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ABSTRACT

This thesis undertakes part of the work of developing a novel system consisting of an
acoustical resonator sensor and a sound speed sensor for measuring bubble populations
in the water. The principles of the sound speed sensor and the acoustical resonator are
presented. To estimate sound speed anomaly, which can be used to infer bubble popula-
tions in bubbly water, some data processing techniques are used and prove to be very
effective. Besides presenting a series of laboratory tests of the instrumentation, a success-
ful field experiment conducted in the ocean is reported, in which the newly developed
instrument was used. The results obtained from both sensors are compared. As one of the
most important contributions of this thesis, a clear analysis has been given of the propa-
gation of a short acoustical pulse in bubbly water. Some new equations are derived,
which provide a useful theory to improve the accuracy of bubble population estifnatcs.

Field results are interpreted with the aid of the theory.
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Glossary of Terms

Langmuir circulation: The organization of ocean surface wind driven circulation into
counter rotating vortices, approximately aligned with the wind, first identified

by Irving Langmuir (1938) [14, 15].

Phase unwrapping: a process to recover the total phase which could be larger than
2n by adding or subtracting 2z to or from the current estimate of the phase.
The addition and subtraction are determined by the estimate of the previous

unwrapped phase.

Sound speed anomaly: The change of the sound speed in bubbly water from that in

bubble-free water.

Sound speed sensor: Apparatus to measure sound speed by estimating the travel time
or time delay for a sound wave to travel from a transmitting transducer to a

receiving transducer.

Resonator sensor: Apparatus to measure the change of sound speed and attenuation
according to the change of an acoustical standing wave field between two plates,

where one plate is used as a transmitter and the other one is used as a reflector.
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a Radius of a bubble

c Sound speed
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Chapter 1

Introduction

1.1 Bubbles in the Ocean

Bubbles play an important role in physical processes of the oceans. Not only are the bub-
bles scavengers of ocean detritus, organic materials, trace metals and bacteria, they also
scatter and absorb sound waves. In fact, the formation, movement and bursting of bubbles
at the surface are generating a significant portion of the high frequency ambient sound

field in the ocean [10, 11].

Breaking waves generate large amounts of air bubbles in the ocean surface bound-
ary layer. These bubbles formed directly below the surface, are entrained into deeper
water by turbulence and Langmuir circulation [15, 16, 34]. The penetration depth
depends on the size of wind-waves and may reach several tens of metres in high waves

[19]. But usually the depth is of the order of metres [40].

The mixed layer (also called surface layer) is the layer near the ocean surface,
where temperature, salinity and other properties are almost uniformly distributed. The
mixed layer plays a significant role in the exchange of heat, mass and momentum
between the atmosphere and the interior of the ocean. Bubbles are largely involved in

those exchange processes.

Bubbles have been used as tracers of fluid motion to study turbulence and Lang-

muir circulation in the ocean [15, 16, 34]. The number of bubbles made by breaking




waves gives us information about wind, including wind speed and wind stress [10]. Also
through knowledge of the bubble distribution in the surface layer, we can predict the best

performance of a ship's sonar.

In general, the knowledge of spatial distribution of bubbles in the ocean is important
to help us understand many oceanographic phenomena and to solve many practical prob-

lems related to the oceans.

1.2 Historical Background

Several studies have been conducted over the past twenty years to investigate the bubble
population in the ocean surface layer. Comprehensive results of population and size spec-
tra of bubbles have been obtained using different experimental techniques. Generally,
these techniques can be classified into two categories: acoustic techniques and optical
techniques [6, 19]. Optical techniques include bubble traps, laser and photographic meth-
ods [17, 19, 23, 24]. Tables 1.1, 1.2 and 1.3 are from [20] to summarize results accumu-
lated by various investigators since 1970 and to give a good review of bubble population

literature.

Acoustic techniques are based on the investigation of the scattering and attenuation
of acoustic signals at various frequencies. Acoustic backscatter and attenuation measure-
ments [24, 28, 35, 36], as well as sound speed dispersion [20, 21]all fall into this cate-
gory. Bubbles of different sizes have different resonant frequencies [37] so that the radius
of a bubble can be determined by its resonant frequency. A bubble's reradiation makes its
scattering cross section much larger than the geometrical cross section so that the bubble
population can be determined by its backscattering cross section and can be distin-
guished from small particles [24, 25, 26]. Sound velocity and attenuation in bubbly water
have been studied since the 1950s [12, 32, 13]. The effect of air bubbles on sound veloc-
ity and attenuation in the water can also be used to infer the bubble population [26, 20,

21].




Authors

ranges (um)
and technique

slopes

peak (um)
meas. depth &
water depth (m)

depth depen-
dence of total
number of
bubbles

num. of bub-
bles at a= 1300
wm per m

wind speed
range (m/s)
wind speed
dependence

Medwin
(1970)

18 to 180

acoustic

a_4 a<80
a_2 a>80
no peak

1.5t0 14
coastal waters
N- e—e/L
L=7m
N Z-l /2

a<60um

a>60pum

150
d=1.5m
U=1-4m/s
lto4

N/A

Kolovayev
(1977)

14 min.

bubble trap

-3.5
a

70 to 80
1.5t08
open sea

N~e_z

Z<3m*

-26
N~z

z>3m *
350 *
d=1.5m
U=11-13m/s
6to 13

N-U* *

Medwin
(1977)

15 to 300

acoustic

a_4 a<60
-2

a a>60
no peak
3to 36
1000

none

250

d=1.5m
U=11-13m/s

up to 6

N/A

Walsh and
Mulhearn
(1987)

50 min.
photogra-
phy

a_4 a>100

68
0.5t02
120

observa-
tions
showed
dependence
with depth

300
d=1.0m
U=9 m/s
2to 14

N~
U< 6 m/s

Table 1.1. Review of bubble population data.?

Johson and Cooke
(1979)

17 min.
photography

-5
a

40 to 50
0.7t0 4
20 to 30
N~e z<3m *

Nz 20 253m *

176

d=1.8m
U=11.13 m/s
8to 13

oS

a. The (*) refers to Wu’s review paper [40]. Peak and slope refer to the shape of the bubble population. The total num-
ber of bubbles per m? is N and n(a) is the number of bubbles per m? in a band da (1 Wm ). N/A refers to "not applica-
ble or available" and "none" means no dependence in the data was found.

1.2.1 Acoustical Attenuation

To measure bubble populations at various sizes, Medwin [24] used a bubble spectrome-

ter where the technique used is based on the investigation of attenuation and scattering of

acoustic signals at various frequencies (20-200 kHz). With a wind speed range of

1 ~4m/s, he found that the slope of the logarithm of bubble density versus the logarithm

of bubble radius a (um) was —4 for a<80 pm and -2 for a>80 pm at depths from 1.5

m to 14 m. The total number of bubbles per unit volume, N, was proportional to e

7

for a<60 pm and 2'"* for a> 60 um , where z is depth below the sea surface.




Authors O’hen Su (1988) Baldy (1977) Medwin and Vagle (1989)
et al. Breitz (1989)
(1988)
ranges (um) 18 to 250 20 to 400 30 to 1500 30 to 240 16to 116
and technique holography  optical laser acoustic acoustic
laboratory
slopes i a a<30 a?t a<s0 a?t a<60 Pt T i
10<a<50 a> toa® for a %4550 i a>60 for a<peak
a>200
peak (pm) no peak 40 to 50 no peak no peak 16 to 37
140 or greater
meas. depth & 3t033 2to 15 0.05 to 0.25 0.25 m continuous
water depth (m) 200 30 1 500 m 0.1 to 10m
140 m+
depth depen- N/A none n(a) ~a>? N/A N/A.
dence of total at
number of 0.05m
bubbles -3.9
n(a) ~a
at
0.25m
num. of bub- N/A 1000 1000 1000 200
bles at 2=100 d=2m d=0.25m d=0.25m d=1m
Wm per m
U=9.5-10.5 m/s U=14m/s U=12to 15m/s U=11 m/s
wind speed l1to4 2to 18 11to 14 0.25 Oto 16
range (m/s)
wind speed N/A N-U* 0 U*®  a@-a* llms  N/A N/A
dependence Wi} ~a 33 14m/s

Table 1.2. Review of bubble population data. (cont.)

Medwin [28] also used an acoustic technique to measure the attenuation of a broad
band acoustic signal travelling through bubbly ocean water. The frequency range was
5-160 kHz, which implies radii of bubbles ranging from 15-300 um . He found the
slope of the bubble size distribution to be -4 for a<60 um and -2 for a>60 pm at
depths between 3 and 36 m. The acoustic path was 1 -5 m and the wind speed was at

most 6 m/s. The experiment was conducted in Monterey Bay, California.

Breitz and Medwin [4] reported some other experimental results in quiescent sea

by using a resonator technique similar to the one described in Chapter 3. Those results are



Authors Hwang et al. Vagle and Su et al. (1993) Kalvoda (1993)
(1990) Farmer (1992)
ranges (um) 800 to 3000 8to 130 34 to 1200 1 to 5Smm
and technique laser laboratory acoustic acoustic video labora-
tory
—0L 3 -4
slopes n(a) ~a variable a a<80
o=287Hs+07 a* tod’ a> a>80 o>
0.5<2/Hs <12 for a<25 up to 1200
peak (um) no peak 25 no peak N/A
meas. depth & 6,7,9,10 continuous 6 depths in plume
water depth (m) 5., 0.1 to 10m starting 0.24m 0.75m depth
0.75m depth 140m 90m depth
depth depen- n(a)~a " N/A N/A N/A
dence of total o = 282/Hs +07
number of i i
bubbles 05<z/Hs <12
num. of bub- N/A 1000 2000 N/A
st Y d=0.5m d=0.24m
wm per m
U=11 m/s U=10m/s
wind speed lab data for 11 m/s 10to 15 m/s lab 16 m/s
gangs av's) 10to 15
wind speed N~ exp (-z/Hs) N/A N/A N/A
dependence

Table 1.3. Review of bubble population data. (cont.)

quite consistent with the results from [28].

1.2.2 Acoustical Backscatter

A multi-frequency acoustical backscatter scheme was used by Vagle [35] and Vagle &
Farmer [36], in which they measured the signal intensity backscattered from bubble
clouds. They forced the peak of the bubble size distribution to be at a bubble radius of
approximately 25 pm and, with wind speeds of 11m/s, the results indicate a slope in the
size distribution ranging from —4 to -7 for a>25 um. The depths of their measure-

ments ranged from 0.1 to 10 m.




1.2.3 Bubble Trapping

Among reported experiments using bubble traps, the most comprehensive one has been
done by Kolovayev [19]. He used a pipe as a bubble trap, which was 6 cm in diameter
and 20 cm long. The open ends of the pipe were sealed following the sample collection at
a designated depth, and the pipe was then tilted to the vertical position. Trapped bubbles
that had risen and accumulated at the transparent upper end of the trap were photo-
graphed. By counting the number of bubbles trapped in a pipe, he found a peak in the
number of bubbles at radii around 70 -80 pm and a size distribution slope of -3.5 at
wind speeds of 6 —13m/s in the subtropical part of the Atlantic Ocean. The measure-

ments were done from the sea surface to a depth of 25 m. The depth dependence of the

total number of bubbles, N, was found to be Az_2 , where A = 9x10*.

1.2.4 Photographic Techniques

Photographic techniques also involve counting bubbles from photographs. But unlike the
bubble trapping methods, photographic methods can be used in open water. The observa-
tion volume of water is determined by the camera and the illuminating instrumentation.
The results from the photographic method used by Johnson and Cooke [17] show the

slope of the bubble size distribution to be about -5 at wind speed ranging from 8 to

13m/s. They found the depth dependence of the total number of bubbles, N, to be as

N~é? for z<3 mand z >° for z>3 m. Wu indicated in [40] that rather consistent varia-
tions of bubble populations with depth are shown by the two sets of data (Johnson and
Cooke’s results and Kolovayev’s [19]). He further pointed out that this consistency indi-
cates that the discrepancies in absolute bubble populations obtained in Kolovayev’s and
in Johnson and Cooke’s investigations are likely due to differences in either rates of pro-
duction or systematic error in measurements. Entrainment processes during both investi-

gations are also likely to take place.

Some of the results from previous investigations are quite consistent while others




are not. However, these experiments were conducted at different places and at different
times and with different oceanographic and meteorological conditions. This may be the
reason for the inconsistency among the results. However, the inconsistency might also be
due to some factors which were omitted in some methods while considered by other

methods. These factors will be discussed further in the next section.

1.3 Acoustical versus Optical Techniques

Optical techniques such as photography and bubble trapping are in sifu measurements

that involve small volume samples of water (approximately 10 c»? ) at a time. Because
the optical scattering cross section (the ratio of the scattered power to the incident inten-
sity) for either a particle or a bubble is, at most, approximately equal to the geometrical
cross section, there is some difficulty distinguishing a bubble from a particle. Therefore,
light scattering techniques can be very unreliable in the ocean where there are a large
number of particles. For photographic techniques, a large number of photographs must
be taken to obtain a satisfactory average bubble density for small numbers of larger bub-
bles. Bubbles with radii less than about 50 microns may have a shield of detritus on their

surfaces so that the expected sphericity of the bubbles can not be identified [23].

Compared with optical techniques, acoustical techniques are more efficient and
more reliable for measurements of bubble distributions. Bubbles will be forced to pulsate
and radiate sound during bubble formation, coalescence, or division; and they will also
vibrate when they pass an obstacle or when they encounter sound waves with frequen-

cies close to the resonant frequencies of the bubbles [33].

1.4 The Thesis Work

Even though acoustical techniques have given us some efficient tools to estimate the bub-
ble distribution in the ocean, as discussed above, there are some significant discrepancies
in the results. Since all the experiments using different acoustical approaches were con-

ducted in different locations and at different times, the physical conditions could have




been quite different, and thus resulted in the reported differences. Therefore, to better
understand these acoustical techniques, it is desirable to do some experiments simulta-

neously using more than one acoustical method.

This thesis undertakes part of the work to develop a new system consisting of an
acoustical resonator sensor and a sound-speed sensor. With this combined instrument we
can use both sensors to estimate the bubble distribution simultaneously and then compare
the results. This thesis concentrates on the sound-speed sensor part of the system, but
includes some comparison of the results from both sensors in Chapter 8. The data pro-
cessing techniques used in the thesis to estimate sound speeds are proved to be effective.
Since a short acoustical pulse was used in our system, the transient process of the bubble
resonance is analyzed. Some new equations for the effect of this transient process on
sound wave propagation are further derived in Chapter 6, which improves bubble size
distribution estimation. The novel aspects of the present work include: (i) the examination
of, and implementation of some new signal processing approaches to the measurement of
sound speed; (ii) derivation of equations and solutions describing the transient response
effects on sound speed and attenuation; (iii) re-interpretation of previously published

data analysis in the light of the transient response theory.

In Chapter 2, the theory of acoustic propagation in bubbly water is presented, and
the equations to infer the bubble size distribution from sound speed measurements are
given. The principles of the resonator sensor are presented in Chapter 3. Then in Chapter
4 the present system is described. Chapter 5 discusses some basic data processing consid-
erations and techniques. The effect of bubbles on short pulse propagation is discussed in
Chapter 6. In Chapter 7, the laboratory tests and the results of the calibration of the
instrument are presented. Some field experiment results are given in Chapter 8, where
short pulse theory presented in Chapter 6 is verified and the results obtained from the
sound-speed sensor and the resonator sensor are compared. Chapter 9 concludes the

work and presents some thoughts on future work.



Chapter 2

Underwater Sound Propagation

Breaking wave processes result in large numbers of bubbles being generated in the sur-
face layer of the ocean. When sound waves penetrate this bubble layer the bubbles will
resonate because of their stiffness and inertia. The stiffness of a bubble is due to the gas
in it, since the bubble is an elastic system in which stress is proportional to strain. The
resonance frequency of a bubble depends both on its radius and its depth. Resonating
bubbles can usually be very strong scatterers and absorbers of sound waves. Therefore,
bubbles in water have very strong effects on sound waves. This chapter will discuss how

the sound velocity and attenuation are affected by bubbles.

1.2

S e

Ratio of two resonance frequencies

0.95 -

0.9 ; A : ! ..,..,,_2 : N s
10 10 10
Radius (cm)

Figure 2.1 Ratio of the resonant frequency from Eq. (2.3) to that from Eq.
(2.1) versus bubble radius.
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2.1 Bubble Resonance

When a bubble is insonified by a sound wave at or near its natural frequency, it absorbs

and scatters the sound very effectively. At resonance the scattering cross section of a typi-

cal bubble is of the order 10° times its geometrical cross section. Besides being a source
of scatter and absorption, bubbles change the compressibility of the water and cause the
phase speed of sound to be a function of frequency. During stormy periods the water
within 10 meters of the sea surface contains enough bubbles to alter the speed of sound

by several hundred meters per second [12] (depending on the frequency), compared to the

sound speed in bubble-free water (e.g. 1480 m/s).

With the assumptions that the surface tension can be neglected and that a bubble

pulsates adiabatically,l the natural frequency f,, can be expressed as follows [39],

-]

The subscript R refers to resonance, a is the mean radius of the bubble, P, is the static
pressure, and p, is the density of the surrounding water. y = C,/C, is the ratio of the
specific heats of the enclosed gases in the bubble, where C, is their specific heat at con-

stant pressure, C, is their specific heat at constant volume.

For an air bubble in water at depth Z meters, and by using p, = 1.03x103kg/m3,

P,= 10° (1+0.1Z) N/m?, and v = 1.40, the following is a simplified expression for the

resonance frequency in Hertz,

321(1+012) 7% _ 321x10°
a (meters) ~ a(pm)

(raeazn®, 2.2)

N

Ir

1. Heat exchange between bubble and surrounding water is negligible during a single
period of the excitation.



11

However, when a bubble is small, surface tension cannot be neglected, and the assump-
tion that the gas vibrates adiabatically is also no longer valid. Taking these effects into

consideration, (2.1) now becomes

(2.3)

5 1 (3YPAbB)1/2
R ™ 2ma s

SRV
where b and B are functions for the adiabatic assumption and surface tension, whose for-
mulae will be given in the next section. These two corrections are to some extent mutu-
ally counteracting, so the simpler Eq. (2.1) is in error by less than 8% for air bubbles
with radii greater than 2um at sea level [8], which can be seen from Figure 2.1 where the
ratio of fp from Eq. (2.3) to that from Eq. (2.2) is plotted versus bubble radius. The rela-
tionship between the resonant frequency and the bubble radius using Eq. (2.3) is plotted

in Figure 2.2.

B T S T S et N

Resonance frequency (kHz)

10 S 4 > ol s s l i K 2 . ey l 2 4 3 I A e l % 3 b
10 105 107" 10
Radius (cm)

Figure 2.2 Resonant frequency versus bubble radius. (Depth=1 m)

2.2 Damping

A sound wave propagating through bubbly water is attenuated and scattered. The physi-
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cal causes of the attenuation are thermal conductivity absorption and shear viscosity
together with reradiation (scatter) of sound out of the beam. Theoretically, the absorption
of energy caused by thermal conductivity and shear viscosity takes place at the bubble
wall. Considering a single bubble, its motion can be described by adding a damping
force to the stiffness and inertial forces. Without damping there would be no limit to the
amplitude of the bubble pulsation at resonance. With damping, however, the amplitude
reaches a maximum at the resonance frequency and has reduced motion at frequencies

close to the resonance frequency.

The peakness, or sharpness of the change of amplitude with frequency near reso-

nance, is defined in terms of the Q of the system

J;
AP (2.4)

where Af = f,—f,, and f;, = fp + (Af) /2 and f; = f,— (Af) /2 are the upper and lower

Q

frequencies at which the power absorbed and scattered by the bubble drops to one-half

the value at the resonance frequency.

Another useful descriptor of the width and peak value of the resonance curve is the

damping constant at resonance 8, defined as

Op

1
5 (2.5)

The damping constants for air bubbles in water at sea level are shown in Figure 2.3.

According to the discussion by Clay and Medwin (1977) about the dependence of

the damping constant on the physical characteristics of the bubble gas, a damping force
R M§ is assumed, which is proportional to the velocity. The mechanical damping constant
R,, represents energy losses caused by sound reradiation, shear viscosity, and thermal

conductivity. The equation describing the motion of the bubble is

m{ + RM.C +sl, = 41ta2Ppeimt . (2.6)
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Figure 2.3 Damping constants at 1, 10, 50 and 100kHz for air bubbles in
water at sea level. The contributing terms due to viscosity, thermal
conductivity, and acoustic radiation d,, 6, and &, are shown for the 10-kHz

case. The resonance radii and the damping constants at resonance are
indicated by arrows. Subscript R indicates resonance.
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where P, is the rms pressure of the incident plane wave, and { is the radial displacement

of the bubble during oscillation, s is the stiffness constant, m is the effective mass of bub-
ble due to surrounding fluid, and ® is the sound frequency in radians. By solving this

equation the radial displacement can be obtained as

—4nd’ (P./®)e™
= L ! 2.7
Ry +i(0-s/m)
Now we define the damping constant at resonance as
R
=M
Be=_2, (2.8)

which is made up of the damping constants due to reradiation 8., plus shear viscosity

8, and thermal conductivity 6,
8, = Op, +0p,+0,. (2.9)
The resonance damping constant due to reradiation is
Oz, = kpap, (2.10)

where kj, is the propagation constant at the resonance frequency which can be calculated

from (2.3).

The formulae defining the constants needed for the resonance frequency Eq. (2.3),

can be expressed as [26]:

B=ﬂ=1+2_7‘(1_L) 2.11)
P, P\ “3tb)

x Rl 3(y-1) sinhX - sinX 7!
b= [1+(D)? [1+ B coshX—cosX] : 2.12)

(2.13)

D= 3(7_1)[ X (sinhX + sinX) — 2 (coshX — cos X) :|,

X* (coshX — cosX) +3 (y— 1) X (sinhX — sinX)

where
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(2.14)

and
K, = thermal conductivity of gas ( = 5.6x107° cal/(cm -s - C) for air)
P, = density of gas = Pea [1+(21)/(P,a)] (1+0.12),
Pea = density of free gas at sea level ( = 1.29x10°° g/cm3 for air),
T, = surface tension (=75 dynes/cm for air-water surface),
P, = 1.013x10° (1 +0.1z) dynes/cm’,
z = bubble depth (m),
C,, = specific heat at constant pressure of gas (= 0.24 cal/g for air),

p = shear viscosity of water [ =0.01 g/cm s)].

The damping coefficients due to shear viscosity and thermal conductivity can now

be written as

b, = D-(i)z

(2.15)

f=1,

and

) y 2.16)

Pa®RAR
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2.3 Sound Speed in the Water

2.3.1 Sound Speed in Bubbly Water

The dependence of the sound speed on the compressibility and density is given by

2 1
el == 20
i (2.17)

Here the compressibility K is made up of a part due to bubble-free water K, and a com-

plex part due to the bubbles themselves K,

K =K,+K,, (2.18)
where K|, is expressed in terms of the speed of sound through bubble-free water which is

called ¢, given by (2.31) and the ambient density p,

Ky = —. (2.19)

PaCo
The complex compressibility due to the bubbles is found by using the displacement

from (2.7)

2
e, AV/V _ NAv _ NS{ _ NS (2.20)

= 5 TR 2 LY { i
AP AP ppe"”’ mo [(—1+(oR/m)+(zRM)/(mm):|

where N is the number of bubbles per unit volume, Av is the change in volume of each
bubble, S = 4ma’ is the surface area of each bubble, and { is the radial displacement of

the bubble surface. For simplicity, we use 8 = R,,/ (om) and define the frequency ratio

®
o

h<
I
=

(2.21)

<t

Then
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Nama[Y> —1-i8]

L= . (2.22)
pAmz[(Yz— 1)2+82:|
and the speed of sound in a bubbly medium can be written in the form
1 \172 Cy
e (_) § X wEuEE (2.23)
PaK (14+A=iB)'7*
where
Y’_1 4maNc, |
A= > —, (2.24)
2
(Y-1) +8 o
and
4maNc,
B = 8 0 (2.25)

8 ol E Y S
The interpretation of the complex speed is clearer if we consider the complex prop-

agation constant

©_o(l+A-iB)'"”
¢ Cp '

T (2.26)

Since A and B are extremely small in the ambient ocean, the expression, whose
square root is extracted, is of the form (1+small quantity). Therefore, the first terms of the

Taylor's expansion for k obey

- —) 3 (2.27)
where k, = 0/c,.

The equation for a plane wave propagating through a bubbly medium is

P, Ppexp [i (o —kx)] (2.28)

Ppexp (=k;,x) exp [i (0t -k, x) ]

where k;, = kog, k,, = ko(l +’%)
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In this form it is clear that the imaginary part of the complex propagation constant

represents the attenuation of the wave through the bubbly region. The real part, k,,, is
the wave number for the propagation of constant phase surfaces. The ratio w/k,, is the

phase velocity, which we call Re {c} ,

2
2naN i
Nele = o n co[l— s o - | (2.29)

k ®  (P-1) +8

re

and is a function of frequency. The medium is said to be dispersive. Sound speed at the

appearance of single size bubbles is plotted in Figure 2.6, where the bubble radius

1820 v v v r T
1810} O el .. TR SR TR, it Bt kA b e e vk b o At e R Y,

18500 -

£ 1400
Foaedl- _ S i
Number of bubbles=1e+09
Bubble radius=0.01em
1470 . - R . .- - Resonant frequency=33.3 kHz - - - -t - ceeeee—
1480} WL e ol T L o RO b St L R Sy LR £
i i i i i i
e 0 10 20 30 40 50 CE) 70
Frequency (kHz)

Figure 2.4 Sound speed at appearance of single size bubbles (when sound speed in
bubble-free water is 1487m/s).

a = 0.01cm and the number of bubbles N = 10°. From the figure, we can see that the
sound speeds increase at the sound frequencies higher than resonant frequency and

decrease at the frequencies lower than the bubble resonant frequency.

The generalization to a medium with bubbles of random radii is accomplished by
replacing N by the distribution n (a) da , which represents the number of bubbles present
with radii between a and a + da at depth z. Because all contributions to the compressibil-

ity are very small quantities, they add linearly, and the speed of sound in the bubbly

region can be written in terms of the integral over all radii:
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Re{c} = c,|1-2m (2.30)

aYz(Yz—l)n(a)da:|

2
o & (0 <Ay
where 8, is the damping constant at resonance. At very high acoustic frequencies, f» fz,

Y’ =0 , and Re{c} — c,, implying that for acoustic frequencies in the MHz range the

presence of micro-bubbles in the water does not affect the sound speed. This result is uti-
lized in acoustic velocimeters that measure the sound speed in water. At the other

extreme, f«fp, (2.30) is independent of frequency and the sound-speed is only propor-

tional to the amount of gas present in the water, i.e. the medium is no longer dispersive.

2.3.2 Sound Speed in Bubble-free Water

In bubble-free water the sound speed depends on temperature, salinity, and pressure,

which can be approximately written as [25]

co = 1449.2+4.6T—0.055T +0.00029T (2.31)
+ (1.34-0.010T) (S,-35) +1.58x10°°P,,

where

¢, = sound speed (m/s),

T = temperature (°C),

S, = salinity (pp1),

P, = gauge pressure due to water column (N/ m ).

Ignoring compressibility P, = p,gz and using p, = (1+Sx10_3)x103 kg/m3,
g =98 m/sz, S, = 35 ppt, and z=depth (m), the last term is now 0.016z. Therefore, the

dependence of sound speed on depth in isothermal water can be typically written as

boee i S BOAE S, (2.32)
dz
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Figure 2.5 Sound speed in bubble-free ocean water (salinity=35 ppt).

Using Eq. (2.32) and Eq. (2.31), sound speed versus temperature in bubble-free

water is plotted in Figure 2.5.

Based on their laboratory measurements, V. A. Del Grosso and C. W. Mader [14]

have given an equation for sound speed in pure water,

¢y = 0.14023875x10" +0.50371113x10' T - 0.58085217x10”' 7° : (2.33)

+0.33419883x107°T" — 0.14780042x10°T" + 0.31464309x10°°T°

This equation is used here to calibrate the instrument in the laboratory using tap water.

2.4 Wood's Theory

According to Wood's theory [39], when the incident sound frequency is well below the
resonant frequency of the largest bubbles in the near surface layer of the ocean, the bub-
bly mixture can be considered as homogeneous with bulk density and compressibility. In
other words, the bubbles respond collectively. Therefore, the sound speed of the acousti-

cal signal will not be affected by an individual bubble but determined by the bulk density
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and compressibility of the mixture.
Under the above assumption, when the void fraction, i.e. the ratio of air in the mix-

ture, is small ( < 107 ), an increase in the number of bubbles in the mixture leads to an
increase of the compressibility of the mixture, and therefore a reduction of the sound
speed. However, the density of the mixture remains almost the same. Reflection, refrac-

tion, absorption, and scattering by bubbles all contribute to the attenuation of the sound.

When the void fraction is large ( > 10_2), the compressibility remains almost con-
stant, while the speed and attenuation of the sound are mainly determined by the changes

in density [20, 21] and not by the compressibility of the mixture.
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Chapter 3

Acoustical Resonator Theory

When a wide-band sound source is used to excite a sound field between two parallel
rigid plates, a harmonic standing wave field will be established. The scheme for bubble
measurement using a resonator is based on the theory about the resonance of this standing
wave field and its interaction with bubbles. The harmonic frequencies depend on the dis-
tance between the two plates, and the signal will be attenuated in the presence of bub-
bles. This can be used to infer the number of bubbles at the different harmonic
frequencies which correspond to a given bubble radius. In the following sections of this
chapter, the sound attenuation caused by bubbles is discussed before the principles of the

resonator is presented.

3.1 Total Scattering Cross Section

A bubble in a sound field with a frequency close to its resonance frequency will be
driven into oscillation and reradiate or ‘‘scatter”” a spherically symmetrical pressure
wave (see section 2.1). The concept of total acoustical scattering cross section is used to
measure the ability of a body to scatter the sound in all directions. The scattering cross

section ¢, has the dimension of an area and is defined as

L 2
c—ns—EISRdQ— " 0AdD 3.1
RO . Ty 3.1
p P 0
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where IT; is the total power scattered over all angles, N and I, are the intensities of the

incident and scattered sound waves, R is the distance from the center of the scattering
bubble, dQ is the increment of solid angle, A the cross section of the projected area of
the scatterer viewed from the source, and ¢ is defined as the scattering function of a

body. At long ranges

I,=P}/(pse), (3.2)

and

I.=P’/(pse), (3.3)

and Eq. (3.1) can be written as [8]

2
P 2
c = 47t| sl at 4Tma (34)

RS (oS e

When the input sound frequency is equal to the resonance frequency, the scattering

cross section reaches its maximum, which is

2

o, = e (3.5)

Op

3.2 Extinction Cross Section

Since acoustic energy can be converted to heat during the oscillation of a bubble, a
bubble not only scatters the wave but also absorbs the incident acoustic energy. The sum

of the power scattered and absorbed by a bubble is the extinguished power,II,,

I, =T_+11,. (3.6)
The extinction cross section, ©,, of a bubble is the sum of its absorption and

scattering cross sections, which can be given as [8]



4na® (8/8)
(/) —11°+8°

6, =0,+0, = 3.7

where 8, = ka is the damping constant due to reradiation. Figure 3.1 shows ¢_ and o,
as functions of radius for four frequencies. The resonance peaks can be clearly seen.

When there are bubbles of various sizes present, the number of bubbles pér unit
volume must be defined in terms of the range of radii of interest. Since the number
depends on the radius increment da , we define

number of bubbles of radius between a and a+da (3.8)

thkoedn volume

It is common to set da equal to one micron.
The extinction cross section per unit volume S, for sound traversing a random

mixture of noninteracting bubbles is calculated using (3.7) in the integration,

)

S, = |o,n(a)da =
{ }[[(fR/f)z—l:|2+82

3.3 Sound Attenuation by Bubbles

2
4na” (8/8,)n(a)da . 39)

Assume that the bubbles are far enough apart to prevent interaction effects. Effectively,
this will be true when the separation is greater than ch [8].

If the incident plane wave intensity is /,, the power extinguished by all of the
bubbles is 1,S,, where S, is calculated from Eq. (3.9). The change of intensity over a
distance dx is

dl = -1, ,dx , (3.10)
and by integrating, one gets

= Ipexp (=S,%) . (3.11)

From Eq. (3.2) and the analogous I, = Pi/ (p4c) , we can further obtain
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Figure 3.1 Extinction cross sections (solid lines) and total scattering cross
sections (dashed lines) at four frequencies as a function of bubble radius. Air
bubble in water at sea level.

Pi = P;exp (=S,x) . (3.12)

Note that the subscript x refers to the extinguished pressure (P, ) and intensity (7). After
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traversing distance x, the change in sound pressure level becomes

P
(AS)PL = ZOIOgFX = -10S xloge . (3.13)
P

The excess attenuation per unit distance due to bubbles is

_(AS)PL
X

a, = = 4.34S,. (3.14)

The unit of o, is (dB) /m.

3.4 Acoustical Resonator Theory

The theory of the acoustical resonator presented here is based on the work by Breitz and
Medwin [4]. A resonator consists of two round flat-faced parallel plates. One of them
works as a broad-band transducer and reflector and the other acts as a reflector and
receiver.

According to wave theory, a sound wave generated by the transducer will resonate
between these two plates. When the system is in steady state, a standing wave will be
formed between the plates. Since the system is driven by a continuous broad-brand
signal, e.g. a m-sequence signal with a flat frequency response, the resonance modes

approximate a harmonic series. Let f, be the base frequency of a harmonic series, d be

the distance between the plates and ¢ be the sound speed in the water, we have

(3.15)

where A, is the base wavelength of the harmonic series. The half-power bandwidth of

the nth mode is proportional to the damping factor of the system. As a result of the non-
infinite terminating impedances, the separation of resonance frequencies for lower
modes is slightly less than that given in Eq. (3.15) [3]. Figure 3.2 shows the power
spectrum of the standing wave in the resonator.

With bubbles, the damping factor of the system will increase, and the width of the
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Figure 3.2 Resonance spectrum with and without bubbles.

resonances will increase. Since the sound speed in water will change with the presence
of bubbles, the frequencies of the harmonic series will also be shifted to lower or higher
frequencies with respect to the resonant frequencies of the bubbles. The increasing width
of the resonance reflects the attenuation due to bubbles. Figure 3.2 was obtained from a
laboratory test to measure the bubble size distribution using a resonator. From Figure
3.2, it can be seen that the power spectrum components of the st'anding waves with
bubbles present are much smaller than those without bubbles.

The bubble distribution can be obtained by measuring the change of the resonance
width or the resonance height. The equation to be used to estimate the bubble

distribution is given by [4],
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n'(a,) = ——"— , (3.16)

R > A " 0 ¢
where o, is the extinction cross section at resonance, n (a,) is a zeroth-order

approximation of n(a) , which assumes n(a) = n(ap) = constant , 8, is the bubble

damping constant at resonance, c is the speed of sound in the water, Ajf, is the variation

of the resonance width, and a is the bubble radius in microns.

The variation of the resonance width due to bubbles is defined as

Afﬁ = (width of the nth resonance in bubbly water) (3.17)

— width of the nth resonance in bubble-free water in the lab).

Let pio represent the nth resonance height and pi , the same resonance in the presence

of bubbles. The resonance width now can now be written as

& = (p/m (8002 (3.18)
showing that the resonance width in the presence of bubbles also can be estimated from
the change in resonance height.

The sound speed ¢ in Eq. (3.16) will change significantly when large numbers of
bubbles are present. In such a case, if the change of the sound speed is not taken into
account, the number of bubbles will be under-estimated or over-estimated, depending on
the bubble sizes and resonance frequencies. The results presented in [4] were based on a
small number of artificially generated bubbles. In order to get more accurate bubble
distribution estimates, optimization techniques are needed. The equation for sound speed

in bubbly water was introduced in section 2.3 (Eq. (2.7)).
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Chapter 4

Hardware Implementation

4.1 General System Description

Figure. 4.1 shows a diagram of the instrument, which was developed at IOS. As men-
tioned in Section 1.4, the whole system is designed so as to make it possible to use differ-
ent acoustical techniques under the same oceanographic and meteorologic conditions, i.e.
the same water mass and the same time in order to compare the results directly. The sys-

tem consists of two parts: a sound-speed sensor and an acoustical resonator.

All the electronics for the complete system is contained within a surface float. A
short line (0.5 ~ 2.5 m) connects the float and a steel frame on which the transmitter and
receiver hydrophones of the sound-speed sensor and the resonator transducer are
mounted. The frame has a horizontal bar welded to a vertical bar. During some experi-
ments, a profiling CTD (conductivity, temperature, density) instrument was mounted to
the vertical bar and simultaneously recorded temperature, salinity and pressure where the
acoustical sensors were deployed. The horizontal bar with a length of 1 m has the resona-
tor mounted at one end and the sound-speed sensor at the other. The two transducers for
the sound-speed sensor are rigidly mounted 0.4 m apart in the horizontal plane. The reso-
nator consists of two 25 ¢m diameter piezoelectric transducers mounted approximately
12 c¢m apart. (See Section 4.3 for more details). The final structure of the sensor head is

shown in Figure 4.2.

A digital signal processing chip, DSP32C, is used in the system to perform FFT
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Figure 4.1 Diagram of showing prototype of the sound-
speed and acoustical resonator system developed at 10S.
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resonator sensor

sound-speed sensor

Figure 4.2 Final structure of the sound-speed sensor and
resonator sensor head

and real time processing of the data. With the present 200 Mbytes hard drive, the system
is able to record data for about 20 hours continuously. The system can be turned on and

off using a remote radio controller for extended deployment periods.

4.2 The Sound-speed Sensor

4.2.1 Compromising among Acoustic Frequency, Pulse Length, Distance

between the Hydrophones and Depth

One of the most important factors in the sound-speed measurements is to avoid multi-
path effects which will make it difficult to detect the time delay of interest. Since our
measurements are close to the ocean surface, the main concern in this regard is reflec-
tions from the ocean surface. The reflections from the edge of the resonator plates are
very small and thus negligible. The time interval during which an entire acoustical pulse

travels from the transmitting hydrophone to the receiving hydrophone via direct path has
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to be shorter than that of the first arrival of a reflected signal. This can be written as

L4y <, 4.1)

where c is the sound speed, L, is the distance between the two hydrophones, L, is the

pulse length, which is the wavelength (A = ¢/f) times the number of periods N, and L,

is the closest reflection path length, which is

L =2 /z2+(%‘?)2 | 4.2)

where z is the depth of the hydrophones.

Shorter sound pulses need wider bandwidth, which could be restricted by the sys-
tem bandwidth. Longer pulses are expected to give better cross-correlation function esti-
mates. However, close to the ocean surface, longer pulses will cause the direct path
signal passing to overlap with that propagating via the surface reflected path, thus pre-

venting observations of the bubble distribution at that depth.

The lower frequency limit is due to the proximity of the surface and the ability of
the transducers to transmit enough acoustical power into the water. Small size (2~3 cm
diameter) transducers cannot transmit high enough acoustical power to overcome the
ambient oceanic sound caused mainly by wave breaking on the surface, while large size
transducers are difficult to deploy because of their physical size and cost. So the lowest
preferred frequency is around 5 kHz for our system. Of course, this also depends on the
largest bubble sizes that contribute to the effect. For the lowest frequency, longest wave-
length, two or three periods is the minimum to obtain good estimates of the time delay.

This determines the shortest pulse lengths one can use.

The upper acoustical frequency limit can be determined by the lower bound of the
bubble sizes in the shallow water of the ocean in which we are interested. Medwin et al.
[25] have estimated from their field measurements of the sound speed at sea that the cut-
off of the dispersive frequencies is at about 25 kHz. Their measurements were made at

depths greater than 3 m. Eric Lamarre [20, 21] reported that the sound-speed anomaly,
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i.e. the change of the sound speed from bubble free water, decreased rapidly at frequen-
cies above 20 kHz and became slightly negative at 35 to 40 kHz, when measurements

were made at a depth of about 0.4 meter.

For this study, to look into the dispersion of sound speed at higher acoustical fre-

quencies in the shallow ocean, the upper acoustical frequency limit is set to 100 kHz.

In order for the measurements to be taken at a depth as close to the surface as possi-

ble, the length of the direct path L, should be kept as short as possible but long enough

for meaningful spatial averages to be obtained.

According to Eq. (4.1) and Eq. (4.2), the relationship between the acoustical fre-

quency f, the depth d, and the separation distance of hydrophones L, has been plotted in

Figure 4.3, where the number of periods N is set to two.

From the plot, by adjusting the acoustical frequency, the depth, as well as the dis-

tance between the transmit and receiver hydrophones, the depth d can be as small as 0.4

m if the separation distance of the two hydrophones, L,, is 0.4 m and the frequency is 6

kHz.

4.2.2 The Sound-speed Sensor

The sound-speed sensor is designed to obtain sound-speeds at different acoustical fre-
quencies by using cross correlation techniques. Figure 4.4 shows a block diagram of the

sound-speed sensor.

An acoustical system, including transmitter, receiver and the bubbly water, has a
limited bandwidth. When a wide bandwidth acoustical pulse, e.g. a square wave, passes
through the system, it will be distorted. Therefore, the shape of the pulse should be care-
fully selected to reduce this distortion. In this study, a Hanning window is used to shape

the output pulse.

A short shaped acoustical pulse generated by a 386 personal computer is used to

modulate carrier signals ranging from 5 kHz to 96 kHz. The bubbly water has a response
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Figure 4.3 Relationship between frequency, depth and hydrophone
separation for pulses with a duration of 2 cycles.

that depends on carrier frequency. The carrier signal can be a single frequency signal or a
multi-frequency signal. The total pulse length is about 2 cycles of the lowest carrier fre-
quency, and is approximately 200 ps for 5 kHz. The output waveform is then passed to a
repeatable FIFO (IDT72104). The output digital sequence from the FIFO is converted to
an analog signal by a D/A converter (AD558). The analog signal is then amplified and
sent to the transmitting hydrophone. Usually, a transmitting transducer has a narrow

bandwidth. To obtain a wide bandwidth, a modified EDO hydrophone model 6104 is
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Figure 4.4 Block diagram of the sound-speed sensor.

used as a transmitting transducer.

The receiver is also an EDO hydrophone model 6104. In order to increase signal to
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noise ratio, the received signal is amplified by a pre-amplifier mounted in the hydro-
phone casing itself. The pre-amplified signal then goes to an A/D converter
(DSP56ADC16) where the analog signal is converted to a digital signal at the sample
rate of 384 kHz with 12-Bit output resolution. The digital signal is sent to an AT&T
DSP32C and then onto the Ampro386 PC and recorded onto a hard disk with 200 Mbytes

recording capacity. Some data were preprocessed before storing on disc.

The transmitting D/A and receiving A/D are running from the same clock. The
recording FIFO is also reset at the start time of the transmitted pulse making it possible
to accurately measure the pulse and time delay between transmitted and received pulses.
The recorded time series can be used to estimate the time delay of the acoustical signal by
cross-correlation with the template of the transmitted signal. The time delay can subse-

quently be used to infer the bubble size distribution.

In order to extend the recording time, we record only as many points as necessary to
resolve the pulse. The sample rate for the receiver is 384 kHz which is about 4 times the
highest carrier frequency or 2 times the Nyquist sample frequency. The number of sam-
pled points is about 77 for each pulse. Because of the variation in time delay due to bub-
bles, 300 sample points or 790 ps are recorded for each transmission. The transmission
rate is approximately 4 Hz. Therefore, the total data storage requirements are

4 x 300 x 3600 bytes, or approximately 4 Mbytes per hour.

4.3 Resonator Sensor

A block diagram of the resonator sensor is shown in Figure 4.5. A white noise generator
consisting of a series of shift registers generates an m-sequence which has a flat power
spectrum from O to more than 200 kHz. This white noise signal is sent to a power ampli-

fier to generate enough power to drive the transmitting transducer.

The acoustical resonator consists of two 25 c¢m diameter piezoelectric transducers
being mounted parallel with a separation of 12 ¢m. One transducer acts as a transmitter

and the other as a receiver. From the white noise signal transmitted into the cavity, a
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3.--constrained damping layer sandwiched between two aluminum plates;
4.--bubble

Figure 4.5 Schematic diagram of the acoustical resonator.

series of standing acoustical waves is created, and these can be detected by the receiving
transducer. The power spectrum of these standing acoustical waves will be affected by the
presence of bubbles in the volume between the plates. A preamplifier mounted next to
the receiving transducer is used to increase the signal strength and reduce electrical noise
which could be introduced through the cable connecting the sensor head and the receiver

electronics.

The amplified signal is sent to an A/D converter (S6ADC16). The A/D converter
has a digitizing rate of 396 kHz and the digitized signal is routed to a AT&T DSP32C dig-
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ital signal processing board. The DSP32C performs a 2048 or 4096 point FFT on the
incoming data and averages over between 60 and 100 spectra for each output to the
Ampro386 personal computer. With the present setup, we have to store one FFT spectrum
approximately every second, leading to approximately 5 Mbytes of data per hour. The
total data storage requirements are therefore approximately 10 Mbytes per hour for the
combined instrument. With the present 200 Mbytes hard drive, this corresponds to

approximately 20 hours of continuous recording.
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Chapter 5

Basic Data Processing Techniques

Time delay is the period of time that an acoustic pulse needs to travel from a transmitter
to a receiver. By detecting the time delay, we can estimate the sound speed in bubbly
water. With that, using the effects of bubbles on the sound speed, which were discussed in

Chapter 2, we can estimate the bubble size distribution in the ocean.

The time delay can be estimated by locating the peak of the cross-correlation function of
the received pulse and the transmitted pulse. In this chapter some basic data processing

principles related to detecting the time delay are presented.

5.1 General Description of Data Processing for Bubble

Distribution Estimation

When an acoustic signal is received, it is first low-pass filtered and then digitized by an
A/D converter as shown in Figure 4.4. This digitized acoustic signal is now ready for pro-
cessing so as to estimate the bubble size distributions. Figure 5.1 is a block diagram

showing the procedure used for the bubble distribution estimation.

The recorded signal is sent to a trend-remover to remove any unwanted trends, i.e.
low-frequency components whose wavelengths are longer than those of the recorded sig-
nal. Trends are usually caused by ambient noise and can not be removed simply by high
pass filtering because of the transient process of the high pass filter. The most commonly

used technique for trend removal is to fit a low-order polynomial to the data using least-
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Figure 5.1 Block diagram of data processing used to obtain bubble distribution.

squares. The signal is then bandpass filtered to eliminate noise outside the signal band.
When a multi-tone signal is used, this filter block becomes a bank of filters to recover
each single tone signal. In order to get better time-delay estimation, each single-tone sig-
nal is decomposed into in-phase and quadrature components by a demodulator. The enve-
lope of each single-tone signal, which is the output of the demodulator, is cross-correlated
with the envelope of a template. The template is obtained by an ensemble average of the
received acoustic pulses recorded in bubble-free water. To improve the accuracy of the
time-delay estimations a quadratic curve is used to fit the cross-correlation function by a
least-squares procedure. The time-delay estimation is improved further by using the
phase information determined by the in-phase and quadrature components (See sections
5.3.3 and 5.3.4). Thus the variance of the estimated delay can be reduced significantly.
Bubble distributions can now be inferred, using the estimated sound speed and the equa-

tions introduced in section 2.3, with suitable optimization techniques.
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5.2 Basic Signal Processing Considerations

5.2.1 Sampling

Sampling is the process of defining the instantaneous points at which the data are to be
observed. For digital data analysis, it is usually performed at equally spaced intervals.
Now the problem is how to determine an appropriate sampling interval T or a sample
rate f; (= 1/T). On one hand, sampling at points, which are too close together, will yield
correlated and redundant data, thus unnecessarily increase the cost of computations and
storage space. On the other hand, sampling at points, which are too far away from each
other, may cause some confusion between the low and high frequency components in the
original data, thus concealing the signal we are interested in. To define a frequency com-
ponent in the original data, at least two samples per cycle are required. Hence, the high-
est frequency which can be defined by sampling at a rate of 1/7 samples per second is
1/(27) Hz. This cutoff frequency is called the Nyquist frequency, written as,

fy = 17(27) . Frequencies higher than f,, will cause overlap in the frequency domain,

which is demonstrated in Figure 5.2. Another important factor to be considered in the
determination of a sample rate is the resolution of delay estimation. Since the cross-corre-
lation function is discrete, the resolution of the delay estimated by locating the peak of

the cross-correlation function will depend on the sample rate of the signal. In the present




42

research, the highest frequency of interest is up to 100kHz. Taking into consideration of

all the factors discussed above, a sample rate 384kHz is chosen.

5.2.2 Pulse Shaping and Windows

It is well known that a finite duration signal with a rectangular shape in its time domain
has a side-lobes in its frequency domain and vice versa [30], as shown in Figure 5.3. So,
when an acoustic pulse with a rectangular envelope passes through a narrow band rectan-
gular filter, it will be distorted. This kind of filtering is located throughout the transmitter/
channel/receiver chain. To avoid the distortion, or reduce the side-lobe of the received
signal, the pulse needs to be shaped. Windows are usually used in pulse shaping and one
frequently used window is the so-called “generalized” Hamming window which can be

written as [2]

W, = { Seepohaes] °°S(2:rn) ‘(I’VE—])S”S(I%I) (5.1)

0 elswhere

where a is in the range 0<a<1.0 .If o = 0.54 , the window is called a Hamming win-
dow; if o = 0.5, it is called a Hanning window.

IWg () F(®)

-N N \/\/1/1\1\/\/

Figure 5.3 Rectangular window and side-lobes.

The frequency response of a Hamming window is shown in Figure 5.4. A compari-

son of Figure 5.3 and Figure 5.4 shows that the main lobe of the frequency response of
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the Hamming window is twice the width of the main lobe of the frequency of the rectan-
gular window. The side lobe of the amplitude of the Hamming window frequency
response is considerably smaller, however, than the side lobe amplitudes of the rectangu-
lar window frequency response. For o = 0.54, i.e. the conventional Hamming window,
99.96 % of the spectral energy is in the main lobe and the peak side lobe ripple is down

about 40 dB from the main lobe peak. In contrast, for the rectangular window, the spectral

side lobes are down only about /3 dB from the main lobe peak.

A longer window would provide a narrower spectral peak which is desirable for
increasing the spectral resolution at bubble resonance frequencies. However, a longer

window would also increase the pulse length L, and thus make it hard to perform the

observation close to the ocean surface.

The same conclusions apply for using a window in the frequency domain for digital
filtering. To avoid the side-lobe phenomenon in the time domain, a Hamming window is

also better than a rectangular window.
5.2.3 Trend Removal

Trends are defined as any frequency component whose period is longer than the recorded

data length. These components may need to be removed. However, they cannot be
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removed by high-pass digital filtering. Hence some special trend removal techniques
must be applied. Least-squares procedures can be employed for the removal of linear as

well as high-order polynomial trends.

Consider now the application of least-square techniques. Let u,, n=1, 2,..., N, be

the data values sampled at an interval of 7. Suppose we want to fit these data with a poly-

nomial of degree K defined by

K
2= b(nD)" n=1,2,..,N. (5.2)
k=0

In a least-squares fit, the set of coefficients b; are chosen so as to minimize the expres-

sion,

N N K 2
o) = Y (w,-2)" =Y |:un— Zbk(nT)k] : (5.3)

n=1 8=l n=1

which is always non-negative for any choice of b=by, bj,..., b;. The desired coefficients
can be obtained by taking partial derivatives of Eq. (5.3) with respect to b; and letting

them equal zero,

N K
%}g 3 22[un— T b (nn"] [-(nD)]. (54)
! n=1 =l

This yields K+ equations of the form

K N N
3 bod BeknTa 5 1R diTon ofhimb:Hedeends (5.5)
k=10

n=1 a=1

which now can be solved for the desired b;. For example, when K=0, Eq. (5.5) becomes

N N

by Y (D’ = Y u, (n1)°, (5.6)

n=1 n=

giving the result
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by = 3 D Un- (5.7)
Note that b is an estimate of the mean value p.

For K = 1, Eq. (5.5) becomes

N N N
by (D45, Y D' = Y u, D' 1=0, 1. (5.8)

n=1 n=1 n=1

giving the results

N N
2(2N+1) u,—6 nu,
T ngl nzzll 2 (59)
i N(N-1)
N N
12 nu —-6(N+1 u
Z‘l s )Z 0 (5.10)
bl = n= =]

TN(N-1) (N+1)
providing a least-square method to remove a linear trend in data. Second and third-order
polynomials are also practical with this method. A case of linear trend removal is illus-

trated in Figure 5.5.

Trend removal is an important step in the digital processing of random data and
should be given its due consideration. If trends are not eliminated in data, large distor-
tions can occur in the later processing of correlation and spectral quantities. In particular,
trends in data can completely nullify the estimation of low-frequency spectral content. In
some situations, knowledge of these trends may be a desired end result in itself. Caution
is advised here, however, that trend removal should be performed only if trends are physi-

cally expected or clearly apparent in the data.
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Figure 5.5 Illustration of linear trend removal.
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5.3 Time-delay Estimation

5.3.1 Demodulation

By finding the location of the peak of a cross-correlation function, which will be dis-
cussed in section 5.3.2, we can estimate the time delay of a received signal. Because of
the relatively low sampling rate, which is 384kHz in our case, compared to the highest
acoustic frequency we are interested in, which is near 100kHz, it is hard to use direct
interpolation techniques to increase the resolution of the time-delay estimation (refer to
section 5.3.5). Also a high frequency component in a cross-correlation function will
increase the variation of the time-delay estimation [7]. In fact, the high frequency compo-
nent in a pulse is just a carrier, which carries a shaped pulse from the transmitter to the
receiver. After the pulse has been received, the carrier signal is no longer useful in the
cross correlation. The time for the pulse to travel from the transmitter to the receiver can
be determined by finding the peak of the cross-correlation function of the transmitted sig-
nal and the received signal, or that of the cross-correlation function of the envelopes of
these signals. Since the cross-correlation function of the envelopes is much smoother
than the direct cross-correlation of the transmitted and the received signals, using interpo-

lation, as introduced in section 5.3.5, will be more efficient.

A schematic diagram of demodulation is shown in Figure 5.6, where a signal is
decomposed into two orthogonal parts, i.e. in-phase and quadrature, and the envelope of
the signal is then obtained by summing the squared in-phase and quadrature components.
The in-phase and quadrature components contain phase information of the pulse, which
can be used to reduce the variation of the time-delay estimation. Use of the phase infor-

mation will be discussed in section 5.3.4.

5.3.2 Cross Correlation

Sound speed can be estimated by detecting the time during which a sound wave travels

from the transmitter to the receiver. The time delay can be obtained by cross-correlating
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Figure 5.6 Schematic diagram of demodulation.

the transmitted pulse with the received pulse and then locating the peak position of the

cross-correlation function.

The cross-correlation function of two sets of random data describes the general
dependence of the values of one set of data on the other. Consider the pair of time
records of the transmitted sinusoidal signal x() and the received signal y(?), illustrated in
Figure 5.7a. An estimate for the cross-correlation function of the values of x() at time ¢
and y(1) at time ¢+t may be obtained by taking the average product of the two values
over the observation time 7. The resulting average product will approach an exact cross-

correlation function as T approaches infinity. That is,

" 4]
R, (1) = Tli_r)nw%,J-Ox(t)y(t+‘c)d‘c. (5.11)

The function is always a real-valued function and displays symmetry about the ordinates

when x and y are interchanged. That is,
R, (-1) = R, (7). (5.12)
When R, (t) = 0, x(t) and y(t) are said to be uncorrelated. Further, if x(#) and y(#) are

statistically independent, then R, (1) = 0 for all time displacements t. For our consider-

ations here, when the displacement makes the received signal perfectly match the trans-

mitted signal, the cross-correlation function reaches a peak as illustrated in Figure 5.7b.
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Figure 5.7 Demonstration of cross correlation.

However, in practice, there is always some noise added to the received signal, thus affect-

ing the accuracy of the detected delay.

For digitized signals there are basically two approaches to estimating cross-correla-

tion functions, called the direct computation and the roundabout FFT method.
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Figure 5.8 Computation diagram for cross-correlation function.

Let © = rT,, where is the lag number and T is the sample interval for data vectors x,, y,

n=1,2,..,N. The estimated cross-correlation functions at the displacement rT; are

now defined by

N-r
A 1
R, (rT)) = Nzx”ynw 7wl i (5.13)

n=1
with m as the maximum lag, and kxy the estimate of the true value R, at lag r, corre-

sponding to the displacement 7. This is the so-called direct computation method.

Another method to compute a cross-correlation function is via fast Fourier transforma-
tions, which is shown in Figure 5.8. One can compute the cross-spectral density func-
tions using the fast Fourier transform procedures first and then compute the inverse

Fourier transforms of these results. This method may be more efficient in computation

than the direct method, depending on the desired maximum lag value m. When N = 2,

where p is an integer, and m = N, the speed ratio of the FFT method to the direct method

is [5]

Speed ratio = —— = —. (5.14)
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5.3.3 Complex Cross Correlation

As introduced in section 5.3.1, a pulse can be decomposed into two orthogonal compo-
nents. The transmitted signal x (7) and the received signal y (f) can therefore be rewrit-

ten as

x (1)

x; (1) +jx, (1), (5.15)

and

y() =y, (1) +jy, (1), (3.16)

where subscripts i and q represent in-phase and quadrature components of the signal. Let
X (f) and Y (f) be the Fourier transform of x (#) and y (#) . As mentioned above, the

computation of the cross correlation can be done via Fourier transform, that is

~ —j *
Ry=F [X AYN], (5.17)
or
- -1
Ry = F [G], (5.18)
where the superscript * * * refers to the conjugate value and G, is defined as the cross
spectrum of x (f) and y(#) and can now be written as
G,, = (X, (N~X;(N) (Y;(N +i¥,(N) . (5.19)

G,, can be divided into in-phase part G,y and quadrature part G, as,

G,, = G, +iG,,, (5.20)
where ny ; and j G,,, can be derived from Eq. (5.19) and written as,
G =X, DY,(N+X; (NY, (), (5.21)
and
Gy =X DY, (D-X; NV, () - (5.22)

From Eq. (5.18) and Egq. (5.20), f?xy can be written as
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Figure 5.9 Schematic diagram of complex cross correlation.
Ry =Ry +jRoy, (3.213)
Now the envelope of the cross-correlation function can be written as
R.)|.= e (5.24)

Figure 5.9 illustrates a schematic diagram of this complex cross-correlation

method. By locating the peak of the envelope of this cross-correlation function, the time

delay can be determined. This delay estimation can be further improved by using the

phase information of this complex cross correlation, which will be discussed in the next

section.

5.3.4 The Use of Phase Information

Without loss of generalization, a transmitted signal x (rf) can be written in the form

x () = A(t)cos (0ot — @) »

(5.25)

where A (t) is the envelope of the signal, o, is the carrier frequency of the signal and

@, is the initial phase of the signal. After a delay 7, this signal arrives at a receiver with

some noise n (¢) added during travel. The received signal can be expressed as
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y(t) = A(t=1)cos [@,(t-1T) —@,] +n (1), (5.26)

which can also be written as

y(t) = A(t-1)cos (0yt—2nM - @, — @y +n(1), (5.27)
where
M= |f], (5.28)
and
¢, = foi-|foT]- (5.29)

Eq. (5.27) can be further written as

y(t) = A(t—1)cos (0yt—@) +n(t), (5.30)
where
P50t 9: (5.31)
or alternatively,
P =9=9,. (5.32)

From section 5.3.3, ¢, can be obtained from the angle of a complex cross-correla-

tion function, which can be expressed as
Ry = |R,| 20, (5.33)

where |ny| has been expressed in Eq. (5.24) and

¢, = atan[lfxyqj. (5.34)

nyi
The range of @, from Eq. (5.34) is —n - n. Since @, reflects the additional delay after M

cycles, it needs to be converted to ¢,, which has the range of 0-2n, depending on the

signs of R,,; and R,,,. Because of the existence of noise, the delay T estimated by locat-

xyq *

ing the peak of the envelope of a cross-correlation function may not be the true time
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delay. When the noise is not too large, i.e. the error of the delay estimation t from the
true delay t,,,, is less than 1/f,, the delay estimation can be improved by using phase
information obtained from in-phase and quadrature components of the cross-correlation

function [5]. The improved delay estimation © can be obtained from Egs. (5.26, 5.27,
5.28 and 5.34) and written as

2nM + @,

27, (5.35)

Figure 5.10 demonstrates the delay estimation and its relationship with phase.

5.3.5 Interpolation

Because the cross-correlation function is discrete, the resolution of the delay estimated

by locating the peak of the cross-correlation function will depend on the sample rate of
the signal. A sample rate of 384kHz, which is used in our work, gives a 2.6uS resolu-
tion. For the location of the cross-correlation peak at around 267 ps (i.e. 0.4 m path
divided by 1500m/s), this sample rate gives a resolution of 1% on the determination of

sound speed.

This resolution can be increased by using a quadratic curve to fit the points near the

9
2nf,

A~

- M/f, >

- Total delay 2 e

Figure 5.10 Demonstration of delay estimation.
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peak of the cross-correlation function. The parameters of the fitted quadratic curve can
be computed using the method introduced in section 5.2.3. Then a more accurate peak
location of the cross-correlation function can be found by locating the peak of the qua-
dratic curve. However, when the cross-correlation function has high frequency compo-
nents, it will be difficult to use a quadratic curve to fit a cross-correlation function. So the
pulses need to be demodulated first to eliminate high frequency components, as
described in section 5.3.1. Figure 5.11 illustrates a quadratic fit of a cross correlation of

two pulse envelopes, where eleven points located around the peak are used for the fit.

In order to use the phase information, as described in section 5.3.4, we must deter-
mine the values of R, , and R to calculate the phase ¢,, using Eq. (5.34). A cubic
spline interpolation technique is used to fit the sample points of R, and R,,,- This is

shown in Figure 5.12. Eight points are used in this cubic spline fit. According to the loca-

tion of the peak of the quadratic curve, which is actually the peak of the cross-correlation

;|
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Figure 5.11 Demonstration of quadratic fitting of IRxyl.
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Figure 5.12 Demonstration of cubic spline fitting for inphase and quadrature
cross-correlation function, Rxyi and Rxyq. Eight points are used for the fit.
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function, the values of R, ; and R,,, can be obtained from the cubic spline curves. Then

¢, and in turn @, can be easily computed using Eq. (5.34). The location of the converted

phase is demonstrated in Figure 5.13.
400 T T T T T

350 / =

300 - ﬂ S
250 vy

1 1 1 L 1

(o}
-1.5 -1 -0.5 (o} 0.5 il 1.5
Delay

Figure 5.13 Converted phase of the complex cross-correlation function.

By using envelope cross-correlation and phase ambiguity resolution techniques, the
oscillation in a direct cross-correlation function (i.e. without demodulation) is removed
The jumps in delay estimation are unavoidable when direct cross-correlation techniques
are used under noisy conditions. Therefore, the accuracy of the time delay estimation can
be improved [5, 7, 31]. Besides, we have seen that trends in data could seriously impact
its quality. In other words, a trend removal is essential in our data processing. So, the
approach proposed here for the time-delay estimation should be better than that used by
Lamarre [20, 21] in his study, where the direct cross-correlation approach [S] was

adopted and no trend removal was used.
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5.4 Inference of Bubble Size Distribution

Sound speed in bubbly water can be determined by the sound travelling time (or time
delay) and the distance between the transmitter and receiver. From the estimated sound
speed and the effect of bubbles on the sound speed as introduced in Chapter 2, one can
estimate the bubble size distribution by using optimization techniques. One commonly
used optimization technique is least-square estimation. First we need to set a bubble dis-
tribution model n (a) da and then use this model to compute the sound speed C,(f) ,
according to the equations introduced in Chapter 2. By minimizing the difference
between the estimated sound speed C, (f) and the computed sound speed C,(f) from
the model, one can optimize the parameters in the model so that the bubble distribution

can be decided. The model used in this work is
n(a)da = 10%, (5.36)

where a in um is the bubble radius, n (a) da is the number of bubbles per cubic meter
with radius increment a ~a +da. o and B [30] are the parameters to be optimized. Note
that Eq. (5.36) can be only applied to a certain range of bubble radii a. According to pre-
vious reports (refer to Table 1.1), for different ranges of bubble radii, the slopes of bub-
ble size distributions are different. Therefore, more terms may need to be add into Eq.
(5.36). For simplicity, we use Eq. (5.36) as our model. So the objective function to be

optimized can be written as
l 2
F(o,B) = Y (C,(aB.f)-C,(aB,1))", (5.37)
j=1
where m is the total number of carrier frequencies.

The procedure for bubble size distribution calculations can be summarized as fol-

lows:

1. Estimate sound speed C, (f) in bubbly water;
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Choose bubble size distribution model, i.e. Eq. (5.36);

Initialize o and B in the model;

Computer sound speed C, (f) using equations introduced in Chapter 2;
Compute the objective function F in Eq. (5.37);

Set new a and B according to chosen optimization technique;

Repeat step 4, 5 and 6 to minimize the objective function.

In our work, the simplex method [22] is chosen to optimize o and B.
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Chapter 6

Propagation of Short Acoustic Pulses in
Bubbly Water

In chapters 2 and 3, the effects of bubbles on sound propagation in water have been dis-
cussed. The discussion was based on the steady state of bubble resonance. Because of the
damping property of a bubble, there is a period of transient time needed for a bubble to be
excited into a fully resonant state by an incident sound wave. When an acoustic pulse is
short and comparable to the transient time, the effect of this transient time needs to be
considered. This transient process was discussed by Akulichev and Bulanov [1]. How-
ever, their work was limited to analysis of the effect of short pulse on back scatter target
strength, whereas the interest here is in the effect on sound speed and attenuation. This
chapter presents some new results, i.e. the derivation of the equations for the propagation

of short acoustic pulses in bubbly water.

6.1 Preliminary

Medwin [27] discussed the distinctive resonance characteristics of a gas bubble in water.
He also gave the derivation of sound speed in bubbly water under the steady-state condi-

tion.

If a bubble is insonified at or near its natural frequency, it will be excited to reso-

nate. Two basic mechanical requisites are needed to make a bubble resonate. One is the
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stiffness and the other is the inertia. The stiffness is a property of the gas enclosed in a
bubble, which acts like a spring when the bubble is disturbed from its equilibrium radius.

The inertia is due to the mass of water that surrounds the bubble and oscillates with it.
The stiffness restoring force can be derived from the adiabatic gas relation, which
can be expressed as pV' = constant, where p is the instantaneous total pressure within

the bubble volume V = (4/3) na’ ,and y = Cp/ C, is the ratio of the two specific heats

of the enclosed gases in a bubble. Differentiating yields,

dp _ ¥P
av -~ v’ L

where P is the ambient pressure P, » p;, and dV = 4na’da.

Since the change of pressure, volume and radius are very small, the differential vari-

ables can be replaced by their incremental variables. Letting p, = p— P, represent the

instantaneous incremental pressure (P;»p;) and AV = 41ta2Aa, and rewriting the dis-

placement Aa of a bubble radius as {, the stiffness restoring force can be expressed in the

form of Hooke’s Law, which is

F. = 4na’p, = —(12mayP,) L. (6.2)

Letting s, represent the quantity in parentheses, which is called the stiffness con-
stant, and we have

s, = 12nyPya, (6.3)

where the subscript A refers to adiabatic condition. For small bubbles, with radii less

than 1um, the surface tension becomes important, and the compressions and expansions

of the gas in the bubble become isothermal instead of adiabatic [37]. When all these are

being considered, P, is replaced by an average interior pressure including surface ten-

sion BP,, and v is replaced by the effective ratio of the specific heats in the presence of
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thermal conductivity, yb. Now with s, replaced by s, we have

s = 12maBPyyb. (6.4)

The inertial force acting over the bubble surface can be determined by calculating
the pressure of the re-radiated sound. Apparently, a major part of the oscillating mass is
the liquid adjacent to the bubble rather than the mass of the gas inside the bubble. The

complex pressure wave scattered by the resonant bubble is given by
p, = P,(R,/R)exp [i (0t —kR)], (6.5)
where P_ is the rms scattered pressure when R is equal the reference range R, (=1m).

The relation between the fluid velocity v and the pressure gradient dp /dR is given [37]

by
v ap,

where p is the water density, and

VL B 1 +ikR ‘ kR 6.7

T ——Rz— (1 +ikR) exp [i (wt—kR)] . (6.7)

With ka « 1, we evaluate Eq. (6.7) at R = a to obtain
pltl = p,/a. (6.8)

Therefore, the inertial force at the surface is

Frlgen = Pilg_, (4ma") = —4na’pllr- (6.9)

Eq. (6.9) is identical to Newton’s First Law by defining an effective mass of water

as

m = 4na’p, (6.10)
which rides with the bubble.

When a bubble is driven by a plane wave at ka « 1, its motion is described by the
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lumped constant approach with mechanical resistance parameter R,,, where & is the
damping constant, that is [27],
R, = mdw. (6.11)

According to Newton's Second Law, we have,

mE+ Ryl + 55 = ama’ J2P jexp (iw) (6.12)

and by solving Eq. (6.12), we can obtain the steady-state radial displacement

—idna’ (J2P,/®) exp (iot)

R, +i(wom-s/w) : 413

C|=

where is the rms pressure of the incident plane wave whose angular frequency is ®.

6.2 The Transient Process

Eq. (6.13) is a steady-state solution of Eq. (6.12) with the assumption that an incident
pulse length is long enough to ignore the transient process. However, when a pulse
length is not that long, a transient period of natural oscillation must be considered. The
natural oscillation component of the solution of Eq. (6.12) can be obtained by solving the

characteristic equation

R
p*+-2p+ L = ¢, (6.14)
m m

The roots of Eq. (6.14) are

Dy, = —(R,/2m) £ | (Ry/2m)* = (s/m) (6.15)

which can also be written as,

. .
D, , = 22u (50T _ o2, (6.16)

where & is the damping constant of a bubble and ®, = J/s/m is the resonant frequency

of a bubble. The damping constant, §, is a function of bubble radius and incident fre-
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Figure 6.1 Damping constant at resonance versus bubble radius when the
frequency of incident sound wave is equal to bubble resonant frequency.

quency. The relationship between damping constant and bubble radius is plotted in Fig-
ure 6.1 where the frequency of an incident sound wave, ®, is equal to the bubble resonant

frequency, ®,. From Figure 6.1, we know that the damping constant §<0.2. Thus,

2
(570)) < mf . So, the natural oscillation component of the solution of Eq. (6.12) is

€, = Mlexp(—%ot+iw0t+i(l>), (6.17)

where @ is the initial phase and magnitude of the natural oscillation component, and

2. LY 1
®, = o, -| = | =ringing frequency in rad/s. (6.18)

4 r

When the frequency of an incident sound wave, ®, is equal to the bubble resonant
frequency, o, , Eq. (6.18) can be written as
5\2
0, = o, 1—(5) =~0,. (6.19)
Combining Eq. (6.13) and (6.17), the solution of Eq. (6.12) is
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—idna® (J2P,/®) exp (ior)
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L= Mlexp( 2 t+1w0t+t(I>)+ R, +1(om—s/®)

(6.20)

where M, and ® can be determined by the initial state of the bubble. Here we assume

€ = 0 before the bubble is excited by the sound wave and let @ =

becomes
—idna’ (J2P,/ ) [exp (ior) — exp (—0r) exp (iwyt) ]
5 = Ry +i(0m—-s/w)
where
R
_ “m _ 03
A s

0. Then Eq. (6.20)

(6.21)

(6.22)

which is defined as a ringing damping constant. The relationship between the ringing

damping constant and the frequency of a incident sound wave, which is equal to bubble

resonant frequency, is plotted in Figure 6.2. From the figure we can see the ringing damp-

ing factor increases when the incident frequency increases, which means less time is

Ringing damping factor

1

10 10’ 10°
Incident frequency (kHz)

10

Figure 6.2 Ringing damping constant versus the frequency of an incident sound wave.
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needed to excite a bubble into a steady resonance state for an incident sound wave with a

high frequency than that with a low frequency.

6.3 The Effect of Transient Process on Sound

Propagation

As introduced in section 2.3, the relationship between sound speed, compressibility and

density can be given by

e (6.23)

pK’

where K is the reciprocal of the bulk elasticity E and can be written as

K =K +K,, (6.24)
where
o X (6.25)
PaCo

The compressibility due to the bubbles, K|, can be obtained by using the displacement

from Eq. (6.21).

AP AP ﬁPpeimt
NS2 [exp (iwt) — exp (—aur) exp (iwgyt) ]
mw2 [iRM/ (om) + (mf/mz - 1)] exp (imt)
NS® [1 - exp (—oit) exp (i (0 — ®) )]
o 23 00
mo [zRM/(mm) +(mr/m —IJ]

K, = ANV NAv NS¢ (6.26)

where N is the number of bubbles per unit volume, Av is the volume change of each bub-

ble, and § = 4ma’ is the surface area of each bubble. To simplify Eq. (6.26), we define

the frequency ratio
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Y=

15

2 6.27
e (6.27)
Now, by using Egs. (6.11), (6.21), (6.22), (6.26) and (6.27), we have

_ 4maN[1 - exp (o) exp (i (@) - @) )] [V~ 1 - i8]
l p, 0 [6%+ (P-1)]]

where p, is the water density.

: (6.28)

Now considering Eq. (6.23), a sound speed in the bubbly medium can be written in

the form
1 )1/2 Co
A N = : (6.29)
(PAK (1+46-iB0)""*
where
2
s 4maN
s ) (630)
Y-1)"+8 o
47l:aNc2
B = 2 el (6.31)
(Y'-1) +8 o
and
0 = 1—exp (—ot) exp (i (w,— o)1) (6.32)
or
0 =1-Qexp(i(0,-0)1). (6.33)

0 is defined as a transient factor here, and Q = exp (o) is the ringing amplitude. As

we know from Eq. (6.19) that w, - ® =0, Eq. (6.33) becomes

0= (1-0) (6.34)
From Eq. (6.29) and Eq. (6.32), we can see that the sound speed is changing during
the transient period. So, when a very short acoustic pulse passes through bubbly water,

the pulse signal will be distorted. Also note that from Eq. (6.22) and Eq. (6.32), the ring-



68

» R S R R Rt

107" 10° 10’ 10°
Resonant Frequency (kHz)

Figure 6.3 Time needed to reach four different ringing amplitudes, Q, at different
frequencies.

ing damping factor o of the natural oscillation is proportional to the damping constant &
and the frequency of the incident sound wave, which means the transient time is fre-
quency dependent. The time needed to reach each of four different ringing amplitudes is

shown in Figure 6.3. Figure 6.4 shows the time in the number of cycles of an incident

sound wave.

Since A and B are extremely small in the ambient ocean and 0<6 <1, the sound

speed in bubbly water can be rewritten as

‘o
=1+ (A/2)0-1(B/2)6" (6.35)
The complex propagation constant, k, can now be expressed as
=@ _ 0+ (A/2)8-i(B/2)6) _

Cc Co

Rewriting Eq. (6.36) into real and imaginary parts, we have,
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Figure 6.4 Number of cycles of incident sound waves at four different ringing

amplitudes, Q.

Kin = k395 (6.37)
B = ko(l +12‘9). (6.38)

The imaginary part k,, of the complex propagation constant represents the attenua-
tion of the sound wave passing through bubbly water. The real part k,, is the wave num-
ber.

From Eq. (6.32), we can see that 6 = 0 when # = 0 and 6 = 1 when t—>eo. So,
we can see from Eq. (6.37) that the attenuation increases with 6, which implies that it
increases with time. To show transient processes more explicitly, the transient factor, 6, is
plotted versus time at four different frequencies in Figure 6.5. From the figure we can see
that the transient process at high frequency is shorter than that at low frequency. On the
other hand, for the same number of cycles of incident sound waves, a sound wave with

higher frequency has larger transient factor than that with lower frequency. This phenom-
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Figure 6.5 Demonstration of transient process

enon can be interpreted in physics as: bubbles with different sizes need different amounts
of sound energy to be excited into resonance. A small bubble, which relates to higher res-
onance frequency, needs less energy to be excited into resonance than a large bubble.
Also, from Figure 6.1, we can see that a small bubble has a larger damping constant
which implies that it takes less time to change its state. In other words, a small bubble

takes less time to be excited into resonance than a large bubbles does.

From Egs. (6.32, 6.37, 6.38) it is apparent that the propagation of a short acoustical
pulse is less effected than that of a long one in the same bubbly water. Thus, with the
same attenuation or sound speed change, the steady state equation will predict fewer bub-
bles than the transient process does, which leads us to our conclusion that the number of
bubbles will be under-estimated, when the steady-state equations of sound speed in bub-

bly water, Egs. (2.27, 2.29, 2.30), are applied to a very short acoustical pulse. To verify




our short pulse theory, some field results will be given in Chapter 8.
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Chapter 7

Laboratory Experimental Results

7.1 The Acoustic Signals

As introduced in Chapter 2, bubble distributions can be inferred from sound speeds at dif-
ferent frequencies. Notice that there are two ways to obtain sound speeds at different fre-
quencies. One is to transmit a wide-band signal so that we can simultaneously measure
the sound speeds at different frequencies. The other is to transmit single frequency pulses,
i.e. narrow-band signals, one after another. For the second method, the transmitting inter-
val must be short enough so that we can assume that bubble clouds would not be
changed during the period when a set of pulses with different frequencies are transmit-
ted. The advantage of using the second method over the first one is that we can obtain

larger power at each frequency, i.e better signal-to-noise ratio, so that the instrument can

400
300} . : - . o o4 5 -5 Simopas . et A
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Time sample index

Figure 7.1 Multi-frequency pulse with the same initial phases
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work under worse ambient conditions. However, unlike the first method, the sound
speeds measured at different frequencies may not represent identical bubble density con-
ditions. Therefore, both wide-band and narrow-band pulses are tested in our laboratory

experiments.

7.1.1 Multi-frequency Pulse

In our study, a multi-frequency pulse is used as a wide band signal. The signal is com-
posed of a set of superposed single frequency pulses, which contains frequencies from
6kHz to 100kHz. So, a multi-frequency pulse can also be called a composite pulse. To
make the transmission smooth, the initial phase of each single frequency pulse must be
optimized. Figure 7.1 shows the peaks in a composite pulse without any phase optimiza-
tion. The improved composite signal after using phase optimization is shown in Figure

7.2. Table 7.1 gives the initial phases of the two multi-frequency pulses we used in our

experiments.
Pulse 1  Frequency (kHz) 10 22 34 46 58 70 82 94
Phase (rad) -0.0030 5.8154  -0.0021 5.7299 -0.0006 2.5901 -0.0008 3.4651
Pulse2  Frequency (kHz) 6 18 30 42 54 66 78 90
Phase (rad) 0.0621  0.8217 0.1175 4.1083  0.1823  1.5465 -0.0108 1.2414

Table 7.1. The optimized initial phases of multi-frequency pulses

The bandwidth of a composite signal is determined by its pulse length. In this
study, the pulse length is two cycles of the wave length of the lowest frequency pulse (6
kHz), which implies that the bandwidth for each single frequency pulse is about 6 kHz.
As we explained in section 5.2.2, a transmitted pulse needs to be shaped. So the band-
width of the transmitted composite pulse will be doubled, i.e. 12 kHz. Therefore, in the
band we are interested in, which is (6 ~ 100kHz) , a total of eight carrier frequencies can
be transmitted and recovered for one multi-frequency pulse. The spectrum of the multi-
frequency pulse in Figure 7.2 is shown in Figure 7.3. Apparently, the carrier signals are

well separated in the spectrum, which makes it possible to filter out each carrier signal
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from the others. Figure7.4 shows the filtered carrier signals by using windows in the fre-

quency domain. The bandwidth of the window is 12kHz.
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Figure 7.3 Energy spectrum of a multi-frequency pulse.
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Another important concern in a multi-frequency signal generation is the frequency
response of the acoustical system. Because the transmitting hydrophone can convert less
electrical energy to acoustical energy at a low frequency than at a high frequency, the fre-
quency response of each frequency is different, thus the system frequency response is not
flat. To compensate the system frequency response, the amplitude of each single fre-
quency pulse in a composite signal should be weighted according to its frequency
response. The weights of the two multi-frequency signals used in our study are listed in

Table 7.1, which are determined by the system frequency response.

Pulse 1  Frequency (kHz) 10 22 34 46 58 70 82 94
Weight 1.00 0.25 0.10 0.07 0.06 0.05 0.06 0.1

Pulse 2  Frequency (kHz) 6 18 30 42 54 66 78 90
Weight 1.00 0.36 0.13 0.08 0.05 0.05 0.05 0.08

Table 7.2. The weights for the amplitudes of multi-frequency pulses

7.1.2 Single-frequency Pulse and the Template for Cross-correlation

Single-frequency pulses are also used in our experiments. As introduced in Chapter 5,
the time delay of a received signal can be estimated by cross-correlating the received sig-
nal with the transmitted signal template which is stored in a computer. As we have
shown, the more similar the shape of a received signal and that of the template are, the
more distinguishable the peak of the cross-correlation function will be, i.e., the better

delay estimation will be.

To obtain a better delay estimation, the template used for the cross-correlation must
be carefully selected. A received signal and a computer generated template are plotted in
Figure 7.5. From the figure we can see that the shape of the computer-generated tem-
plate, p (1), is different from that of the received acoustical signal, r () , which is caused
by the ringing of hydrophones, & (¢) . Apparently, using the computer-generated signal as
the transmitted signal template for the cross-correlation will affect the accuracy of delay
estimation. So, to improve the delay estimation, the template for cross-correlation can be

obtained by averaging some received acoustic signal pulses recorded in bubble-free
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Figure 7.5 Comparison of templates.

water, i.e. h (t) ® p () , windowing the averaged pulse and then storing it in a computer.

7.1.3 Trend Removal

As discussed in section 5.2.3, in practical situations, recorded signals usually contain
some frequency components whose periods are longer than the recorded data length.
Those components are referred to as trends. Trends are caused by ambient noise and will
effect the estimates of cross-correlation functions and thus the accuracy of delay estima-
tions. Therefore, trends in a signal have to be removed. The left part of Figure 7.6 shows
a signal recorded in the open sea. The trends in the data can be clearly seen. It is an
extreme case of trend in the data. The right part of Figure 7.6 shows the improved signal
after linear trend removal, which was introduced in section 5.2.3. In practical cases, dur-
ing high sea states, higher-order trend removal may be necessary to recover a signal from
higher-order trends. Another example is given in Figure 7.7, where the trend removal
was an 8th order polynomial and was used in the field data processing presented in Chap-

ter 8.
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Figure 7.6 Demonstration of trend in real data.
Left: signal before trend removal; right: signal after liner trend removal.
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Figure 7.7 Demonstration of higher order trend removal
Left: signal before trend removal; Right: signal after trend removal with order
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7.2 Effective Distance and Sound Speeds at Different

Temperatures.

7.2.1 Effective Distance and Total Delay Discussion

Under-water sound speed can be determined by measuring the time for an acoustic signal
to travel from a transmitter to a receiver, i.e. the time-delay. A measured time-delay 7,
includes the real travel time T, of an acoustical signal and a constant delay 1, caused by
the response of the hydrophones and any other electronic devices. Since the template for
cross-correlation is derived from a received signal, as described in section 7.1.2, the real

start time is not exactly known. So, the delay estimated from the cross-correlation method

only gives us the relative delay to the template. Therefore, a compensated constant T,

must be added to 1, to eliminate the effect caused by the template. Then the real travel
time of an acoustical signal is
T = Tn+T—T . (7.1)
In practice, 1, is very small compared to 71, + 7. (a conservative estimate would
be 1,<0.01(t,+71,) ),so the effect of 1, is negligible [20].

Because of the cylindrical shape of the hydrophones, a physical distance measure-

ment may not represent the actual acoustical distance. So, here we use effective distance

d, to represent the acoustical distance. The effective distance can be expressed as
d, = cy(T,+7,), (7.2)

where ¢ is the sound speed in bubble-free water. Since ¢, is a function of the tempera-

ture, it can be calculated from the equations in Chapter 2. As 1,, also changes with the

water temperature, we can obtain two equations from Eq. (7.2) under two different tem-

peratures. Then by solving the resulting two equations, we can determine the effective

distance d, and the compensation constant T, . In practice, more temperature measure-
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ments may be needed to obtain the best estimates of the effective distance d, and the

compensative constant T .

7.2.2 Thermometer Calibration

To measure the effective distance, we need to calculate the sound speeds in bubble-free

water at different temperatures. As expressed in Eq. (2.9), temperature is an important

parameter in sound-speed calculation. So, the HP2801A thermometer used in our tank

test needs to be carefully calibrated.

The calibration was done in the calibration room of the Institute of Ocean Science.
There were three more accurate temperature sensors being used to calibrate the
HP2801A thermometer. They were numbered as #658, #645 and #521. The preliminary

calibrations of those more accurate sensors are given in Table 7.3.

type Real #521 #658 #645
Temperature (c) 0.010 0.013 0.011 0.010
26.868 26.866 26.873 26.871

Table 7.3. The preliminary calibrations of the higher standard sensors

The linear relationship between the measured temperature 7,, and the real temper-

ature 7, can be written as,
T, = BT, +A, (7.3)

where A and B are the linear-fit parameters. Their values for calibrations in Table 7.3 are

given in Table 7.4.
#521 #658 #645
A 0.00300186 0.00099851 - 0.00000112
B 0.99981384 1.00014893 1.00011170

Table 7.4. Linear fit parameters
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Figure 7.8 Temperature deviation of calibrated HP2801A

The HP2801A sensor was put into a tank with the more accurate sensors. The water

temperature there was gradually decreased from 25°C to 3°C by 2°C steps and kept for
2 minutes for each measurement. The temperatures measured by the HP2801A are lin-
early fitted to the average of the more accurate sensors’ calibrated measurements. The

temperature deviation of the calibrated HP2801A is plotted in Figure 7.8. The standard
deviation of the calibrated temperature is less than 107 C. By using Eq. (2.9), we find
that the accuracy of the sound speed calculation is about +5x 1073 (m/s) under this tem-
perature accuracy. The calibration parameters of the HP2801A are listed in Table 7.5,
where A and B are the parameters in Eq. (7.3).

A -0.264551642
B 0.997810031

Table 7.5. Calibration parameters of HP2801A
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7.2.3 Measurement of Effective Distance and Sound Speeds at Different

Temperatures

To measure the effective distance and the various sound speeds at different temperatures,
an experiment was performed in a small tank shown in Figure 7.9. Since hot tap water
usually contains large number of bubbles, it could not be directly filled into the tank.

Instead, hot water was used to warm the water in the tank by running it through a coiled

rubber tube. The temperature range in this experiment was from 31°C to 20 C . The tem-
perature was measured by the HP2801A quartz thermometer, which had been calibrated
as described in section 7.2.2. When the water in the tank reached the highest temperature
of interest, the measurements started about half an hour later to allow the water to degas.
Each time the temperature dropped a certain amount, a delay of about 5 minutes was
required before measurements began so as to ensure that the temperature in the tank was
uniformly distributed. In our experiment, a mechanical stirrer was used to make the tem-

perature uniformly distributed, and ice cubes were used to drop the water temperature.

hot water tube

stir machine /
e 4

Tacms

=
g >A4(

90 cm

Figure 7.9 Demonstration of temperature test in a small tank
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Figure 7.10 Estimated delay versus temperature

A single frequency pulse was used in this test. The carrier frequency of this single
frequency pulse was 89kHz, and the pulse length was two cycles of the signal-wave

length. The signal was transmitted at the rate of 4Hz.

Using the cross-correlation method introduced in Chapter 5, the delay of the

received signal was estimated. To obtain a better delay estimation, the signal-to-noise
ratio needed to be improved by averaging every ten pings. The estimated delay 1, versus

temperature 7 is plotted in Figure 7.10. The standard deviation of the estimated delay,

2.45x 107 ps, was obtained by averaging the standard deviations at different tempera-
tures. It is very close to the Cramer-Rao lower bound which will be discussed in section
7.3.1. The compensation delay % in Eq. (7.2) is 18.92ps which was obtained by mini-
mizing the variation of the effective distance at different temperatures. The effective dis-
tance calculated from Eq. (7.2) is 0.4686m. The variation of the effective distances at

different temperatures is plotted in Fig. 7.11, which shows that the standard deviation of

the estimated effective distances at different temperatures is only 6.25x 10 m. These

results are quite good. The variation of the effective distance estimation may be caused

by minor temperature variation during the experiment.
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A comparison between the calculated sound speeds using Eq. (2.33) and the esti-

mated sound speeds are plotted in Figure 7.12, from which we can see that the results are

very satisfactory.
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Figure 7.12 Comparison of measured sound speeds with the calculated sound

speeds at different temperatures.
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Figure 7.13 Cramer-Rao lower bound on the standard deviation of the time
delay estimate (observation time T=0.4 ms; signal bandwidth B=12 kHz).

7.3.2 Standard Deviation of Sound Speed Estimate

In this section we are going to derive the relationship between the standard deviation of a

sound speed estimate and the standard deviation of a delay estimate, Eq. (7.13).

It is well known that for a set of delay estimates, (¢, f5...t;...ty) , the standard devi-

ation of the estimates, 6 , can be defined as

N
o, = Jﬁz o (16)

i=1
where 7 is the mean value of the random variable. Let #; = At;+1, where At; is the

deviation of x;, then Eq. (7.6) can be written as
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(7.7)

The mean value of the sound speeds, ¢, by averaging the sound speeds at a set of

delay estimates, can be written as

N
A (1.8)

where d is the distance between a transmitter and a receiver. When Af; is very small \

compared to #, Eq. (7.8) can be further written as

ol
N
~ | Q.

(7.9)

Similar to Eq. (7.7), the standard deviation of the sound speeds, o, can be

expressed as

o = (7.10)
By using Eq. (7.9), it can be written as
1 N 2 1 1)2
Gczx/m,-ﬂd(m—?) . (7.11)
and further
2
gL~ ﬁZ(?)z Lo, (7.12)

Using Eq. (7.7) and Taylor series to 1/ (1 + (At;) /i) , we can obtain the relation-
ship between the standard deviation of sound speeds o¢ and that of the time-delay esti-

mations op , i..
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(7.13)

7.3.3 Signal to Noise Ratio of Acoustical Pulses

As we have learned in the last section, the signal-to-noise ratio of a received signal is an

important factor to determine the accuracy of a delay estimate. Figure 7.14 shows two

time series of single frequency acoustic pulses and their spectra, which were recorded in

Amplitude (Arbitrary)

Amplitude (Arbitrary)

5 i i i

0.2 0.4

Time (ms)

Power spectrum (dB)

Power spectrum (dB)

120

110

100 J

90 -

7ol (-1

60

50

120

110

100

20

80

70

60

50

40

i i i
50 100 150
Frequency (kHz)

i i '
50 100 150
Frequency (kHz)

o

Figure 7.14 Time-series of received acoustic pulses and their energy spectra.
Recorded in the open ocean with a wind speed of about 6 m/s.
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Figure 7.15 Time-series of a multi-frequency acoustic pulse and its energy spectrum.
Recorded at open sea with wind speed about 4 m/s.

the open sea with a wind speed of about 6m/s. From the figure we can see that after the
noise outside of the signal band being filtered out by using a window centered at the car-

rier frequency (e.g. 70 kHz), the signal-to-noise ratio is about 20 ~ 25dB, which implies
that the standard deviation of the time-delay estimation could be as low as 1075 for the
lowest frequency and 1075 for the highest frequency.

Under the above signal-to-noise ratio, when the measured sound speed is about
1480m/s and the separation distance of the transmitting and receiving hydrophones is
0.45m , according to Eq. (7.13), the standard deviation of the sound speed in our system
will be about 4.87m/s for the lowest frequency and 0.487m/s for the highest frequency

of interest.

Figure 7.15 is an example of a multi-frequency pulse, which was recorded in the
open sea with a wind speed of 4m/s. The carrier frequencies of the pulse were the same

as the pulse 2 in Table 7.1.

Multi-frequency pulses can give us simultaneous measurements of sound speeds at
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different frequencies. However, as we can see from the figures, the signal-to-noise ratio
of the recorded pulse is about 15 ~ 25dB, which is a little smaller than that of the single

frequency pulses. To overcome this disadvantage, statistical averaging can be applied to

the results to improve the time-delay estimation.
7.4 Laboratory Test of Sound Speed in Bubbly Water

One experiment has been performed in the laboratory to investigate the capability of esti-
mating sound speed using the sound-speed measuring system. The schematic diagram of

this experiment is shown in Figure 7.16. Some copper wires were used to generate bub-

< 3.0m >

40 v electricity
——

Hydrophones

Bubbles

Copper strings

Figure 7.16 Schematic diagram of bubble distribution test.

bles using an electrolytic technique. The potential difference across the wires was about
40V . The frame on which the copper wires were mounted was half a metre below the

hydrophones. Some sulphuric-acid was added to the water to increase conductivity.

The signals used in this experiment were two multi-frequency pulses, the initial
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using electrolytically generated bubbles; Data: Nov22/94).
Dash-dotted line: original estimates; solid line: lowpass filtered estimates.
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Dash-dotted line: original estimates; solid line: lowpass filtered estimates.



93

phases and weights of which are listed in Table 7.1 and 7.1. Those two pulses were trans-
mitted alternatively with each one sending 5 pings consecutively. The transmitting rate

was 4Hz.

By using the techniques introduced in the previous chapters, we obtained the sound-
speed estimates at different frequencies, which are shown in Figure 7.17 and Figure 7.18.
The bubble generator was turned on about 5 minutes after the beginning and turned off at
about 25 minutes later. The original estimates are plotted in dotted lines in the figures. It
can be seen from the figures that the original estimates are very volatile. To improVe the
estimates, the original estimates were lowpass filtered. The filtered estimates are the solid
lines in Figure 7.17 and Figure 7.18, which look much smoother than the original ones,

i.e. the dotted lines in the figures.

From Figure 7.17 and Figure 7.18, we can see that the bubbles in the tank affect
sound speeds more at lower frequencies than at higher frequencies. The sound speeds
increase at high frequencies, but decrease at low frequencies. This phenomenon tells us
that there are a large number of bubbles whose resonant frequencies are between 22kHz
and 32kHz (refer to Chapter 2). For comparison the filtered estimates of sound speeds at

two different frequencies are plotted in Figure 7.19.

7.5 Summary

The experimental results have proved that all the approach and techniques used in our
instrumentation to measure sound speeds in bubbly water are effective. Because of the
low frequency noise in the water, a trend removal is proved to be necessary. The results
of the sound speed measurements in the laboratory at different temperatures demonstrate
that our sound speed measurement system can detect small changes in sound speed. The
achieved standard deviation of the estimated delay in our experiment is about
2.4 x 10‘2us , which is very close to the Cramer-Rao lower bound. Thus, based on the
accuracy of the delay estimation, we can measure a sound speed variation at the standard

deviation as low as 0.2 m/s at 89 kHz. This result may be compared with Lamarre’s (i.e.
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Figure 7.19 Comparison of sound speeds in bubbly water with two different
frequencies (from Figure 7.18).

maximum error 2 m/s at 20 kHz). Under laboratory conditions, where there is no trend in
the data and the signal to noise ratio is high, the time delay estimation techniques used in
our system would not show much advantage in comparison with those used by Lamarre
[20, 21]. Our experiments have proved that the sound speed measurement system is

ready to be used to measure bubble size distributions in the ocean.
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Chapter 8

Field Experimental Results

8.1 About the Field Experiment

As presented in the first chapter, the purpose of this thesis is to compare the measurement
of sound speed in bubbly water using two different acoustical techniques - active sound-
speed measuring and resonator measuring techniques. Our instrument, which was used to
conduct the measurement with both techniques under the same conditions, has already
been introduced in previous chapters. A field experiment with our instrument was con-

ducted during the second two weeks of January 1995 off the west coast of Washington
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Figure 8.1 Wind speed during the experiment in January 1995.
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State, about 50 nautical miles from Juan de Fuca Strait. The instrument was deployed at
about 47°N and 128°W. The wind speed recorded by the ship’s anemometer during the
period of the experiment is shown in Figure 8.1, from which we can see that the maxi-

mum steady wind speed was about 24m/s. The depth of the water was more than 2000m .

There are three sets of acoustical sensors being used in the experiment, each of
which consists of a sound-speed sensor and a resonator sensor. They are mounted on a
buoy and at depths of 0.5m, 1.4m and 3.2m, respectively. During the deployment, the
ship was kept at least 5 nautical miles away from the instrument to avoid the interfer-
ence from the noise made by the ship. The instrument drifted freely throughout the data

acquisition period.

During data acquisition, each of the sound-speed sensors operated alternatively at
the rate of 0.5Hz with the resonator sensor in the same set. Both multi-frequency pulses
and single-frequency pulses for the sound-speed sensors were used. For the multi-fre-
quency pulses, we used two pulses each of which has a different composition of frequen-
cies as described in the last chapter. When multi-frequency pulses were being used, five
pings were transmitted consecutively at a burst rate of SHz for each pulse during each
working period of a sound-speed sensor. Similarly, when single-frequency pulses were
being used, instead of five multi-tone pulses, five single-frequency pulses with different
frequencies were transmitted and recorded successively during each working period of a

sound-speed sensor.

8.2 Sound-speed Anomaly in Bubbly Water

8.2.1 Comparison of Sound-speed Anomaly Estimates Between Sound-
speed Sensor and Resonator Sensor
As discussed above, sound speed will change when bubbles are present. The measure-

ment of sound-speed anomalies at different frequencies can be used to infer bubble-size

distribution. The sound-speed anomaly is defined as
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Ac = ¢, —c, (8.1)
where ¢, and c, are the sound speeds measured in bubbly and bubble free water, respec-

tively. While the sound speed from a sound-speed sensor is determined by using the
cross-correlation techniques introduced in chapter 5, the sound speed from a resonator is
determined by the frequencies shifting away from its harmonic series in bubble-free
water of known sound speed. According to Eq. (3.15), the sound-speed anomaly can be

written as

2d 2d

ACn = m [fn_ (n+ l)fb] = mAf (82)

where n represents the nth harmonic frequency.

Note that when two neighboring harmonic peaks move toward each other, the maxi-

mum detectable frequency change Af is f,/2. From Eq. (8.2), we know that the detect-

able sound speed variation Ac, is frequency dependent or depends on n, the order of the

harmonics. The higher the frequency is, the smaller the detectable sound-speed variation
will be. By using Eq. (3.15) and Eq. (8.2), we can see that

€
Ac,< 2L Jiz" = 5reh (8.3)
when two neighboring harmonic peaks move toward each other. Fortunately, in the real
world, two neighboring harmonic peaks do not move toward each other very much
according to previous reports on sound-speed anomalies and bubble-size distributions in

the ocean.

Some sound-speed anomalies at different frequencies from both sound-speed sen-
sor and resonator sensor are shown in Figures 8.2, 8.3, 8.4, 8.5, 8.6, and 8.7. These results
are obtained from the field experiment mentioned in Section 8.1. The figures show the
four-hour results with the wind speed varying from 17m/s to 7m/s (refer to Figufe 8.1)
and the frequencies from 25kHz to 98kHz . Because the frequencies from a resonator are

determined by its harmonics, they may not be exactly the same as those from a sound-
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Results from a resonator (data: darsi1 Jan. 95 =59.33kHz)
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Results from a resonator (data: darsi1 Jan. 95 f=41.58kHz)
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Figure 8.6 Comparison of sound-speed anomalies from a resonator sensor and a
sound-speed sensor at different frequencies; Depth=1.4m. cont’d.
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Results from a resonator (data: darsi1 Jan. 95 f=93.34kHz)
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Figure 8.8 A short enlarged segment of the time-series shown in Figure 8.2. For
the results from a sound-speed sensor, dotted line: original estimates; solid line:

lowpass filtered estimates.

speed sensor. Note that the data were acquired at the depth of 1.4m.

In Figures 8.2, 8.3, 8.4, 8.5, 8.6 and 8.7, the measured breaking wave events or bub-
ble clouds can be clearly seen. The figures also show that the presence of bubble clouds
detected by both sensors are quite consistent. Some individual sound-speed anomaly
measurements from the sound-speed sensor are larger than those from the resonator sen-
sor and vice versa. This would be due to the resonator sensor having a longer time aver-
age or due to the noise in the data. The maximum sound-speed anomaly observed was
about 200m/s at the wind speed of about 17m/s and about 30m/s at the wind speed of
about 8m/s at the depth of 1.4m. In order to show the details of the sound-speed anoma-
lies, a short segment of the time series extracted from Figure 8.2 is plotted in Figure 8.8,
where the original estimates from a sound-speed sensor were lowpass filtered. A Han-

ning window was used for the lowpass filter. The window length of the lowpass filter
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Sound speed anomalies (data: darsi1 Jan. 95 f=18kHz)
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Figure 8.9 Sound-speed anomalies from a sound-speed sensor at different
frequencies; Depth=1.4m.

was one half of the time-series’ length.

Sound-speed anomalies at lower frequencies are shown in Figure 8.9. We can see
that sound-speed anomalies become negative at frequencies lower than 18kHz, which
has implication for the location of the peaks in bubble population or the changes in the
slope of bubble-size distribution. Figure 8.10 shows the frequency dependence of sound-

speed anomaly for specific events.
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Figure 8.10 Sound-speed anomaly versus frequency (depth=1.4 m, the events refer
to Figure 8.2.)

As we discussed in Chapter 6, because of the transient process, bubbles in the
water have less effect on short acoustical pulse propagation than on long acoustical prop-
agation, i.e. sound speeds estimated by using a short acoustical pulse will have less varia-
tion than that estimated by a long acoustical pulse. The duration of a transient process is
determined by the initial phase of each individual bubble and the size of the bubble.
When we apply Eq. (2.30) to a short acoustical pulse to infer bubble-size distribution,
some error will be introduced. This is because Eq. (2.30) is for the sound speed in bubbly
water and was derived from the steady state of bubble resonance. To obtain a correct bub-
ble-size distribution estimation this error must be estimated. Since the lowest frequency
of the resonator sensors available in this preliminary experiment is about 25kHz, the
short pulse theory does not much affect the measurements for our current pulse length

and the effect of short pulse can only been seen from the comparison in Figure 8.7 at fre-
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quencies below 30kHz , consistent with the theoretical prediction.

8.2.2 Sound-speed Anomaly at Different Depths

Some typical sound-speed anomalies at different depths of 0.5, 1.4, and3.2m are plotted
in Figure 8.11 and Figure 8.12. In the figures, some sound-speed anomalies at different
depths are correlated which implies that the fluctuations are caused by well defined bub-
ble clouds which drift by the sensors. It is easy to understand that the number of bubbles
will decrease with depth, which is reflected in the figures as the sound-speed anomalies
decrease very rapidly with depth. It can also be found from the figures that the sound-
speed anomalies are frequency dependent. As we have pointed out in section 8.2.1, a
transition frequency, near which sound-speed anomalies change from positive to'nega-
tive, may suggest the location of the local peaks in bubble population or change in its
slope. Here we can find that the transition frequencies also vary with depths, which
implies that the peak in bubble population varies with depth. At 40kHz, the sound-speed
anomalies become negative at depth 3.4m while the sound-speed anomalies are still posi-
tive at other depths. Thus, the maximum bubble size at 3.2m is less the than that at other
depths. Lamarre [20, 21] reported a 40kHz transition frequency at a depth of 0.5m and a

wind speed of about 8m/s. That transition frequency is different from the results here

with wind speed about 17m/s. This is not unanticipated, since at higher wind speed
larger bubbles are entraned, leading to a lower frequency separating sound speed
increase from sound speed decrease. Moreover, large bubbles rise faster than small bub-
bles. Thus, the population of large bubbles close to the surface will exceed that in deeper
water, with corresponding change in transition frequency. To show the details of the
sound-speed anomalies at different depths, some short segments of the data extracted
from the Figure 8.11 and Figure 8.12are plotted in Figures 8.13 and Figure 8.14. For
comparison, some examples of sound-speed anomaly versus frequency at different

depths are ploted in Figure 8.15. .
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Figure 8.11 Sound-speed anomaly at different depths. Wind speed=17m/s.
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Figure 8.12 Sound-speed anomaly at different depths. Wind speed=17m/s.
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Sound speed anomalies (data: darsi3 Jan. 95 f=58.12kHz)
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Figure 8.13 Short enlarged segments of the time-series shown in Figure 8.11 and
Figure 8.12. Dotted line: original estimates; solid line: lowpass filtered estimates.
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the sound-speed anomalies at different depths. Dotted line: original estimates; solid
line: lowpass filtered estimates. Darsil: 1.4m; Darsi2: 3.2m; Darsi3: 0.5m.

8.3 Under-estimate of Attenuation when Using a Short

Acoustic Pulse in Bubbly Water

As discussed in Chapter 6, a bubble needs a period of transient time to be excited into

resonance. It will not be a problem when an acoustic pulse is very long. However, if an

acoustic pulse is so short that the transient period can not be ignored, one could not

expect the same attenuation caused by a bubble. This is so because a bubble at resonance

will absorb the energy of an incident sound wave and scatter it into all directions, which

causes a major energy loss of a sound wave during propagation. While a bubble is not at
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Figure 8.15 Sound-speed anomaly versus frequency at different depths (the
events refer to Figure 8.11).
resonance, there are only some back-scatter losses which is much less than omnidirec-
tional scatter. On the other hand, larger bubbles, which have lower resonant frequencies,
need more energy to be excited into resonance. So, the transient period is longer for a

low frequency pulse than for a high frequency pulse.

Above theory has been introduced in Chapter 6 and can be verified by experiment.
Because of the time limitation of this thesis, we cannot provide our own experimental
results here at this moment. But one good example of field results can be given here, from
Lamarre’s thesis [20, 21] in which he was puzzled by a strange phenomenon about the

attenuation of sound propagation in bubble water.

In his thesis, Lamarre provided some attenuation results which were obtained from

processing the data acquired near the coast of Woods Hole, Massachusetts in November

1992. The data were acquired at a depth of 0.5m, and the wind speed was 8m/s. A short
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acoustical pulse was used in the experiment. The pulse length was about 2 -3 cycles of
the lowest frequency pulse, which was about 0.5ms as presented in his thesis. His results
of attenuation measurements are shown in Figure 8.16, which shows the attenuations at
various frequencies. From the figure, we can see that the attenuation at lower frequencies
is much smaller than that at higher frequencies. At 6kHz, the attenuation even becomes
slightly negative when bubbles are present. It was this phenomenon that confused Lama-

ITe.

According to our short pulse theory, which was discussed in sections 6.2 and 6.3, it
is not difficult to understand the above phenomenon. Lower resonant frequencies relate
to large size bubbles which take longer time to be excited into resonance. We know that

the attenuation of a plane pressure waveform can be expressed as

—k'.mx i(of— krex)

pp = Ppe e s (84)
where p, is the instant wave pressure of the incident sound wave, P, is the amplitude of

the wave pressure, k;,, and k,, are the imaginary part and real part of the complex wave

number. By using Eq. (6.37) and Eq. (8.4), the attenuation of the sound wave can be writ-

ten as

B
o r Akg)es
Attenuation = e =le ” (8.5)

Eq. (8.5) can be further written in logarithm and absolute value,

Attenuation (dB) = (kogx- 1010ge)6. (8.6)
To explain more explicitly, we plot the transient factor 8 (see Egs. 6.33, 6.36, 6.37) in
Figure 8.17 with the same frequencies as those in Lamarre’s attenuation plots. The tran-

sient factors at 500us for those frequencies are also listed in Table 8.1. From Figure

Frequency 40 kHz 30 kHz 25 kHz 20 kHz 15 kHz 10 khz 6 kHz
Transient factor 0.9942 0.9699 0.9348 0.8678 0.7490 0.5520 0.3360

Table 8.1. Frequency and transient factor.
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Figure 8.16 Attenuation at various frequencies obtained by band-pass filtering a 20
min. record of composite pulse data acquired at a depth of 0.5 m. The various band-
pass frequencies are indicated on the plots. The wind speed and the SWH were 8 m/s
and 0.46 m. respectively. From Lamarre’s thesis [20].
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8.17 and Table 8.1 we can see the transient factors are only about 0.33 at 6kHz and

about 0.9348 at 25kHz. This explains why the attenuation measurements at lower fre-

quencies are much smaller than those at higher frequencies.

One may notice that the attenuation measurements at low frequencies are even
smaller than expected by our short-pulse theory. We consider this to be caused by the pro-
cedure of the attenuation measurement. Those attenuation measurements are obtained by
comparing the amplitude of the filtered signal with and without bubbles. When a wave
breaks near the sensor, the ambient noise increases within the bandwidth of the filtered
signal at low frequencies; this noise cannot be removed by filtering. The noise in the
band will increase the amplitude of the filtered signal and thus cause further underestima-
tion of the attenuation. Both short pulses and the ambient noises in the filtered signal
bandwidth caused by a breaking wave make the attenuation measurements become nega-

tive at the frequency of 6kHz.

From the above analysis, we know that using a short pulse with a low frequency to
1
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Figure 8.17 Transient factor versus transient time at different frequencies.
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estimate the attenuation of a sound wave propagating in bubbly water can cause serious
underestimation, and that the ambient noise in the filtered signal bandwidth could cause
some additional underestimation of the attenuation. Therefore, to make the attenuation
estimate more accurate, the ambient noise in the filtered signal bandwidth may need to

be investigated.



"7

Chapter 9

Conclusions and Future Work

9.1 Summary and Conclusions

This thesis undertakes part of the work of developing a novel system consisting of an
acoustical resonator sensor and a sound-speed sensor. The newly developed sound-speed
measurement sensor provides a very useful tool for acquiring sound-speed estimates. To
measure sound speeds at different frequencies simultaneously, an optimized multi-fre-

quency pulse is proposed.

To estimate the sound-speed anomaly by using a sound-speed sensor, some careful
considerations must be taken to process the data for sound-speed estimation. First, when
many bubbles are present in the water, it becomes a very dispersive medium for sound
propagation. Under these conditions, envelope cross-correlation for determination time
delay will not be feasible, and phase unwrapping must be applied. This is because the
envelope cross-correlation method only gives us a group delay. Second, under rough
ocean conditions and with the sensor at the shallow depths, ambient noise is significant
and will cause a higher-order trend in our data. Therefore, higher-order trend removal is
necessary in our data processing. Third, there are two ways to obtain a template to be
used in the cross-correlation. One is to obtain the template by shifting a detected acousti-
cal signal to the beginning of the time axis. This requires some very careful calibration to
estimate the real beginning of the template. Another approach is to obtain a template from

a computer generated electrical signal. This signal must pass through all the electronic
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paths that a received signal will pass through to avoid any extra delay introduced by the
system. When the time delay is approximately known, as in the laboratory calibration,
the resolution of a delay estimate can be improved further by windowing the received sig-

nal in the time domain.

As one of the most important contributions of this thesis, a clear analysis has been
given on the propagation of a short acoustical pulse in bubbly water. The analysis con-
cludes that there will be an underestimate of sound-speed anomaly in bubbly water when
a steady-state complex equation [27] is applied to a very short acoustical pulse. The ratio
of the underestimation caused by a short pulse is given. Our short-pulse theory is verified
by a good field experimental example given from the attenuation measurements in Lama-
rre’s thesis [20, 21]. The analysis of this example also tells us that the ambient noise
from breaking waves could increase the amplitude of the filtered signal used to compare
the signal obtained in bubble-free water and thus will cause further underestimation of the

sound attenuation.

Besides presenting a series of laboratory tests of the instrumentation, a successful
field experiment is reported, in which our newly developed instrument was used. The data
acquired during the experiment are carefully processed and analyzed. The results
obtained from both sensors are compared, which shows very good consistency. From the
results we know that sound-speed anomalies not only depend on depth and time but also
on frequency. A turnover frequency, which implies the peak in bubble population when
the sound-speed anomalies turn from positive to negative, is also depth and wind-speed
dependent. Large wind speeds cause more and larger breaking waves and thus entrain
more bubbles into the water. The fast rising large-size bubbles make the turnover frequen-
cies lower in shallower water than in deeper water. Further, the short-pulse theory is veri-

fied by some field results.

9.2 Suggestions for Future Work

This thesis has led us to the following considerations regarding future work.
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First, the short-pulse theory is helpful to improve the accuracy of bubble-size distri-
bution estimations from the sound-speed sensor. As pointed out in this thesis, with our
current pulse length, the short-pulse theory should be applied to frequencies below
25kHz to observe the effect of the transient process on the sound-speed anomaly and
attenuation. Since a resonator sensor uses a long pulse acoustical technique, it would be
interesting to compare the sound-speed anomaly and the attenuation from a sound-speed
sensor with those from a resonator sensor at a lower frequency to observe their differ-

ences and thus further verify the short-pulse theory.

Second, as analyzed in the thesis, ambient noises from breaking waves within fil-
tered signal bandwidth could increase the amplitude of the filtered signal, thus adding
some bias to the estimation of the amplitude of the filtered signal. To further improve the
attenuation estimate from a sound-speed sensor, ambient noise from breaking waves

should be investigated to correct the estimation bias of the amplitude of a received signal.

Finally, based on the correctly estimated sound-speed anomalies and attenuations,
bubble-size distributions could be inferred, which would be the most interesting and

important work to be done next.
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