
values resulted in a maximum range Rmax of about 100-150 m, a range resolution dr of 
about 12 cm and a Doppler-frequency shift fd of about 1.6 Hz for a radial velocity vr of 
10 cm/s. 

 

   

Fig. 5: Transducer mounting bracket with 
variable transducer aspect angles used during 
the tests. The figures also show a 600 kHz 
ADCP (RD Instruments) mounted in the same 
angle to get reference values in the water. 

Figure 6 shows the radial velocity components of the two upper sound beams out of 
four individual beams used and the crossways velocity related to the boresight of the 
transducers. The data were obtained to reveal sediment transport initiated by ship traffic. 
During the ship’s crossings strong discontinuities of the current velocity arose which were 
dissolved very well.  
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The special signal processing applied in these tests allowed to determine not only high-
dynamic velocity changes during ship crossings but also the temporal variability. 
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Fig. 6: Radial velocity profiles of the two upper sound beams (left) and the calculated cross 
velocity (right). The change of the velocity, caused by propeller stream of a ship is to be seen in 

the center of the figures 

4. CONCLUSIONS 

The examples given in this paper show, that the parametric SES-2000 sub-bottom 
profilers are well suited for investigations suspended sediments. Internal structures and 
dynamic processes inside suspended sediments can be visualized. It was shown that radial 
and cross-velocities can be estimated with reasonable accuracy using low-frequent narrow 
sound beams generated by parametric SBP. Further improvements are necessary to obtain 
the full velocity vector. 
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Multibeam in Extended Archaeological Survey Use 
 

Jim Goold 
 

 
Abstract: RPM Nautical Foundation, a non-profit nautical archaeology research 
institution, owns and operates R/V Hercules, a 37.5 meter vessel purpose-built and 
equipped for archaeological and bathymetric survey operations and site investigation.  
Archaeological and bathymetric survey projects using Reson and Kongsberg 
multibeam sonar and ROV systems have been conducted with the Ministries of 
Culture and other research institutions in Spain (Cadiz), Malta, Morocco, Italy 
(Sicily, Calabria, Amalfi, Pantelleria), Turkey (Marmaris and Bodrum); and Cyprus 
(Episkopi Bay).  The 2007 field season includes projects in Sicily (Egadi Islands); 
Malta (Valletta approaches); Turkey (Bodrum and Datca Peninsula); and southern 
Albania. Over the past three field seasons, RPM has completed multibeam surveys of 
more than 300 square kilometers of areas selected for high archaeological interest, 
which is the most extended and extensive application of multibeam sonar technology 
for this purpose.  This presentation will provide an overview of RPM operations, 
multibeam and ROV systems for data gathering, with highlights from past projects 
and an overview of upcoming ones.  The use of mulitbeam sonar benefits large-scale 
survey mapping, as well as the screening and verification of sites, each of which will 
be discussed.    
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THE ARCHAEOLOGICAL RESEARCH FOR THE EXCAVATION 
OF "ERTUGRUL" WITH THE MULTIBEAM ECHO SOUNDER 
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Abstract:   September 16th, 1890, the wooden frigate “Ertugrul” of Ottoman Empire 
was struck by a typhoon and ended up sinking off Oshima village of Kushimoto, about 
150km south of Osaka. The excavation research of ”Ertugrul” was conducted on 9th 
January, 2007. There was little possibility that “Ertugrul” was in its original shape in 
view of the stories passed down by some survivors regarding how it sank, the fact that the 
ship sank about 120 years ago in a reefy area hit by many typhoons each year. Under 
these circumstances, there was no doubt that the further excavation could not be done 
without searches by divers in complicated seabed topographies and tidal currents. 
Therefore, to ensure the divers’ safety, precise information was required on the seabed 
topographies and on the condition of scattered remnants at the point where the ship sank. 
To obtain such vital information, we used High Resolution Multibeam Echo Sounder 
SeaBat8125. In this paper, we write about the result of the first ”Ertugrul” excavation 
research, focusing on the survey with the Multibeam Echo Sounder. 

Keywords: Ertugrul, Multibeam Echo Sounder 
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1. WRECK OF ERTUGRUL 

The first ever excavation research of the ”Ertugrul”, which sank off Kushimoto in 
September 1890, was conducted in January 2007 as the first step of a project for further 
promoting the friendly relationship between Turkey and Japan toward “Japanese Year in 
Turkey” in 2010.  
 

 
Fig.1: Ertugrul 

The wooden frigate Ertugrul of the Ottoman Empire was struck by a typhoon on its 
return voyage after making a goodwill visit to Meiji Emperor, and the 76-meter ship hit a 
rock reef and ended up sinking with its 656 crew members.  

Some survivors in this shipwreck were washed up on the shore near the lighthouse in 
Kashinozaki and crawled up a few-dozen-meter cliff to inform the lighthouse keeper of 
this accident. The accident was then reported to residents of Kashino, Oshima (currently 
Kushimoto) and the entire village worked on rescuing and caring for survivors of the 
accident.  

At that time, there were about 50 households in this village and all the residents were 
living in poverty. Furthermore, when the shipwreck occurred, the village was running out 
of food to the degree that only chickens they stored as an emergency food were left, due to 
persistent bad weather which prevented the villagers from fishing. However, they offered 
even these chickens to those who survived the wreck of the Ertugrul, a ship from an 
entirely unfamiliar country, Turkey.   

Sixty-nine people were saved as a result, while those who lost their lives were buried 
respectfully.  

2. OUTLINE OF EXCAVATION RESEARCH 

The excavation research conducted in January 2007 was a preliminary survey prior to 
the full-scale survey to be done from 2008 with the goal of salvaging the remains of the 
Ertugrul.  

According to literature, the Ertugrul was a steamship with a sail, and this means that it 
had an engine, boiler, propeller, and shaft. Such wreckages as cannons were salvaged in 
the Meiji Era, but there is no record of large remains like the engine having been retrieved.  
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3. INSTRUMENTATION AND EXCAVATION 

There was no doubt that the excavation could not be done without searches by divers 
on complicated seabed topographies and tidal currents. Therefore, to ensure the divers’ 
safety, precise information was required on the seabed topographies and on the condition 
of scattered remnants at the point where the ship sank. To obtain such vital information, 
we used RESON Inc.’s SeaBat8125 High Resolution Multibeam Echo Sounder.  

3.1. Overview of System 

We collected the necessary information using RESON Inc.’s SeaBat8125 High 
Resolution Multibeam Echo Sounder. The sonar operating frequency was 455kHz, and 
beam-forming echoed into 240 of 1/2-degree beams up to a 120m range, achieving a 6mm 
sampling resolution.  
 

 
 

Fig.2: System Configuration 

3.2. System Installation 

The System was installed on a 6-ton fishing boat, and the Sonar Head of the 
SeaBat8125 was firmly over-side-mounted on the ship. To monitor the ocean floor and 
large remains in real-time, displays were installed in the rear of the deck. The Fig. 3 shows 
the installed Sonar Head. 
 

Sonar HeadSonar Head
 

Fig.3: Installation of SeaBat8125 Sonar Head 
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3.3. Survey 

It is said that the Ertugrul sank a few hundred meters off Kashinozaki, Oshima (see the 
Fig. 4). Around this area, remains deemed to belong to the Ertugrul sometimes have been 
found during fishing operations. The Multibeam Survey was conducted in a shore-side 
area of about 1 kilometre southwest and 500 meters northeast from the shipwreck spot.  

 

Wreck SiteWreck Site  
Fig.4: Spot where Ertugrul sank  

Through real-time monitoring on the seafloor, we found the bottom topography in this 
area was more complicated than we had expected; the depth suddenly changed from a few 
dozen meters to a few meters.  

Because of this, we sometimes had no choice but to suspend the survey out of concern 
that the boat might be stranded.  Although the area around the coast was very reefy, the 
geography changed to a smooth sloping sand area with distance from the coast. 

It was difficult to identify remains in reef areas with the Multibeam. Although a few 
objects deemed to be remains were detected in the sand area off the coast, it was 
impossible to distinguish them from reefs sticking out from the sand without post-
processing the obtained data. 

 

 
 

Fig.5:  Real-time seafloor monitoring with Multibeam 
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4. SURVEY RESULT 

A bathymetry chart was created by post-processing the Multibeam Survey data with the 
HYPACK MAX Hydrographic Survey/Processing Software and Fledermaus 3D 
Visualization Software. 

4.1. Bathymetry Chart 

The Fig.6 shows the bathymetry chart of the entire survey area created using the data 
obtained in the Multibeam Survey.  

In some areas, we were unable to conduct measurements because these areas were too 
shallow or reefy. These areas are displayed in white on this chart. The spot marked with 
the red circle shows the reef area where the Ertugrul is thought to have sunk. 

 
Fig.6: Bathymetry chart of entire survey area 

The Fig.7 shows an enlarged bird’s eye-view of this area from the east. The rock shown 
in the center is more than 15-meter high from the seafloor. 

 
Fig.7: Rock reef thought to have been hit by Ertugrul 
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4.2. Search for Remains 

Using the 3-dimentional bathymetry chart created in the Multibeam Survey and other 
information obtained during the survey, we searched for Ertugrul remains. In the past, 
such small remains as dishes and pieces of the ship had been found around the rocks 
shown in the Fig.7.  

However, it was difficult to identify remains in the reef area on the 3-dimentional 
bathymetry chart as we had expected.  

4.3. Effectiveness of Multibeam Survey in Archaeological Research 

Unfortunately, we were unable to find any of the remains of the Ertugrul in this 
Multibeam Survey. This may have been because: the Ertugrul was demolished when it 
sank as widely believed; most of its remains have already been salvaged as we anticipated; 
and the spot where it sank was in a complex topography.  

Before this survey, the Multibeam Echo Sounder had demonstrated its capability in 
detecting ships in their original shapes as well as large remains on the flat sea floor on 
many occasions, but it had almost never been used to excavate small remains because, 
most of such excavations were conducted mainly by divers. 

 In this Ertugrul excavation research, however, we learned that the Multibeam Echo 
Sounder can play an important role in increasing the efficiency and safety of divers in an 
excavation research on complex bottom topographies like this time.   

We are thinking that, by plotting found remains of a shipwreck on a bathymetry chart, 
it is possible to display the distribution of the remains by GIS to see how a ship wrecked.   

At last, all the parties involved in this research sincerely hope the excavation research 
of the Ertugrul will help further deepen the friendly relation between Turkey and Japan. 
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Acoustical prospecting in extremely shallow water for palaeo-
environmental reconstruction in the Lagoon of Venice 

 
Fantina Madricardo, Sandra Donnici, Silvano Buogo, Paola Calicchia, Alberto 
Lezziero 

 
Abstract: In 2006 the joint project called ECHOS for geomorphologic reconstruction 
of palaeo-environments in the Lagoon of Venice (Italy) has come to its conclusion. 
Within this project an extensive survey over a wide area of the Venice Lagoon was 
carried out through acoustic methods together with geological and archaeological 
investigations. The measurements were performed in extremely shallow water (often  
1 m). A conventional echosounder was used for the prospection, after being modified 
for use in this environment. At the same time, in the considered area 30 cores were 
sampled and analysed to verify the nature of the morphologies identified through the 
acoustic investigation. The systematic direct comparison of the acoustical and 
geological data shows the potential and limits of acoustic methods for archaeological 
and geological research in the Venice Lagoon. 
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Low-frequency not-impulsive sonar technique for detecting objects 
buried under sediment 

 
Enrico Armelloni, Angelo Farina, Michele Zanolin 

 
Abstract: Techniques based on not-impulsive sources are well known in the 
Underwater Acoustic science, to evaluate the distance of objects and to plot the 
profile of the sea bottom. In the measurements of impulse responses results, obtained 
using not-impulsive techniques (Maximum Length Sequence signal, linear sine sweep 
and logarithmic sine sweep), are better than using traditional impulsive sources. 
Typically, signal-to-noise ratio and depth resolution both increase.In this paper the 
authors would investigate the behaviour of a particular family of three not-impulsive 
signals, MLS, sine sweeps linear and logarithmic, in order to evaluate their capability 
to penetrate under the seabed and discover objects, like ancient artefacts (walls, jars, 
etc.) or buried ships. This work will focus the attention on advantages and defects of 
these three different methods.The mathematical theory for the generation of the MLS, 
sine sweep signals and for the deconvolution of the system’s impulse response are 
first described. Then a software implementation of the measurement methods, based 
on the creation of plug-ins for a shareware waveform editor, running on a low cost 
PC is demonstrated.Some experiments conducted under controlled conditions and in 
the shallow and very shallow water show that the proposed techniques produce 
images of the bottom profile with accurate depth resolution and higher signal-to-
noise ratio that increases using sine sweep signal instead of MLS one. Furthermore, 
the simultaneous use of low and high frequencies allows to penetrate several meters 
under the seabed showing different sediment layers and possible artefacts. The 
aptitude of not-impulsive signals to provide information about both geological 
profiles and the attendance of buried objects, make them interesting techniques to use 
in geological and geoarchaeological researches and applications. 
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INVESTIGATION OF PULSE PROPAGATION IN SHALLOW 
WATER LABORATORY EXPERIMENTS AND COMPARISON 

WITH NUMERICAL SIMULATIONS 

Alexios Korakasa, Frédéric Sturma, Jean-Pierre Sessaregob, Didier Ferrandb 

aLMFA, UMR CNRS 5509, Ecole Centrale de Lyon, France  
bLMA, UPR CNRS 7051, Marseille, France  

Contact: Alexios Korakas, Laboratoire de Mécanique des Fluides et d’Acoustique, Ecole 
Centrale de Lyon, 36, avenue Guy de Collongue, FR-69134 Ecully Cedex, France, Fax: 
+33 (0)4 72 18 91 43, alexis.korakas@ec-lyon.fr 

Abstract: In this work, we present broadband pulse laboratory experiments in a shallow 
water Pekeris-like configuration. The experimental results are compared with numerical 
predictions by the time-domain FFP code OASES. The comparisons are carried out by 
means of the time-domain cross-correlation function. Discrepancies observed are 
attributed to uncertainties in the water depth and bottom sound celerity measurements. 
Good agreement is achieved by decreasing the measured value of the water depth in the 
numerical simulations, giving evidence of an inherent error in the water depth 
measurement.  

Keywords: tank experiment, shallow water, broadband pulse propagation 

1. INTRODUCTION  

The ocean complexity and variability make it difficult to perform long range 
propagation experiments under well known environmental conditions. On the other hand, 
laboratory scaled experiments provide better control over the environmental parameters 
during the experiment and turn out to be a useful means for testing numerical propagation 
models in various scenarios [1]-[8]. During the development of scaled models, the 
accurate determination of the geoacoustic parameters and/or the water depth appears to be 
a major issue. Indeed, small deviations of these parameters can lead to high discrepancies 
between experiment and theory (e.g. [4]). Previous work investigated continuous wave 
signal propagation in a shallow water configuration of a Pekeris type [7]. An overall good 
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agreement was obtained between measured sound fields and numerical model predictions. 
Furthermore, an improvement was observed when shear waves were considered in the 
bottom, although the values used in the code are still subject to discussion. In each case, 
the best fit was obtained by adjusting in the numerical simulations, the measured value of 
the compressional wave speed in the sediment. More recent experiments performed in the 
same tank showed that a possible error of approximately 10% was made when measuring 
the water depth. Therefore, the values of the parameters used in the numerical simulations 
need to be re-addressed. 

The objective of this paper is to further investigate this issue by means of broadband 
pulse propagation instead of harmonic sources as in [7]. The combined effect of both 
water depth and bottom sound speed is examined. Note that this work is part of the 
calibration process initiated in [7] and [8], the main aim being to develop efficient 
experimental procedures to provide reliable experimental data to be used for future studies 
(e.g. inversion techniques). In the next sections we present an overview of the 
experimental set-up and the experimental results are compared with numerical predictions.  

2. EXPERIMENTAL SET-UP 

The experiments were carried out using the tank facilities of the LMA-CNRS 
laboratory in Marseille (France). The shallow water tank is 10-m-long and 3-m-wide, thus 
allowing for long range propagation measurements. The set-up is similar to the one 
described in [7]. It intends to simulate a shallow-water range-independent waveguide 
consisting of a water layer over a bottom half-space. The bottom is simulated by a thick 
layer of sand (of approximately 30 wavelengths at the operational frequency). The grain 
size of the sand is between 200 μm and 300 μm. The bottom is made as flat as possible. 
The tank can be filled with water up to 50 cm. Absorbers are placed along the tank to 
avoid reflections from the sidewalls. The source and receiver are cylindrical piezoelectric 
transducers with diameters of 6.0 mm and 5.2 mm, respectively. The source can be 
positioned to any desired depth while the receiver is carried by a gantry allowing it to 
move in three directions. More details about the experimental set-up can be found in [7]. 

Before proceeding to comparisons between experimental and numerical results, the 
physical properties of the water and bottom layers had to be determined. The water depth 
was measured with a high frequency transducer by means of travel time differences, 
leading to H = 38.4 mm. An error of nearly 10% goes with this measurement. This is 
discussed in the next section. The temperature in the water layer was 18.62°C 
corresponding to a sound speed of 1478.0 m/s (cf. [9]). The compressional wave speed in 
the sediment, cb, was measured on sand samples to avoid damaging the bottom flatness. 
The measurements gave cb = 1660 m/s. However, it should be noted that the consolidation 
of the sand in the tank was apparently different. Therefore, it is not unlikely that the 
compressional wave speed in the tank’s sediment was different from the measurements on 
sand samples. Note also that the value of cb used in [7] during the numerical simulations 
was 1740 m/s. Hence we shall consider that a realistic estimate of cb lies in the range 
1650-1750 m/s. The attenuation of the compressional waves in the sediment was 0.5 dB/λ. 
The water and bottom densities were 1000 kg/m3 and 1990 kg/m3, respectively.  

3. COMPARISON WITH NUMERICAL SIMULATIONS 

 The source signal produced at the wave generator was a Gaussian pulse centered at a 
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frequency of 114 kHz with a 110 kHz bandwidth (grey curve in Fig. 1). However, the 
signal was altered during its transmission from the wave generator to the piezoelectric 
transducer. It was thus recorded close to the source in deep water. It is plotted in Fig. 1 
(black curve). Its central frequency has been shifted to 126 kHz and its bandwidth has 
been reduced to approximately 80 kHz leading to an increase in its duration (cf. Fig. 
1(a)). This time signal served as an input in the numerical simulations. Mainly, three 
propagating modes were present in the waveguide. Care was taken to position the source 
at a depth where all the modes were excited. It was set to 10 mm from the water surface. 
The source/receiver distance was set to 5 m where the modes were well distinguishable. 
The received signal was recorded at several depths between RD = 8 mm and RD = 34 
mm with depth increments of 1 mm. 

Fig.1  (a) Gaussian signal generated at the wave generator (grey curve) and signal 
emitted by the piezoelectric transducer (black curve), and (b) their respective spectra. 

 The experimental results are compared to the time-domain FFP code OASES [10]. A 
scale factor of 1/1000 was used in the numerical simulations. The comparisons are carried 
out using the time domain cross-correlation function [11]: 

∫ −=
T

tsts
T

R
0

*
simexpsimexp, d)()(1)( τττ , (1)

where sexp denotes the experimental signal, ssim the simulated signal and τ  is the delay 
between the two signals. It is normalized so that the autocorrelation function at zero lag is 
equal to 1. The maximum value of the cross-correlation function is used as a measure of 
similarity between the two signals. The comparisons between experimental and numerical 
results are shown at three characteristic depths (RD = 8mm, 15mm, and 22mm) in Fig. 2, 
for two distinct values of the sound speed in the sediment. The grey curves represent the 
measured data while the black curves represent the numerical predictions. Simulated 
results shown in Fig. 2(a) were obtained with the experimentally measured parameter 
values (i.e. H = 38.4 mm, cb = 1660 m/s). In Fig. 2(b) we show the same comparison with 
a bottom sound speed of cb = 1740 m/s, as in [7]. Note that the numerical results have 
been converted to the laboratory scale on comparison's purpose. 
 We observe the arrivals of three distinct wave packets corresponding to the three 
propagating modes present in the waveguide (cf. Fig. 2). The third mode is seen to suffer 
high attenuation at long range. This is due to strong interaction of higher modes with the 
bottom. For the same reason, the third mode is the main carrier of information related to 
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the geoacoustic properties of the sediment. In Fig. 2(a) we observe an overall good 
agreement between experimental and simulated data. However, the predicted dispersion of 
the modes and the separation between them is inconsistent with the experimental results. 
Such discrepancies are most likely caused by errors in the water depth and bottom sound 
celerity measurements. Note that we did not focus on the attenuation of the compressional 
waves in the sediment. Indeed, the relative amplitudes of the third mode do agree. The 
correlation values for these comparisons are displayed for each receiver depth in Fig. 2. 
Using now cb = 1740 m/s, as in [7], the modes become more dispersed, but discrepancies 
still persist (cf. Fig. 2(b)). 

 
 We then proceeded with repetitive runs of the code OASES for several combinations 
of parameters H and cb. Figure 3 represents the maximum value of the cross-correlation 
function between experimental and numerical results as a function of the water depth H 
and bottom sound celerity cb. The water depth was chosen to vary between 35 and 40 mm 
with an increment of 0.1 mm, and the sound celerity between 1600 and 1800 m/s with an 
increment of 5 m/s. Figure 3(a) corresponds to a receiver depth of 8 mm while Fig. 3(b) 
corresponds to a receiver depth of 15 mm. We observe, for each receiver depth, a pattern 
of three “streaks” of high correlation values, labelled A, B, and C. We note that in the 
absence of mode 3, the streaks become thicker (cf. Fig. 3(b)), i.e. a lower resolution is 
obtained. We thus focus on Fig. 3(a). According to Fig. 3(a), the sought parameter values 
are located in streak B. In other words, the water depth lies in the range 36.5 - 37.5 mm, 
rather than around 38.4 mm as suggested by the experiment (e.g. white dots in Fig. 3). 
Recently, it has been checked experimentally that a possible overestimate of 
approximately 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, 
occurring when the latter was plunged into the water. This turns out to be consistent with 
the above results. 

Fig. 2: Comparison between experimental data and numerical predictions. 
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However, looking back at streak B in Fig. 3(a), we see that any value of cb lying between 
1650 and 1750 m/s leads also to a high correlation between experimental and theoretical 
results: no better resolution is obtained over the value of the compressional wave speed in 
the sediment. This is better illustrated in Fig. 4, where we show comparisons for the two 
combinations H = 37.2 mm, cb = 1705 m/s, and H = 37.4 mm, cb = 1735 m/s, 
corresponding to the black dots in Fig. 3. It is evident from Figs. 4(a) and 4(b) that a very 
good agreement is obtained in both cases. Besides, the present analysis confirms that the 
value of 1740 m/s which was used to get the best fit between experimental and simulated 
results for a harmonic source in Ref. [7], is an acceptable and reasonable choice. 

4. CONCLUSION AND PERSPECTIVES 

Scaled experiments of pulse propagation were performed as a follow up to the 
calibration process described in [7]. Mode dispersion and mode attenuation features were 
observed. The experimental results were compared with numerical predictions by means 
of the time-domain cross-correlation function. The comparisons were carried out for 
several combinations of the water depth and the bottom sound celerity estimates within 
realistic bounds of their measured values. A good agreement was achieved using values of 
the water depth that were smaller than the measured one. This result was also checked 
experimentally, giving evidence of an inherent error in the water depth measurement. One 
of our main efforts is now to improve the experimental procedure by considering 
alternative measurement techniques in order to reduce the uncertainties in the measured 
water depth, and therefore obtain a reduced range for the bottom sound celerity. Current 
work is focusing on implementation of more powerful tools such as inversion techniques. 
 

 
(a) RD = 8 mm (b) RD = 15 mm 

Fig. 3:  Maximum value of the cross-correlation function between the experimental and 
numerical results, as a function of the water depth (H) and bottom sound celerity (cb). 
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Fig. 4: Comparison between experimental data and numerical predictions. 
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Abstract   A traveling wave tube measurement technique is developed for measuring 
acoustic properties of underwater acoustic materials. In the laboratory, water 
temperature and pressure environments of the ocean can be simulated in the water-filled 
tube. The acoustic parameters of samples are measured in the low frequency range. A 
tested sample is located at a central position of the tube. A pair of projectors is separately 
located at both ends of the tube. Using an active anechoic technique, a transmitted sound 
wave of the sample reflected by the surface of the secondary transducer is negligible. Due 
to this, the traveling sound field is built up in the tube. By separately calculating the 
transfer functions of every pair of double hydrophones in the sound fields from the both 
sides of the sample, its reflection coefficients and transmission coefficients are obtained. 
In the measurement system, the inside diameter of the tube is 208mm, the working 
frequency range is 100Hz~4000Hz and the maximum pressure is 5MPa. The reflection 
coefficients and transmission coefficients of the water layer and stainless steel layer 
samples are measured actually and calculated theoretically. The results show that the 
measured values are in good agreement with those calculated, and the measurement 
uncertainty is not greater than 1.5dB. 

Keywords: Underwater acoustic materials, Reflection coefficients, Transmission 
coefficients, Traveling wave tube 
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1. INTRODUCTION  

In recent years, the low-frequency acoustic property measurements are more and more 
important for underwater acoustic materials and structures such as reflection baffles and 
anechoic tiles on a simulated working environmental condition. For a large area sample, 
adopting Broadband Compressed Pulse Superposition Method, the lowest measuring 
frequency is around 2kHz [1]. If the Measurements are performed at lower frequencies, 
the dimensions of projector and sample must be increased. However, the dimensions are 
restricted by the entrance sizes of the high-pressure tank. For a small sample, the 
traditional approaches are pulse tube and standing wave tube methods. A pulse tube 
measurement facility can be used for measuring reflection coefficients and transmission 
coefficients of samples, but the material must be homogeneous and close-grained for 
transmission coefficient measurements. The lowest test frequency is about 2kHz that 
determined by the length of the pulse sound tube [2]. The standing wave tube 
measurement facility works at the low frequencies. The lowest frequency is determined by 
the ratio of signal-noise of the sound source. However, the measured sample must be 
placed at the top port of the tube. The measured reflection coefficients are affected not 
only by the tested sample but also by its acoustic backing impedance. But the problems 
above can be solved well by adopting active anechoic travelling tube technique. 

The water-filled traveling wave tube using active anechoic technique was proposed by 
USRD for underwater acoustic transducer metrology. The water temperature and pressure 
in the tube could be changed [3]. In addition, a similar facility for underwater acoustic 
materials was set up in USRD. The height of the pipe is 2m, and the inside diameter is 
380mm. The measurement frequency range is 100Hz~1750Hz [4]. The measuring 
frequency range of the traveling wave pipe facility in Russia is 300Hz~5kHz. The height 
of the pipe is 4m, and the inside diameter is 150mm [5].  

Comparing to the traveling wave tube measurement systems in other countries, a 
double hydrophones transfer function method is utilized in the traveling wave tube 
measurement system described in this paper. The rare earth transducers sound source 
technique, signal acquisition and processing techniques are also applied to the system.  
The tube height is 5m and the inside diameter is 208mm. The tube is divided into two 
parts, and the low part can be moved vertically. The primary projector is installed at the 
bottom port, and the secondary projector is installed at the top port, and the tested sample 
is located at the central position of the tube. The measuring frequency range is 
100Hz~4kHz. 

2.  MEASUREMENT PRINCIPLES 

2.1. Ttraveling wave sound field 

As Fig.1 shows, the primary projector emits an incident sine sound wave to the surface 
of the sample vertically. The sound pressure reflection coefficient r on the surface of the 
secondary projector is 

( )
in
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UZpr ′
⋅+

= φ
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Where, '
rep  is the sound pressure of the reflected wave on the surface of the secondary 

projector， in'p  is the sound pressure of the incident wave, φUZ ⋅  is the sound pressure of 
the emission wave from the secondary projector, φU  is the voltage of the input signal of 
the power amplifier 2, Z is the transfer factor. The anechoic steps are as follows: 

 

 
Fig.1: Traveling wave tube 
(1) Let 0=φU , then the reflection coefficient 0r  on the surface of the secondary 

projector can be calculated with the double hydrophone transfer function shown in the 
following formula (2) 
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Where, k is a wave number of the sound wave in the tube, nD  is the distance between 
the hydrophone n and the surface of the secondary projector, mnl  is the distance between 

the hydrophone m and the hydrophone n, 
n

m
mn U

U
H =  is the transfer function of the double 

hydrophone m and n. mU  and nU  are the output voltages of the hydrophone channels m 
and n.  

(2) The secondary projector is driven with an electric signal 00 exp φφ iUU =  with 
specific amplitude and phase, but the status of the primary projector without change. The 
reflection coefficient 1r  on the surface of the secondary projector is measured at this time. 
We have the formula (3) and formula (4):  
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(3) The signal source generates the signal φU  that calculated from the formula (4) to 
the secondary projector. Then a new reflection coefficient 1r  on the surface of the 
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secondary projector could be measured according to the formula (2). When δ≤1r , the 
top port is recognized as an ideal sound absorber. The ‘δ ‘ is a preset reflection coefficient 
on the surface of this sound absorber (satisfying a condition that the reflection can be 
neglected).  

(4) If the condition δ≤1r  mentioned above has not be satisfied, then the formula (3) 
and (4) should be calculated again, and the step 3 should be repeated until an anechoic 
condition is satisfied.  

2.2. Measurements for acoustic parameters of samples 

To satisfy the spatial sampling theorem, the pair of No.0 and No.2 hydrophones and the 
pair of No.3 and No.5 hydrophones (l02=l35) are used to measure at frequencies below 
1kHz, the pair of No.0 and No.1 hydrophones and the pair of No.3 and No.4 hydrophones 
（ l01=l34）are used to measure at frequencies from 1kHz to 4kHz. Example for the 
measurements at frequencies below 1kHz, the reflection coefficient pr and the transmission 
coefficient pτ are calculated from the following two formulas (5) and (6) after the transfer 
function of the double hydrophones has been obtained. 
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3.  MEASUREMENT SYSTEM 

 
Fig.2:  The measurement system 
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 The block diagram of the measurement system is shown in the Fig.2. The system 
includes the electric instruments, measurement software, sound tube, auxiliary devices, 
projectors and hydrophones.  The double channels wave generator controls phases and 
amplitudes of the sine signals independently, and outputs signals to the input ports of the 
power amplifier 1 and 2 synchronously, and provides a synchronous signal for the 
measurement system. The electric switch accomplishes to close the each received signal 
channels of the hydrophones optionally. The preamplifier and filter adjust the signal 
received by the hydrophones. The four channels digital oscilloscope monitors signals in 
the all channels. The dynamic signal analyzer is used to carry out data acquisitions for the 
measurement system. The computer does acoustic calculations and manages the measured 
results, and achieves measurements automatically. 

4.  MEASUREMENTS FOR THE SAMPLES 

Let the water layer as a measured sample at the centre position in the tube. It is 
assumed that the traveling wave field in the upper part of the tube has been built when the 
reflection coefficient on the surface of secondary projector is less than 0.05 (the absorption 
coefficient arrives at 99.75%). The reflection and transmission coefficients of the water 
layer measured at temperature of Wt =19℃ and at pressure of P=1MPa are shown in the 
Fig.3.  

 
Fig.3: The measured results of reflection and transmission coefficients of the water 

layer ( Wt =19℃、P=1MPa) 

A stainless steel layer sample (Φ207mm×50mm) is acted as a tested standard sample 
for checking the system properties. The measured and calculated results of the reflection 
coefficients and transmission coefficients at Wt =19℃ water temperature and P=1.4MPa 
water pressure are shown in the Fig.4. The real lines represent theoretical curves. The 
circular and square dots represent measured values. 
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Fig.4: The measured values and theoretical curves of reflection and transmission 

coefficients of the stainless steel sample with 50mm thickness ( Wt =19℃、P=1.4MPa) 

5. CONCLUSION 

The acoustic parameter measurements for underwater acoustic materials and structures 
are realized at low frequencies through the traveling wave tube measurement technique.    
Meanwhile, the simulated ocean temperature and pressure conditions can be provided by 
the correspondent measurement system. The system offers new measurement ways to 
investigate and verify the acoustic parameters of materials and structures. The measuring 
frequency range of 100Hz~4kHz is a compensation for the pulse sound tube and a free 
field measurement facility. Measurement uncertainty of the system is not greater than 
1.5dB. The measurement precision is better at the low frequencies than at the high 
frequencies.  
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Experimental research on theory and application of edge diffraction 
separated in time domain based on virtual instrument technology 

 
Liu Yan-sen, Sheng Mei-ping, Wang Min-qing,Wang Mei-yan,  Zhang Hui-ping  

 
Abstract: Acoustic measurement technology plays a very important and basic part in 
acoustical research and engineering. Free field impulse method is now one of the 
main methods used in acoustic measurement of underwater materials. The edge 
diffraction effect of the sample panel has always been the main factor in limiting both 
the testing bandwidth and the lowest effective frequency. The edge diffraction 
separated theory in time domain is summarized and perfected in detail in this paper, 
in order to restrain the edge diffraction interference. The condition of separating 
pulse width was made clear and random noise impulse was chosen as a new 
measuring source signal in acoustical measurement. With an aluminum sample panel 
and a foam sample panel, random noise impulses of different pulse width as 
measuring signal, experiment validation and application research were made based 
on the virtual instrument technology, to testify the efficiency and feasibility of 
separating theory in time domain. Experiment results were also analyzed. Both 
validating result and sound insulation measuring result show that separating theory 
in time domain is feasible, effective and also credible. It provides a very valuable 
reference for sound insulation measuring technology of non-sound insulation room, 
especially for local engineering measurement. The Combination Broadband Emitting 
Technique(CBET) are put forward for solving the problem of the too short edge 
diffraction separating pulse width and the deficient frequency response of the emitting 
system in acoustical measurement. The technologies create a requirement for directly 
using the theory of the edge diffraction separated in time domain. They also break a 
new path for low frequency and broadband measurement, and it is worth while to be 
attempted and generalized.  
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Abstract: Sound reflection from water-saturated sandy bottoms was studied in the 
Laboratory in a very wide frequency range 200 kHz - 7MHz. In the “low frequency 
domain” (<1MHz) and for medium sand, the reflected level has been shown to be in good 
agreement with classical values obtained by theory of reflection from fluid-fluid or fluid-
porous media, but as the frequency increases, the behaviour becomes completely different. 
In particular, a strong decrease of the reflected level, more than 20 dB below the 
classical, has been observed in the very high frequency regime (> 3MHz). Same 
experiments were carried out with coarse sand. A very similar effect was observed but in 
this case the decrease of the reflection level is shifted in the low frequency domain (~200 
kHz). All these effects seem to be directly connected to the ratio between grain size and 
wavelength.  

Keywords: reflection coefficient, sediment acoustics, granular media,  

INTRODUCTION  

Measurements of the reflection coefficient from water-saturated sandy bottoms have 
been carried out in the low frequency domain (<50 kHz) by many authors [1]-[5]. This 
domain corresponds to frequencies of classical sonars. In the case of water-saturated 
sediments, the measured level could be explained both by classical laws of reflection from 
an interface between fluid-fluid media or, in a more refined manner, by Biot theory for 
porous media. Moreover, in the absence of ripples or volume inhomogeneities, the water-
saturated sand bottom can be considered as a semi-infinite homogeneous medium with the 
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density and sound speed which can be obtained by homogenization techniques. They can 
also be obtained directly from in situ measurements. The measured reflection coefficient 
can thus be directly related to the contrast impedance between the two media in contact. In 
the low frequency domain the reflection coefficient of a medium sand is known to be [6] 
in the range [0.35- 0.4], which in a logarithmic scale gives a reflection loss of about 8 to 9 
dB. 

Very few studies have been done in the high frequency domain except some 
experiments which have been performed in laboratory conditions [7]-[9]. It has been 
recently shown [10], [11] that for medium sand, if the working frequency is increased, 
some interesting phenomena begin to appear. In particular in the very high frequency 
domain, it can be observed a strong decrease of the reflection coefficient. The measured 
level seems to go down to a limiting value which is about 20dB below the classical level. 

 It was to better understand the complex mechanism of sea bottom reflection that this 
study has been developed in the Laboratory where all the parameters of the experiment 
can be perfectly controlled.The final goal of this work was to show that there is a 
transition zone between continuous and granular behaviour and that the beginning of this 
zone depends both on the size of the particles and the wavelength of the acoustical signal.  

1. THE EXPERIMENT 

The experiment was performed with two types of well-sorted sandy sediments. The 
first one, medium sand (MS) had a narrow size distribution of particles with the mean 
diameter 0.245 mm, a density 1.98 and porosity about 36.5%. The second one, coarse sand 
(CS) had a wider size distribution with the mean diameter 1.55mm, a density 2.02 and 
porosity about 33%. 

In order to cover the wide frequency range 200 kHz-7MHz, four Panametrics 
transducers were used. They were selected in such a way that their spectrum overlap over 
a wide frequency band.  

The two types of sediments were placed in two plastic boxes of the same size with 
17x23 cm in the horizontal dimension and 9cm in the vertical. These boxes were then 
immersed in a water tank (2m long, 1.2m wide and 1m deep) in which the water was 
treated with chlorine to exclude presence of living organisms and degassed carefully 
during months. The sediments in the two boxes were sieved and scraped to eliminate 
remaining bubbles. After these treatments, the surface was carefully flattened to eliminate 
roughness at scales much larger than the sediment grains. In these conditions, no 
scattering effect could come from volume inhomogeneities or large scale surface 
roughness.   

Before any measurement, the transducers were calibrated using the air-water interface 
as a perfect reflector. The distance between transducer and air-water interface was set to 
about 25cm in order to satify far field conditions for all the transducers. 

In figure 1, the frequency response is given for transducers T1 (250 kHz), T2 (500 
kHz), T3 (2.25 MHz) and T4 (5MHz) used in the experiment. We can observe in this 
figure that there is an overlapping of the spectra which has been used to test the good fit 
between measurements performed with different transducers.  
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Fig1: Frequency response of the transducers. 

 
After this calibration phase, we have ensonified the sandy bottoms at normal incidence 

and at the same distance as the distance chosen for the calibration on the air-water 
interface. In this condition, we don’t have to apply any divergence correction to the signal 
amplitude. Only one transducer working both as transmitter and receiver was used at a 
time. This configuration is close to the configuration of classical echo sounding. The 
backscattered echoes were recorded for different horizontal positions of the transducers. 
The chosen increment for the displacement was 0.5cm which was much less than the 
footprint of the beam on the sand bottom. An example of echogram is shown in figure 2 
for the two types of sediments.  

 

  

 
Fig 2: Recorded echoes at normal incidence on the two boxes filled with medium sand (left 
part of figures) and coarse sand (right part of figures). 

In these figures we can see some spurious echoes coming from the side walls of the 
boxes (ripples at both the extreme left and extreme right sides of figures). If we look now 
at the recorded echoes, we can observe a different behavior for medium and coarse sand. 
For coarse sand the reflected signal is always followed by a complex structure extending 
over a long time. This complex structure is called “coda” in the seismic domain. It is due 
to multiple scattering by grains. It also appears for medium sand at very high frequency. 

In order to compute the reflection coefficient we applied the following procedure. If 
)(tpi are the amplitudes of the reflected signal by the bottom when the transducer is in a 

position reffered to by i, then from the definition of the total intensity we can write: 
2( )P fi i

It =  
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where Pi(f) is the Fourier transform of )(tpi . The reflection coefficient is then obtained as 
the ratio between the square root of the total intensity and the Fourier transform of the 
calibration signal at the air-water interface. 

Fig.3. gives the intermediate results obtained with transducers T1, T2, T3 and T4. We 
can observe that for “low frequency domain” (<1MHz) the measured level is 
approximately constant and equal to -10dB, which is more or less in accordance with 
classical results. This level decreases strongly for higher frequencies and goes down to -30 
dB for very high frequencies (>4MHz). 

 

 

 
Fig 3: Reflection Loss for medium sand as a function of frequency. 

  
Fig.4 is simply a juxtaposition of the results obtained with the 4 transducers, in order to 

present the behaviour of the reflection loss on a very wide frequency range. In this figure 
we can observe that the different curves obtained with different transducers fit quite well. 

 

       
Fig.4: Reflection Loss for medium sand as a function of frequency (all transducers).  

 
Fig.5 shows the reflection loss for the coarse sand. In this case we can observe that the 

measured level is continuously decreasing from 200 kHz up to 2MHz where a continous 
level seems to be reached. As for medium sand this continuous level is about -30dB.  
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Fig.5: Reflection Loss for coarse sand as a function of frequency. 

 
Fig.6 is the juxtaposition on the same graph of the results obtained with all the different 
transducers. Once again, we can observe a satisfactory fit of the results obtained with the 
different transducers. 

 
Fig.6: Reflection loss as a function of frequency (all transducers). 

 
If we compare fig.5 and fig.6 it seems that we are faced to the same phenomenon, namely 
a strong decrease of the reflection level when the wavelength becomes comparable to the 
size of the particles. This effect could be directly related to the transition between a 
continuous behaviour when the wavelength is larger than the particle size to a granular 
behaviour in the opposite case. 

2. CONCLUSION 

It has been shown that the sound reflection at normal incidence by a sandy bottom 
depends strongly on the frequency of ensonification. It depends also on the size of the 
grains. This result emphasizes the role played by the size of particles in the reflection 
process by a sandy bottom. For the moment, an explanation for the strong decrease of 
the reflected acoustical level at high frequencies has not yet been developed but it can 
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be suggested that at relatively high frequency the sand behaves like a granular medium 
and that this transition between continuous to granular is quite linear with frequency.   
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Abstract: A three-year project (2004-2006) at the Naval Research Laboratory was 
dedicated to the design, execution and analysis of water tank experiments to resolve issues 
relating to theories of acoustic interaction with elastic ocean bottoms. The two problems 
of interest were the predictions of backscattering from a randomly rough water-bottom 
interface and forward propagation of sound through a waveguide. In the former case, the 
elastic ocean bottom was simulated by a milled slab of PVC, and the resulting acoustic 
data compared with a deterministic rough-surface scattering model. In the latter case, a 
flat slab of PVC was used, and the resulting data compared with an elastic parabolic 
equation model. Laboratory analysis performed on samples of the material provided 
ground-truth measurements of the acoustic model inputs (shear/compressional speeds and 
attenuations). The experimental results demonstrate the capability of the acoustic models 
to accurately predict the appropriate measures of the acoustic field (transmission loss, 
received pressure time series, or scattering strength). This effort also resulted in the 
development of a capability to produce fabricated physical models of band-limited fractal 
surfaces using a computer-controlled milling machine. The effort is currently being 
extended to include physical models with both rough surfaces and heterogeneities to 
address more complex problems involving both the water-sediment interface and 
inclusions (e.g. shells, rocks) in the underlying sediment. [Work supported by ONR.] 
 
Keywords: Tank experiment, rough surface scattering, parabolic equation 
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1. INTRODUCTION 
 

The Geoacoustic Physical Modeling (GPM) project (2004-2006) at the Naval Research 
Laboratory (NRL) was dedicated to the design, execution and analysis of water tank 
experiments to resolve issues relating to theories of acoustic interaction with elastic ocean 
bottoms. It represented a coordinated effort to use modern capabilities of rough surface 
fabrication and robotic control of sources/receivers to address problems in environmental 
acoustics. Examples of earlier uses of physical models, representing the topography of the 
ocean bottom or ice ridges, can be found in the work of Horton [1], Chu [2] and Williams 
[3]. These models were made of polystyrene, Styrofoam and acrylic, respectively. 
Mellema [4] utilized modern milling capabilities to create a power-law rough surface on a 
Plexiglas sample to investigate the problem of sub-critical angle penetration. Sessarego [5] 
performed experiments with physical models of rough surfaces and blocks with glass bead 
inclusions, and created simulated waveguides using flat or layered blocks to test 
propagation codes. The NRL GPM project has utilized PVC blocks to create an elastic 
medium with sufficient thickness, attenuation, and homogeneity to study rough surface 
scattering phenomena in isolation from volume scattering. A parallel project effort was the 
use of similar blocks to create a simulation of a waveguide with a sloped ocean bottom to 
test a propagation code. 

The NRL project endeavored to utilize new developments in implementing scattering 
and propagation theory, including the following computational algorithms: 

 
• The BORIS-SSA (Bottom Reverberation from Inhomogeneities and Surfaces – 

Small Slope Approximation) scattering model, for predicting pressure as a function 
of time (time series) and scattering strength as a function of grazing angle for a 
rough surface realization [6].  

• The NRL small-slope model for predicting scattering strength as a function of 
grazing angle for rough bottoms with a power-law roughness spectrum [7].  

• The Range-dependent Acoustic Model with Shear (RAMS) [8] for predicting 
transmission loss vs. range in a waveguide involving an elastic bottom.  

The project also involved modern methods of rough surface fabrication, including  
 

• A mathematical formalism for creating band-limited fractal surfaces (or fractional 
Brownian motion), including the effects of the finite dimensions of milling tools 
(specifically, the radius of a ball-nose end mill), documented in [9]. 

• The use of Visual Mill toolpathing software [10], providing an input file to control 
a ShopBot [11] computer numerical controlled (CNC) router, using a series of drill 
bits to perform a series of stages of rough surface fabrication. A touch-trigger 
probe was employed to perform profilometry measurements on the surfaces. 

Other capabilities utilized by the project were: 
 

• The Shallow Water Acoustic Laboratory, a water tank of size 4.0 m (water depth) 
by 10.7 m by 7.6 m, was used for the experiments cited in this paper. The 
positioning of the sources and receivers as vertical, horizontal, or sloped virtual 
apertures, relative to a vertically suspended flat surface, was achieved to an 
accuracy of 1 mm. 

• Measurement of geoacoustic properties of material samples was performed by 
researchers at the NRL Materials Science Division and the University of Houston. 
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The computational algorithms described above require density, 
shear/compressional speeds and attenuations (for BORIS-SSA, shear attenuation is 
omitted). 

• A tomographic system was used to check for model inhomogeneities. X-rays of 
samples of the Type I Gray PVC used in this experiment showed no inclusions 
larger than 50 microns (1/100th of the wavelength). The X-ray analysis, 
experimental results and measurements of speed along three-orthogonal axes, 
supported the assumption of a negligible volume scatter component for the PVC 
slabs used in the experiments.   

2. ROUGH SURFACE SCATTERING INVESTIGATIONS 
NRL tank experiments with rough surfaces had two main goals – the first was the 

validation of the BORIS-SSA model using an surface with spatially varying statistics and 
roughness approximately on the scale of a wavelength, creating a significant percentage of 
shadowed regions (about 8% at 30 degrees grazing angle) and clearly requiring a 4th order 
calculation to achieve sufficient accuracy. The second was the verification of the large 
dependence of scattering strength on the roughness parameters (spectral exponent, spectral 
peak) of a power-law rough surface.  

For the BORIS-SSA validation, a physical model from the Allied Geophysical 
Laboratory/University of Houston whose roughness spectral properties were a priori 
unknown was selected. The PVC physical model is a 122 cm x 122 cm rough surface with 
a maximum thickness of 11.4 cm. The acoustic experiment, called GPM RSS2 
(Geoacoustic Physical Modeling Rough Surface Scattering experiment 2), was performed 
in May 2004. Close examination at the length scale of the acoustic wavelength (5 to 15 
mm for the 100-300 kHz transmitted signal) indicates that the surface relief of the physical 
model is on the whole heterogeneous, - i.e. the roughness statistics of the heights are 
spatially varying. The root-mean-square roughness was 9 mm, which is on the order of the 
wavelength.  Fig. 1 is a close-up photograph of the physical model and Table 1 is a 
summary of the geoacoustic parameters for the physical model. The errors cited were 0.5 
percent for the speeds, 2 percent for the p-wave attenuation and 4 percent for the s-wave 
attenuation.  

 
Fig.1: Close-up photo of part of the University of Houston physical model. The ruler is 
graduated in inches on the left and centimeters on the right. The parallel grooves along 

the surface are artifacts of the milling process.  
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Parameter Value 
Density 1700 kg/m3 
Compressional speed 2381 ± 11 m/s 
Compressional Attenuation 0.25 ± 0.005 dB/m/kHz 
Shear Speed 1117 ± 6 m/s 
Shear Attenuation 0.56 ± 0.02 dB/m/kHz 

 
Table 1: Material properties of the University of Houston PVC block at 300 kHz. 

 
The transmitted signal was a shaped pulse with an approximate duration of 20 µs and 

an approximately flat spectrum in the band 100-300 kHz. This frequency band is high 
enough to produce negligible returns from the flat rear face of the block (opposite to the 
rough surface) because of the attenuation in the material. It is also low enough to insure 
that the accuracy (< 1 mm all three dimensions) and grid spacing of the measured 
profilometry, used as input to BORIS-SSA, is sub-wavelength. 

The milled PVC slab was suspended vertically in a water tank, as shown in Fig. 2. For 
the results shown in this paper, the source and receiver were at distances of 51.4 ± 0.1 cm 
and 43.4 ± 0.1 cm from the flat side of the sample respectively. The source and receiver 
were placed on a common horizontal axis that intersected the surface of the sample at a 
series of 9 points, which will be referred to as ‘target positions’. Time series of the 
measured pressure at the receiver were obtained and a time series for subsequent analysis 
was obtained by averaging over 100 time series acquired at each source/receiver position.  

n20

0

p20

source

receiver

n10

p10

sz

rz

n15

n5

p5

p15

PVC

 
Fig. 2: Diagram (side view, not to scale) of the positions of the source and receiver 

relative to the physical model. The target positions are n20, n15, n10, n5, 0, p5, p10, p15, 
p20, going from top to bottom. The letters “p” and “n” refer to positive (upward) and 

negative (downward) moves of the physical model resulting in the target positions shown 
in the diagram. The number after “n” or “p” indicates the vertical displacement in 

centimeters relative to the sample center, e.g. “n20” means moving the sample downward 
20 cm. For the results shown in this paper, zs = 51.4 cm and zr = 43.4 cm. 
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Fig. 3: Squared amplitude of the measured pressure amplitude and BORIS-SSA 

simulations. (The measured data starts at the higher amplitude and it matched by the 4th 
order curve; the 2nd order curve is slightly lower than the other 2. The time series for the 9 
target positions were averaged as described in the text. The first acoustic interactions with 

the PVC model occurred between 500 and 550 microseconds after transmit.  
 
Representative time series for the whole surface were obtained by averaging these 

quantities over the 9 target positions. The averaging was performed on the values of the 
squared magnitude of the received pressure and the resulting average values were 
converted to dB for plotting. These results are given in Fig. 3. The received level before 
the arrival of the scattered returns is due to the ringing from the source. The ringing 
maintains an amplitude of about 5 dB in the time interval shown in Fig. 3, so some of the 
values at the very end of the time series can be affected. The 4th order prediction agrees 
well with the overall measurement and its fluctuations over time. For the comparison of 
the measured data and 4th order prediction, the root-mean-square value of the residuals is 
1.25 dB, using the time interval 550-800 microseconds. The ensonified grazing angle 
range was roughly 30-90 degrees. The analysis of the sources of standard error is given 
and a discussion of the unaveraged results is given in [12]. 

For the purpose of verification of the large dependence of scattering strength on the 
roughness parameters (spectral exponent, spectral peak) of a power-law rough surface, 
NRL is fabricating its own rough surfaces that are intended to be used in tank experiments 
with transmission frequencies as high as 400 kHz. One of the surfaces, with a power-law 
roughness exponent of 3.5, is shown in Fig. 4. A grid of measured profilometry using the 
touch trigger probe was used to verify that the difference between the designed and 
measured profilometry is less than 1 mm for essentially all points on the surface. A rough 
model with a power-law roughness exponent of 2.9 is currently being created. Both 
BORIS-SSA and the NRL small slope algorithms predict that the difference in scattering 
strength in the range 20-40 degrees grazing angle should be noticeable (~3-6 dB).  

3. ACOUSTIC PROPAGATION INVESTIGATIONS  
Experiments for validating the predictions of RAMS were performed using PVC blocks 

with flat surfaces, either suspended horizontally at a depth of 15 cm (10 to 30 
wavelengths) or tilted to create a 7 degree slope. The transmission loss was obtained as a 
function of range using the same experimental system as the rough surface scattering 
experiments. The results are documented in [13]. The result at 150 kHz for the flat slab is 
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shown in Fig. 5, where simulated annealing was performed on the geoacoustic parameters 
and element positions. (The PVC was from a different manufacturer than that of the 
University of Houston model, producing differences in geoacoustic parameters). It is 
evident that even for the simple case of a horizontally suspended slab, the predictions of a 
fluid PE model and an elastic PE model are qualitatively different. A recently performed 
experiment was designed to test the ability of the model to handle a change in slope, using 
a physical model consisting of 2 PVC slabs, with one sloped 5 degrees relative to the 
other. 

 
Fig. 4: Power-law rough surface milled from a PVC slab at the Naval Research 

Laboratory 
 
 
 
 
 
 
 
 
 

 
Fig. 5 – Transmission loss as a function of range for a flat PVC model at 150 Hz, with the 

source and receiver at mid-depth (7.5 cm depth).  Left plot: Fluid PE prediction. Right 
plot: Elastic PE prediction. (Figure courtesy of Jon Collis, RPI) 

4. CONCLUSION AND FUTURE WORK 
The NRL GPM project has performed experiments to evaluate the accuracy of recently 

developed computational algorithms for acoustic scattering and propagation. The 
experiments conducted in 2004, using the University of Houston model for rough surface 
scattering investigations and the single PVC slab for elastic parabolic equation 
investigations, were successful in testing the BORIS-SSA and NRL elastic PE models, in 
the former case leading to some modifications to the model to handle a rough surface on 
the order of a wavelength, including a correction for a spherical wavefront. A new NRL 
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project, “Acoustic Interactions with Heterogeneous Media”, will build upon these 
capabilities, addressing such issues as low-grazing angle scattering and acoustic 
interactions between the rough surface and a volume with inclusions. The latter is 
analogous to the ocean problem of shells in sand. The planned material for these 
experiments is an industrial wax (blue wax) saturated with 100 micron diameter glass 
beads (to produce a sound speed ~1700 m/s), with larger (1 mm diameter) glass beads that 
are distributed uniformily within the physical model.  
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Abstract: We present laboratory scale measurements of acoustic propagation over a 
wedge-shaped oceanic bottom with an angle of approximately 4.5 degrees, and compare 
the experimental data with predictions from a three-dimensional (3-D) parabolic equation 
based code. Both a continuous wave excitation at a frequency of 114 kHz and a 
broadband pulse with a central frequency of 125 kHz are considered. The experimentally 
observed 3-D effects are in good agreement with 3-D PE numerical predictions. 

Keywords: Sound propagation modelling, tank experiment, three-dimensional effect 

1. INTRODUCTION  

Laboratory scale experiments are efficient tools for testing and validating theoretical 
propagation models under well-controlled two-dimensional or three-dimensional (3-D) 
environments (see for instance in Refs. [1]-[8]). After the previous calibration phase which 
consisted in shallow water propagation tests with a horizontal bottom using a continuous 
wave (CW) source [9] and/or a broadband pulse [10], the next step was to modify the 
bottom geometry in order to create a 3-D propagation in the waveguide. The objective was 
to check several 3-D codes, and, in particular, parabolic equation (PE) based codes. In the 
present work, we report results of laboratory scale measurements of acoustic propagation 
over a wedge-shaped oceanic bottom, and compare the experimental data with predictions 
from a three-dimensional PE code. Simulated results are obtained running the computer 
model 3DWAPE [11]. A continuous wave excitation is first considered. Measurements of 
transmission loss made in the cross-slope direction (i.e., parallel to the wedge apex) are in 
good agreement with the simulated data. Then, a broadband pulse is considered. Snapshots 
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of the propagating pulses at successive discrete times are shown. The modal structure of 
the experimental signal received at different vertical arrays placed across-slope, shows 
multiple mode arrivals and a modal shadow zone for each of the propagating modes. 

2. EXPERIMENTAL FACILITIES 

 The scale experiments were conducted in the indoor tank facilities of the LMA-CNRS 
laboratory. 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 thick layer of calibrated river sand. The 
size of the grains was sufficiently small in comparison with the acoustical frequency to be 
used. We refer to Ref. [9] for a more detailed description of the experimental set-up.  

The originally horizontal bottom has been tilted to produce a wedge-shaped wave guide 
with an angle of approximately 4.5°. Note that care was taken to make the bottom as flat 
as possible. 

 

 
 

Fig.1: Diagram of the experimental set-up. 
 
Two hydrophones with cylindrical shape (with both external radius and length of 6 mm) 
were used as source and receiver. We denote by H the constant water depth in the vertical 
plane containing the source and the receiver (see Fig. 1). During the measurements of the 
transmission loss as a function of range, the source was fixed and the receiver was moving 
across-slope using an automated traversing mechanism. 

3. CONTINUOUS WAVE AT 114 KHZ 

We first consider a continuous wave excitation at a frequency of 114 kHz, which leads to 
only three propagating modes in the very thin water layer across-slope (i.e., parallel to the 
wedge apex). Measurements of transmission loss were made in the cross-slope direction 
up to a distance of 5 m, with a constant range increment of 1 cm. The temperature of the 
water layer was 26.01°C, leading to a sound speed of 1499.58 m/s (cf. [12]). Both source 
and receiver were positioned at a depth of 10 mm. The measurement of the water depth, 
H, was performed in the vicinity of the source location. Its value was found to be 
approximately 34.5 mm. The experimental results are shown in Fig. 2. The interference 
patterns clearly exhibit three distinct zones due to the horizontal refraction effects of each 
of the three propagating modes. One can identify successively the cut-off ranges of mode 
3, mode 2, and mode 1, at approximately 0.75 m, 1.5 m, and 3.5 m. Note that after the cut-
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off range of mode 2, only mode 1 is present. The large interference patterns noticeable 
after 1.5 m correspond to the 3-D mode self-interference effect of mode 1. 
 

 

Fig.2: Experimental results of transmission loss (in dB). 
 
Figure 3 shows the vertical slice of the transmission loss in the cross-slope direction 
corresponding to a 3-D PE calculation with 3DWAPE. The 2-D solution is also plotted for 
comparison. Note that a scale factor of 1/1000 was used in the simulations. The 
computation was performed considering a harmonic point source emitting at 114 Hz, 
assuming a homogeneous sound speed in the water column (1499.58 m/s), a water depth 
of 34.5 m, and considering a sediment layer with a sound celerity of 1740 m/s, a density of 
1.99 g/cm3, and an attenuation of 0.5 dB/wavelength. 
A satisfactorily good agreement between measured and simulated 3-D PE data can be 
observed. In particular, the shadowing effects of mode 3 and mode 2 appear at 
approximately the same distances. Similarly, the mode-1 self-interference effect and the 
location of mode-1 shadow zone as predicted by the theoretical 3-D PE code are also in 
very good agreement with the experimental results. 

4. BROADBAND PULSE (CENTRAL FREQUENCY OF 125 KHZ) 

We now consider a broadband source pulse with a central frequency of 125 kHz. The 
source depth was equal to 10 mm. Note that for this second series of measurements, H is 
approximately equal to 36 mm. Recordings of the received signal were made at several 
distances from the source, from 0.75 m to 5 m, and at 17 distinct depths from 1 mm to 33 
mm with a depth increment of 2 mm. 

Snapshots of the propagating pulses at successive discrete times are shown in Fig. 4(a) 
and, in particular, stacked time series vs depth corresponding to a range of 3 m are 
displayed in Fig. 4(b). Note that a zero-slope bathymetry would show the presence of three 
distinct wave packets corresponding to the signals carried by the three propagating modes 
at each discrete range. 
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Fig.3: Simulated results of transmission loss (dB) corresponding to a source frequency 

of 114 Hz and H = 34.5 m. Upper subplot: 3-D PE; lower subplot: 2-D PE. 
 
Here, due to the 4.5°-slope, several typical 3-D effects very similar to the ones 

described numerically in benchmark problems (see for instance in Ref. [13]), can be 
observed experimentally in the snapshots: absence of mode 3 at t ≥ 0.8333 ms, absence of 
mode 2 at t ≥ 1.3333 ms preceded by a stronger and more dispersed mode-2 arrival at t = 1 
ms (corresponding to the merger of two distinct time arrivals of mode 2), two 
distinguishable mode-1 arrivals at t ≥ 1.1667 ms, and mode-1 extinction starting at t ≥ 
2.6667 ms. It should be noted that the extinction of mode 1 is preceded by a strong mode-
1 arrival corresponding to the merger of mode 1 and its own echo (see snapshot at t = 
2.333 ms). Looking now at the stacked-time-series-vs-depth plot, the arrivals of the 
experimental signal exhibit unambiguously two distinct arrivals of mode 1 at r = 3 m.  

Figure 5 shows the color-scale TL (vertical slice in the cross-slope direction) obtained 
running 3DWAPE with a scale factor of 1/1000 (cw point source at 125 Hz and H =36 m). 
Note that the cut-off ranges of mode 3, mode 2, and mode 1, are now at approximately 1 
km, 1.75 km, and 4 km, respectively. Modulo the scale factor used, the experimentally 
observed 3-D effects are in good agreement with the 3-D effects inferred by the numerical 
predictions obtained considering a cw source emitting at the central frequency of the 
broadband source pulse. 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1154



 

 

(a) (b) 

Fig.4: Experimental results - (a): snapshots of the propagating pulses (envelopes) at 
increasing times. (b): stacked time series vs depth measured at a distance of 3 m. 

5. CONCLUSION 

The second step of our program has been successfully achieved. Indeed, we have 
obtained a very good agreement between experimental results and modelling using a 
three-dimensional parabolic equation based code, for both cw excitation and broadband 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1155



 

pulse. Next step will be to investigate 3-D acoustical effects at higher-frequencies for the 
same bottom geometry. This can now be achieved much more easily by means of 
laboratory scale experiments.  

 

 

Fig.5: Simulated results (3-D PE computation) of transmission loss (dB) corresponding to 
a source frequency of 125 Hz and a H = 36 m. 
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Abstract: Acoustic elastic scattering measurements were conducted in a tank on a 6cm-
radius fibreglass spherical shell filled with a low-shear-speed epoxy resin. Preliminary 
measurements were conducted also on the void shell before filling and on a solid sphere of 
the same material of the filler, in order to estimate the constituent material parameters via 
acoustic inversion. The objects were measured in the backscatter direction, suspended at 
mid water, and insonified by a broadband directional transducer. From the inspection of 
the response of the solid-filled shell it was possible to detect and characterize 
inhomogeneities of the interior (air inter-layers), the presence of which were later 
confirmed by CT scan and ultrasound measurements. Elastic wave analysis and analytical 
modeling tools supported the physical interpretation of the measured responses. 

Keywords: Tank experiments, non destructive testing, elastic scattering analysis 

1. INTRODUCTION  

Low-to-mid frequency sound has been experimentally shown to penetrate into the 
metallic casing of an elastic object, and hence provide information on its interior structure 
and content. The aim of this study is to investigate if low-frequency elastic scattering can 
be significant (with respect to diffraction) also in the case of composite objects made with 
dissipative low-shear-speed materials, i.e., plastic-like materials. Following the parametric 
study [1] conducted on thin-walled spherical shells totally filled with materials having 
properties going from metal to plastic, acoustic measurements were performed on a 
fibreglass spherical shell filled with a low-shear-speed epoxy resin. Preliminary 
measurements were conducted also on the void shell before filling and on a solid sphere of 
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the same material as the interior. The shell material is randomly-distributed (hence 
approximately isotropic) fibreglass.  

Acoustic measurements were in the broadband range of ka = 5-30 (with k being the 
water wavenumber and a the object dimension) which is suitable for the excitation of a 
number of elastic waves. In this ka range a randomly distributed fibre is assumed to be 
sufficiently isotropic and homogeneous to be acoustically modelled with an analytical tool 
[1]. The same can be assumed for the epoxy resin filler, although air micro-bubbles can be 
trapped during manufacturing. 

Preliminary measurements of the solid resin sphere and of the void fibreglass shell 
allowed the inversion of the material parameters, namely of shear and compressional 
speeds and their sound attenuations (Section 2). Inversion is based on an initial guess of 
possible ranges of values achieved from the analysis (identification of supported waves 
and estimation of their echoes’ arrival time) of the elastic echo structure. The optimal set 
of parameters is determined by minimizing the difference between the measured time 
response and a set of possible analytic solutions, one for each combination of the set of 
parameters. 

Given the parameter estimates of the constituent materials, the measurement of the 
solid-filled shell (Section 3) aimed to verify whether the elastic waves predicted by 
analytical models were detectable. Also it was useful to check the sphere symmetry and to 
investigate whether perfect contact at the filler-shell interface (as assumed in past 
simulation studies [1]) was achieved during manufacturing. This analysis revealed 
inhomogeneities of the interior (in particular an extended air pocket), which were later 
confirmed by X-ray CT scan and ultrasound measurements. Conclusions are drawn in 
Section 4. 

2. PRELIMINARY TANK MEASUREMENTS. INVERSION OF MATERIAL 
PROPERTIES 

Backscattered responses by a fibreglass empty spherical shell (outer radius a=6.25cm, 
thickness d≈3mm) and by a solid sphere of epoxy resin (radius a=6cm) were measured 
while suspended in the middle of a tank 4.5m x 3m x 2.3 m of size. For suspension the 
objects were tied up by a thin nylon wire net, fixed to the object by several resin drops. 
The source (Reson TC2138) was located at mid water at one end of the tank. Its sensitivity 
is roughly flat between 40 and 100 kHz but the Signal-to-Noise Ratio (SNR) was good 
enough that data could be used from about 15 to 100 kHz. The receiver was an 
omnidirectional hydrophone with roughly flat response between 1 and 300 kHz. It was 
located between transmitter and target on the transmission axis in such a way to minimize 
the surface and bottom interference. The directionality of the source (having 30o of 
beamwidth null to null at 50 kHz and sidelobes -20 dB down) allowed the complete 
illumination of the objects without strong interferences with the tank boundaries and the 
water surface. The residual reverberation was mitigated by subtracting a coherent average 
of 20 pings of scattering from the tank boundaries. Data were coherently averaged over 20 
pings and equalized in the spectral domain by using the measurement of the transmitted 
pulse on the same hydrophone. The Target Strength (TS) data were hamming-windowed 
before applying an inverse Fourier transform in order to get a smooth time response. 

In the investigated bandwidth, from measurements at different aspects (with respect to 
an arbitrary zero) the shell appeared homogeneous (Fig.1(a)). Very low (below 30 kHz) 
and very high (above 90 kHz) frequency discrepancies are possibly due to lower SNR 
level at the extremes of the source bandwidth. Figure 1(b) shows the result of model-data 
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comparison after acoustic inversion of the material parameters. The estimated values are 
indicated in the figure title. The estimation error on the speeds is of the order of ± 50 m/s, 
on the attenuations around ± 0.2 dB/λ. The echoes following the temporal front echo and 
the dips in the TS plots are due to the S0 Lamb-type wave. The disagreement between 50 
and 90 kHz is possibly due to increasing relevance of the fibre structure details as 
frequency increases, which may perturb the propagation of the S0 wave, being shell-borne.  

 

 

Fig.1: Empty fibreglass shell. (a) Backscattered data at two aspects. (b) Model-data 
comparison (data at aspect=270o) after material parameter inversion. 

 

Fig.2: Solid epoxy-resin sphere. (a) Backscattered data. Elastic wave analysis is 
applied to the temporal response. WG stays for Whispering-Gallery, L for longitudinal, T 
for transversal, SS for Scholte-Stoneley. (b) Model-data comparison (data at aspect=90o). 

 
Figure 2(a) shows the data comparison of the solid resin sphere insonified at different 

aspects. The sphere appears homogeneous and isotropic in the bandwidth. The model-data 
comparison achieved after acoustic inversion (Fig. 2(b)) shows a generally good 
agreement. The inversion results are indicated in the figure. The speeds estimation error is 
of the order of ± 30 m/s, lower than in the shell case since here more elastic waves are 
excited, providing redundant information, hence more robust estimation. The main 
discrepancy in the time domain is in the level of the Scholte-Stoneley (SS) surface wave 
echo arriving at t=1.3 ms, and corresponding to a mismatch in the low-frequency Target 
Strength level. This is probably due to partial diffraction of the wave at the small 
protrusions of the suspension system. 
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3. MEASUREMENTS OF A RESIN-FILLED FIBREGLASS SHELL 

The void shell was then filled with the same material of the solid sphere and measured 
under the same configuration as described in Sect. 2. The epoxy-resin is originally liquid; 
in order to maintain isothermal chemical reaction it must be cast layer by layer, each layer 
needing a predefined time to solidify. A comparison of measurements at aspects 0o and 
90o (Fig. 3(a)-top) shows phase reversal of the front echo and of other small echoes and 
disagreement in the level of the first SS wave echo, which is higher when the front echo is 
reversed. Data at aspect 180o (Fig. 3(a)-top) is perfectly in phase with the ones at aspect 
90o, but the SS echo has almost disappeared and new internal reflections come around 
1.35 ms, possibly coming from the filler’s local inhomogeneities. The front phase reversal 
in the data at aspect 0o implies the presence of a considerable air bubble inter-layer 
immediately behind the shell part hit by the incident pulse. In the data at aspect 90o and 
180o (Fig. 3(a)-bottom), the filler appears in contact with the shell in the illuminated part 
of the sphere (front), whereas the lower level of the SS wave echo may indicate that now 
the air pocket is in the rear part, where this wave travels before its first back re-radiation. 
Hence the sphere is evidently neither 3D-symmetric nor homogeneous.  

 

Fig.3: Epoxy-resin-filled fibreglass shell. (a) Comparison of backscattered data at 
various aspects. Wave analysis is applied. (b) Model-data comparison (data at 

aspect=90o) under assumption of perfect-bonded boundary at the shell-filler interface. 
 
The time comparison (Fig. 3(b)) of the data at aspect 90o to an analytical model, that 

was fed with the material parameters estimated in Sect. 2 and assumes perfect contact [1], 
shows a good matching of the first arrivals of the Whispering-Gallery waves, which means 
that the filler properties are still valid. The air pocket considerably affects both the phase 
and the amplitude of the SS wave echo, as expected by theory [2]. The comparison in 
frequency is limited to the elastic scattering component of the response within the two 
black dashed lines. Due to the asymmetry of the sphere interior, other attempts to apply 
analytical models with different hypotheses of boundary conditions at the filler-shell 
interface (such as pure transverse slip [2], discontinuity of either tangential or radial, or 
both displacements [3]) were unsuccessful to properly model the SS wave echo. The only 
model really solving this problem is expected to be fully 3D, but would need a precise 
knowledge of the size and distribution of the inhomogeneities (air pockets). 
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3.1. Additional NDT tests 

Confirmation of the presence of an extended thin air pocket between shell and filler 
came from additional independent measurements. The X-ray CT scan of the sphere (Fig. 
4), performed with a GE Medical Systems multislice scanner at the Radiology Branch of 
the Carrara Hospital, revealed the presence of a wide inter-layer of air of about 1.5mm 
maximum thickness (Fig. 4(right)).  

 

Fig.4: CT scan of the resin-filled shell: (left) A set of 4 horizontal slices; (right) One 
vertical slice. The sphere section looks roughly symmetric with respect to superimposed 
dashed line (axis) passing through the pole P. Two red lines show the boundaries of the 
air pocket section at one side of the axis. At the other side the air pocket maximum 
thickness is measured. The shell was filled in 5 steps, as the interfaces between adjacent 
layers can be detected. Small air bubbles can be also detected.  

 

     

Fig.5: Ultrasound measurements of the resin-filled shell: (left) Data comparison in 
presence and absence of air at the other side of the shell wall; (right) 3D mapping of the 
air pockets: top view. The black cross labelled P locates the pole of Fig. 4 (right). 
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Ultrasound scanning was conducted at 5 MHz with a Krautkramer transducer on the 

surface of the hemisphere where the CT scan localized the air pocket (Fig. 5). A strong 
echo is reflected back from the internal interface of the shell wall only if there is air at the 
other side; otherwise the impedance between the shell and filler materials is too low to 
give a significant reflection. This measurement allowed us to precisely (5mm resolution) 
estimate the geometry of the main air pocket around the sphere. Its shape is a sort of ring 
probably caused by the detachment from the shell wall of the filler’s forth layer during its 
solidification. The roughly axisymmetric shape of this air pocket may allow us to apply 
the AXISCAT model [4] to refine the model-data comparison achievable by analytical 
tools. 

4. CONCLUSIONS 

A series of acoustic measurements were conducted in a tank on an epoxy-resin-filled 
fibreglass spherical shell and its basic parts (filler sphere and void shell). The data were 
analyzed in terms of supported elastic waves and compared to analytical models. Acoustic 
inversion was applied to estimate the material properties. The main result obtained was 
that the resin-filled shell had an extended air pocket of about 1.5mm of maximum 
thickness, whereas an approximately perfect contact was expected between filler and shell 
due to a careful manufacturing process. The flaw was independently measured by X-ray 
CT scan and ultrasound measurement of the object. This implies that it is not trivial to 
conduct controlled scattering measurements in the case of plastic composite objects, even 
if carefully manufactured. Furthermore, the results obtained show how much the low-
frequency response of an object may change due to internal differences deriving from 
manufacturing flaws. This defect was finally useful to prove the potential of low-
frequency acoustic scattering analysis for non destructive testing applications. 
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Abstract: In this work results of scaled shallow water experiments done in an 
experimental facility will be presented. A range-independent environment was considered. 
The water bottom was simulated, using real sand with known properties and the emitted 
signal had the forms of either a CW acoustic wave or a short pulse. The short pulses were 
used in order to examine the possibility of identifying the arrival time of normal modes.  If 
the arrival times of normal modes can be identified then inverse techniques can be used to 
approximate the parameters of the environment and its geometry. An initial analysis of the 
results was encouraging and it appears that mode arrival identification is possible using 
experimental procedures. 

Keywords: Experiments, Acoustic Measurements. 
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Fig. 1:  The experimental tank of LMA. 

1. INTRODUCTION 

The task of designing and performing laboratory experiments for testing theoretical 
models of long-range ocean acoustic field predictions is not an easy one, due to the fact 
that the simulation of a long range environment in scale is a complicated problem. It 
should be done with great care to ensure that the geometry of the experiment corresponds 
to the theoretical considerations especially in what concerns boundary location and 
conditions as well as source and receiver location. Most of the models providing the sound 
field at long ranges in water are based on an axially symmetric environment. Thus, an 
experiment performed in a tank should ensure that no unwanted reflections from the walls 
are measured. To this end, wide and long tanks should be available. Moreover, accurate 
calibration is needed as the experiments represent real-world experiments in scale. As the 
sound field in the sea is highly variable, even small errors in the geometry considered in 
the water tank or the operational parameters used in the computer code, may lead in high 
discrepancies between measured and estimated data, thus rendering validation of methods 
not possible. 

Another difficulty in the performance of the tank experiments is the scaling factor 
relating tank to real experiment, which cannot be applied to all of the parameters of the 
tank experiment. Thus a one-to-one correspondence cannot be obtained. On the other 
hand, the validation of acoustic propagation models is still possible as the theoretical 
model can be applied in any case to the actual parameters of the tank experiment. 

Experiments using continuous waves were performed in the past at the same facility 
[1], [2], [3] and the data were compared with theoretical results obtained from different 
wave propagation codes such as normal mode codes and parabolic approximation codes. 

The objective of the work presented here is to investigate the possibility of identifying 
normal mode arrivals at a certain distance from the source, using short pulses. This 
identification can eventually lead to another way of validating and testing wave 
propagation models. It can also be used as a tool for an inversion procedure for some of 
the environmental parameters. 

2. EXPERIMENTAL SET-UP 

2.1. The experimental facility 

Τhe experiment was realized in the facilities 
of the Laboratoire de Mechanique et d’ 
Acoustique (LMA) in Marseille. The tank used 
is constructed by cement and it is 20 meters 
long, 3 meters wide and 1 m in depth in the 
middle section (Fig. 1). Water can be poured to 
a specified height to simulate the ocean water 
column. For the needs of the experiment the 
actual water column height was between 27 and 
29 mm. To simulate the ocean bottom, at the 
floor of the tank a layer of sand was deposited 
of a thickness of 60cm.  
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The tank is equipped with a system of mechanical beams moving on rails. The whole 
system was computer controlled, thus giving great flexibility in changing the configuration 
of the experiments.  Finally a rake was attached to the beams to ensure the flatness of the 
simulated water-bottom interface. 

Short pulses at a central frequency of 114 kHz and 140 kHz were produced by a wave 
generator device and the received signal was recorded by a data acquisition card at the 
computer. The signal was recorded at two different ranges, 2 meters and 4 meters from the 
source and at depths from 1 mm to about 25 mm every 1 mm. 

2.2. Calibration 

Separate measurements were carried out in order to specify the geometrical and 
physical parameters of the experiment. In particular the following parameters were 
measured: 

The flatness of the sea floor. The rake was used to level the sand in the tank in order to 
ensure a horizontal floor.  

The depth of the water. Using a high frequency transducer placed in the water column 
at an arbitrary position, the depth of the water column was measured using  travel time 
measurements of a  signal transmitted vertically. Reflections from both the bottom and the 
surface were used. The calculated water depth was 27.8 cm with an error margin of ±0.3 
mm  

The operating depth of both the source and the receiver. The position in depth of both 
transducers was determined electronically by means of the control device of the tank 
beams moving system, after prediction of the 0 depth which was done using eye 
observations. 

The parameters of the bottom. The bottom was made by sand deposited a few days 
before the experiment to ensure that good consolidation is obtained. Density and sound 
speed in the bottom was determined by separate laboratory measurements and was set to 
1977 kg/m3 and 1690 m/sec correspondingly. No shear speed was considered, thus the 
bottom was treated as fluid medium. All the parameters of the experiment are shown on 
Table 1. 

 

wc  (m/sec) 1470.4 

wρ  (kg/m3) 1000 
D  (mm) 27.8 

bc  (m/sec) 1690 

bρ   (kg/m3) 1999. 

bα   (dB/λ) 0.5 
Source depth (cm) 10 
Receiver depth (mm) 1-25 mm every 1mm 
Range (m) 2m and 4m 
Frequency (kHz) 114 and 140 

Table 1. The experimental parameters 
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3.  THEORETICAL CONSIDERATIONS 

It is well known that the acoustic field propagates in a waveguide in the form of energy 
packets, each one corresponding to a propagation mode under a characteristic velocity 
which is defined as 
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where, 0ω  is the central circular frequency of the signal bandwidth and kn the eigenvalues 
of the depth problem. It is apparent that the group velocity depends on the parameters of 
the environment. There are analytical formulas for calculating the group velocity given the 
environmental parameters [4]. Thus, each one of the propagating modes should arrive at 
the receiver location at range r in time:  
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It is obvious that the modal arrival time does not depend on the depth of the receiver. 
However, it is expected that the corresponding modal packet may be visible or not 
according to the energy content of the propagating mode at the specified depth. 

The identification of the modal structure of the acoustic field in the time domain is 
therefore an additional criterion for the validation of the forward propagating models in 
tank experiments. The reason is that using information in the time domain only we avoid 
any typical sources of error that renders the measurement of the acoustic field in terms of 
the acoustic pressure not reliable in some cases. Moreover, the identification of the modal 
arrivals may be useful as input information to any type of inverse problems in underwater 
acoustics for the recovery of the geoacoustic parameters of the medium  

In the experiments under discussion we studied the structure of the acoustic field in the 
time domain at various depths to validate the performance of the tank experiments in 
relation to the propagation model we are using in order to estimate the acoustic field in the 
tank. It should be noted that the duration of the pulse and its bandwidth are important 
factors controlling the separation of modes in the time domain and thus their 
identification. In our case we have used Gaussian shaped pulses of about 10 kHz 
bandwidth and duration equal to about 0.15 msec ensuring the separation of modes at the 
ranges between 1 and 3 meters where the receivers would be placed. The central 
frequency of the pulse was at 140 kHz (Fig. 2) or 114 kHz. 

 

                  
 

Fig. 2. The emitted pulse and its normalized spectrum 
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As an additional remark we should note that there was no array of hydrophones at the 
tank. The measurement of the acoustic field at the various depths was performed by 
sending the same pulse under typical time intervals, which were enough to electronically 
place the receiver at the appropriate depth. 

4. RESULTS 

In this section the results of the experiments performed will be presented. As it was 
mentioned before, experiments with two different frequencies (114 kHz and 140 kHz) 
were performed.  For each frequency signals were recorded at two different ranges: 2 m 
and 4 m, and for the depths between 0mm and 23mm every 1mm. A typical signal 
recorded is shown in Fig. 3 for the 140  and the 114 kHz. Both recordings were made at a 
range of 2 m and depth of 4 mm. 
 

 
Fig. 3: Two signals for f0=140 kHz and f0=114 kHz 

 
It is clear from the figures that in the first case there are three propagating modes whilst 

at the second case there are two propagating modes.  
It remains to verify that the number of propagating modes coincide with those predicted 

from the theory, and additionally that the arrival times are those obtained by theory as 
well.  To ensure the reliability of the comparison the study should be performed at various 
depths to observe the appearance and disappearance of the modes according to the theory. 
In figure 4 we present the image of the envelopes of the recorded signal of central 
frequency f0=140 kHz at a range of 2 meters from the source and for the different depths. 
It is apparent that as expected, the modes arrive at the various depths at the same time. 
Also we observe that mode II disappears at the depth of about 16 mm whereas mode III 
disappears at the depths of  about 11 mm and 21 mm  Using a normal mode code with the 
environmental parameters shown on table 1 we can verify that indeed there are three 
propagating modes. Moreover from the modes shapes (Fig. 5) we notice that mode II is 
not excited at the depth of 16.5 mm while mode III is null at the depths of 10.92 mm and 
21.83 mm. These values are very close to the experimental ones indicating that short 
pulses can be used to verify a wave propagation code such as a normal mode code. 
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5. CONCLUSIONS 

It is apparent from results presented above that mode identification can be done using 
scaled tank experiments provided that the appropriate pulse is used. Moreover the arrival 
pattern of the signal at a certain distance from the source can be used to verify a wave 
propagation model.  
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Abstract: The Fram Strait, between Greenland and Spitzbergen, is the main passage 

through which the mass and heat exchange between the Atlantic and the Arctic Ocean 
takes place. An ocean acoustic tomography system for monitoring the average heat 
content across the Fram Strait at latitude 78o50’N is currently under development in the 
framework of the DAMOCLES project. DAMOCLES is an integrated EU/FP6 project and 
aims at observing, understanding and quantifying climate changes in the Arctic. The basic 
components of the Fram Strait tomography system will be two acoustic sources at either 
side of the strait and a vertical receiving array in the middle. The first deployment of the 
eastern source and the vertical receiving array is planned for September 2007 with a 
recovery and redeployment planned in fall 2008. The array configuration and the 
instrument specifications are presented. 

Keywords: International Polar Year, ocean acoustic tomography, Fram Strait 
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1 INTRODUCTION  

Over the last years there is increasing evidence that the Arctic undergoes significant 
changes due to global warming, the most obvious one being the melting of the ice cover. 
Analysis of satellite data show that the extent of multi-year ice has been reduced by 7 % 
per decade and of first-year ice by 3 % per decade since 1978 [1], [2]. A key element of 
the melting mechanism at the rim of the ice canopy (marginal ice zone) is the increasingly 
warmer Atlantic water flowing into the Arctic. It is therefore essential to provide reliable 
estimates of how much Atlantic water enters and how much melted freshwater leaves the 
Arctic basin in order to establish a heat budget for the Arctic Ocean.  

The deep and wide Fram Strait, between Greenland and Spitzbergen, is the main 
passage through which the mass and heat exchange between the Atlantic and Arctic Ocean 
takes place: on the eastern side of the strait the northward West Spitzbergen Current 
(WSC) brings Atlantic water to the Arctic Ocean whereas on the western side the 
southward East Greenland Current (EGC) brings cold water from the Arctic back to the 
Atlantic ocean. The topographic structure of the Fram Strait leads to a splitting of the 
WSC into at least three branches as schematically shown in Fig. 1. The East Greenland 
(EGC) current carries cold fresh water southwards, for a large part across the shallow 
continental edge at less than 200 m depth. The currents in the Fram Strait are thus 
horizontally stratified, and at irregular intervals mesoscale eddies with typical diameter 20 
km and extending down to some 600 m depth transect the strait, with a passage time scale 
of about a month. To measure the heat and mass transport through the Fram Strait, it is 
important to resolve the influence of the recirculation and the mesoscale features on the 
transport estimation.   

An array of moored in situ instruments (14-17 moorings) at 78o50’N across the Fram 
Strait has been maintained since 1997 [3],[4] (http://asof.npolar.no/). The horizontal extent 
of the array is ~300 km, the distance between consecutive moorings is 10-20 km, and the 
instrument depths are 50, 250, 750 1500 and 2500 m approximately. Estimates of the 
transports over 2 years (1997-99) from this array have indicated a mean northward 
transport of 10.8 Sv (1 Sv = 106 m3/s) in the WSC and a southward transport of 11.2 Sv in 
the EGC. These transport estimates (and the associated variability) are significantly larger 
than previous estimates based on coarser data. Nevertheless, the array is still too coarse for 
capturing mesoscale variability, the structure of the recirculation current, and the fresh 
water transport in the EGC. As a consequence the error in the obtained flux estimates 
ranges from 50% to 100% [3]. 

DAMOCLES (Developing Arctic Modeling and Observing Capabilities for Long-term 
Environmental Studies) is an integrated EU/FP6 project and one of the major projects of 
the International Polar Year (IPY: March 2007 - March 2009), which aims at observing, 
understanding and quantifying climate changes in the Arctic. One of the objectives of 
DAMOCLES-IP is to develop and test new ocean and sea ice technologies to obtain new 
knowledge of the Arctic Ocean environment, and to contribute to the development of a 
future Arctic Ocean Observation System. This includes the development of an ocean 
acoustic tomography system to monitor the average heat content across the eastern (WSC) 
and the western (EGC) part of the Fram Strait [5]. The Fram Strait tomography system 
contains two acoustic sources at either side of the strait and a vertical receiving array in 
the middle.  

 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1172



 

 
 
 

 

 

 

 

 

 

 

 

 

Fig. 1. Bathymetric map of the the Fram Strait. Stars corresponds to position of the 
planned two sources, and the blue circle is marking the position of the receiver array in 
the middle of the Fram Strait. Pink lines indicate the different branches of the northward 
West Spitzbergen Current. The thin white arrows indicate the Recirculation of Atlantic 
Water current taking place between 78-79 N. The thicker white lines pointing southward 
represents the East Greenland Current.   

 
Once tomography data/results become available, they will be assimilated into a high 

resolution ice-ocean model, together with other data from satellites and sub-surface 
moorings, using advanced assimilation techniques [6]. The constraining of the circulation 
model by these highly complementary data sets is expected to lead to improved estimates 
for the volume, heat and freshwater transports through the Fram Strait. 

2 THE TOMOGRAPHY SYSTEM 

The first deployment of the tomographic array, including the source on the east (WSC) 
and the vertical receiving array in the middle of the strait, will be carried out in September 
2007. After one year of operation the instruments will be recovered and redeployed for a 
second year. The array configuration and the instrument specifications are presented in the 
following. 

2.1 Array configuration 
The design of the tomographic array seeks to maximize the information content of the 

received acoustic signals given the limitations of the available acoustic instruments. To 
take advantage of the existing array of moored in situ instruments the tomographic array 
will be placed at the same latitude (78o50’N). According to the design study the eastern 
source is placed at 7oE in an effort to maximize the area covered by tomography. Moving 

Warm  inflow to the 
Arctic Ocean 

Fresh and 
cold  
outflow from 
the Arctic  
Ocean Recirculation  

of Atlantic Water 
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the source further east would increase the interactions of the acoustic energy with the 
bottom and significantly deteriorate the waterborne arrivals at the receiver. The source 
depth resulting from the study 400 m – the water depth at (7oE, 78o50’N) is ~1500 m. The 
central vertical receiver array will be deployed at 1oE, in the middle of the recirculation 
area, where an acoustic convergence zone of waterborne energy is formed. Based on the 
numerical calculations the hydrophones will be positioned in between 300 and 1000 m 
(Fig. 2).  

The preferred position for the western source is 5oW such that the acoustic tracks to the 
receiver covers the EGC and the frontal zone and also avoid strong interaction with the 
bathymetry. Furthermore, the calculations show that the source should be positioned 
within the duct formed by the low surface temperatures, between 50-75 m (Fig. 2). While 
the eastern branch of the tomography array is anticipated to be mostly ice free, the western 
path will be partly ice covered throughout the year. The repeated interaction with the ice 
cover in this case will significantly affect the amplitude and phase of the received signals 
[7]. This effect has to be taken into account in the inversion.  

Originally it was planned to deploy the whole tomographic array in September 2007. 
However, due to financial limitations the second source could not be acquired, so the 
deployment in September 2007 will include the eastern source at 7oE and the central 
receiving array at 1oE. If an additional source becomes available it will be deployed at 
5oW, otherwise the existing source will be deployed in the west during the second year of 
operation. Originally a near-real time capability was planned for the tomographic 
instruments. This feature will not be implemented during the first year of operation; 
instead data will be periodically recovered using ship-based acoustic modems.  

2.2 Receiver specification 
The receiver array in the middle of the Fram Strait is positioned and designed to serve 

for monitoring of both the eastern and the western part of the Fram Strait. The 
transmissions will be recorded using the Simple Tomographic Acoustic Receiver (STAR) 
technology developed by Scripps Oceanographic Institution. The standard STAR provides 
4 hydrophones, along with a precise clock, using a two-oscillator system (MCXO plus 
Rubidium). This time keeping concept provides a precision/stability better than 3 ms for a 
year, whereas the clock can be updated during the experiment from a ship using acoustic 
modems.  

Furthermore, STAR technology, along with four acoustic transponders at each mooring 
location, provide a long-baseline acoustic navigation system able to measure the position 
of the control unit with an accuracy of 0.5 - 1 m. A standard browser (e.g., Firefox) is used 
to interface to STAR for set-up and testing. Data are available on different levels and 
formats, including NetCdf.  

In a standard STAR the 4 hydrophones are spaced by 1.5 wavelength. To maximize the 
aperture and the amount of information available for the inversions two STARs (8 
hydrophones) with the maximum possible separation between hydrophones (96 m) will be 
used in the Fram Strait. This results in an aperture of 686 m. To obtain the best possible 
positioning for the 8 hydrophones the two STARs will be used in a tail-to-tail 
configuration.  

2.3 Source specification 
A sweeping frequency source with a maximum on-axis level of 190 dB // 1 μPa @ 1 m 

produced by Webb Research Cooperation will be used. The sound source is integrated 
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with STAR electronics in one pressure housing as one unit. As in the case of the STAR 
receiver, a hybrid clock is included with error < 3 ms per year, and also a long-baseline 
navigation system to provide the source position with an accuracy of 0.5-1 m. The 
duration of a standard sweep is 128 s covering a frequency band from 200 Hz to 300 Hz, 
and the resulting pulse duration is 16 ms. The source will transmit up to four times a day. 

 
Fig. 2. A simplified sketch of the designed configuration of the Fram Strait 

Tomography array overlaid temperature data from July-August 2004 CTD survey 
(courtesy AWI, NPI).  

 
The propagation ranges for both branches of the tomographic array are ~130 km. This 

range can be covered with a source level lower than the maximum level of 190 dB (the 
190 dB level is used for Mm range transmissions). Therefore, the source level will be of 
the same order as or less than the levels produced by large marine mammals (up to 186 dB 
at frequencies between 200-1000 Hz). These source levels and frequencies have 
previously been used in several other experiments in the Nordic Seas (Labrador Sea, [8], 
Greenland Sea [9]) without any report on effects on marine mammals. According to this, 
the impact of the transmissions is expected to be minimal. Transmissions will follow the 
Norwegian regulations for use of acoustic sonars.  

3 CONCLUDING REMARKS 

The design and technical specification for the Fram Strait tomography experiment is 
completed, and the two acoustic tomography moorings covering the WSC will be 
deployed during September 2007. The source will be programmed to do transmission four 
times a day for one year. In 2008 the plan is to move the source mooring to the ice covered 
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part of the EGC, and conduct a similar acoustic tomography experiment. The length of the 
second experiment will depend on the funding situation and logistics.  
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Ocean volume temperature inversion using a drifting buoy network 
 

Nelson Martins, Sérgio Jesus 
 

Abstract : Ocean acoustic tomography is applied to the estimation of a three-
dimensional temperature field. Nowadays, ocean acoustic tomography makes use of 
regularization techniques to estimate the temperature field on a large set of space 
points, in order to lead to computationally-affo rdable search spaces. One of these 
techniques is the representation of the field by a small set of empirical orthogonal 
functions (EOFs), w hose coefficients are estimated at inversion time, leading to 
estimates of temperature outcomes. The computation of the EOFs requires the k 
nowledge of the main space-dependent variability characteristics of the field, that 
knowledge being commonly estimated from in situ oceanog raphic sampling. In small 
operational areas of the open ocean, with a weak temperature horizontal space-
dependence, interesting work has be en done, giving estimates of the assumed space-
independent field. In the coastal ocean, however, with larger temperature variability, 
accur ate estimates require that the space-dependence of the temperature field be 
taken into account in the inversion process. This claim has mot ivated in this work the 
representation of the temperature field by a set of three-dimensional (3D) --in space-- 
EOFs, representative of all  the volume points of interest. By using CTD data from the 
MREA '03 sea trial, an optimal interpolation scheme was used to estimate the 3D 
EOFs. Then, a feasibility study on the inversion for the EOFs coefficients, with 
simulated acoustic data, has considered different acoustic  scenarios: first, a fixed 
source and a fixed hydrophone array; second, a fixed source and 2 fixed hydrophone 
arrays; third, a moving sourc e and a drifting array; last, a moving source and 2 
drifting arrays. The results are encouraging, in the context of 3D environmental 
assess ment, and are being used in the development of an `acoustic tomography 
network' comprising several hydrophone arrays. 
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Abstract: The spatial distribution and temporal variations of coherent low frequency noise in 
the ocean were analysed using 3-year sea noise recordings at the hydroacoustic listening 
station deployed off Cape Leeuwin in Western Australia in late 2001 as part of the 
International Monitoring System (IMS) of the Comprehensive Nuclear-Test-Ban Treaty. 
Several events of intense transient signals observed at Cape Leeuwin were located on the 
Antarctic shelf using the signals from the same events received at the other IMS station 
deployed off the Chagos Archipelago in the Indian Ocean. The analysis of sea noise data 
showed that the majority of spatially coherent signals detected at the Cape Leeuwin station in 
2003 and 2004 arrived from Antarctica. Since Boxing Day, another source of almost 
persistent low frequency noise, the Sumatra fault zone, has also been extensively contributing 
to ambient noise in the Indian Ocean. The transient signals arriving from Antarctica are 
believed to be emitted by ice rifting and breaking events on the ice shelves and icebergs. The 
temporal variations in the frequency of occurrence of such events reveal a noticeable 
seasonal component somewhat distorted by superimposed short-term fluctuations. The 
transient ice signals arrive predominantly from a few regions along the Antarctic coast 
associated with certain glaciers and ice shelf tongues. The accuracy of back-azimuth 
estimates and source location from the IMS stations was examined through modelling and 
analysis of the signals arrived from known events and sources of underwater sound, such as 
the Sumatra earthquakes (main shock and aftershock) and drifting icebergs. The 
unsystematic component of bearing errors is estimated to be within 0.5 degree RMS. For 
such bearing errors, the locations of noise sources on the Antarctic shelf determined from 
two remote IMS stations are consistent with the measured signal travel time differences and 
the signal propagation model.  

Keywords: long-range acoustic observation, coherent noise signals, ice rifting and breaking 
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1. INTRODUCTION 

This work is a continuation of research aimed at studying the feasibility of remote acoustic 
observation of ice disintegration process in Antarctica, which can potentially be employed as 
one of the means for global climate monitoring. It has been found in several studies that 
various low frequency noise signals observed in the Indian Ocean are originated from natural 
events on the Antarctic shelf and in the surrounding ocean [1]. Certain types of such signals 
lasting for long time periods and exhibiting pseudo-harmonic spectral features were 
associated with large icebergs drifting along the Antarctic coast [2]. Such signals are 
frequently referred to as harmonic tremors. The other type of signals received from 
Antarctica comprises relatively short transient signals that feature noticeable frequency 
dispersion, with the high-frequency components arriving later than the low-frequency ones. 
This type of signal was related to pulse-like process on the Antarctic shelf which are most 
likely ice rifting and breaking events [3,4]. The above mentioned studies have been carried 
out using the data from the IMS hydroacoustic network deployed in the Indian Ocean. One of 
the three IMS hydroacoustic stations in the Indian Ocean (identified as HA01) is installed 
about 110 km southwest off Cape Leeuwin in Western Australia. This station is a triangular 
array of three individual hydrophones moored on the seafloor at about 2 km from each other 
and suspended at a depth of 1100 m near the SOFAR channel axis.  Three-year sea noise 
recordings in 2003 (January-July), 2004 and 2005 have been analysed to identify likely 
sources of various acoustic noise signals observed at the HA01 station, to study their spatial 
distribution and temporal changes in their activity, and to analyse characteristics of the 
transient signals arrived from Antarctica. Errors of event location from the IMS stations are 
also analysed and discussed in this paper.    

2. TEMPORAL VARIATIONS OF LOW-FREQUENCY NOISE AND SPATIAL 
DISTRIBUTION OF NOISE SOURCES  

All continuous sea noise recordings at HA01 were divided into 20-second fragments to 
detect the signals that were spatially coherent at three receivers in at least one of four 
different frequency bands: 3-15 Hz, 15-30 Hz, 30-60 Hz, and 60-100 Hz. The fragments for 
which the cross-correlation between noise signals on any pair of hydrophones exceeded a 
threshold of 0.5 were regarded as spatially coherent events and selected to estimate bearing to 
the signal source using a plane wave fitting technique [2]. A total of about 250,000 events 
(coherent fragments) were detected for this 3-year period. Some consecutive sequences of 
fragments represent single longer lasing events, such as the iceberg harmonic tremors and 
large seismic signals that may last for several hours and even days.   

Figure 1 shows the distribution of coherent events detected in two low frequency bands, 3 
- 15 Hz and 15 – 30 Hz, versus the day of observation and the back-azimuth from HA01 to 
the signal sources. Here the number of events is counted for each 7-day period in each 2-
degree angular bin and represented as a percentage of time when coherent noise events were 
observed, i.e. 20s×N/7days, where N is the number of events. It is evident from this 
distribution that the Antarctic coast (back-azimuth from approximately 155 to 210 degrees) 
and the surrounding ocean are the major source of low-frequency noise in the Indian Ocean.  
The other sources of frequent and intense noise signals are seismic events along the Sumatra 
fault zone and a number of seismically active parts of the mid-ocean ridges in the Indian 
Ocean. It is important to notice that the Sumatra fault zone had been relatively noiseless in 
2003 and 2004 until Boxing Day after which this zone was almost uninterruptedly generating 
seismic signals in 2005, including the Sumatra aftershock in March.   
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Fig.1: Percentage of time when spatially coherent low-frequency noise signals were 

observed at HA01, versus the day of observation and the back-azimuth to signals sources. 

3. TRANSIENT SIGNALS ARRIVED FROM ANTARCTICA  

It has been shown in the previous study [3] that frequency dispersion of the pulse signals 
that travel in the ocean from Antarctica over the Southern Ocean is due to long-range 
propagation in an upward refracting acoustic channel formed in the polar ocean environment 
beyond the Antarctic Convergence. The transient signals arriving from the direction to the 
Antarctic shelf and exhibiting noticeable frequency dispersion (“up-sweep” events) were 
selected to analyse the spatial distribution of sources of such events and temporal variations 
of their frequency and intensity. The azimuthal distributions of up-sweep events observed at 
the HA01 station in different years are shown in the left panel of Fig.2.  
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Fig.2: (a) Azimuthal distribution of up-sweep events in different years. The sector of bearing 

from HA01 to the Antarctic coast is shown by a shadowed area. (b) Projection of back-
azimuth of the up-sweep events onto the Antarctic shelf with the total number of events in 

2003-2005 shown by size and colour-coded dots.  
These histograms show that the up-sweep signals arrive primarily from the Antarctic 

coast. Several up-sweep events of higher intensity detected at HA01 were selected to find the 
signals from the same events observed at the Diego Garcia IMS station and to verify their 
location on the Antarctic shelf through intersection of bearings from these two remote 

a b 
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stations [4]. Another zone originating relatively frequent transient signals is lying east of the 
observed Antarctic sector. Back-azimuth to this zone corresponds to the direction to a 
seismically active region along the southern part of the Macquarie Ridge. The azimuthal 
distributions also show that a few zones along the Antarctic coast were consistently more 
active in generating intense transient signals observed every year. The zones of most frequent 
events are the continental shelf off the Law Dome area (bearing ~1810) and Dibble Glacier 
Tongue (bearing ~1350). The left panel of Fig.2 shows the result of back-azimuth projection 
onto the Antarctic coastline made for all up-sweep events detected in 2003 – 2005.   
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Fig.3: Temporal variation of the weekly rate of up-sweep transient events observed in the 

direction to Antarctica (data for days 216 – 365 were not available for analysis).  

To examine long-term changes in the activity of underwater noise generating processes 
off Antarctica, the transient events observed in every direction to the Antarctic coast were 
counted per week during 2003-2005 (excluding the period from August to December 2003 
for which the HA01 data were not available). Figure 3 shows the temporal variation of the 
event occurrence rate. A seasonal component can be noticed in the long-term variation, 
although it is not evident because of short-term fluctuations. The minimum rate of events is 
observed in December, i.e. with nearly three-month delay relative to the seasonal cycle of the 
Antarctic air temperature. Also there is no indication of any interannual trend in the long-
term variation of the occurrence rate.   
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Fig.4: (a) Signals from the same series of transient events recorded on the Antarctic sea 

noise logger (top) and at HA01 (bottom). Waveforms  (b) and spectrograms (c) of the first 
signal in the series of events at the logger (top) and HA01 (bottom). 

In 2004, an autonomous sea noise logger was installed on the seafloor on the Antarctic 
continental slope about 200 km north of Cape Poinsett (close to Law Dome and Casey 
research station).  The logger has been recordings sea noise during nearly one year [5]. 
Although only few relatively short time periods of those recordings have been analysed so 
far, several events were detected and identified as those also observed at the HA01 station 
3500 km away.  The left panel of Fig. 4 shows a series of events detected at both Antarctic 
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logger (top panel) and HA01 station (bottom panel). Bearing to these events from HA01 
almost coincides with the direction to logger’s location. The logger’s system clock was not 
precise enough to accurately locate the source of these signals by the travel time difference to 
two remote receivers. However, based on the roughly estimated travel time difference and the 
signal waveform recorded on the logger (top panel in Fig.4b), we could conclude that the 
event occurred not far from the logger. In contrast to the signal observed at HA01 that 
consists of a single, highly dispersed impulse, the signal waveform at the logger comprises 
multiple arrivals corresponding to different modes and has a considerably broader frequency 
band. The series of events recorded on the Antarctic noise logger sounds like a sequence of 
cracking and breaking processes, when playing back ten times faster.           

4. ERRORS OF EVENT LOCATION  

It has been shown in the previous study [4] that bearing errors from the IMS stations are 
chiefly due to uncertainty of the actual position of hydrophones. Deployed on 500-m vertical 
moorings, the hydrophones undergo large horizontal deviations relative to the anchor position 
affected by local currents. Because the current field should be more or less uniform within the 
area of array deployment, such deviations are expected to contain chiefly a common 
component similar for all three receivers, which should not affect the bearing accuracy to 
remote sources.  However, due to a small difference in the mooring length and local 
perturbations of the current field, the horizontal deviations of hydrophones may also contain 
smaller random components, which are not correlated at different receivers. It is shown in [4] 
that the standard deviation of bearing estimates will be less than 10, if the horizontal 
deviations of hydrophones’ position are statistically independent, isotropic and smaller than 
20 - 30 m depending on the bearing angle.  

To estimate the random component of bearing errors, we selected several events observed 
at HA01 that lasted for a long time and were apparently stationary (or moving slowly). These 
events were iceberg signals and long seismic events. The ruptures resulted from the Boxing 
Day earthquake and Sumatra aftershock in 2005 propagated rapidly over large distances 
provoking numerous aftershocks of smaller magnitude observed for days and months after 
the primary events.  
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Fig.5: Back-azimuth estimates to three sources of harmonic tremor signals observed at 

HA01 during days 170 – 195 in 2004 (left panel). Right panels show typical spectrograms of 
signals from those sources, which are most probably large icebergs.  

However, the orientation of the Sumatra fault zone nearly coincides with the direction to 
the HA01 station, so that the location of seismic events along the fouls zone should not 
influence significantly the back-azimuth estimates. After the Boxing Day earthquake, the 
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Sumatra fault zone was generating seismic signals almost uninterruptedly for several days. 
The standard deviation of bearing from HA01 to sources of those signals observed for 5 days 
was less than 0.60. The variations of back-azimuth to aftershocks in March 2005 was smaller 
than 0.50. 

Three types of harmonic tremor signals characterized by different spectral features were 
frequently observed at HA01 in three different directions during days 170 – 195 in 2004. 
These signals are believed to be emitted by three different icebergs. Back-azimuth estimates 
to those events varied a little so that the standard deviation of bearing was about 0.2 degree.                 

5. CONCLUSIONS 

An analysis of 3-year sea noise recordings at the HA01 IMS station showed that the 
Antarctica is the major source of low-frequency underwater noise signals in the southern part 
of the Indian Ocean. Transient events generating short pulse signals propagated from 
Antarctica are not evenly distributed along the Antarctic shelf. Such events are supposed to 
be related to ice disintegration processes. The frequency of occurrence of such events exhibits 
noticeable seasonal cycles, although the seasonal change is strongly perturbed by short-term 
variations. Based on the observation of long lasting events, the bearing accuracy from the 
HA01 station was estimated to be within 0.50 RMS, excluding possible systematic errors. 
More investigation is needed to adequately identify all probable kinds of the natural events 
that generate transient acoustic signals on the Antarctic shelf and in the surrounding waters 
and to thoroughly examine systematic errors of event location from the IMS stations.      
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ONR Ocean Acoustics Program – Shallow-Water Acoustic 
Measurements 

 
Patricia Gruber, Ellen Livingston  

 
Abstract: The ONR Ocean Acoustics program sponsors a broad range of at-sea 
experiments in which acoustic and ocean environmental data are collected together.  
An overview of future directions for ONR shallow-water acoustic measurements and 
the recently concluded Shallow-Water ’06 Experiment will be presented.  SW06 is 
providing a large body of measurements for understanding both forward and inverse 
problems in ocean acoustics.  The SW06 data was collected from a record number of 
moorings (62 deployed and 62 recovered) used to measure the sea surface, ocean 
volume, and seabed characteristics concurrently with acoustic measurements over a 
broad range of frequencies.  The measurements included HLA, VLA, and single 
hydrophone phone acoustic data collection, low-frequency (100–1600 Hz) and mid-
frequency (1-10 kHz) fixed and mobile sources, detailed spatial and temporal 
measurements of internal waves and fronts (temperature and salinity vs. depth and 
range), high-resolution, direct measurements of seabed geo-acoustic properties, and 
extensive chirp sonar surveys.  There are three primary purposes envisioned for this 
data.  First, we want to advance the development of 4-D, integrated (ocean-acoustic-
seabed) propagation models that can assimilate acoustic data to improve accuracy.  
Second, we want to further our understanding of the combined impact of complex 
ocean processes and the seabed on shallow-water acoustic propagation.   Finally, we 
want to generate better seabed acoustic characterizations through the development of 
appropriate models for sediments and practical methods for geoacoustic inversion 
and extrapolation of bottom data.  Details of the SW06 measurements and these 
applications will be discussed.   
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Recent Advances of Shallow Underwater Acoustics in China 
   

Qihu Li 
 

Abstract: The 21st century is an ocean century and ocean is the last field of the lead-
edge researches of the earth.China has 18,000 km long coastlines,  6,000 islands and 
nearly 300 million square km EEZ, which is configured by UN Law of the sea 
convention. Most of  near  China sea are shallow water, except  in south China and 
east Taiwan. The typical depth of continental shelf extension in north and east China 
sea is less than 200 meters. In this ocean environment the underwater sound 
propagation are limited by both sea surface and sea bottom, therefore the shallow 
water acoustics become the most important study topics in China. The systematical 
research work in underwater acoustics is started in the late of 1950s. Some basic 
research work in underwater acoustics and at sea experiments were corporated with 
former Soviet Union scientists. The main contributions in this period include the 
theory of average smooth sound field, far range reverberation theory, the model of 
sea bottom parameter in sound propagation etc. At same time the transducer 
manufacture and measurement technique, underwater signal processing technique 
are developed. After 1978, the research work of  underwater acoustics, as well as 
ocean acoustics, is a fast growing field in China. In 2002, a basic Act about ocean : 
“China Ocean Agenda 21” is passed by National People’s Congress. This is actually 
an Act of ocean exploration, protection, monitoring and utilization.   The underwater 
acoustic is included in many national research projects, e.g. the 863 high-tech 
project. The Chinese scientists are also involved in the activities of many 
international research projects, e.g. ATOC, GOOS. Some theoretical results and 
engineering achievements are discussed in this paper. The main basic research work 
include time-space correlation characteristics of low frequency underwater acoustic 
signal, inversion of sea bottom parameters, ambient noise analysis, study on shallow 
water acoustic channel. A wide variety of techniques in   underwater acoustic are 
illustrated,  include Synthetic Aperture Sonar (SAS), Acoustic Doppler Current 
Profile (ADCP), Acoustic Correlation Current Profile (ACCP), Image sonar,  
parametric sonar etc.   

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1189



 
 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1190



Regular Sessions 
 
Regular Session I: Bioacoustics – Fisheries 1191 

Olavi Kaljuste, Faust Shvetsov, Guntars Strods, Viesturs Berzinsh 

Acoustical studies on geographical distribution pattern of the Gulf of Riga 
herring population. 

1193 

Ole Nicolai Staurland Aarbakke, Hans Petter Knudsen, Egil Ona 

Acoustic characterization of sound scattering layers over hydrothermal 
vents in the Arctic Ocean by the use of a multi-frequency acoustic probe 

1199 

Lucio Calise, Tor Knutsen, Rolf Korneliussen 

The impact of echo sounder settings for the discrimination of acoustic 
scatterers in a multi-frequency survey context 

1201 

Kazuo Amakasu, Koki Abe, Kazuhiro Sadayasu, Kouichi Sawada, Yoshimi 
Takao, Ken Ishii 

Target strength measurements of Japanese anchovy with keeping 
swimbladder shape 

1209 

Ester Soliveres, Víctor Espinosa, Javier Redondo, Eva Escuder, Jesús Alba, 
Miguel Ardid, Vicente D. Estruch, Silvia Martínez, Ana Tomás, Miguel 
Jover  

Acoustical study of the gilt-head sea bream in a reverberating tank 

1215 

Hector Pena 

Methods for 3D swimbladder morphology reconstruction for target strength 
modelling 

1221 

D. C. Finfer, P. R. White, T. G. Leighton 

Biological sources of ambient noise in the NE Atlantic Ocean 
1223 

Rolf J Korneliussen, Anne Lebourges-Dhaussy, Tor Knutsen 

Estimation of size and type of zooplankton by the use of operational post-
processing systems 

1229 

Marek Moszynski, Egil Ona 

Fish size distribution from multifrequency acoustic data 
1235 

Miles Parsons, Rob McCauley, Mike Mackie 

The use of passive techniques to evaluate a spawning aggregation of 
mulloway (Argyrosomus japonicus) 

1237 



 
Regular Session II: Seafloor characterization 1243 

Noela Sànchez-Carnero, Cristina Bernàrdez, Marek Moszyński, Juan 
Freire 

Development of an open approach for acoustic marine benthic habitat 
classification 

1245 

Elias Fakiris, George Papatheodorou 

Calibration of textural analysis parameters towards a valid classification of 
sidescan sonar imagery 

1253 

Mirjam Snellen, Dick. G. Simons 

Modelling single beam echo sounder signals for sea and river bed 
classification 

1265 

Mustafa Toker, Vedat Ediger, Graham Evans   

Salt deformation and pore fluid related  hydraulics-induced overburden 
unstability and overpressure regime in the Cilicia-Adana Basin, the NE-
Mediterranean Sea 

1271 



 
Regular Session III: Signal Processing 1283 

Ivars P. Kirsteins, Alessandra Tesei 

Signal Processing Methodologies for Measuring Elastic Wave 
Backscattering from Symmetric Shells in the Presence of Geometric 
Interference 

1285 

Berke M. Gur, Christopher Niezrecki 

Detection of coherent bioacoustic signals in underwater noise 
1291 

Du Shuanping, Ma Qiming, Zhou Lisheng 

Research of Weak Signal Detection based on Genetic Algorithm (GA) 
1293 

Rolf Kahrs Hansen, Umberto Castellani, Davide Meschini, Enrico Puppo 

Ping to ping registration of 3D sonar data sets 
1299 

Andrei Mashoshin 

A Solution to the Problem of Simultaneous Classification and Localization 
of Underwater Objects from Their Acoustic Field 

1311 

Nico Roosnek 

A torpedo detection and 3D tracking system 
1313 

Antonio J. Silva, Sergio M. Jesus Joyo P. Gomes 

Depth and range shift compensation using waveguide invariant properties 
1315 

Lei Wang, Bing Li, Haichun Yu, Tian Tian, Qihu Li  

The near-field measurement of the target radiated noise by Stolt 
interpolation methods 

1321 

Andrzej Milewski, Edward Sedek, Sylwester Gawor 

The method of amplitude weighting of linear frequency modulated chirp 
signals for sonar application 

1327 



 
Regular Session IV: Underwater acoustic imaging 1333 

Krzysztof Bikonis, Marek Moszynski 

Reconstruction of 3D seafloor images from side scan sonar records 
1335 

Sayuri Matsumoto, Takenobu Tsuchiya, Tetsuo Anada, Nobuyuki Endoh 

Underwater Acoustic Lens Margin Test for Aperture Diameter and Incident 
Angle Limitation 

1337 

Kazuyoshi Mori, Hanako Ogasawara, Toshiaki Nakamura 

Reduced Scale Experiment of Single Spherical Biconcave Acoustic Lens 
System for Ambient Noise Imaging 

1343 



 
Regular Session V: Underwater communication 1349 

Konstantin G. Kebkal, Alexey G. Kebkal, Rudolf Bannasch 

Performance of a S2C Acoustic Modem in Horizontal Underwater Acoustic 
Channels 

1351 

Hiroshi Ochi, Yoshitaka Watanabe, Takuya Shimura 

Short Range Wideband Acoustic Communication Using QPSK and 8PSK. 
1359 

Takuya Shimura, Yoshitaka Watanabe and Hiroshi Ochi 

Research on long horizontal time-reversal communication in deep ocean 
1365 

Antonio J. Silva, Sergio M. Jesus Joγo P. Gomes 

Passive Time Reversal Probe-Signal Capture Optimization for Underwater 
Communications 

1371 



 
Regular Session VI: Transducer and array technologies 1377 

Shijun Feng, Haichun Yu,Qihu Li,Changyu Sun 

The research of Submarine small data acquisition & high-speed 
transmission node for the towed array 

1379 

Eric Maillard, Lars Pedersen, George Yufit 

Bottom Relief Restoration in Multibeam Echosounders 
1383 

Mo Xiping, Zhu Houqing 

A new design of low frequency broadband flextensional transducer 
1391 

Jack Keen, Philip Pidsley 

The Development of the Luneberg Lens as a Sonar Receiver Beamformer 
1393 

Thomas R. Howarth, Thomas A. Nigrelli and Jeffrey A. Szelag 

Study of coatings for extended sensor underwater immersions 
1399 

Lucie Pautet 

Through the sensor health monitoring for hydroacoustic stations of the IMS 
network 

1405 

 
 



 
 
 
 
 
 
 

Regular Session I 
 

Bioacoustics - Fisheries  
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1191



 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1192



 

 ACOUSTICAL STUDIES ON GEOGRAPHICAL DISTRIBUTION 
PATTERN OF THE GULF OF RIGA HERRING POPULATION 

Olavi Kaljustea, Faust Shvetsovb, Guntars Strodsb, Viesturs Berzinshb 

aEstonian Marine Institute, University of Tartu, Mäealuse 10a, EE-12618 Tallinn, Estonia 
bLatvian Fish Resources Agency, Daugavgrivas 8, Riga LV-1048, Latvia 

Olavi Kaljuste, Estonian Marine Institute, University of Tartu, Mäealuse 10a, EE-12618 
Tallinn, Estonia, Tel: +372 671 8956, Fax: +372 671 8900, e-mail: olavi.kaljuste@ut.ee 

Abstract: Two Baltic herring (Clupea harengus membras L.) populations – sea herring 
and gulf herring – can inhabit the Gulf of Riga. The open sea herring (Central Baltic 
herring) enters the gulf only for spawning time (in May) while the gulf herring population 
resides there year-round. Since 1999, Latvian and Estonian scientists have annually made 
joint acoustical surveys to assess Baltic herring local population in the Gulf of Riga. The 
distribution area of the population is well defined with the semi-enclosed gulf. Surveys 
have been performed from late July to August i.e. during period when spawning is all over 
and the herring move into deeper parts of the gulf for feeding. Survey results have shown 
that this is a very favourable time for gulf herring research since there are few open sea 
herring in the Gulf of Riga. 
The acoustic estimations of gulf herring have showed that the post-spawning herring is 
distributed all over the gulf. However, the annual distribution pattern has been rather 
different. The distribution pattern of gulf herring population show the formation of quite 
dense feeding concentrations in 1999, 2000 and 2003-2006 while in 2001 and 2002 the 
herring were not concentrated into dense schools at the survey period. Combined 
acoustical and hydrological data were analysed to study the peculiarities of the 
geographical distribution pattern of gulf herring population. 

Keywords: Gulf of Riga herring, geographical distribution 
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1. INTRODUCTION 

The Gulf of Riga is semi-enclosed basin situated in the eastern part of Baltic Sea (Fig. 
1). The area of the Gulf at the long-term mean water level is app. 16 330 km² with the 
volume being 424 km³, which constitutes 3.9% of the total area and 2.1% of the total 
volume of the Baltic Sea, respectively. The deepest point – about 60 m – is located in the 
centre of Gulf eastwards from Ruhnu Island. The average depth of Gulf is twice less than 
that of the Baltic Sea. The Gulf of Riga is connected with Baltic proper through two 
sounds. The Irbe Sound with the cross-section of 0.38 km² is located in the west, and with 
some ten times smaller cross-section Muhu Sound is located in the north [1].  

The Baltic herring is the most important commercial species and one of the key 
elements of the Gulf of Riga ecosystem. Two herring populations - sea herring and gulf 
herring can inhabit the Gulf of Riga. The open sea herring (Central Baltic herring) enters 
the gulf only for spawning time (in May) while the gulf herring population resides there 
year-round. The structure and dynamics of herring populations (stocks) have been 
assessed and managed on international level since 1970s. The herring stocks have 
decreased remarkably in the Baltic Proper in recent decades. At the same time, the 
abundance and biomass of gulf herring has shown increasing trend in the Gulf of Riga. 
Since 1994, ICES assess the Gulf of Riga herring stock separately from the Central Baltic 
herring stock. In order to obtain catch-independent tuning data for the assessments and 
identify the peculiarities of distribution of the gulf herring the joint Latvian-Estonian 
acoustic surveys were initiated in the whole Gulf of Riga in 1999. Good agreements 
between the results of the acoustic surveys and the analytical assessments have showed 
that the implementation of the acoustic survey as an additional source of information for 
herring stock assessment in the Gulf of Riga has been successful [2]. 

2. MATERIALS AND METHODS 

In all 8 joint acoustic surveys have been carried out in the Gulf of Riga during the 
second half of July and beginning of August in 1999-2006. For the survey purposes a 
commercial fishing vessel of MRTK type (vessel overall length 25 m, 220 kW engine 
output) has been chartered (“Zane” in 1999-2003 and since 2004 “Ulrika”). Annually the 
survey transects have followed more or less the same track (Fig. 1). Only in 2002 the 
survey transect was prolonged through the Irbe Sound to the open sea to study the possible 
feeding migrations of the gulf herring. 

An SIMRAD EY500 portable sounder system has been used for acoustic tasks. A 38 
kHz split beam SIMRAD transducer ES38-12 was employed in a towed body or side 
mounted rack on the left board of vessel and 2 m below the water surface. The specific 
settings of the hydroacoustic equipment were used as described in the Baltic International 
Acoustic Survey Manual [3]. To avoid errors in acoustic abundance estimates caused by 
diurnal behaviour of herring, all investigations were performed during light time, when 
70% of herring is based in the 10-20 m depth layer. The SA (nautical area scattering 
coefficient) values were integrated over 1 nautical mile interval. 

The survey area is limited by the 20 m depth line. For further analysis of distribution 
data the Gulf of Riga was divided in eight districts (Fig. 1): IR – Irbe Sound, N – Northern 
district, NE – North-eastern district, W – Western district, C – Central district, E – Eastern 
district, SW – South-western district and SE – South-eastern district. 
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Fig.1: Survey area and typical survey transect. 
 
The fish samples were taken using a mid-water trawl. The intension was to carry out 

the trawl hauls at least after every 25 NM of integration or when the character of acoustic 
measurements has considerably changed on the recorded echogram. The trawl depth was 
chosen in accordance to the indications on the echogram. From each haul sub-samples 
were taken to determine the length distribution, mean weight at length-class, sex and 
maturity stage of fish. Otolith samples of herring were taken for age determination in the 
lab. Gulf and sea herrings were distinguished also on the basis of otoliths and 
discriminated in abundance calculations. The gulf herring otoliths clearly differ from sea 
herring otoliths by their smaller summer zones (especially beginning with the third zone), 
and by a larger number of additional rings and sulci, etc. [4]. 

Number of acoustic samples (length of the survey transect), trawl hauls, herring 
measured for length distribution in the Gulf of Riga in 1999-2006 are given in the Table 1. 

 
Year Transect length 

[NM] 
Trawls 
[n] 

Herring measured 
[n] 

1999 631 12 2400 
2000 381 15 3020 
2001 413 12 4100 
2002 543 14 2800 
2003 380 22 4300 
2004 377 17 2700 
2005 485 17 3120 
2006 437 17 3700 

 
Table 1: Number of acoustic samples, trawl hauls and herring measured in the Gulf of 

Riga in 1999-2006. 
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The target species - gulf herring - is usually distributed in mixed layers in combinations 
with other pelagic species (sprat, smelt and 3-spined stickleback), so that it is impossible 
to allocate the integrator readings to a single species. Therefore the species composition 
was based on the trawl catch results. For each haul the species composition and length 
distribution was determined. From these distributions the mean acoustic cross section 
(sigma) was calculated according to the following formula: 

[ ]10 10/)2.71log20(4 −∑= Lj

ij
ijfπσ  

(1)

where Lj is the midpoint of the jth length-class (cm) and ƒij is the mean frequency of 
length-class j of the species i in the haul. The density (number per 1 NM2) of fish (F) was 
estimated for each integration using the formula:  

σ
sAF =  (2)

where SA is nautical area scattering coefficient (m²/NM²) and σ is the mean acoustic 
cross section (m²). The density of gulf herring was separated from the density of fish 
according to the catch composition of corresponding haul. Based on these density 
estimates the average densities of gulf herring in each district were calculated, and the 
interpolated maps of gulf herring geographical distribution were drawn using the “Surfer” 
software. 

To study the peculiarities of the geographical distribution pattern of gulf herring the 
density distribution data were combined with hydrological. Fish densities in each district 
were correlated with directions of wind before the survey. Therefore primarily the 
direction and value of average vector of winds per one day, two days and so on up to 60 
days before the survey was determined for each year. Acquired vectors were projected on 
other axes of wind directions and relative values of projections were estimated. These 
estimates were compared with gulf herring density estimates. On the basis of that analysis 
we could extract directions of wind, which were in correlation with fish distribution, and 
could obtain the number of days before survey to average data to get the best results. 

3. RESULTS AND DISCUSSION 

Survey results have shown that July is very favourable time for gulf herring research 
since the share of open sea herring is less than 3% (by numbers) in the Gulf of Riga. 
Additionally, the experiment (survey transect was prolonged to the open sea) during the 
survey in 2002 has shown the settled character of the gulf herring stock as no gulf herrings 
were found outside the gulf. 

In general very good agreement between the results of the acoustic surveys and results 
of analytical assessments allow conclusion that the implementation of the acoustical 
survey as an additional source of information for herring stock in the Gulf of Riga herring 
has been successful [2]. 

The main spawning grounds on the gulf herring are located in the northeastern part 
(Pärnu Bay, along the southern coast of Saaremaa Island as well as on the central parts of 
the eastern and southwestern coasts of the gulf [4]. After the spawning in late May-early 
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June, the herring move into deeper parts of the gulf for feeding. The distribution pattern of 
post-spawning gulf herring shows the formation of quite dense feeding concentrations in 
most of the years. However, the annual distribution pattern has been rather different (Fig. 
2). So, the bulk of the stock was located in the northeastern part of the gulf in 1999, while 
the main concentrations were found near the Irbe Sound in 2000. In 2001 and 2003 the 
main concentrations were found in the southern part of the gulf and near the Irbe Sound. 
The situation of 2002 was somewhat different: the stock was distributed more evenly and 
no dense herring schools were observed. Similar distribution pattern was also in 2004 with 
few higher herring concentrations in the central and eastern part of the gulf. In 2005 the 
main concentrations were found in the central part of the gulf and near the Irbe Sound, and 
in 2006 in the northeastern part of the gulf and near Irbe Sound respectively. 

 

22.0° 23.0° 24.0°
Longitude, degrees

57.0°

57.5°

58.0°

La
tit

ud
e,

 d
eg

re
es

H2 H3 H4

43

44

45

SE

C E

SW

W

IR NE

N

Saaremaa

Kihnu

Ruhnu

LATVIA

ESTONIA
Parnu

Salacgriva

Riga

Roja

Kolka

 22.0° 23.0° 24.0°
Longitude, degrees

57.0°

57.5°

58.0°

La
tit

ud
e,

 d
eg

re
es

H2 H3 H4

43

44

45

SE

C E

SW

W

IR NE

N

Saaremaa

Kihnu

Ruhnu

LATVIA

ESTONIA
Parnu

Salacgriva

Riga

Roja

Kolka

22.0° 23.0° 24.0°
Longitude, degrees

57.0°

57.5°

58.0°

La
tit

ud
e,

 d
eg

re
es

H2 H3 H4

43

44

45

SE

C E

SW

W

IR NE

N

Saaremaa

Kihnu

Ruhnu

LATVIA

ESTONIA
Parnu

Salacgriva

Riga

Roja

Kolka

 22.0° 23.0° 24.0°
Longitude, degrees

57.0°

57.5°

58.0°

La
tit

ud
e,

 d
eg

re
es

H2 H3 H4

43

44

45

SE

C E

SW

W

IR NE

N

Saaremaa

Kihnu

Ruhnu

LATVIA

ESTONIA
Parnu

Salacgriva

Riga

Roja

Kolka

1999 2000 2001 2002 

22.0° 23.0° 24.0°
Longitude, degrees

57.0°

57.5°

58.0°

La
tit

ud
e,

 d
eg

re
es

H2 H3 H4

43

44

45

SE

C E

SW

W

IR NE

N

Saaremaa

Kihnu

Ruhnu

LATVIA

ESTONIA
Parnu

Salacgriva

Riga

Roja

Kolka

 22.0° 23.0° 24.0°
Longitude, degrees

57.0°

57.5°

58.0°

La
tit

ud
e,

 d
eg

re
es

H2 H3 H4

43

44

45

SE

C E

SW

W

IR NE

N

Saaremaa

Kihnu

Ruhnu

LATVIA

ESTONIA
Parnu

Salacgriva

Riga

Roja

Kolka

22.0° 23.0° 24.0°
Longitude, degrees

57.0°

57.5°

58.0°

La
tit

ud
e,

 d
eg

re
es

H2 H3 H4

43

44

45

SE

C E

SW

W

IR NE

N

Saaremaa

Kihnu

Ruhnu

LATVIA

ESTONIA
Parnu

Salacgriva

Riga

Roja

Kolka

 22.0° 23.0° 24.0°
Longitude, degrees

57.0°

57.5°

58.0°

La
tit

ud
e,

 d
eg

re
es

H2 H3 H4

43

44

45

SE

C E

SW

W

IR NE

N

Saaremaa

Kihnu

Ruhnu

LATVIA

ESTONIA
Parnu

Salacgriva

Riga

Roja

Kolka

2003 2004 2005 2006 
 

mln/NM2 
 

1 5 10 20 30  

Fig.2: Geographical distribution of the gulf herring in the Gulf of Riga in 1999-2006. 
 

As a result of the analysis clear correlation between gulf herring densities and 
directions of wind was found in 4 districts (Fig. 3). The gulf herring densities have the 
highest compatibility with southwestern wind in the Irbe and Northern district – the 
coefficient of correlation is equal to 0.76 and 0.94 respectively. At the same time the 
correlation between gulf herring density and northeastern wind in South-western and 
South-eastern district is 0.81 and 0.89 respectively. Obviously the gulf herring density in 
the northern part of Gulf of Riga and near the Irbe Sound increases mostly after frequent 
southwestern winds during the 14-day and 40-day period before the survey respectively. 
Similar dependence is between gulf herring density in the southwestern and southeastern 
part of Gulf of Riga and northeastern winds during the 3-day and 38-day period before the 
survey respectively. 
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Fig.3: Correlation between fish density and average wind directions depending on 
number of days averaged before the survey. 

4. CONCLUSIONS  

The results show that the Gulf of Riga as a semi-enclosed basin with favourable bottom 
topography and the settled character of gulf herring population has offered favourable 
conditions for successful implementation of the results of acoustical surveys into the 
studies of geographical distribution pattern of gulf herring stock. The acoustic estimations 
of gulf herring have showed that the annual distribution pattern has been rather different. 
Clear correlation between gulf herring densities and directions of wind was found in 4 
districts of the gulf. On basis of this study the creation of a forecasting model is planned to 
predict gulf herring distribution and to optimise the work and transects of survey. 
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Acoustic characterization of sound scattering layers over 
hydrothermal vents in the Arctic Ocean by the use of a multi-

frequency acoustic probe. 
 

Ole Nicolai Staurland Aarbakke, Hans Petter Knudsen, Egil Ona 
 

Abstract: A hydrothermal vent field was discovered at 500-700 m depth on Mohns 
Ridge, 60 km east of Jan Mayen Island during the 2005 Biodeep expedition. The 
Mohns Ridge separates the Greenland and Lofoten basins and extends north into the 
Knipovich Ridge. Sound scattering layers (SSLs), believed to consist of mesopelagic 
fish and various species of zooplankton were observed with the vessels echosounders. 
The following June, R/V G. O. Sars revisited the site to conduct further studies on the 
vents.  The sound scattering layers directly above and in the immediate vicinity of the 
hydrothermal vent field were investigated using a split beam acoustic probe with 
pressure stabilized transducers with working frequencies of 38 and 120 kHz. Target 
strength data were collected from the sound scattering layers starting at the vents and 
stepwise through the water column. Biological data was sampled from a depth 
interval of 500 m to the surface using Mocness and Pelagic Krill Trawl. Video-
observations was obtained by the use of a remotely operated vehicle (ROV). The 
acoustic data indicated high abundance of relatively weak echoes, with the majority 
of measured target strengths being in the range;120 dB for both transducers. The 
acoustic data, compared with the biological samples and video images, suggests that 
the major source of backscattering above the hydrothermal vents is an abundance of 
relatively small zooplankton. The species composition includes calanoid copepods, 
(e.g. Calanus finmarchicus), Amphipods (e.g. Themisto abyssorum; Eusirus holmi) 
and Myctophiid fishes (e.g. Meurolicus muelleri).  
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THE IMPACT OF ECHO SOUNDER SETTINGS FOR THE 
DISCRIMINATION OF ACOUSTIC SCATTERERS IN A MULTI-

FREQUENCY SURVEY CONTEXT 

Lucio Calisea, Tor Knutsenb and Rolf J. Korneliussenb 
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Abstract: In many ocean regions, scattering structures are complex, and a diverse 
mixture of plankton and fish are often found in a given volume of water. In this paper we 
aim to understand the importance of key echo-survey parameters like ping rate, pulse 
duration and vessel speed, as these influence the echo-integration values for specific 
acoustic structures of the water column. Traditionally the setting for fish echo-surveys is 
standardized by a typical 1 ms pulse duration, a vessel speed of 10 knots and a 1 second 
ping rate. The present work explores the echo-integration results from different types of 
scattering structures using five multi-frequency echo survey settings. We discuss whether 
the standard procedures used for many fish surveys are appropriate if the abundance and 
size distribution of krill, other zooplankton and fish should be determined simultaneously. 
Consequences when frequency response techniques used for classification and 
zooplankton inversion techniques are also discussed. 

 

Keywords: Multi-frequency survey, Simrad EK60, echo-integration, krill acoustics 
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1. INTRODUCTION 

Zooplankton in general and krill in particular are key ecosystem components of the 
world’s oceans. For nearly a decade multi-frequency acoustic methods have been used to 
assess the distribution and abundance of Antarctic krill [1], while general zooplankton 
acoustics is still in its infancy. In the northern Atlantic, Meganyctiphanes norvegica is 
probably the most important krill species along with Thysanoessa inermis [2]. Identical 
challenges with respect to the abundance estimation are evident for these stocks as for the 
stock of Euphausia superba in the southern ocean, Hence, methods to safely delineate krill 
from other similar type of scatterers needs further attention and elaboration. 
The scattering properties of zooplankton strongly depend on their size, behaviour, acoustic 
frequency and material properties. The variation in scattering strength levels between 
frequencies for various types of scatterers can be used for classification purposes and to 
discriminate between species. Scattering models representative for particular groups of 
zooplankton [3] can also be used to derive both the abundance and size distribution of 
scatterers applying the use of inversion techniques [4]. Krill is observed in various types 
of aggregations and as dispersed scatterers in mixed acoustic recordings. In these latter 
types of acoustic registrations verification of scatterers by acoustics only, is extremely 
difficult and improvement of acoustic methods is warranted. 

In this paper we aim to understand the importance of key echo-survey parameters like 
ping rate, pulse duration and vessel speed. These significantly influence how integrator 
values for specific structures of the water column vary. Traditionally the setting for fish 
echo-surveys is standardized by a typical 1 ms pulse duration, a vessel speed of 10 knots 
and a 1 second ping rate. The investigation allows us to explore echo-integration for 
different types of scattering structures in a multi-frequency context. We question whether 
the standard procedures used for many fish surveys are appropriate if the abundance and 
size distribution of krill, other zooplankton and fish should be determined simultaneously. 
This is particularly a concern when frequency response techniques are used for 
classification and zooplankton inversion techniques applied. 

2. MATERIAL AND METHODS 

The tests were performed in the central part of Raunefjorden (60°16' N, 5° 9' E), a land-
locked fjord on the west coast of Norway near Bergen. In this area the topography consist 
of a small basin (approx. 0.8 nmi2), falling down from 120 m depth to a variable bottom 
depth of 220- 240 m, where a Sound Scattering Layer (SSL) is commonly observed. This 
SSL is composed generally of larger crustacean zooplankton, copepods, amphipods, 
various mesopelagic shrimps and fish. 

The data were collected on board of the R/V G. O. Sars of the Institute of Marine 
Research in Bergen, during the night between 20-21 of January 2006 with very calm 
meteo-marine conditions (light NW 14° wind and dry air with temperature of 2.3 °C). The 
physical conditions were monitored using a Sea-Bird SBE 9plus CTD profiler during the 
period of measurements. No significant changes in structure were observed. 

In order to obtain a quantitative understanding on the composition of the scatterers at 
different depths, biological samplings were performed using a WP2 vertically operating 
plankton net and a krill trawl with a mouth opening of 6x6 m = 36 m2.  
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Two WP2 net hauls were carried out before the acoustic measurements: the first from 
100 to 0 m covering the upper part of the water column where mostly dispersed targets 
were observed. The second haul was carried out from 230 to 0 m to include the SSL.  

Following the acoustic transects, two krill trawl hauls were conducted. The towing 
speed was 2.8-3 knots and the net depth and the mouth opening were monitored constantly 
using a Scanmar acoustic trawl control system, allowing information on catch depth and 
the computation of volume filtered. The first krill haul was performed in the depth channel 
of 25-30 m, where the previous acoustic observations suggested the presence of very few 
and weak scatterers. The second haul was performed between 120-130 m depth, to provide 
the SSL biological information. When on board, catch sub-samples were either fixated 
(WP2 samples) or immediately frozen (krill trawl catches) for later counting, species and 
size determination. Krill total length (TL) was measured from the tip of the rostrum to the 
posterior end of the terminal spine at the end of telson. 

The acoustic data were collected with four Simrad EK60 echo sounders connected to 
hull vertical 7° split beam transducers at frequencies of 38, 70, 120 and 200 kHz. 
Following the recommendation for multi-frequency acoustic data collection [5], the data 
were acquired with identical pulse duration for all frequencies and with significantly 
reduced output power to the transducers in order to avoid non-linear effects. The echo 
sounders were calibrated two days before the measurement in the same area of 
investigation.  

Four different system settings were consecutively tested along the same 1.5 nmi 
transect. The time between the first and the last measurement was of 1.5 hour. The ping 
rate of 1 ping per second was set for all the transects, and pulse duration (PD) of 1.024 and 
0.256 ms, and vessel speed of 5 and 10 knots were interchanged to differentiate the four 
transects (Table 1). Moreover, the acoustic data during the first trawling, acquired with 
PD=1.024 ms, 3 knots vessel speed and maximum ping rate, resulting in 2.2 pings per 
second, were also used for comparison (c.f. Transect 5). The procedure assured that the 
same volume of water with approximately similar biological conditions was acoustically 
sampled with different degree of horizontal and vertical resolution (Table 1). 

 

Transect PD 
[msec] 

Speed 
[kn] 

Pings in 
0.1 nmi 

Horiz Pings. 
distance 

[m] 

EK60 raw 
Vert. Interval  

[cm] 

EK60 raw 
Samples in 
10 m depth 

EK60 raw 
Samples 
in 1 cell 

1 0.256 5 72 2.57 4.7 211 15162 

2 0.256 10 36 5.14 4.7 211 7581 

3 1.024 5 72 2.57 19 53 3790 

4 1.024 10 36 5.14 19 53 1895 

5 1.024 3 120 0.70 19 53 6317 

Table 1: Transects settings and averaged spatial resolutions of acquisition and process. 

The EK60 raw files were processed using the LSSS software [6] with –82 dB SV 
threshold for all the frequencies. The acoustic values were compensated for the alongship 
transducer offset and corrected for the frequency-dependent delay. Further, the data were 
slightly smoothed and noise corrected [7]. The echograms were subdivided in defined 
cells of 10 m thickness and 0.1 nmi (182.5 m) length, and the Nautical Area Scattering 
Coefficient (NASC), sA [m2/nmi2] [8] were retrieved for each cell. Based on geographical 
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coordinates, 10 consecutive integration intervals (1 nmi in total) for each transect were 
considered aligned and the sA of the related depth cells were used for the comparison. 

Since each transect also represents a time series of n=10 observations, each dependent 
on the previous one, an autoregressive (AR) time series analysis was performed on the sA 
values of the single transect using the stationary first order Burg method [9]. The method 
produces a stable AR model with advantage of high resolution for short data records. The 
variance (var) of the mean sA for each transect and layer channel is estimated by [10]: 
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[ ] ⎥
⎦

⎤
⎢
⎣

⎡
ϕ+ϕ+ϕ⎥

⎦

⎤
⎢
⎣

⎡
ϕ⋅ϕ= ∑∑

−

=

−

=
+

1n

2i
n1i

1n

1i
1ii     a 222

2
1                with ( ) AjAj ss   −=ϕ                      

 Finally, the 95 % confidence interval (c.i.) of the sA mean can be estimated by 
( )( )AA svarsic ⋅±=  96.1..  and the transects results in the same channel can be compared. 

3. RESULTS AND DISCUSSION 

A Sound Scattering Layer (SSL) was observed at 100-160 m depth (Fig.1a), as is also 
commonly found during most of the year. In the upper part of the water column mostly 
weak and dispersed scatterers were found. The krill Meganyctiphanes norvegica was by 
far the most prominent component in terms of number of animals per unit volume (Table 
2), having an average size of 21±4 mm. A few stronger scatterers like fish larvae and 
gobies were found in this layer, but their abundance was very low. 

 

 Krill trawl 1, 25-30 m Krill trawl 2, 120-130 m 

Species/Group No. ind. No. ind. per 
1000 m3 No. ind. No. ind. per 

1000 m3 
Meganyctiphanes norvegica 26057 507.6 49346 961.2
Thysanoessa inermis  253 4.9 145 2.8
Pasiphea sivado 203 3.9 381 7.4
Shrimp indet. 51 1.0 1633 31.8
Gammaridae  (Amphipoda) 152 3.0  ----  ----
Euchaeta norvegica (Copepoda) 203 3.9 145 2.8
Cephalopoda 51 1.0  ----  ----
Aphya minuta  (transparent goby) 101 2.0 163 3.2
Maurolicus muelleri (Müller's pearlside)  ----  ---- 7057 137.5
Sygnathus acus (greater pipefish) 1 0.02 18 0.4
Fish larvae/juvenile 51 1.0  ----  ----
Etmopterus spinax  
(velvet belly lantern shark )  ----  ---- 7 0.1

Table 2: Abundance and species composition from trawl samples. 

The SSL was a.o. composed of larger crustacean zooplankton of which euphausiids 
was a key component. Meganyctiphanes norvegica was by far the most dominant krill 
species, but also Thysanoessa inermis was found in very low numbers. Another important 
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component was the mesopelagic fish Müller's pearlside (Maurolicus muelleri). Larger 
mesopelagic fish was probably also present but their abundance must have been very low 
as no such fish were caught in the trawl samples. The zooplankton community also 
included several small copepod species, small gastropods and bivalves, as well as 
siphonophores, but all in very low numbers. For details see [11]. The mesopelagic shrimps 
Pasiphea sivado was more important in the SSL then at shallow depths (Table 2). 

The interpretation of the acoustic results has to take in account three effects that might 
bias the comparisons. First, the time lag between transects; secondly there might be a 
slight geographical offset between transects and thirdly, the entire procedure due to both 
the internal EK60 digital processing and the low number of integration intervals, hence 
their statistical properties. 

Figure 2 shows the average sA and its variability for a selected set of depth strata and 
frequencies. For the shallow layer represented by the depth strata 20-30 m (Fig. 2a), 
average sA for all frequencies and transects are very low (<1.0 m2 nmi-2). There seems to 
be a tendency that average sA is increasing with increasing frequencies although from a 
statistical point of view no significant difference between means are evident. This layer 
corresponds to the first krill trawl haul where krill was the dominant scatterer in terms of 
number of individuals per unit volume (~0.5 ind.m-3). However, a few small fish larvae 
and transparent gobies were also found. It seems that for such a weak scattering structure, 
although consisting mostly of one type of scatterer (krill), the integration cell is to small to 
obtain comparable sA values at various frequencies as the number of targets per unit 
volume is so low. Figure 2b shows a trend with respect to average sA that is similar for all 
frequencies and higher absolute sA values compared to Figure 2a. Figure 1b shows the 
frequency distribution of mean Target Strength (TS) from tracking analysis obtained at 
120 kHz from a non-moving vessel for the 20-30m and 50-60m layer respectively. Near 
identical distributions were obtained from the single target detections at the same 
frequency during all transects (not shown). This suggests that stronger scatterers are 
present in the 50-60m channel. 
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record with vessel in no-moving position. 
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A particular feature seen in this layer was the higher average sA for transects 1 and 2, 
both obtained for a PD=0.256 ms. Both at 120 and 200 kHz average sA values for this 
pulse duration is significantly higher then for the transects run with 1.024 ms. Single TS 
detection analysis from consecutive transects revealed that this is a time effect. A 
significant reduction in number of smaller targets were evident between transect 1 to 
transect 3, suggesting that a fair amount of scatterers left the measurement volume prior to 
transect three. 
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Figure 2: Mean sA and estimated confidence intervals for a selected set of depth strata. 
 
Figure 1c corresponds to the depth layer for the second trawl haul inside the SSL, 

where density of scatterers is significantly higher than in the upper layers (Fig. 1a) and 
also types of organism more diverse (Table 2). It is apparent for a PD=0.256 ms that there 
is a much higher variability in average sA than for a PD=1.024 ms, and that mean sA 
decrease with increasing frequency. The frequency response suggests that some 
dominating scatterer other then zooplankton is causing the trend. The only scatterer 
abundant enough to explain this trend is the small fish, Müller's pearlside (cf. Table 2), 
which next to Meganyctiphanes norvegica is the dominant organism present in this layer. 
The same trend is evident in Figure 2d where the integration over the entire investigated 
volume is presented. This suggests that this fish is distributed over a greater part of the 
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SSL, since the trend for the whole water column is near identical. The high sA mean value 
at 200 kHz for transect 2 in Figure 2d could be an effect of a small geographical offset, or 
due to some change in boundary conditions for this particular transect and frequency. 

In general, the higher sA variability at shorter pulse length is initially caused by how 
EK60 internally process the analogue signal. The EK60 A/D conversion is pulse duration 
independent but the final output (raw data file), as it resulting from digital decimation to ¼ 
of the pulse length (cτ/2), strongly depends on it (Table 1). This means that the raw data 
for the longer PD of 1.024 ms are averaged based on a higher number of digital samples, 
and will have lower variance compared to data retrieved with a short PD of 0.256 ms. This 
variance will be reflected in the echo-integration results. Moreover, with respect to echo-
integration shorter pulse duration implies higher variability in sA compared to a longer 
pulse duration for otherwise identical sampling volumes.  

The ping-to-ping variability related to the horizontal resolution is another effect to 
consider. This variability is less as shorter is the distance between two consecutive 
transmissions, because the respectively beam volumes are overlapped. This explains the 
lower variability of the Transect 5 compared the Transect 3 and 4, obtained with the same 
pulse duration. 

In conclusion, in order to determine the number and type of organisms in a structure of 
dispersed, weak or stronger and near mono-specific scatterers, at least there has to be a 
sufficient amount of these scatterers within the measurement volume, weather a short or 
longer pulse duration is being used. The benefit of short pulse duration in this context is 
the retrieval of target strength measurements of the weak scatterers, contrary to the pitfall 
of multiple targets if a longer pulse duration is used.  

For a more complex mixture of scatterers like the SSL observed in this study, stronger 
scatterers like the Müller's pearlside will completely mask a weaker scatterer like krill, 
which in fact is twice as abundant in the SSL as in the 25-30m layer described above. This 
is also exemplified by the use of the inversion technique for the same data as presented in 
[11]. The results of the inversion gives mostly the “gas filled” model solution for a greater 
part of the SSL, truly suggesting that fish is the dominant scatterer in the SSL, but the krill 
component is not resolved. However, an overall aim should be to resolve also the krill and 
possibly other plankton components, even if they reside within a volume of stronger 
scatterers. The resolution of the acoustics sampling in time and depth should aim to 
delineate stronger from weaker scatterers more satisfactorily. With respect to the adoption 
of the frequency response and inversion techniques as tools in acoustic classification the 
need for improved resolution is warranted. However, it is currently not realized how this 
can be achieved with the technology and methods presently available. 
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Abstract: Japanese anchovy (Engraulis japonicus) is one of important commercial fishes 
in Japan and the annual catch exceeds 400,000 tons in 2006.  Also, it is very important as 
a key species in the marine ecosystem.  Acoustic surveys using quantitative echo sounders 
have been conducted to estimate the anchovy abundance on the coasts of Japan.  
However, since there is not enough knowledge of the TS for anchovy, the TS for clupeoids, 
which is the same physostome as anchovy, has been provisionally applied.  According to 
our previous work, it was difficult to measure their TS accurately.  The reason of that was 
a change in the shape of the swimbladder caused by the gas leaks out through the anus 
from the swimbladder during the TS measurement.  In this work, the backscattering 
patterns of anchovy, which kept the gas in the swimbladder, were measured for 37 
samples.  The body length (BL) of samples was from 5.6 to 8.7 cm and the average BL was 
7.0 cm.  The measurements of backscattering patterns were in good agreement with the 
model predictions.  Moreover, the relationship between the TS and the body length (BL) 
was derived as TS = 20 log BL − 64.3.  The TS obtained in this work was 6.3 dB larger 
than the modified clupeoids TS currently applied as the TS for anchovy. 
 

Keywords: target strength, Japanese anchovy, swimbladder, physostome 
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1. INTRODUCTION 

Japanese anchovy (Engraulis japonicus) is one of important commercial fishes in Japan 
and the annual catch exceeds 400,000 tons in 2006.  Also, it is very important as a key 
species in the marine ecosystem, because anchovy consumes the primary production of 
phytoplankton through zooplankton, and further transports to other pelagic fishes (e.g. 
skipjack, tuna), whales, and so on.  In order to conserve the marine ecosystem and use the 
anchovy resources effectively in the future, it is necessary to estimate the anchovy 
abundance and manage the resources properly. 

Acoustic surveys using quantitative echo sounders have been conducted to estimate the 
anchovy abundance on the coasts of Japan.  The target strength (TS) for anchovy is 
necessary to convert the acoustic outputs to the abundance, but there is not enough 
knowledge of the TS for anchovy.  Therefore, the TS for clupeoids (herring and splat)[1] 
which is the same physostome as anchovy has been provisionally applied as the TS for 
anchovy.  In order to provide the TS for anchovy, we tried to measure previously the TS 
of anesthetized anchovy, but it could not measure accurately.  The reason of that is a 
change in the shape of the swimbladder, which is a main part of scattering, caused by the 
gas leaks out through the anus from the swimbladder during the TS measurements. 

The purpose of this study is to derive the relationship between the TS and the length for 
anchovy by measuring the TS of anchovy which kept the gas in the swimbladder. 

2. MATERIALS AND METHODS 

In order to derive the relationship between the TS and the length, the backscattering (or 
TS) pattern was firstly measured for each sample, and then it was averaged over the 
swimming orientation distribution. 

The backscattering pattern measurement was conducted at the National Research 
Institute Fisheries Engineering (NRIFE) in Japan.  The measurement system (Fig. 1)[2] set 
up in a freshwater experimental tank (10 m depth × 10 m width × 15 m length) was used.  
A 38 kHz transducer was mounted on the tank floor.  On the beam axis, the sample was 
suspended from the surface about 2 m with fishing lines and it was kept in an upside down 
position by using a small float.  Therefore, the acoustic pulse was transmitted to the dorsal 
aspect of the sample.  Using the rotating system, the incident angle to the sample was 
changed from −50 to +50 degrees at every one degree. 

Samples of anchovy used in this work were originally kept as live baits for the 
commercial fishing of skipjack.  Until the backscattering pattern measurement, samples 
were kept in an aquarium at the NRIFE.  Just before the measurement, sample was 
instantly killed using formalin to keep the gas in the swimbladder.  An anesthetic was used 
for samples in our previous work, but the gas leaked out through the anus from the 
swimbladder.  It seems that the muscle of samples probably became flaccid by 
anesthetizing.  Before and after the backscattering pattern measurement, the shape of the 
swimbladder was captured by a soft X-ray imaging system in order to confirm that the gas 
in the swimbladder did not leak out.  Also, the captured swimbladder shape before the 
backscattering measurement was used to predict the backscattering pattern by the 
Kirchhoff-Ray Mode (KRM) model.[3]  Moreover, we compared the measurements with 
the predictions and confirmed a reliability of our measurements.  Although the physical 
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parameters used in the model were adopted from TABLE II in Clay and Horne,[3] the 
speed of sound and the density in freshwater were 1470 m/s and 1000 kg/m3, respectively. 

Finally, the backscattering pattern measured was averaged over the swimming 
orientation distribution.[4]  Since we have little information about the swimming 
orientation of anchovy, the orientation distribution was assumed that the average angle 
was -5 degrees with a standard deviation of 15 degrees. 
 
 

 
 

Fig. 1: Backscattering pattern measurement system in a freshwater experimental tank. 
 

3. RESULTS 

Backscattering patterns of 37 samples were obtained.  The body length (BL) of samples 
was from 5.6 to 8.7 cm and the average BL was 7.0 cm.  Here, the BL is defined as the 
distance from the snout to the end of the scale.   

Figure 2 shows the measurements and the model predictions of the backscattering 
pattern.  In the KRM model, the scattering amplitudes from the swimbladder and the fish 
body were computed.  Therefore, the backscattering patterns from the swimbladder and all 
contributions (swimbladder and fish body) were shown in Fig. 2.  Also, according to Clay 
and Horne[3], the KRM model is theoretically limited to incident angles.  Therefore, the 
range of incident angles was limitedly shown between -25 to 25 degrees.   
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Figure 3 shows the relationship between the TS averaged over the swimming 
orientation distribution and the body length (BL) of samples.  The solid curve in this 
figure indicates the linear regression of the measurements.  The equation is as follows. 
 
TS = 20 log BL − 64.3 (R2 = 0.87)                                                                                      (1) 
 
The dashed curve indicates the TS-BL relationship currently applied as the TS for 
anchovy.  The equation is as follows. 
 
TS = 20 log BL − 70.6                                                                                                         (2) 
 
The above equation is the TS for clupeoids[1] modified with the relationship between the 
total length and the body length for anchovy. 
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Fig. 2: Backscattering pattern of measurements and predictions.  Circles indicate the 
measurements.  Curves in black (swimbladder) and gray (swimbladder and fish body) 
indicate predictions by the KRM model. 
 

4. DISCUSSION 

We see from the backscattering pattern measured in Fig. 2 that the maximum TS was 
found at about −5 degrees of incident angles.  Also, backscattering patterns of other 
samples were almost the same as Fig. 2.  Moreover, the measurements of the 
backscattering pattern were in good agreement with the model predictions for 
swimbladder.  Since the swimbladder contribution to the backscattering is approximately 
90 % to 95 %,[5] therefore our measurements should be reliable.  On the other hand, the 
model predictions of all contribution (swimbladder + body fish) were slightly larger than 
the measurements.  It is likely that the physical parameters of the fish body used in the 
KRM model are slightly different from real samples used in this work.   

Then, we consider the relationship between the TS and the body length in Fig. 3.  The 
TS obtained in this work was 6.3 dB larger than the modified clupeoids TS currently 
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applied as the TS for anchovy.  This is a very large difference for the abundance 
estimation.  On the other hand, it is expected that the TS for anchovy which is physostome 
depend on depth (or pressure).  Actually, the depth-dependence of TS for herring, which is 
the same physotome as anchovy, was published by Ona[6] in recent years.  Our 
measurements were obtained from samples at the depth of 2 m and the effect of depth has 
not investigated yet.  In the future work, it is necessary to investigate the depth-
dependence of TS for anchovy.  This difference may become small. 
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Fig. 3: Relationship between TS and body length.  Circles indicate the measurements 
which averaged over the swimming orientation distribution (-5, 15).  Solid curve indicates 
the linear regression of the measurements.  Dashed curve indicates the TS for clupeoids 
modified with the relationship between the total length and the body length for anchovy. 
This is currently used as the TS for anchovy in Japan. 
 

5. CONCLUSIONS 

In this work, the backscattering patterns of anchovy, which kept the gas in the 
swimbladder, were measured.  As the result, the measurements of backscattering patterns 
were in good agreement with the model predictions.  Moreover, the relationship between 
the TS and the body length was derived.  The TS obtained in this work was 6.3 dB larger 
than the modified clupeoids TS currently applied as the TS for anchovy.  Although this 
was a very large difference for the abundance estimation, our measurements were obtained 
from samples at the depth of 2 m and the depth-dependence of TS was not investigated.  In 
the future work, it is necessary to investigate the depth-dependence of TS for anchovy. 
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Abstract: 
 The gilt-head sea bream (Sparus auratus, Linnaeus 1758) farms constitute the most 
important activity of marine aquaculture in the Mediterranean. The biomass control 
trhough acoustical tecniques is a desired but not inmediately achieveable tool since 
different aspects, like the strong attenuation of the acoustical beam in a very dense 
school and the varying behaviour of the fishes inside the cages, reveal it as a very 
complex problem. In order to cover the total lack of studies of the acoustical 
properties of the particular species, we have measured the total target strength (TTS) 
of gilt-head sea breams as a function of frequency and animal size. For such purpouse 
we have used broadband signals and analysed the reverberated field in a tank. The 
obtained acoustical signature, the frequency dependence variance of the TTS with fish 
size, can provide the clues for future use of broadband transducers in the problem of 
average size and total biomass estimation in open sea cages. 

Keywords: target strength, reverberation measurements, gilt-head sea bream, 
aquaculture 
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1. INTRODUCTION 

 
Marine aquaculture is a strong industry and a certain reality in the Mediterranean Sea. 
In 2005 the production reached the 84,017 tones of European sea bass (Dicentrarchus 
labrax) and 93,355 tones of the gilt head sea bream (Sparus aurata), produced mainly 
in Greece, Turkey, Italy and Spain [1]. In spite of the sufficient technology to fulfil the 
production needs, it is necessary to optimize different production factors, not only to 
improve its economical profitability but also to minimize the possible ecological 
impacts. Among these factors we must emphasize the feeding strategy, the growing 
and population monitoring. The daily feeding is estimated in terms of the present 
biomass and it is a function of different factors like the average size of the fishes, the 
season, the water temperature, etc. Therefore, size (mass) and fish number estimation 
reveal as crucial needs for the adequate management of the production. The traditional 
method to control the population has been the periodic manual sampling, by fishing a 
certain number of specimens, which results to be costly in terms of animal stress and 
workforce costs 
Different non-invasive techniques have been assayed to estimate both fish number and 
size distribution: video monitoring and digital image processing, electromagnetic pass-
through frames, acoustical echo sounders, etc.  The effectiveness of every method is 
limited by different factors and one of the most conditioning facts is the necessity of 
monitoring a large number of cages almost continuously what impulses the 
achievement of a permanent, and therefore affordable system, suitable to stand long 
periods of time in a hard environment. We consider that the acoustical techniques 
provide such capabilities. Nevertheless still much work must be done to achieve all 
these objectives, since the technology of scientific or commercial echosounders has 
been oriented mostly to pelagic surveys, and both the equipment and common 
algorithms can not be applied immediately to the aquaculture farms control. In the 
following sections we will expose the first approaches to the acoustical 
characterisation of the gilt-head sea bream in a reverberated sound field in a tank, 
following the method introduced by de Rosny and Roux [2] that permits to obtain the 
totat target strength (TTS).  
 

2. METHODOLOGY 

 
The method suggested in [2] has been validated for the measurement of the total target 
strength (TTS) of moving calibrating spheres in [3], and applied in [4] to monitor 
density, behaviour and growth rate of sardines and anchovies in a tank. It is based in 
the emission of a number of chirp pulses and the recording of the corresponding 
reverberated time series in one or more positions. If we emit in a tank m pulses, we 
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obtain the recorded series (t)h ji,  with i=1,2,…,m  and  j=1,2,…,n, where n, is the 
number of hydrophone positions. For a given position j, the echoes variations when 
considering (t)h ji,  with different time pulses i= 1, 2,…,m, are due only to the fish 
movements, taking into account that the echoes from walls remain constant. Moreover, 
single fish contributions to  (t)h ji,  will be uncorrelated between pulses if its 
displacement is greater than the acoustical wavelength, and the tank contributions will 
be virtually identical. For each receptor j=1,2,…,n, the coherent (t)S jC, and incoherent 

(t)S jI,  intensities are defined for the i=1,2,…,m  sequence of recorded time series 
(t)h ji, (or alternatively, introducing as (t)h ji,  the calculated impulse response of the 

tank, obtained from the deconvolution of the emitted signal for every recorded time 
series what provides an important reduction of experimental noise [4]): 

∑
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swimming: 
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where < > means the average of the n recording positions and the TTS can be obtained 
from the known relationship 

TTS=10log
σ T

4π , 
(3)

  

3. EXPERIMENTAL SETUP 

 
We have used a National Instruments portable PXI-1031DC with NI PXI-
ExpressCard8360 connected through a USB to a laptop, and including an 100MS/s 
arbitrary function generator NI PXI-5412, and a NI PXI-5102, 2 channel, 20 Ms/s 
digitizer card, both synchronized through the same built-in clock reference. The bus 
connection between the PXI and the laptop permits to acquire long time series and to 
process the data through the Labview ® programming environment. The emitted 
broadband signals are amplified through a  ENI 240L  RF amplifier. The system 
permits to control the emission and two simultaneous recordings using three identical 
omnidirectional reference hydrophone Reson TC3440 that are placed in three different 
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geometrical configurations, thus giving n=6 recording positions for m=100 pulses and 
recorded reverberated time series.  
The input signals are logarithmic sine-sweeps of 1ms of duration, with a bandwidth of 
5 kHz covering from 30 to 310 kHz. Alternatively, and in order to reduce the amount 
of recorded data and the measuring time we have made some assays with broadband 
signal of only 3 ms of duration that covers the same total spectrum, a Time Stretched 
Pulse (TSP) [5], with the inconvenient of emitting less acoustical power per frequency 
unit which reduces the signal to noise ratio. 
During the measurements it is necessary to stop the oxygen and water circulating 
systems in order to avoid the presence of bubbles which would increase the total cross-
section and the noise sources. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: Experimental setup diagram: three identical TC3440 Reson hydrophones are 
used, one as the emitter and two receiving positions. 

 
Table 1 shows the distribution of fish sizes and number in the five identical quasi-
cylindrical tanks measured, with dimensions of 1.5 m of diameter and 0.9 of height; 
the fishes were sampled manually before every acoustical measurement. 
 

Tank Fish 
 number, N  

Average 
weight (g) 

Typical 
deviation (g) 

Water  
temp. (˚C) 

Water height,  
centre (m) 

Water height, 
side (m)  

A 14 173.7 9.3 18.9 63.5 52.5 
B 21 148.3 9.2 19.5 62 51 
C 71 99.8 12.6 19.6 62 51 
D 50 82.5 7.5 21.6 62 51 
E 37 21.5 3.6 21.5 62 51 

 
Table 1: Description of tank occupation. 

 
4. RESULTS 
 
The processing of the important amount of data implies to establish different important 
criteria to obtain the desired total scattering cross-section from the logarithmic decay 
of equation (2). We have adopted the option of calculating the impulse response for 
every time series and limited the duration of the considered decay to the time that 

NI PXI 
1031DC    

Amplif  

  

PC 
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maintains a horizontal slope with the empty tank (null scattering cross-section). Figure 
2 shows the results for both the σΤ and the TTS from 30 to 310 kHz in 5 kHz steps of 
the measurements with sine sweeps. It is noticeable the consistency of the results with 
the increase of size between tanks, and that the expected increase of scattering cross-
section with frequency is more important the bigger the size. The curves of TTS show 
a clear curvature change, and the inflexion point shifts to lower frequencies with 
increasing size. 

 
Fig.2: Total scattering cross-section (left) and TTS (right) vs frequency in 5kHz bands 

for increasing fish weigths, tanks E to A. 
 

 
 

Fig.3: Comparison of the TTS results by using sine-sweeps or TSP as input signals: a) 
TTS obtained with sine-sweep for tank A (174 g, 23 cm) and E (22 g, 12 cm). b) TTS 

obtained with TSP for tanks A (174 g, 23 cm) and E (22 g, 12 cm)c) TTS obtained with 
sine-sweeps and TSP for tank A (174 g, 23 cm)d) TTS obtained with sine-sweeps and 

TSP for tank E (22 g, 12 cm) 

a) b) 

c) d) 
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In Figure 3 we have depicted compared results with different input signals: the sine 
sweeps with increasing central frequency and the TSP. For the sake of simplicity we 
have applied a moving average to the curves in order to visualize the major differences 
and tendencies. Both signals provide consistent results with respect to the animal size 
but with quantitative differences between them. These differences tend to be smaller at 
the higher frequencies, where the sensitivity of the hydrophones as emitters is bigger. 
Since the emitted acoustical power per band is much lower in the case of the TSP, and 
the signal to noise ratio is much better for the sine sweep case, we must be much more 
confident about its present results.  

 
5. CONCLUSIONS 
 
We have studied for the first time the acoustical properties of the gilt-head sea bream 
measuring ina reverberating tank the total scattering cross-section and the equivalent 
total target strength of the fishes as a function of frequency and animal size. The 
frequency dependence of the curves provides some clues for the future broad-band or 
multi-frequency measurement of the fish size. We have introduced the simplified use 
of special broad-band signals like the TSP which reveals as an economical tool, but  
also needs of the use of reference transducers with higher operating power input. 
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Methods for 3D swimbladder morphology reconstruction for target 
strength modelling 

 
Hector Pena 
 
Abstract: A new approach to study the fish target strength was developed using 
magnetic resonance (MR) techniques to obtain detailed external and internal 
morphology, especially from the fish swimbladder.  Chilean horse mackerel 
(Trachurus symmetricus), with a physoclist swimbladder, were collected onboard a 
commercial vessel and kept in a tank with recirculated seawater for 4 hours for 
acclimatizing, and later freezing for transport and storage. Up to 7 defrosted fish 
were scanned simultaneously in a 3Tesla clinical magnetic resonance equipment 
using a high-resolution head core.   Transversal MR sequences of 18 fishes were 
performed using a voxel (a volumetric pixel) of 0.5, 0.5 and 0.7 mm in the x, y, and z 
planes, respectively. From 60 to 170 DICOM format images from each swimbladder 
were digitally analyzed using the 3D Doctor software, which retrieves all the image 
parameters originated in the scanner, including the scale.    The swimbladder was 
clearly identified and the contour was manually traced in every image. A complex 
surface rendering using the maximum denseness of triangle mesh was used for 
building an exact 3D model of each swimbladder. The resulting surface models were 
built from 5 000 to 20 000 nodes depending the size of the swimbladder. Each 
swimbladder model was exported including the referenced positions of every surface 
triangle together with the normal to a triangular facet. This information may be used 
to model the dependence of the target strength on tilt angle for any fish aspect for 
echo sounder frequencies from 500 Hz to 200 kHz.  
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EAST ATLANTIC OCEAN 
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Abstract: The sound of snapping shrimp (family Alpheidae) is widely recognised to be the 
dominant source of underwater noise in many shallow (<60 m) tropical and sub-tropical 
waters.  Research during the past few years has revealed the presence of a similar noise in 
the NE Atlantic.  This paper reports on a clicking noise observed in waters as deep as  
120 m during a cruise near the edge of the continental shelf in the Bay of Biscay.  The 
source of this noise has not yet been confirmed, but snapping shrimp are a strong 
candidate which, if proven to be the source, would question several aspects of received 
wisdom, such as the mechanism for generation of the noise, and the distribution of 
snapping shrimp in waters deeper than 60 m.  Recommendations are made as to how the 
investigation should proceed in order to identify the clicking noise source in this region. 

Keywords: ambient noise, snapping shrimp 
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1. INTRODUCTION  
 
In 2001, a hydrophone was fixed off the coast of the Durlston Marine Reserve under  

7 m of water [1] so that researchers and centre visitors could observe sounds within the 
local waters.  Recordings made using the hydrophone revealed the presence of an audible 
clicking sound.  It was observed that the frequency content of individual clicks generally 
appeared to be in excess of the maximum observable frequency of 20 kHz, and that the 
duration of these clicks was on the order of a few tens of milliseconds.  Subjectively, the 
signal can be described as being not unlike the sound of food frying, and very similar to 
the noise observed in waters which have been colonised by snapping shrimp (family 
Alpheidae) [2], a type of crustacean animal well-known to colonise in tropical waters, and 
some sub-tropical waters. 

There is no evidence in the literature that snapping shrimp exist in UK waters in any 
significant numbers.  Johnson et al. [3] observed in 1947 that snapping shrimp are “not 
uncommon” on the mud bottom off Ram’s Head near Plymouth, England and in the 
Mediterranean, but provided no acoustic evidence in conjunction with this claim.  
Contrary to the suggestion by Johnson et al., Hayward and Ryland’s 1990 key to marine 
fauna for UK waters lists all Alpheidae as “scarce” or “very scarce” [4]. 

An investigation was begun by the authors in 2004 to determine the source of this 
noise, and to establish whether Alpheidae are in fact distributed sufficiently well in the 
English Channel to have an impact on the ambient acoustic environment of those waters.  
Unfortunately, shortly before the beginning of this investigation, the hydrophone at 
Durlston Marine Reserve was damaged beyond repair.  The investigation has so far 
resulted in the observation and recording of clicking noises along the south coast of 
England in locations stretching from Chichester Harbour to Falmouth, in the Bay of 
Biscay, and in isolated locations along the west coast of France (see Fig. 1). The 
investigation has not yet resulted in the collection of a snapping shrimp specimen 
coincident with the observation of ambient clicking sounds. It should be noted that some 
third party observers have occasionally collected specimens of the snapping shrimp 
Alpheus glaber in the English Channel and the Irish Sea, and reported their findings in 
online marine life databases, such as the Marine Life Information Network [5].  However, 
no acoustic information accompanies any online information concerning findings of 
snapping shrimp in the NE Atlantic Ocean. 

Finfer et al. [6] reported that a 4-element array had been deployed near Kimmeridge 
Bay (off the South of England) in waters where clicking was observed.  The data acquired 
during that survey suggest strongly that the clicking sound in that location emanates from 
the bottom – which would be consistent with the hypothesis that snapping shrimp are 
responsible for the noise. 

This paper will use the acoustic data gathered during a trawling survey in the Bay of 
Biscay to suggest the possibility that snapping shrimp can affect the ambient acoustic 
spectrum in deep, temperate waters. 

2. BACKGROUND 
 

Snapping shrimp are bottom-dwelling creatures, and have the habit of hiding in 
crevices and holes.  They are easily identified, as they have one small utility claw, and one 
very large claw which is responsible for creating the snapping sound [7].  During one 
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study in the Bahamas, Johnson et al. [3] reported that it is not common to encounter large 
numbers of snapping shrimp on mud bottoms without some sheltering materials.  
Snapping noise has been reported to fall off at depths greater than about 60 m [8], but 
most studies have been made in tropical and subtropical waters, such as near Bermuda 
[9][3], Singapore [10], Southern California [11] , Hawaii [12], and the Great Barrier Reef 
[13].  Alpheus glaber, however, has been found in the NW Mediterranean in abundance 
(tens per hectacre) at 200 m depth [14], and in isolation off the Iberian peninsula at depths 
as great as 704 m [15]. While Alpheus glaber has the peculiar claw asymmetry associated 
with the snapping sound, there has not been a direct investigation to establish whether in 
fact this species of Alpheus is capable of producing a snapping sound. 
 Knowlton and Moulton [11] report that specimens of snapping shrimp kept in glass 
aquaria survive well as long as the water temperature remains between 14 and 24 oC.  In 
1947, Johnson et al. [3] stated that the 11 oC winter surface isothermal line seemed to 
mark the approximate northern and southern limits of the continuous range in which 
snapping shrimp live; but acknowledged that, at that time, the Northernmost border of the 
11 oC isothermal region passes some 7o latitude (almost 800 km) South of Plymouth, 
England [3] (Water temperatures off the south coast of England are known currently to 
approach 7 oC in February [16]). 
 Twenty-four hour (circadian) acoustic activity was monitored by other 
investigators to determine the degree to which ambient levels generated by snapping 
shrimp vary with time of day. Johnson et al. [3]  noted only “a small diurnal variation in 
shrimp noise.  At night the levels are 2 to 5 dB higher than in the daytime.  In addition, 
there is a slight peak in the noise level shortly bef ore sunrise and after sunset.”  No such 
study has yet been conducted in the NE Atlantic.  Johnson et al. [3]  found  no  significant  
seasonal  variation  in  shrimp  noises.  However, all long term observations in that study 
were at localities which, unlike the NE Atlantic, only undergo small seasonal variation in 
water temperature.   

3. MEASUREMENTS IN THE BAY OF BISCAY 
 

In October 2004, data were gathered from a 2-element towed array pulled by the 
vessel Wando Lady, a 65-foot wood-hulled power boat.  The array was deployed on the 
evening of 6 October 2004 at 16h00m UTC, and the system continued to acquire data 
throughout the course of the night.  No reference pressure was available for the 
hydrophone array, and as a result absolute pressure levels are not available for these data.  
Acoustic observations began near 17h00m, but no clicking sounds were observed on the 
array output signal until approximately 21h00m. The water depth at that point in the time 
was noted to be approximately 130 m.   

A suitable threshold was used to facilitate click-counting.  Click-rates are displayed 
below in Fig. 1, and are based on 30 second recordings taken during each 2 minute period 
throughout the course of the night.  For plotting, rates were normalised by the maximum 
number of clicks in any one recording (68 clicks in 30 seconds).  Some isolated click 
trains were noted after the noise subsided at approximately 01h24m, but those noises were 
identified to be sperm whale clicks, and so were removed from the for the set of data 
plotted here.  Depth data was logged from the depth sounder to the geographic information 
systems (GIS) computer. 
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Fig. 1 (a) A map of the region of interest [16], stretching from England south to the upper 
coast of Spain.  Sites at which clicking has been observed by this group (reference) have 

been indicated by ‘X’.  The course followed by the boat during observations has been 
drawn in a black line, with the start end and end points indicated by ‘o’ (b) A bathymetric 
chart of the Bay of Biscay [17].  The cruise described in this paper took place along the 
course indicated by the bold dotted line in the centre of the chart (N 44.59o W 1.92o to N 

44.78o W 2.21o).  The number labels correspond to the following events (1) Point at which 
the clicking sound was first observed;  (2) Last point at which clicking sound was 

observed;  (3) Point at which the array was retracted as a result of rough seas.  The 60 m 
depth contour has been shown, as it represents the previously accepted limit for snapping 

shrimp.  The shore is represented by the light dotted line. 

 

 
Fig. 2 Observation of clicking in the Bay of Biscay on the night of 6 October 2004.  

Click rate is plotted as a solid line, while the corresponding depth data is plotted as a 
dotted line. 
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The data presented in Fig. 2 show that the clicking subsided completely as the research 
vessel approached the edge of the continental shelf at approximately 01h30m.  As this 
phenomenon was not observed using a vertical array, it is not possible to say whether 
indeed the clicking sound source was on the seafloor. To the best knowledge of the 
authors, these data represent the first reported instance of ambient clicking in waters 
deeper than 60 m. 

4. ANALYSIS 
 

While snapping shrimp have been found in abundance at depths of 200 m, there is no 
evidence in the literature of ambient clicking (caused by shrimp or any other source) in 
waters deeper than about 60 m.  The bathymetric data shown in Fig. 1 (b) show that the 
course along which clicking was observed never came within 25 km of the nearest 60 
meter depth contour. 

It continues to remain unclear whether the noise observed in the bay of Biscay and the 
previously reported noise observed in the English Channel are of the some source. A 
significant step towards understanding whether or not the source of the sound is indeed 
biological could be made by performing a cathemeral study, and comparing the trends 
observed to those recorded by  Johnson et al. [3].  Further conclusivity could be reached 
by performing a biogeographic survey such as the one carried out by Abello et al. in the 
NW Mediterranean [15].  A thorough study would require an acoustic study of circadian 
behaviour, a biogeographic survey, and a vertical acoustic array measurement to all be 
performed in the same region of water over the course of a single season.   

It is interesting to consider whether this clicking ambient noise in the English Channel 
and the Bay of Biscay has been present but unreported for the last several decades, or 
whether the naturally generated portion of the ambient acoustic spectrum in the North East 
Atlantic is undergoing a significant change.  A change in the ambient acoustic spectrum 
could in fact be a result of changes in the undersea climate.  Unless a researcher is able to 
obtain and restore historic audio recordings [18] or intensive documentation of the 
ambient noise in this region of the world [19], it will remain difficult to evaluate whether 
the biologically-generated component of the ambient spectrum has changed during the 
time which has expired since the beginning of the sonar era. It would behove the 
community to begin documenting the ambient spectrum to allow future investigators to 
perform similar work. 

5. CONCLUSIONS 
 
This paper has reported on the recording of an ambient clicking noise near the edge of the 
Bay of Biscay.  The noise is similar in nature to a clicking noise which was previously 
reported to be observable in the English Channel.  It is suggested that the source of this 
noise is snapping shrimp, though further evidence is required to confirm this hypothesis.  
The recommendation is made here that an acoustic study of circadian behaviour, a 
biogeographic survey, and a vertical acoustic array measurement all be performed in the 
same region of water over the course of a single season.  Further, the need has been stated 
for both the study of archived recordings, and the development of a database for the future 
study of ambient noise for this region. 
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Abstract: Methods for estimating zooplankton size and class from multi-frequency 
acoustic data are implemented in two operational systems for post-processing acoustic 
multi-frequency data, namely MOVIES+ and the Large Scale Survey System, LSSS. 
Calibrated, digitised data from multi-frequency echo sounders have been collected at a 
location where northern krill (Meganyctiphanes norvegica L.) was expected to be one of 
the dominating scatterers, and those data are used as input to test the performance of the 
two systems. Biological samples were taken to verify size and type of zooplankton 
calculated by the two systems. Synthetic echograms are made to enhance and colour-code 
the zooplankton-targets with similar acoustic properties. Size-distributions of zooplankton 
are calculated from inversion methods, and the results are compared between MOVIES+ 
and LSSS. The synthetic echograms and the calculated size distributions are of invaluable 
help during scrutinizing mixed acoustic recordings where zooplankton is an important 
component. 

Keywords: Multi-frequency, zooplankton inversion 
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1. INTRODUCTION 

Abundance estimation of fish is based on acoustic data from calibrated, scientific echo 
sounders supported by biological sampling. Acoustic data is collected continuously while 
biological samples are collected at regular intervals or when the acoustic recordings 
change significantly, hence favouring a new trawl or net sample to be collected. The 
biological samples are used both as support information to aid isolation of the acoustic 
registrations of each species, and to collect information of the size distribution on each 
species. Scrutiny of acoustic data is done by analysing and correcting digital echograms 
using a dedicated post-processing system, e.g. BEI, EchoView, MOVIES+ [1], LSSS [2]. 

Many pelagic fish species feed on zooplankton, both as juveniles and as adults. It is 
therefore desirable to estimate zooplankton abundance using similar methods to those 
applied for fish, and to obtain concurrent information about type and size distribution of 
zooplankton. Time and distance between zooplankton net samples are usually long. 
Acoustics offer potentially higher vertical and temporal resolution of data compared to 
traditional net sampling techniques. Isolation of single species of zooplankton in a similar 
way as for fish is generally not possible. The relative size range of zooplankton is many 
times larger than for fish, and the use of multifrequency data is therefore necessary to be 
able to estimate scattering group and size distributions of zooplankton. The species of each 
zooplankton scattering group has to be identified from biological samples. Multi-
frequency data have been used since the late 1970’s to identify and quantify the scattering 
from zooplankton [3] and the inversion algorithm to reach a classification has been 
detailed by Greenlaw and Johnson [4]. Stanton and his co-authors have on several 
occasions investigated backscattering from three different zooplankton groups; gas 
bearing, hard elastic-shelled, and fluid-like [5], [6] to categorise and reduce some of the 
great diversity in scattering by zooplankton.  

The acoustic transducers on the protruding keel of RV “G.O. Sars” has been optimised 
for a high spatial resolution also when data at several frequencies are combined, and there 
are more frequencies available than almost any other research vessel. In general, however, 
there are too few acoustic frequencies to resolve all sizes of organisms that inhabit a given 
volume of water sampled, and also too poor spatial resolution in the acoustic data. The 
extraction of information of scattering group and size distribution is therefore by no means 
a simple and obvious process. Lebourges et al. [7] have incorporated several scattering 
models into an algorithm framework to optimise the extraction of the dominant scattering 
group and its size distribution based on multi-frequency data. The methods have been 
implemented in two operational post-processing systems: the MOVIES+ [1], [8] and the 
LSSS [2]. The zooplankton inversion of MOVIES+ and LSSS is tested against the same 
acoustic data, and the results are verified against results of biological sampling.  

2. MATERIAL AND METHODS 

Biological and acoustic sampling 
Biological samples of zooplankton were collected with a WP2 net haul from 100-0 m 

to cover the upper part of the water column, and another from 230 – 0 m. Two hauls with 
a 6x6 m specially designed krill trawl [9] were conducted, the first in the upper part of the 
water column at approximately 25-30 m depth and the other from approximately 120-130 
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m depth. Towing speeds was approximately 2 knots and both trawls were conducted at the 
deepest part of the fjord basin, which is about 230 m deep at the site of sampling. 

Acoustic data was collected during surveys with RV “G.O. Sars” in Raunefjorden close 
to Bergen, Norway, close to midnight in January 2006 by means of EK60 echosounder at 
the acoustic frequencies 18, 38, 70, 120 and 200 kHz. The beams had 70 opening angles 
except at 18 kHz where the beam was 110. The transducers were mounted tight together to 
give high spatial overlap at short distances. The same transect were passed 4 times with 
the same ping-rate, different speed of the vessel, and with different pulse durations.  The 
data were collected for vessel speeds of 10 and 5 knots, and a pulse-duration of 1 ms and 
0.25 ms except for 18 kHz where the shortest pulse duration was 0.5 ms.  

 
Pre-processing acoustic data with LSSS 

LSSS preprocessed the acoustic data prior to the categorization and zooplankton 
inversion according to the following scheme, which is similar to Korneliussen et al. [2]: 
(1) Correct data vertically for echo sounder system delay; (2) Correct data horizontally for 
alongship transducer position; (3) Find bottom depth based on all frequencies; (4) Smooth 
data above detected bottom (with a Gaussian kernel 5 m wide (between half power points)  
x 0.35 m deep; (5) Smooth data below bottom with a 5 m x 0.35 m kernel. Separating 
smoothing above and below bottom keeps the detected bottom line without smoothing 
across it; (6) Quantify noise using data “below bottom” if such exist; (7) Use noise-
quantification to correct data for noise. (8) Categorize data similar to [2]. (9) Acoustic data 
that may potentially be zooplankton is used input to the zooplankton inversion module. 
 
Processing acoustic data for plankton classification purpose with LSSS and MOVIES+  

The spatial resolution of the data is reduced in the zooplankton inversion module to 
volume-segments, each of 6 pings and 12 vertical samples. At a ping-rate of 1 ping per 
second, 6 pings cover 30 m at 10 knots and 15 m at 5 knots. 12 vertical samples cover 1.1 
m for 0.256 ms pulse-duration and 4.5 m at 1.024 ms pulse-duration.  

The inversion operations have been performed using 4 different zooplankton scattering 
models described in [6] and [5]. The model used to describe euphausiids is the randomly 
orientated fluid bent cylinder. The parameters input to this model were: reflection 
coefficient parameter = 0.058; standard deviation of length (relative to mean length) s = 
0.2; length to width ratio βD = 10. For the high-pass fluid prolate spheroid model, the 
settings were: g = 1.043, h = 1.05 and length to radius ratio = 5. For the spherical elastic 
shell model the reflection coefficient parameter is set to 0.5. The last model is the gas 
bubble with a g function = 0.0012*(1+0.1*depth) and h=0.22. 

Frequencies 38 to 200 kHz were used in the inversion process due to large amounts of 
targets resonant at 18 kHz that potentially could disturb the inversion process. 

The initial length vector in MOVIES+ contained 20 linearly spaced sizes from 0.63 to 
2.7 mm with a unique size vector for the whole set of models. The minimum size is 
imposed by the ka>0.1 condition for the euphausiid model validity. “Size” means an 
equivalent radius that can be an equivalent spherical or cylindrical radius. The initial 
length vector in LSSS contained 21 equally spaced lengths from 2.5 – 55 mm for the 
euphausiid model, 10 elements spaced from diameters D = 0.1 to 2.7 mm for the gas-
bubble and hard-shelled models and lengths spaced from 4 – 45 mm for the fluid spheroid 
model. The initial zooplankton size-vector is improved iteratively.  

The parameters of the inversion algorithm are set as follows: Levenberg-Marquardt 
factor=10-4 [10], max number of iterations to improve length vector = 4, min residual error 
for stopping iterations on the size vector = 10-5, max residual error: 0.1 and 0.5 in LSSS 
and 0.5 in MOVIES+. 
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3. RESULTS 

Biological samples 
The WP2 net caught mostly very small organisms in the upper 100-0 m. These were 

copepods of the genus Oithona, Microcalanus and Pseudocalanus; 191, 108 and 50 ind.m-3 
respectively. Some small hard-shelled organisms (Gastropoda and Bivalvia), with sizes 
≤1.2 mm and ≤0.4 mm respectively were found, but their abundance were very low (~4-5 
ind.m-3). A total of six pneumatophores (“gas bladders”) of siphonophores and 38 single 
calycophore siphonophores without gas bladder were found. 

The shallow krill trawl at 25-30 m depth caught mainly the euphausiids dominated by 
the species M. norvegica, with average length 21±4 mm [13 - 36 mm] and abundance of 
0.5 ind.m-3. In addition to the animals above, four large mesopelagic shrimps of Pasiphea 
sivado [60,60,65,70 mm total length], and a low number of other species. The krill-trawl is 
expected to be representative for euphausiids. At 120-130 m depth M. norvegica is more 
abundant (~1 ind. m-3) and slightly larger (23 mm), compared to the upper 20-30m layer, 
but the fish component is more important, particularly the mesopelagic Müller's pearlside 
(Maurolicus muelleri), having an abundance of 0.14 ind.m-3, approximately 1/10 of M. 
norvegica. The mesopelagic shrimp Pasiphea sivado of average length 62 mm is 2.5 times 
more abundant 0.01 ind.m-3 in the deeper part of the water column than at 20-30 m.  

 
 
 
 
 
 
 
 
 

 
Acoustic inversion 

The spatial distribution of the various types of organisms estimated by both softwares 
MOVIES+ and LSSS are well coherent and the fluid bent cylinder part of it is in good 
accordance with the biological sampling observations. Fig. 2 shows the spatial distribution 
of euphausiids according to inversion by MOVIES+ and LSSS. In figs b) and d) the 
solution was accepted for max residual error <0.5, in c <0.1.  
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Fig.1. Krilltrawl no 1, 25 – 30 m 

a) 200 kHz b) LSSS, M=0.5 d) MOVIES+, M=0.5c) LSSS, M=0.1a) 200 kHz b) LSSS, M=0.5 d) MOVIES+, M=0.5c) LSSS, M=0.1

Fig. 2. 200 kHz echogram, and spatial distribution of zooplankton estimated by LSSS and 
MOVIES+. Euphausiids (FBCyl) shown in orange. M is the max residual error to accept solution.
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The estimated average length distribution of euphausiids is shown in Fig. 3. The result 
found by LSSS in a) and b) is only 2 – 3 mm larger than what is found in the catches, and 
the standard deviation of the estimated length is of comparable size to the shallow catch. 
The variation found in transects with different speed and pulse-duration is the range of 2 – 
3 mm, so the general impression of the inversion is reasonable. In Fig. 3c), the result from 
b) is masked by 38 kHz data at –85 dB, i.e. set to zero if 38 kHz is below –85 dB. 

The size distribution obtained with MOVIES+ shows a strong contribution of the 
lengths 12 to 14 mm, then lengths from 16 to 36 mm with an average spaced from the 
biological sample from 1 (22 mm - 0.256 ms) to 3 (24 mm - 1 ms) mm. A large length 
class (57-58mm) is also visible.  

 
4. DISCUSSION AND CONCLUSIONS 

The spatial distribution of the various types of organisms estimated by both softwares 
MOVIES+ and LSSS are well coherent and the fluid bent cylinder part of it is in good 
accordance with the biological sampling observations.  

The estimated average length distribution of euphausiids found by LSSS is only 2 – 3 
mm larger than what is found in the catches, and the standard deviation of the estimated 
length is of comparable size to the shallow catch. The variation found in transects with 
different speed and pulse-duration is the range of 2 – 3 mm, so the general impression of 
the inversion is reasonable. Note that there is one column in Fig. 3 that shows krill-length 
of 55 mm (57 mm for MOVIES+). This could be explained by the mesopelagic shrimp 
Pasiphea sivado (average length 63.8 mm) which can be modelled using the same model 
as for euphausiids. However, similar results were found when the initial length vector was 
different: there was always some krill at the largest length from both LSSS and 
MOVIES+. The last column may therefore be an artefact of the algorithm. 

The high contribution of the smallest size class obtained with MOVIES+ is surprising, 
particularly when comparing to the LSSS results. In the catches the length class 11 to 16 
mm was represented and perhaps underestimated with a tool dedicated to the krill. But the 

Fig. 3. Size distribution estimated for the part of the detection classified as “Fluid bent cylinder”. 
Layer: 20 – 50 m. M is the maximum residual error from the inversion to accept the solution. In 
c), the result from LSSS with M=0.5 is masked by a threshold of –85dB at 38 kHz. 
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level of the first class may however be interpreted as an artefact of the algorithm or a 
border effect, this class concentrating abundances in the smallest possible class; the 
processing may have distributed these abundances over smaller size classes if they had 
been available. The central part of the distribution (14 to 36 mm) is in reasonable 
accordance with the biologic samples of the shallow krill trawl. The large size class could 
be explained by the presence of large mesopelagic shrimps; it may be also another border 
effect, but anyway it indicates the necessity to include a large size class in the modelled 
population in order to meet a good approximation between the MVBS caused by this 
population and the measurements. Although the results are comparable between LSSS and 
MOVIES+ are comparable, there are some differences. These may be explained by the 
pre-processing of data done by LSSS, but not by MOVIES+. Another difference is that 
MOVIES+ a minimum signal threshold of –120 dB at all frequencies to use the data in the 
inversion. The data below the threshold at any frequency appear as white in Fig. 2d. The 
use of a threshold at one frequency, 38 kHz, in Fig 3c) is the LSSS inversion result closest 
to the MOVIES+ inversion. 
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Fish size distribution from multifrequency acoustic data 
 

Marek Moszynski, Egil Ona 
 

Abstract: The problem of reconstructing fish size distribution from acoustic data 
requires making certain ad hog assumption as referred to sounded fish species. This 
is due to the fact that the fish morphology influence its acoustic directivity pattern and 
fish behavioural variability changes the statistics of observation.  To overcome some 
of the difficulties the authors propose to use multifrequency collected fish data. When 
having several sets of data the processing could be performed separately and it was 
already shown by the authors that results obtained for particular frequency are 
similar to a certain degree if properly assumed parameters are used. The paper 
propose new algorithm, which solves the set of inverse problems obtained for each 
frequency concurrently as the output of an iteration of applied inverse EMS algorithm 
becomes the input for the next iteration of the same algorithm running for the other 
frequency. The idea is verified on actual data acquired during Lofoten 2004  survey 
on spawning grounds of Atlanitc cod (Gadus morhua) collected on five frequencies 
18kHz, 38kHz, 70kHz, 120kHz and 200kHz.  
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 THE USE OF PASSIVE TECHNIQUES TO EVALUATE A 
SPAWNING AGGREGATION OF MULLOWAY (ARGYROSOMUS 

JAPONICUS) 

Miles Parsonsa, Rob McCauleya, Mike Mackieb  

aCentre for Marine Science and Technology, Curtin University, GPO Box U1987, Perth, 
WA 6845, Australia  
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WA, 6020, Australia 

Miles Parsons, Centre for Marine Science and Technology, Curtin University, GPO Box 
U1987, Perth, WA 6845, Australia, Tel: +61 (8) 9266 7225, Fax: +61 (8) 9266 4799 

Abstract: The sciaenid family contains many soniferous species, often identified by their 
characteristic ‘drumming’ or ‘grunting’ vocalisations.  Several of these species aggregate 
over successive years in predictable estuarine and marine locations.  The delimiting of 
aggregation areas of soniferous fish such as mulloway (Argyrosomus japonicus) can be 
determined by means of passive acoustic arrays and a signal arrival-time technique.  
Reported abundance of mulloway egg and larva distribution in previous years has 
suggested the presence of a recurring spawning aggregation in Mosman Bay on the Swan 
River, Perth, Western Australia.  Nocturnal hydrophone recordings from an array situated 
around the bay were analysed spectrographically, compared with ambient sound pressure 
levels during non reproductive seasons and analysed for correlations with temporal 
presence of mulloway eggs and larva, and recreational catch data.  Extraction of ambient 
noise assisted in determining frequency and maximum sound pressure levels of individual 
callers, indicating that passive hydro-acoustic techniques can provide reliable data for the 
quantification of several temporal, spatial and abundance characteristics of soniferous 
fish spawning aggregations. 

Keywords: Vocalisation, passive acoustics, localisation, 
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1. INTRODUCTION  

Underwater communication by fish through visual cues, though common in tropical 
climes is greatly constrained in areas of high turbidity or low light levels.  In areas or 
periods where visual communication is unfeasible, several species of fish employ methods 
of acoustic communication.  Sound production by fishes has been categorised into several 
functions [1], one of which is its use in reproductive behaviour.  Several species use sound 
production to increase a ‘catchment area’ of a spawning aggregation, in order to attract 
more fish.  One method of sound production used by mulloway (Argyrosomus japonicus) 
is the vibration of the swimbladder using longitudinal sonific muscles, typical of members 
of the sciaenid family (a particularly vocal group of fish).   

 
Previous studies [2,3] have shown the presence of vocal, spawning mulloway in 

Mosman Bay on the Swan River estuary, Perth, Western Australia.  Vocalisations from 
mulloway have been recorded over several seasons as fish return each summer to spawn.  
Individual signals from the fish have been shown to be discernible from other calls and 
biological/anthropogenic noise facilitating more in depth studies of individual behavioural 
characteristics throughout a spawning period. 

  
Recently techniques have been employed to locate aggregations of fish from their vocal 

behaviour [4], however, little research has been conducted to locate and monitor 
individual fish within an aggregation. Three-dimensional location of fish using passive 
acoustic tracking has rarely been reported, due largely to the requirement of a sufficiently 
large hydrophone vertical separation [4].  Within a rigid array, containing two 
hydrophones located in the horizontal plane and a third offset in the vertical plane, it is 
possible to locate a sound from arrival time differences.  The system can be calibrated for 
distant arrival times by the creation of an acoustic source at a known location [4], 
preferably from within the array dimensions.  From this the acoustic properties of the area 
(such as attenuation and spreading losses) can be calculated.  Thus the deployment of 
hydrophones and passive recording of fish vocalisations provides non-invasive (as 
opposed to induced avoidance behaviour created by vessel presence), behaviourally 
unbiased, comprehensive coverage of an aggregation site.  One objective of this research 
is to identify and analyse the behaviour of individuals within the aggregation and their 
interaction, if any, between each other. 

2. METHODOLGY  

Anecdotal evidence from recreational fishermen shows A. japonicus are present in 
several areas of the Swan and Canning Rivers.  This research focuses on the ‘Coombes’ 
area of the Mosman Bay, Swan River where the banks descend rapidly to a 19 m channel 
comprising sand/silt substrate with numerous artificial reefs and several depressions, some 
of which reach 22 m depth. Figure 1 displays the Coombes area of Mosman Bay within 
the estuary as well as the location of an array of hydrophones, and a time synchronisation 
device. Four omni-directional HTI hydrophones were deployed on the evenings of the 
13th and 15th February, 2007 at locations and depths shown in Figure 1.  Two 
hydrophones moored on the riverbed were fastened to sea noise loggers (Figure 1, points 1 
and 2 respectively) designed and produced by the Centre 
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Fig.1: A map of the Swan River, Western Australia, including an outline of the study 
area bounded by an array of four hydrophones deployed on February 13th, 2007. 

 
for Marine Science and Technology (CMST), Curtin University, recording for twenty five 
minutes of every half hour, from 7:00pm to 12:00am, at a sample frequency of 2500 kHz.  
The remaining two hydrophones (points 3 and 4) were attached to D8 and D100 Sony 
Digital Audio Tape (DAT) recorders and submerged of 1 m below moored vessels, at a 
sample frequency of 32 kHz.  At 1 m distance east from the southern hydrophone and 
depth of 3 m a time synchronisation device (bulb implosion) was activated several times 
during the recording period to generate signals over all required frequencies to 
synchronise time on all four hydrophones.  The array bounded an area of approximately 
20,000 m2, small enough to ensure detection of signals from within the hydrophones. 

 
Recordings from the DAT systems were transferred to digital files by a DP430-FFT 

Analyser (Data Physics Corporation).  Both sets of data from loggers and DAT recorders 
were resampled and data processed using Matlab programs developed at the CMST.  High 
(1000 Hz) and low (50 Hz) pass filters were applied to the data to limit noise effects of 
hydrophone movement and shrimp.  Operators noted significant vessel movement of the 
night of the 15th and to a lesser extent on the 13th February.  Correlation of calls were 
conducted by taking leading edge sample numbers of the implosion signal recorded by 
each hydrophone, correcting for travel time, and assessing arrival times of the leading 
edge of each recorded call. Estimated locations for each call were then calculated using a 
hyperbolic difference program.  As yet the four hydrophones are uncalibrated and 
therefore recorded sound pressure levels remain only relative within each recording. 

3. RESULTS  

Aural examination of recordings suggests the data comprises predominantly mulloway 
calls and to a minor extent noise attributed to shrimp clicks and vessel machinery.  Initial 
processing illustrated that during periods of calling where the presence of vocalising 
individuals was less prevalent, signals could be distinguished by all four hydrophones.  
Figure 2 illustrates a call thought to be preparatory to spawning [2], as recorded by each of 
the four hydrophones. It highlights the intensity of the call relative to background noise as 
well as the effects of ray multi-paths.  

 
Figure 3 displays a spectrogram and waveform for a bulb implosion and successive 

mulloway calls detected by each of the four hydrophones.  Signal 1 represents the detected 
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Fig.2:  Voltage amplitude waveforms of a mulloway call produced from hydrophone 

recordings as per locations shown in Figure 1.  Images display variations due to multiple 
ray paths.  

 
voltage amplitude after the bulb implosion has occurred.  The remaining selected signals 
are detected mulloway calls generalised into two of four categories [2].  Signals 2, 4, 5, 6, 
7, 8, and 11 are of one call type while 3, 9 and 10 are of another.  Initial examination of 
relative intensities inferred that calls 2, 5, 8 and 11 originated from roughly the same 
location and inspection of waveforms suggested the same source.  Analysis of call power 
spectral density, linked to swimbladder volume [2], correlated with this inference.  Calls 3 
and 9 also appeared to originate from the same position. However, call 10, although of the 
same call type comprised larger voltage amplitude at the vessel hydrophones, implying a 
more southerly location.  Also displayed in Figure 3 are areas where signal to noise ratios 
for one or more of the hydrophones drastically reduced the accuracy of detecting the 
sample number for the signal leading edge.  This limits the ability to locate the call from 3 
dimensions to 2.  It should be noted that a fifth hydrophone remains within Mosman Bay, 
due for retrieval in May 2007.  This hydrophone will supplement redundancy to many 
localisations and support calls where a signal leading edge in one recording is 
indeterminable. 

 
The 10 example calls described above are displayed in Figure 4 in a 2 dimensional map 

of the Coombes water front.  This illustrates how CMST localisation programs confirmed 
groupings of calls to specific areas and to a degree that the callers remain stationary while 
vocalising.  Calls 2, 5, 8 and 11 have all been located together.  The program also 
illustrates that most detected signals were located in the deeper regions of the river.  
Examination of successive calls after the implosion revealed that many of the callers, 
particularly of the preparatory call remained stationary.  However, many other calls were 
individual, possibly from a moving source, requiring further investigation.  There are also 
periods of calls where a signal leading edge is indeterminable from the decay of a previous 
call and so localisation of such signals requires far greater investigation. 

 
There are also several factors, both permanent and variable which affect the localisation 

from these datasets and need to be addressed.  GPS accuracy, mooring drift on deployment 
and redundancy are all contributing factors to confidence levels in location of individual 
call origins, although they are permanent offsets from start to finish of a recording session 
and would not affect the relative location of consecutive calls.  In contrast vessel 
movement due to wind and current are variable factors throughout the session, though it is 
noted that variations were less than 2 m.  When considering relative displacement between 
call sources, these variable factors do not affect the ability to distinguish between callers. 
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Fig.3:  Spectrograms and waveforms from hydrophone recordings, displaying time 
synchronised signals from an implosion and ten highlighted mulloway calls.  

 
The effect of sample number when detecting the leading edge of a signal, however, has a 
more significant result on the calculated location of a call.  In addition the program located 
calls at depths of greater than 24 m, below the estimated riverbed depth.  Although these 
calls are expected to originate from the river bed, clarification is required at the locations 
to determine if there is a minor depression or an issue with data processing.  Call 6 is an 
example of detected calls in which relative voltage amplitude suggest one location (based 
on an assumption that fish vocalise at similar intensities, while time arrival derived a 
different location. 
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Fig.4: Map of the mulloway calls, linked to waveforms shown in Figure 2. 

4. CONCLUSIONS 

Though ray multi-paths affect recorded voltage amplitude at different receivers it is still 
possible to predominantly determine the leading edge of a signal over noise.  Localisation 
of individual calls during periods of relatively sparse calling has been conducted in the 
Coombes region of Mosman Bay.  Individuals have been detected as relatively stationary 
to within a metre while vocalising, however, issues remain in the processing of acquired 
acoustic data affecting accuracy of source positions.  While localisation programs identify 
calls in deeper areas of the channel, this is contrary to where fishermen believe ideal 
fishing spots to be.  Additional analysis will determine if fish appear later in the spawning 
cycle at fishing locations, those caught by fishermen are not vocal fish, or if processing 
errors are incorrectly locating individuals outside this region.  Signals have also been 
detected (example call 6) where relative voltage amplitudes suggest a different location 
from localisation programs.  Analysis is required to confirm whether processing or sound 
pressure level assumptions are incorrect. 
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Abstract: Knowledge and detailed mapping of benthic habitats is a key tool for the 
development of strategies for coastal ecosystem management. However, existing methods 
do not exploit the current capabilities of direct observation methodologies and/or they are 
used as a “black box” where the user can not inspect and modify the statistical and 
computational protocols used. 
 
We present the development of an open protocol for marine habitat classification, from the 
field techniques and sampling details to large data manipulation techniques and statistical 
data analyses. The system is designed to be operated from small boats using different 
echosounders with a resulting low cost. Computing and statistical methods will be made 
open and free to allow for the posterior use, modification and improvement by other 
researchers. 
 
Raw data from a scientific hydroacoustic sounder are used to extract energy values 
corresponding to seabed sections for the first echo at 38 and 200 KHz and the second 
echo at 38 KHz. These energy values are corrected to eliminate the pitch and roll effect 
from the boat, the transmission loss, and the depth adjustment (time and power 
adjustment) and each of these corrected sections is used as a variable to be treated 
through multivariate analysis to cluster data according to acoustic diversity. Spatial 
coherence algorithms will be subsequently applied. These results are verified though 
ground truthing using direct observation by divers and underwater robots and sampling.. 

Keywords: benthic habitat classification, depth correction, time adjustment, power 
adjustment. 
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INTRODUCTION  

 
Knowledge of benthic habitats plays a key role in the establishment of strategies for 
sustainable exploitation of marine resources (Botsford et al. 1997, Vallega 1999). Acoustic 
surveys have been widely used in seabed classification studies (Brown et al. 2002, Caddell 
1998, Greenstreet et al. 1997, Legendre et al. 2002; Tuck et al. 1998), but a unified and 
standardized methodology has not been developed.  
 
The most important obstacle that needs to be faced when trying to develop a protocol 
independent of an specific commercial product and company is to recover the raw data 
recorded by the echo-sounder and their transformation in order to standardize them before 
being used as an input for the statistical analyses.  
 
Although the literature on benthic habitat classification is extensive, most of the studies 
performed were linked to the use of commercial packages such as RoxAnn or QTC, that 
function as “black boxes”, giving out little information on what algorithms and procedures 
the units are carrying out to identify habitat types. Generally, the information about 
procedures is not made public by companies and it is usually protected by patents  
 
During the last years, these data transformations have been discussed in conferences and 
other forums, and authors as Clarke, P.A. & Hamilton, L.J., 1999 or E. Pouliquen, 2004 
have provided some advances on the subject. These studies have been the starting point 
for the protocol described in this work. 

1. FIELD WORK 
 
Field work was designed to be carried out with a minimum of infrastructure and logistics. 
The echo-sounder EA400P from Simrad was selected due to its portability, which means 
an important advantage compared to other echo-sounders that require large installations. 
 
In the future, it is our aim to reduce even further the size of the echo-sounder and both 
time and effort of installation, considering the use of homemade transducers designed in 
collaboration with the team of the Department of Applied Physics at the University 
Polytechnic of Valencia, which would dramatically decrease the operational costs. 
 

2. ACOUSTIC DATA 
 
Scientific echo-sounders record continuous backscatter signals from the sent ping through 
their transducers. These signals are discretized by the echo-sounder before being recorded, 
integrating the energy values at certain known time intervals (constant or variable, 
depending on the echo-sounder). Each energy value represents a portion of the sampled 
water column. These “portions” (or combinations of them) could be as variables used as 
input for statistical analyses directed to identify homogeneous habitat types (in terms of 
acoustic signature) to aggregate the seabed in n-groups of benthic habitats present in the 
studied area. 
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These discrete data (energy values) are stored in raw files together with the settings used 
in the recording. The EA400P echo-sounder produces a second type of file (out) that 
stores GPS position and bottom depth for each ping. The software designed for this work, 
uses the raw and out files as an input, extracting energy values. 
 
The shape and power of the returned signal can change significantly with depth, even if 
the bottom type remains the same (Hamilton, 2001). To use these energy values as input 
for the statistical analysis it is necessary to normalize them, in such a way that we could 
assume that same benthic habitats are represented by the same acoustic signatures (energy 
values), independently of their depth.  In this way, the final statistical analysis will analyze 
the data with no regards to the effects of depth and travelling characteristics of the wave. 
 

3. ACOUSTIC CORRECTIONS 
 
The software developed applies a series of algorithms to standardize energy values  
correcting the effect of depth. In this sense, two kinds of energy loss have to be taken into 
account: the loss that occurs during the travel through seawater and the loss that occurs in 
the insonification of the sea bottom. 

3.1. TRAVEL CORRECTION 
 
The losses occurred during travel through seawater are due to the effects of spreading and 
attenuation. 
 
Spreading loss is a geometrical effect representing the regular weakening of a sound signal 
as it spreads outward from the source (Urick, 1983). Since the sound wave travels as a 
spherical wave, the spreading loss is explained by equation 1 and corrected by equation 2: 
 

2

2
00

r
ri

ir =  (1)

 
where ir is the intensity of the wave’s surface when the radio of the wave is r, and i0 is the 
intensity of the wave’s surface when the radio of the wave is r0.   
 

rTL log20=  
(2)

 
where TL is the transmission loss, i.e. loss due to spreading, and r is the radio of the 
wave. 
 
The loss by attenuation involves a process of conversion of acoustic energy into heat, due 
to viscous losses and losses due to molecular relaxation of certain compounds. 
 
Several equations had been described to calculate the absorption coefficient α (Shulkin 
and Marsh, 1963; Fisher and Simmons, 1977; Francois and Garrison, 1982), being the 
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method proposed by Fisher & Simmons (1982) the more widely accepted due to its 
precision. In 1998, Ainslie and McColm published a simplification (eq. 3) of Francois & 
Garrison’s equation, which facilitates notably its application without losing precision.  
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Where f is the wave frequency, pH is the pH of the seawater, T is the temperature in 
Celsius degrees, S is the salinity in ‰ and z is the depth in meters.  
 
Process, absorption and spreading loss have been widely studied, and their correction is 
implemented by all the software packages with small variations. Their correction consists 
in the adding of a depth dependent factor called “transmission loss” (eq. 6) to the original 
energy values. 
 

rrTL α2log20 +=  
(6)

 

3.2. DEPTH CORRECTION 
 
The geometry of the wave when it arrives to the bottom causes a dilatation/compression of 
the ping signal that is a function of the depth. So to have normalized energy values it is 
necessary to carry out some additional corrections. 
 
This problem was tackled theoretically by some authors in the past (Clarke, P.A. & 
Hamilton, L.J., 1999 and E. Pouliquen, 2004) but its real application is yet unpublished. 
These authors propose to adjust all energy values to a reference depth through time and 
power adjustments. 

 
TIME ADJUSTMENT 

 
The returns from a particular bottom type are expanded (dilated) along the time axis for a 
deeper bottom, and compressed in time for a shallower bottom, so that returns from the 
same bottom sediment type lying at different depths do not have the same shape. This 
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occurs because signals are sampled or digitised at equal time intervals rather than at equal 
angles (Caughey et al 1994 in L. J. Hamilton, 2001). 
 
This could be better understood through the following example. Consider two points in the 
ocean with the same type of bottom, one 7 m deep and the other 10 m deep. If we forget 
for a moment the differences in the time spent by both waves to arrive to the bottom, we 
can start our calculations on the moment the wave touches the ground.  
 
The longer the distance travelled by the wave, the larger of its frontal spherical diameter, 
and this involves a longer time for the wave to completely insonify the footprint area. This 
longer time is due to the longer distance the wave travels from the moment it penetrates in 
its full width at a certain point of the bottom (the central spot) to the moment it penetrates 
the full footprint area (δr2>δr1) (fig. 1). 
  
 

 
 
Fig.1: Two different depths with the same insonified angle (figure based in Clarke and Hamilton ,2001). 

Due to this process, the amount of reflected energy in each of the bottoms is different. In 
the shallowest bottom the energy reflected is distributed during a time t1, while in the 
deepest one the energy is dilated, reflecting during a time t2 (t2> t1). 
 
By integrating portions of this backscatter functions an error is included because the same 
portion in the function does not represent the same section of the bottom. To correct this 
effect it is necessary to adjust the time to a reference time following equation 7. This 
adjustment is applied in the power correction process that is explained below.  
 
 

d
tdtt 0' ==

γ
 (7)

 
where t’ is the adjusted time, γ is the time adjustment factor, t is the time at depth d, and 
d0 is the reference depth.  

 
 
POWER ADJUSTMENT 
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When the acoustic wave touches the sea bottom, a portion of the wave energy is 
backscattered and goes up being received at the hydrophone, this energy received can be 
calculated using the D.Cato et al. 1995 (in Hamilton, 2001) equation (eq. 8). 
 

ASdSLRL b log10log40 ++−=  
(8)

 
Where RL is the energy flux from the actual seafloor in dB (J/m2), SL the source level 
energy of the echo sounder in dB (J/sr), d is the actual seafloor depth in m, Sb is the 
boundary scattering strength in dB, and A is the area of the insonified section of seafloor 
at the actual seafloor depth in m2 (A=πd2.tanα)  
 
RL’ (energy flux from the reference depth) could be obtained replacing the depth with the 
reference depth. Combining both elements (RL and RL’) and transforming to the power 
(into in count the time adjustment), we obtain the equation that defines the power 
adjustment needed (the intermediate steps can be obtained from Clarke and Hamilton, 
1999) : 
 

R
d
dR

3

0

' ⎟⎟
⎠

⎞
⎜⎜
⎝

⎛
=  (9)

 
where R’ is the adjustment received power, R is the actual received power, d is the depth 
and d0 is the reference depth. 
 
Since the power adjustment takes into account the spreading, only the second factor can be 
added, but not the TL (eq. 6). So, the final correction that we need to apply to energy 
values is the following: 
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Where R’ is the energy value corrected for the depth effect in dB, R is the energy value 
decompressed in dB, r0 is the reference depth, r is the depth and α is the absorption 
(Equation Ainslie and McColm,1998).  
 
A software package for the transformation of the raw acoustic data according to the above 
descriptions and corrections has been developed by the Grupo de Recursos Marinos y 
Pesquerías de la Universidad de A Coruña and the company EnLared SL. 
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Abstract: In this paper textural parameters resulted from grey level co-occurrence matrices 
(GLCMs), first order statistics and Fourier power spectrum techniques are used to develop 
an adaptive and simple to use, texel based classification method for sidescan sonar imagery. 
Sonar imagery contains textures with no distinct acoustic signatures that moreover vary in 
space due to many reasons. In addition, GLCM statistics, that are the most capable among 
the texture analysis techniques, require several parameters to be set a priori as inputs (offset, 
no of directions, window sizing e.t.c.). The above mentioned facts turn feature calibration and 
selection processes into issues of great complicity and importance towards the development 
of a valid classification system. In the present study a methodological scheme according to 
which variables to be used for classification are chosen between the others through an 
automated process, is suggested. Throughout this process all possible combinations between 
the -n- features extracted from the training regions are tested against their ability to 
discriminate the ground-truthed sea bottom classes and then the one with the maximum 
discrimination power is chosen. Among the possible combinations, GLCM statistics extracted 
for different input parameters and treatments are also taken into consideration. A simple 
nearest neighbour classifier is used to evaluate the ability of the method to provide optimal 
categorization between the classes. Various tests are performed to investigate the influence of 
each input change to the final results. Feature extraction, calibration, training, and 
visualization processes are feasible thanks to a convenient and functional toolbox that was 
constructed in MATLAB. A set of artificial textures is used to validate the method, which is 
then applied to digital sidescan sonar images collected by the Laboratory of Marine Geology 
and Physical Oceanography, Department of Geology, University of Patras, during small 
scale surveys. 

Keywords: Sidescan sonar, texture analysis, classification  
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1. INTRODUCTION 

Sidescan sonar has been an important tool for seafloor survey over the past few decades. 
Due to the highly textured appearance of sonar images, texture analysis techniques become 
natural choices for sidescan sonar image analysis. Grey level cooccurrence matrices 
(GLCMs) and Fourier Transform approaches are among the methodologies that have mostly 
been used for textural analysis and image classification.  Statistics over GLCMs are very 
powerful texture descriptors but they need a sufficient amount of input parameters to be 
specified a priori, via calibration. In works of Ph. Blondel et.al these parameters are specified 
by performing repeated tests until optimal separation between textural units is observed [1,2], 
while R.Jobanputra et. al. and V.M.Babovic et.al. have arbitrarily set standard values [3,4]. 
G.Y. Ojeda et.al extracted various image description features using both textural and grey 
level first order statistical parameters and investigated their ability to differentiate classes by 
plotting diagrams between most of the feature combinations [5]. G.R. Cochrane et.al. realised 
that a satisfactory separation between the sea bottom classes was produced by combining 
GLCM homogeneity or entropy with grey level [6]. Xiaoou Tang et.al. proved that Fourier 
Transform magnitudes contain enough texture information, if the right feature extraction 
algorithm is used, and R. C. Gonzalez presented functional algorithms to extract valid Fourier 
texture descriptors [7].  

In this study we have proceeded to three innovations: 1) grey level first order (tonal), 
second order (textural) and Fourier transform methodologies were all together used to extract 
a variety of image description features, 2) optimal feature selection is ensured through a 
computerized process that tests the discrimination ability of all the possible combinations 
between the features and 3) numerous GLCM input parameters are used to produce different 
feature values and the optimal ones are selected via innovation no 2. Tests upon artificial 
textures and case studies showed that the proposed methodological scheme provides optimal 
separation between bottom classes and thus reliable classification seafloor maps can be 
produced.  

2. METHODOLOGY 

The process of pattern recognition in the context of the present study involves three 
important stages: feature extraction, feature selection and classification. The only necessity 
for the implementation of these stages is a set of sidescan sonar image sample data with 
known classes. An automated optimization procedure is followed to distinguish combinations 
of features that provide the best categorization of classes according to the sampling regions. 
The same sample data set is employed to train a classifier which is then used to characterize 
the sidescan sonar imagery. All the procedures concerning this study are programmed 
through efficient functions in MATLAB and a useful toolbox is constructed. The method is 
successfully validated in the basis of applications to artificial textures and real sidescan sonar 
imagery. 

2.1. STAGE 1: FEATURE EXTRACTION 

In accordance with the literature three main methodologies of extracting image features 
are the most common: first order (or tonal) statistics, second order (or texture) statistics and 
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Fourier spectrum statistics. First order statistics provide information related to the grey level 
histogram of an image and give clues about its reflectivity characteristics. Though many of 
them lack reliability due to post processing and mosaicing of sidescan sonar imagery that 
often adjust the raw backscatter responses in the sake of visual uniformity. GLCMs (Grey 
Level Cooccurrence matrices) are the most efficient among the second order grey level 
statistics. They provide clear view of the image’s textural characteristics through a number of 
statistical properties but they need lots of properties to be specified before being used 
(neighbouring pixels distance -d-, number of analyzed directions -θ-, treatment of these 
directions, window sizing and number of nuances used). The choice of these properties is a 
very important and delicate subject that usually takes place by means of extensive tests 
[1,2,5] that are done manually and may downgrade the reliability of the method. Fourier 
features are mainly extracted by power spectrum approaches [7]. Power spectrum is difficult 
to interpret straight forward, but some texture properties such as directionality and spacing of 
the texture’s single elements are pretty obvious to obtain. 

First order statistics considered in this study are the grey value mean, standard deviation 
and kurtosis. Kurtosis is the only parameter that can be considered invariant to tonal and 
contrast variations in the sidescan sonar records. Using grey mean and standard deviation for 
sidescan sonar image classification purposes is insecure even though they give good results 
when they are used to other kind of imagery that do not suffer from tonal spatial variability. 
The set of parameters to be extracted are supplemented by the 3rd order invariant moment that 
was first introduced by Hu M.K (1962) [7,8]. This feature is extracted via central moments 
calculations and is considered invariant to translation, rotation and scale changes of the image. 

 Calculated GLCM (Grey Level Cooccurrence Matrix) statistics include contrast, 
correlation, energy, entropy and homogeneity. The cooccurrence P(I,j,d,θ) for an image is a 
function that expresses the relative frequency of pairs of pixels with grey values i and j, and 
at distance d along angular direction θ. Some researchers have shown that all known visually 
distinct texture pairs can be discriminated using the above method [9]. Essentially, the 
cooccurrence matrix becomes a two-dimensional histogram of the number of times a pair of 
intensity values (i.e. grey levels) occur a certain distance, d, away with the specified angle, θ. 
Texture is described by extracting a number of textural features from the image. The texture 
feature extraction method introduced by Haralick [10] has been proven to be one of the best 
in overall performance. We use only the 5 more popular features out of the 12 that Haralick 
introduced. An analytical description of the GLCMs texture analysis method can be found in 
[4]. In our study we used symmetrical and normalized (matrix elements refers to joint 
probability densities) cooccurrence matrices. The number of nuances to be analyzed (equals 
the dimensions of the GLCM) is set to sixty-four, in order to economise computational time. 
Averaging the GLCMs by using four angular directions (0o,45o,90o and 135o) is an 
established method to ensure insensitivity to pattern rotation [1,4]. In our study a new 
approach is developed, according to which more angular directions are analyzed and 
maximum statistical values of the θ directions are recorded apart from the averages. These 
treatments of angular directions will be referred in the text as “max θ” and “average θ” 
treatments.  We will mobilize only 4 and 8 angular directions in this work and their 
maximum statistical properties as well as their average ones will be compared.  

 Power spectrum features used in this study are the “Directionality” and the “Texture 
spacing”. The extraction of these features that show how directional the texture is and which 
is the spacing between single texture elements, was considered essential because first and 
second order statistics are unable to provide such information. Their development is based on 
"Digital Image Processing" book by Rafael C. Gonzalez et.al. pages: 511-514 [7]. Briefly, for 
their calculation the power spectrum of an image was sliced actinically along 30 directions 
and suitable calculations using simple statistics provided the features. 
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 Code Variable Description Formula 

Cn Contrast 
(Momentum) 

A measure of the intensity contrast 
between a pixel and its neighbor. Low 
values results from uniform grey level 
images while high values results from 
images with lots of local variations. 

2

,
( , )
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i j p i j−∑  

Cr Correlation 

A measure of how correlated a pixel is to 
its neighbor. High correlations results from 

images with significantly periodic 
textures.  
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Er 
Energy 
(second 

momentum) 

The sum of squared elements in the 
GLCM. Images with uniform grey level 

produce the highest values 

2

,
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i j
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Et Entropy 
It is a measure of the randomness of the 

image texture (lack of spatial 
organization).  
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(for p(i,j)≠0) 
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Hm Homogeneity 
A measure of the amount of the image’s 
local similarities. It is high for smooth 
sediments and low for rough targets.  

2

,

( , )
1i j

p i j
i j+ −∑  

Mn Mean The mean of the grey values inside the 
image 

Sd Standard 
deviation 

The standard deviation of the grey.  
Images with high grey contrast will have 

greater values. 

Kt Gray Kurtosis 

The Kurtosis of the grey values. Images 
that have grey probability distributions 
significantly different than the normal, 

result to higher values.   

Simple first order 
statistics 

G
R

A
Y

 S
T

A
T

IS
T
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Im 
3rd order 
Invariant 
moment 

A measure based on central moments, that 
is invariant to translation, rotation and 

scale changes of the image. 

R. C. Gonzalez,R. E. 
Woods "Digital Image 
Processing", pages 514
-517.  

Dr Directionality 

An estimation of the texture’s tendency to 
be directionally regulated or not. Images 

consisted of parallel linear elements 
produce high directionalities.  

max( ) ( )
( )

MF min MF
std F
ϑ ϑ−

2D
 F

FT
 

Ts Texture 
spacing 

A measure of the distance that distinct 
textural elements tend to have between 

them in the image. 
maxima ( )MFd  

F:       2D FFT spectrum 
MFθ:  An array consisting of the mean values of the 

image’s    2D FFT spectrum across 30 
directions (0o-180o) 

MFd: An array produced by averaging  values lying 
on ‘n/2’ concentric circles starting from the 
spectrum’s center, where ‘n’ is the length of 
the 2D spectrum (in pixels). 

pij :        Element with coordinates i,j of the image’s     
normalized cooccurrence matrix 

μi: ,i j
i j

i p∑ ∑  

μj:  ,i j
j i

j p∑ ∑  

σi:  
2

,( )i i j
i j

i pμ−∑ ∑  

σj: 2
,( )j i j

j i
j pμ−∑ ∑  

Table 1: Variables produced by the feature extraction process, their brief description and their 
formulas. 
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Table 1 contains all the available features that are used in the present study, accompanied 
by their brief descriptions and formulas. Feature extraction stage is achieved through a 
functional and adaptive toolbox constructed in MATLAB that implement the functions and 
definitions provided by the available literature. 

2.2. STAGE 2: FEATURE SELECTION 

Using a large amount of features for classification purposes is not always efficient as some 
of them may be correlated or may reduce the discrimination of the classes within the features’ 
space. Thus, careful selection of the features is always important to optimize the classifier’s 
efficiency. The methodology followed in this study involves 4 stages: 1) collection of image 
samples for each class, 2) feature extraction from the samples, including GLCM statistics 
estimated for a variety of d and θ values and for both ‘max’ and ‘average’ ‘θ treatments’ (see 
paragraph 2.1.), 3) estimation of the discrimination power for all the possible combinations 
(not only per two) between the n features and finally 4) selection of the combination that 
provides the highest discrimination power score. The motivations for this methodological 
approach is that as far as we know the d and θ values are selected either arbitrarily by setting 
d = 1 pixel and θ = 4 angular directions, or by performing protracted manual tests to specify 
the best combination. When dealing with a large amount of features, possible combinations 
between them are too many to be tested out manually. For example the possible combinations 
between 8 features are 255 and between 11 variables are 2047. Notwithstanding, finding out 
the features that provides the best between classes discrimination is vital for the optimization 
of the classification process. Consequently, in this paper, an innovative computational 
procedure is employed that automatically tests all the possible combinations between the n 
features for categorization of classes and then the combination providing the higher score is 
considered as the most proper for the classification process. Matlab codes have also been 
created for the execution of this methodological stage.  

Discrimination power, as considered in this work, is provided by cluster silhouette values 
[11]. The silhouette value for each point is a measure of how similar that point is to points in 
its own cluster compared to points in other clusters, and ranges from -1 to +1. It is defined as: 

(min( ) )
max( ,min( ))

b aS a b
−=  

Where “a” is the average Euclidean distance from the current point to the other points in its 
cluster and “b” is the average Euclidean distance from the current point to points in the other 
clusters. The distance between two clusters is a common measurement in determining cluster 
seperability [3]. Discrimination powers are calculated for the standardized variable vectors of 
the samples, in order to ignore the effect of using units with different ranges. 

2.3. STAGE 3: CLASSIFICATION 

At this point we have extracted GLCM, first order and Fourier statistical features from the 
sample data set and we have concluded in which features we will use to provide optimal 
categorization between classes. Having ensured that the mean Euclidean distances between 
the classes are maximized, the use of a simple classifier based on the same kind of distances 
should work well. We have chosen the “Nearest Neighbour” classifier due to its simplicity 
and recognition over the scientific community [12, 13]. Nearest Neighbour classifies the data 
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into groups, based on the grouping of Training samples in a way that each sample is assigned 
to the group containing the closest Training samples.  

The training of the classifier is done by using the matrix created though the “feature 
selection” methodological stage, which consists of the selected features extracted for each 
sample region, accompanied by its class name. Features standardization is common when 
classification purposes are concerned, because different units between variables may cause 
exaggerated distances between samples into Euclidean space. However, decision boundaries 
produced by the classifier for the standardized variables do not agree with the raw – non 
standardized feature ranges of the images to be classified. Consequently, a reverse 
standardization process is applied to the decision boundaries as to agree with the raw feature 
space coordinates. 

The sidescan sonar image is divided into either distinct or sliding windows (sub-regions - 
texels), and each one of these windows is classified according to the decision rules created by 
the classifier. A MATLAB function takes over the extraction of the image windows. If 
sliding windows is decided, a number that corresponds to the overlapping pixels between 
neighbouring windows has to be specified. Thus, if an image with dimensions 900x600 pixels 
is texel-based classified using a window size equal to 150x150 pixels, and the overlapping 
number of pixels is set to 50x50 pixels, the final product will consist of 9x6 texels and each 
texel will correspond to 100x100 pixels, although the features will be calculated for windows 
with dimensions 150x150 pixels. Hence, using sliding windows keeps the resolution of the 
classification image to high level, no matter how big image windows are required to ensure 
that texture characteristics will be fully developed within the analyzed region. Finally, in our 
case, windows that consist of more than 50 % white or black areas are considered as ‘no data’ 
areas and are excluded from the analysis. In this way the developed program does not bother 
to analyze and classify peripheral boxes or empty areas, economising computational time. 

3. RESULTS 

Three cases were used to test and validate the proposed methodology: 1) a set of random 
artificial textures, 2) a sidescan sonar image consisting of a trawl marked area and an area 
with undisturbed sand and 3) a more complex sidescan sonar mosaic containing 4 classes: a) 
a slide face, b) sand, c) rocks and big slided blocks and d) coasts.  

3.1.  CASE 1: ARTIFICIAL TEXTURES 

The artificial textures were mainly used to investigate the adaptability of the method and 
its response to changes to the input parameters d, θ and the θ treatments (max or average, see 
paragraph 2.1.). The set consists of 16 square images of 150x150 pixels sizing each. Four 
random textures have been created and four modifications were applied to each one, 
concerning brightness, contrast and rotation alterations (Fig. 1). Each texture with its 
modifications represents just one class. Our aim is to determine the features that better 
describe each texture, ignoring the applied alterations. Our motivation was that such contrast, 
tonal or rotational changes are very common in sidescan sonar images due to reasons that 
have been reported previously in the text and should not affect the classification results. What 
we seek is features that better discriminate images according to their texture characteristics 
without taking into account the brightness and contrast changes. 

 
 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1258



 

 T 1 T 2 T 3 T 4 

1 

   

2 
   

3 

   

4 

   

Fig.1: 150x150 pixels training samples of the artificial textures (T ), their categorization into 
feature space, and class borders according to the Nearest Neighbour classifier. 

3.1.1. RESULTS FROM “FEATURE SELECTION” STAGE  

A great number of tests have been executed using the artificial textures and a variety of 
window sizes, d and θ values have been applied. Taking under consideration the results from 
all these tests, two features seem to better categorize the feature space: 1) GLCM Correlation 
and 2) power spectrum Directionality. The discrimination power for this combination ranges 
from 82.4 to 98.4% depending on the parameters used (Table 2). Plotting the sample points 
into Euclidean space gives a clear view of how well these features differentiate the classes. 
Fig 1 contains a plot of Contrast against Directionality for the case of 150x150 window sizing 
with d=65 pixels, θ=8 angular directions and ‘average θ’ treatment. In this plot decision 
boundaries have been included to show in what way the nearest neighbor classifier partitions 
the feature space.  

 

Sampling  
case 

Sample 
window sizing 

(pix) 

Best 
variables’ 

combination

Discrimina
tion power 

Distance
-d- (pix) 

θ and θ 
treatment 

25x25  Cr,Dr 82,4% 1 Max of 4 θ  
50x50  Cr,Dr 88,8% 1 Max of 4 θ 
75x75  Cr 98,3% 17 Mean of 8 θ 

ARTIFICIAL 
TEXTURES 

150x150  Cr 98,4% 65 Mean of 8 θ  
      

CASE 1 50x50 Et,Dr 98,1% 13 Max of 4 θ 
      

CASE 2 150x150  Cn,Et,Kt 62,3% 17 Mean of 8 θ 

Table2: Results from the “feature selection” stage concerning the “between all classes” 
discrimination power. 
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3.1.2. WINDOW SIZING EFFECTS TO DISCRIMINATION POWERS 

Four window sizes were examined for the artificial textures: 25x25 pixels, 50x50 pixels, 
75x75 pixels and 150x150 pixels. It is obvious that sample window growing, leads to greater 
discrimination powers. Table 2 shows that 25x25 pixels window size provided 82,4% while 
75x75 and 150x150 provided more than 90% discrimination power. Of course the window 
sizes depend on the dimensions of the textures that are analyzed. Though, in general we can 
say that bigger window sizes offer greater discrimination between classes, as textural 
characteristics are more completely developed within each square region.  
 

3.1.3. DISTANCE (d) EFFECTS TO DISCRIMINATION POWER 

The distance -d- parameter is very important for the development of the GLCMs. During 
our tests it has been clear that discrimination ability is considerably varying when -d- value is 
altered. Fig 2 shows how intensely the ability of Correlation feature to discriminate 
TEXTURE 1 from the others is varying with d. The greatest score is achieved for d=64 pixels 
where it approaches 100% discrimination, while there are many d values leading to less than 
20% discrimination powers. This plot is unquestionable evidence that setting arbitrarily d 
value may spoil the classification results and it must be systematically chosen. The results for 
the artificial textures can be seen in Table 2. 

 

Fig 2: GLCM ‘distance’ parameter (d) against the discrimination power of the Correlation 
feature, as produced for the artificial textures (150x150 pixels). 

 

3.1.4. θ AND θ TREATMENT EFFECTS TO DISCRIMINATION POWER 

 about how much 4 or 8 directions affect the discrimination ability of the system. 
Nevertheless, it seems quite certain that using more angular directions produces greater 
discrimination powers when dealing with big sample windows (Table 2). At the same time 
the “max θ” treatment seems to work better when small sample windows are used. In our 
tests it has been clear that in 25x25 and 50x50 pixels sample window sizes, using the max θ 
treatment is the appropriate, while in 75x75 and 150x150 pixels sample window sizes the 
average θ treatment works better. However from the experience that was gained, the 
differences between the discrimination powers for these two θ treatments were obvious but 
not critical. 
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Fig.3: a) Sidescan sonar image of CASE 1  and its training regions (50x50 pixels).”Sa” 

corresponds to undisturbed sand and “TM” to trawl marks. b) Classified image and training 
samples plotted against the selected features. The black curve in the scatter plot is the 

classification boundary. 

3.2. CASE 2: SIDESCAN SONAR RECORD WITH TRAWL MARKS 

The first application of the method to real sidescan sonar data has bben done to the detail 
of a mosaic that belongs to northern Gulf of Patras. The mosaic was built using slant range 
and speed corrected sidescan sonar records so that the pixel aspect ratio does not change 
across the towfish’s flight direction. The analyzed region contains two distinct acoustic types: 
1) undisturbed sand with uniform texture and 2) trawl marked sand with parallel linear 
texture elements. The sample windows size is set to 50x50 pixels and the texel based 
classification is applied to sliding windows of 50x50 pixels with 25x25 pixels overlap. The 
sample regions and images are presented in Figure 3. Grey mean and variance features were 
excluded from the feature extraction stage. The feature selection methodological stage clearly 
revealed that the best discrimination power is provided by GLCM Entropy and power 
spectrum Directionality, using a d value equal to 13 pixels, θ=4 angular directions and ‘max 
θ’ treatment. The θ parameter and the θ treatment are in agreement with the outcome of 
paragraph 3.1.4. . The resulted discrimination power is greater than 98% (Table 2) showing 
that these two features discriminate in a very satisfactory way the two sea bottom classes. Fig 
5 shows the classification results and the scatter plot of the samples along with the 
classification boundary produced by nearest neighbour classifier. Classification results are 
very satisfactory according to visual interpretation of the acoustic types.  

3.3. CASE 3: COMPLEX SIDESCAN SONAR MOSAIC WITH LANDSLIDE 

The second application of the method to real sidescan sonar data is done to a mosaic that 
was created during a small scale survey in Nikoleika bay, Patraikos Gulf, Greece. It is a 
mosaic that contains 4 distinct classes: a) a slide face with a complex texture showing mass 
flow characteristics, b) sand with uniform texture some times affected by the Loyd effect, c) 
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rocks and big slided blocks showing a coarse texture and d) coasts with smooth and 
consistent surface. Each one of these classes has many expressions as far as many regions are 
affected by the Loyd effect or blocks do not have the same density over the mosaic and the 
slide shows o quite complex and varying texture. As a consequence big and representative 
sample windows have to be used as to ensure that textural characteristics for each class can 
be fully described.  

 

 150x150 pixels training areas 
 sa R S C 

1
 

2
 

3
 

 

4
 

 

5   

 

6    

Fig.4: Original sidescan sonar collage and sampling (training) areas (C=Coasts, sa=sand, 
s=slide, R=rocks and blocks),  

 
The 150x150 pixels sample windows considered in this case are presented in Figure 5. The 

texel based classification is applied to sliding windows of 150x150 pixels with 75x75 pixels 
overlap, resulting to a classification map with texels that correspond to 75x75 pixels region 
on the mosaic. Grey mean and variance were excluded from the feature extraction stage. The 
feature selection methodological stage revealed that the best discrimination power is provided 
by three features: 1)GLCM Contrast, 2) GLCM Entropy and 3) grey value Kurtosis. The 
parameters that were proved to suit this case are: d =17 pixels, θ=8 angular directions and 
‘average θ’ treatment. The θ parameter and the θ treatment agree with the outcome of 
paragraph 3.1.4. that concern big window sizes. The resulted discrimination power is greater 
than 62% (Table 2) showing that these three features discriminate in an average way the four 
sea bottom classes. Fig. 5 shows the classification results, the scatter plot of the samples and 
the scatter plot of the texels in combination with the classification boundaries produced by 
the nearest neighbour classifier. Classification results agree with visual interpretation of the 
acoustic types.  
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Fig.5: a) Classified side scan sonar mosaic of CASE 3, b) sample points plotted against the 
features that provide the best between classes discrimination, c) texels plotted against the 

selected features. Black curves in plots correspond to the decision boundaries produced by 
the nearest neighbor classifier. 

4. CONCLUSIONS – FURTHER WORK 

In this paper a fully developed methodological scheme for side scan sonar imagery 
classification that involves three image analysis approaches (first order statistics, GLCMs and 
simple Fourier Transform approaches) supplemented by a computerized GLCM calibration 
and feature selection procedures, is proposed. Feature selection stage has been proved to be 
very important for the optimization of the classification results and should be incorporated in 
the classificator’s training procedure. We introduced a methodology that automatically 
compares all the possible combinations between the features to find the one that provides the 
best seperability between the various sea bottoms classes, based on collected image samples. 
The same samples are then used to train a classifier.  Moreover it has been clear through 
extensive tests that the GLCM input parameters d and θ and the window size, greatly affect 
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the classification results and thus they should be thoroughly selected. To better determine 
parameters, GLCM features are extracted for a variety of d and θ values and they are included 
in the feature selection stage as to determine the ones providing optimal classification results. 
Additionally two approaches for the treatment of the θ angular directions are proposed and 
validated. Case studies showed that the proposed methodological scheme offer very good 
classification results and is very adaptive to different sea bottom types. The simultaneous use 
of a variety of feature extraction methodologies seems to be a promising aspect. Future 
improvements on this work could include extraction of features belonging to other 
methodologies and the use of more sophisticated classificators. However, the MATLAB 
toolbox created for the realisation of this study is fully functional and can already be used for 
successive classification of sidescan sonar imageries. 
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Abstract: Several approaches exist where single beam echo sounder (SBES) signals, in 
addition to determining the water depth, are also used for classifying the sea or river 
bottom. Here, a model that predicts the SBES signals is described. This model is then 
employed for assessing classification possibilities with a single beam echo sounder. To 
this end a series of echo shape features are considered. These features include the signal 
time spread and signal energy. Limitations on the use of the SBES for classification 
purposes due to SBES transducer characteristics are discussed. 
 
Keywords: Seafloor classification, SBES, Backscattering 

1. INTRODUCTION 
 
Knowledge about the composition of sea- or river floor is of high importance for a range 
of applications, e.g. for cable and pipeline route planning, geology and off-shore 
construction projects. 

The current most common method for obtaining information about the sea and 
riverbed composition is to take bottom samples, followed by an analysis in a laboratory. 
However, this process is time-consuming and costly. Employing acoustic remote sensing 
techniques for classification of the bottom is therefore an appealing approach. 

In literature different approaches towards acoustic remote sensing for classification are 
described. These approaches can be divided into two classes, i.e, phenomenological and 
physical or model-based. The phenomenological approaches determine features, such as 
energy or time spread from the received echo signals. Their disadvantage is that although 
these features are indicative for the bottom type, independent measurements, such as 
cores, are needed to link the sediment classes obtained from the features to real bottom 
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properties or bottom type. The advantage of these phenomenological approaches is that 
they are relatively easy to implement.  

In this paper a model for predicting the signals as received by a single beam echo 
sounder (SBES) is described. This model will be employed for assessing the possibilities 
and limitations of phenomenological approaches towards acoustic sediment 
classification. Section 2 describes the model which is used in the remainder of this article 
for predicting the signals as received by the SBES. Section 3 reports on the use of this 
model for investigating the possibilities and limitations of a phenomenological approach, 
based on either echo energy or time spread. Conclusions are drawn in Section 4. 

2. DESCRIPTION OF THE SBES SIGNAL MODEL 
 

For the shape of the echo intensity as received by the SBES we can write 

( ) ( ) ( )∫=
⎟
⎠
⎞⎜

⎝
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−

θ
θθσ
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eBtI

r

b 4
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                                  (1) 

with θ the angle of incidence, ( )θσ b  the backscattering cross section, ( )θA  the surface 
contributing to the echo received at time t and ( )θB  the transmit/receive directivity 
pattern of the transducer. α is the attenuation coefficient and r is the slant range, i.e., 

22 Hxr +=  with x the horizontal distance towards the receiver and H the water depth. 
( )θB  is known for a known shape of the transducer. In literature several expressions 

for the backscattering cross section ( )θσ b  are described. For the work described here, we 
have considered both a facet scattering model, modeling the backscatter conform 
reflection at bottom facets [1], and the backscattering cross section as presented in [2], 
where both the surface and the volume contribution to the total backscattering cross 
section are accounted for. 

 
2.1 Interface facet backscatter model  

For incidence angles close to the vertical (θ close to zero) and a seafloor surface of 
which the local curvature is negligible compared to the wavelengths (Kirchhoff 
approximation), the sediment surface can be considered to be a mosaic of facets with 
random slopes. In [2] the following expression for facet scattering is given 
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with 2δ the slope variance (radians) and R(0) the amplitude reflection coefficient at 
normal incidence. Dependency on seafloor type is accounted for through the seafloor 
type dependent value for 2δ . 
 
2.2 Backscatter modelling accounting for both interface and volume backscattering 

In addition to the scattering approach of the previous section, accounting for interface 
facet scattering only, also the backscatter strength has been modelled using the more 
sophisticated model as described in [2], where the total backscatter strength is calculated 
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as the sum of contributions from both volume backscattering and rough interface 
backscattering: 

( ) ( ) ( )θσθσθσ vrb +=                (3) 

Here, σr and σv are the backscattering cross sections, per unit area and per unit solid 
angle, due to the interface roughness and due to volume scattering, respectively. σr is 
modeled as the result of three different approximations: 
 The Kirchhoff approximation, valid for smooth to moderately rough sediments and 

grazing incidence angles near 90°. Contrary to the model described in Section 2.1 here 
the frequency dependence of the backscatter cross section is retained; 

 The composite roughness approximation, valid for smooth to moderately rough 
sediments and grazing incidence angles away from 90°; 

 Large-roughness scattering, where the scattering cross section is determined from an 
empirical expression which is derived for rough sediments like gravel and rock. 

The resulting σr is obtained by appropriate interpolation between these three 
approximations. 

3. MODELED SIGNAL FEATURES 
 

In [3], signal features are extracted from measured SBES signals, e.g. echo time 
spread, energy and echo skewness. Mapping these features and comparing these maps 
with results of cores shows the classification potential of these features. The following 
signal features, amongst others, were considered: 

 Total echo energy: ( )∫=
0

0

T
dttIE .Time T0 is large enough for encapturing the echo; 

 Time spread: ( )( )∫ −=
0

0
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t  the echo centre of gravity. 

Here, the effect of seafloor type on the total echo energy and time spread will be 
investigated using model calculations. The different seafloor types are modelled as 
sediments that differ with respect to their mean grain size, expressed as ( )dM z log2=−  in 
ϕ units, with d the mean grain size in mm. All sediment parameters required for the 
backscatter modelling, i.e. sediment density, sound speed, attenuation coefficient, volume 
scattering parameter and the sediment relief spectrum, are determined as a function of Mz 
according to [2]. 

3.1 Total echo energy 
In Figure 1 the total echo energy as calculated using the facet backscatter model is 

plotted versus the normal incidence reflection coefficient squared (|R(0°)|2) for Mz values 
ranging from 9 (clay) to -1 (sandy gravel). Since E is determined by integration over all 
facets, we expect a linear relation between E and (|R(0°)|2. Indeed Figure 1 shows this 
expected behavior and from this figure it can thus be concluded that the total echo energy 
is a measure for the reflection coefficient at normal incidence. It should be noted that for 
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the sediments with high Mz values (Mz = 6-9) differences in signal energy become very 
small indicating limited discriminating performance of the echo energy. The transducer 
selected for these calculations has a very broad opening angle, amounting to 38°. The 
frequency considered amounts to 100 kHz. 

Figure 2 shows similar results, but now the opening angle of the transducer has a 
reduced value of 18°. Again total echo energy appears to provide a measure for the 
reflection coefficient at normal incidence. However, now this holds only up to values of 
Mz larger than 1. For Mz smaller than 1, corresponding to acoustically hard bottoms, a 
different behavior is seen. This is due to the limited opening angle of the transducer 
(18°). This indicates that for too small SBES opening angles total echo energy no longer 
provides a measure for the normal incidence reflection coefficients for acoustically hard 
sediments. 

 
Figure 1. Signal energy vs. |R(0°)|2. The facet 
backscatter model was employed for calculating 
the SBES signal.  The transducer -3 dB opening 
angle amounts to 38°. The calculations are carried 
out for Mz values from –1 to 9 in 1 ϕ steps. 

 
Figure 2. Signal energy vs. |R(0°)|2.  The facet 
backscatter model was employed for calculating 
the SBES signal. The transducer -3 dB opening 
angle amounts to 18°. The calculations are 
carried out for Mz  from –1 to 9 in 1 ϕ steps.  

 
Figure 3 shows similar results, only now 

instead of the facet scattering model the 
model of Section 2.2 was employed. Also 
here the effect of the limited beamwidth is 
seen for the situation with a -3 dB 
beamwidth of 18°. However, now the 
curves for the two beamwidths nowhere 
coincide, i.e., the beamwidth has an effect 
on the received signal energy for all bottom 
types. Additionally, contrary to the results 
of Figure 1 and Figure 2 now the relation 
between the reflection coefficient and signal 
energy is no longer linear for the softer 
sediments. For these sediments a significant 
part of the backscattering results from 
volume scattering, a mechanism not  

 
Figure 3. Signal energy vs. |R(0°)|2.  Use was 
made of the backscatter model accounting for 
both interface and volume scattering. The -3 dB 
opening angles amount to 18° (-x) and 38° (-o). 
Mz values range from –1 to 9 with 1 ϕ steps. 

Mz =1 

Mz = 9 

Mz = -1 

Mz = 9 

Mz = -1 
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accounted for in the facet scattering model.  
It can be concluded that the energy in the SBES echo is not only determined by the 

reflection coefficient, which is determined by the impedance contrast between the water 
column and sediment, but also by scattering from the sediment volume, resulting in a 
decreased discriminating power of the echo energy. Too small SBES opening angles give 
rise to a further reduction in the echo energy discriminating power. 
 
3.2 Time spread 

A second signal feature which can be employed for classification purposes is the echo 
time spread. Reference [3] presents values for the time spread as determined from SBES 
measurements taken at the Cleaverbank, The North Sea. This area features a wide range 
of sediment types. SBES measurements were taken in this area using two different 
sounders, one with a frequency of 66 kHz and one with a frequency of 150 kHz. -3 dB 
opening angles amounted to 15° and 17.5°, respectively. Transmitted pulse lengths are 
equal and amount to 0.5 ms. Figure 4 shows the time spreads as predicted by the model 
for the 66 kHz sounder for sediment types with Mz values ranging from 0 to 6 ϕ.  

From the figure it can be concluded that time spread is an ambiguous classifying 
parameter. Similar values for the time spread correspond to both hard (Mz = 2) and soft 
sediments (Mz > 5). Also shown in this figure are the time spreads obtained when using 
the facet scatter model and the model of section 2.2 without the volume scattering 
contribution. It can be concluded that the ambiguity in time spread is due to the volume 
scattering. 

 
Figure 4. Time spreads as predicted by the model 
for the 66 kHz echo sounder. 

 
Figure 5. Measured time spreads as reported in 
[3] for the 66 kHz echo sounder. 

 
For comparison, the measured time spread values as presented in [3] for this SBES 

system are shown in Figure 5 (taken from figure 8 from [3]), where all measured data 
were summarized by the mean value for the grain size and the mean value for the time 
spread for the three main sediment types Mud, Sand and Sandy Gravel. The black 
horizontal and vertical lines in the figure give the standard deviation in either direction. 
Figure 4 and Figure 5 span equal ranges along the axes. The offset between modeled and 
measured values for the time spreads is probably due to inexact knowledge about the 
beam pattern (weighting applied, transducer shape) and pulse shape, since in the 
modeling a rectangular pulse is assumed. Unfortunately, due to the fact that no time 
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spreads were measured for grain sizes in between Mz ~2 and ~4 it is not clear whether the 
measurements feature a minimum in between those values. Predicted differences in time 
spreads between the different sediment types for which measurements are available 
compare well to those determined from the measurements.  Figure 6 and Figure 7 show 
the predicted and measured time spreads for the 150 kHz SBES. 

 
Figure 6. 150 Time spreads as predicted by the 
model for the 150 kHz echo sounder. 

 
Figure 7. Measured time spreads as reported in 
[3] for the 150 kHz echo sounder. 

 
Differences between time spreads for the two SBES systems are due to both the 

frequency-dependent backscatter behavior and transducer differences. 

4. CONCLUSIONS 
 

Although employing a phenomenological approach towards remote sensing for sea- or 
riverbed classification is appealing, transducer properties or the physics of seafloor 
interaction might limit its applicability. Model results can provide a valuable tool for 
assessing the capabilities of a selected classification approach. 
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Abstract: The Cilicia-Adana basin, the NE-Mediterranean, is hydrosedimentologically 
maturated and actively subsiding salt tectonic basin that contains Messinian evaporites. 
The basin plain deformation by salt diapirism and subsequent overburden stability are 
investigated using single channel sparker reflection profiling system. Dominant 
mechanisms that control the evolution of Cilician continental margin stability are 
researched through detailed analysis of seismic architecture of salt-sediment relations. 
Seismic interpretation is mainly focused on the unstability factors in relation to the effects 
of water loading over hydrostatic pore water overpressures in the sedimentary overburden 
and viscous salt deformation and the research seismic data evidences of hydraulics of 
halokinetic pumping on sediment deformation and the understand salt deformation 
processes, to which the shelf-margin delta system gravitationally responds.  

As plastic-frictional delta sedimentation of laterally varying thickness overlie a weak 
viscous Messinian salt layer, the differential sediment load or compensatory sediment 
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loading on the viscous salt layer can lead to a pressure gradient-driven “Poiseuille flow” 
in the viscous salt and the delta overburden becomes unstable, fails (overburden failure by 
landward extension accommodated by seaward contraction), and translates seaward 
producing “Couette flow” in the underlying viscous channel and leading to landward 
updip extensional and seaward downdip contractional structures, also resulting in the 
formation of salt diapirism with intervening minibasins, and wide range of salt tectonic 
styles in and around the basin margins. Strain-dependent weakening overburden stability 
enhances and localises deformation along landward normal-listric growth faults and 
causes the formation of landward extensional depocentres above a viscous salt layer 
along axial elongation of the N-NE overburden slopes of basin margin. The formation of 
seaward contractional salt-cored folds is mainly controlled by basin center master fault.  

Salt deformation as combined with pore fluid-related pumping hydraulics resulted in 
overburden unstability and overpressure regime in the basin, and concluded unusual 
seismic characterization of Cilician seafloor. However, acoustically, seawater columnar 
effect increasingly enhanced the solid and fluid pressures in sediments and reduced the 
differential pressure in the salt. The water acted as a buttress decreasing the instability of 
the sloping overburden and reducing the velocity gradients in the system. This effect seems 
to have mainly dominated in Adana delta platform, the NE-corner of the basin. 

Keywords: Messinian evaporites, Overburden stability, Overburden shear system, 
Overpressure regime, Halokinetic pumping, Growth faults, Viscous salt. 

1. Introduction 
 

The dynamic evolution of the Cilicia-Adana basin, the NE-Mediterranean, (Fig.1) and 
structural development is, in many cases, affected by salt tectonism and halokinetic 
regimes [1] (e.g., offshore west Africa, east Brazil, eastern Canada, Mexico Gulf). Salt 
tectonism in the region hinders the acquisition of seismic reflections from below the 
evaporites and can not be discriminated unequivocally from possible folding and faulting 
which is observed to be present as well [2]. Salt movement causing the extensive acoustic 
transparencies in the data is a relatively homogeneous medium, meaning that the seismic 
expression of salt is a zone of incoherent data (Fig. 2, bottom) [3]. Salt-induced 
acoustically transparent/wipe-out reflection patterns are well investigated by [4]. 
Incoherent acoustic response of viscous-plastic salt intrusions as being diagnostic for 
abnormal fluid pressure regimes by [5], the orientation of the nonlinear stress-strain 
relations for irreversible plastic strain field by [6], lower amplitude energy and seismic 
reflection loss from nonlithologic acoustic impedance changes at a elastic to pressurized 
viscous-plastic interface by [7] and basic mechanism of delta overburden deformation by 
[8]. All these studies contributed to recognize the salt diapir/pore water-related 
overpressured regime (Fig. 2, bottom) and delta overburden system stability.  

Salt tectonism and halokinesis occur on several passive continental margins, for 
instance the Gulf of Mexico [9], the margin offshore Brazil [10], margins offshore west 
Africa [11], and the Atlantic Canadian margin [12]. Salt tectonism in sedimentary basins 
has been intensively investigated over the past decades by academia and the petroleum 
industry, primarily due to the hydrocarbon exploration potential of these basins. These 
basins are characterised by seaward thinning sediment layers overlying the salt due to 
seaward progradation of sediments from adjacent onshore regions and the sediments are 
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characterised by regions of landward extension beneath the shelf and seaward contraction 
[13]. This configuration has been attributed to differential sediment loading of a viscous 
salt layer, which leads to seaward flow of the salt and potentially the overlying sediments 
[14]. [15] analysed systems in which the pressure gradient in the viscous salt drives 
deformation under a passive overburden and subsequently considered the stability of the 
overburden treated as a frictional-plastic material. [16] considered the effects of salt 
dissolution, using diffusion, when the salt is extruded at the seafloor. [17] and [18] used 
analogue models to investigate the effects of pore fluid pressures in the sediments and on 
slope stability. [17] showed that pore overpressures may have significant effects on the 
evolution of thrust wedges.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig.1: Seismic track lines with 2-D bathymetry of the study area spherically (grid lines) 

overlying 3-D bathymetry of the NE-corner of the Mediterranean with 3-D map properties 
indicated at the bottom left and right (top) and the DEM-perspective view of the basin 

with the major delta systems, view properties at the top left (bottom). 
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Sediment distribution in the basin indicates the two depositional patterns; Messinian 
evaporites and Plio-Quaternary sediments separated by an abrupt subaerial and strong 
unconformable erosional surface at the Miocene-Pliocene boundary, termed “Reflector M” 
by [19] and [2], (Fig. 2). In this study, we essentially aimed to indicate that salt diapir 
growth/pore fluid overpressures and their relation with the overlying sea water might have 
a significant impact on delta margin dynamics and overburden system stability of the 
Cilicia-Adana sedimentary basin, also to investigate the salt deformation process, pore 
fluid-related hydraulics and the resultant overburden unstability in the basin. We 
effectively used single channel-sparker seismic reflection data collected during the years 
of 1972-1977, by R/V Shackleton cruise governed by Graham Evans. Figure (1) at top is a 
track chart of the Geophysical survey. Total length of seismic tracks positioned in the 
inter-shelf areas across the basin is approximately 750 km long, of a total of nine cruise 
lines; nearly six of them were run the north to the south, whilst the remaining surveys 
were carried out parallel to the basin in the east to the west trends. Depth conversions from 
time sections on seismic data were made by using a sound velocity of 1500 m/s for the sea 
water and 2000 m/s for the Plio-Quaternary sediments due to high velocity salt flow. 
During the survey, the signal energy of the sparker source and the firing interval varied 
between 1 and 6 kJ and 1 to 4 ms, respectively and the frequency range is 80 to 200 Hz. 
 
2. Discussion and results 
 

The salt-related structural evolution of the Cilician delta margin platform containing 
Messinian evaporites and the deformation styles of salt-sediment relations have been 
interpreted by using seismic data evidences of a viscous salt layer overlain by a frictional 
plastic sedimentary overburden of laterally varying thickness (Fig. 2), analysed through 
salt-sediment body geometries from seismic data set and reconsidered by taking into 
account the sea water loading (as acoustic effect) and pore pressures trapped by salt 
diapirs (as effective pressure seals) within the sediments (Fig. 2, bottom). Early salt 
mobilization in the basin is initiated by a combination of delta sediment progradation, 
basin tilting, regional extension of the delta margins and rapid graben subsidence. Once 
salt was initially mobilized, it continued to deform well into the Plio-Quaternary 
sediments (Fig. 2). Sediment progradation and aggradation into the basin was likely the 
primary control on long-lived salt tectonism and halokinetic regime on the delta margins 
of the basin (Figs. 2, top and 3c). Gravitationally unstable and asymmetric uneven 
overloading of frictional-plastic delta sediment progradation above a viscous salt substrate 
along overburden slopes on the delta margin platform resulted in halokinesis and 
progradation-controlled extensional shelf-margin structures (at NW-SE trend on the 
Adana and at W-E trend on the Göksu, Mersin, Silifke and Anamur deltas) (Figs. 1, 
bottom, 2 and 3c). The unstable shelf-margin dynamics and/or strain-dependent 
weakening of the frictional sedimentary overburden is triggered by a range of unstability 
factors, effectively depending on the progradation rates, depositional factors, sediment 
physics, overburden thickness, basement geometry, and salt rheology, characterize the 
marginal style of halokinetic regime. Marginal control of overburden system, at later 
stages, is driven by gravity tectonism. Gravity tectonism leads to localisation of 
deformation along growth faults (Fig. 2, top) and causes an axial elongation of asymmetric 
extensional depocentres bounded by listric-normal faults in the landward section (Fig. 2, 
top). The effect of halokinetic control on gravitational processes resulted in extensive salt 
migration and the formation of longer salt flows and sheets extending the greater lateral 
distances (Figs. 2, bottom, 3c and 4). Toward the basin centre in the S-SW trends, 
efficiently fill-up of minibasins and the smoothing of abyssal plain (Figs. 2, bottom, 3c 
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and 4) that is the pre-existed huge depocenter caused wholesale lateral salt evacuation to 
the further south (offshore the N-Cyprus) and west (Antalya Basin) (Figs. 2, bottom and 
3c), whereas faster sediment bypassing leads to salt diapirism within the secondary 
depocenters and dense halokinesis (Figs. 2, bottom, 3c and 4). Progradation above the salt 
as combined with the main basinward tilt (S-SW-W trends) (Fig. 3c) destabilized the salt-
overburden system much more than delta progradation itself.  

Based on a given thickness of the overburden and the viscous salt layer and the 
overburden strength, the overburden is stable for certain minimum overburden strength 
values, however any reduction of the overburden strength results in overburden failure due 
to the viscous shear forces acting at its base. In addition to, the overburden velocities 
depend on the width of the transition zone over which the overburden thickness varies 
(rapidly thickening) towards the basin plain, (Figs. 2, bottom, 3c and 4). The overburden 
thickness and strength can generate and shape the downdip contractional structures, a 
strong overburden leads to folding but, the salt might pierce a weaker overburden, forming 
diapirs (Figs. 2, bottom, 3 and 4). A basinward margin tilt (even 10) can accelerate the 
evolution of the system [20], [21] and thereby produce landward extensional structures 
and basinward contractional salt structures (Figs. 2-4). Periods of sediment starvation, 
sediment bypass and sediments of laterally varying thickness (e.g., variations in episodes 
of sediment influx, partial infill of secondary minidepocenters and irregularly thickness 
variations by diapirism) can produce a differential pressure gradient (local pressure 
gradients) in the underlying viscous salt that allows for unstable overburden dynamics and 
that forces for salt diapirism in the shelf-slope regions (Figs. 2, ID in Fig. 3c and 4) and 
inducing a basinward “Poiseuille flow” [20], [21] within the salt, and thus triggering salt 
mobilization and migration (Fig. 2, 4). Also, sediment aggradation allows for salt diapirs 
to grow passively (passive diapirs) with the aggrading sediment (Fig. 2, bottom and 4). 

At the great pressure differentials, the delta overburden becomes unstable, fails, 
extends and translates basinward, causing landward extensional structures (Fig. 2, top). 
This process considers that compensatory (differential) sediment loading produced regions 
of extension in the landward margin section and basinward contraction and unstable 
overburden flow forms simultaneously regions of extension and contraction in the areas 
bounding the overburden slope (Figs. 2-4), and at later stages, relatively 
youngest/symmetric salt diapirs interfingering that overthrust “M discordance” toward the 
N-Cyprus coasts (on the Kyrenian to Misis ridge that is the migration limit of the incipient 
diapirs) (Figs. 2, bottom, 3 and 4). Time-dependent episodic variations in the sediment 
velocity and input rate strongly influenced salt-sediment body geometry and resulted in 
salt-cored fold distortion (syn-/diachronized diapir growth) (Fig. 2, bottom and 4).  In the 
basin, diapirism, salt evacuation and migration depend on critical progradation rates; 1) 
slow prograding sediments (long time period input with no/less diapirism) cause efficient 
salt evacuation and weld formation beneath delta shelf-margin. Long duration time of the 
continuing delta sedimentation, in fact, can trigger and drives salt-sediment mobility and 
results in salt withdrawal compensation and compensatory sediment loading, and thus, 
lateral continuation of salt-sediment flow (Fig. 2, bottom). 2) faster prograding sediments 
(short time period input with more diapirism) result in incomplete salt evacuation. Short 
duration time of the continuing delta sedimentation results in suppression of salt 
movements and salt migration, thus, forming the piercements in the shape of 
interfingering-like diapirs, as the prograding sediment wedge overtakes the advancing salt 
structures (Fig. 2, bottom and 4). We assumed that sediments are overpressured due to the 
faster deposition and rapid graben subsidence in basin. Overpressure regimes in 
hydrosedimentologically maturated and actively subsiding evaporitic basins are critically 
important concept to understand the dynamic geology of salt-sediment systems and the 
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overburden stability. Overpressures develop in rapidly deposited sediments (see also faster 
prograding sediments) which have been sealed by salt-related impermeable horizons, 
which prevent the pore fluids from escaping (Fig. 2, bottom). 

 

 
Fig.2: Seismic profile (top) showing the overburden slope-gravity tectonism, typical 

delta progradation and extension. Seismic profile (bottom) collected from the central 
abyssal plain shows salt diapirism, salt-cored folding and inter-marginal salt withdrawal 

process. Solid vertical bar represents the scales of the profile (TWTT: 800 ms, Water 
Depth: 600 m, and Sediment Thickness: 800 m).  

 
Overpressured zones occur in subsurface horizons, through which viscous salt travels 

and seals the sedimentary sections (Fig. 2, bottom), in which the fluid pressure is greater 
than the normal hydrostatic pressure (hydrostatic stress). Trapped fluids and their pressure 
exceed the water pressure, consequently the pore fluid pressure can be higher than the 
normal hydrostatic pressure. If fluid continues to migrate from below (evaporitic brines) 
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or continues to be formed in situ (sedimentary fluids), then pressure builds up, causing a 
decrease in the shear strength of the sediments. Salt as a homogeneous medium is, in fact, 
a pressurized fluid, which is differential fluid pressure that drives salt flow and sediment 
failure. An individual salt diapir incorporates water, which decreases density and effective 
viscosity of the evaporites, producing an increase in the buoyancy materials and 
weakening the overburden shear system. Localized overpressuring causes a decrease in the 
shear strength of the sediments (Fig. 3c, black points as ID on the map) and regional 
overpressuring controls the shear system of the entire shelf-margin delta platform section 
and causes the overburden unstability and failure (Figs. 2-4). 

 

 
Fig.3: a) The table derived from salt tectonic deformation and morpho-tectonic map 

[1] shows briefly the dominant salt-induced processes and their motions (arrows)  in the 
basin with the N-S trend, from the delta overburden slopes through the central abyssal 

plain towards the N-Cyprus coasts, b) The 3-D map by [22] indicates the location area of 
the processes in (a), c) The 3-D map showing the provinces and regional distribution of 

the overall salt diapirism (SD) and related overpressured zonations (OZ), sediment 
contourite deposits (SC) and black points as delta front, border salt diapir-flanked, 

collapse-solution graben-like depressions or termed as individually crestal-collapsed 
diapirs (ID). These indicate the frontal overburden extension of the broadly widening 
Adana delta platform toward the SSW, to the area of diapirism and salt-cored folding. 
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Fig.4: the map in Fig. (3c) is reconstructed with the water depth and seismic track lines to 
show the bathymetric distribution of the SD and OZ. Note that SD and OZ extends along 
the deepest bathymetric axis (700-1100 m, subsidence centre) in the abyssal plain. The 

southern end of the SD and OZ is controlled by basin centre sinistral oblique-slip master 
fault in the NE-SWW trend. The seismic profile well characterizes the faster delta 

sedimentation from Göksu, syn-sedimentary diapirism, salt-cored folds upbending and 
tightening the SE, boundary faults and salt-sediment contractional flow toward SE, the 

Misis ridge (red arrow). Solid vertical bar represents the scale of the profile (TWTT: 800 
ms, Water Depth: 600 m, and Sediment Thickness: 800 m). 

 
We speculate that the sea water-related acoustic loading increases the solid and fluid 

pressures of the sedimentary overburden along the delta margin platform and also deep 
abyssal plain and reduces the differential pressure in the viscous salt. The sea water acts as 
a pressure that is normal to the sediment surface and leads to more stable overburden 
system with reduced velocities by comparison with their subaerial equivalents as 
evidenced by [20] and [21]. We postulate that broadly widening shelf environment of 
Adana delta system, the NE-corner of the basin (50-250 m water depth in Fig. 1, the shelf 
platform behind the ID in Fig. 3c) is little more stable as compared with the N-shelves of 
the basin (Figs. 1, bottom, 2, top and 3a) than ever expected and that shelf overburden 
stability is related to acoustic loading perpendicular to nearly horizontal shelf surface (Fig. 
3c). The downward effect of acoustic loading all over the basin and the upward 
overpressured regime of salt/pore fluid-related hydraulic system have recently controlled 
delta overburden system stability and overpressure equilibrium, which is also a function of 
the faster dynamic processes (e.g., rapid graben subsidence, sediment accommodation rate 
and low viscous-salt withdrawal compensation) [1] and [8]. Overpressured sediments 
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accompanied by the widespread halokinetic regime are acoustically transparencies in the 
form of salt-intruded columns as diapirs (Fig. 2, bottom and 4). And they are dynamic 
expressions of upward mass transport of the underlying salt layer through the overlying 
Plio-Quaternary sediments by sealing and overpressuring sediments. But, whatever they 
are, salt deformation process and pore fluid-related hydraulics are active elements of the 
strong base control to the huge overburden stability and overpressure regime of evaporitic 
sedimentary basin.  

It is to say that, a) understanding and modeling the mobilization, migration, evacuation, 
and emplacement mechanisms of salt layer and diapir growth systems, b) considering the 
regional distribution of overpressured zones represented by acoustically transparent 
sediments that are diapirically disturbed by halokinesis, c) analyzing the stability 
mechanisms of the overburden slopes and the most familiar destabilization/deformation 
patterns of regional overburden equilibrium, are vital to understanding the overburden 
stability of the rapidly subsiding, evaporitic sedimentary basins all over the world, the 
history of salt structure and hydrocarbon formation. Because, geodynamic effects of salt 
deformation on overburden dynamics are both gravitationally (e.g., high potential energy 
and gravity-related deformation) and economically (e.g., radioactive reservoirs, nuclear 
wastes and oil) very important. Salt-sediment geology, and hence can lead to hydrocarbon 
maturation estimates of shelf and slope sediments of the basin. Turkish National Oil and 
Natural Gas Company (TPAO) has presently activated the hydrocarbon exploration and 
drilling project by 3-D seismic survey, the geophysical cruise all over the delta overburden 
system of the Cilicia-Adana Basin.  
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SIGNAL PROCESSING METHODOLOGIES FOR MEASURING 
ELASTIC WAVE BACKSCATTERING FROM SYMMETRIC 

OBJECTS IN THE PRESENCE OF GEOMETRIC INTERFERENCE 

Ivars P. Kirsteinsa,   Alessandra  Teseib 

aNaval Undersea Warfare Center, Newport, RI USA 
bNATO Undersea Research Centre, La Spezia, Italy 

Ivars P. Kirsteins, Naval Undersea Warfare Center, 1176 Howell St, Newport, RI 02841 
USA, e-mail: kirsteinsip@npt.nuwc.navy.mil 

Abstract: The acoustic identification of objects in the sea is an important, but difficult 
problem. Although resonance phenomena as a result of surface-guided elastic waves in 
symmetric objects are highly promising features for object identification, a yet unsolved 
problem is the reliable measurement of the elastic waves in the presence of interference 
from geometric diffractive components (e.g. creeping waves, whispering gallery waves, 
diffraction from internal structures etc.). Motivated by this problem, a novel frequency-
domain technique is developed for separating an echo into its constituent geometric 
diffractive and elastic wave components. It is based on modelling all the echo components 
in the frequency-domain locally as amplitude modulated linear chirps and then using a 
modified Costas’ residual signal analysis (RSA) algorithm in combination with chirp 
transform analysis to efficiently identify and separate the objects echo into its constituent 
dispersive and non-dispersive components. The RSA scheme is applied to simulated 
echoes from solid spheres of different materials and is shown to work well in separating 
the geometric diffractive components and the elastic Rayleigh or Stoneley waves, even 
when the components are closely separated in time. 

Keywords: elastic waves, surface elastic waves, residual signal analysis, chirp transform 
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1. INTRODUCTION 

Resonance phenomena caused by surface-guided elastic waves in symmetric objects 
are promising features for identifying targets in the sea. However, a yet unsolved problem 
is the reliable measurement of these elastic waves in the presence of interference from 
geometric diffractive components (e.g. creeping waves, whispering gallery waves, 
diffraction from internal structures, etc.) [1]. For example, in the case of a solid elastic 
sphere, its echo is actually a complex superposition of a specular component, elastic 
waves and geometric diffractive components (see fig. 1) whose arrival times may overlap 
or coincide, making identification of the elastic pulses by simple time-gating difficult or 
impossible. Techniques based on time-frequency (TF) analysis of the echo, e.g. short-time 
spectrogram or Wigner-Ville distribution, often also perform poorly under these 
circumstances. Motivated by this problem, a novel frequency-domain technique based on 
residual signal analysis is developed here for separating an echo into its constituent 
geometric diffractive and elastic wave components using their dispersive characteristics.  

 
 

 
 

Fig.1: Main elastic effects backscattered from solid spheres. Examples of typical travel 
paths of elastic waves are shown. (a) The detected surface waves are either Rayleigh (for 
metal-like spheres) or Scholte-Stoneley (for plastic-likes spheres). They are generated and 

reradiate back at their own coupling angle θc with the external fluid [1]. (b) The 
Whispering-Gallery (WG) waves propagate inside the sphere either as longitudinal or as 

transverse waves. Their order depends on their travel path. 

1.1. Exploiting dispersive characteristics for separation 

    Differences in the spectral shapes of the geometric and elastic components are 
impractical to use for separation because their spectral characteristics are dependent on the 
objects geometry and material, which in practice are unknown. However, the geometric 
components are generally non-dispersive or, more precisely, can be weakly dispersive but 
at very low frequencies, whereas the elastic component are generally dispersive. This 
suggests that the dispersive characteristics can be used for separation. It is now discussed 
how the dispersive characteristics of the elastic and geometric components can be 
parameterized and then exploited for separation.      
    Williams, Kargl and Marston developed elegant approximations to the elastic wave 
scattering components which show that elastic wave backscattering from solid spheres 
(and also void shells) in water at high frequencies can be interpreted as being caused by 
surface-guided waves continuously circumnavigating the sphere and re-radiating acoustic 
energy back into the water [1,2]. In the case of a solid sphere, the transfer function of the 
Rayleigh wave pulse after it has completed m revolutions about the sphere has the form 
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where the variable x is dimensionless frequency (x=ka), cp is the Rayleigh wave phase 
velocity, c is the speed of sound in water, β is a frequency-dependent radiation damping 
parameter, pc cc /sin 1−=θ , G(x) is a coupling coefficient that can be approximated as real-
valued, and )(xη  is a geometric phase shift that is a function of c and cp. For the sake of 
brevity, the reader is referred to [1,2] for further details regarding the transfer function 
approximations and parameters. For low-shear-speed materials we should detect the 
subsonic Stoneley wave instead of the Rayleigh, but the approach and formalism are the 
same. The Stoneley wave is generally very dispersive at very low frequency. 
    If formula (1) is re-written as )()()1()( xi

m
mm

R
mexAxf φ−=  (where )(xAm  is its spectral 

magnitude), the group delay of the transfer function for the pulse after m revolutions is 
dxd mR /φτ −= . Over a sufficiently small band, the group delay can be linearized as 

xR αττ +−≈  where the parameter α is the dispersion rate and therefore 2/2xxm ατφ +−≈ . 
Replacing mφ  by its quadratic approximation, we get )2/( 2

)()1()( xxi
m

mm
R exAxf ατ +−−≈ . On 

the other hand, the geometric diffractive and specular components typically are non-
dispersive or only weakly dispersive and therefore have transfer functions that are of the 
form xi

GG exAxf τ−≈ )()( , that is, with the dispersion parameter α  set to zero. By 
inspection, it is seen that the approximated )(xf m

R  and )(xfG  are both amplitude-
modulated linear frequency modulated (AM-LFM) - or chirp - waveforms. 
    In principle, the Rayleigh and geometric diffractive components could be separated and 
identified, say by least-squares fitting, of AM-LFM waveforms to the objects measured 
echo transfer function. However, direct estimation of multicomponent AM-LFM 
waveforms is computationally impractical since it requires the simultaneous estimation of 
the chirp parameters and the unknown spectral magnitudes )(xA . 

2. SEPARATION OF GEOMETRIC AND ELASTIC COMPONENTS BY CHIRP 
TRANSFORM-BASED RESIDUAL SIGNAL ANALYSIS 

If the constituent echo components are well separated in time and have constant 
spectrum, then the arrival times and dispersion parameters can be estimated by simply 
finding the location of the peaks of the chirp cross-ambiguity function (referred to here as 
a chirp transform) 
 

∑ +−−=
m

wwi
m

mkmewXc )2/( 2

)(),( ατατ  ,            (2)

where the sequence )( mwX  are samples of the object’s measured transfer function. To 
handle the situation when there are nearby interfering components, a modified version of 
Costas’ residual signal processing (RSA) scheme is now proposed for separating the 
geometric and elastic waves. Costas developed a simple scheme for separating multiple 
narrowband time series components based on a cooperative arrangement of estimator 
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processors where each processor acts as an adaptive nulling filter for all the other 
processors while estimating its own signal [3]. Costas’ RSA will form the foundation of 
our separation methodology. 

Figs. 2-3 show block diagrams of our iterative RSA-based methodology for separating 
an echo structure in the frequency domain into its constituent specular, geometric 
diffractive, and elastic components. Rather than using filters as in Costas’ approach, the 
chirp parameters of each component are estimated by finding the location of the peak in 
the chirp transform of the residual that remains after the other components have been 
estimated and removed from object’s measured transfer function. These iterations are 
continued until convergence or terminated after a fixed number of steps. The chirp 
envelope or individual pulse spectral shape is estimated (see fig. 3) by demodulating the 
dispersion of the pulse, time gating the residual about the dispersion demodulated pulse, 
and then applying a modified version of the singular value decomposition-based reduced-
rank signal enhancement algorithm in [4] that uses a forward-only predictor matrix. The 
signal rank here is set to one. Our rationale for using this method to estimate the envelope 
is that if it is slowly varying, it should be well approximated by a rank-1 signal and 
additionally the method acts as an adaptive filter to suppress leakage from imperfectly 
estimated interfering components.  

3. EXPERIMENTAL RESULTS AND CONCLUSION 

The RSA separation methodology is now applied to echoes from water-loaded solid 
steel and basalt spheres of the same radius, simulated in the dimensionless frequency band 
6-30 ka. In both cases, a model order of three was used and the RSA scheme was 
initialized by setting the dispersion parameter to zero and initializing the arrival times to 
the locations of the three largest peaks in the echo. A total of 10 iterations were performed.  

Fig. 4 shows plots of the spectrograms and chirp transforms of the estimated and 
separated components for the solid steel sphere. Visual inspection of the plots indicates 
that the specular component and the two strongest echoes of the Rayleigh wave were 
accurately estimated and separated. The third Rayleigh echo remained in the residual 
being too weak to be detected. 

The basalt sphere was more challenging because of the presence of two strong closely 
spaced components immediately after the specular component (see fig. 5). However, the 
RSA scheme was still able to successfully separate the specular and the two closely space 
components. Of the two echoes, the first belongs to the transverse WG wave of first order, 
which is actually dispersive at low-mid ka, the second to the Rayleigh wave, which shows 
much higher dispersiveness. The residual mostly belongs to almost non-dispersive WG 
waves. 

In conclusion, RSA appears to be a promising methodology for separating complex 
target echoes into their constituent components. Once the components all have been 
separated, the geometric diffractive components can be identified and removed according 
to their chirp parameters or time-frequency characteristics. Further work is needed in 
applying the chirp transform-based RSA scheme to highly non-linear dispersive 
components. 
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Fig.2: Block diagram of frequency domain RSA processing.  
 

 
 

Fig.3: Block diagram of chirp estimator module. 
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Fig.4: RSA applied to solid steel sphere echo. (a) Spectrograms of the time series, 
estimated components, and residual. (b) Chirp transforms of data and residual. Positions 
of the asterisks on the plots denote the estimated parameters (arrival time and dispersion).  

 
 

Fig.5: RSA applied to solid basalt sphere echo. (a) Spectrograms of the time series, 
estimated components, and residual. (b) Chirp transforms of data and residual. (c) 

Spectrograms of each component. (d) Spectral magnitudes of the separated components. 
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Detection of coherent bioacoustic signals in underwater noise 
 

Berke M. Gur, Christopher Niezrecki 
 

Abstract: Challenges in signal detection in the presence of noise arise in many 
underwater acoustic applications such as active and passive sonar, geophysical 
surveying, and marina life monitoring.  The detection problem is generally formulated 
within the framework of binary hypothesis testing.  Optimum or suboptimum detectors 
that maximize the detection probability for a given false alarm rate are developed 
using information available on the noise statistics and the signal.  An important class 
of detectors, known as the locally optimum detectors, is designed based on the 
expectation that the signal of interest is relatively weak compared to noise.  The West 
Indian manatee, added to the endangered species list in 1967, mainly inhabits the 
shallow Florida waterways and channels.  These waterways are heavily utilized by 
recreational boaters, and a majority of the unnatural manatee deaths are attributed to 
watercraft collisions.  The underwater acoustic environments of the Florida channels 
are highly corrupted with a variety of noise sources, mainly boat propeller noise and 
snapping shrimp crackles.  Recent research effort has been directed towards 
developing and implementing advanced signal processing techniques for far range 
passive acoustic detection of manatee vocalizations.   In this paper, the problem of 
detecting manatee vocalizations in noisy underwater acoustic environments is 
addressed.  Manatee vocalizations are modeled as narrowband, autoregressive, 
harmonic signals, and boat noise is modeled as a Gaussian process.  Two impulsive 
noise models for snapping shrimp crackles are investigated.  Optimal or suboptimal 
detectors for each noise case are developed.  Improvements in detection performance 
through exploiting the spatial correlation of the manatee vocalizations via 
multichannel setups are investigated.  Preliminary results indicate that these 
detectors outperform previously developed ad-hoc detectors, thereby increasing the 
detection range and the effectiveness of an automated manatee avoidance system that 
is envisioned to reduce watercraft-manatee collisions. 
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RESEARCH OF WEAK SIGNAL DETECTION BASED 
ON GENETIC ALGORITHM (GA) 

Du Shuanping,  Ma Qiming,  Zhou Lisheng 
Hangzhou Applied Acoustics Research Institute, Hangzhou 310012, China 

Du Shuanping: Hangzhou Applied Acoustics Research Institute, Hangzhou 
310012, China, Email : skldusp@tom.com 

Abstract: On the assumption that a representative data set of vibration 
background noise and target signal can be obtained, a preprocessing method for 
sonar array input signal are introduced based on the rule of maximizing SNR. 
The main point of this method is designing a FIR filter with linear phase shift 
using GA to maximize the SNR of the data consisting in the representative data 
set and filter the real input signal of sonar array. In the end, preprocessing 
results of array input signal are applied to MVDR beamforming for signal 
detection. From the results of the real data analysis, we can see that the method 
introduced in the paper has potent detection power. Compared to MVDR, the 
lowest detectable SNR of the method proposed in the paper can be decreased 
about 8dB at the given detection threshold of the array output SNR=-3dB. 

Keywords:  Classification-before-detection,  Beamforming, Genetic Algorithm 
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The objective of this paper is to propose a method for improving the detection 
power of a certain type of short Frank sonar array with the help of a long array 
equipped on submarine. In order to do this, an assumption is made that a 
representative data set of the background noise and target signal can be obtained 
through experiment or other means [1]. Based on this assumption, many methods 
of the weak signal detection were introduced in previous literatures, among them, 
the idea of classification-before-detection is the most typical, e.g. the idea of 
signal processing with full-spectrum introduced by D.H.Kil [2] provides a new 
way for the weak signal detection; signal detection problem were transformed 
into an adaptive pattern classification problem in [3,4]; Richard and his co-
workers [5,6] proposed a method of designing optimal time-frequency detectors 
from training samples. Based on the same assumption, and an additional 
assumption is made in this paper that the background noise and target signal are 
short time stationary (keeping stationary in several minutes, which ensures that 
the data collected by long array equipped on submarine with beamforming can be 
used in short array as a reprehensive data set of the target signal, and the 
representative background noise can be obtained by experiments) if the working 
condition keeping unchanged. Based on these assumes, a method is proposed, 
whose main point is to design a filter to maximize the SNR (signal-noise-ratio) 
according to the representative data set of background noise and target signal 
based on Genetic Algorithm (GA) and filter the data received by the short array, 
and then, the filtered data are applied to MVDR to compute the spatial energy 
spectrum. Based on which, target signal detection and its azimuth estimation are 
completed. 

1. APPLICATIONS OF GA IN THE WEAK SIGNAL DETECTION 

In this section, a new approach for the weak signal detection is developed, 
whose main point is to design a filter to maximize the SNR according to the 
representative data set of the target signal and noise, and then the designed filter 
is stored to filter the real signal received by the short array. In order to design the 
appropriate filter, GA is introduced. 

Many operations such as the fitness function establishment, encoding, 
selection, crossover and mutation, are involved in GA [7]. In this paper, the 
fitness function is selected naturally as the SNR computed by the representative 
data set of the target signal and noise in the working band of sonar system: 

1 1
2 2
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N N

obj k k
k k
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(1)

where sk and nk k=1,2,…,N-1 are the signal and noise or their filtered form. 
Coefficients of the FIR filter are encoded with real numbers (to ensure the filter is 
linear phase shift, only the first-half of coefficients are encoded). GA here uses a 
population size of 80 individuals, starting with randomly generated genomes. The 
objective function is evaluated for these individuals and the fitness of every 
individual is assigned by rank-based fitness order. Parents are then selected 
according to their fitness by means of roulette-wheel selection. When all parents 
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participating in evolution have been selected, crossover will be started. Line 
crossover is used in this paper. After crossover, every offspring undergoes 
mutation. Here, Non-uniform mutation operator is used and mutation rate Pm is 
set to 0.1. After evolution operations of selection, crossover and mutation, a new 
generation is produced. If the optimization criteria are not met, the evolution 
process is repeated until the optimization criteria are reached. We take the 
number of maximum evolution generations (100) as criteria to stop GA in this 
paper, and the length of the filter is set to 32. 

Let b=[b(1),b(2),…,b(l)]T is the expected filter designed by GA, and the real 

data received by the short array is x(k)=[x1(k),x2(k),…xM(k)]T, k=1,2,… ,N 
where l and M is the length of the filter and the number of array element 
respectively; k and N is the time index and the length of the received signal. 
When we apply the filter of b to x(k),  the filtered signal of xf(k)=[xf1(k),xf2(k),
…xfM(k)]T can be obtained by the following formula: 

( ) ( ) ( ) , 1,2, ,fi i
m

x k x k m b m i M= − =∑ L
 (2)

Then the spatial energy spectrum can be computed by MVDR beamforming 
introduced in the next section based on xf(k). 

2. BASIC PRINCIPLE OF THE MVDR  

The common formulation of the beamforming problem that leads to the 
MVDR is as follows [8, 9] 

 

( ) ( ) ( )
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where w(θ,f) is the complex vector of the array observations; a(θ,f) is the signal 
steering vector, and R(f) is the covariance matrix at the center frequency of given 
frequency bin.. From (3), the following well-known solution can be found for the 
optimal weight vectors:  
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(4)

Then the spatial energy spectrum of the array can be computed as follows: 

( ) ( ) ( ) ( )H 1

1,
, ,

P f
f f f

θ
θ θ−=

a R a  
(5)

For wideband signal, the finally space energy spectrum can be obtained by 
summing every narrow result computed (7) over frequency of the sonar working 
band. 
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3. ANALYSIS OF REAL SIGNAL 

In this section, the method proposed in this paper is validated by real signal. 
Fig.1 (a)-(c) present the spatial energy spectrum of the array with the target signal 
situated at 30º, and the SNR is set -35dB, -37dB and -39dB. Fig.1 (d) displays the 
relation of output SNR to input SNR. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Conclusions can be drawn from Fig.1: ①  GA+MVDR is effective to 

enhance the weak signal detection power of the sonar system. ② If we set the 
array output SNR=-3dB as the threshold of detection, the lowest detectable SNR 
(single sensor) of GA+MVDR is-37dB. Compared to MVDR, the lowest 
detectable SNR can be decreased about 8dB. 

4. CONCLUSION 

On the assumption that a representative data set of the vibration background 
noise and target signal can be obtained, a preprocessing method for array input 
signal is proposed in this paper based on the SNR maximum rule. A linear FIR 
filter is designed based on GA to make the SNR of the data consisting in the 
representative data set maximal, with which, the real data received by the short 

(a)                                                                                 (b) 

(c)                                                                                  (d) 

Fig.1 Spatial energy spectrum and the relation of output SNR to input SNR 
 (a)-(c) Spatial energy spectrum computed by MVDR and GA+MVDR; 
 (d) Relation of output SNR to input SNR 
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array are filtered, and the filtered data are applied to MVDR beamforming for 
target signal detection and estimation. Real signal analysis show better 
performances of the proposed method as compared with general MVDR, and the 
lowest detectable SNR of the proposed methods can be decreased about 8dB at 
the given detection threshold of the array output SNR=-3dB. However, it is 
should point out that there are also some limits in our method, among them, 
getting of the representative data set of the target signal is the most difficult. 
Although we have pointed out that the representative data of target signal can be 
obtained by the long array, in practical applications, the working band of the long 
array and short array is different in general, which results in a difficulty for the 
practical applications of the proposed method, therefore, the emphases of the 
further research is how to make use of the existing long array equipped on the 
submarine to provide short array of torpedo with the representative data set of 
target signal. 
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Abstract: This paper presents a system for real time data acquisition of 3D sonar data sets and 
ping to ping registration and fusion. As each ping generates a 3D data set, the 3D sonar can 
move during data acquisition with virtually no degradation of the single ping 3D data set. Hence 
registration of the data from two different pings can be used in a number of applications, for 
example to build a mosaic (as a model builder), to improve registration based on motion sensor 
input or to estimate the movement of the sonar platform (as a navigation sensor). 
 We will describe a robust approach based on statistics in order to increase the registration 
accuracy and we introduce a fast Iterative Closest Point (ICP) algorithm that allows for real 
time registration of 3D sonar data. The ICP algorithm is assisted by Kalman filtering used as a 
predictor. 
 Example data will show the build-up of mosaics with and without external motion sensor 
input.  Examples are also shown that demonstrate the use of 3D registration to estimate speed 
and position relative to a static object. 
 Limitations and accuracies of the proposed methods will be discussed along with typical 
applications. 
 
 
Keywords: 3D Sonar, Mosaicing, Navigation, Data fusion. 
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1. INTRODUCTION 
 
 Underwater surveys using 2D sonars require high accuracy navigation data and accurate time 
stamping of navigation data in order to be able to process and mosaic data with a precision that is 
comparable to the inherent resolution of these sonars. This requires motion sensors with a price 
tag almost as high as the 2D sonar itself and the procedures and calibration involved are tedious, 
time consuming and resource intensive. In this paper we utilize a 3D sonar - the EchoScopeTM - 
where a large footprint - typically near quadratic - is generated based on a single pulse of 
acoustic energy. 3D sonar data provides an unprecedented potential for signal analysis and data 
processing. Data (coordinates and intensities) from the same pulse are inherently correctly 
positioned in the relative sense. This paper will demonstrate how the structure of the data from 
ping to ping can be used to register adjacent pings and hence remove or reduce the requirement 
for high accuracy navigation data.  
 Ping to ping registration is related to reconstruction of the environment and the fusion of 
different data sets from the same physical object or environment. 
 Very few systems are addressed to the reconstruction of underwater environments and, for the 
best of our knowledge, none of them are able to operate real-time [1]. Kamgar-Parsi [2] proposed 
an acoustic lens technique for 3D data acquisition from which 3D models are recovered by using 
standard volumetric approach. Negahdaripour [3] focused on some computer visions techniques 
such as shape from stereo and video, optical flow estimation, 2D mosaicing by using optical 
camera(s). Regarding non-underwater applications, several works have been introduced in 
literature [4]. In particular, some examples of real time system are proposed in [5][6]. 
Rusinkiewicz [5] introduced a complete model acquisition system that permits the user to see 
continuously the update of the model as the object is scanned. The real time constraint is 
satisfied by the use of a simple and fast structured-light range scanner and by speeding up the 
performance of the registration phase. A similar approach is proposed by Koninckx et. al. [6]. 
The real time acquisition is guaranteed by adapting the code of the projected stripes. The 
reconstruction is carried out in one-shot by allowing the modeling of deformable surfaces.  
 
 
2. CHARACTERISTICS OF 3D SONAR DATA 
 
 A 3D sonar generates beams in two perpendicular directions. Hence with the knowledge of 
range, every echo is known with its 3D coordinates. As all the beams are generated on the fly 
and from the same ping, the echoes are consistent, i.e. they have correct relative positions, 
virtually undisturbed by the sonar motion. Figure 1 shows data collected from a single ping with 
the EchoScopeTM real time 3D sonar [7]. Colours represent intensity of the returned echoes. Data 
were recorded March '07 in Eidsvågsbukten in Bergen, Norway. The data set has not been post-
processed, it is exactly as seen during real time operation. The only processing that has been 
done is simple threshold filtering. The centre of the area is at 60 m water depth and the 
EchoScopeTM was deployed from a surface vessel. The size of the footprint is about 50 m by 50 
m and the depth range (elevation difference between the lower vertices and the upper vertices) is 
about 30 m. Figure 2 shows the same dataset, but now the colours represent elevation. 
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Figure 1. Single ping of 3D sonar data where colour 

means intensity. 

 
Figure 2. Single ping of 3D sonar data (same as the 
previous), but with colour representing elevation. 

 
 If a motion sensor is used and the navigation data are used to geo-reference the sonar data, 
mosaics can be built on-line, as shown in Figure 3 - from the foundation of a ferry terminal in 
Korea. 
 

 
Figure 3. Mosaic generated from 5 pings of data using external motion sensor. 

  
 To obtain good navigation data is not trivial, however. It requires high quality sensors, careful 
calibration of offsets and control of time synchronisation of data that may come from many 
different sources. And the structures in Figure 3 are fairly big - 40 m high, hence small faults in 
the registration between consecutive pings will not significantly influence the overall data 
quality. But if small objects are to be detected and identified, the quality requirements on the 
navigation data soon become unrealistic. The EchoscopeTM 3D sonar has a lateral resolution of 1 
degree, at 10 m range this translates into a distance of 17 cm. In order to maintain this kind of 
resolution during ping to ping registration, each variable should be one class better, i.e. in the 
order of 2 cm. But such high accuracy GPS systems do not exist, so even if heading, pitch and 
roll can be determined to 0.1 degree accuracy, the overall accuracy of ±2 cm will be very 
difficult to achieve. The sonar has a ping rate of more than 10 pings per second at this range, 
which means that the navigation sensors need to have similar bandwidths which in turn limits the 
amount of filtering that can be done, hence noise suppression is limited. Also, in a moving 
environment, time synchronisation has to be very accurate. Figure 4 shows how data from two 
consecutive pings can be misaligned, even if high quality - industry standard (in this case a long 
baseline system) - was used. 
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Figure 4. Misalignment of consecutive data sets. The detail here has moved 1.4 m between the two data sets. 

 
 
 Instead of investing resources in trying to achieve "the impossible" by obtaining good enough 
quality of the navigation data, the 3D sonar can be used to relax the requirements by utilising 
ping to ping registration based on the properties inherent in overlapping data sets. That will 
ensure registration at a precision defined by the data itself (resolution) and not by external 
sensors. As the resolution of the data improves - so does the accuracy of the ping to ping 
registration. 
 
 
2. APPROACH 
 
 We have developed a complete data processing pipeline starting with data acquisition. We 
produce a geometric model of the observed scene in the form of a mesh of triangles. The mesh is 
called a mosaic because it is built by adding new portions of scene ping by ping. The key 
technology is the registration of adjacent frames of ping data. The pipeline includes the 
following stages, each of which is described in a separate section of the paper:  
 

• Data capture, in which the acoustic camera produces a new range image.  
• Single frame reconstruction, in which and a single range image is processed to obtain a 

triangle mesh. 
• Registration, in which adjacent pings are positioned relative to one another. 
• Geometric fusion, in which the new frame is merged into the 3D mosaic to update its 

geometry. 
 
 
2.1 Data capture 
 
 Three-dimensional acoustic data are obtained with the EchoScopeTM 3D sonar [7]. The scene 
is insonified by a high-frequency acoustic pulse, and a two-dimensional hydrophone array is 
used for detecting. Beamforming takes place in the sonar head. Echoes are time gated so that the 
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distance to an echo is known from the speed of sound in water and one echo per beam is detected 
- normally the maximum intensity along each beam.  
 According to the spherical scanning technology, range values are measured from each 
steering direction u(i,j) where i and j are indices related to the elevation (tilt) and azimuth (pan) 
angles respectively. The 3D sonar generates 128 by 128 beams, hence a 128x128 range image 
r(i,j) is generated. Coordinates are then converted to Cartesian. 
 The acoustic image is affected by multipath, sidelobes and noise. The intensity of an echo 
represents the reliability of the 3D vertex representing that echo. In general, the higher the 
intensity, the more reliable the associated distance. A dramatic improvement of the range image 
quality is obtained by discarding points whose related intensity is lower than a threshold, 
depending on the sidelobes. The EchoScopeTM can provide beamformed data at a rate of up to 13 
data sets per second. 
 
 
2.2 Single frame reconstruction 
 
 The problem of reconstructing a triangle mesh from a single range image is usually 
considered trivial and solved in a straightforward way by connecting each group of four adjacent 
points in the image to form a pair of triangles. Therefore, only points having adjacent entries in 
the input image may be connected.  
 Acoustic range images are noisy and echoes are missing for many beams. In order to 
eliminate undesired holes in the final triangle mesh, we extended the classical approach by 
developing an algorithm that, besides testing for usual adjacencies, also tests for possible 
adjacencies in a 3x3 window that surrounds each vacancy in the input. In order to avoid 
connecting points that have adjacent entries but lie far in 3D space (i.e., across steps of the 
image), a potential adjacency generates an edge only if the radial distance of points is smaller 
than a given threshold.  
 Triangles are obtained by considering cycles of three edges. A topological data structure is 
built on the fly, which allows us to traverse the mesh by triangle adjacencies in order to identify 
connected components in the mesh. Connected components having a size smaller than a given 
threshold are filtered out since they are likely to be generated by spurious data. This method 
proved to be very effective in filtering speckle noise. The output of this phase is a mesh of 
triangles, with surface normals estimated at all vertices of the mesh and pointing towards the 
sensor. 
 
 
2.3 Ping to ping registration 
 
 In order to register adjacent pings relative to one another, motion data are used if they are 
available and a classic Iterative Closest Point (ICP) algorithm [5][8][9] is used to register the 
data sets according to the structure of the data itself. Merging of external motion sensor data and 
the ICP output improves the robustness of the registration and also the speed of the process. 
 The proposed method for registration is a variation of the so-called reverse calibration 
technique [4]. By using information from the internal parameters of the acoustic camera, we are 
able to re-project each 3D point onto the range image and vice-versa. In particular, each 3D point 
of the source data is projected to the target model, described as a range image, by finding 
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immediately its corresponding point. In this way a dramatic improvement of the speed of 
corresponding points computation is obtained that allows the registration of the views in real 
time. Furthermore, in order to improve the accuracy of alignment, a statistical method for 
avoiding the outliers conditioning is implemented. The method has been introduced in [11] and it 
is based on the so called X84 rule [4] from which a threshold is automatically defined. More 
details on the proposed registration method are described in [12].  
 Finally, in order to speed up the tracking and to smooth out the trajectory, a Kalman filter has 
been introduced [4] on the observed motion measures (i.e., the motion measures from sensor 
devices and the motion measures from registration). In particular, the benefit of the Kalman filter 
is twofold: it is used for the alignment of the current frame (this increases the robustness of the 
alignment), and it is used for a pre-alignment of the next frame (this increase the speed of 
registration). Therefore, each frame is registered with respect to the previous one and the 
transformations that bring each view on to the mosaic are computed just combining the 
sequential pair-wise matrices. Figure 5 shows a block diagram of ping to ping registration.  
 

 
Figure 5. Ping to ping registration block diagram. 

  
 
 
2.4 Geometric fusion 
 
 Different single frame meshes registered in a common coordinate system contribute to form 
the 3D mosaic. Such mosaic must be built and visualized on-line, while frames are acquired from 
the sensor. This requirement poses some serious challenges:  
 

- Mosaicing must be fast. For instance, the complexity of updating the mosaic with one 
new frame should be proportional to the size of a single frame, not to the size of the 
whole mosaic.  

- Ping-to-ping updates must be delivered to the rendering system without regeneration of 
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the whole mosaic mesh. 
- It should be possible to trade-off between speed, accuracy of the result and the size of the 

output mesh.  
 
 We therefore started with the method proposed by Curless and Levoy in [13] and we modified 
it to meet our requirements. We first give a brief description of the base method and next we 
describe our modifications. 
 
 
2.4.1 The volumetric approach 
 
 The mesh reconstruction method of Curless and Levoy is based on a virtual grid of cubic cells 
that decomposes the 3D space containing the object to be reconstructed. Nodes of the grid 
coincide with vertices of the cubic cells. A signed distance function is computed at all nodes of 
the grid that lie close to the surface reconstructed from each single frame (registered in a 
common coordinate system), which measures the distance of points in space from the surface 
itself. Contributions from different frames to the same node are combined to obtain a global 
estimate of the distance function. Finally, all active cubic cells are traversed, and a fragment of 
mesh is obtained inside each cube as an iso-surface of value zero of the distance field, via the 
well known Marching Cubes (MC) algorithm [14].  
 
 
2.4.2 On-line mosaicing 
 
 Following the volumetric approach, we update the active cells ping by ping. The virtual grid 
is initially empty and virtually infinite. Only active cells are created and maintained in memory.  
 We maintain a dual data structure that stores grid nodes and grid cells. The size of cells is a 
parameter that allows us to trade off speed vs. accuracy and also to perform data reduction if 
large objects must be reconstructed without saturating physical and graphical memory. Each 
node is addressed by a key consisting of its integer coordinates in the virtual grid, while each cell 
is addressed by the key of one of its corner nodes (namely, the corner having the smallest 
coordinates).  
 At each new frame, we update the distance field only at those nodes that are corners of cubic 
cells traversed by the single frame mesh. We have two alternative methods for doing this:  
 

- A faster method considers only the vertices of the single frame mesh, and - for each 
vertex - updates the distance field at the corners of the cell containing that vertex. The 
key to this cell is obtained by arithmetic computation and the cell is either created or 
retrieved from the map of cells. Its corner nodes are in turn either created or retrieved 
from the map of nodes. We compute the signed distance between each node and the 
tangent plane through the vertex. The contribution of different vertices (possibly from 
different pings) to the same node are combined as a weighted average, where the 
weight of a given contribution is directly proportional to the reliability of the 
measurement and inversely proportional to the square distance. Let v be the current 
vertex and wv its weight (weight comes from the sensor and represents the reliability 
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of measurement v), let dv be the signed distance of a given node n from v, let dn be the 
current distance field at n, and wn be the corresponding weight. We compute  

 
W = wv / (d2 + 1)  

 
and we update n as follows:  
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In this way, the closer a vertex v is to a node n, and the more reliable the measurement 
of v is, the more important the contribution of v to the distance field at n will be.  

 
This method works well as long as the resolution of the single frame mesh is higher 
than that of the volumetric grid. For a high resolution grid, however, the result tends to 
be fragmented because many cells traversed by the surface are never classified, since 
they do not contain any vertex.  

 
- A slightly slower but more accurate method is based on random sampling of points 

inside faces of the single frame mesh. We sample a number nf of points inside each 
triangular face f of the single frame mesh, where nf is proportional to the area of f and 
to the resolution of the grid. If l is the edge length of the volumetric grid, and ∆f is the 
area of f, we found that nf = 10 ∆f / l2 works well. For each point p sampled from a face 
f, we compute the baricentric coordinates of p in f and we use them to estimate the 
surface normal at p from normals at the vertices of f. Then we proceed as in the 
previous case to classify the corners of cell containing p.  

 
 All grid nodes that are updated while processing a given frame may contribute to update the 
mosaic. Therefore, we save a list of all such nodes, and we update the cells that have them as 
corners, by computing their MC configuration. For each cell, we classify its eight nodes 
according to the sign of distance field at them. Then, we compute the value of intersections 
between the edges of the cell and the isosurface of value zero for the distance field. These 
intersections occur at all edges having endpoints where the distance fields have different signs, 
and their locations along edges are found by linear interpolation. The collection of the 
intersections constitutes the MC configuration of a cell.  
 Note that the internal data structure only collects all active cells with their MC configurations, 
while the triangle mesh is generated via MC only when necessary in order to send it to the 
rendering system. 
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3. DATA 
 
Ping to ping registration works well both with and without navigation data available. Figure 6 
shows data from several consecutive pings obtained in La Spezia, Italy, without any form of 
motion sensor input. Ping data have successfully been registered and the shape of columns and 
seabed can clearly be seen. 
 

Figure 6 Data sets registered without external motion sensor input. 
  
 Figure 7 contains data from a harbour wall in St. Petersburg in Florida. In this case, motion 
data were imported online from an F180 motion sensor and data were acquired from a surface 
vessel. The pillars and the wall are all well represented and the geometry is correct. 
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Figure 7. Harbour wall in St. Petersburg, Florida. 

 
 
 In order to demonstrate that the ping to ping registration can be used for navigation, data from 
a survey done in Nygårdsviken in Bergen has been used. Here, we used the former model of the 
sonar, namely EchoScopeTM 1600. This sonar has 64 by 64 beams spread over an opening angle 
of 50 degrees, hence the beam to beam angular spacing is 0.8 degree and the -3 dB resolution is 
1.3 degree. The survey was done using Remotely Operated Vehicle (ROV) and a long baseline 
navigation system (LBL) was used for motion reference - Figure 8. Three lines are displayed. 
The red line shows the trajectory estimated by using only the LBL data. Note several jumps 
caused by drift in the data. The blue line shows the trajectory estimated by using only the ICP 
output and not the LBL data. The trajectory is smoother but, due to the accumulation error, the 
positions observed at the final steps deviate from the positions observed form the motion sensors. 
Finally, the trajectory obtained by merging the two measurements (in green) is more reliable.  
 

 
Figure 8. Trajectory obtained by using only motion sensors (red), only ICP registration (blue) and both ICP and 
motion sensor data (green). 
 
 During the survey in Nygårdsviken, another experiment was carried out. The ROV was 
maintained as static as possible under control by the ROV pilot. The 3D sonar was detecting a 
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static steel structure on the seabed, providing good 3D data for reliable ping to ping registration. 
Figures 9-11 show the ICP data (with no use of the LBL data) compared to the LBL data. Jumps 
that appear in the LBL data are not seen in the ICP generated data. 
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Figure 9. Easting. The red line 

shows the data generated by the ICP 
and the blue line is from the LBL 

system. 

Comparison Northing

-10

-5

0

5

10

1 3 5 7 9 11 13 15 17 19 21 23 25 27 29 31 33 35 37 39 41 43 45 47 49 51

Frame

cm

Imported northing
ARROV northing

 
Figure 10. Northing. The red line 

shows the data generated by the ICP 
and the blue line is from the LBL 

system. 
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Figure 11. Depth. The red line 

shows the data generated by the ICP 
and the blue line is from the LBL 

system. 

 
 The red (ICP generated) easting curve reveals the noise of the process and it is in the range of 
centimetres. This is consistent with the beam to beam distance for the sonar at the relevant range, 
hence it underlines the point that resolution and accuracy improves as the range to the detected 
objects is reduced. 
 
 
5. CONCLUSION 
 
 Ping to ping registration of 3D sonar data sets makes it possible to relax the requirements for 
high accuracy motion data during survey operations and also facilitates navigation relative to 
static objects on the seabed. The sensitivity of the method is consistent with the resolution of the 
sonar, hence accuracy and resolution increases with reduced range to the detected objects, as 
opposed to data from external motion sensors which is independent on the sonar's distance to the 
objects that are being surveyed. 
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A Solution to the Problem of Simultaneous Classification and 
Localization of Underwater Objects from Their Acoustic Field 

 
Andrei Mashoshin 
 
Abstract: This paper presents one of the solutions to the problem of simultaneous 
classification and localization of underwater objects from its acoustical field. It was 
shown that both problems (classification and localization) have some common 
features that allow to consider them as one mutual problem which can be solved by 
maximum likelihood method. The solution takes into account: - the fundamental 
physical representations of the transmission, propagation, reception of signals, and 
the measurement of their parameters against the noise background; - the target 
parameters vector describing features of its noise radiation and motion; - the 
parameters vector characterizing the observation conditions; - the errors vector of 
the signal parameter measurements. The theoretical solution is illustrated by solving 
a relatively simple but practically important problem of classification and ranging of 
an underwater object from passive underwater acoustic observation data.  
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A torpedo detection and 3-D tracking system 
 

Nico Roosnek 
 

Abstract: Noisy torpedoes are easily detected with passive means. This is not the 
case for quiet torpedoes. In any case 3D-tracking is a major issue in both cases.  
Therefore an acoustic system based on a transmitting transducer, two receiving 
arrays and optimal signal processing with 3D-tracking capabilities has been designed 
and a prototype for testing purposes in the air has been made. The test system has 2 
arrays of 16 microphones and a transmitting array of 8 tweeters as receiving and 
transmitting transducers, with analog hardware and a pc as a realtime processing 
unit with an ad-da interface, like the acoustic system for offshore surveying of 
pipelines in the sea bottom, see [1]. The system will be presented with the results of a 
simulation and of the real time tracking of a torpedo-like object in the atmosphere 
with reverberation due to the reflections of the environment.  [1] N. Roosnek, An 
acoustic pipeline tracking and survey system for the offshore. In Proc. of the 8th 
European Conference on Underwater Acoustics, Carvoeiro, Portugal,  2006 
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DEPTH AND RANGE SHIFT COMPENSATION 
USING WAVEGUIDE INVARIANT PROPERTIES 
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António João Silva, Universidade do Algarve, Escola Superior de Técnologia, Campus da 
Penha, PT-8005-139 Faro, Portugal; Fax.: +351 289888405, email: asilva@ualg.pt  

Abstract:  In most underwater acoustic experiments acoustic sources and hydrophone 
arrays are moored so as to provide a geometry as controllable as possible. A more 
operational approach is to use moving sources and light drifting acoustic buoys but in 
such cases the data exhibits continuous phase and amplitude changes due to depth and 
range shifts. This may be problematic when the processing of collected acoustic data 
requires the use of correlation between successive received signals, e.g., in passive time 
reversal where a probe-signal is sent ahead of the data-signal for post crosscorrelation. 
An identical problem arises when the source is placed in a continuously moving and 
unstable autonomous underwater vehicle. Up to now, only the range shift is usually 
compensated by using data processing techniques, for example, by applying an 
appropriate frequency shift to the acoustic field based on waveguide invariant theory. This 
paper formulates the hypothesis that array and source depth fluctuations can also be 
compensated by using a frequency shift of the received pressure field. Acoustic 
simulations and real data collected during the MREA’04 experiment suggest that the 
frequency translation required for the array and source depth compensation can be 
computed using new invariant properties of the waveguide. 

Keywords: Acoustic time reversal, waveguide invariant, shallow water propagation, 
normal mode models. 
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1. INTRODUCTION  

A realistic scenario for Rapid Environment Assessment (REA) with acoustic means 
involves an Autonomous Underwater Vehicle (AUV) performing an underwater survey 
and an easy to deploy free drifting buoy as interface between the AUV and the operational 
command [1]. In that context an acoustic communication link between the AUV and the 
free drifting buoy is required and it would be important to have a real time geometric 
characterization of the scenario, including source-array range and array and source depths. 
Passive time reversal (pTR), because of its simplified equipment and processing setup, can 
be used for acoustic communication between the AUV and the surface free drifting buoy. 
In fact, pTR only requires the use of a source and single receiving array and a probe-signal 
should be transmitted ahead of the data-signal in order to provide an estimate of 
underwater channel Impulse Responses (IRs). Time focusing is then performed 
synthetically at the array side by simply convolving a TR version of the estimated IRs 
with the incoming data-signal. In the presence of a moving source and a free drifting array 
pTR rapidly looses its time focusing capability mainly due to geometric mismatch, and up 
to now no attempt has been made to incorporate the geometric tracking capability in pTR.   

Active Time Reversal (aTR) is a conceptually similar technique where previous work 
by Song el al. [2] addresses the focal spot range shift problem by using a frequency 
translation of the array received acoustic field. The technique can be readily applied in 
pTR, making it possible to perform source-array range tracking. In [3] a different strategy 
is presented for aTR focal spot depth shift, but it is not versatile for a real time automatic 
application.  

This paper presents a set of simulations and real data observations that support the 
hypothesis that frequency shifting the probe-signal not only compensate for range shift 
between the probe-signal and the data-signal transmissions, but it can also be used to 
compensate for the source and the receiving array depth shifts. If applicable to pTR-based 
underwater communications, such techniques will allow for the dynamic compensation of 
the geometric mismatch along time between the probe-signal and the data-signal 
transmissions.  

2. FREQUENCY SHIFT COMPENSATION OF GEOMETRIC MISMATCH  

In the frequency domain at ranges greater than a few water depths the acoustic field 
generated by a monochromatic point source at each hydrophone of a receiving array with 
I  hydrophones can be given by its normal modes Green’s function 
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where i
i

 is the hydrophone index, m  is the mode number, ρ  is the (assumed) constant 
water density, R  is the source array range, mψ is the m  mode shape, mk is the mode 

horizontal wavenumber, 0ς  is the source depth, iς  is the hydrophone depth, and ω  is the 
signal frequency. The acoustic field synthetically generated by pTR in a static 
environment is given by 
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where, for simplicity, it is considered that )(⋅Ψm  and )(⋅mk  are real quantities, which is 
similar to ignore the leaky modes and consider the loss mechanisms to be negligible. 
Additionally, in (2) it was considered that the array spans the entire water column and that 
hydrophone spacing is sufficiently dense in order to satisfy the orthogonality of sampled 
normal modes. Since PCP  is approximately constant in the frequency domain, in the time 
domain it will result in a weighted dirac )(tPTRδ . The notation TRP  will be used in the 
illustrative examples and PCP  will be used in the mathematic formulation.  

In the following it will be considered that the pTR is applied with two consecutive 
probe-signals. The mismatch in range, array depth and source depth affects the second 
transmitted probe-signal (index n  in (2)), and compensation is applied to the first 
transmitted probe-signal (index m  in (2)). The resulting ambiguity surface 

),(
0,,; oncompensatimismatchP

iRTR ςς  will be observed in the time domain. The simulations 
were performed with the C-SNAP normal mode model in a range independent 
environment, with 120 m water column depth, over a 1.5 m silt bottom and gravel sub-
bottom. The sound speed profile is downward refracting, varying between 1512 and 1505 
m/s with a thermocline in the first 15 m. The canonical geometric values are 70 m source 
depth, 700 m source-array range, 32 uniformly-spaced array elements with a 60 m 
aperture such that the last hydrophone is placed at 89 m, and the source-array range is 700 
m. Probe-signals are narrowband pulses from 3.2 to 4 kHz.  

2.1 Range Compensation 

In the presence of range mismatch between two consecutive probes the resulting pTR 
acoustic field, compensated by a frequency shift according to [2], will be given by   
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where in the denominator the approximations )()()()( ωωωωω nmnm kkkk ≈Δ+  and 

)( rRRR Δ+≈ were used. In (3) it is clear that the range shift rΔ  mainly affects the 
exponential term, and the compensation mechanism will use a frequency shift ωΔ  in 
order to make the approximate ))(()( rRjkRjk nm ee Δ+−Δ+ ≈ ωωω  for nm = . Fig 1 shows the 
resulting ambiguity surface ),(; ωΔΔ⋅ rPTR , where the dashed line represents the non 
compensated case, * marks the empirical maximum for each range shift and the 
continuous line traces the maxima predicted by waveguide invariant theory. Fig. 1(a) 
shows ),(; ωΔΔ⋅ rPTR , where by comparing the dashed line with the other two one can see 
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that up to a range shift of 45 m there is a gain due to the compensation. Fig. 1(b) shows 
the ),(; ωΔΔ⋅ rPTR  unwraped phase in the previously defined trajectories, where one can see 
that the linear approximation results in a linear variation of phase with the range shift, 
which is of main importance for coherent communications since it simplifies phase 
tracking.  

(a) 

 

(b) 

 
Fig.1: Simulated ),(; ωΔΔ⋅ rPTR  ambiguity surface, magnitude (a), angle (b) 

Such compensation is made possible by the waveguide invariant property [2] by using 
the slope invariantβ  that can be considered approximately constant for a limited group of 
modes and narrowband signals. In the present simulation the number of propagating 
modes is limited to 500.   

2.2 Array Depth and Source Depth Compensation 

In the presence of array and source depth mismatches between consecutive probes, the 
resulting frequency shift compensated pTR acoustic field will be given by   
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(4)

where AςΔ  is the array depth shift, SςΔ  is the source depth shift, and ωΔ  is the 
frequency translation compensation mechanism. In (4) there exists a violation of mode 
orthogonality due to AςΔ   and SςΔ  that causes a loss in performance due to the out-of-
phase product of the two source position mode shapes. In both cases the compensation is 
made by a frequency shift ωΔ  over mk . Fig. 2 shows the resulting )(⋅TRP ambiguity 
surface for the compensated array depth mismatch (Figs. 2a-b) with 0=Δ Sς , and for the 
compensated source depth mismatch (Figs. 2c-d) with 0=Δ Aς , where the behaviour is 
similar to the one observed in Fig. 1 and similar comments apply. Such similarity allows 
for the intuitive idea that here there should be a waveguide invariant similar toβ  in Sec. 
2.1. 
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 (a) 

 

(b) 

 
 (c) 

 

(d) 

 
Fig.2: Simulated ),(; ως ΔΔ⋅ ATRP  ambiguity surface, magnitude (a), angle (b); Simulated 

),(; ως ΔΔ⋅ STRP  ambiguity surface, magnitude (c), angle (d) 

 
3. REAL DATA FREQUENCY SHIFT COMPENSATION  

(a) 

 

(b) 

 
Fig.3: Real data );,(; ως ΔΔΔ⋅ ATR rP  ambiguity surface, magnitude (a), maximum trajectory  
power spectrum density (b) 

The real data were collected during the MREA’04 sea trial [4], with the source 
suspended at a nominal depth of 70 m, from the NRV Alliance in free drifting mode, and 
an 8-hydrophone array suspended from the also free drifting Acoustic Oceanographic 
Buoy [1]. Under such conditions only range mismatch rΔ  and array depth mismatch AςΔ  
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are expected for each tΔ  between the initial and subsequent IRs estimated from an 18-
second PSK data communication signal after Doppler compensation (see [5] for details). 
During the experiment a costal monitoring buoy measured wave heights of approximately 
0.63 m with frequency between 0.43 and 0.40 Hz. Fig. 3(a) shows the ambiguity surface 

);();,( ωως ΔΔ≡ΔΔΔ tPrP TRATR . The dashed-line is the estimated compensation 
computed from GPS data using the waveguide invariant property as in [2], assuming that 
only a range shift is present. The continuous line represents the ambiguity surface 
maximum along time and frequency shift. Fig. 3(b) shows the power spectrum density of 
the ambiguity surface along the maximum trajectory, where one can see a peak at 0 Hz 
that is due to the continuous range shift compensation and a clear side lobe at 0.39 Hz that 
is in good agreement with the surface wave frequency. Such results allow one to speculate 
that the frequency shift is simultaneously compensating for the continuous range drift and 
for the depth swinging of the surface suspended array. 

4. FUTURE WORK 

In the pTR context, real data and simulations corroborate the hypothesis that a 
frequency shift is able to compensate for the geometric mismatches in the vicinity of its 
nominal values, even at high frequencies. For the range mismatch such compensation is 
based on the known waveguide slope invariant. For the source and array depths (due to the 
similarities with the range case) it is expected that other two new waveguide invariants are 
involved. Future work will address the theoretic foundations of those new invariants and 
will explore their usefulness in the development of a physical-based equalizer for 
underwater communications.  
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Abstract:  It’s very difficult to measure the low-frequency radiated noise of some quiet 
targets (e.g. the advanced diesel-electric submarines and various AUVs) in different 
maneuvering states. A new measure scheme is provided based on a long optical-fiber 
hydrophone array laid on the sea floor. In order to obtain the exact radiated noise 
characteristics, an efficient near-field beamformer is put forward which adopts Stolt 
interpolation methods from seismic migration imaging techniques. The near-field 
beamforming algorithm operates in frequency-wavenumber (F-K) domain and computes 
efficiently through FFTs. the first principle-validating experiment is performed in a lake-trial, 
in which a 32-hydrophone array and two low-frequency sources are used. The experiment 
measurement results verify the feasibility of the sea-floor measurement scheme. 
Key words: Near-field beamforming, Wave-field extrapolation, Stolt interpolation, radiated noise imaging 
 
1.  INTRODUCTION 

Sometimes the near-field measurements are seemly inevitable due to the weak noise radiated by 
some quiet targets and the strong environment noise. Meanwhile the measuring radiated noise 
structure/image are very desirable for the noise-control engineering and the target noise mechanism 
analysis. Comparing with the aperture of the low-frequency line array, the measured targets sometimes 
can’t be far enough to fulfill the far-field condition: 

λ2Lr < ; 

Here, r is the range between the target and array which aperture is L , and λ is wavelength of signal 
frequency band. As we known, the assumption of plane wave propagation is no longer feasible in the 
beamforming for the near-field targets. The most natural approach is the delay-sum processing based on 
the curve wavefront. Unfortunately, the method needs huge amount computation. The second approach is 
called wave-field extrapolation [1] developed in the field of seismic migration techniques. This method not 
only adjusts the time-delays of the wavefront but also involves the element magnitude effects. In the case 
of homogeneous media, the calculation will be more efficient by the Stolt interpolation [2,3] in the 
frequency-wavenumber domain.  
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2. Wave field extrapolation and Stolt interpolation 

In the frequency-wavenumber domain, the wave-field extrapolation is simplified as multiplying a 
propagation factor. Assumption a uniformed line-array (ULA) is deployed along the x axis, and z the 

imaging distance of the conceptual plane in the direction orthogonal to x. The sound field in the 1+= izz  

plane can be deduced form that of izz =  plane.  The recursive equation may be written as: 

{ };)(exp),,(~),,(~ 22
1 zkcjzkPzkP xixix Δ⋅−=+ ωωω                         (1) 

Where ),,(~ ωix zkP is the 2D Fourier transform of the acoustic pressure field ),,( tzxp i in the izz =  

plane, c is the sound speed and the range increment ii zzz −=Δ +1 ; 

If the sound velocity doesn’t change with range and zΔ  be a constant, the recursive factor also 
keeps unchanged. Hence, the complexity of the wave-field extrapolation is acceptable in the wave-field 
imaging.  

The signal waveform of any location in the acoustic field is important for the target noise analysis 
and can be written as: 
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Where the key step is obtaining ),0,(~
zx kkP ′ by the so-called Stolt interpolation from ω  to zk . 

Significantly formula (3) takes on the format of 2D Fourier transformation of xk  and zk . The calculus 

kernel ),0,(~
zx kkP ′  is rearranged for applying fast Fourier Transform (FFT) algorithm, so the absolute 

value of zk  should be taken. 

The near-field beamforming results are therefore acquired with the following sequence. 
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1) 2-D FFT of the array received data; 

2) Interpolation processing form ω  to zk ; 

3) Multiplication times the complex exponential term of (3) for each t . 
4) Inverse 2-D FFT. 

Note that the overlap segmenting and recombination procedure[4] are necessary for continuous signal.   
     

3. The numerical simulation  
The numerical simulation has been implemented to test the performance of near-field beamforming 

algorithms. A uniform line array (ULA) with 64 elements is given with spacing of 0.5m. 9 point sources 
are on the crosspoints of the lines ( x= -16m, 0m, +16m; and z= 8m, 20m, 40m. Assumption the projected 
signals are monochromatic waves in case I and independent band-limited Gauss noises (500-1kHz) in case 
II. In simulation processing the near-field delay-sum algorithm (NFCBF, Near-Field Conventional 
BeamForming), the Recursive Wave-Field Extrapolation methods (RWFEX), and Wave-Field 
Extrapolation by Stolt interpolation (WFEXS) are examined. In simulation algorithm, the Stolt 

interpolation from ω  to zk adopts the spline-interpolation algorithm for each fixed xk . The imaging 

results of the 9 sources are given in Figure 1 and 2, all normalized and showing in contour maps. In Case I, 
the 9 sources emitting cosine wave of 1500Hz, and the qualities of images are not good. Ii is very difficult 
to discriminate all the 9 point sources because of the strong coherent wave-field interferences and the 
sidelobe effects. The image of RWFEX methods is relatively better than the other two. In Case II, given 
the emitting signals are independent band-limited noise, the image quality improved significantly (Shown 
as Figure 2). Again, we find the RWFEX method has the best focusing performance. The image of 
WFEXS method can be improved by increasing the spatial sampling area (see as Fig 2. c and d), because 
there is some information loss in the Stolt interpolation step. Hence the interpolation process is the most 
important step to control imaging performance.   
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         (a) NFCBF                     (b) RWFEX                     (c) WFEXS 

Fig.1: The comparisons of formal imaging methods for the 9 coherent CW sources 
 (Case I) 
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     (c) WFEXS                 (d) The WFEXS with 2 times processing range. 
Fig.2:The comparison of 3 imaging methods for the 9 independent noise sources 

 (Case II) 
 
4. The Lake-Trial results 
    In order to verify the wave-field imaging method, a lake-trial is performed in the underwater 
acoustic station of IOA (Institute of Acoustics) on Oct. 2006. As shown in Figure 3, the experiment 
system is disposed in 2 boats. A 32-elements ULA with spacing of 0.5m is placed horizontally in water of 
9m depth. Two low-frequency transducers (FM750 and UW350, in the depth of 8m and 9m, respectively) 
are used as point sources. The transducer FM750 projects Guass noise signal in 500-1kHz band and the 
transducer UW350 with independent noise in 500-1600Hz band. Figure 4-6 show the images of the 
preceding methods. Once again, the RWFEX method obtains the best results. The WFEXS method has 
some energy expanded due to the information loss of interpolation processing. Then the WFEXS image 
can be improve by enlarging the imaging area (so less sampling interval in wavenumber plane), and 
inevitably computational efficiency has to be sacrificed.   
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Fig.3:The configuration of the experiment system  Fig.4:The sources image with NFCBF method. 
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Fig.5:The sources image with RWFEX method .  Fig.6: The sources image with WFEXS method. 
 
5. Conclusions 

Several near-field imaging methods (the near-field CBF, recursive wave-field extrapolation and the 
wave-field extrapolation by Stolt interpolation) are discussed and compared through numerical 
simulations and Lake-Trial results. The RWFEX method gets the best quality images even in the coherent 
sources case. The WFEXS method has the same principle with RWFEX, but the imaging quality is the 
worst due to the information lost in the interpolation process, in despite of its virtue of computational 
efficient by FFT. The near-field CBF also gets good imaging performance, but the large computational 
complexity commonly restricts its use.  

The fore-mentioned near-field imaging methods are all principle-feasible for the radiated noise 
imaging. The next program-validating work is to improve algorithms in different situations, especially in 
low signal-noise ratio and spatial irregularly sampling cases. 
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Abstract: Linear frequency modulated chirp signals are used in radar and sonar system. The 
signals may by easily compressed to increase range of the system. To obtain compressed 
signal with small sidelobes, weighting function must be implemented. The paper describes 
some methods of chirp signals weighting that may by useful especially for signals with low 
compression ratio. 
 
 
Keywords: signal processing, chirp signals, signal compression, sonar system,  
 
 
1. Introduction 
 

Linear frequency modulated (LFM) chirp signals are widely used in radar and sonar systems. 
The basic requirement for a radar and sonar is to detect an object and determine its spatial 
position. In the simplest case, very short  signals are transmitted. The angular position of the 
object can be found by measuring the direction of propagation of the reflected signal. The 
distance from the target  may be determined by the delay of the received signal. Also, the velocity 
may be determined by measuring the shift of frequency caused by the Doppler effect.  

To increase the maximum range without degradation of spatial resolution, the pulse 
compression  systems are used [1]. 

Formerly the chirp signals were generated and compressed using surface acoustic wave 
dispersive delay lines. At present digital signal generators and compressors are used most 
commonly.  
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2. LFM chirp signal properties 
 

The LFM chirp signal (fig. 1) is described by the formula: 
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where: 

f0 – center frequency, 
B – bandwidth, 
T – dispersion time, 
A – amplitude. 
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T

 
 

Fig. 1. Linear frequency modulated chirp signal. 
 

The shape of frequency response of the signal depends on the TB product. For large TB 
products (over 100) the frequency response is almost rectangular.  

To compress the signal  matched filter may be used. In this case the compressed signal with 
narrow mainlobe and –13dB sidelobes is obtained (fig. 2).  

 
 

Fig. 2. Compressed signal. 
 

These sidelobes may mask small targets or may be mistaken for targets themselves [2]. To 
reduce the sidelobes some amplitude weighting of the compressor, for instance Hamming 
weighting (fig 3), may be implemented. It allows to lower the sidelobes level below -42dB (fig. 
4). 
 

 
 

g(t)

t

13dB

2/B
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       Fig. 3. Hamming weighting function      Fig. 4. Signal compressed using Hamming  

          weighting function. 
 

In practice, especially for signals with TB product less then 100 it is difficult to obtain such low 
sidelobes level. It is caused by amplitude ripple of LFM chirp signal. An example of frequency 
response of LFM chirp signal with TB product 30, is presented in fig. 5. Calculations were made 
for signal with following parameters: 
 centre frequency – 70 MHz, 
 bandwidth – 5 MHz,  
 dispersion – 6μs. 

The sidelobes level is higher than the theoretical value especially for signals with low TB 
product. It is cased by high amplitude ripple on the expander characteristic. Dependence of the 
side lobes level on TB product is presented in fig. 7. 
 

 
Fig. 5. Frequency response of LFM chirp  
signal with time bandwidth product TB=30. 

      Fig. 6. Dependance of the sidelobe  level    
      on TB  product for LFM chirp signal. 

 
 
The smaller the time - bandwidth product, the larger the amplitude ripple becomes and the 

greater the sidelobe degradation. For TB product greater than 100 sidelobes level is almost equal 
to  theoretical value -42 dB. 
 
 
3. Linear frequency modulated chirp signals with extentions 
 
Amplitude ripple of the expander can be decreased by adding frequency extensions to transmitted 
signal (fig. 7.) [3]. 
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Fig. 7. Linear chirp signal with extensions. 

 
Duration TIME of the extensions depends on the expander bandwidth and usually is less than 

100 ns. Frequency characteristics and compressed signal are presented in fig. 8 and 9.  
 

 
Fig. 8. Frequency response of chirp signal 

with extensions 
Fig. 9. Compressed signal. 

 
 
 Comparison of  sidelobes levels for signals with and without extensions is presented in fig. 10.  

 
Fig. 10. Dependence of the sidelobes  level on TB product for signals with and without 

extensions. 
 

For signals with extensions, sidelobes levels depends not only on TB product, but also on the 
bandwidth of this signal. If bandwidth is wider, the sidelobes are lower.  

62.50 65.00 67.50 70.00 72.50 75.00 77.50
f [MHz]

-30.00

-20.00

-10.00

0.00

A [dB]

-5.00 -2.50 0.00 2.50 5.00
t [us]

-60.0 0

-40.0 0

-20.0 0

0.0 0

a(t)

10.00 100. 00 1000.00

-45.00

-40.00

-35.00

-30.00

-25.00

-20.00

A [dB]

TB

without extentions

B=5MHz

B=10MHz

t-T/2

T/2

-B/2

B/2

TΔ

TΔ

Δ B

Δ B

f

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1330



4. Reciprocal ripple design of compressors 
 

Another method of minimizing the sidelobes level is to provide appropriate compensation in 
the design of the compression weighting function [4]. If the chirp waveform has a spectrum S(f), 
and desired compressed pulse spectrum is W(f), the compression filter characteristic is given by: 

  ( ) ( )
( )fS

fWfH =          (2) 

 The desired compressor frequency characteristic for signal with TB product equal to 30 is 
shown in fig. 11.  This function has a sharp truncation at the band edges, and so has an infinitely 
long time domain impulse response. When this impulse response is truncated, some amplitude 
characteristic ripple are introduced (fig. 12.). 

 
Fig. 11. Desired frequency responce of the 

compressor. 
Fig. 12. Theoretical frequency characteristic 

after truncation of impulse response. 
 

This ripple causes time sidelobes of the compressed pulse known as gating sidelobes (fig. 13). 
The magnitude of the gating sidelobes is related directly to the length of the utilized time domain 
response. Dependence of compressed pulse sidelobes levels on TB product is presented in fig. 14. 
Computations are made for various values of gating time in the range from T to 2T where T is 
dispersion time.  

 

Fig. 13. Compressed signal. 
 

Fig. 14. Dependance of compressed pulse 
sidelobe levels on TB product for various 

values of gating time 
It can be seen, that to obtain low sidelobes the gating time should be significantly increased, 

especially for signals with small TB product. 
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5. Influence of Doppler shift on output signal sidelobes level 
 
Main disadvantage of the reciprocal ripple design is high sensitivity of output signal sidelobe 
level to Doppler shift of the transmitted signal. This could be expected since a shift of the 
transmitted spectrum could cause the ripples in the compensated compression line to add to the 
ripples in the expanded chirp spectrum rather than cancel them.  For Doppler shifts that are so 
large sidelobes tend to asymptote to the sidelobe levels obtained with two unweighted chirp filters 
and external weighting filter. Dependence of sidelobes levels on Doppler shift for various values 
of compression ratio is presented in fig. 15. Degradation of sidelobe level is very large in 
comparison with conventional design (fig. 16.).  

 
Fig. 15. Dependance of sidelobes level on 

Doppler shift for various values of 
compression ratio 

Fig. 16. Dependance of sidelobe levels on 
Doppler shift for conventionally weighted 

compressor. 
 
This sensitivity to small Doppler shifts is the most limiting factor that restricts this method of 

improvement of the sidelobes performance. Fortunately this sensitivity is not too severe for small 
values of compression ratio for whitch this method is most effective. For large values of Doppler 
shifts it may be better to use conventionally weighted compressors. 
 
 
5. Conclusion 
 

Because of its simplicity linear chirp filters are used most commonly in the radar systems 
applications. To lower the sidelobe levels, for small values of TB product, signal with extension 
may by implemented. If large values of Doppler shifts are not expected, reciprocal ripple design 
of the compressor can also be used. 
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Reconstruction of 3D seafloor images from side scan sonar records 
 

Krzysztof Bikonis, Marek Moszynski 
 

Abstract: Side scan sonar is one of the most widely used imaging systems in the 
underwater environment. It is relatively cheap and easy to deploy, in comparison with 
more powerful sensors like multibeam echosouder or synthetic aperture sonar. 
Although side scan sonar does not provide directly seafloor bathymetry, its records 
are directly related to seafloor images. Moreover, the analysis of such images 
performed by human eye allows creating semi-spatial impression of seafloor images 
obtained from side scan sonar echograms. In the paper, the modified EMS 
(Expectation, Minimalisation, Smoothing) algorithm was introduced, which allows 
3D reconstruction of seafloor shape from side scan sonar records. Initially, algorithm 
uses a Lambertian scattering model for seafloor backscattering echo records, which 
represents sonar image intensities as a function of the parameters describing the 
seafloor surface. The parameters of the model are subject of adaptive tuning by the 
algorithm until convergence is achieved. Additionally, it uses algorithmic approach 
known from game theory to calculate unknown incidence angle required by 
application of inverse techniques in reconstruction of recorded images.   
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 UNDERWATER ACOUSTIC LENS MARGIN TEST FOR 
APERTURE DIAMETER AND INCIDENT ANGLE LIMITATION 

Sayuri MATSUMOTOa, Takenobu TUCHIYAb, Tetsuo ANADAb, Nobuyuki ENDOHb 

aPort and Airport Research Institute, 3-13-1, Nagase Yokosuka 239-0826, JAPAN 
bKanagawa University, 3-27-1, Rokkakubashi Kanagawa-ku Yokohama, 221-8686, 
JAPAN 

Sayuri MATSUMOTO: +81-46-844-5075, E-mail: matsumoto-s@pari.go.jp. 

Abstract: A 3-D type underwater acoustic imaging sonar has needed to check safety 
during underwater construction or to survey after underwater construction at port, 
seawall and so on.  Authors have been studied acoustic field behind acoustic lens by PE 
(parabolic equation) method, lens material examination to determine refraction index, an 
acoustic lens designed using by optical method and measurement its acoustic fields.  

By the way, to design an acoustic lens an aperture diameter and an incident angle 
limitation are very important. In this paper, especially incident angle limitation is 
discussed. To introduce an acoustic lens design using optical lens design software 
OpTaliX based on ray theory, a margin of acoustic beam width was investigated.  
To decide incident angle limitation, a designed wide angle model lenses were by OpTalX, 
calculated acoustic fields behind the lens prefer to the geometric ray diagram. Then the 
designed lens was manufactured and measured its focused acoustic fields in water tank. 

Keywords: Acoustic Lens, Incident Angle 
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1. INTRODUCTION  

In port and harbour area, underwater imagines have needed to maintain safety 24 
hours a day. Some types of previous work have been succeeded like DIDSON [1], but 
authors need a different type 3D acoustic imaging sonar system that’s why to do location 
survey in murky water. Our previous works were reported a refraction index measurement 
in material and focal characteristic of spherical lens by PE method in ECUA 2006 [2]. 
Then a multi acoustic lens system was designed using OpTaliX (Optical lens designed 
software based on geometric ray path) [3] and in view of above results. Measured acoustic 
fields behind its lens system almost matched calculation results by both PE (parabolic 
equation) [4] and OpTaliX. That is to say, the multi acoustic lens system designed by 
OpTaliX seemed reasonable [5]. However, acoustic beam width is wider than optical one. 
To design an acoustic lens OpTaliX should allow for a margin of beam width. Then a 
wide view single lens was designed and turned out to research acoustic beams separation 
each angle on the focal surface.  

2. WIDE VIEW SINGLE LENS (LENS B) DESIGINE AND MANUFACTURE 

A wide view single lens (lens B) that allowed geometric unsharpness is less or equal 
55.0φ  mm, if an entire visual angle was up to 8.0 deg was designed. The lens material is 

acrylic and refraction index is 0.532 at a temperature of 18.0 deg. [6]. Lens effective 
diameter 150φ and real diameter 156φ  were assumed. The lens design is if an entire visual 
angle is up to 8.0 (image diameter 6.21φ  mm equivalent), geometric unsharpness is less 
or equal 55.0φ  mm (Fig.1). In this figure, red curves show lens and red and green straight 
lines show geometric ray path at incident angle of 0.0, 2.0, 3.0 and 4.0, respectively. In 
this figure, a focal area is curve surface and its diameter is 21.6 mm.  

The first surface equation is  

( ) ( )8

22

2

1 10052.2
)6.364())0.16(1(11

)6.364( −×−+
−−+−+

−
=

Y

YYZ A  

 
 

 

 
 
 
 
 
 
 
 
 

 

Fig.1 Wide view single lens (lens 
B) geometry.  Red curve: lens, 
Straight line is incident angle deg: 
red=0.0, green=1.0, blue= 2.0, 
pink=3.0, light blue=4.0. 

GE1285_B00

100.0000 mm
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The second surface equation is 
 

( ) ( ) 48

22

2

2 10927.1
)92.84())1030.0(1(11

92.84 Y
Y

YYZ A
−×+

−+−+
=  

 
Behind the designed lens acoustic fields were calculated by PE method (Fig.2) to 

investigate whether or not to match ray path results and PE one. Fig.2 (a)-(c) show at  
incident angle 0.0, 2.0 and 4.0 deg. 
respectively. The figure said focal 
points shifted upper gradually with 
an increase in incident angle. The 
maximum focal points coordinate 
in each Fig.2 (a)-(c) was plotted in 
Fig.2 (d) as plus. In the figure, the 
vertical axis shows height 
expansion in the range between 
from lens centre to 15.0 mm. 
Lower and upper dotted lines are 
lens centre and focal radius (=10.8 
mm), respectively. The focal point 
coordinate shifted plus vertical and 
minus horizontal axis direction 
gradually with an increase in 
incident angle. And the points in 
this figure are equivalent to ray 
path results in Fig.1. In other 
words, the ray diagram of the 
acoustic lens design corresponds to 
PE method results at all incident 
angles up to 4.0 deg. 

Manufactured Lens B was 
made from acrylic resin is shown 
in Fig. 3 and Picture 1. In fig.3, 
left side shows front side and right 
side shows cross-section. In 
Picture 1, left side shows surface 
S1, right side shows surface S2. 

 
 
 
 

Fig.2 Calculated acoustic lens B by 
PE method.  Incident angle is (a) 
0.0 deg. (b) 2.0 deg. (c) 4.0 deg. (d) 
is focused position as shown in 
from (a) to (c).
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3. MEASURED ACOUSTIC FIELD BEHIND LENS B  

 
Acoustic fields behind the designed lens were measured in water tank (Fig.4). 10 

wave numbers burst wave at a frequency of 1 MHz propagated along a sound axis and 
thorough the acoustic lens, received it by a hydrophone. The hydrophone could be located 
on any points by triaxial moving apparatus, which brought measured acoustic fields results 
at each XY, XZ and YZ plane. 

The source position was a coordinate origin, the lens centre was adjusted to 
X=Z=0.0 and Y=0.15 m. Acoustic fields were measured at a source angle 0.0, 4.0 and 8.0 
deg. respectively. The 8.0 deg. is just for comparison of other one, in this case. Note that 
the source tilt angle was substituted for the lens rotation by a rotating shaft system. 

Picture 1 Plus power sound concentrating aspheric lens. 

S1 S2 

Fig. 3  Plus power sound concentrating aspheric lens draft. 

Cross-section A-A’ 
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Some results at XY plane were shown in Fig.5. (a) is in case of incident angle 0.0 
deg. that shows sound propagated along the Y axis. That because almost of all sound go 
through the lens centre, it means no refraction. (b) is in case of incident angle 0.4 deg. that 
shows sound propagated almost along the Y axis, but the sound band shows little uptilt. 
(c) is in case of incident angle 0.8 deg. that shows sound propagated almost along the Y 
axis with little uptilt as same incident angle 0.4 deg. The sound band tilt angle in case of 
0.8 deg is larger than in case of 0.4 deg. Any results wouldn’t be shown sound 
concentration property. The reason why the range seems between the source and the lens 
was too short to broaden adequately under the small water tank constraint. 
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Fig.5 Measured acoustic fields behind Lens B (XY plane) 
Acoustic lens rotation angle is (a) 0.0, (b) 4.0 and (c) 8.0 deg. 
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4. CONCLUSIVE REMARKS  

Authors have been studied an acoustic lens design and manufacture for 3D acoustic 
imaging sonar system to do location survey in murky water in port and harbor area. In this 
paper, to introduce an acoustic lens design using optical lens design software OpTaliX, a 
margin of acoustic beam width was investigated. 

 A wide view single lens (lens B) that allowed geometric unsharpness is less or 
equal 55.0φ  mm, if an entire visual angle was up to 8.0 deg was designed. Behind the 
designed lens acoustic fields were calculated by PE method, the ray diagram of the 
acoustic lens design corresponds to PE method results at all incident angles up to 4.0 deg. 
(equal to entire visual angle is 8.0 deg.) 

Then designed Lens B was manufactured. Its material is acrylic resin. Acoustic 
fields behind it were measured in water tank. Any results wouldn’t be shown sound 
concentration property. These results would be analyzed until my presentation. 
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REDUCED SCALE EXPERIMENT OF  
SINGLE SPHERICAL BICONCAVE ACOUSTIC LENS SYSTEM 

FOR AMBIENT NOISE IMAGING 

Kazuyoshi Moria, Hanako Ogasawaraa, Toshiaki Nakamuraa 

a Department of Earth and Ocean Sciences, National Defense Academy of Japan, 1-10-20 
Hashirimizu, Yokosuka, Kanagawa 239-8686, Japan 

Kazuyoshi Mori: Fax: +81-46-844-5902. Email: kmori@nda.ac.jp 

Abstract: Much attention has been paid to the new idea of detecting objects by using 
ocean ambient noise. This concept is called ambient noise imaging (ANI). Since an 
acoustic lens system would not require a large receiver array and a complex signal 
processing unit for two-dimensional beam forming, minimization would be facilitated and 
ANI system costs would be reduced. The authors analyzed the sound field focused by an 
acoustic lens system constructed with a single spherical biconcave lens using the Finite 
Difference Time Domain (FDTD) method to design an ANI system. The analysis to 
determine the size of the lens aperture was carried out in the last study. At an aperture of 
2.0 m, –3 dB areas, which have less pressure than the maximum pressure at the image 
point, almost do not overlap each other at every degree of the incident angle. Therefore, 
the lens with an aperture size of 2.0 m has sufficient resolution for realizing the ANI 
system; for example, the beam width is 1 deg at 60 kHz. In this study, to confirm the 
FDTD analysis result, we performed a reduced scale experiment of one-fifth space in a 
water tank. The lens, made of acrylic resin, has an aperture of 400 mm and a radius of 
curvature of 500 mm. A burst pulse of 5 cycles at 300 kHz, in which the frequency 
increases 5 times, radiated from the sound source. The sound pressure after passage 
through the acoustic lens was measured by moving the receiver at intervals of 1 mm 
around the image point. The results show that the shape of –3 dB area is similar to that of 
the FDTD analysis result at normal incidence, which suggests that this lens has sufficient 
resolution to use in an ANI system. 

Keywords: ambient noise imaging, spherical biconcave acoustic lens, FDTD method, 
reduced scale experiment 
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1. INTRODUCTION  

In a traditional sonar system, target detection is hindered by ocean ambient noise, as 
noises distort the sound characteristics of target signals. There is a new method, developed 
by Buckingham et al., which views ambient noise as a sound source rather than a 
hindrance and which is neither passive nor active sonar. Buckingham’s research group 
called this process ambient noise imaging (ANI) [1]. Some systems have been built for 
ANI. The Acoustic Daylight Ocean Noise Imaging System (ADONIS), consisting of a 3 m 
diameter spherical reflector faced with closed-cell neoprene foam and having an array of 
126 piezo-electric ceramic hydrophones attached to the focal surface, was built by 
Epifanio and Buckingham et al. at the Scripps Institute of Oceanography of the University 
of California. Using this system, silent target objects were successfully imaged against the 
ocean’s natural background noise, which was mainly generated by snapping shrimp [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. at the Acoustic Research Laboratory of the 
National University of Singapore. They successfully detected target objects using 
snapping shrimp noises in the warm shallow waters around Singapore [3].  

On the other hand, an acoustic lens system would 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. The analysis of a sound field focused by an acoustic lens is indispensable to 
the designing of such ANI systems. To obtain a sound pressure field focused by a 
biconcave acoustic lens at the normal incidence of spherical waves, the authors in previous 
studies carried out numerical analysis using the 3-D Finite Difference Time Domain 
(FDTD) method. The results of the analysis were compared with the experimental results 
observed in a water tank and were in good agreement [4, 5]. In our last study, we analyzed 
a sound pressure field focused by an acoustic lens system constructed for an ANI system 
with a single spherical biconcave lens using the 2-D and 3-D FDTD method. Our aim was 
the development of a lens with a resolution similar to the beam width of ROMANIS, 
which is 1 deg at the frequency of 60 kHz. In an analysis using the 2-D and 3-D FDTD 
method, the aperture size of 2.0 m with sufficient resolution was roughly determined by 
comparing the image points and –3 dB areas of the sound pressure fields obtained by 
lenses with various apertures. Additionally, in another analysis using the 2-D FDTD 
method, detection of the scattering waves of rigid target objects in an acoustic noise field 
generated by a large number of point sources was attempted using a lens with the aperture 
determined as described above. The difference in spectra levels between the target 
direction and the other directions was greater than 5 dB over 40 kHz for front-light 
sources or over 50 kHz in back-light sources [6, 7]. 

In this study, to confirm the numerical analysis results using the 3-D FDTD method, we 
performed a reduced scale experiment of one-fifth space in a water tank. The lens, made 
of acrylic resin, also has one-fifth sizes of the aperture and radius of curvature in the 
numerical analysis condition. A burst pulse radiated from the sound source, with the 
frequency increasing five times. The sound pressure after passage through the acoustic 
lens was measured by moving the receiver around the image point. We then compared the 
experimental results of the sound pressure distribution and –3 dB area with the numerical 
analysis results. 
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2. NUMERICAL ANALYSIS USING THE 3-D FDTD METHOD 

The arrangement for the 3-D FDTD method [8, 9] is shown in Fig. 1. Figure 1(a) shows 
the analysis domain of the x-z plane (y=0) bounded by the absorption layer (shown here in 
gray). The y-z plane and x-y plane are shown in Fig. 1(b) and Fig. 1(c), respectively. The 
lens, made of acrylic resin, has an aperture of 2.0 m and a radius of curvature of 2.5 m. 
The center of the lens is 0.05 m thick. The plane source (dotted line) is 0.55 m from the 
lens center. A Gaussian-windowed sin wave of 5 cycles at 60 kHz is radiated from the 
plane source. The angle of incidence θ is 0 deg. The sound speeds and the densities are 
1500 m/s and 1000 kg/m3, respectively, in water and in the absorption layer, and 2670 m/s 
and 1200 kg/m3, respectively, in the lens. The attenuation constant of water is 0.0 dB/λ , 
since the attenuation in water is neglected. In the lens, the attenuation constant is 1.0 dB/λ, 
and it is 5.0 dB/λ in the absorption layer, in which the width is 125 mm. Mur’s first-order 
absorbing boundaries are applied to the exteriors to eliminate the reflection wave from the 
outer boundary of the analysis domain. The increments are 2.5 mm of space and 0.5 μs of 
time. The areas of the domain of analysis are from –1.225 to 1.225 m along the x-axis, 
from 0 to 1.225 m along the y-axis, and from –1.0 to 3.35 m along the z-axis. To reduce 
the calculation volume, the analysis domain is halved on the y-axis using the symmetric 
condition with respect to the x-z plane at y=0. Due to the limitation of computer memory 
size, the analysis domain is separated into 8 parts on the z-axis. Parallel processing with an 
8-node PC cluster is then carried out because of the requirement for high-speed 
calculations. The examples of analysis results are shown in Fig. 2. These figures show the 
relative pressure distributions of the x-z and x-y planes at normal incidence. 
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Fig. 1: Analysis domain of the 3-D FDTD method. 
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(a) x-z plane at y=0 

 
(b) x-y plane at image point (z=2.425 m) 

Fig. 2: Examples of relative pressure distribution obtained by the 3-D FDTD method at 
normal incidence. 

3. EXPERIMENTAL SETUP 

The experimental arrangement of the sound source, the receiver, and the acoustic lens 
in the water tank is shown in Fig. 3. The water tank was 7 m wide, 9 m long, and 5 m 
deep. The distance between the sound source and the center of the acoustic lens was 7 m. 
A burst-pulse of 5 cycles at 300 kHz radiated from the sound source, which had a diameter 
of 30 mm and a 3 dB beam width of about 10 deg at 300 kHz. Here, the frequency is five 
times that of the numerical analysis. The sound pressure after passage through the acoustic 
lens was measured by moving the receiver at intervals of 1 mm. The diameter of the 
receiver is 4 mm, and the receiver had a flat frequency response of up to 800 kHz. The x-
y-z stage controlled the position of the receiver to within an accuracy of 0.02 mm. The 
acoustic lens arranged perpendicular to the z-axis was a spherical biconcave lens with an 
aperture of 400 mm, a radius of curvature of 500 mm on each side, and a thickness in the 
center of 10 mm. These sizes are one-fifth of those used in the numerical analysis. 
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Fig. 3: Experimental Setup. 
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4. RESULTS  

The experimental results are compared with the numerical analysis results using the 3-
D FDTD method at normal incidence in Fig. 4. Here, the scale of the numerical analysis is 
reduced to one-fifths of that described in Sec. 2. Figures 4(a)-(b) show the on-axis 
characteristics and beam pattern, respectively. As a whole, the shapes of the distributions 
of the numerical analysis and the experimental results are in good agreement. However, 
the on-axis peak of the 3-D FDTD analysis is forward-biased as compared with that of the 
experimental results. This is caused by the sound source condition of the 3-D FDTD 
analysis, that is, the plane wave. The relative pressure distributions around the image point 
at the x-z and x-y planes are compared in Figs. 4(c)-(d). The –3 dB areas at the x-z and x-y 
planes are shown in Figs. 4(e)-(f), respectively. We can see that the experimental results 
are coarse as compared with the numerical analysis. This coarseness occurs because the 
moving interval of the receiver is larger than the increment of space in the numerical 
analysis condition. However, these figures are roughly in good agreement. 
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(b) beam pattern 

 
3-D FDTD                  Experiment 

 
3-D FDTD                  Experiment 

(c) relative pressure distribution at x-z plane at y=0 (d) relative pressure distribution at x-y plane at 
image point 

 
3-D FDTD 

 
Experiment 

 
3-D FDTD 

 
Experiment 

(e) –3 dB area at x-z plane at y=0 (f) –3 dB area at x-y plane at image point 

Fig. 4: Comparison between experimental results and analysis results using the 3-D 
FDTD method at normal incidence.  

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1347



 

5. CONCLUSION 

In this study, the numerical analysis results using the 3-D FDTD method were 
confirmed by a reduced scale trial of one-fifth space, conducted with the goal of designing 
an acoustic lens for an ANI system. The results showed that the sound pressure 
distribution of the trial and that of the numerical analysis were in good agreement. In 
addition, the shape of –3 dB area was similar to that of FDTD analysis result at normal 
incidence, suggesting that this lens has sufficient resolution to work in an ANI system. 
Future studies are still needed to measure the sound pressure field at oblique incidences. 
Tests are needed to confirm that –3 dB areas do not overlap each other at different angle 
of incidence. Different frequencies must also be considered because the sound source of 
an ANI system is natural background noise such as the sound of snapping shrimps, which 
has a wide frequency band. 
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Abstract: The paper represents results of modelling and experiments on acoustic data 
exchange between a surface modem and a remote modem (towed behind the ship on the 
distance up to 750 m). Such task is of current importance for data telemetry from trawl 
sensors to towing vessels. Data telemetry was performed by means of modems realizing 
the Sweep-Spread Carrier (S2C) communication technology. Efficient frequency 
bandwidth comprised 15.5 kHz around the central frequency of 63 kHz. During data 
exchange the actual transmission conditions were always estimated and saved for further 
analysis. Transmission conditions were usually characterized via frequency-selective 
fading with moderate or long inter-symbol interference. Under these conditions rather 
high bitrates were registered: most of data were transmitted with nominal bitrates in 
average 16 kbit/s. Effective (user-to-user) data rates comprised in average 4 kbps, when 
transmitting data with redundant bits for forward error correction (FEC), and about 
7 kbps, when transmitting data without FEC. 

Keywords: underwater telemetry, underwater acoustic communication, spread spectrum, 
sweep-spread carrier, swept carrier. 
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1. INTRODUCTION  

In Mediterranean Sea, 10-13 June 2006, sea trials in cooperation between EvoLogics 
and iXSea were carried for testing acoustic telemetry systems in dynamic shallow water 
channels. The telemetry systems (hydro-acoustic modems) were made according to 
sweep-spread carrier (S2C) technology [1].  

Materials below were obtained during experiments with S2C modem utilizing the 
frequency band of 15.5 kHz around the central frequency of 63 kHz (3d and 4th 
experimental day). QPSK was used for data encoding. 

Data exchange was carried out in horizontal channels between two modems; one of 
them (surface modem) was put on a frame under the bottom of a catamaran on the depth 
of 3 meters. Remote modem was put on towed object (“fish”), which always changed its 
depth between 10 and 170 meters. The surface modem was connected to computer-source 
of data (it always initiated data exchange sessions). The remote modem was connected to 
embedded computer serving as data recipient. The computer-recipient contained a 
“mirror” procedure, which sent all received data immediately back. Thus all data went 
over transmitting channel in both local-to-remote and remote-to-local directions. 
Transmitted sequences had different lengths, one of them was 9 kbit, another one 131 kbit. 

During data transmission characteristics of transmitting channels and modem 
performance were estimated. Apart of that the influence of the channel onto transmitted 
signal was evaluated, especially via comparison of data symbol length and bit error rate 
versus amount of multipaths, spread delay of received signal and coherence bandwidth.  

2. PRACTICAL TESTS 

Sea trials consisted of three different tests. During the tests long data sequences were 
repeatedly transmitted. Table 1 indicates some basic geometry of transmitted channels. 
Notation D3T8 corresponds to eighth test of the third experimental day. Notation D4T1 
and D4T2 corresponds to first and second tests of the fourth experimental day. In each test 
the surface modem was put on a frame under the bottom of a catamaran on depth of 3 
meters. Remote modem was put on the towed “fish”. Speed of the vessel was 2-7 knots. 
Speed of relative movements between surface and remote modems reached 1.5 knots. By 
manipulation of the speed of towage during data transmission the depth of the remote 
modem continuously changed. Mutual arrangement of transmitting and receiving 
elements, as well as channel boarders formed the horizontal type of transmitting channel: 
during vessel movements with velocities of 2-3 knots the angle connecting surface and 
remote modems (inclination) comprised approximately 20-30° to sea surface. At increase 
of speed of towage up to 5 knots the inclination angle decreased downto 10-15 °. The 
inclination and “fish” depth continuously changed by etching or stretching the towing 
cable. 

 
Test name Telemetry distance, m  Depth of towed „fish“, m Site depth, m 

D3T8 10 – 210 10 – 50 80 – 120 
D4T1 10 – 240 10 – 60 110 – 190 
D4T2 240 – 750 10 – 170 150 – 200 

Table 1: Tests geometry 
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Fig. 1: Properties of transmitting channels. 
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2.1. Channel properties.  

The channel properties, evaluated every time when tests were carried out, are 
represented in Fig. 1a - Fig. 1q.  

As follows from Fig. 1a and Fig. 1b, in tests D3T8 и D4T1 the transmitting distances 
were fixed for rather extended time intervals, so that, the longer data sequences (131 kbits) 
were transmitted repeatedly under conditions of unchanged telemetry distances. In test 
D4T2 the telemetry distance was continuously varied, so that, the data sequences were 
transmitted under continuously varying conditions.  

As follows from Fig. 1d and Fig. 1e, the amount of multipaths does not exceed 2 
arrivals when communication distance remains within 250 m. Occasionally the number of 
multipaths increased to larger values. The maximum value of excess propagation delay 
comprised usually 0.1-0.2 ms, sometimes increasing up to 0.5-2 ms and seldom up to 7 ms 
(Fig. 1g - Fig. 1h). In test D3T8, in some intervals of data transmission the excess 
propagation delay changed rapidly and in wide range (central part of the test). They 
correspond to time intervals, when the towing vessel rapidly reduced its speed. The towed 
“fish” continued to move through inertia and towing cable sagged; the “fish” lost its 
correct spatial orientation. While receiver and transmitter had a toroidal diagram in the 
vertical plane, there appeared time intervals, in which both modems transmitted and 
received out of permissible directional lobe. In Fig. 1d these intervals have increased 
amount of multipaths and in In Fig. 1g these intervals have increased and rapidly varying 
values of excess propagation delay. The most characteristic interval is situated between 
3000 and 3100 s (Fig. 1d), in which the number of multipaths increased to 4-8 and the 
excess propagation delay became 10-20 times longer (changes from 0.1 ms to 1-2 ms). 

In test D4T1 the vessel moved steady, so that, intermittent change of the amount of 
multipaths occurred seldom, much less than in the previous test. In most cases the number 
of multipaths comprised 1-2, sometimes 4, and very seldom 8. The excess propagation 
delay comprised usually 0.1-0.2 ms, sometimes reaching 1-3 ms and seldom increasing up 
to 4-7 ms (Fig. 1e). In general, in comparison with D3T8 the channel was more favourable 
for data transmission with high bit rates. 

In test D4T2, the channel geometry continuously varied (telemetry distance, Fig. 1b, 
and the depth of towed “fish” continuously changed). The amount of multipaths mostly 
comprised 2-5, often increasing to 6-8 (Fig. 1f). The excess propagation delay comprised 
usually 0.2-2 ms, sometimes reaching 6.5 ms (Fig. 1i). Intermittent change of the amount 
of multipaths occurred often. The channel was much more complicated than in both 
previous tests. 

It should be noted that the maximum value of excess propagation delay was measured 
as a delay between first and last multipath components, whose power exceeded the 
threshold value. The threshold was set to -10 dB in relation to dominant multipath 
component, so that, the multipath profile contained only significant multipaths. 

It is well known [2] that amount of multipath and excess propagation delay are not 
obligatory the best indicators of how the system will perform, because different channels 
with equal values of excess propagation delays can have very different profiles of 
multipaths intensities within this delays. For example, on the interval 2800-3000 s of test 
D3T8 there was observed a considerable increase of amount of multipath (from 3 up to 8, 
Fig. 1d), however, no noticeable increase of excess propagation delay was registered 
(delay spread within 0.3-3.3 ms, Fig. 1g). In opposite, on the interval between 2100 and 
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2400 s there was observed a considerable increase of excess propagation delay (0.1-6.2 
ms, Fig. 1g), while the amount of multipath remained small (2-3 ms, Fig. 1d). 

Hence, the channel complexity was analysed also via estimation of time spread of 
multipath components, usually its root-mean-square value. The root-mean-square value of 
the time spread of multipath components was calculated as the square root of the second 
central moment of the function representing intensity profile of multipath components 
within the excess propagation delay in the actual transmitting channel. The estimates of 
this parameter are represented in Fig. 1k - Fig. 1m. As follows from these figures this 
parameter comprises good indicator of channels complexity. In spite of wide spread of 
excess propagation delays on the interval 2800-3000 s (Fig. 1k), the root-mean-square 
value of the time spread of multipath components is compactly situated in the range 
between 0.3 and 1 ms. This can indicate insignificant variations of the channel complexity 
(stable value of frequency coherence bandwidth). In opposite, on the interval 2800-3000 s 
of the same test (Fig. 1k), the root-mean-square value of the time spread of multipath 
components represents wide variations (between 0.1 and 3 ms), what can indicate for 
quickly varying complexity of the transmitting channel (unstable value of frequency 
coherence bandwidth). As follows for further analysis, achievable transmission data rates 
correspond well with these observations. 

2.2. Modem performance. 

Fig. 1o - Fig. 1q represent a dependence of data rate changing in time. As follows from 
Fig. 1o, in test D3T8 (telemetry distance up to 210 m) the nominal data rate was usually 
14-28 kbit/s. Occasionally the data rate dropped to 6-10 kbit/s, seldom under 5 kbit/s. The 
average value of the nominal bit rate was approximately 16 kbit/s (averaged over entire 
test). The intervals, where the data rate significantly dropped down to small values, 
exactly corresponded to sections, where the towing vessel rapidly reduced its speed, the 
towing cable sagged and the “fish” lost its correct spatial orientation. 

In test D4T1 (Fig. 1p, telemetry distance up to 240 m) the nominal bitrate usually 
comprised 19-28 kbit/s. Rather seldom the data rate dropped down to 5-15 kbit/s. Fig. 1o 
and Fig. 1p show that the increase of telemetry distance slightly influences achievable data 
rate: from 23-28 kbit/s down to 19-21 kbit/s. The average value of the nominal bitrate in 
D4T1 comprised 20.4 kbit/s. This data rate exceeds analogous value in D3T1. Repeated 
measurements of user bit rate (in this test) gave the range between 9.8-11.8 kbit/s. 

In test D4T2 (Fig. 1q, telemetry distance up to 750 m) the nominal bitrate usually 
comprised 13-14 kbit/s, occasionally decreasing down to 2-12 kbit/s. The average value of 
the nominal bitrate in this test comprised about 11 kbit/s. Comparison of Fig. 1p and 
Fig. 1q allows to say that the increase of telemetry distance above 240 m does not 
considerably influence the nominal bitrate. Achievable user bit rates have lower values 
than in previous tests: repeated measurements of the user bitrate gave the range 4.7-
5.1 kbit/s. 

Because the information about data rate do not tell much about real performance of the 
modem during data transmission in complicated conditions of transmitting channels of 
practical interest, below a special channel estimation was carried out: a ratio between 
excess propagation delay and symbol length, as well as the difference between practical 
frequency bandwidth and expected coherence bandwidth were calculated. Such analysis 
usually describes well the influence of the channel onto transmitted signal [2]. 

In relation to D3T8, Fig. 2d represents the difference between transmitted signals 
bandwidth and estimated coherence bandwidth. As follows from the figure, in grate 
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majority of cases, this difference had positive value. The bandwidth of successfully 
transmitted signals exceeded the coherence bandwidth usually on 1-2 kHz, occasionally on 
3-6 kHz. In Fig. 2d the ratio of maximum value of excess propagation delay to data 
symbol length is shown. As follows from the figure, in most cases the data symbol length 
was much less (2 to 17 times) than the excess propagation delay of the signal in the 
transmitting channel (about 17 data symbols could be placed on the interval between first 
and last multipath components). This information testifies to high complexity of data 
transmission conditions. 

 
Fig. 2: Conditions of data transmission 

 
Analogously, in relation to D4T1, Fig. 2e represents the difference between 

transmitted signal bandwidths and estimated coherence bandwidths of the channel, as 
well. In most cases, this difference was a positive value. The bandwidth of successfully 
transmitted signals exceeded the coherence bandwidth usually on 1-6 kHz. In Fig. 2b the 
ratio between maximum value of excess propagation delay to data symbol length achieves 
also 2-17 times, what testifies to high complexity of data transmission conditions, as well. 

In test D4T2 (Fig. 2f) the difference between transmitted signal bandwidths and 
estimated coherence bandwidths was usually also positive. The bandwidth of transmitted 
signals exceeded the coherence bandwidth on up to 4 kHz. The ratio of maximum value of 
excess propagation delay to data symbol length comprised also 2-17 times Fig.2c. 

Hence, the analysis, represented in Fig.2a - Fig.2f testifies to high complexity of data 
transmission conditions, in which a traditional signal containing frequency-constant carrier 
would experience frequency-selective fading and extended intersymbol interactions. 
Positive differences between frequency bandwidths of telemetry signals and coherence 
bandwidths of the channel testify to advantages of the sweep-spread carrier when used for 
data transmission in complicated channels: registered values of the difference between 1 
and 6 kHz is equivalent to improvement of data throughput from 2 to 12 kbit/s (when 
comparing the S2C modem to telemetry systems applying non-coherent modulation 
schemes). 

3. GENERALIZATION OF TRIALS DATA 
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Due to comparison of data rates and complexities of transmitting channels (obtained in 

all three tests) there was found a regular dependence between modem performance and 
channel complexity.  

It is well known that channel complexity is defined via amount of multipath and 
excess propagation delay of the signal in the transmitting channel. As mentioned above, 
the root-mean-square of multipath delays spread can be used as an integral complexity 
index of the transmitting channel. In result of generalization of tests’ data there was found 
a dependence shown in Fig. 3a. It follows from the figure that with increase of excess 
propagation delay to approximately 300 mcs the achievable data rate decreases from larger 
values (20-28 kbit/s) to intermediate values (4-14 kbit/s). The intermediate value of in 
average 6 kbit/s remains actual for wide range of excess propagation delays (0.3-4 ms), 
after which the data rate decreases slowly to lower values (about 3 kbit/s for largest 
delays).  

Fig. 3b represents a dependence of data rate on root-mean-square of spread delays. 
The dotted line corresponds to data rate (data symbols), whose bandwidth is equal to 
coherence bandwidth of the channel, that is, corresponds to channel conditions, in which 
the receiving symbols would not experience frequency-selective fading. As follows from 
the figure, in most cases the signal bandwidths, used for data transmission, and 
correspondingly, the data rates significantly exceed the coherence bandwidths of the 
transmitting channel.   

 

 
Fig. 3: Modem performance 

 
Fig. 3c represents a dependence of data rate on relative velocities of transmit and 

receive units during data transmission. The interval of velocities comprised approximately 
±1.5 knots. As follows from the figure, achievable data rates are approximately equal for 
all relative velocities, in which data transmission was tested.  
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Fig. 3d represents a dependence of bit error rate on data rate. As follows from the 
figure, with increase of data rate the error probability slowly grows. For data rates of up to 
16 kbit/s the probability of bit error had the order of 10-3. For higher data rates the 
probability of bit error increases to the order of 10-2. In general, higher bit error rates in the 
range of higher data rates can be logically explained with growing complexity of 
transmitting channel and its growing length (mostly in test D4T2). 

4. CONCLUSIONS 
 

The conditions of data transmission in channels of practical interest had high dynamics 
and extended excess propagation delays. With frequency efficiency of the method equal to 
2 bit/s/Hz the practically achieved value was about 1.8 bit/s/Hz (maximum). 

There was found the dependence of data rate on root-mean-square of spread delays. 
This dependence allows to prognose an average value of data rate working in channels of 
practical interest. 

There was found the dependence of bit error rate on data rate. On the interval of up to 
2/3 of maximum achievable bit rate the bit error rate remains under 10-3. For higher data 
rates the probability of bit error increases to the order of 10-2. This dependence allows to 
choose an optimal algorithm of error correction. 

Dependence of data rate on relative velocities of transmit and receive units is weak or 
even absent, at least in the interval of tested velocities ±1.5 knots. 

In general the experiments confirmed the ability of S2C acoustic modems to transmit 
real time data between vessel and towed object (e.g. trawl sensor) in volumes sufficient for 
actual tasks.  
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Abstract: In Japan Agency for Marine-Earth Science and Technology (JAMSTEC), short-
range (up to 500 m) high speed acoustic communication system for deep sea environment 
has been investigating. To obtaining an real sea data of acoustic transmission, an 
experiment was carried out at the depth of 1,000m. A transmitter was moored at near sea 
bottom. And a receiver was suspended from a surface ship by wire rope. The distance 
between the transmitter and the receiver was 250 - 550 m. As a transducer, wideband 
tilted toroidal beam with reflector was used. By this transducer, when the transmitter was 
moored at near the sea bottom, bottom reflected waves were well reduced. Carrier 
frequency of this projector is 80 kHz, and its bandwidth is 40 kHz. Two omni-directional 
hydrophones were used for receiving. Quadrature phase shift keying (QPSK) and 8PSK 
were used as its modulation method. The data of several transmission speed (10 k symbol 
per second (sps), 12.5 ksps, 16 ksps, 20 ksps, 25 ksps and 40 ksps) were obtained at the 
transmission range of 250-550 m. The two channel decision feedback equalizer (DFE) 
was applied for the demodulation algorithm. In this experiment, when the SNR was higher 
than 12dB, error free communication was carried out in case of QPSK. And also when the 
SNR was higher than 20dB, error free communication was carried out in case of 8PSK. 

Keywords: Acoustic communication, QPSK, 8-PSK, Wideband transducer 
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1. INTRODUCTION  

Recent years, there are many needs for high speed acoustic data transmission, such as 
image transmission for a remotely operated vehicle (ROV). Generally, different types of 
transmission is required to transmit to and from an ROV. For transmitting to ROV, 
extremely low error rate transmission is necessary. For transmitting from ROV, extremely 
high speed transmission is necessary. We have been studied about a high speed 
transmission mainly. To operate an ROV, transmission rate of image is assumed one 
image per second at least. And the image size is assumed 320 x 225 pixels. When JPEG 
uses for image compression method, the amount of image is estimated approximately 8 
Kbytes. So, transmission rate is required over 64 kbps. From those condition, the objective 
of  our investigation is to prove that it can be communicated over 64 kbps with following 
requirements; 1) carrier frequency: 80 kHz, 2) band width: 40 kHz, 3) communication 
range: up to 500 m, 4) beam width: 30 degrees (60 – 90 degrees, omni directional in 
horizontal). We have been developed a wide band tilted toroidal beam transducer for short 
range high speed underwater acoustic communication [1], and 1st sea trial was carried out 
for QPSK modulation in December 2005. After that, an experimental equipment has been 
modified and 2nd sea trial was carried out for QPSK and 8PSK in February 2007. The 
transmission range was 250 – 550 m, and the communication direction from the 
transmitter to the receiver was 67 degrees from vertical. In this paper, overview of the 
experiment and its result is described. 

2. EXPERIMENTAL EQUIPMENTS 

The arrangement of the experiment is shown in Fig. 1. The transmitter was moored at 
the sea bottom, the height of the transducer from the sea bottom was 10 m. The receiver 
was suspended from the surface vessel (R/V KAIYO) by wire rope. A CTD sensor 
(Seabird 9plus) is attached to the receiver for measuring the receiver depth in real time. 

Transmission range:
250 - 550m

Direction: 67 degree
from vertical

Water depth:
approximatory

1,000m

Transmitter Receiver

R/V KAIYO
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Fig.1: The arrangement of the 
experiment. 

Fig.2: Sound pressure level of the 
transducer. Including the property 

of power amplifier. 
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Fig. 2 shows the sound pressure level of the wide band transducer including the power 
amplifier property when input voltage to the power amplifier is 1 Vp-p. Its band width is 
40 kHz (60 to 100 kHz), and its main beam is to 60 to 90 degrees. The block diagram of 
equipments for this sea trial is shown in Fig. 3. Modulation and demodulation were 
processed before and after the sea trial by soft wear. The transmitter and the receiver are 
driven by a trigger pulse from a timer unit, which is synchronized before mooring. Pre-
processed modulated data has been installed in a hard disk drive (HDD) as a binary file. 
The transmitter reads out the modulated data file from HDD, and waiting for the trigger 
pulse. When the trigger pulse is input to a digital-to-analogue converter (DAC), it starts 
analogue output to power amplifiers. At the receiver, two omni directional hydrophones 
(ITC-1042) receive the transmitted signal. Those signals are band pass filtered and 
amplified in each channel before digitising by a analogue-to-digital converter (ADC). At 
last, the digitised data is saved to HDD. After recovered the receiver on deck, 
demodulation is processed by soft wear. Two-channel DFE with adaptive equalizer is 
applied as the demodulation method [2]. 

 

Encode QPSK
modulation PC DAC

Power Amp.

Power Amp.
Transducer

HDD

Pre processing

PC ADC

Pre Amp.
BPF

Equipments for the sea trial.

HDD

Transmitter

Receiver

Hydrophones

Acoustic
signal

Pre Amp.
BPF

Decode QPSK
demodulation

(Two-channels
DFE)

Post processing

Source
data

Demodulated
data

 
Fig.3: Block diagram of experimental equipments. 

3. RESULTS 

Fig. 4 shows estimated position of the receiver. The position of the transmitter was 
calibrated by acoustic navigation system (ANS). Then, that position was set as origin point 
of vertical plane (0, 0). The receiver depth was measured by CTD sensor. Cable length and 
CTD depth were almost the same during this experiment, then the position of the receiver 
was assumed as right under the crane position on the ship. By that assuming, the 
horizontal position of the receiver was measured by GPS. In this experiment, the receiver 
position has been shifted from 250 m to 550 m of slant range along with 67 degree line 
from vertical. This setting is to obtain data that investigate relation between transmission 
range and propagation loss. While acoustic signals were transmitted, the position of the 
ship was held as much as possible. 

Typical channel response is shown in Fig. 5. Multi-path wave, which is bottom 
reflection wave, is observed at approximately 4.4 sec later than direct wave. This 
corresponds to the path difference about 10m. Due to this channel response, tap number of 
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adaptive filter was decided as shown in Table 1. Especially the tap numbers of feedback 
filter selected very long numbers, but it is necessary for reducing the influence of the 
multi-path. 
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Fig.4: Estimated position of the receiver. The position of the transmitter is (0, 0). Solid 
line: line of 67 degree from verical. 
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Fig.5: Channel response in case of 457 m of transmission range. 

 
Symbol rate

Number of taps 
16ksps 20ksps 25ksps 40ksps 

Feed forward filter 48 60 75 120 
Feedback filter 112 140 175 280 

Table 1: Tap length of the adaptive filter. 
 

The symbol error rate vs. input SNR characteristics is shown in Fig. 6. Skeleton marks 
show results of QPSK. Painted marks show results of 8PSK. Lines are calculated values 
with additive white Gaussian noise (AWGN). In both modulation method, the 
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demodulation performance is almost fit to AWGN case. 12 dB and 20 dB are the required 
SNR for error free communication for QPSK and 8PSK respectively. 
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Fig.6: SER vs average input SNR. (Results of the case of error free was plotted as 10-5) 
 

Fig. 7 represent the demodulation result in other way. The x-axis is for slant range 
between the transmitter and the receiver. The y-axis is for symbol error rate. In 8PSK 
method, error free transmission could be up to 300 m. And when slant range is longer than 
450 m, it can’t be an error free transmission in this sound pressure level. In QPSK case, 
error free transmission could be up to 500 m. And in case of 550 m, error has been 
occurred at only one packet.  
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Fig.7: SER vs slant range. (Results of the case of error free was plotted as 10-5)  

4. CONCLUSION  

The short range (250 – 550 m) acoustic communication experiment with using 
wideband transducer is carried out at the depth of 1,000 m area. According to directivity 
pattern of the transducer, transmitted direction was fixed to 67 degrees from vertical, and 
its slant range was changed. From results, error free communication could be in up to 500 
m by QPSK, 300 m by 8PSK. Using QPSK with 40 sps means 80 kbps of transmission 
rate. So, this system can transmit image data in faster than one image per second. To 
develop a real time system is the future work. 
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 RESEARCH ON LONG HORIZONTAL                
TIME-REVERSAL COMMUNICATION IN DEEP OCEAN 
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Abstract: The basic study on the long horizontal acoustic communication using time-reversal 
waves (phase conjugate waves) has been carried out. In JAMSTEC, an AUV for wide area 
observations in the deep ocean cruising to the long distance is being developed. The purpose 
of this research is to make it possible to achieve acoustic communication with such AUV by 
using time reversal. The experiment was executed to demonstrate the effectiveness of the 
proposed method in the area at the depth of 1,100m. In the experiment, the 500Hz projectors 
were used, and the range between the focus and the TRA was 10 km. It is concluded that 
time-reversal communication is superior to the conventional method and that bi-directional 
time-reversal communication can be achieved with 10 channels TRA. 

Keywords: time reversal, phase conjugate, acoustic communication, field experiment 

1. INTRODUCTION  

In Japan Agency for Marine-earth Science and Technology (JAMSTEC), an autonomous 
underwater vehicle (AUV) named “Urashima”, which is the first AUV powered by fuel cell 
in the world, has been developed and succeeded in cruising trial up to 300 km. Now the 
research for the next generation AUV has started, which will be used for the wide area 
observation in the deep ocean or in the ice-covered area such as Arctic Ocean. 

In such AUV operation, it is desired to communicate with AUV, for example, sending 
command or watching status. However, as well known, it is difficult to realize the long 
horizontal communication in the ocean, because many multi-path waves are received and 
cause intersymbol interferences (ISI). Conventionally, adaptive equalizer was used to remove 
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such mutlipath signals, though it is also difficult to assure the communication channel in case 
that many multipath signals are received. In the meantime, time-reversal technique has the 
possibility to overcome this problem [1-5], which utilizes the multipath signals rather than 
removing as described in the next section. 

The author’s research group is assigned in the research on underwater acoustic 
technologies. In these works, the basic convergence property of time reversal has been 
studied [6-8] and the application of time reversal to the long horizontal acoustic 
communication has been discussed [9-15], in which we have proposed the method of 
combining time reversal effect and adaptive equalizer process in order to realize the 
communication with a sparse time-reversal array (TRA) and to assure the communication 
even with a moving source-receiver just like AUV. The field experiments have been executed 
to verify the proposed method in the deep ocean, whose results are described in this paper. 

2. TIME-REVERSAL COMMUNICATION 

Time-reversal waves are generated and utilized in the ocean acoustics as follows. As 
shown in Fig. 1, first, some acoustic signal is transmitted from the point source-receiver and 
signals are received at the TRA. These signals are time-reversed and retransmitted from the 
TRA, then, the signals are converged to the focus point where the original source-receiver 
exists and the signal almost same as the original signal is received. So if the digital data to be 
sent are carried on time-reversal signals one by one and transmitted from TRA, the desired 
data signal can be received without mulitipath signals at high SNR.  

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1 Concept of time-reversal communication. 
 
The communication from the array to the focus using time reversal as above, that is, in 

case of multiple-input-single-output (MISO) is called “active” time-reversal communication. 
In the meanwhile, time reversal can be applied for the communication from the point to the 
array, that is, single-input-multiple-output (SIMO) communication as described in [2,12], in 
which the signals received at the TRA are dealt with the process equal to active time reversal 
in the signal processing not in the ocean. Thus, the bi-directional communication, e.g. 
between AUV and the array can be achieved by time reversal. 

In our proposed method, such signals converged by time reversal is processed furthermore 
by adaptive equalizer. The first intention of this method is to realize communication even 
with a sparse TRA in the deep ocean and the second is to assure the communication channel 
with a moving source-receiver just like AUV [13,14]. 

Source-
receiver of 
focus side

TRA

Time Reversed

Converged

e.g. AUV
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3. SCHEME OF EXPERIMENT 

The experiments were executed in the area whose depth is approximately 1,100 m in 
Suruga-bay. The source-receiver systems for the focus and TRA side were moored in the 
positions shown in Fig. 2(a). The distance between the mooring points was 10 km. The TRA 
side system was equipped with the underwater winch, by which its height was changed while 
receiving and retransmitting as shown in Fig. 3. The signal received at the focus was post-
processed so that TRA was virtually composed. The element intervals of such virtual TRA 
was 15 m and the number of points was 55 at the depth from 200 to 800 m as shown in Fig. 
2(c). The 500Hz projectors, the PS-500D manufactured by EAI are used and the hydrophones 
are the HTI-90U manufactured by HiTech Inc. 

 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2 Sound velocity profile and bathymetric chart of experiment field, 
and configuration of “virtual” TRA. 

 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3 Schematic of experiment. 

4. EXPERIMENT RESULTS AND CONSIDERATION 

Both of active and passive time-reversal communication experiments were executed and 
binary phase shift keying (BPSK) is used as the modulation method. The experiment results 
are shown in this section, in which figures show the 1,200 demodulated symbols plotted on 
the constellation maps.  
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First, the results of active time-reversal communication using all the signals measured at 
the 55 points as described before are shown in Fig. 4. The central graph is the result of using 
only time reversal and right one is the result of proposed method. In both results, there occur 
no bit error, so perfect demodulation can be achieved. The left graph is the result of only 
using adaptive equalizer, that is, one-channel decision feedback equalizer (DFE) as the 
conventional method for comparison, in which the signal transmitted from only one channel 
at the depth of 700 m is processed with adaptive equalizer. This result shows that it is 
impossible to realize communication by the conventional method, then it is meaningful to 
adopt time reversal in the communication to the point. 

 
 
 
 
 
 
 
 
 
 

Fig. 4 Results of MISO communication in case of 55 channels. 
 
Secondly, the results of using only passive time reversal and the proposed method are 

shown in Fig. 5, together with the result of multi-channel DFE (M-DFE) as the conventional 
method in case of SIMO communication. While M-DFE can achieve demodulation, the result 
of passive time reversal is better than that of M-DFE. So there is also the significance of 
using time reversal in case of SIMO. 

 
 
 
 
 
 
 
 
 
 

Fig. 5 Results of SIMO communication in case of 55 channels. 
 
In both cases of Fig. 4 and Fig. 5, the demodulation results are not improved so much by 

the proposed method comparing only time reversal. In the previous experiment [15], there 
was expected to exist the variance of environment, so it was impossible to realize 
communication by only time reversal while it was possible by the proposed method. So the 
proposed method produces little effect not in such variant environment. These results also 
show that active time reversal is not as good as passive time reversal, although their process 
is theoretically equal. 

The results in case of using only signals at the 10 channels of the TRA from the bottom 
are shown in Fig. 6 and 7 for active and passive cases respectively. If other 10 channels are 
picked up, similar results are obtained, so there is little difference depending on the array 
depth. These results show that the limit channel number to realize communication is 10. Note 

(a) Adaptive Equalizer (b) Only Active Time Reversal (c) Proposed Method

(a) M-DFE (b) Only Passive Time Reversal (c) Proposed Method
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that M-DFE fails in demodulation so that time reversal enables to realize communication in 
using fewer source-receivers. 

 
 
 
 
 
 
 
 
 
 

Fig. 6 Results of MISO communication in case of 10 channels. 
 
 
 
 
 
 
 
 
 
 

Fig. 7 Results of SIMO communication in case of 10 channels. 

5. CONCLUSIONS AND FUTURE WORK 

The experiment of time-reversal communication in the deep ocean was executed at the 
distance of 10 km in the area of 1,100 m water depth. It is verified that time-reversal 
communication is superior to the conventional method, that it can be realized even with a 
sparse array composed of 10 elements at least, and that the bi-directional time-reversal 
communication is accomplished. 

The experiments in various conditions with distance, water depth, array configuration and 
modulation method, etc., will be carried out in subsequent sea trials. The more realistic 
examinations will be also carried out considering actual disturbances and the improvement of 
the communication accuracy will be attempted. 
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Abstract: Passive Time Reversal (pTR) is an emerging technique for underwater 
communications  where a channel probe is sent ahead of the data packet. The channel 
probe must be captured in a time window for post crosscorrelation with the data. The 
Signal to Noise Ratio (SNR) of pTR, and hence the detector error rate, will be dependent 
on the starting point and duration of this time window. Typically the beginning and length 
of the time window should depend on the time dispersion of the acoustic channel which, in 
turn, depends on the environment properties and on the experimental geometry. Heuristic 
reasoning would suggest that if a short time window fails to include all significant 
multipath it will result in imperfect focusing, while an overly long window will reduce the 
efficiency of the communication system by introducing additional noise in the pTR system. 
That problem calls for an optimization that has previously been addressed only 
heuristically. In order to bring the pTR capabilities to a practical modem the engineering 
problem of time window automatic optimisation must be solved, and that is the main 
purpose of our paper. An expression for the optimal pTR SNR time window length is 
presented and its validity confirmed with simulations and real data from the 
INTIFANTE’00 sea trial. 

Keywords: Acoustic time reversal, underwater coherent communications, shallow water 
propagation. 
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1. INTRODUCTION  

Multichannel adaptive equalization methods provide, up to now, the most popular 
framework to mitigate the intersymbol interference (ISI) in underwater digital coherent 
communications, but they are computationally quite demanding. Passive Time Reversal 
(pTR)[1] is a less demanding technique where the physics of ocean acoustic propagation 
simplifies the deconvolution. In pTR a probe-signal is transmitted ahead of the data-signal 
in order to estimate the channel impulse responses (IRs) for later use as replica signals in a 
Time Reversal Mirror (TRM) fashion.  

When applied to underwater digital communications pTR makes use of the 
orthogonality property  of propagating modes and an estimate of underwater channel IRs 
to recombine energy in a matched-filter-like manner, whose function is to maximize the 
output SNR at a given time instant [2]. Fully exploiting mode orthogonality requires an 
impractically long and dense receiving-array, without which residual ISI cannot be 
eliminated by pTR. In practice channel IR estimates must be captured in a time window in 
order to be used as FIR filters in the receiving computer. The Signal to Noise Ratio (SNR) 
and error rate of pTR will dependent on the starting point and duration of this time 
window. Heuristic reasoning would suggest that if a short time window fails to include all 
significant multipath it will result in imperfect focusing, while an overly long window will 
reduce the efficiency of the communications system by introducing additional noise in the 
pTR system.  

That problem calls for an optimization that has been addressed heuristically in the past 
[3]. In order to bring time reversal capabilities to a practical modem the problem of time 
window a priori automatic optimization must be solved. Preliminary results of [4] show 
that the maxima of pTR SNR output can be predicted by means of a differential equation 
that operates over the channel IR estimates, and these do not depend on the noise level of 
the underwater channel. Simulations and real data from INTIFANTE’00 sea trial will be 
used to show the correctness of such approach. 

2. THEORECTICAL BACKGROUND AND RESULTS 

 
Fig.1: Passive time reversal implementation for coherent communications  

The baseband equivalent of pTR for communications can be implemented by using a 
system shown in fig. 1, where the dirac )(tδ  is the probe-signal and )(,, 0

tg tk τ  is the time 
windowed estimation of the k th hydrophone narrowband channel impulse response, 
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)(' thk , contaminated with noise )(tuk ; )(na is the transmitted data-stream and )(tvk is the 
received data-stream multipath-contaminated by the channel IR )(thk  and noise-
contaminated by )(twk . In the following the index ),( 0 τt indicates that the signal has been 
multiplied by a unit-gate function of length τ  and starting point 0t , referred to as the time 
window.  The pTR output )(tz is then sampled at the symbol rate bT  and applied to the 
detector to obtain a data-stream estimate )(ˆ na . 

In fig. 1 the resulting pTR output is given by 

)(3)(2)(1)()( txtxtxtytz +++=  
(1)

 where )(ty  contains the desired data-stream and )(3..1 tx are noise terms given by 
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where ∑ −= )()( bn nTtata δ  is a continuous version of the data-stream, )(tp is a fourth-
root raised cosine pulse [4], and )(tpn  is the n times self convolution of )(tp  (yielding  a 
raised cosine pulse )(4 tp for 4=n ). 

In [4], after deriving the pTR output SNR ( ),( 0 τtSNRout ) as a function of the time-
window parameters ),( 0 τt , it was found that the local maxima of ),( 0 τtSNRout , as a 
function ofτ , are given by the zero crossings of 
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where 2=α  when noiseless channels IR estimates are available and   
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is the sum of the accumulated energy for all channels. When only a noisy estimate of the 
channel IRs )()()(ˆ tuthth kkk +=  is available, α  should be smaller that 2 in order to 

compensate for the noisy increment in ),(ˆ
0 τtC y estimation. Equation (3) states the 

remarkable result that the window that ensures maximum pTR output SNR does not 
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depend on the noise power and, moreover, that it only depends on the channel IRs (see 
(4)). 

2.1 Simulations results  

Equation (3) and (4) are applied to a simulated acoustic channel, where the impulse 
responses )(thk have been computed by using the C-Snap normal mode model. The sound 
transmitter and the receiving array were placed 1.3 km apart in a range-independent 
environment with 118 m depth, over silt-like sub-bottom of 1.5 m thickness and gravel-
like bottom. The sound speed profile is downward reflecting with a thermocline down to 
30 meters and a sound speed ranging from 1500 m/s to 1510 m/s. The source depth is 74 
m and the receiver is a 16-hydrophone 4-meter-spaced array with the first hydrophone 
placed at 30 m depth. The transmitted data signal is a 2-PSK signal with 50% rolloff and 
fourth-root raised-cosine pulse shape, the carrier frequency is 1600Hz, and the data rate is 
300 bits/s. 

(a) 

 

(b) 

 
Fig.2: Simulation performance of the proposed optimal time window prediction method. (a) 
pTR SNR output; (b) local maxima prediction with 2=α  

Fig. 2(a) shows the pTR SNR output (in dB) as a function of window length for two 
input SNR of -2.28 dB and 21.76 dB: with ‘o’ a Monte-Carlo simulation computed from 
the signal and noise terms (2) where the ISI is considered to be part of the signal term 

)(ty ; with ‘ ’ a generally more accurate pTR SNR output for communications, that is 
based on the detector input  Mean Square Error (MSE) where the ISI is considered as a 
disturbing signal, given by 1),(),( 0

1
0

' −= − ττ tMSEtSNRpTR  [3]; and with ‘’ the 
theoretical curve derived in [4]. This figure shows that for low input SNR good agreement 
is obtained between all curves. For high input SNR it can be seen that the SNR output 
computed from the MSE saturates due to the residual ISI of the TR operator. Despite these 
differences it is important to note that the maxima are always obtained for the same time 
window length, which means that the optimum time window length predicted by the 
theoretical expression (3) is true in any case. Fig. 2(b) shows the behaviour of ),( 0 τtΓ  
given by (3). It can be seen that the up-down zero crossings clearly coincide with the 
maxima of the output SNR curves of fig. 2(a). 
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(a) 

 

(b) 

 
(c) 

 

(d) 

 
Fig.3: Real data performance of the proposed optimal time window prediction method. (a) 
pTR SNR output computed by using MSE for shot 9; (b) local maxima prediction with 

5.1=α  for shot 9; (c) pTR SNR output computed by using MSE mean over the 9 shots; (d) 
local maxima prediction weighed mean over the 9 shots  with 5.1=α . 

2.2 Experimental results  

The experimental data were acquired during the INTIFANTE'00 sea trial that took 
place in October 2000 off the town of Setúbal, approximately 50 km south of Lisbon, 
Portugal. This paper concentrates on the Binary Phase Shift Keying data collection. The 
scenario was similar to that used in the simulations, the main differences being that with 
real data there will be noise corruption and geometric/environment mismatch between the 
probe-signal and the data transmissions. Nine sequential transmissions will be considered  
(in the following assigned as shot 1 to 9), each composed of a probe-signal transmitted 0.5 
seconds before a 5-second PSK data packet, repeated every 7 seconds with a total duration 
of 63 seconds. 

During INTIFANTE'00 the setup for pTR-based data communications was similar to 
that of Fig. 1, with the )(2 tp  narrowband filter used for IR estimation (path above in Fig. 
1) distributed between the transmitter and the receiver, which is equivalent to say that the 
transmitted probe-signal was a fourth-root raised-cosine pulse and that IR estimation was 
obtained by correlating the received probe-signal with the transmitted one (see [4] for 
details). 

Fig. 3(a) shows the pTR SNR output computed by using the MSE at the detector input 
for the first 3 seconds of data in shot 9. One can see that there is a progressive loss of 
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performance due to the geometric/environmental mismatch between the probe-signal and 
data-signal transmissions. This affects primarily larger time windows since those include 
the later arrivals that are usually considered more prone to fading. In spite of the time 
variability, Fig. 3(b) shows that the predicted pTR SNR output local maxima, given by the 
up-down zero crossings of ),(ˆ

0 τtΓ , are in good agreement with the true local maxima in 
the first-second curve of fig. 3(a). The arrows indicate the well-predicted local maxima 
and the ellipsoid highlights the global maximum. 

In order to verify the robustness of the proposed optimization technique a mean 
analysis over the first second of data by using the nine shots is presented in Figs. 3(c-d). 
Fig. 3(c) shows that averaging will partially eliminate the fake noise paths and the later 
path arrivals more sensitive to fading. In Fig. 3(d) one can see the weighted mean of 

),(ˆ
0 τtΓ  over all shots, where the weight for each shot is given by the mean of 

),( 0 τtSNRout overτ . This way, shots with better performance contribute more to the 
result. One can see that the predicted local maxima of Fig. 3(d) are in good agreement 
with the true local maxima of Fig. 3(b), except for the last local maximum that is predicted 
two symbols apart.  

3. FUTURE WORK 

The problem of time window optimization when operating a pTR with a vertical line 
array for underwater communications was considered. It was found that the optimum time 
window ensures higher pTR SNR output and simultaneously lower MSE at the detector 
input. The optimum time window does not depend on the noise level, but only on the 
channel IRs by means of a first-order differential equation (3). Simulations and real data 
show that the pTR SNR output local maxima can be predicted accurately. Future work 
will address the solution for automatic global maximum prediction. 
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Abstract:The Towed Array system is widely used in both civilian and military area, 
such as ocean exploring, target detection etc. Hydrophone’s data acquisition and 
transmission is the enabling technology for the towed array. The towed cable in which 
we place various nodes is very small about 40mm. So one node have more functions is 
necessary. 
In the paper, we design the acquisition & transmission node which combine data 
acquisition node and high-speed transmission node to save more cable space. To 
achieve the better performance, 24-bits acquisition and delta-sigma ADC structure is 
adapted and HOTLink II serial bus offers higher-speed data transmission and farther 
distance. The space of this node is small about 20mm x 105mm x 10mm. The results 
show it is also an easy way to actualize the miniaturization of the underwater 
high-precision data sampling system. It especially suits for the towed array sonar. 
 
 
Key words: acquisition & transmission, Towed Array, HOTLink, Miniaturization 

 

Ⅰ Introduction 

Underwater acoustic sensor network are envisioned to enable application for 
oceanographic data collection, pollution monitoring, offshore exploration, disaster 
prevention, assisted navigation and tactical surveillance application. The miniature 
data acquisition and high-speed transmission system of underwater multi-sensors are 
widely used in both civilian and military area of underwater acoustic sensor network, 
such as ocean exploring, target detection etc. In military area, the data acquisition and 
high-speed transmission system is envisioned to enable applications for the towed 
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array sonar. The Towed Array system, equipped with hydrophones, will find 
application in exploration of natural undersea resources and gathering of scientific 
data in collaborative monitoring missions. In civilian area, the system will find 
application in exploration of undersea oil or gas resources. To make this application 
viable, there is a need to enable hydrophone nodes, acquisition nodes and 
transmission nodes must possess small bulk, high-speed and high-credible. [1, 2] 

The typical internal architecture of an underwater towed array cable is shown in 
Fig. 1. It consists of one transmission node, a lot of A/D converter nodes and 
hydrophone nodes.  

The transmission nodes are used to receive the data of the A/D nodes and the 
previous transmission node, and then transmit these data to the next transmission node. 
A/D nodes are used to complete A/D converter. For example, the TB-29A Thin Line 
Towed Array Sonar of American navy is consists of ATM-SONET node, A/D nodes, 
hydrophone nodes and power nodes.[3] There are too much nodes in cable, so we find 
the towed array cable will be thick. We should find other substitute to save more cable 
space. 
 

 
Figure 1 The typical internal architecture of the towed array cable 

 
In this survey, we discuss the design of the acquisition & transmission node, 

which combines the acquisition node and transmission node, to save more cable space. 
In past, this combination maybe is difficult. But during the last decade, the 
development of the electronics, in particular the development of the digital signal has 
made that sure. The internal architecture of an underwater towed array cable based on 
Acquisition & Transmission nodes is shown in Fig. 2. 

Figure 2 the internal architecture of the cable based on Acquisition & Transmission 
node 
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Ⅱ Design of the Acquisition & Transmission Node 

To achieve the better performance, 24-bits acquisition and delta-sigma ADC 
structure is adapted and HOTLink II serial bus offers higher-speed data transmission 
and farther distance.  

HOTLink II serial bus is a point to point communications building block allowing 
the transfer of data over a high-speed serial link (optical fiber, balanced and 
unbalanced copper transmission lines) at signaling speeds ranging from 195 to 
1500MBaud. The transmit channel of HOTLink II accepts parallel characters in an 
input register, encodes each character for transport, and converts it to serial data. The 
receive channel accepts serial data and converts it to parallel data, frames the data to 
character boundaries, decodes the framed characters into data and special characters, 
and presents these characters to an output register. 4-channel A/D converter with wide 
sampling rate of 8kHz~96kHz and is suitable for multi-channel audio system. This 

A/D converter achieves high accuracy and low cost by using enhanced dual bit △∑ 

techniques. It supports master mode and TDM format. Therefore, 4-channel A/D 
converter is suitable for multi-channel audio system. 

As Figure3 is shown, acquisition & transmission node includes five parts: 
amplifier circuit, A/D converter circuit, FPGA, HOTLink II Transmit channel/Receive 
channel circuit and clock circuit. A/D converter circuit is used to complete analog to 
digital converter; HOTLink II Receive channel circuit is used to get the data of the 
previous transmission node; HOTLink II Transmit channel circuit send the data out; 
FPGA implements the controller of A/D converter circuit and HOTLink II transmit 
channel / Receive channel circuit; Clock circuit supplies the work clock for other 
circuit. 

 
Figure 3 the architecture of Acquisition & Transmission node 

The HOTLink II receive channel controller control the FIFO work, which stores 
the data received in the HOTLink II receive circuit. Then ping-pong gets the data of 
previous nodes.  

The 16-channel analog signals are improved via amplifier circuit. Then we send 
them to A/D converter circuit in order to get the digital signals which suit a 
long-distance transmission. The digital signals change the parallel signals by the 
serial-parallel converter. The data is transmitted to the ping-pong by the coding style. 

2nd International Conference & Exhibition on "Underwater Acoustic Measurements: Technologies & Results"

1381



The ping-pong decides the order of transmission. The HOTLink II transmitter 
channel circuit gets the data from FIFO, and then sends the data out by the coupling 
transformer. 

The logic scheme of FPGA is shown on Figure 4. 

 
Figure 4 the logic scheme of FPGA 

Ⅲ Conclusions 

In the paper, we discuss the design of the acquisition & transmission node, which 
combines the data acquisition node and high-speed transmission node, to save more 
cable space. The number of the node kinds in towed array cable is less. The space of 
the acquisition & transmission node is small about 20mm x 105mm x 10mm. The 
results show it is also an easy way to actualize the miniaturization of the underwater 
high-precision data sampling system and the underwater high-speed data transmission 
system. It especially suits for the towed array sonar. 

The future work is adding control signal come from the onshore station in the 
node and improving the controllable and reliability. 
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Abstract: Traditionally, bathymetric information has consisted of a collection of 
soundings obtained either in equidistant or equiangular operating modes.  This paper 
proposes a new approach that will simplify the sonar system and substantially enhance the 
density of soundings, thus providing detection of all bottom relief details. In this 
approach, soundings are estimated at all time samples, similar to the configuration of an 
interferometer, but the initial statistics are beamformed data, array amplitudes, and phase 
differences between array halves.  Quadrature filtering is applied to enhance the quality 
of the depth estimates, with the size of the filter window allowing control of the bottom 
relief resolution and accuracy.  This method is considered:  several soundings per beam 
and FFT beamformed family of beams.  The algorithm is illustrated with data obtained 
during tests that took place in the Santa Barbara harbour, using the SeaBat 7125 
Multibeam Echo Sounder. 

Keywords: MBES, Bottom Relief, Bathymetry 
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1. INTRODUCTION 

The Multibeam Echo Sounder (MBES) utilizes an orthogonal configuration of two 
arrays.  The linear transmit array is oriented along the ship’s track, while the receive array 
is oriented across-track.  The transmit signal illuminates a narrow swath in the across-track 
direction (Fig. 1).  The signal scattered by swath is divided by the directions of arrival 
with the help of a beam family created in the software or firmware.  Each beam has a 
signal, scattered by part of the swath located under the corresponding beam angle.  The 
main problem is the detect signal reflected from the bottom in the presence of ambient 
noise.  The initial information is amplitudes at the outputs of the split receive array and 
phase differences between these outputs. 

 

 

Fig. 1 

The most frequently applied approach to bottom detection (BD) is the combination of 
phase and amplitude detection methods [1][2][3].  For inner beams in the vicinity of nadir, 
the centre of gravity of amplitude distribution is calculated.  The point of centre of gravity 
gives estimates of range and hence a depth.  For outer beams where amplitude distribution 
occupies a large portion of range, usually the polynomial fit of phase is applied.  The 
degree of polynomial is one or two.  After finding zero crossing, the range R and, 
consequently, the depth (H) can be estimated.  The polynomial fit and centre gravity 
method are equivalent to some filtering routines that smooth noisy data. 

In order to provide the required degree of bottom detail, MBES should employ high 
range and angle resolution.  To achieve a range resolution, short pulses and high sample 
rates must be used.  The sample rate in modern MBES allows application of pulses with 
lengths of ~40 to ~60 μsec.  As a result, the along range resolution Δr can be ~3 to ~4.5 
cm. 

The main factor that restricts the range resolution is the frequency band pass of the 
transmit and receive arrays.  For example, band pass can exceed ~60 kHz at an acoustic 
frequency of 400 kHz, and that is enough to provide narrow pulses. 

The angle resolution is determined by beam width of a linear array.  For example, the 
central beam with a width equal to Δθ = .5° and widening to  Δθ = 1.2° at the ends of 
coverage sector ±65°. 
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Across resolution is equal to R Δθ/cos(θ).  The across resolution at range 10 m would 
be 8.7 cm at the central beams. 

To enhance the detailing of bottom relief, 512 equidistant beams can be created for 
each sampling period. 

This MBES provides very good detailing of bottom relieve, but the complexity of this 
system is high.  The goal of this paper is to show that some reduction in complexity leads 
to small and, in general, acceptable losses in the bottom relief representation.  The most 
challenging part of MBES design is the large number of beams (up to 512 beams).  The 
number of soundings is one sounding per one beam, or 512 equidistant soundings per 
ping.  Because all beams are computed during a sample time equal to several tens of 
microseconds, modern software is not able to solve this problem.  FPGA, with its 
powerful parallel processing capability, is required.  FPGA is the critical element of the 
MBES system.  It is expensive and implementation is difficult at this time.   

The modification considered in this paper includes several soundings per beam and a 
substantially smaller number of beams, providing a chance to avoid FPGA beamforming 
and allowing for the creation of beamformed data in software using the FFT approach. 

The idea to work with a smaller number of beams and with several soundings per beam 
was proposed and analyzed in [4].  The phase differences between several parts of the 
array were measured, and the Direction of Arrival (DOA) was estimated with the 
assistance of the Vernier algorithm as in an interferometer with several baselines. 

Here, another method is used.  The phase difference between two parts of the array are 
measured – as in standard bathymetry, then the DOA is directly estimated using functional 
dependence between a phase and DOA in each beam.  The benefit of this method is the 
smaller number of beams and potential options of FFT beamforming in software, thus 
avoiding the use of FPGA technology. 

2. QUADRATURE FILTERING 

It is clear that when several soundings are created per beam, there can be losses in 
random error of depth estimates without taking special compensatory measures.  Indeed, 
phase difference is usually very noisy and contains outliers at time samples where the 
amplitude level is weak.  In situation with one sounding per beam, a special window is 
applied to create polynomial fit for phase.  The size of the window controls effective SNR 
and provides a trade-off between bottom detailing and random error.  Filtering can be 
applied to compensate the increase of random error.  This is especially important for outer 
beams.  The best method of filtering is the quadrature filtering with zero delay.  Amplitude 
and phase differences can be treated as polar components of a signal after beamforming.  
The transition from polar to Cartesian components produces Ii, Qi – Cartesian components 
at every time sample i [5]: 

)sin(
)cos(

iii

iii

AQ
AI

ϕ
ϕ

Δ=
Δ=

 (1)

Ai – samples of amplitude and Δφi – samples of phase difference in split array.  Then 
zero-phase filtering is applied to Ii and Qi.  Zero-phase filtering routine keeps all details of 
bottom relief at their place and does not introduce delay. 
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The length of the filter response should be different for inner and outer beams.  For 
inner beams, the filter pulse response is shorter and for outer beams it is longer.  The 
quadrature filtering, in some sense, restores energy losses, but something is lost in bottom 
relief detailing, so there is a similar trade-off as in the phase polynomial fit.  After 
restoring the amplitude and phase from Ii and Qi, the BD algorithm described above may 
be used. 

The alternative to quadrature filtering is the polynomial fit of phase with order of 
polynomial chosen much higher than usual:  5 to 7 instead of 1 to 2.  This method is 
equivalent to zero delay filtering, but its implementation is more complex and it is not as 
flexible as quadrature filtering in the trade-off between detailing and random error. 

3. FFT BEAMFORMING 

FFT beamforming potentially makes it possible to avoid FPGA and firmware 
programming and use only software.  As a result, the system becomes more simplified.  
FFT can be selected with order 256 and to have 256 beams, but the angle span of these 
beams is ~180°, therefore the real number of beams will be smaller.  This number depends 
on speed of sound c and required angle coverage.  If this coverage is 130°, and c = 1500 
m/s, the number of beams is 196 in comparison with the 512 beams of conventional 
beamforming. 

The dependence of beam angle on beam number for different values of c is presented in 
Fig. 2. 
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Fig. 2 

The equidistant angle dependence for 512 beams is also shown.  It is clear that the 
number of FFT beams is pretty small (196), and they have decreasing density close to the 
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ends of the coverage sector.  Equidistant beams, in contrast, have increasing density.  So, 
FFT beams cannot provide equidistant capability.  The compensation for the loss of 
density and the absence of the equidistant feature are additional reasons to use multiple 
soundings per beam. 

Another disadvantage of the FFT approach is the difficulty to cope with true time 
delay.  FFT takes only one line of I and Q quadrature samples.  If a pulse length is greater 
than a delay in array, it is enough to take all samples at the same moment in time.  In this 
case, FFT provides the required phase shift and the beamforming will be perfect.  
However, if the intent is to include true time delay (which is important for short pulse 
applications), then several lines of samples should be taken and more than one FFT should 
be used.  Increases in the number of FFT can be three or more times, depending on the 
ratio of delay in array to pulse length, however even with this increase, the use of FFT 
makes sense in many applications. 

4. SEVERAL SOUNDINGS PER BEAM APPROACH AND APPLICATION 
EXAMPLES 

The performance of MBES and 196 FFT beams and multiple soundings is compared 
with that of MBES using 512 equidistant beams. 

The number of 196 beams may be too low in the conventional approach -  one 
sounding per beam.  This is especially important for outer beams where FFT beams have 
increased spacing.  Therefore, several soundings are used per beam.  To compensate for 
the increase in random error, quadrature filtering is applied.  This type of filtering provides 
effective phase denoising, as illustrated in Fig. 3.  Phase outliers are gone and additional 
time delay introduced by conventional FIR is absent.  As a result, there is an option after 
filtering to use the phase directly to estimate an angle of arrival, as in traditional 
interferometry, where phase is directly connected with DOA. 
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To use this connection, the angle/phase dependence for each beam is necessary.  This 
dependence can be computed numerically (analytical formulas are too complex).  
Examples for steering angles 0° and 60° are shown in Fig. 4 for SLL = -40 dB, Chebyshev 
weights and sound speed c0 = 1500 m/s.  When sound speed changes from c0 to c, it is 
enough to multiply angle/phase dependence by c/c0 and to have new angle/phase 
functions.  Analytical expressions are very complex, but approximation by a polynomial 
of 3 degrees gives acceptable accuracy.  So only four coefficients must be memorized for 
each beam - 196 x 4 coefficients in all. 
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Fig. 4 
The special question is the applicability of this method for beams that close to nadir.  

Phase characteristic has a poor representation for central beams because the number of 
samples is too small.  The special criterion was introduced to select between the 
conventional one beam/one sample method and the several samples per beam approach.  
The latter is applied only if the number of samples is large enough.  After estimating the 
angle of arrival θ, the depth can be found through the general expression: 

)cos()1( θdriH −=  
(3)

i – number of samples, dr = .5c/fs, fs – sampling frequency. 
There is one important conclusion from a simple equation (3) – the error of depth 

estimate H would be proportional to the sample number i.  This means that the greater the 
range, the greater the depth error.  This situation is typical of any bathymetry method, and 
it can be overcome by increasing the filter window in outer beams when range is 
increased. 

Examples of bathymetry data are given in Fig. 5.  The SeaBat 7125, with 512 
equidistant beams and 256 elements in the array is considered as the standard tool, its data 
represented by red dots.  Experiments were performed in the Santa Barbara harbour.  A 
steel pipe with diameter 2 0cm located on the slope of a hill is shown in the upper part of 
Fig. 5. 
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Fig. 6 

In the portion of the chart near the illuminated side of the pipe, the density of black 
points is low.  This means that here, one beam / one sounding method works because there 
are not enough samples in the corresponding beams.  The bottom on the right side of the 
pipe is represented by a continuous line because, in this part, multiple soundings per beam 
were used.  In general, this is a good representation of a pipe – its dimensions and shadow 
are well-preserved. 

The second example is the rectangular shaped feature situated in the outer part of the 
swath.  This feature was imitated as part of the bottom shape.  It is instructive to see the 
amplitude and phase dependencies for this case (shown in Fig. 6).  The feature appears as 
a protuberance on a phase.  The shadow follows this protuberance with chaotic phase 
behaviour.  After filtering, the feature becomes much cleaner.  The shadow portion does 
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not contribute anything because the amplitude is too small and corresponding phase 
samples are rejected. 

The leading edge of the rectangular feature in Fig. 5 is smeared due to filtering, but 
height and length are represented properly.  The edge of the feature is shifted by .2 m, the 
shadow with extension about ~1 m is better described than in the case of 512 beams. 

5. CONCLUSION 

This paper introduced a new approach to multibeam bathymetry processing with the 
use of a simplified version of MBES. 

The following issues were discussed: 

• Quadrature filtering as a means to compensate for the impact of a smaller number 
of beams; 

• FFT beamforming as a means to simplify MBES and avoid FPGA beamforming; 
• MBES with several soundings per beam (this method is close to the method used in 

interferometers); 
• Examples of application. 
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A new design of low frequency broadband flextensional transducer 
 

Mo Xiping, Zhu Houqing 
 

Abstract: Based on a new design of the special elliptical shell with some split gaps, 
and using giant-magneto-strictive material (Rare-earth alloy), A broadband flex-
tensional underwater acoustic transducer is developed. This special elliptical shell is 
considered as the vibration coupling beams. In this design, the vibration coupling 
beams possess different frequencies and simulated by using the ANSYS software. 
Their corresponding resonant frequencies of this free-flooded flex-tensional 
transducer in water are 600, 800, 1000, 1400Hz etc. The electric-acoustic 
performances of the prototype of the broadband flextensional transducer are 
measured in the lake. The -3dB bandwidth is from 550Hz to 1600Hz. The maximum 
transmitting current response level is 161.6dB and the source level is 185dB at the 
frequency of 800Hz. The Q-factor is less than 1. The dimension of this transducer is 
220 mm X 110 mm X 90 mm. The weight is 12 Kg. 
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THE DEVELOPMENT OF THE LUNEBERG LENS AS A SONAR 
RECEIVER BEAMFORMER 

Jack Keena,  Philip Pidsleya 

a Thales Underwater Systems, Ocean House, Templecombe, Somerset BA8 0DH, UK. 

Philip Pidsley, Thales Underwater Systems, Ocean House, Templecombe, Somerset, BA8 
0DH, UK, Fax +44 (0) 1963 372747, philip.pidsley@uk.thalesgroup.com. 

Abstract: This paper discusses the potential use of the Luneberg lens to provide the receiver 
beamforming capability for a short range active search sonar.  The Luneberg lens comprises 
a sphere consisting of one or many (or continuously graduated) concentric layers of fluid or 
elastic materials.  When the sound speeds of the materials are less than the ambient a real 
image is formed.  In this application, focusing in only one dimension is required and the lens 
is implemented as a cylinder. 
Modelling is presented for a fluid filled cylinder, and the solutions for the Helmholtz equation 
provided for both far field and near field sources.  The sound speed of the internal fluid is 
chosen such that focusing is on to sensors placed on the back of the cylinder.  It is shown that 
the size of the sensors is significant in the control of the sidelobe level.  The beamforming 
capability of the fluid filled cylinder is assessed in terms of its nearfield performance and its 
tolerance to the variations in the sound speed such as might occur with temperature or 
salinity. 
Beamforming based on the principle of the Luneberg lens has many advantages.  There is no 
beamforming electronics, it offers a wide field of view, and the phase matching of the 
elements is irrelevant.  Given the positive results of the modelling, the focus of the 
development of the lens is now on the choice of materials.  Fluoroinerts are the candidates 
for the internal fluid. 

Keywords: Transducer, Array Technology, Beamforming 
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1.  LUNEBERG LENS OVERVIEW 

A sphere consisting of one or many (or continuously graduated) concentric layers of fluid 
or elastic materials may be used as an acoustic lens.  When the sound speeds of the materials 
are less than the ambient a real image is formed.  If the sphere consists of a single material 
with sound speed half that of the surrounding fluid then the image of a point at infinity (an 
incident plane wave) will be formed at the back interface. 

A set of sensors is placed in the image plane which may be inside, outside or on the 
boundary depending on the sound speed ratios.  The sensors are not combined as the 
‘beamforming’ has already been effectively done, so the practically difficult issue of phase 
matching is not relevant.  If the usual linear type of sensors are used then correlators may be 
applied to each output and range data extracted.   

An example of a sonar that is based on the spherical Luneberg lens is described in 
Reference 1.  This was a low power system developed for wide angle passive surveillance.  
Beam patterns measured with this equipment are in good agreement with the theoretical 
predictions. 

A variant of the Luneberg lens is considered here for a short range active search sonar.  In 
this application, focusing in one dimension only is required so that a cylindrical geometry (as 
opposed to the normally assumed spherical geometry) is considered.  Furthermore, a cylinder 
of one material only is considered since multi-layer cylinders would be more difficult to 
make.  If the cylinder is a fluid then a thin shell is required to contain the fluid, of course, but 
here the acoustics are intended to be predominantly defined by the fluid (and the materials 
and thickness of shell is selected in order to minimize the acoustic deviations from that of the 
isolated fluid interior whilst still acting as an effective container). 

The sonar system will be designed so that its transmission is wide angle in the horizontal 
but is confined to a reasonably narrow vertical arc.  This allows modelling in cylindrical 
coordinates. 

The modelling given in §2 is formulated for an isolated fluid cylinder in an elastic shell, 
although the solution is provided for the case where the shell is infinitesimally thin.  The 
presence of the sensors and their mounting apparatus is ignored.  The justification for taking 
this approach is that the sensing region is small (and if PVDF is used then the sensor is 
virtually acoustically transparent).  If the sensing region was large and made of acoustic 
mismatching materials then exact solutions for such complicated geometries are not 
available, and the approximate methods of Kirchhoff or Folds would have to be employed. 

2. SCATTERING FROM A FLUID FILLED ELASTIC CYLINDRICAL SHELL 
IMMERSED IN A FLUID 

Consider a monotonic acoustic wave in a fluid incident on an elastic cylindrical shell 
containing a (possibly different) fluid.  Set up coordinates so that the wave propagates in the 
positive x direction.  An outgoing scattered wave will be formed in the exterior fluid, 
compressional and shear waves will be set up in the elastic layer, and a compressional wave 
will be set up in the interior fluid.  The wave fields are analysed in the following.  The 
exterior, shell, interior media are labelled 1, 2 and 3 respectively.  It will be assumed that 
there is no dependence on z.  An exp(iωt) time dependence is assumed, where ω is the radial 
frequency. 
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Fig.1: The Luneberg Lens Schematic 
The corresponding velocity field, V, in a fluid may be obtained from the (linearised) 

momentum equation:  

p
t
V

∇−=
∂
∂

ρ
1  (2)

where p is the fluid pressure and ρ is the density.  The two parts of the exterior velocity and 
displacement fields are given by:  
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 (3)

Since fluids do not support shear the displacement may be expressed in terms of a scalar 
displacement potential and the following relationship between displacement potential and 
pressure may be used: 

Φ= 2ρωp    where        Φ∇=u                   
(4)

within a homogeneous body of fluid. 
In the working that follows it will be assumed that the elastic shell containing the internal 

fluid is of infinitesimally small thickness so that it is acoustically transparent.  The exterior 
fluid and the interior fluid are considered in turn, and expressions are derived for the pressure 
field and radial displacement in each case.  If the containing shell is given a thickness then 
expressions for the stress field and radial displacement are available. 
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2.1. Exterior Fluid 

In general the total pressure satisfies the wave equation, and since the wave of interest is 
monotonic p satisfies the Helmholtz equation: 

02
1

2 =+∇ pkp  
(5)

The incident wave may be written as a Fourier series:  

∑
∞

=
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k1 is the wavenumber in the exterior medium for the specified frequency, and Jn(z) are Bessel 
functions of the first kind for order n.  The non-dimensional coefficients An are all unity for a 
plane wave (or source in the far field), but are retained in the expressions for ease of 
discussion of near field sources presented in §2.3. 

The outward going scattered wave in the exterior fluid may be expressed by: 
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Hn
(2)(z) is the Hankel function of the second kind, Yn(z) are Bessel functions of the second 

kind for order n and Bn are (non-dimensional) scattering coefficients (to be determined from 
the boundary conditions).  

The external pressure field is the sum of the incident and scattered fields, while the normal 
displacement is:  
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where the prime denotes the derivative with respect to the argument. 

2.2. Interior Fluid 

The interior fluid has pressure field given by:  
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where k3 is the wavenumber in the interior medium.  The normal displacement is given by:  
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2.3. Boundary Conditions and Near Field Sources 

The boundary conditions of continuity of pressure and radial displacement are applied at 
the outer radius (r = a).  They result in a set of 2 linear equations for the two unknowns Bn 
and Gn which may readily be solved. 

The Rayleigh distance is given by 1
2a λ where λ1 is the wavelength in the surrounding 

fluid (for aperture of 2a).  For sources closer to the cylinder than the Rayleigh distance then 
(cylindrically) spreading waves needs to be considered.  Suppose there is line source at 
distance X in front of the cylinder (x = -X, where X > 0) as opposed to a line source at 
infinity.  Then the An (in the expansion for the exterior field) can be revised from unity to: 

n
1

)2(
n

n i
)Xk(H

A =  (11)

3. BEAMPATTERN STUDY 

The modelling permits the evaluation of the displacements and pressure anywhere, but in 
the current application the pressure fields at the sensor locations are required.  Practically the 
most convenient site of the sensors is on the outer surface of the cylinder.  Therefore the 
pressure field is evaluated in the outer fluid, and the ‘point-spread function’ is the distribution 
with θ.  The individual sensors have finite sizes, of course, so the integrated field needs to be 
calculated when evaluating sensor output. 

A study was undertaken for a fluid cylinder with speed of sound of 750 m/s in a 
surrounding fluid with speed of sound of 1500 m/s, which gives an image plane on the back 
interface.  The cylinder radius and incident wavelength were chosen so that k1 = 741.   The 
study provided the response patterns to the following: 

1. An incident plane wave in the expected image plane. 
2. An incident plane wave in the expected image plane using finite size receiver elements. 
3. An incident plane wave using finite size elements and slightly different sound speeds. 
4. A nearfield source using finite size elements. 
5. A nearfield source using finite size elements and slightly different sound speeds 
The investigation involving speed of sound addresses the issue of tolerance to variations  

with temperature or salinity. 
The upper red curve of Figure 2 shows the calculated point-spread function on the image 

plane for a point source in the far-field.  The sidelobe level is above 9 dB and the 3 dB width 
is 0.8°.  The beamwidth of a line array of length equal to the cylinder diameter is about 0.34° 
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so the cylinder system is less able to make good use of the available aperture.  The classic 
‘sinc’ function is not obtained because of geometric aberrations. 
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Fig.2: Fluid Cylinder Response Pattern with Finite Size Receiver Elements. 

When the receiving element is given a finite size that subtends 1° with the centre of the 
cylinder, the blue curve response of Figure 2 is obtained.  Also included on the figure is the 
brown curve response of a line array of a length that gives the same 3 dB beamwidth as that 
of the lens.  The sidelobes are now about 15.5 dB down on the mainlobe. 

Thus when the finite size of the receiver elements is included in the modelling, the 
sidelobe levels of the beampattern reduce to an acceptable value.  The result of the sensitivity 
analysis shows reasonable performance for internal fluid sound speeds in the range 730 to 
770 m/s.  The lens is also tolerant to source distance giving reasonable performance down to 
1/3 the Rayleigh distance. 

4. CONCLUSION 

The above studies have shown that the Luneberg lens is a potential solution for the  
receiver of an active search sonar.  There are many advantages, such as the wide field of 
view, and low power requirements.  Fluoroinerts are the candidates for the fluid cylinder. 
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STUDY OF COATINGS FOR EXTENDED SENSOR 
UNDERWATER IMMERSIONS 

Thomas R. Howarth, Thomas A. Nigrelli and Jeffrey A. Szelag  
 

Naval Sea Systems Command Newport Division 
1176 Howell Street, Newport, RI  02841  USA  

Abstract: The U.S. Navy has been involved in an on-going investigation 
concerning the extended immersion of underwater piezoelectric sensors.  This 
presentation shall report on a study of four 1-3 piezocomposite transducers.  
Each of the four transducers was encapsulated in polyurethane with three of 
the transducers further protected by an additional coating of parylene added 
as a water block.  The first transducer was the control sample and only had 
the polyurethane encapsulant, the second transducer had a coating of 
parylene applied to the device before the polyurethane was added, the third 
sample had a parylene coating applied to the outer polyurethane encapsulant 
while the fourth sample had parylene added internally and externally to the 
polyurethane encapsulant.  These four transducers were immersed in warm 
and biologically active seawater test tanks at the Naval Research Laboratory 
Corrosion Facility in Key West, FL, for over three years.  The transducers 
were regularly measured for their electrical behavior as well as physical and 
photographic inspection every few months.  Discussions will include the 
benefits and tradeoffs of using thin water blocking coatings as well as the 
experiment set-up, photographs of the samples, data results and future 
recommendations for the preparation of piezoelectric sensors for extended 
underwater immersions. 

Keywords: underwater coatings, transducers, sensors, parylene 
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INTRODUCTION  

The active material in sonar transducers is an electrically sensitive dielectric 
material.  When these devices are used in the underwater realms, they need to 
have a water barrior between the devices and water in order to electrically 
insulate the devices from the environment. 
 
Traditional sonars have featured a rubber window/boot with a nonconductive 
fill fluid such as oil.  More recently, sonars are constructed using polyurethane 
encapsulant thus eliminating the fill fluid and rubber windows.  The 
advantages of this approach include an ease with manufacturing, a ruggedness 
of the device, better wear characteristics and reduced weight and bulk.  The 
disadvantage of using polyurethane is that it is hydroscopic in that most 
commercial polyurethanes absorb 0.5-3.0 % water by weight. 
 
In an effort to combat the hydroscopic effects of polyurethane, the U.S. Navy 
has been studying the effects of layering piezoelectric devices with a 
conformal coating water block.  The investigation presented in this paper 
concerns an on-going immersion of four 1-3 piezocomposite transducers.   

1. PARALYNE CONFORMAL COATING 

One of the more popular conformal coatings is a product manufactured by 
Paratronix known as parylene [1].  This coating has found wide application in 
the protection of electronic components as its thickness is predetermined and it 
provides an effective barrier for electronic component operations in hostile 
environments.  Paralyene is a hydrophobic material that acts as a superior 
moisture barrier as it is a plastic-based compound that is applied onto a device 
through a vacuum deposition process at room temperature.  Since it is so thin 
(0.002-0.005-mm or less), it remains acoustically transparent through the 
sonar frequency ranges of interest. 
 
The difficulty is using any thin external hardshell coating is that once there is a 
scratch or other opening through the external barrier, than there is an easy 
entry path for water ingressions.  This is similar to a chrome covering over 
steel in that once there is a scratch through the chrome, air and moisture reacts 
with the steel structure to induce rust.  In the case of the underwater sensor, 
once there is an opening through an external hardshell conformal coating, then 
water permeates and is absorbed in the polyurethane encapsulant.  In time, this 
water absorption in the polyurethane will thus interact upon the sensitive 
piezoelectric device.  In rather short time, this interaction of the water with the 
piezoelectric device will cause a short circuit of the device and thus render the 
device as a failure.  The rate of this water absorption by the polyurethane is a 
function of the water temperature as well as the chemical and biological matter 
compounds. 
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2. SENSOR SAMPLES 

Four Material Systems, Inc. 1-3 piezocomposite [2] sensors were used in this 
study.  Each sample was 88.9-mm x 88.9-mm x 12.7-mm thick copper-plated 
with a 25% volume-fraction of PZT-5A piezoceramic rods in an epoxy matrix. 
 
The samples were constructed as follows: 
1.  Control sample.  Polyurethane only, no paralyene coating applied. 
2.  Paralyene on the inner subassembly under the polyurethanc encapsulant. 
3.  Paralyene over the polyurethane encapsulant. 
4.  Paralyene both on the subassembly under the polyurethane and as the outer 
shell over the polyurethane. 
 
The polyurethane was Fiber Resins UraLite 3530 as this particular blend is a 
common sonar transducer encapsulant due to its excellent acoustical matching 
properties, its ease of application, its room cure capability, and its ruggedness.  
The room cure capability is necessary to protect the device from deformation 
of its own particular host epoxies from deforming the device geometry. 

3. TESTING 

Each of these samples was measured for its capacitance, dissipation and 
insulation resistance in-air prior to immersion.  The samples were immersed in 
a dedicated container pool at the Naval Research Laboratory’s Center for 
Corrosion Science and Engineering in Key West, FL [3]. 
 
This Key West facility has a comprehensive 30-year database for the local 
natural seawater exposures as physically, it receives plentiful unpolluted water 
from deep in the Gulf of Mexico.  The tropical location provides small 
climatic variation with stable and active biomass throughout the year [4]. 
 
This facility was selected as it introduces several aspects of interest.  The 
water is relatively warm which includes active biological mass.  The most 
difficult environment for underwater sensor coatings is warmer and active 
natural seawater as higher temperatures with a host of chemical constituents 
form a hostile environment for breaking down the composition of rubbers and 
encapsulations.  The addition of the active biological matter introduces an 
additional real world factor to observe if this activity might induce 
scratches/openings of the outer hardshell conformal coatings. 
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4. RESULTS 

Once placed in an open water trough container, each of the transducer output 
cables was connected to a PC.  This data logging PC was configured to 
measure capacitance, electrical dissipation, and internal resistances between 
each of the leads and the leads to the water.  Measurements were programmed 
at six hour intervals 24-hours a day, 7-days a week.  Physical inspection and 
software upgrades were performed every 3 months for over 3 years. 
 
Figs. 1 and 2 show the measured transducer capacitance and electrical 
dissipation as measured from April 2004 through August 2006.  As noted in 
this plot, and subsequent data plot, sample 1 displays characteristics of a 
transducer that has water interacting with it.  This sample is the control sample 
that does not have any coating on it.  It is degraded in that water has directly 
interacted with the active device such that the device is now a heavily oxidized 
green corrosion as shown in Fig. 3 from August 2006. 
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Fig. 1.  Measured transducer sample capacitance from April 2004 to August 2006. 
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Fig.2: Measured transducer electrical dissipation from April 2004 to August 2006. 
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It should be further noted that sample 3 is also demonstrating deviation in its 
capacitance and electrical dissipation values.  This sample has parylene over 
the device and under the polyurethane.  The data of Figs 1, 2 and 4 show how 
the device degraded in its behavior due to the water ingression. 
 
Physical examination and photographs of these units also revealed that the 
paralyene overcoating had begun “melting” off of the transducers in April 
2006.  It is unknown whether the samples with paralyene under the urethane 
and over the device were also similarly melted in terms of the paralyene 
coating although the data from sample 3 suggests that this could have begun 
occurring even before the exterior coatings melted.  The urethane in all 4 cases 
appeared intact but it is apparent that in all 4 samples that they have absorbed 
water.  This can be seen in Fig. 4 where the internal resistance of all samples 
was erratic for the past six months although the devices themselves appear to 
be intact with the exception of the control sample 1.  
 

  
 
Fig. 3:  Photographs of samples 1 (left) and 4 (right) from August 2006. 
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Fig. 4:  Measured transducer IR from April through August 2006. 
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5. IMPACT/APPLICATIONS 
 
The implications of these tests are that without a coating either over or under a 
polyurethane encapsulant, active devices will be compromised through water 
absorption and ingression fairly quickly (within 3 months) while samples that 
have coatings placed on them will continue to operate for two or more years.  
Our sample 1 showed signs of degradation within the first month and within 
the first year, it was essentially unusable.  Correspondingly, though all the 
samples are now showing signs of water absorption in their respective 
polyurethane encapsulants, all are still usable devices although sample 3 
appears to be of compromised performance capabilities.  After 2 years of 
submergence, it appears that the paralyene coating has begun to break down 
and “melt” off of the samples.  It is interesting to note that based upon this 
study, it appears that the paralyene that is placed over the device and under the 
polyurethane is degraded before the paralyene placed over the polyurethane.  
This is likely the result of the increased temperatures realized through 
operation of the transducers such that over time, the elevated temperatures can 
cause a breakdown of the paralyene.  It also suggests that the expected active 
biological activity appears to have played a much more minor role.  Sample 4, 
with paralyne placed over the device and then again over the encapsulant, 
appears to demonstrate the highest protection. 
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 THROUGH-THE-SENSOR HEALTH MONITORING FOR 
HYDROACOUSTIC STATIONS OF THE IMS NETWORK 

Lucie Pauteta 
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Lucie Pautet, Tel.: +43 (1) 260 30 6418, Email: lucie.pautet@ctbto.org 

Abstract: The hydroacoustic network is one of the four monitoring networks of the 
International Monitoring System (IMS) established under the Comprehensive Nuclear-
Test-Ban Treaty. The network has been designed to monitor the major world oceans in 
order to detect possible nuclear explosions. It is constituted of eleven stations located over 
the world with an emphasis on the vast ocean areas in the Southern Hemisphere. Two 
different sensing technologies are used to build the network, namely the hydrophone 
sensors, which provide high quality data but are complex and expensive, and the seismic 
detectors, which are considerably cheaper but less effective as they are based on T-phase 
waves detection. The present paper focuses on the hydrophone sensors. The life-cycle of 
these stations is designed to be of 20 years. The installation of these stations started in the 
year 2000 with HA08, Chagos Archipelagos, in the Indian Ocean and was completed this 
year with HA11, Wake Island,  in the Pacific Ocean. Considering the complexity and long 
life cycle of these stations, it was considered of great importance to monitor the quality of 
the data over several years. The main difficulty of such a monitoring is that the system 
does not record specific signals but ambient noise, i.e. unstable, time-varying and  
seasonal-varying signals. An extensive study of recorded data has been performed to 
identify what could be learned from the data about the state of health of the system.   It 
appears that some problems like the slow corrosion of a cable could sometime be detected 
before the complete failure of the cable. Procedures are being put in place to detect such 
signs as well as electronic glitches and overall aging of the system.     

Keywords: Monitoring, Data quality 
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1. INTRODUCTION  

The International Monitoring System (IMS) is a global network of 321 hydroacoustic, 
infrasonic, seismic and radionuclide stations to detect, identify and locate the signals 
generated by a nuclear explosion to verify compliance with the Comprehensive Nuclear-
Test-Ban Treaty. The hydroacoustic network is a set of eleven stations referring to two 
different sensing technologies, i.e. T-phase stations and hydrophone sensors (Figure 1) [1]. 
 

 

 
Fig. 1: Locations of the eleven stations of the IMS hydroacoustic network. 

Add in Figure the names of the stations 
 
  The T-phase stations use seismometers placed on steep-sloped island. They rely 
on the coupling of the waterborne energy along the flanks of the island. These stations are 
relatively simple as they are composed of three seismometers, a data acquisition system 
and a communication system. T-phase stations are not as effective as hydrophone sensors 
in detecting the acoustic energy ducted through the SOFAR channel but they are 
considerably cheaper. The five hydrophone stations of the network are also located on 
small isolated islands except for the Cape Leeuwin station located in SouthWest Australia. 
Such stations generally consist of a central facility located on the island and of two 
undersea trunk cables, each linked to three hydrophone sensors organized in a triangular 
configuration with a horizontal spacing of about 2km (Figure 2). The trunk cable is 
composed of a copper conductor with a fiber-optic core. Each hydrophone sensor is placed 
at the axis of the SOFAR channel, using a subsurface float and an ocean-bottom anchor. 
The frequency band of the hydrophone station is from 1 to 100 Hz. The two triplets are 
located on opposite shores of the island to avoid bathymetric blockage. Each station 
monitors a very large area so a few stations can adequately cover broad areas of the 
world’s ocean. These stations have been designed to operate for over 20 years: therefore, 

  Hydrophone stations:  T-phase stations: 
  Juan Fernandez Islands Queen Charlotte    
   IslandAscencion Island Socorro Island 
   Crozet Islands  Guadeloupe 
   Chagos Archipelago  Flores Islan  
   Cape Leeuwin  Tristan da Cunha 
  Wake Island
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there is a need to monitor the health and aging of the electronics. Obviously, the principal 
threat to long and reliable operation of these stations is a possible damage to the cables 
due to anchoring or trawling activities in particular in the shore area.  
 

   
Fig. 2: Schematic of a hydrophone station showing the shore station where most of the 
electronics and the communication equipment is located, the trunk cable (in red) and, a 

hydrophone triplet. Each hydrophone is located at the axis of the SOFAR channel between 
a float and a bottom-anchor. 

 
The main difficulty of data quality monitoring on these stations is that the system records 
ambient noise, i.e. the data are expected to be variable in time due to presence of events, 
ship, storms, marine mammals and other sources of noise. Since also the average number 
of recorded data varies widely depending on the season, the first part of the work has 
consisted in an extensive study of recorded signals, finalized to separate normal data from 
abnormal sequences. Particular attention was devoted to cable failures experienced in the 
past. The characteristic of these failures was that the cables were first hurt and were slowly 
corroding before failing. The next section shows some of the findings. Section 3 
summarizes what is now incorporated is the health monitoring of the hydrophone stations.  

2. DATA STUDY 

Abnormal sequences are defined as data sequences that cannot be related to mid/long 
acoustic propagation. There are patterns observed on only one hydrophone of the triplet 
and patterns observed at the same time on the three hydrophones of the triplet: the first 
data sequence will be referred to as a click and the second as a correlated sequence.  
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2.1. Clicks 

The origin of a click is a priori difficult to assess. Potential sources are mechanical 
(fish bites, trawler touching the floats), acoustic (small amplitude mammal noise) or, 
electronics. Examples of two clicks are presented in Figure 3. The first click is likely due 
to electronic noise while the origin of the second is difficult to assess with certainty.  
 

Fig. 3:Two examples of click: signal present on only one hydrophone. 

Since some clicks are likely to be electronic artefacts, it appeared important to keep 
statistics on the number of their occurrences per month. The idea is that a steady increase 
of their number could be a sign of aging electronics of the shore station or of the 
underwater components. An example of such statistics is shown in Figure 4.  

2.2. Correlated sequences 

Since the three hydrophones are approximately positioned over a equilateral triangle 
with a 2 km side length, a strong 0-lag correlation between the three of them is potentially 
of concern. A notable exception to this rule could be related to the passage of a tsunami 
wave over the triplet. But the signal induced by the increase of pressure due to the wave 
(frequency < 0.03 Hz) is very small and requires intensive processing [2].  Figure 5 shows 
the signal recorded on a station in the few months before it failed. Analysis showed that 
the corresponding cable was likely damaged but not broken some months before the 
station failed and, since then the cable was slowly corroding. Corrosion on this type of 
cable is rarely linear. The cable alternates between periods of intense corrosion and self 
healing: data (and power) can still flow while corrosion is underway. A sign of this 
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behaviour in the data is illustrated by Figure 5. Ultimately, corrosion will work its way 
through the copper and the electric conduction in the cable will be compromised. 
Unfortunately, it is difficult to estimate when and how this process will happen.  

 

.  
Fig. 4: Number of clicks per month per hydrophone of the Northern triplet of a 

hydrophone station  between April and October 2006. The number of clicks (including 
both electronics and other sources) is relatively stable over the 6 months period. 

 
 

 

 
 

 
 
 
 

Fig. 5: A correlated sequence which has been linked to power problems on a damaged 
cable. These sequences appear weeks or even months before actual electrical failure of the 

cable. 
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3. DATA QUALITY / HEALTH MONITORING 

The previous section has shown that signal artefacts which in some cases can be related to 
the electronics or some cable problems should be closely monitored. For a more 
comprehensive study, daily spectrograms of a few minutes of data are plotted on a regular 
basis to look for any unusual trend. Figure 6 shows such a type of plot.  

 
Fig. 6: Evolution of the spectrograms of the three sensors of a triplet over an 8 months 

period. The spectra show clear seasonal variability but no suspect trend. 
 

The monitoring of unusual signals and the computation of spectrograms is 
relatively recent and has been only used, until now, on archived data. Work is under 
progress to start a systematic daily near-real-time monitoring of data recorded at 
hydrophone stations. To complete the state of health monitoring of these stations, other 
well-established operational tools, which are not through-the-sensor per se, such as data 
availability statistics, are also used.  
 

REFERENCES 
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