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SUMMARY

Finding the direction-of-arrival of an incoming acoustic wave can be done through the

process called conventional beamforming. By repeating this process over time, a source can

be spatially and temporally tracked with just an array of receivers. Using a four-element

tetrahedron-shaped array, we characterize the performance of conventional beamforming

and how different source signals affect this performance. This was done in three testing en-

vironments: a numerical simulation, the Georgia Tech acoustic water tank, and the Atlantic

Ocean. These tests show that the 13-inch tetrahedron array performs well when source

tracking in the 2000 Hz to 5000 Hz band. Outside of this band, the array does not perform

well due to the presence of high energy side lobes that make estimating the direction-of-

arrival ambiguous. In the ocean tests, a towed source was tracked moderately well, with

errors in the tracking due to uncertainty in the location and orientation of the array at sea.

ix



CHAPTER 1

INTRODUCTION

The Earth's oceans are a very noisy environment, �lled with both natural and man-made

sounds. Monitoring of these sounds can give us insight into what the sounds are and where

they are coming from. Common reasons for acoustic monitoring of the oceans include

studying wildlife distributions [1], measuring seawater properties [2], and investigating the

effects of man made noise [3]. These applications tend to be as simple as placing audio

recorders in the area of interest and measuring all sounds, regardless of where they are

coming from. Oftentimes, simply recording all noise is not enough, and the direction and

range of the sounds of interest are needed. Such applications include military surveillance

of other vessels and underwater oil and gas pipeline monitoring [4].

Underwater acoustic tracking is of great importance. As economies have become more

global, the usage of our oceans has increased rapidly, for both commercial and defense

related purposes. As a result, there has been an increased interest in acoustic monitoring

of these commonly travelled areas. There are many techniques for acoustically tracking a

source, and many reviews of these methods have been written [5, 6]. In general, direction

�nding techniques can be can be broken down into three categories: beamforming methods,

subspace based methods, and maximum likelihood methods [7]. Subspace methods involve

splitting the received signal into a signal subspace and noise subspace and processing those

separately. Maximum likelihood techniques produce estimated parameters of the signal by

maximizing a likelihood function. Beamforming techniques involve ”steering” an array

of sensors into the direction that you want to look. This steering is done by applying time

shifts to the signal that correspond to the look direction in an effort to ”undo” the time shifts

that result from each receiving element having a unique position. When the steering direc-
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tion matches the direction that sound is coming from, the power output by the receiving

array will be maximum. The beamforming method known as delay-and-sum or conven-

tional beamforming is what will be developed and used in this paper. The proposed array

for this is a four-element tetrahedron-shaped hydrophone array. This con�guration spaces

the elements equally from each other, making the array a minimum-element spherical ar-

ray. This is the minimum amount and spacing of elements needed to resolve an incoming

signal in three-dimensions. Typically, literature on conventional beamforming is focused

on the uniform linear array case. Some research has been done into spherical arrays [8],

but rarely four-element arrays. In Chapter 2, the theory behind conventional beamforming

will be expanded, and the performance of the tetrahedron array when using conventional

beamforming will be investigated. The focus will be on determining how the signal shape

affects the ability to track the signal.

The �nal goal of the array is to use it for tracking and monitoring ocean sounds in the

New England Seamount area. The New England Seamounts are a chain of underwater ex-

tinct volcanoes off the coast of the eastern United States. Coincidentally, the Gulf Stream

often passes directly over them, which induces a high variability in the path and physical

properties of the Gulf Stream [9]. This makes this area particularly interesting for oceano-

graphic surveying. In a joint experiment with the Air-Sea Interaction laboratory at Scripps

Institution of Oceanography, a survey of physical oceanography properties and acoustic

array testing was conducted. In this experiment, a Liquid Robotics Wave Glider equipped

with a suite of oceanographic equipment and the tetrahedron array was deployed over the

seamounts. The Wave Glider is an autonomous surface glider that uses the energy of ocean

waves as a method of propelling itself. This, combined with solar panels for energy harvest-

ing means that the Wave Glider can inde�nitely survey the ocean [10]. Acoustic monitoring

with gliders are not a new thing [11, 12, 13]. These studies use ocean gliders, which are

small torpedo-shaped vessels capable of changing their buoyancy to change their depth.
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They are, however, limited in shape and size, and would not be capable of �tting a larger

array, such as the tetrahedron-shaped array. The Wave Glider is thus a good candidate for

deploying a three-dimensional array. Chapter 3 of this paper will focus on analyzing the

recordings that were made with the array equipped Wave Glider. The �rst goal will be

to determine the performance of the array when attempting to track a towed source. The

second goal is to understand the surveying capability of the Wave Glider equipped with

acoustic instrumentation.
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CHAPTER 2

NUMERICAL SIMULATION AND PERFORMANCE STUDY

2.1 Arrival Time

When using a receiving array with unique spatial positions of the elements, the arrival

time of of an incoming wave on each element will obviously depend on the position of

the element. The simplest case to see this is the uniform linear array. Let's consider an

an array withN elements, uniformly spaced along the x-axis with spacingd. Figure 2.1

depicts such an array for the caseN = 4. The position of then-th element is

pn = nd; n = 0; 1; 2; :::; N � 1

A plane wave arrives at the array from angle� . Let timet = 0 be the arrival time of the

wave at the zero-th element. It can then be seen that the wavefront must traveldcos(� ) less

when arriving at the second element and2dcos(� ) less when arriving at the third element.

Thus, the arrival time (relative to the arrival time at the �rst element) of the wavefront is

tn = �
nd cos(� )

c
n = 0; 1; 2; :::; N � 1 (2.1)

where c is the propagation speed of the medium the array is in. The negative sign arises

because the plane wave reaches element zero last. Over the range0° < � < 180°, the set of

tn will be unique. This uniqueness is what allows direction �nding of an incoming wave.

By knowing the arrival times of a wave at all elements, the corresponding� can be found.

Note, however, that the set of arrival times for a wave incoming from� will be the same

set of arrival times for a wave incoming from� � . From here, it is easy to see that a linear

array is unable to distinguish the� direction of an incoming wave (around the array's axis).
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Figure 2.1: 2D coordinate system for a four-element line array

To avoid this ambiguity, a higher dimension array must be used. A two-dimensional ar-

ray, also known as a planar array, has all of the elements lying in a �at plane. Planar arrays

can distinguish both a� and� angle, but cannot distinguish which side of the plane a signal

is coming from. Three-dimensional arrays are able to completely identify the direction of

arrival of a signal at the cost of complexity in processing and manufacturing. Equation 2.1

can be generalized to the three-dimensional case by

tn =
aT pn

c
(2.2)
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where

a =

2

6
6
6
6
4

� sin� cos�

� sin� sin�

� cos�

3

7
7
7
7
5

andpn is the position of elementn andc is the propagation speed of the medium. Fig-

ure 2.2 shows the coordinate system convention used here, as well as the orientation of the

tetrahedron-shaped array that will be considered.

Figure 2.2: Geometry of tetrahedron array (top). Conventional�; � coordinate system
(bottom left). Azimuth/elevation coordinate system (bottom right)

2.2 Plane Wave Beamforming

Beamforming is the process of ”undoing” these time delays that are present in a recorded

signal. In the time domain, a noiseless signal recorded on then-th element isyn (t) =
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s(t � tn ) wheres(t) is the source signal. In the frequency domain, this can be written as

Yn (! ) = S(! )e� i!t n :

To undo the time delay we must multiplyY(! ) by a factor ofE(! ) = ei!� n .

E(! )Yn (! ) = ei!� n S(! )e� i!t n

E(! )Yn (! ) = S(! )ei! (� n � tn ) (2.3)

Clearly, this equation reduces toS(! ) when � n = tn . This is the core concept behind

beamforming.

For aN -element array, Equation 2.3 can be written as

�

e� i!� 0 e� i!� 1 : : : e� i!� N � 1

�

2

6
6
6
6
6
6
6
4

Y0(! )

Y1(! )

: : :

YN � 1(! )

3

7
7
7
7
7
7
7
5

= EH Y = Z(! )

Using Equation 2.2, this can be written as a function of� and�

�

e� ik aT p0 e� ik aT p1 : : : e� ik aT pN � 1

�

2

6
6
6
6
6
6
6
4

Y0(! )

Y1(! )

: : :

YN � 1(! )

3

7
7
7
7
7
7
7
5

= EH Y = Z(!; �; � )

wherek = !
c is the wavenumber. In this case,E is known as the array steering vector,

and describes which way the array is ”looking”. This equation applies time delays to each

recorded signal, then sums the shifted signals. When the array is looking in the same di-
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rection that the signal is coming from, the shifted signals will all line up, and the sum will

be maximized.

A more common approach, and the approach used in the rest of this paper, is to maximize

the received energy of the shifted signal. The energy of the shifted signal is

B(!; �; � ) = jZ (!; �; � )j2 = EH YYH E

For a broadband signal

B(�; � ) =
Z 1

�1
EH YYH E d! (2.4)

This is the output of our beamformer. The� and� where the magnitude is largest is the

estimate of the direction that the signal is coming from. The computation ofB can be

greatly simpli�ed by only iterating over angles and frequencies of interest.

2.3 Numerical Simulations

To verify that the array can adequately track underwater sounds, a numerical simulation of

the array and incoming signal was implemented in MATLAB. This was done by �rst gen-

erating a simple time series source signal. An arbitrary source direction was chosen, and

the arrival times for each element were calculated. A copy of the source signal was then

created for each element, and the appropriate time shift was applied to each series. This

set of shifted signals then makes up the simulated received signal by each hydrophone. Us-

ing the simulated received signals, a beamforming outputB(�; � ) was generated using the

process laid out in section 2.2. The beamformer output was then compared to the chosen

direction to test the accuracy of beamforming with this array con�guration. This process

does not need any knowledge about the source signal; the chosen direction was simply to

generate the set of received signals.
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The array used was a four-element tetrahedron-shaped array. The origin of the coordinate

system was de�ned to be the centroid of the tetrahedron. The set of coordinates for each

element isf (1; 0; 0); (� 1
3 ;

q
2
3 ;

q
2
9); (� 1

3 ; �
q

2
3 ;

q
2
9); (� 1

3 ; 0; �
q

8
9)g �

q
3
8 � d whered

is the distance between elements. For the simulations below,d was chosen to be 13 inches.

We have also changed the output angles from(�; � ) to (Azimuth; Elevation). This was

done to de�ne(Azimuth = 0; Elevation = 0) as end-�re on the array and can easily be

transformed back to(�; � ) with a simple coordinate transform.

The simulated signal was a Gaussian windowed sine pulse, analytically de�ned by

S(t) = sin(2 �f ct)e� ( t � t 0
� )2

(2.5)

wheref c is the center frequency of the pulse,t0 is the peak time of the pulse, and� is a

coef�cient that determines the bandwidth of the pulse.

Beamforming was performed over all frequencies contained in the pulse. The azimuth

angle was scanned between 0 and 360 degrees. The elevation angle was scanned from -

90 to 90 degrees. These two scans encompass every possible angle a signal could come

from. Results for the �rst set of simulations are shown in Figure 2.4. These show

the beamformer output when the received signal is the one described by Equation 2.5

and shown in Figure 2.3. The output shown is the normalized output, calculated with

BdB (�; � ) = 10 log( B (�;� )
max( B (�;� )) ), so that the maximum is always 0 dB. The yellow/green

areas of the plots show the directions with the highest received energy, and correspond to

the main lobe and any side lobes. The red triangle on the plot marks the center of the main

lobe — the best estimate for the direction of the incoming signal. The black X marks the

actual direction that was de�ned when calculating arrival times. The actual direction and

the direction of highest energy agree very well for this signal. The very wide main lobe

seen in Figure 2.4c is due to mapping a spherical coordinate system to a two-dimensional

image. The actual lobe width is approximately 90 degrees, similar to the lobe size in the

9



(a) Time Domain

(b) Frequency Domain

Figure 2.3: Example of a Gaussian windowed sine pulse.f c = 2000 Hz; t0 = 0:5 s; � =
0:01
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(a) Azimuth =180°, Elevation =0°

(b) Azimuth =20°, Elevation =45°

Figure 2.4: Three beamforming energy output plots for different incident angles and 2000
Hz center frequency.
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(c) Azimuth =225°, Elevation =� 80°

Figure 2.4: (continued)

other two plots. Even though the maximum of the lobe tracks the incoming wave very well,

a wide lobe like this means there are many angles with similar incoming energy, making

the beamformer output ambiguous. This is especially true when the incoming signal has

noise, as the main lobe will be less de�ned and the location of maximum energy will be

dif�cult to track.

The shape of the beamformer output is heavily in�uenced by the characteristics of the

source signal, such as center frequency, bandwidth, and presence of noise. To investigate

the effects of these, more simulations were performed where each aspect was independently

varied. Figure 2.5 shows the results of beamforming the same signal shown in Figure 2.3,

except the center frequency is 1000 Hz and 5000 Hz, respectively. The absolute 3 dB

bandwidth for all of these cases was about 53 Hz. For the 1000 Hz case, the main lobe is

quite large, with a width of almost 180 degrees. Trying to �nd the direction of a signal at

1000 Hz would thus prove to be dif�cult, as the actual signal could be coming from almost

12



(a) f c = 1000 Hz

(b) f c = 5000 Hz

Figure 2.5: Beamformer output for a Gaussian windowed sine pulse with varied center
frequency
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anywhere inside this lobe. Conversely, the main lobe is much smaller when beamforming a

5000 Hz signal, about 40 degrees wide. This small lobe comes with a cost, however. When

beamforming at higher frequencies, we see a signi�cant rise in side lobes — all the other

yellow sections of Figure 2.5b. This is due to the shorter wavelength of the signal (relative

to the array) at higher frequencies. As the wavelength of the signal becomes shorter, there

are more possible combinations of arrival times that maximize the beamformer output due

to the periodic nature of sinusoidal signals. This means that a smaller array is needed to

beamform higher frequency signals, or the range of angles must be limited, so as to avoid

scanning the angles that contain side lobes.

Next, the effect of the signal's bandwidth was investigated. The absolute bandwidth for

the signals used in Figure 2.3a and Figure 2.5 is about 53 Hz, making it close to a single

frequency tone. To be able to easily de�ne the bandwidth, the signal used for the follow-

ing simulations (Figure 2.6) was an LFM chirp. The center frequency was 5000 Hz and the

start and end frequencies were chosen to create the desired bandwidth. Using an LFM chirp

also provided the bene�t of all frequencies in the band having the same energy, unlike the

sine pulse. At the lower bandwidths of 1000 and 2000 Hz, the �gure looks much the same

as Figure 2.5b. Above this point, however, the overall output begins to shift drastically.

The location and shape of all side lobes shift and become ambiguous. When the bandwidth

becomes 10000 Hz, the high energy side lobes almost completely disappear, being replaced

by a -5 dB background noise. At these high bandwidth values, the output shape across all

frequencies is being averaged, leaving the main lobe intact and smoothing out everything

else.

So far, all simulations have been done with noiseless signals. Obviously, a real signal will

have some amount of noise, often completely burying the signal of interest. For the simula-

tions with noise, the received signal at single element will be modeled asy(t) = s(t)+ n(t)

14



(a) BW = 1000 Hz

(b) BW = 2000 Hz

Figure 2.6: Beamformer output for a LFM chirp centered at 5000 Hz with varied bandwidth
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(c) BW = 4000 Hz

(d) BW = 10000 Hz

Figure 2.6: (continued)
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wheren(t) is Gaussian white noise. Figure 2.7 shows an example of this type of signal.

Here, an LFM chirp from 2000 Hz to 4000 Hz is completely hidden in noise. When look-

ing at both the time and frequency domains, there is no sign of a signal whatsoever. Trying

to use the same beamforming process we have used up until this point will result in all

directions containing almost the same energy. (seen in Figure 2.9a) To avoid this, the noise

needs to be �ltered out. The most straightforward way to �lter this is to use a matched

�lter. A matched �lter is simply a linear �lter that time shifts one signal and compares the

similarity to another signal at each time shift. The output of this �lter is very high when

the time-shifted signal is aligned to the signal buried in noise, and close to zero when the

signals are not aligned, as the noise will be dissimilar from the source signal. The matched

�lter can be de�ned by the cross-correlation of the two signals

(y ? s)( � ) ,
Z 1

�1
y(t)s(t + � )dt

Ff y ? sg = Ff yg � Ff sg

This outputs a high SNR signal that maintains the phase information of the received signal.

From here, we can put the matched �lter output into equation Equation 2.4 asY and pro-

ceed as usual.

The same beamforming test was once again performed, this time on the matched �ltered

signal. The goal was to see if using the �ltered signal as the input to the beamforming

algorithm would produce better results than using the unaltered recorded signal. The signal

used was an LFM chirp centered at 3000 Hz with a bandwidth of 2000 Hz. The bandwidth

was kept low so that promising beamforming results would be due to the matched �lter

and not a higher bandwidth. The amplitude of the noise was about 10 times the amplitude

of the signal, same as in Figure 2.7, making the SNR -20 dB. These results are shown in

Figure 2.9. Without the matched �ltering, this beamforming algorithm is impossible to use.

The output shows acoustic energy coming equally from every direction. At the heart of the

17



(a) Time Domain

(b) Frequency Domain

Figure 2.7: LFM chirp with additive white Gaussian noise
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Figure 2.8: Example of how a matched �lter outputs a high SNR signal

beamforming algorithm is time-shifting the signal, which makes the noisy signal line up

well at every time shift. This is why the algorithm cannot be used for a signal with very

low SNR. On the other hand, the matched �lter beamforming (Figure 2.9b) performs very

well. There is a clear main lobe of about 80 degree width and a side lobe located at the di-

rect opposite angle, similar to Figure 2.4a. However, there is still much background noise

present. The areas outside the main lobe are about -5 dB, compared to the -10 dB seen

in the noiseless signal. This is to be expected, as the matched �ltered signal signi�cantly

reduces the noise in the signal, but does not completely remove it.

The previous results show the case of very low SNR in the received signal. When the SNR

of the received signal is signi�cantly higher, matched �ltering proves to be less useful.

Figure 2.10 shows the case where the received signal SNR is about -10 dB. Beamforming

without using the matched �lter still produces a usable result at this point, but the matched

�lter beamformer shows a clear improvement. At this SNR level, the angles outside of the

main lobe when not using a matched �lter are all about -3 dB, meaning there is half the

acoustic energy incoming from these angles. If there were any more energy coming from

these angles, it would be very dif�cult to de�ne the main lobe and determine the incoming

angle. Because of this, -10 dB incoming signal SNR is about the minimum before matched

�ltering is needed.
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(a) No matched �lter

(b) With matched �lter

Figure 2.9: Beamforming results for a LFM chirp centered at 3000 Hz with a 2000 Hz
bandwidth with very low SNR (-20 dB) in the received signal. Left shows unaltered input
signal. right shows matched �ltered input signal.
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(a) No matched �lter

(b) With matched �lter

Figure 2.10: Beamforming results for a LFM chirp centered at 3000 Hz with a 2000 Hz
bandwidth with low SNR (-10 dB) in the received signal. Left shows unaltered input signal.
right shows matched �ltered input signal.
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For all incoming signals, regardless of SNR, matched �ltering beamforming outputs re-

sults that are at least as good as beamforming without matched �ltering. At low SNRs, it is

much better. At high SNRs, the two outputs are equivalent. The cross-correlation equation

requires relatively low computational power (when compared to the beamforming calcula-

tion) while making results better at all SNRs. This comes with a caveat: the source signal

must be known. Because all tests done in this paper have a known source signal, matched

�ltering will be implemented in all beamforming going forwards. If the source signal is

unknown and has a low SNR, the conventional beamforming laid out in this paper cannot

be used, and a different algorithm must be implemented.

2.4 Beamforming Performance Measures

All tests up to this point have been done to verify that direction �nding for various signals

is possible with the proposed tetrahedron-shaped array. There has been some investiga-

tion into the performance of the array, but it has been mostly qualitative and determining

whether the result is ”good”. This section will be focused on creating quantitative measure-

ments of the beamforming output to more accurately describe and understand how well an

array can identify the direction of arrival of an incoming signal. The two measures looked

at are main lobe SNR and directivity.

2.4.1 Main LobeSNR

The simplest measure of the directionality of the beampattern is the signal-to-noise ra-

tio of the power in the main lobe to the power outside of the main lobe. The SNR was

de�ned as SNRdB = 10 log Mean beam power in main lobe
Mean beam power outside main lobe. Beam power here is de�ned as

P(�; � ) = jB (�; � )j2. The main lobe was de�ned as the immediate area around the known

incoming angle that has a power greater than half the maximum power. This corresponds

to the area around the incoming angle with a> -3 dB normalized power. From the previous

22



simulations, it is known that the main lobe size is mainly proportional to the center fre-

quency of the signal used. As such, we will look at how the main lobe SNR changes with

center frequency. A high SNR would mean that a high percent of the incoming acoustic

power is in the main lobe, leading to a con�dent estimate of the arrival angle of the in-

coming signal. For these calculations, the Gaussian sine pulse was used, to ensure that the

signal had a very low bandwidth. The center frequencies used were 0.6, 1, 2, 4, and 6 kHz.

The beamforming output plots, as well as the areas considered main and side lobes are

shown in Figure 2.11. The SNR was calculated by taking the mean ofP over the yellow

area divided by the mean ofP over the blue area for each center frequency. The SNRs for

each center frequency were found to be 1.57 dB, 3.66 dB, 10.84 dB, 9.42 dB, and 5.95 dB,

respectively. At the low center frequencies (600 Hz and 1000 Hz), the SNR was low due

to having a high base level noise at all angles outside the main lobe. At the higher center

frequency (6000 Hz), the SNR was low due to the presence of many high power side lobes,

even though the base noise level was very low. We �nd that there is a steep drop off in

SNR at both low and high frequencies, demonstrating that there is a band of about 2000 Hz

to 5000 Hz that the array produces a high con�dence estimate of incoming angle. Below

600 Hz, beampattern is close to isotropic, making it impossible to determine the angle of

arrival.

2.4.2 Directivity

Another measure of the ability for an array to distinguish an incoming wave is directivity,

de�ned as

D(!; �; � ) =
1

1
4�

R2�
0

R�
0 P(!; �; � ) sin � d� d�

whereP is the normalized power received by the array de�ned above. The numerator is

the maximum power of the signal that the array receives from any angle, normalized to be

one, and the denominator is the average power received over all angles. As such,D can

be interpreted as the array gain [14]. A lowD value indicates that the beamformer output
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(a) 0.6 kHz (b) 0.6 kHz

(c) 1 kHz (d) 1 kHz

(e) 2 kHz (f) 2 kHz

Figure 2.11: (a,c,e,g,i) are normalized beam power plots for an incoming plane wave pack-
ets with speci�ed center frequency. (b,d,f,h,j) shows the area de�ned as the main lobe in
yellow. Blue shows the area considered the side lobes.
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(g) 4 kHz (h) 4 kHz

(i) 6 kHz (j) 6 kHz

Figure 2.11: (continued)
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is close to isotropic, receiving acoustic energy from all angles equally. A highD value

indicates that the array is highly directive — having a well de�ned main lobe, and many

angles with very low incoming energy. This does not say anything about the presence or

size of side lobes, however, as an array can have a narrow main lobe and narrow side lobes,

with little energy between. This would give a low average power, but still have uncertainty

in the direction of arrival.

To analyze the directivity of the array, an incoming plane was simulated impinging on

the array from a speci�c angle. At this angle, the directivity was calculated as above. This

was repeated at all angles for a number of different center frequencies. At each center

frequency, the maximum directivity over all angles was recorded, indicating the best pos-

sible performance that the array could have. This was also calculated for two other array

sizes, 6-inch and 20-inch in addition to the 13-inch model that has been used so far. This

was done to determine whether different element spacing would create a more directional

output. These results are shown in Figure 2.12. At low frequencies, the directivity is low

for all three tetrahedron sizes, consistent with our previous �ndings. At frequencies above

4500 Hz, the directivity is high and close to the same for all three sizes. At this point,

the main lobes are narrow, but there are many high power side lobes also present. In our

”sweet spot” of 2000 Hz - 5000 Hz, both the 13-inch and 20-inch arrays perform similarly,

with highly directional beampatterns. Because of this, as well as the bene�t of making the

array more compact, the 13-inch array was chosen as the size for the physical array. Based

on the main lobe SNR as well as the directivity, the 13-inch array has a well-de�ned and

highly directional main lobe in 2000 Hz - 5000 Hz band, and will have the best possible

beamforming performance in this range.
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Figure 2.12: Maximum directivity over all angles for various center frequencies and tetra-
hedron arm lengths

2.5 Tank Tests

To test the real-world performance of the tetrahedron array, beamforming tests were per-

formed in the Georgia Tech acoustic water tank. In these tests, the array was held under-

water at a constant depth and angle on one side of the tank, while an acoustic source was

moved on the other side of the tank. Both the source and array were held at a depth of 3.3

meters deep, approximately halfway between the surface and pool �oor. They were also po-

sitioned as far from all other surfaces as possible, while maintaining a fair distance between

them. They were positioned 4.5 meters away from each other, far enough to approximate

the acoustic wave as a plane wave. A diagram of this setup is shown in Figure 2.13.

The array was built out of PVC plastic with a long, thin, support rod and three �ns. At

one end of the support rod and all three �ns was a High Tech HTI-90 omnidirectional hy-
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Figure 2.13: Position of source (right) and array (left) in the acoustic water tank

drophone. The cables ran through the support rod into a RTSYS RESEA 4-channel acoustic

recorder, which was mounted on the bottom of the support rod. The array and recorder were

suspended from an overhead crane. The source was a 15 centimeter spherical, omnidirec-

tional, PZT transducer. The source was driven by a Tabor WW2074 waveform generator

that was ampli�ed and attenuated before reaching the source. The source signal used was

a two-second long chirp from 2000 Hz to 10000 Hz with a Tukey window applied (Fig-

ure 2.14). The source signal was repeated constantly until the recording �nished. This

signal allows beamforming over any range of frequencies within this band, while only hav-

ing to make a single recording. The hydrophone recorder recorded all four hydrophones

into a single 32-bit WAV �le at a 39062.5 Hz sampling frequency.

The goal of these tests were to see how well the actual array performance compared to

the the theoretical performance and determine whether the conclusions reached were valid.

The tests started with the source at an azimuth angle of 90°. The source was held station-

ary in this con�guration for about a minute, before the source was moved back and forth

between azimuth angles of about 50°to 130°. This was repeated for starting azimuth angles

of 180°, 270°and 0°, which allowed coverage of almost all azimuthal angles. The elevation

angle was 0°for each of these tests. After the azimuth tests, the array was held stationary

pointing at the source (end�re, 180°azimuth), while the source was lowered to the bottom
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(a) Time domain

(b) Frequency domain

Figure 2.14: Signal broadcast by the source in the acoustic water tank tests
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of the pool and raised to the surface. This allowed the elevation angle of the source to vary

from -40°to 40°. Figure 2.15 shows the beamformer output for the tests where only the

azimuth angle was varied. On the output, the red triangle marks the physical direction from

the array to the source. The selection of outputs shows azimuth angles from 180°to 360°.

The outputs for the rest of the azimuth range look identical. These plots are the result of

beamforming over the 2000 Hz to 5000 Hz range as explained in the previous sections. It

can be seen that the main lobe of the beamformer output follows the actual direction of the

source very well. The main lobe is at most 10°off from the physical angle, which can likely

be attributed to errors in approximation of the physical angle. The main lobe is 40°wide,

which is the same size as the numerical simulations predicted for a center frequency of

5000 Hz. Unlike the simulations, the tank tests indicate higher energy and more side lobes.

In these tests, the matched �lter output was quite noisy. This was likely due re�ections and

induced vibrations in the array itself. An effort was made to reduce the effect of these by

windowing the matched �lter output around the peak. This window was then zero-padded

to maintain the number of samples as the original matched �lter output. This constrains the

signal to only contain the direct arrival, and excludes arrivals that take longer (e.g. re�ect-

ing off the �oor). This proved to reduce side lobes signi�cantly, but many are still present.

Figure 2.16 shows the results of the tank tests where the source was raised and lowered in

order to vary the elevation angle from -40°to +40°. Once again, the size of the main lobe

is consistent with the expected size from the numerical simulations. These tests also show

that the physical array is able to track the elevation angle in addition to the azimuth angle.

Finally, the goal was to determine whether the beam pattern produced by the numerical

simulations was comparable to the beam pattern produced in the tank tests. To do this,

another numerical simulation was ran, using the same signal that was used in the tank tests.

The band looked at was 2 kHz to 5 kHz, based on the previous �ndings. For this band, the

incoming signal in the simulation was chosen to be 0° azimuth and 0° elevation. The re-

30



(a) (b)

(c) (d)

(e)

Figure 2.15: A selection of beamforming outputs for acoustic tank tests. Azimuth angle
ranges from 180° (a) to 360° (e). Red triangle marks physical angle between array and
source.
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(a)

(b)

(c)

Figure 2.16: A selection of beamforming outputs for acoustic tank tests where elevation
angle was varied. (a) shows the source at its deepest point, -40°. (b) shows the source at an
elevation of 0°. (c) shows the source at its highest point, 40°. Red triangle marks physical
angle between array and source.
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sulting pattern was then visually compared to the pattern for the same band and angle from

the tank tests. The patterns are shown in Figure 2.17 For this band, the beam patterns are

very similar. Side lobes can be seen in the same locations between both plots. The energy

in the side lobes is slightly higher in the tank test, which is to be expected as the numerical

simulation used a noiseless signal and the tank test recording was moderately noisy. From

this, we can conclude that the actual hydrophone array behaves in an identical way to that

which was predicted by the model. The same methods used to process the simulation are

thus applicable to experiments in the ocean, which are the focus of the next chapter.
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(a)

(b)

Figure 2.17: Comparison of beam patterns for numerical simulations (a) and tank tests (b)
for 2 kHz to 5 kHz band.
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CHAPTER 3

NEW ENGLAND SEAMOUNT EXPERIMENT

3.1 Motivation

The New England Seamount Experiment (NESMA) is a two part experiment — the pi-

lot experiment and the main experiment. It is a multi-lab experiment focused on making

physical oceanographic and acoustic measurements in the area above the New England

Seamounts in the north Atlantic Ocean. The pilot experiment occurred in May-June 2023

and will be the focus of this chapter. The main experiment is currently scheduled for Au-

gust 2024. During the pilot experiment and predicted during the main experiment, the Gulf

Stream passed directly over the seamounts. This creates a very volatile environment, where

the ocean properties are rapidly changing due to both the bathymetry and mixing of cold

and warm water.

The goals of the pilot experiment were to conduct an engineering test of the Wave Glider

equipped with acoustic equipment and make acoustic source transmission measurements

with the tetrahedron array. This was done jointly with the Air-Sea Interaction labora-

tory at Scripps Institution of Oceanography. The priority of the acoustic equipment was

the ability to make long term autonomous acoustic recordings. This would allow one to

make remotely piloted acoustic surveys over a large area. The second priority was to make

recordings of source transmissions in the New England Seamount area. Recordings of

source transmissions would allow insight into the beamforming performance in a chaotic

area like the Gulf Stream, as well as understanding how the seamounts themselves affect

sound propagation in the ocean.
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3.2 Equipment

The main piece of equipment, and the central part of the experiment, was the Liquid

Robotics Wave Glider (Figure 3.1). This is an autonomous scienti�c platform capable

of making uninterrupted oceanographic surveys for extremely long periods of time. The

Wave Glider consists of three parts: a �oat that sits on the ocean surface and contains a va-

riety of oceanographic equipment, a ”sub” that sits about eight meters under the �oat and

is the propulsion mechanism, and the towed acoustic module (TAM) that trails ten meters

behind the sub and sits eleven to twelve meters deep. The �oat also contains all communi-

cations modules so the Wave Glider can be piloted remotely and limited data transfer can

occur. All instrument storage and power systems are also housed in the �oat. The Wave

Glider is an SV3 model that is speci�cally instrumented for making measurements in the

air-sea boundary layer [10]. The towed acoustic module contains the tetrahedron array, a

four channel hydrophone recorder and a sound velocity/CTD probe. The tetrahedron array

and audio recorder are the same used in the previous chapter. The sound velocity/CTD

probe is an AML Oceanographic AML-3 XC that contains AML X2Change conductivity,

temperature, pressure, and sound velocity probes.

3.3 Pilot Experiment

The full NESMA pilot experiment occurred from May 12 to June 7, 2023 on a research

cruise. R/V Neil Armstrong — operated by the Woods Hole Oceanographic Institution

— conducted the cruise. On the cruise, the instrumented Wave Glider was deployed on

two separate missions to make measurements. For both deployments, the Wave Glider

was held in a compact con�guration and lowered into the water via the Armstrong's rear

crane. Once in the water, a quick release mechanism was pulled from the ship, allowing

the Wave Glider's sub and TAM expand to their full length. During the deployments, the

Wave Glider was piloted remotely from the ship with a custom MATLAB program created
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Figure 3.1: Diagram of Wave Glider and equipped oceanographic instrumentation (towed
acoustic module not shown)[10]
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