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Abstract 

 
Title: 

Towards a Multiple Station Shallow Water High Frequency Acoustic Tomography System 

 

Author 

Justin Michael Eickmeier 

 

Principle Advisor: 

E. D. Thosteson, Ph.D., P.E. 

 

Acoustic tomography studies have traditionally been conducted in deep water, 

implementing high power, low frequency pulses transmitted over long distances to map 

large scale current events.  Conducting acoustic tomography in a shallow water 

environment using high frequency low power pulses represents both unique engineering 

challenges and opportunities for advancements in hydroacoustic measurement techniques. 

A two station acoustic tomography system has been designed, prototyped, tested and 

deployed in the field to evaluate multiple facets of system performance and the feasibility 

of deploying a large network of stations to define a shallow water current field.  Each 

station is capable of transmitting a 1.5 ms continuous wave of 983 kHz sound and opening 

a 3.98 ms sample window collecting 512 samples for signal reception and definition.  The 

key benefit of operating at a high frequency is that a 983 kHz signal is clearly discernable 

from lower frequency background noise.  Due to the large attenuation coefficient 

associated with this high frequency signal, station separation is set at 0.92 m in sea water.  

The critical factor in acoustic tomography is determining the precise arrival time of an 

acoustic pulse sent from one station to another with known station-to-station separation.  

Station synchronization is presently accomplished by hardwiring the stations together and 

using an input-capture routine executed by a Microchip dsPIC microcontroller conducting 

instruction cycles at 29.48 MHz.  The routine is accurate to within two instruction cycles.  

By measuring the arrival times of two pulses sent in opposite directions along the same ray 

path, a time of flight analysis can be conducted.   Through finite impulse response (FIR) 

interpolation and window filtering, a differential analysis eliminates the impacts of 

dynamic background conditions and yields current measurements with a resolution of 2.88 

cm/s. 
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  Foreword 

 
The term ñtomographyò has previously been used in the fields of seismology and 

medicine, describing an inverse problem where the characteristics of a specific medium are 

recovered by passing a signal, acting as a carrier of information, through a certain area of 

interest.  Modern developments in the field of hydroacoustic imaging and analysis were 

driven by early innovations in SONAR technology in the years following WWII.  Side 

scan sonar systems and acoustic backscatter sensors were introduced into mainstream 

hydroacoustic research in the 1980 to 1990s.   Early experiments in acoustic tomography 

from the 1950ôs and 60ôs demonstrated the potential for marine engineers and 

oceanographers to analyze the ocean using new methods (Munk et al., 1995).  Acoustic 

tomography addresses the inverse problem of calculating precise travel times of sound 

between known locations, determining the properties of acoustic propagation and defining 

the characteristics of the ocean interacting with the sound field.  Acoustic data collected 

between pairs of transducers allows for a ñsliceò of the ocean (temperatures, current, sound 

speed) to be modeled.  Establishing multiple tomography stations yields multiple slices 

which can be used to model the body of water enclosed by the stations.  There are two 

important advantages that acoustic tomography has over traditional, one station one 

measurement systems.  First, traditional sensors must be placed directly in the area of 
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interest in order to collect data.  This can lead to logistical difficulties when the area of 

interest is a heavily trafficked marine area or a shallow water system.  Acoustic 

tomography stations are situated on the edge of the area of interest.  Secondly, deploying 

multiple acoustic tomography stations will yield more measurements (n = number of 

stations, n
2
 = number of measurements) than a deployment of the same number of 

traditional sensors (n = number of stations = number of measurements) (Jovanovic, 2008).  

Beyond the ocean, acoustic tomography is being used in breast cancer research as an 

alternative to x-rays.  Meteorologists are also embracing the technology to obtain slices of 

wind fields.    

Acoustic tomography is of particular interest due to the high efficiency of certain 

sound waves and frequencies in water.  The analysis of these sound waves yields very 

detailed environmental data concerning the surrounding ocean environment and the 

characteristics of the acoustic source.  In broad terms, this analysis requires signal 

detection (determining whether or not a signal is present or has arrived), signal extraction 

(recovering one or more parameters from that signal) and recording the exact departure and 

arrival times of that signal.  The peak amplitude of a signal response plot is frequently used 

as a measure of a detection systemôs performance.  Another criterion is the ratio of energy 

contained in the signal to the noise energy (signal to noise ratio) over a certain interval of 

time.  A system that maximizes this ratio has a correspondingly greater likelihood of 

making a valid detection (Clay et al., 1977).   

Inverse problems pertaining to the ocean can be classified either as remote sensing 

or localized.  Localized, or in-situ measurements, pertaining to current analysis are usually 

collected using simple mechanical current meters or more complex (and consequently 

costly to configure and maintain) sensors.  For example, Acoustic Doppler Current 
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Profilers (ADCPs) are capable of operating in or outside of a certain area of interest; 

however, most units require precise calibration to collect valid data.  Calibrating an ADCP 

can require hours in an expensive tow tank or current flume (Oberg, 2002).  Also 

commonly deployed in-situ to collect current data is the Acoustic Doppler Velocimeter 

(ADV) and electromagnetic based (EM) sensors.  In the remote sensing category, satellites 

are widely employed to collect data from the surface of the oceans; however, amongst 

other logistical problems such as expense, it is difficult for these platforms to look through 

more than a thin surface layer of water.  Furthermore, satellites used for remote sensing of 

the ocean have resolutions ranging from 10ôs of meters to the kilometer range, which is far 

too coarse for shallow water acoustic tomography applications.  Acoustic tomography falls 

into the remote sensing category due to the inverse nature of the solution and the 

deployment of tomography stations outside the area of interest (Taroudakis, 2002).   

Approaching the complex problem of defining an ocean current field requires a 

great degree of collaboration between ocean engineers, oceanographers, physicists and 

mathematicians in order to extract the required data.  Once members of the ocean 

engineering/research community began to understand the potential of acoustic tomography, 

large scale proof-of-concept experiments (in the range of 100ôs of km) were deployed.  

When temperature variations were integrated over these large distances, smaller scale 

fluctuations and internal waves were averaged out.  These types of fluctuations can skew 

the results of a current field analysis when data is collected over long distances but only at 

discrete points.  Typically, a large scale system in deep water will generate a low frequency 

coded sound pulse for several seconds.  The travel time of this pulse is typically measured 

with an accuracy of approximately 0.1 s (Taroudakis, 2002).  The intensity of the pulse is 

at a level audible to the human ear in the near field of the transducer, but falls below the 
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intensity of audible ambient ocean noise in the far field. The ocean is nearly transparent to 

very low frequency sound, so relatively weak transmissions may be detected at long ranges 

using signal processing routines to separate the signal from background interference.  

However, the utility of low frequency signals in an acoustic tomography study degrades in 

shallower waters.  Low frequency sounds attenuate slowly and have a long residence time, 

which degrades temporal resolution.  Acoustic signals in shallow water will readily reflect 

from a smooth surface interface.  These reflections are problematic as they combine to 

generate an interference pattern referred to as the Lloydôs mirror effect, resulting in range 

dependent fluctuations in sound level (Medwin, 2005).  Low frequency signals are difficult 

to direct, so there is an increased probability of interaction between the principle beam and 

the reflected signal.  Furthermore, low frequency noise in shallow coastal waters is 

ubiquitous, increasing the difficulty of resolving a specific signal.  Unique requirements 

exist for conducting acoustic tomography in a coastal environment, where higher frequency 

transmissions are better suited to shallower water and shorter distances.    This study is 

focused on the theory, design and analysis of a high frequency acoustic tomography system 

for deployment in coastal waterways. 
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1.0  Background and Theory 

1.1  Initial  Experiments and Deployments 

The first experiments with long range acoustic transmission used military 

hydrophones as receivers and large explosives as point sources.   According to Munk et al., 

experiments began in 1955 and included the detonation of a 30 kiloton nuclear bomb 

(known as WIGWAM) in 650 m of water off the coast of California.  Following 

detonation, acoustic reflections were identified from islands, seamounts and topographic 

features throughout the Pacific Ocean.  Nuclear experiments were not repeated in the 

following years, but smaller explosives continued to serve as acoustic sources.  In 1964, 

eighteen 15 lb explosive charges were detonated off the coast of Cape Town and were 

detected 10,000 km away near the shore of New Zealand.  While these experiments were 

interesting in terms of hydroacoustics, true tomographical experiments were not conducted 

until the 1980ôs.  In 1989, an acoustic tomography system consisting of six-elements was 

deployed and moored in the abyssal plain of the Greenland Sea Gyre to model deep water 

circulation with the cooperation of the Scripps Institute of Oceanography.  Using the six-

element array, scientists were able to document the mixing of surface layers and the 

movement of these layers over the course of several months.  The next significant 

deployment consisted of a three-element array placed in the shallow shelf region to the east 

of Bear Island in the Barents Sea.   This system focused on observing frontal dynamics in 

the region (Munk et al., 1995).    

In the 1990ôs acoustic tomography experiments took place with more complex 

seven-element arrays and satellite communication. According to Taroudakis, in 1993 the 

THETIS system was deployed in the western Mediterranean and experiments were 
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conducted with more than 100 km between transmitter and receiver.  The THETIS 

transducers used BPSK signals (Binary Phase Shift Keying) with a frequency of 400 Hz, a 

bandwidth of 100 Hz and a station depth of 150 m.  By 1994, the THETIS-2 tomography 

experiment was deployed in the same region but with a station separation of 600 km.  

Using a seven-element array, THETIS-2 measured seasonal heat exchange and was 

equipped with a real-time data connection to the ARGOS satellite system.  This connection 

was established using an S-Tether mooring design, which allowed a communications 

module to sit near the surface and provided data on a continuous basis for more than 5 

months (the cause of the lost connection was ultimately attributed to damage to a segment 

of submerged cabling).  The tomographic array was installed on a network of seven 

moorings and supplemented with current meters and temperature sensors.  These additional 

sensors assisted in the establishment of a background environment surrounding each 

mooring (Taroudakis, 2002).  

 The Labrador Sea acoustic tomography experiment began in 1996 with a focus on 

the large scale effects of cooling, deep mixing, warming and restratification in the North 

Atlantic Ocean.  The tomographic array consisted of 3 or 4 transducers (varying with the 

year) and was deployed annually over a period of 6 years.  The depth of deployment 

matched that of the original THETIS experiment at 150 m.  The moorings were separated 

by between 150 and 330 km with a central frequency alternating between 400 Hz and 250 

Hz (Woods Hole: Ocean Acoustics Lab, 1998). 
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1.2  Objectives 

This thesis examines the history and theory of acoustics tomography and establishes 

the present state of design, tomographic analysis and testing methodology.  This state is 

currently defined by deepwater acoustic tomography research and sensors suited for use 

over long distances and operating at low frequencies (along with a small number of 

experiments conducted on the basin scale in coastal waters).  To develop an acoustic 

tomography system for operation at the sub-basin scale (shallow rivers, tributaries and 

near-shore areas), the following objectives are defined: 

¶ To design, develop, and deploy two, high-frequency, shallow-water, acoustic 

tomography stations (see Figure 1.1). 

¶ To assemble a system that is flexible in design, interface and expandability. 

¶ To evaluate the performance and validity of acoustic tomography techniques in 

shallow water. 

¶ To collect and analyze current velocity data from a shallow water and tidal 

influenced system. 
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Figure 1.1:  Acoustic Tomography Stations  

 

1.3  Problem Approach 

 The acoustic tomography problem is an inverse problem, meaning that certain 

model parameters must be obtained from observed data. The model parameters for acoustic 

tomography are the speed of sound c and the current velocity v in the water column.  There 

are multiple approaches to obtaining these parameters and each method is best suited to 
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certain acoustic and environmental conditions.  In the approaches to the acoustic 

tomography problem that follow, the depth is held constant and the sound source and 

receiver are at the same depth.  To approach the problem in a practical manner, the time 

dependence of the parameters is addressed by additional data collection as time proceeds. 

Ray theory focuses on the travel time of the acoustic ray from transmitter to 

receiver and is fundamental to solving the acoustic tomography problem.  Broadband 

acoustic sources can be used with a single transmitter/receiver set-up, making ray theory 

based systems relatively easy to deploy.  However, ocean currents are usually on the order 

of 10 cm/s RMS whereas perturbations of sound-speed are usually in the order of 5 m/s 

RMS (Munk et al., 1995).  Lower or higher current velocities may occur in a shallow water 

environment under certain conditions (such as the peak of a flood tide).   This means that 

travel time variations in acoustic signals due to currents are multiple orders of magnitude 

smaller than variations due strictly to sound speed perturbations (based upon shifts in 

temperature and salinity).  However, the small current based contribution or detraction to 

or from the travel time of the acoustic signal can be isolated from larger perturbations.  The 

isolation is accomplished by differentiating the travel time of two signals traveling station-

to-station and sent in opposite directions.  The higher order perturbations, present in both 

signals, can be eliminated if  the signals are transmitted through a medium with static 

characteristics, which is only possible when the two signals are sent in rapid succession; 

otherwise, the characteristics of the medium will begin to shift over time.  With the higher 

order perturbations removed from the signals, only the signal travel time component due to 

the current remain.  

There are some linear solutions to the inverse problem that work on the assumption 

that the background environment is always known (with the actual environment deviating 
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by only a small degree) and corresponds to a historical mean.  There are a number of steps 

required to develop and solve the discrete inverse problem for ray tomography.  In the 

interest of providing a stable base of knowledge for multiple tomography methods, the 

most significant equations and approaches are presented here. 

 

1.4  Methods 

1.4.1  Sound Speed 

 Certain approaches to the acoustic tomography problem (including one of the 

approaches in this study) require that the sound speed be calculated.  In deepwater ocean 

acoustic tomography MacKenzieôs formula for sound speed is used due to its accuracy at 

high average levels of salinity.  MacKenzieôs formula for sound-speed from 1981 is a 

function of temperature T (ºC), salinity Sa (ppt) and depth D (m): 

 

C(T, Sa, D) = 1448.96 + 4.591T ï 0.05304T
2
 + 2.374x10

-4
T

3
 + 1.340(Sa ï 35) + 

1.630x10
-2
D +  1.675x10

-7
D

2
 ï 1.025x10

-2
T(Sa ï 35) ï 7.139x10

-13
TD

3 

 

This formula is valid for temperatures from 2 to 30 ºC, salinity from 25 to 40 ppt and 

depths from 0 to 8000 m.  In shallow coastal areas, sources of freshwater input create 

brackish water with varying salinity levels which can drop well below 25 ppt.  Coppensô 

formula for sound-speed from 1981 is accurate for both low and high salinity values. 

Coppensô formula is a function of t (t=T/10 where T is the temperature in ºC), salinity Sa 

(ppt) and depth D (km):  
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 C(t, Sa, D) = 1449.05 + 45.7t ï 5.21t
2
 + 0.23 t

3
 + (1.333 ï 0.126t + 0.009 t

2
)(S ï 

35) + (16.23 + 0.253t)D + (0.213 ï 0.1t)D
2
 + [0.016 + 0.0002(Sa -35)](Sa ï 35)tD 

 

This formula is valid for temperatures from 0 to 35 ºC, salinity from 0 to 45 ppt and depths 

from 0 to 4000 m.  In shallow water regions with brackish water (and wide ranging salinity 

values) Coppensô formula is the logical choice for this study. 

  

1.4.2  Local Maxima Method 

An acoustic tomography study between two stations can be conducted 

straightforwardly by using the local maxima of an acoustic arrival pattern to determine an 

arrival time.  The identification of the local maxima is the fundamental operation in a time 

of flight analysis.  The temporal difference in the local maxims of two acoustic signals sent 

between stations in opposite directions (under static background conditions) yields the 

influence of current along the direct station-to-station path.  This approach allows for linear 

relationships to be drawn between the temporal occurrences of the maxima peak and 

variations in the speed of sound.  This method has proved useful in the THETIS I and II 

experiments in the Mediterranean and is the analysis method used in this acoustic 

tomography study (Taroudakis, 2002).   

The methods of analysis that follow are alternatives to identifying local maxims 

and determining time of flight through a differential analysis.  Ideally, any one of these 

models could be applied in the future as a data verification tool to complement a local 

maxima analysis.  These models are described here to allow for the possibility of future 

integration with this acoustic tomography system. 
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1.4.3  Modeling Forward Acoustic Propagation 

 Given a model of a physical system, the problem of predicting the result of some 

number of observations is known as the forward problem.  The forward problem is 

applicable to acoustic tomography when a model defining the background conditions can 

be developed.  Developing such a model is a significant investment in both time and 

funding; however, the forward acoustic propagation formulas that follow allow for a higher 

level of acoustic tomography analysis and accuracy than through ray analysis alone.    

According to Taroudakis (whose work in acoustic tomography has yielded the 

equations that follow) , the starting point for modeling forward acoustic propagation is a 

variation on Helmholtzôs equation defining acoustic pressure p(x), where c is the speed of 

sound, Ҿ is the circular frequency and x0 is the position vector of the point source. 

    (1) 

A Fourier transform is performed to go from the frequency to the time domain, enabling 

the acoustic field to be expressed below, where p(x; Ҿ) is a solution for (1) for frequency 

Ҿ. 

                         (2) 

In ray acoustics, a signal can be expressed as a superposition of ray arrivals.  In this way, 

acoustic energy can be considered to be propagating along distinct rays.  A time series 

expansion of acoustic pressure reflects multipath propagation in the acoustic field where pn 

is the acoustic pressure for the n
th
 Eigenray, N is the number of rays received and Ű(x) is 

solved through eikonal equations and An(x) through transport equations.  
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                  (3) 

The pressure field can also be written in the time domain where Űn is the arrival time of the 

n
th
 Eigenray with amplitude an. 

                           (4) 

Based upon ray arrivals, it is possible to use ray acoustics to outline the inverse problem 

itself.  In ray acoustics based tomography, the value of the acoustic pressure has no impact.  

Sound and current profiles in the direction of propagation can be used to define the arrival 

time of a specific Eigenray.  Here, ds is the infinitesimal ray path, ũn is the ray path of a n
th
 

order Eigenray for a specific angle of reception and ɗ is the angle between the ray path and 

the horizontal. 

                     (5) 

An alternative to ray acoustics is the application of normal mode theory.  In this 

case, the acoustic field is considered to be a superposition of multiple normal modes 

(which is important for an acoustic tomography study using modal time travel inversions).   

                  (6) 

Here Bn(x) can be defined by substituting (6) for sound pressure in (1).  For the normal 

mode solution, un(z) is a n
th
 order Eigenfunction which is a solution to an ordinary 

differential equation (ODE) Sturm-Liouville type problem with depth dependence z.  For 

(6) every term in the sum is a modal component.  When the background environment is 

defined by a given sound speed profile, the geometry of the environment and the acoustic 
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frequency of propagating modes, a normal mode solution becomes possible.  These factors 

are consistent requirements for defining the background state (Taroudakis, 2002).       

 

1.4.4 Ray Inversion  

A solution defined by Taroudakis to the acoustic tomography problem that 

considers multipath acoustic propagation, (resulting in multiple arrival times) is an 

expression linearized with respect to the known background state with no current in the 

area.  This background corresponds to a historical mean where ŭc(x) is a small value. 

                (7) 

Through the linearization of (5) with respect to a known background state (characteristics 

defined at the end of 1.4.3) and proceeding on the assumption that there is no current in the 

area, the time travel variation along the Eigenray path can be associated with sound speed 

variation.  

             (8) 

With N measurements, it is possible to extract the sound speed along the ray path and then 

at specific points in the water column.  When current is introduced into the problem, a 

solution is reached by executing reciprocal transmissions from the source to the receiver.  

For this solution dn = (Űn
+

  -  Űn
-
)/2 where Űn

+
  and Űn

-
 are the travel times for Eigenrays in 

opposite directions and v(x) represents the current (Taroudakis, 2002).  

            (9) 
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1.4.5  Amplitude Inversion Method 

Another linear method deals with the inversion of the amplitudes of the EOF (or 

the speed of sound values) using differences in the phase of the mode at the receivers.  This 

method is based upon adiabatic normal-mode theory and represents the acoustic field using 

a far field representation (with a cylindrical coordinate system).  Although this method has 

been tested in the field, it requires an array of hydrophones to construct and define the 

modal structure.  This is due to the fact that the individual modes propagate in an 

independent nature.  This means no mutual coupling of the modals occurs, even with the 

influence of dynamic adiabatics (Munk et al., 1995). 

 

1.4.6  Modal Time Travel Inversion Method 

According to Taroudakis, another approach to the acoustic tomography problem 

looks for modal arrivals instead of individual rays.  This approach is best suited to shallow 

water environments with higher modal resolvability; however, it represents a more 

complex approach than the ray inversion method.  The velocity of a modal packet (a depth 

dependant energy distribution related to a discrete Eigenfunction) propagating in the water 

column is the modal velocity vgn. 

                                             (10) 

In this case, kn is an Eigenvalue of order n (corresponding to the Eigenfunction un as shown 

in 1.4.3) and ɤ0 is the central circular frequency of the acoustic signal.  With the velocity 

of the modal determined, the variations in modal travel times can be calculated through 

integration over the area of dynamic sound speed and through the discretization of the 
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surrounding environment.   The formula for associating modal travel time variations with 

respect to the background environment is as follows.  

                 (11) 

Here the time travel variations can be expressed in terms of Qn (which is a function 

calculated from the background environment based upon (7) through (9))  (Taroudakis, 

2002). 

 

1.4.7  Non-Linear Approach 

The methods outlined up to this point are linear in nature and have a known 

background environmental state where general variations from this state can be identified.  

When a linear evaluation is not possible, the non-linear approach of Matched-Field-

Processing (MFP) is an option.  According to Kuperman et al., MFP is a 3-dimensional 

generalization of the conventional lower plane wave beam former.  The original 

application of this method was in seismology, where it was used to generate ñsynthetic 

seismogramsò.  Correspondingly, MFP can generate ñsynthetic sonogramsò when applied 

in the field of acoustic tomography.    The generalized matched-field beam former matches 

the measured field (matching is done to plane waves) at the array with replicas of the 

expected field for all source locations.  When the test source location is co-located with the 

true source (point), the generalizations of this model are at their most accurate.  MFP is a 

non-linear operation requiring significant computational analysis and can be further 

complicated by ambient ocean noise, local biological sound sources and artificial 

contributions (Kuperman et al., 2004).   
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2.0  System Design 

2.1  Hierarchy of Modern Design 

The design of tomographical ocean instrumentation is heavily dependent upon the 

scale, duration and focus of the specific deployment.  The majority of the deployments in 

the 80ôs and 90ôs were concerned with collecting data over long distances.  The 

transmitters and receivers used for these experiments were unique in their design, size, and 

implementation.  An example of one of these stations is the HLF-5 acoustic source that 

was deployed in July of 1990 from the Ocean Construction Platform off the coast of 

Bermuda (an operation sponsored by the Scripps Institute of Oceanography). 

 

Figure 2.1: HLF-5 Large Acoustic Source 

 

  This acoustic source consisted of a 2 m x 2 m open aluminum frame with a drum 

like barrel 0.5 m in diameter and mounted in the center of the frame with the ends oriented 

in the horizontal direction.  Hydraulically driven pistons cause oscillations in the end of the 

barrel, generating sound at the desired frequency.  Due to the mechanical driving 

mechanism of this system, the range of possible frequencies were restricted (250 Hz for the 

HLF-5 system).  However, low frequencies are desired for tomography over long 
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distances.  Ideally, a hydrophone array is installed above the piston driven sound source, 

along with temperature and salinity sensors.  During several early experiments, scientists 

made use of U.S. Navy hydrophones as well as towed arrays for initial evaluation and 

capturing of signals from the sound source.  After data was collected and post processing 

performed, researchers were able to measure the location/boundaries of the Gulf Stream 

based on the sound speed and temperature data collected (Worchester, 2005).  This type of 

experiment was less concerned with precise positional accuracy of the transmitter and 

receiver (a feature that becomes increasingly important as the scale of the system decreases 

and the transmitters and receivers are stationed closer together) and more with establishing 

general functionality and confirming theoretical postulations.  

 A non-mechanical and more capable sound source was the DWAS  (Deep Water 

Acoustic Source) driven by a Helmholtz resonator capable of somewhat higher output 

frequencies between 250 Hz and 900 Hz at 201 dB (1 µPa @ 1m) (High Tech Inc., 1999).  

The DWAS outputs either a swept-frequency cosine (known as a chirp) or pulses at a 

constant frequency.  The transducer consists of five stacked piezoelectric ceramic rings in 

an oil filled rubber boot.  The key attribute of this sound source is that the output waveform 

is highly repeatable.  Therefore, variations in recorded data can be attributed to 

environmental conditions.  Although this system was capable of somewhat higher 

frequencies, its main application was long range tomography.   

 

2.2  Acoustic Tomography Sensor Network 

What makes shallow water acoustic tomography particularly appealing, in 

comparison to present mechanical and electromagnetic water current velocity measurement 

techniques, is its inherent accuracy and potential for model building.  The systems 
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available at present are either expensive or limited in their scope or resolution due to the 

nature of the ñpointò measurements they generate.  Acoustic tomography on the other 

hand, can generate a model of water current velocity within an enclosed area of interest 

when three or more stations are deployed.    Figure 2.2 (a) displays a typical arrangement 

of five current sensors where each station takes a single measurement.  An arrangement of 

paddle wheel current sensors would be deployed in a similar fashion.  Figure 2.2 (b) shows 

an arrangement of acoustic tomography sensors where every station transmits an acoustic 

pulse, which can be detected by each subsequent station.  The result is a significant 

increase in the number of measurements collected per station vs. traditional sensors. 

 

 

Figure 2.2 (a) One Station One Sample (right) vs. (b) Acoustic Tomography (left) 

 

When the sensor arrangements shown above are applied to a theoretical current 

field, Figure 2.3 (a), the advantages of acoustic tomography for modeling purpose becomes 

apparent.  The traditional sensor network in Figure 2.3 (b) would yield point measurements 

that fail to correctly define the middle section of the current field.  Rather, the 

measurements suggest that the current in the area is uniform.  The acoustic tomography 

network in Figure 2.3 (c) displays the current measurements the system would yield if 
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deployed within the theoretical current field.  Each measurement represents an average of 

the current passing between two stations and so each resulting current vector is located at 

the midpoint of the station-to-station path.  The model of current behavior calculated in this 

case is a better semblance of the current field in Figure 2.3 (a).  

 

 

      Figure 2.3: (a) Theoretical Current Field (right) (b) Point Measurements (center)           

     (c) Acoustic Tomography Measurements (left) 

 

 

Acoustic tomography involves an inverse problem related directly to the sound 

speed in water, which can be calculated very precisely based upon background 

information.  There are no errors introduced into the current velocity measurements due to 

mechanical components and there is no risk of damage or experiencing the type of fouling 

that commonly afflicts measuring devices that require water flow through the sensor. 

 

2.3  Function Decomposition 

2.3.1  System Overview 

The tomographic system is composed of two moored transmitter/receiver stations.  

Each station is equipped with an acoustic tomography module, water tight housing, 

transducer assembly and an available connection port for future interface with 
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communications hardware and instrumentation developed by the Ocean Research and 

Conservation Association (ORCA).  The tomographic module contains the main control 

circuitry, data logger and power source.  The transducer assembly encapsulates both a 

dedicated flexural mode piezoceramic transmitter and receiver in marine grade epoxy.  The 

initial deployments and testing store acoustic data and precise timing measurements on a 

USB drive for manual download.   The deployment time of the system will sit somewhere 

in the range of 4 to 5 hours, depending on the frequency of collected samples required.  

This deployment time may be expanded through the implementation of power management 

routines to ñwake-upò parts of the circuitry with high power demands.  Currently, the 

deployment time is dependent upon the endurance of the 2400 mAh battery pack in each 

station.  Replacing the discharged battery pack between samples will extend the 

deployment period.  The 512 MB USB storage sticks are capable of storing several days of 

data before a download is required.  Figure 2.4 shows the fundamentals of operation for a 

two station acoustic tomography system.  An acoustic pulse (red) is generated at Station 1 

and the direct path signal (green) is received at Station 2.  As the current flow (large blue 

arrow) passes along or between the direct path signal, the component of the current parallel 

to the direct path (small blue arrow) increases or decreases the travel time for the acoustic 

pulse.  The transmission is repeated in the opposite direction with the smallest delay 

possible from Station 2 for reception at Station 1.  The total cost for each station is 

approximately $350.  The electronic components total $250 and the cost of the hardware 

components sum to $100.   
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Figure 2.4 Two station system functionality 

 

 

2.3.2  Transducer Design 

Dual flexural mode piezo ceramic transducers (with low cost and low mechanical 

impedance allowing for efficient coupling with water) are employed for the transmitting 

and receiving functions.  Each piezo is an AVX corporation 15 mm buzzer element with a 

resonance frequency of 10.5 kHz for the transducer assembly.  It has a maximum 

impedance of 600 Ý and a typical capacitance of 8000 pF.  Two piezo elements potted in 

West Systems 105 Epoxy Resin are set using West Systems 209 Extra Slow Hardener.  

The resin is a clear liquid with a pale yellow tint and low viscosity of 1000 centipoises at 

72 ºF.  Once combined with a hardener, the resin cures into a high strength solid with very 

high resistance to moisture, making it ideal for marine/submerged applications.  There are 

several West System hardeners available with varying working/curing times and 

temperatures.  In order to achieve optimal acoustic characteristics the cured epoxy must be 

free of any entrained air bubbles or cracks.  Flaws of this type can reflect and distort the 

acoustic signal.  The first step in avoiding these flaws requires that the resin/hardener 
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mixture be placed under vacuum to pull entrained air to the surface.  Typically, a vacuum 

of 30 inHg must be applied to the point of the mixture foaming over.  The vacuum must 

then be released and the procedure repeated 2-3 times.  At this point the choice of hardener 

type is the determining factor in the final quality of the cured epoxy.  Trials using West 

System 205 (Fast Hardener) and 207 (Special Coatings Hardener) yielded epoxy 

encapsulations that appeared to be free of entrained air after the application of a vacuum, 

but yielded multiple flaws during curing (6 to 8 hours for 205 Hardener and 9 to 12 hours 

for the 207 Special Coatings Hardener).  In both cases, the appearance of cracks and 

bubbles can be attributed to the heat generated by the curing process.  The curing epoxy 

releases heat at a rate inversely proportional to its curing time:  the shorter the curing 

period, the more heat that is released.  Correspondingly, the temperature of the epoxy will 

increase and defects become more likely.   In comparison, the 209 Extra Slow Hardener 

requires 24 hours to cure to a solid state.  As the epoxy begins to cure, it releases heat very 

slowly and the increase in temperature is minimal.  Figure 2.5 displays a nearly flawless 

cure of the epoxy surrounding the piezo ceramics.  A 1 ½ò PVC end cap was used as a 

mold for the transducer.  Following proper curing, the side of the molding and a segment 

of the epoxy were sanded to reveal the face of the piezo ceramics.  Ideally, the distance 

from the piezo face to the epoxy surface should match ¼ of the wavelength of the 

transmitted signal to minimize distortion due to reflection. 
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Figure 2.5:  Potted transducer assembly 

 

Initial testing revolves around a 983 kHz signal which is below the 1.5 MHz resonance 

frequency of the ceramic layer (determined experimentally).  There are several benefits to 

using a 983 kHz signal in a test environment with the characteristics of the Indian River 

and its tributaries.     

 

2.3.3  Hardware 

The four leads coming from the transmitter and receiver piezo ceramics (two leads 

each) are connected to a cable that is rated for direct burial in submerged environments.  

The cable employs several layers of protection to shield the sensitive signals travelling 

between the piezos and the system circuitry.  A thick rubber outer layer is followed by a 

double layer copper shield.  This shield reduces the potential for interference from external 

sources.  The usual application of this cable is for running telephone signals through 

submerged, rugged or harsh terrain without compromising signal quality.  Beneath the 

copper shield are three twisted pairs of insulated wire.  The volume around the wires is 

filled with a silicone gel which provides further insulation and protection from water 

penetration.  
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 The cable is fed through one foot of İò OD 316 stainless steel tubing.  At one end 

of the tubing, a ½ò segment is potted in the West Systemôs epoxy.  This end serves as a 

mounting location for the rectangular plate holding the piezo ceramics.  A band of friction 

tape is wrapped tightly around the tubing directly above the mounting plate, allowing the 

epoxy to establish a firm grasp.  The opposite end of the foot long segment is connected to 

a 30ò length which leads to the water tight case holding the control circuitry and power 

supply.  The connection is achieved using a Swagelok İò to İò (tubing OD) union (see 

Figure 2.6).  The union forms a leak tight mechanical seal with the tubing using a dual 

hinged-colleting ferrule design.  The front ferrule is used to create a seal with the tubing on 

one side and presses against the fitting body on the other.  As the nut on the union is 

tightened, the back ferrule axially advances the front ferrule and applies a radial grip on the 

tubing, locking it in place.  A second Swagelok fitting is used to connect the 30ò segment 

of the tubing to the water tight case and allows the cable inside of the tubing to be 

connected to the printed circuit board.  The end of the Swagelok penetrating the case has a 

thread size of Ĳò-16 SAE NF and a Buna-N O-Ring to form a seal against the exterior wall 

of the case.  A lock nut holds the connector in place and is attached from inside the water 

tight case.  The water tight case is Pelican Micro Case #1060 with an interior rubber lining 

and clear lid.  The nominal interior dimensions of the case are 8.25" x 4.25" x 2.25" which 

are slightly reduced by the thickness of the rubber liner.  As a result, the case accepts the 

6.39ò x 3.79ò printed circuit board with approximately .10ò clearance on either side.  The 

remaining 1.75ò x 4.25ò x 2.25ò volume is occupied by batteries and the cable penetration 

point.  The complete assembly is displayed in Figure 2.7. 
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Figure 2.6: Swagelok operational cutaway 

 

 
Figure 2.7:  Assembled station hardware 

 

 

2.3.4  Attenuation and Environmental Considerations 

The Wenz spectrum shown in Figure 2.8 illustrates sources of background noise in 

the ocean.  The highest frequency in the Wenz spectrum is 100 kHz, above which point 

molecular agitation begins to appear as the dominate source of background noise.   

The most common frequency used by depth-sounders on recreational or fishing boats is 

200 kHz, which could cause interference with a transducer operating at or around this 

frequency.  While working at higher frequencies (relative to the 100ôs of kHz range), the 

probability of mechanical transients from a shipping or pleasure vessel masking the signal 
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is reduced.  At 983 kHz and ranges of 10 m or less from the point source, some attenuation 

can usually be neglected in the transmission and return directions; however, at distances 

greater than 10 m, transmission losses must be considered. 

 

Figure 2.8: Wenzôs spectrum of ocean noise 

 

For a frequency of 983 kHz (under the following conditions: 15 degrees C, depth 

of 2 m, salinity 35 ppt, pH 8) the attenuation due to absorption is approximately 

0.3247dB/m (Medwin, 2005).  Although background conditions in shallow water change 

quickly (particularly in brackish or tidal waters), the above absorption level can be 



 
 

24 
 

considered a reasonable value for loss prediction calculations.  Significant losses due to 

sound absorption are caused by shear and bulk viscosity.  The shear viscosity occurs due to 

frictional forces during relative motion between adjacent layers of the liquid medium.  Of 

additional importance to sound absorption is the bulk viscosity, which is due to molecular 

rearrangements which occur during the sound wave cycle.  The time required for this 

reordering is known as the molecular relaxation time.  The actual amount of acoustic 

energy lost is dependent upon the proximity of the relaxation time to the period of the 

sound wave.  The loss per wave cycle is low when the sound wave period is significantly 

different from the relaxation time.  Greater losses occur as the wave period approaches the 

relaxation time.  According to Urick, there are three molecular process cycle times of 

interest in hydroacoustics; 10
-11 

s for freshwater, 10
-5
 s for the magnesium sulfide 

component of seawater and 10
-3
 s for the boric acid component.  The boric acid [B(OH)3]  

ionization process is complicated by its dependence on other chemicals in a seawater 

solution.  The influence of the boric acid on attenuation is dependent upon the pH of the 

water.  In practical terms, attenuation due to the boric acid process and its coefficient are 

very small, in the range of 3 dB over 500 miles for low frequency signals.  However, 

significant changes in pH can occur rapidly in a shallow water environment.  The impact of 

pressure on the attenuation of sound is only significant at depths in the range of 100ôs of m 

and so not applicable to shallow water tomography (Urick, 1983). 

Some of the ambient noise production in the ocean can be attributed to the 

formation, resonance, and collapse of small bubbles.  There are three common sources of 

bubbles that need to be considered in a shallow water test environment: breaking waves, 

rain and sediments.  Although bubble formation from breaking waves is most significant in 

the form of plunging breakers, sustained winds in the Indian River will regularly cause 



 
 

25 
 

white capping.  Theory holds that noise generated from breaking waves (which has a 

frequency of less than 500 Hz) can be partly attributed to the collective oscillations of 

bubble patches.  In a freshwater laboratory study, bubbles with a diameter of 0.050 mm 

were observed with a resonant frequency of 65 kHz.  The Knudsen sea-noise spectrum was 

developed during WWII and uses 50 kHz as an upper limit for air bubbles (Medwin, 2005).    

Bubble formation due to rainfall has a narrow frequency spectrum with a peak of 15 kHz.  

These frequencies are relatively low in comparison to the 983 kHz signal required from the 

transducers in this system.  These bubbles are due to rain drops from stratus clouds which 

are characteristically small (described as a drizzle) in comparison to the much larger drops 

that fall from cumulonimbus clouds due to strong upward air currents.  Ambient noise 

transients, including collapsing bubbles, breaking waves and biological organisms, occur 

many times per second and will generally have a first order Gaussian distribution (Horton, 

1969).  Although the Indian River can expect a wide range of rain drop sizes over the 

season, the range of generated frequencies remain relatively low.  The third source of 

bubbles in a shallow water environment can have a significant impact on sound 

propagation.  Bubbles have the greatest impact on acoustic conditions when they are 

pressure released in a bubbly layer.  This type of release can cause near perfect reflection 

of an acoustic signal.  The layer of very soft silt that is characteristic of the upper sediment 

layer of the Indian River can entrain bubbles and change the expected sound speed profile 

(where the speed of sound in the bubbly sediment can be significantly lower than in the 

surrounding water). 

  With a signal of interest in at 983 kHz (period of approximately 10
-6
 s) absorption 

of the signal due to attenuation is a noticeable cause of signal degradation. Based on the 

SONAR equations outlined by Medwin, at a range of 10 m these attenuation effects need 




