‘ ﬂm FILE COPY —

Applied Research Laboratory

Technical Report

MEASUREMENT OF THE COMPLEX REFLECTIVITY
OF SUBMERGED THIN PLATES AT OBLIQUE
INCIDENCE ANGLES USING THE TWO-SENSOR
INTENSITY TECHNIQUE

by

D. W. DeVilbiss
A. D. Stuart

AD-A226 352

-~

DTIC

ELECTE .
S gEP07 1990 a b
“E

—-.~--—’-"—'-._’J

PENNSTAT

2w — BISTRIBUTION STATEMENT X |

Approved for public release;
Distribution Unlimited




The Pennsylvania State University
APPLIED RESEARCH LABORATORY
P.O. Box 30
State College, PA 16804

MEASUREMENT OF THE COMPLEX REFLECTIVITY
OF SUBMERGED THIN PLATES AT OBLIQUE
INCIDENCE ANGLES USING THE TWO-SENSOR
INTENSITY TECHNIQUE

by

D. W. DeVilbiss
A. D, Stuart

Technical Report No. TR 90-012
August 1990

Supported by: L.R. Bettiche, Director
Space and Naval Warfare Systems Command Applied Research Laboratory

DTIC

"ELECTE
SEP 07 1930

E

Approved for public release; distribution unlimited

\--




H‘ REPORT DOCUMENTATION PAGE Rorm Approved

Measurement of the Complex Reflectivity of Submerged
Thin Plates at Oblique Incidence Angles Using the Two-

Sensor Intensity Technique
. AUTROR(S)

D. W. DeVilbiss, A, D. Stuart

. AGENCY REPORT NUMBER
Space and Naval Warfare Systems Ccmmand

Department of the Navy
Washington, DC 20363-5100 N-00039-88~C-0051

7. PERFORMING ORGANIZATION NAME(S) ANO ADORESSES) 6. PERFORMING ORGANIZATION —
REPORT NUMBER
Applied Research Laboratory
The Pennsylvania State University TR 90-012
P. 0. Box 30

9. WSMI%WOM AGENCY NAME(S) AND ADORESS(LS) 10. SPONSORING / MONITORING

Sy
11. SUPPLEMENTARY NOTES

e e~ ———————— o
12a. DISTRIBSUTION / AVAILABILITY STATEMENT 12b. DISTRIBUTION CODE

Unlimited

e e .

13. ABSTRACT (Maximum 200 words)
This study has involved the adaptation of the two-sensor acoustic intensity measurement
method to an underwater environment. The intensity technique involves measuring the

the pressure at the midpoint of the two sensors while the difference between the pressu
and the application of the Euler's equation leads to an approximation for the acoustic
particle velocity at the midpoint between the two sensors. These two quqntities, the
acoustic pressure and the acoustic particle velocity, are all that is needed to approx
the acoustic intensity and the acoustic impedance. The objective of this research was
to develop the system and use it to measure the complex reflectivity of submerged thin
plates at non-normal angles of incidence. The two-sensor technique has advantages over
more conventional methods of measuring the reflectivity in that the sensors need only
be positioned once during the test. This leads to a savings in effort and time for

the experimenter. The source of acoustic energy used to ensonify the plates took the

a transducer with a high frequency carrier signal which has been amplitude modulated
with a low frequency signal.; The nonlinear characteristics of the medium create a low

acoustic pressure at two closely spaced points. The average of the pressures approximaj:s

iqate

form of a parametric or virtual and fire array. The parametric array is formed by exciging

_’/

- T& sumicY TaRms T5. NUMBER OF PAGES

: 1
: ]\/u,./,ryo’s complex reflectivity, plates, intensity, underwater, Lﬂ%—cm-—-

‘ parametric array, ' . %Y c.—
OF RIPORT OF THIS PAGE - OF ABSTRACY
UNCLASSIFIED UNCLASSIFIED UNCLASSIFIED ) SAR
NSN 7$40-01-100-5500 Standard Form 298 (Rev 2-89)

! | TR “ - Prevcrind By ANY tes. 13910
90~ 0 o =




13. ABSTRACT (Continued)

frequency difference signal whose frequency is equal to the modulation frequency. This
source has a particularly beneficial characteristic in that the beamwidth of the low
frequency signal is on the order of that of the high frequency signal. By using this
type of source, we were able to concentrate the acoustic pressure on the center of the
test plate, thereby reducing the edge effects caused by finite plate size. This thesis
describes the theory and experiments which were employed while developing the intensity
and parametric array systems. A comparison of theoretical values to experimental data
is made for the cases of a thin aluminum plate and a pressure release boundary. This
comparison shows good agreement between theory and experiment. Experimental values

for the reflectivity of an aluminum plate covered with thin rubber acoustic tiles shows
the usefulness of this technique for measuring the non-normal reflectivity for an unknown
sample.

Accession For
NTIS GRA&I

DTIC TA3
Unannounced 0
Justificatiof———

By

biptribution/ ]
Availabil%&!_gpdos

iAvail and/orF

Dist special

-l




iii

ABSTRACT

This study has involved the adaptation of the two-sensor
acoustic intensity measurement method to an underwater
environment. The intensity technique involves measuring the
acoustic pressure at two closely spaced points. The average of the
pressures approximates the pressure at the midpoint of the two
sensors while the difference between the pressures and the
application of the Euler's equation leads to an approximation for the
acoustic particle velocity at the midpoint between the two sensors.
These two quantities, the acoustic pressure and the acoustic particle
velocity, are all that is needed to approximate the acoustic intensity
and the acoustic impedance. The objective of this research was to
develop the system and use it to measure the complex reflectivity of
submerged thin plates at non-normal angles of incidence. The two-
sensor technique has advantages over more conventional methods of
measuring the reflectivity in that the sensors need only be
positioned once during the test. This leads to a savings in effort and
time for the experimenter. The source of acoustic energy used to
ensonify the plates took the form of a parametric or virtual end fire
array. The parametric array is formed by exciting a transducer with
a high frequency carrier signal which has been amplitude modulated
with a low frequency signal. The nonlinear characteristics of the
medium create a low frequency difference signal whose frequency is
equal to the modulation frequency. This source has a particularly

beneficial characteristic in that the beamwidth of the low frequency
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signal is on the order of that of the high frequency signal. By using
this type of source, we were able to concentrate the acoustic pressure
on the center of the test plate, thereby reducing the edge effects
caused by finite plate size. This thesis describes the theory and
experiments which were employed while developing the intensity
and parametric array systems. A comparison of theoretical values to
experimental data is made for the cases of a thin aluminum plate and
a pressure release boundary. This comparison shows good
agreement between theory and experiment. Experimental values for
the reflectivity of an aluminum plate covered with thin rubber
acoustic tiles shows the usefulness of this technique for measuring

the non-normal reflectivity for an unknown sample.
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Chapter 1
HISTORICAL BACKGROUND AND OBJECTIVES
1.1. Introduction

When sound is incident on the boundary between two media, a
percentage of the acoustic energy is transmitted into the second
medium, the rest is reflected back into the first medium. Knowledge
of these percentages is important when one is trying to understand
how sound reacts when it impinges on an object. This research
concerns the reflection of sound off various submerged panels at
both normal and non-normal angles of incidence.

The approach was to measure the specific acoustic impedance
and it is based on the two-sensor acoustic intensity measurement
method. The basis of this method is to use the average of the
acoustic pressure between the two closely-spaced points to
approximate the pressure at their midpoint. The gradient between
the two pressures and the linearized Euler's equation leads to an
approximation of the acoustic particle velocity. From these two
approximations, we can calculate either the acoustic intensity or the
acoustic impedance. Intensity is the product of acoustic pressure and
acoustic particle velocity at a particular frequency while impedance
is the ratio of these quantities. This study was concerned with the
measurement of the acoustic impedance but for completeness, a
discussion of the acoustic intensity measurement scheme and
instrumentation is also given.

It will be shown in a later chapter that the specific acoustic




impedance can also be calculated from the active and reactive
acoustic intensities and the kinetic energy. Therefore, it is possible
to use an existing intensity measurement system to measure the
specific acoustic impedance. Once we know the specific acoustic
impedance, we can calculate the complex reflectivity via a simple
expression.

The existing in-air intensity measurement system was adapted
to make underwater measurements by changing the software to
account for the different parameters of the medium, such as density
and speed of sound, and by wusing hydrophones instead of
microphones.

Another interesting aspect of this research was the use of a
nonlinear parametric array as a source of acoustic energy. By
transmitting an amplitude modulated, high frequency signal at levels
which are high enough to make the medium react nonlinearly, a low
frequency difference signal is generated whose frequency is equal to
the modulation frequency. This method of generating the low
frequency signal has particularly beneficial effects in that the
beamwidth of the low frequency difference signal is on the order of
the beamwidth of the high frequency carrier signal and there are no
side lobes created. By using a parametric array, we were able to
generate low frequency signals with much narrower beamwidths
than is possible with any conventional source.

This study compares the predicted complex reflectivities of

submerged thin plates calculated using well known formulations to




those measured with the experimental setup. The materials studied
included a 3/8 inch thick aluminum sheet, a pressure release
boundary material and a 3/8 inch thick aluminum sheet covered
with 1/4 inch thick rubber tiles.
1.2. Impedance Measurement Methods

Measurement of the absorptive and reflective properties of
materials in air has been accomplished since the early 1900's when
Taylor[1] developed a method of measuring the sound absorption of
a material in a tube. This method required the measurement of the
maximum and minimum pressure amplitudes in the standing wave
field set up in the tube. From these amplitudes, Taylor was able to
calculate the absorptive properties of the material. This method,
however, is only valid for sound normally incident on the material.

Further development of Taylor's concept resulted in a
technique to measure the complex acoustic impedance of a material.
Wente and Bedell[2] modified Taylor's method to account for the
phase shift which results when sound impinges on a surface. The
measurement of this complex acoustic impedance requires the
measurement of not only the level of the maximum and minimum
acoustic pressures, but also the distance from the sample to the first
pressure minimum. Again, this method only applied for normal
incidence.

The first use of the tube technique in underwater sound
measurements was made by Meyer, et al.[3]. Instead of using steady

state sound excitation and measuring the standing-wave field set up




in the tube, the technique involves exciting the medium with sound
pulses of short duration, thus allowing the temporal separation of the
incident and reflected fields.  Comparison of the incident and
reflected pulse amplitudes leads to a characterization of the
absorptive characteristics of the material under investigation.
Measurement of the complex impedance is a little more difficult in
that the phase change of the reflected wave must be measured.
Measurement of the phase change required a relative comparison
with a reference reflector.

Measurements of acoustic properties using the tube techniques
described can be very time consuming. The standing wave in the
tube is usually measured manually by moving the microphone in the
tube while exciting the tube at discrete frequencies. In order for the
phase to be accurately determined, the location of the nodes must be
accurately measured.

In 1946, Bolt and Petrauskas[4] introduced a technique using
two stationary microphones. It was not until the 1970's, however,
with the advent of modern signal processing hardware that their
technique became feasible. Seybert and Ross[5] and Chung and
Blaser[6]) were able to use the modern hardware to implement Bolt
and Petrauskas' technique. The methods developed by these authors
use either the transfer function or the cross-spectrum between the
two microphones to resolve the incident and reflected fields. This
method can be used for broad-band random excitation, not just

single frequency excitation. Using the information concerning the




incident and reflected fields, the complex impedance can be
calculated. @ This method alleviates the need for single frequency
excitation and the need to move the microphone to measure the
standing wave field.

Recently, the two microphone method has been developed for
use in underwater measurements. In 1983, Corbett[7] adapted the
methods developed by Seybert and Ross, and Chung and Blaser for
measurements in water filled tubes. Corbett excited a pulse tube
using steady state sound. By measuring the transfer function
between the pressures at two closely spaced hydrophones, he was
able to calculate the complex reflectivity of materials at normal
incidence.

All of the work presented so far deals with normally incident
sound. There has been some work dealing with non-normal
incidence. One method of measuring the non-normal absorptive
properties developed by Sides and Mulholland[8] is based on the
standing wave method employed in tubes. The measurement of the
absorption characteristics for non-normal angles of incidence is made
in a free field environment, not in a tube. A probe is used to
measure the standing wave field in the same manner as it was in the
tube.

Other methods using impulses as sources of sound have been
developed. Davies and Mulholland[9] measured the normal
impedance at oblique incidence by comparing the acoustic impulses

at the surface of the absorbing material with those at a reference




point recorded remote from the surface. Crammond and Don[10]
measured the acoustic impedance of a grass surface using two
microphones to simultaneously measure the direct and reflected
impulses. The concept is the same as that of Meyer, et al. Allard and
Sieben[11] used the transfer function between two closely spaced
microphones to measure the impedance with normally incident
sound. This method was further developed by Allard, et al.[12] to
measure the acoustic impedance at oblique angles.
1.3. Development of the Parametric Array

The development of the theory regarding the parametric array
began with work by Lighthill[13] on the sound produced by
turbulence. Lighthill found the exact equation of motion for an
arbitrary fluid. This equation of motion also holds for the interaction
of sound beams. The development of this equation was the
beginning point for many of the subsequent studies concerning the
parametric array.

In 1956, Ingard and Pridmore-Brown[14] studied the pressure
fields produced by a parametric array at the sum and difference
frequency. They were able to derive an expression for the far field
pressure at the sum frequency by neglecting viscous effects. They
calculated and measured the sum and difference frequency
components scattered from the interaction region of two sound
beams in air intersecting each other at right angles.

Westervelt[15,16] studied the séattcring of sound by sound. He

developed an expression which characterized the far field behavior




when two sound waves pass through a common region. Further
work by Westervelt[17] produced an expression which describes the
sound field formed by what he called a parametric array. The term
parametric array was chosen because the array is formed by the
nonlinear parameters of the medium. He studied the field produced
by two high frequency collimated beams of sound. Included in
Westervelt's derivations was an expression for the far field sound
pressure produced by the parametric array and the beamwidth
associated with the array.

Lauvstad and Tjotta[18] extended Westervelt's far field
analysis to account for the finite apertures of the primary beams.
Muir and Willette[19] accounted for the directivity of the array at
the two primary frequencies by assuming that most nonlinear
interaction occurs beyond the near field and then integrating over
the product of the primary beam directivity functions. This
formulation is restricted to the far field.

Near field analysis of the parametric array was performed by
Berktay and Shooter[20]. They found an exact closed-form solution
to the acoustic field produced by a continuous end fire array.
Analysis by Novikov, et al.[21] resulted in a closed-form analytical
near field solution for primary beam patterns that where Gaussian in
shape. In his analysis, Fenlon[22] also assumed a Gaussian shaped
beam patterns. He derived expressions describing the difference
frequency field formed by the excitation of square, line, and

rectangular radiators. These expressions give results which are in




agreement with experiments throughout the near field and far field
regions of the array.
1.4. Outline of the Thesis

Chapter 2 will introduce the theory for the two-sensor
intensity and impedance measurement technique. Included is a
description of the derivation of the intensity, energy, and impedance
frequency domain estimators. Also discussed are the inherent errors
of the two-sensor technique.

Chapter 3 gives a description of the parametric array used as a
source. Included are the experiments conducted to measure the axial
response and the beamwidths. An intensity scan of an on-axis plane
of the parametric array is given.

Chapter 4 discusses the experimental system used in making
the measurements. Included is a description of the intensity system
hardware and software, probe hydrophone selection, and a
description of the measurement environment. Also included in this
chapter is a description of the instrumentation used to form the
parametric array.

Chapter 5 describes the experiments conducted and compares
the experimental results with the theoretical calculations. Included
are the real and imaginary impedances measured for the aluminum
plate, the pressure release boundary and the rubber tile covered
aluminum plate. Conclusions and recommendations for further

research are given at the end of this chapter.




Chapter 2
ACOUSTIC INTENSITY, ENERGY, AND IMPEDANCE ESTIMATORS

2.1. Introduction

In order to get a full understanding of the work performed in
this research, it is necessary to first develop an understanding of the
basic theory involved in experimentally measuring the acoustic
intensity, energy, and impedance. This chapter gives an overview of
the derivations and approximations used to calculate these
quantities, as well as the inherent errors involved.
2.2. Theory

Measurement of acoustic intensity and energy requires the
knowledge of both the acoustic pressure and the acoustic particle
velocity at a single point at an instant of time. The average or
effective acoustic intensity, I, is defined here as the expected or

mean value of the instantaneous intensity, I(t),

- £ {{} =g {p® TO} @.1)

where the expected or mean value operator is defined for a

stationary ergodic process, x(t), as

T/2
E{x®)} = Jim - I x(t) dt . (2.2)
-T/2

The measurement of acoustic pressure in air and water has been
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made for many years using simple pressure sensitive transducers.
A practical and accurate transducer for the measurement of the
acoustic particle velocity has, however, not been developed. An
approximation to this last quantity, the acoustic particle velocity, can
be developed from Euler's equation. This equation relates the time
derivative of the particle velocity to the gradient of the acoustic

pressure by

Po o a(:, t)

e d

=-vplf 1) . (2.3)

The particle velocity 'G['l’, t) can, at some location T, be calculated from

the time integral

of )= L vplf Jar . (2.4)

The gradient of the pressure Vp[?, t) can be estimated using a

finite difference approximation

(. 1) i pz('z' t). p,(‘x' t

or Ar (2.5)

Vﬁ (i’., t) =

where pl(rr t] and p,[rz’ t) are the pressures measured at two

closely spaced points, r, =r-4r/2 andr, =1 + Ar/2, by the pressure

sensors and Ar is the distance between those two sensors. The
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dimensions r,, r,, and Ar are shown in Figure 2.1. Using the

\4 r2 >
e~ r -
= rl —
® ® @
Hydrophones
Source AT

Figure 2.1. Sketch of sensor positioning.

linearized Euler's equation leads to an approximation of e
component of the acoustic particle velocity which lies along a line

joining the two sensors. This quantity is estimated by

ol 1) - - polAr j[pz(rz’ t). pl[’r ‘)] dt . (2.6)

The acoustic pressure at the center point between the two sensors is

approximated by the average of the acoustic pressures

ol 1) - p,['l' )+ p,(T2» 1

P 3 (2.7)
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An estimate for the acoustic intensity can now be obtained by using

Eq.(2.1), Eq.(2.6), and Eq.(2.7). This estimation is given as

1) = 1 E{[pl(’r ) pz(rz' ‘]”[pz(rz’ 1. pl(rl’ ‘)] dt } (2.8)

2poAr

Work by Elko[23] leads to a frequency domain estimation of
the acoustic intensity. This estimation gives the intensity in terms of
the autospectra and cross-spectrum measured at the two pressure
sensors. In his derivation, Elko makes an implicit assumption that
the acoustic pressure field, p(r,t), is a stationary and ergodic. The
estimate of the acoustic intensity spectra, at the field location r, is the
sum of the active and reactive intensity spectra as shown in

Appendix A,

F@=Two+j36 w0 (2.9)

where the real or active intensity is given (see Eq.(A.8))

and the imaginary or reactive intensity is given (see Eq.(A.9))

'Q‘(m) =-2350—A;[szpz(m) B Sp,p,(m)] . (2.11)

|
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For completeness, a derivation of the frequency domain estimators

for the active and reactive intensities is given in Appendix A.
Development of the potential and kinetic energies follows in a

similar manner as did that for the acoustic intensity. The first of

these, the potential energy density (N-m/m3) is defined as

V= 12E{p(t)p(:)} , (2.12)
4p.c

Substitution of Eq.(2.7) into Eq.(2.12) gives the estimate

0= ‘2E{[p,(’r‘J+p2('z*‘]Ip,(’v‘]wz(’z"]]} . (2.13)

16p,c

The kinetic energy density is defined as

T.—;%"-E{ﬁ'(t)?(t)} , (2.14)

Substitution of Eq.(2.6) into Eq.(2.14) gives the estimate for the

kinetic energy density

f=—L—

0)2poAr2

E {I[pz(’z' ). p, (e ‘]] dt I [pz(’z' ). p, 1 ‘)] dt} (2.15)
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Elko[23] also developed the frequency domain estimation of
both the potential and kinetic energy densities(see Appendix A). In
the frequency domain, the spectrum of the potential energy density

and kinetic energy density can be estimated by

V(o) = 1 5 {Spnpx(m) + szpz(ﬂ)) + 2 Re [Sp,Pz(m)]} (2.16)

and

No) = —I__T{prpx(m) + SPsz(m) -2Re [Sp,pz(m)]} . (2.17)

The derivation of the specific acoustic impedance estimator is a
little different in that it is derived in terms of the spectral intensities

and energies. Specific acoustic impedance at r is defined as the ratio

of acoustic pressure, p(T: @), to acoustic particle velocity, u(f, @),

Z(w) =ﬂ"_)_ (2.18)

where U@ =T (@ +j T (@ js the complex valued magnitude of the

velocity and P(®) is the real valued magnitude of the pressure. This

expression assumes that both the velocity and the pressure have the

same exp(jot) time dependence. ﬁa(m) is the real or active part of the
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particle velocity that is in phase with the pressure and U(® is the
imaginary or reactive part that is 90° out of phase with the pressure.
The impedance can now be written in terms of the pressure and

particle velocity spectra

o) = — PO . (2.19)
Ua(co) +] Ur(“’)

By multiplying both the numerator and the denominator by the
complex conjugate of U(w), the impedance becomes
o) = p(w) Ua(m) _Pplw) Ur(“‘) _ (O j Q‘(m)

— 2 1T 2 TT o
[Tt |G| oo

(2.20)

The numerators of the real and imaginary parts of the impedance are
proportional to the real and imaginary intensities and the
denominator is proportional to the kinetic energy. Algebraic
manipulation of Eq.(2.20) leads to estimators for the real and
imaginary components of the specific acoustic impedance, R(® and
X(®) respectively, in terms of the acoustic intensities and the kinetic

energy. The specific acoustic impedance is given as

Zw) = R(W) + j X(w) (2.21)

where the specific acoustic resistance is
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(@ = Po T® 2.22
R = 2 T(w) (2.22)
and the specific acoustic reactance is
oW
X = . %—g ) (2.23)

In terms of the autospectra and cross-spectrum, these quantities can

be estimated as

(w)
2 Im [Sp p J
ﬁ(m)Jf%%ﬂmpom i ] 329
prpx(m) * szpz((t)) - 2Re [ PiP2 ]
and
(0.5 (0
) S
(@ = Pz-e%= - wpoAr N (2.25)
SPan(m) + szpz(“’) - 2Re[ P,P, ]

These expressions can easily be implemented either in the form of
Eq.(2.22) and Eq.(2.23) or Eq.(2.24) and Eq.(2.25).
2.3. Errors

The errors involved in the estimation of the acoustic intensity,
energy density, and impedance can be divided into two subsets: bias

errors and random errors. Bias errors are systematic errors in that
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they represent deviations of the expected values of the estimation to
the true exact values. Random errors represent mean square
fluctuations of the estimators around the expected value.
2.3.1. Bias Errors: Finite Sum/Difference Approximations
The first source of bias errors to be discussed is the result of
the finite difference and finite sum approximations made for the
acoustic particle velocity and acoustic pressure. These errors are
dependent on the complexity of the acoustic field. Thompson and
Tree[24] have investigated these errors for various source
configurations including monopole, dipole, and quadrupole sources.
For a monopole source, the relative bias error for the active intensity

is

e _ 1@ _sin(kar) r?
bl J(w kar 1,1,

(2.26)

where the distances ry, 15, T, and Ar were defined in Figure 2.1.

For use in later plots, the following conversion is made of the
quantity rzlrlr2

,
r 1 (2.27)

T, ﬂ2
1-127

The relative bias error due to the finite approximations for the

reactive intensity resulting from a monopole source has been derived
by Elko[23] and is




18

(2.28)

™
]
Ql
=3
"
—
L ]
-
A
!

by
Ql
g

This error is not a function of the frequency, only of the distance
between sensors and the distance from the sensor midpoint to the
source.

For a monopole type source, the estimation bias error due to
the finite approximations for the potential energy density estimator

is

0w g2 |1 2(KAL]
v =y - T, [T A2 (2.29)

and the kinetic energy density estimator bias error is

o [:2 )2[_1__] | Knyr, sin® (kar12)
St = @ 2| 1+ .(2.30)
1+ (kAr) (kAr /2)2

Figures 2.2 and 2.3 show the estimation bias errors for the active and
reactive intensities and the potential and kinetic energies. It is
evident from these figures that the estimation bias errors can be
minimized by keeping the parameters kAr and Ar/r small.
Thompson and Tree[24] define limits for these parameter using the

bias errors due to a quadrupole source as a worst case. These
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parameter limits are given as kAr < 1.3 and Ar/r < 0.5 for an
inaccuracy less than 1.5 dB.

It is a simple matter to derive the estimation bias error for the
impedance estimators in terms of the estimation bias errors for the
acoustic intensity and energy density estimators. Beginning with the
exact value for the real part of the specific acoustic resistance (see
Eq. (2.22) )

R=92£% (2.31)
and the estimated value for the specific acoustic resistance
ﬁ:%% (2.32)
we can develop the estimation bias error as
R [TA) & (2.33)

SR =R (@ = (‘T/T)= &t

This error can be recognized as the ratio of the active intensity bias
error to the kinetic energy bias error. The bias error for the
imaginary part of the specific acoustic impedance is derived to be the
ratio of the reactive intensity bias error to the kinetic energy bias

error
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k@ (0R) %g
€ox = x(w) ~ (T/T) Er (2.34)

Figure 2.4 shows the bias errors for the real and imaginary parts of
the impedance for a monopole source.

It is evident from this figure that the impedance bias errors
can also be minimized by assuring that both the parameters kAr and
Ar/r are kept small, This requirement is the same as the
requirement to keep the acoustic intensity and energy density bias
errors small.

2.3.2. Bias Errors: Instrumentation Phase/Magnitude
Mismatch.

Another source of estimation bias errors is due to sensor and
instrumentation phase and magnitude mismatch between the two

measurement channels. This error for the active intensity is given

by Elko[23] as

fw . (@ sin(A9) Re [Sp, pz(w)]
o |
: Im [splp;o»]

My, = (2.35)

where A¢ is the instrumentation phase mismatch which accounts for
all elements in the data acquisition system, including the two probe
hydrophones and the electronics. This bias error is function only of
the phase error between the two acoustic pressure sensors and of the

acoustic field.
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The bias error for the reactive intensity estimator is given as

Qm)-Q(m) )
™7 Qo " e® (2.36)

where &§(w) is the magnitude mismatch within the hydrophones and
electronics and e(w) is the field amplitude difference. The field
amplitude difference is the actual magnitude difference of the
acoustic field between the two sensors. It is apparent from Eq.(2.36)
that this bias error is not a function of the instrumentation and
sensor phase mismatch but only of the magnitude mismatch between
the two channels.

The bias errors for the potential and kinetic energies are given

as
v(o)) - v(m) 2 Sin(A¢) Im [Spﬂ’z(m)]
bV vi(w) B ' S () (2.37)
SP:PI(O» + szpz(m) +2 Re [ PP, ]
and
?«(m) - rr(m) Sin(A¢) Im [Splpz(mj
L e @3
SPlPx(m) + SPsz(m) -2 Re [ PP, ]

Both of these error expressions were derived assuming that only

phase mismatches were present.
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The normalized bias error for the real and imaginary
impedances will now be derived in terms of the intensity and energy
bias errors. The normalized bias error for the specific acoustic

resistance is defined as

_R(® . R(w
LY S

(2.39)
Algebraic manipulation of Eq.(2.39) leads to the normalized bias
error for the real part of the impedance, the specific acoustic
resistance in terms of the intensity and energy bias errors. This

error is approximated by

My - N
Mg ~ 2—2L (2.40)

The normalized bias error for the imaginary part of the impedance,

the specific acoustic reactance, can similarly be derived as

_X@_x (o Mo ~ Mot
Mpx = X () +1

(2.41)
Myt

It is apparent from Eq.(2.40) and Eq.(2.41) that, since both the
intensity bias errors, Ny and My, and the kinetic energy bias error,

N, are functions of the phase mismatch, the bias errors for the

impedances will also be a function of the phase mismatch. For this

experiment, it was assumed that the bias errors for the impedances
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were much the same as those for the active intensity so the active
intensity was used as a guide line .
2.3.3. Combined Effects of Bias Errors

At low frequencies, the phase mismatch is a limitation to the
accuracy of the system. The limitation is at low frequencies because
the actual field phase difference between two closely spaced points
can be very small. Therefore, a small electronic phase mismatch can
overwhelm the actual field phase difference. Because of the phase
mismatch limitation, it is necessary to calibrate the svstem to account
for the phase mismatch between the sensor and channel electronics.
2.3.4. Calibration Technique

The technique employed for this experiment uses the fact that
for a general stationary acoustic field (one which is stationary with
time), the difference between the transfer function of a sensor pair
and that of the same pair when the sensors are exchanged in position
is simply related to the differences between the two sensors and not
the acoustic field. This method is convenient because few restraints
are made on the acoustic field, only that it is stationary during the
calibration procedure and that the reactive field does not dominate
the acoustic field. The first restraint is met by assuring that nothing
in the tank is moved and that the signal to the transmitting
hydrophone remains constant. The second restraint implies that the
calibration is not performed in the very near field of the transmitting
hydrophone. Other methods, such as the plane-wave tube method

and the electrostatic actuator method, which are comr-only used
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with the in-air intensity system calibration techniques, are not easily
applied to our test set-up.

The modified switching technique that was employed involves
measuring the cross-spectrum between the two channels with the
sensors in an initial position and with the sensors switched in
position. A diagram of the initial and switched sensor positions is

given in Figure 2.5.

Pink Noise Arbitrary Probe Transfer
Source Sound Field Hydrophones Functions
H 1( r 1)

I

F12

p 1
1
o %HZ>< . H,

{1

Figure 2.5. Sensor phase mismatch calibration diagram.
The calibrated cross-spectrum is calculated from the following

relationships
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Gy
12
[Gl ] - measured (2.42)
calibrated IH IZ
K12 1
where
H (r, ®)
K (= [J12 (2.43)
12
5 o)

The initial transfer function between the two measurement channels

is

(2.44)

and the switched transfer function between the measurement

channels is

(2.45)

If the magnitude errors between the measurement channels are
neglected, i.e. calibrated to minimize the magnitude mismatches, the
phase error between the measurement channels can be calculated

from
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I'm [G'lzlGi 2]

measured

¢,,(® =-;—- tan”’ (2.46)

Re [G‘IZ/Gsl 2]

measured

where the superscript s denotes the switched spectrum.

Calibration measurements indicate that the phase mismatch
between the hydrophone pair used in this research is approximately
linear. This result is similar to results found with microphones. A
program developed for the intensity system calculates a least-
squares fit to the phase mismatch. The slope and zero crossing of
this least squares line leads to a time delay between the two
channels.  All future cross-spectra can be corrected for phase
mismatch by using this time delay. Figure 2.6 shows the phase
mismatch as a function of frequency. Although the least-squares
approximation differs from the measured data slightly at some
frequencies, this error was small compared to the field phase
differences which were measured.

In the error derivations given in this chapter, magnitude errors
could generally be assumed small. This assumption could be made
since the gain on the Ithaco amplifiers were adjusted to give the
same output for each hydrophone when the hydrophores were
placed in the same sound field. This calibration was accomplished by
placing one hydrophone into a sound field and storing the wave form
on a digital oscilloscope. The second hydrophone was then placed in

the same position and in the same sound field. Differences in the
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Figure 2.6. Sensor phase mismatch calibration curves.

amplitudes between the two wave forms could then be detected on
the same oscilloscope. The amplifiers were then set so that the level
of the second was equal to the level of the first. This magnitude
calibration procedure was performed at each individual frequency of
interest.
2.3.5. Random Errors

The last source of errors to be discussed is the rair 1 errors.
Random errors can be caused by using finite sampie length

estimation for random processes that are defined in a stationary

]
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ergodic sense. These errors were found to be inversely proportional
to the square root of the number of uncorrelated ensemble averages.
Therefore, by increasing the number of ensemble averages, the
random errors associated with finite sample lengths can be
minimized.

Another source of random errors is due to sample quantization
noise in both the A/D converters and in the computational roundoff
noise in the FFT processing of the data. Quantization noise is due to
the finite step size intervals in the A/D conversion. It was found that
these errors could be minimized by amplifying the input signals so
that the full range of the A/D converters could be used without

overload.
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Chapter 3
THE PARAMETRIC ARRAY
3.1. Introduction

The projector of acoustic energy used in this study was a
nonlinear parametric array. This type of projector is able to produce
much narrower beam patterns at low frequencies than conventional
projectors. The narrow beam pattern is desirable in this experiment
because of the small dimensions of the anechoic water tank. The
narrow beamwidth also permits the use of small sample sizes with
minimal edge effects.

The parametric array is formed in one of two ways. One way
involves simultaneously radiating two acoustic signals having
frequencies ®, and ®, from a single source. The other way uses a
amplitude modulated signal composed of a high frequency carrier w,
that is amplitude modulated by the desired low frequency ®,. When
the amplitudes of the two primary signals (or the carrier signal) are
high enough, then the nonlinearities of the medium will create sum
and difference frequency components. The sum frequency, o,,
equals o, + o, and the difference frequency, w, equals w; - ®;. The
second of these two components, the difference frequency
component, is the one of most interest. Since high frequency energy
is attenuated at a greater rate than low frequency energy, the low
frequency signal will propagate farther than the high frequency
signals. The most important consequence of generating the

difference frequency component as described is that the directivity
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pattern of the difference frequency component is roughly equal to
that of the primaries.
3.2. Theory

Theoretical formulations concerning the parametric array
began in 1963 with Westervelt[17]. In his paper, Westervelt
investigated the difference frequency field resulting from the
nonlinear interaction of two perfectly collimated plane finite
amplitude waves of different frequencies propagating in the same
direction. He derived expressions for the sound pressure in the far
field of a parametric array and an expression of the 3 dB beamwidth
of the array.

Much of the work since Westervelt has concerned the far field
performance of the parametric array. Owing to the small dimensions
of the water tank, however, we are more concerned with the near
field behavior. Fenlon[22], has derived an expression which gives a
simple closed-form solution for the difference frequency field along
the parametric array axis in both the near field and far field. These
expressions were used as the theoretical base with which to compare
the experimental results.

Fenlon breaks up the parametric array's axis into the near field
and far field. A point is considered in the near field if a,r< 1 dB
where a, is the absorption coefficient in dB per meter at the carrier

frequency ., and r is the distance to the field point. If a,r > 1 dB,

then the point is in the far field. Using this constraint, the near field
to far field transition is at the distance r, = l/a,. Fenlon also has two
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categories depending on whether or not the viscous absorption is
sufficient to confine all finite amplitude interaction within the mean
primary wave matching distance, L, =r,0,/w, where 1, is the
Rayliegh distance defined as r, = A/A, A is the active area of the
piston. There are, therefore, four ranges that could be used to
describe the parametric array. All four cases are given as variations
on a single expression. This expression gives the peak sound
pressure level on the axis of the array in terms of various
parameters. The sound pressure level at the difference frequency

and at the range, r, is given by

SPL,®} = SL, + SL, + 20 loglo[fA(kHZ)]

+10 1ogml¢(r)| -a,r - 290 dB re 1IpPa  (3.1)

where SL; and SL, are the source levels of the primary components.
The variation on this expression comes in the term @(r). Starting
with the case when the finite amplitude interaction is not limited to
the mean primary wave matching distance, that is when ay,L« « 1 dB,

the expression for ®(r) is

2
1 (l + 4r2/r3) 2
oar-=In >
[+
) 1+ [4r/kAro)
oU) = (3.2)
L’ + P

®

+ [tan’l[“/kAro )]
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when in the near field (i.e. a,r < 1 dB) and

|El(-iaoL_)

o) - (3.3)

when in the far field (ie. a,r>1dB). When the finite amplitude

interaction is limited to the mean primary matching distance or

when ayL+ » 1 dB, the expression for ®(r) becomes

2 2
-ar
(kA/aoro] 1 - e ° _A41/kaTo | -ar
1 + 4r2/r° + 1 + 41'2/1'3 ¢

o) = 2
(kAro/4) + r2

3.4)

when in the near field and

of) - alr (3.5)

when in the far field.

By knowing the values of a, L and r, we can choose the
correct expression for ®(r). These quantities are calculated from the
parameters of the system. In order to calculate the absorption
coefficient, a«,, we need to know the center or carrier frequency of
the projector. The projector used in this experiment was a Lowrance
Model TTH-2192-8 transducer. This transducer has a resonance

frequency of 192.0 kHz. Preliminary experiments working at the
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resonance frequency indicated that the power amplifier that we had
available was not able to drive the projector at sufficiently high
power to obtain the desired nonlinear behavior at this frequency. By
scanning through the frequency range from 100 kHz to 300 kHz, it
was found that the actual output of the amplitude-transducer
combination was maximized at 131 kHz. This frequency was
therefore used as the center frequency for the rest of the
measurements.

Using the center frequency, 131 kHz, we are able to calculate
the quantities needed to define the acoustic field on the axis of the
parametric array. The first quantity to be calculated is the

absorption coefficient. This quantity can be calculated from[25]

4
4.34 | *H .
a = 3(—3—F+up)o% . (3.6)

The absorption coefficient is 4.27(10-3) dB/m. The matching
distance, L, =1,0,/0, is calculated for a difference frequency of 10
kHz. This distance is 2.3 m. Multiplying these two quantities
together chooses two of the four expressions for ®(r). The product of
L+ and o, is 9.8(10-3) dB « 1 dB. This result narrows the choice down
to Eq.(3.2) or Eq.(3.3). The choice between these two expressions is
determined by the location of the field point. The division between
near field and far field is made based on the quantity a,r. In this

case, the size of the anechoic water tank limits the value of r to less
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than 3 m. This makes the quantity, a,r < 0.03 dB <1 dB. With this
final constraint, the expression for @ (r) for the system used in this
experiment is given by Eq.(3.2).

The main advantage of using a parametric array as a source of
acoustic energy is the narrow beamwidths obtained at low
frequencies. The theory by which we will compare the experimental
results is from Muir and Blue[26]. The normalized angular
dependence of the sound pressure at the difference frequency can be

written as

2 1/2
c6) = Fa [”°)=[ < ] (3.7)

P, ]r, 0) La?+ kA2 sin*(6/2)

where k, is the difference frequency wave number. An interesting

aspect of this directivity pattern is the absence of side lobes. Further
modification of this expression by Naze and Tjotta[27] accounts for

the finite aperture of the primary beam for circular transducers

2] 1(kAa sin(8))

D®) = C@6)
k,a sin(6)

(3.8)

where A is the radius of the active portion of the transducer. A
comparison of these expressions for a difference frequency of 10 kHz

is given in Figure 3.1.
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Figure 3.1. Comparison of theoretical beam patterns
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3.3. Experimental Results

Experiments performed on the parametric array to verify its
operation included on-axis sound pressure and intensity levels, and
beam patterns. An intensity scan of the field produced by the
parametric array was also completed.

3.3.1. On-Axis Sound Pressure Level

The first experiments done on the parametric source were to
measure the on-axis sound pressure level and intensity level. The
experimental procedure consisted of manually moving the
positioning trolley, with the hydrophones attached, at locations along
the axis of the array. The parametric array was positioned at one
end of the tank. Figure 3.2 shows the set-up and dimensions in the
tank.

Measurement of the on-axis response began with the
measurement of the response at the 131 kHz center frequency. Since
the intensity measurement system has a maximum frequency of 10
kHz, set by the maximum frequency for the anti-aliasing filters, the
intensity level at 131 kHz could not be measured. The sound
pressure level could, however, be measured using a rms volt meter.
Figure 3.3 shows the on axis sound pressure at 131 kHz as a function
of distance. This figure was obtained using a continuous signal and
compares two sets of measurements made under identical conditions.
Although the general trend of the sound pressure level follows the
theoretical -3 dB per doubling of distance dependence, there is a

slight spatial periodic variation about the theoretical curve.
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Figure 3.2. Water tank dimensions and set-up.

Experiments performed using short pulses of sound projected at 131
kHz lead to Figure 3.4. By using pulses, the slight spatial periodicity
with distance disappears suggesting that the pattern was produced
by reflections within the anechoic tank. Both measurements, with
and without pulsing, indicate that the sound pressure level at 131
kHz does in fact follow the theoretical spherical spreading curve. The
levels produced at the 131 kHz carrier signal frequency is above 180
dB and is therefore above the level where the nonlinear phenomena

occur.
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The next experiments were performed to determine the effect
of the low-pass filter plate. The low-pass filter plate is a thin
aluminum plate placed between the parametric array and the sample
plate. The purpose of the plate is to attenuate the high frequency
carrier signal before it reaches the sample and intensity hydrophone
probe. This helps to reduce the nonlinear effects in the actual
receive hydrophones and electronics. The sound pressure level
measurements with and without using the filter panel, made using a
continuous signal are presented in Figure 3.5. The plot of the sound
pressure level vs. distance with the filter plate shows wide
fluctuations in level that are attributed to the diffraction about the
edge of the filter panel since standing wave patterns along the axis
produced smaller fluctuations. The curve does however show the
lower levels obtained with the filter plate. Figure 3.6 shows the
sound pressure level with and without the filter plate when done
with a pulsed signal. A’ comparison of Figures 3.5 and 3.6 shows that
by using pulses instead of continuous sound, the sound pressure
level with the filter plate is actually smooth and falls off with the 3
dB per doubling of distance dependence. More importantly, these
results show that the filter plate attenuates the 131 kHz carrier
signal by 15 dB. This agrees with the theoretical attenuation for an
infinitely large thin plate in which edge diffraction is not of concern.

Fenlon[22] expression, Eq.(3.1), indicates that the sound
pressure level at the difference frequency is proportional to the

difference frequency. This level is also proportional to the source
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Sound pressure level vs. distance for a 131

kHz continuous signal (with and without a
low-pass filter plate).
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level of the carrier signal. Therefore, higher difference frequency
signal levels will be obtained by using higher difference frequencies
and higher carrier signal levels. Since the carrier signal level is
limited by the power amplifier, higher difference frequency signal
levels are obtained by using higher difference frequencies. Since the
A-D circuits in the intensity measurement system are limited to 10
kHz, this frequency, 10 kHz, was used as the difference frequency for
the experiments. Measurements of the on-axis response at a 10 kHz
difference frequency were performed to compare the theory with
the experiment. Figure 3.7 gives a comparison of the on-axis
response measured with a single hydrophone on the Spectral
Dynamics spectrum analyzer and with the two hydrophone probe on
the intensity system. These levels are comparable and follow
Fenlon's theoretical curve for the parametric array. It should be
noted that this theoretical curve does not follow the normal 20log(r)
spherical spreading loss that would be obtained with a conventional
linear source but actually falls off at a slower rate. This result is due
to the continued difference frequency signal generation in the near
field of the array. The difference frequency signal will approach the
spherical spreading dependence in the far field of the array.

The effects of the low-pass filter plate on the 10 kHz
difference frequency signal was studied next. The difference
frequency level was measured with both the spectrum analyzer and
with the intensity system. The measurements were performed with

and without a bare 1/4 inch thick aluminum plate placed 1 m. in
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front of the transmitter. Figure 3.8 shows the on-axis response with
and without the filter plate. The response with the filter plate
follows the same dependence but is 2 to 3 dB below the response
without the filter plate. This is consistent with theory which
indicated a 2 dB a transmission loss for a 1/4 inch thick aluminum
plate at 10 kHz. Figure 3.9 shows the intensity level as a function of
distance. Again, the response with the filter plate is 2 to 3 dB below
the response without the filter plate.

3.3.2. Beam Patterns

Measurement of the beam patterns produced by a parametric
array was completed for a difference frequency of 10 kHz. The beam
pattern was measured with and without the low-pass filter plate in
front of the projector.

The set up for measuring the beam patterns consisted of the
parametric array suspended from the positioning trolley in such a
way that free rotation through 360° was possible. The two-sensor
intensity probe was mounted at a location 2 m. from the source. For
measurements made with the low-pass filter plate, the plate was
located at a distance of 1 m. from the source but did not rotate with
the test plates.

The directionality of the sound pressure level with and without
the low-pass filter plate is given in Figure 3.10. For small angles, the
experimental data follows the theory well. At large angles, the
experimental data tends to deviate. The levels at the larger angles

are low and are approaching the background noise levels. This could




SPL (dB re 1| pPa)

49

Figure 3.8.

100-|-
90 4
80 -
Filter
70 } Plate
THEORETICAL CURVE
60 :
o—o—o SPL w/o FILTER PLATE
o- —o- —0o SPL w/ FILTER PLATE
50 - — v TV— - —
0. .5 1. 1.5 2. 2.6 3.

Distance (m)

On-axis sound pressure level vs. distance,
for a 10 kHz continuous parametric signal
(with and without a low-pass filter plate).




Intensity Level (dB)

100*1'
90 1
80 1¢
Filter
Plate
70 1
THEORETICAL CURVE
60.\.
G ——8 INTENSITY w/o FILTER PLATE
- —03~ —0 INTENSITY w/ FILTER PLATE
50 -t et + i —t
0. .5 1. 1.5 2.

2.5 3.
Distance (m) :

50

Figure 3.9. On-axis intensity vs. distance fo;' a 10 kHz

continuous parametric signal (with
without a low-pass filter plate).

and




Normalized Magnitude (dB)

'
-
O

|
[
19

=20 1

-251¢

-40

51

——— Theoretical Curve
oeoeo SPL w/0 Low Pass Filter Plate
esoceoe SPL W/ Low Pass Filter Plate

=30

—t

-22 =10 0 10 20 30
Angle (deg)

Figure 3.10. Sound pressure level vs. angle for 2 10 kHz

continuous parametric signal (with and
without a low-pass filter plate).




52

account for some of the deviations at the larger angles. The sound
pressure level without the low-pass filter plate shows some side lobe
characteristics which is contrary to theory which states that there
will be no side lobes. Without the filter plate, there is still energy at
the carrier frequency reaching the hydrophones. Even with the
electronic low-pass filtering, some intermodulation occurs in the
receive amplifier circuits. The low frequency side lobe behavior
-could therefore be caused by side lobes in the projector high
frequency directivity. The sound pressure level measured with the
low-pass filter plate also follows the theoretical curve at small
angles, but deviates for larger angles. The side lobe characteristics
fcand without the filter plate are not present. This is due to the
decrease in energy of the carrier frequency due to the filter plate.
The level of the carrier frequency side lobes are not high enough to
cause the intermodulation when the filter plate is present.
Measurement of the acoustic intensity versus angle was the
next experiment. Figure 3.11 gives the results of this measurement.
As was found with the sound pressure level measurements, the
levels were comparable to the theory for small angles. For larger
angles, beyond 15°, the levels were low and into the ambient noise
level of the tank and could therefore not be accurately measured.
The intensity system was able to pick out these levels a little better
than the sound pressure level measurements because of the
directional response of the intensity probe. The probe is most

sensitive to acoustic energy flowing along the line joining the two
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sensors. Energy from the sides is attenuated somewhat. Again, the
intensity with the filter plate in place is comparable with the
intensity without the filter except the side lobes of the carrier signal
are not attenuated and therefore cause some intermodulation.

Comparison of the beam patterns obtained through simple
pressure measurements and those obtained with the intensity
technique indicate agreement between the two methods. Figures
3.12 and 3.13 compare the two techniques without and with the
filter plate respectively. Agreement between the two methods
occurs over all angles with the filter in position. Without the filter
plate however, the results from the two techniques vary somewhat
at the larger angles. This is due partly to the intensity probes
directional response.
3.3.3. Intensity Scan

Scanning the intensity field of the parametric array gives

an idea of where and how the 10 kHz acoustic energy flows from the
source into the medium. The field was scanned in the vertical plane
on the axis of the array. The experimental procedure involved
moving the two-sensor probe to discrete distances and depths along
the center of the tank. At each of these locations, two measurements
were made, one with the probe aligned horizontally, another with the
probe in a vertical position. When the probe is aligned horizontally,
the line joining the two sensors is horizontal in the tank thereby
measuring the horizontal component of the acoustic intensity. With

the probe aligned vertically, the line joining the two sensors is
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vertical thereby measuring the vertical component of the acoustic
intensity. Using these two measurements, the intensity vector in the
vertical plane can be derived.

The first measurement was made without the filter plate in
place. The results from this measurement are given in Figure 3.14.
The active intensity, Figure 3.14a, shows the direction and magnitude
of the acoustic energy flow. It is apparent from this figure that the
energy is flowing out of the source which is located at the center on
the left hand side of the plot. The maximum acoustic energy flow is
located on the axis of the source. The smaller arrows as we move
away from the source show the decrease in intensity with distance.

The second plot, Figure 3.14b, shows the reactive intensity.
The reactive intensity shows the standing wave component of the
acoustic field. The direction of the reactive intensity vectors
normally points out of pressure maxima and into pressure minima.
In this case, we would expect the reactive intensity to be pcinting
out of the axis of the array and away from the source point. T[his
would be a valid assumption because the maximum acoustic pressure
is located on the axis of the source and at the source. In this setup,
we have a pressure release boundary at the water-air interface
located at the top of the figure. A pressure release boundary gives
zero pressure. This situation could explain the upward direction of
the vectors, into the pressure minimum at the surface. Even with
this situation, we would expect there to be a standing wave set up in

the vertical direction. This would lead to alternating pressure
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maxima and minima in the vertical direction. The reactive intensity
does not show this behavior which would lead us to expect some
other reason.

Another possible explanation of the reactive intensity field
would be bias errors caused by magnitude mismatch between the
two sensors. Observe that the reactive intensity levels are the same
or only slightly lower than the active intensity levels. Since the
reactive intensity is rather low, compared to the noise in the tank the
acoustic field is essentially free with little standing wave behavior
present. Bias errors for the reactive intensity are given as the ratio
of the magnitude mismatch to the field amplitude difference. In a
free field situation, indicated by a zero reactive intensity level, the
field amplitude difference between the two closely spaced sensors is
small.  Therefore, the bias errors caused by even very small
magnitude mismatches can be large. In fact, the effects of the small
field amplitude difference is enough to dominate any magnitude
calibrations that we are able to make.

The low reactive field does not indicate a problem with the
measurement scheme. It does show that the wedges are effective in
absorbing the 10 kHz signal and that the field is essentially free.

The next measurement which was made was with the low-pass
filter plate positioned 1 m. from the source. As before, the field was
sampled at discrete points on the side of the plate opposite from the
source. Figure 3.15 shows the active and reactive fields. The active

intensity field shows some energy diffraction around the plate. This
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is indicated by the inward pointing vectors at the edges of the plate.
The rest of the field, while slightly irregular, does show the left to
right propagation of the acoustic energy. The reactive intensity
shown follows the same tendencies as were reported for the case
without the low-pass filter plate. The reactive intensity vectors are
generally pointing from the bottom to top of the tank. The same
explanations given previously could also apply here.

To test if the field was actually behaving as indicated by the
reactive intensity or if the field amplitude differences were too small
to be measured, an auxiliary test was performed. This test consisted
of measuring the reactive intensity of a small section of the acoustic
field.  The intensity probe was rotated 180° and the reactive
intensity was again measured. If the field was actually as indicated,
then the reactive intensity vectors measured in the two scans would
have the same magnitude but opposite directions. Figures 3.16 and
3.17 show the results of this test. The active intensity, given by the
top figures is unaffected by probe 18C° rotation. Note that the
computer program used to plot these figures accounts for the probes
180° rotation by multiplying the vectors of one of the plots by -1. In
any case, the active intensity, accounting for the 180° rotation, is not
affected to a great extent by the probe orientation. The slight
differences between the two active intensity plots shown in Figures
3.15a and 3.16a could be caused by errors in placement of the
intensity probe. The reactive intensity changes its amplitude and

direction considerably from one scan to the next. If there were no
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magnitude mismatches in the system or if the mismatches were
much smaller than the field magnitude differences, then the reactive
intensity would have behaved similarly to the active intensity.  This
result indicates that there are in fact some magnitude mismatches
present in the system compared to the magnitude differences which
were measured.

To test the extent of the magnitude mismatch, the probe was
placed in a situation which would produce a highly reactive field.
This situation was produced by placing the probe close to the filter
plate on the same side as the source. The reactive intensity was
measured with the probe aligned in the two directions as before.
Again, the reactive intensity vector from the rotated probe should
have the same magnitude but different direction. The magnitudes
obtained from this measurement were consistently within 1 dB of
each other and the directions were always opposite. Allowing for
inconsistencies in the placement of the hydrophone from
measurement to measurement, this result is considered within
experimental error. This experiment therefore shows that the probe
is able to measure higher reactive intensities but that errors in
magnitude matching are extensive at low levels of the reactive
intensity obtained from the parametric array at 10 kHz.

As another assessment of the parametric array intensity, a scan
was made of the field produced by a conventional linear source. The
linear source tested was a 6 inch diameter free flooding cylindrical

projector with 12 inch diameter plexiglass discs attached to the top
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and bottom of the cylinder. The projector is an ITC model
MOD2002A transducer. It is possible that the plexiglass discs on the
top and bottom of the transducer alter the omni-directional pattern
of the transducer in the vertical plane causing some directional
characteristics. Figure 3.18 shows the active and reactive intensity
scans in the vertical plane on the axis of this projector. This figure
indicates the outward radiating vectors near the source and the
decrease of active intensity with distance. The reactive intensity
shows the same bottom to top tendencies as the parametric array
field. The reactive intensity level is again the same or only slightly
below the active intensity indicating a low reactive intensity. The

same explanation of overriding magnitude bias errors is appropriate.
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Chapter 4
EXPERIMENTAL SET-UP

4.1. Introduction

The data acquisition and signal processing performed in this
research were based in-part on existing software that was developed
by Elko[23] for intensity measurements in air. This chapter cutlines
the procedure used for measuring intensity and impedance and
describes the apparatus necessary for the formation of the
parametric array. Also included in this chapter is a description of
the anechoic tank facility and its acoustic characteristics.
4.2. Intensity Instrumentation

To measure the acoustic intensity in water, hydrophones where
used instead of microphones. The rest of the intensity data
acquisition system was essentially the same as for in-air
experiments. At first the hydrophones were to be designed and built
in-house. These hydrophone were made out of a perforated PZT-
polymer "3-1" composite provided by the Materials Research
Laboratory of P.S.U. The basic characteristics of these polymer
composites is described by Safari, et al.[28]. The PZT-polymer
composites were prepared by drilling holes in sintered PZT blocks
and filling the perforated block with a polymer. By drilling the holes
perpendicular to the poling direction, the sensitivity of the
piezoelectric composite was greatly increased over standard PZT
materials. A sample of this type of hydrophone was fabricated and

tested, but its frequency response was not satisfactory as can be seen
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in the lower curve of Figure 4.1. Aithough further develoepment of
this transducer may alleviate the problem with the frequency
response, it was decided to proceed with a commercially available
hydrophone. @ The hydrophone that was selected was a Celesco
Industries LC-10 Hydrophone. This hydrophone was chosen for its
small size (0.4" in diameter by 2.1" long), its flat frequency response
and for its high sensitivity. The upper curve of Figure 4.1 shows the
frequency response of a typical LC-10 hydrophone. Comparing this
response to that of the PZT hydrophone indicates that the response of
the LC-10 is more desirable in terms of both its more flat frequency
dependence and its higher free field senmsitivity. Later experiments
with the phase calibrations indicated that it also had desirable phase
characteristics. The hydrophones were held in a position side by side
by a small aluminum bracket with a fixed separation of 7/8 inch.
This configuration, Figure 4.2, is advantageou. over the end to end
configuration in that it allows the probe to be placed close to the
sample. Another advantage of this configuration is that the acoustic
centers of the hydrophones are easier to locate along the axis than on
the side.

The signal from the hydrophones is first filtered by an Ithaco
Model 4113 electronic filter to attenuate the high frequency carrier
wave leaving only the low frequency difference signal. An Ithaco
Model 435 amplifier is used to amplify the signal to a level
acceptable for the A/D converters. The anti-alias filtering is

accomplished by a Rockland Wavetek System 816 filter. This filter
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D Im
Probe \
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Figure 4.2. Sketch of side by side hydrophone
positioning bracket.

has a variable cutoff frequency and was set to the sampling
frequency which is 12 kHz. Next, the analog signal is converted to
the required digital signal by a 16 channel Computer Design and
Applications MIP-3A analog to digital converter. The resulting
digital signal is then stored in a Digital PDP-11 minicomputer which
runs the data acquisition program. A Computer Design and
Applications array processor then performs the FFTs on the data
necessary for the calculation of the autospectra and the complex
cross-spectrum. The PDP-11 uses the autospectra and the cross-
spectrum to calculate the acoustic intensities, energies densities and
specific acoustic impedances. Display of the graphics is made on a
Tektronix 4010-1 terminal and hard copy graphics are available on a

Tektronix 4611 plotter or on a laser printer via the VAX 780 main
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frame computer. A block diagram of the signal path of the intensity

measurement system is given in Figure 4.3.

Two-Hydrophone
Analog Input

Analog Filter &
Amplifier

=

Analog to Digital
Conversion

T

Compute FFTs for
Complex Input Data

v

Compute Auto and Cross
Spectra for 2 Channels &
Store on Disk

.

Calculate Intensities,
Energies & Impedances

Store and Display
Result

Figure 4.3. Intensity measurement instrumentation
block diagram.

4.3. Parametric Array Instrumentation

The source of acoustic energy in this experiment was a
nonlinear parametric array. The formation of the parametric array
requires an amplitude modulated acoustic signal of sufficiently high

amplitude to -allow the medium to react nonlinearly thereby
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producing the desired low frequency difference signal. The high
frequency carrier signal is greatly attenuated by the absorption of
the water while the low frequency difference or modulation signal
will propagate.

The projector used for the sound source in this experiment was
a Lowrance Model TTH-2192-8 transducer. This transducer was
chosen for its high resonant frequency and for its small size. The
active region of the projector is approximately 1 inch in diameter
and its resonant frequency is 192 kHz. This frequency was not
chosen as the center frequency for the parametric array, however,
because the amplifier we had available was not able to produce
sufficiently high levels for the desired nonlinear effects. A scan of
the frequency from 100 to 300 kHz indicated that the best frequency
for the projector-amplifier combination is actually 131 kHz. Figure
4.4 shows the transmitting voltage response of the projector when a
high frequency amplifier is used. Peaks in the response are located
at 131 kHz, 192 kHz and 230 kHz.

The amplifier used in this study was a McIntosh MI200AB 60
Watt power amplifier. The output from the amplifier was fed to the
projector through an impedance matching network which was set to
600 Q. It was found that there was a slight direct radiation of the
difference frequency by the transducer. The signal for this direct
radiation was formed by nonlinear effects in the power amplifier.
For this reason, a high-pass filter was placed in line between the

amplifier and the projector. This filter took the form of a simple RC
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network with the hydrophone impedance providing the resistive
components and an external capacitor providing the capacitance.

The two types of signals for the parametric array could be
either the sum of two high frequency primary components or an
amplitude modulated high frequency carrier signal. The latter of
these two input signals, the amplitude modulated signal, was chosen
because of its ease of operation and for a slight increase in difference
frequency level for this mode. In terms of operation, using the
amplitude modulation scheme requires only the adjustment of the
amplitude modulation frequency where the two signal scheme would
require adjusting both of the high frequency components around a
center frequency. The increase in difference frequency signal
generation using the amplitude modulated signal compared to the
classical two frequency procedure was found by Eller[29] to be
around 2.5 dB.

The amplitude modulated signal was provided by a Hewlett-
Packard Model 3314 Function Generator. The function generator
modulated the amplitude of the internally produced high frequency
carrier signal by a low frequency signal provided by a Rockland
Model 5100 Frequency Synthesizer. A block diagram of the
parametric array input signal instrumentation is given in Figure 4.5.

Since the size of the water tank limits the distance from the
source to the test specimen, the experiments had to be performed in
the near field of the array. It is desirable therefore to filter the high

frequency component out of the signal to limit the region of
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Figure 4.5. Parametric array instrumentation diagram.

interaction. This filter took the form of a thin plate whose thickness
was chosen to attenuate the 131 kHz carrier frequency while passing
the difference frequency component with little attenuation. If the
measurements could be made in the far field of the transducer, then
the absorption of the high frequency carrier would be accomplished
by the water.

A thin plate will provide maximum transmission loss of a
signal if the thickness of the filter plate is a quarter of an acoustic

wavelength. The decision of which material to use to make the filter
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was based on maximum attenuation and weight. The material
chosen was aluminum. At 131 kHz a signal has a wavelength of 1.9
inches in aluminum. A quarter wavelength would therefore be 0.5
inches. The filter plate which was utilized was 36 x 36 x 0.5 inches.
The dimensions of this plate were such that the majority of the beam
formed by the parametric array would be completely covered.

The transmission loss of a plate for normally incident sound is

given by [30]

1

2
Z
TL =1 4.1
0 10810 1_'_‘11' (A) sinz(k L) (4.1)

2

where Z, and Z, are the magnitudes of the impedance for the filter

plate and the surrounding fluid respectively.  Application of this
expression gives a transmission loss of 15 dB at 131 kHz while the
transmission loss at 10 kHz is less than 2 dB. Figures 4.6 and 4.7
give the normal incidence transmission loss compiled from Eq.(4.1)
for a 0.5 inch thick aluminum plate at high and low frequencies
respectively. |
4.4. Water Tank Environment

The water tank used in this experiment is approximately
3x6x5 meters. The walls of the tank are lined with wedges of
sound absorbing material approximately 1.5 meters long. The floor

of the tank is also lined with these "ensilcrete” wedges. The top of
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the tank represents a pressure release boundary. Preparation of the
tank for use in this experiment involved draining the water and
cleaning the plastic liner which separates the measurement
environment from the wedges. The tank is provided with a filter
system which allows the water in the tank to be circulated and
filtered. This system has a separate filter for the inside and outside
tanks.

Movement of the test panel was accomplished using a
positioning trolley. This trolley allowed movement of the plate along
the length of the tank and up and down in the tank. The support
mechanism on the trolley also allowed rotation of the plate along
their center axis. The angle of the plate surface could be measured
with an indicator attached to the support. Figure 4.8 gives a diagram
of the water tank and the location of the parametric array and the
two hydrophone probe. The filter plate and test specimen were
positioned in the tank so that the axis of the source corresponds with

the center of the plate.
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Figure 4.8. Sketch of the water tank environment.
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Chapter $§
THE REFLECTION COEFFICIENT

5.1. Introduction

The research described in this thesis has involved designing
and implementing a system which would be capable of measuring
the acoustic fields scattered by submerged structures. One
application of this system is to measure the complex acoustic
impedance of a submerged coated plate. To assess the system, we
used the intensity scheme to measure the normal component of the
specific acoustic impedance of various coated and uncoated plates at
oblique angles of incidence. From the measured impedance, we are
able to infer the complex surface impedance and ultimately the
complex reflectivity of the plate. This chapter outlines the
theoretical basis by which we compare the experimental results
obtained in this research.
5.2. Theory

Junger and Feit[29] describe the sound field which results
when a plane acoustic wave impinges on an infinite elastic plate.
Two assumptions are made here; one, that the incident wave is
planer and, two, that the plate is infinite. @ The first of these
assumptions is approximately true for small angles of incidence but
as @ — 90° the assumption fails. This assumption fails because at
near grazing angles, the fluid velocity cannot be parallel to a
boundary displaying a finite impedance. Also, the diffraction effects

become larger as the angle of incidence approaches grazing. The
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second assumption, a plate of infinite extent, is valid for plates whose
dimensions are larger than 1/2 an acoustic wavelength. At 10 kHz,
an acoustic wavelength in aluminum is approximately 1 foot. The test
plates used in this experiment were 3 x 3 foot and the infinite plate
assumption is approximately valid. Again, this assumption becomes
invalid at grazing angles because the cross-sectional area that the
projector sees becomes smaller as the angles become larger.
Theoretical analysis of the scattered field produced by an
elastic plate is broken into two parts, a field which would result if
the plate were infinitely rigid plus a field produced by the radiation
of the plate. The plate radiates sound because its elasticity allows it
to bend with the incident wave, The plate will therefore oscillate

and radiate sound. The scattered pressure, denoted as P . (X:Y) is

written as

Psc X Y)=p, % ¥)+5,(x ¥) (5.1)

where P, (X ¥) is the infinitely rigid plate response and P (% Y)

is the radiated response. The total acoustic pressure in front of the

plate is the sum of the incident pressure and the scattered pressure

P Y)=p.(% ¥) +p (X Y) (5.2)

where f)i(xo Y) is the incident field and is assumed planar. The

incident wave is
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B.(X¥) = P. explj kix cos® - y sin6)] (5.3)

where the coordinates x, y and 6 are defined in Figure S5.1.

X
A
Incident Reflected
Wave Wave
Infinite plane reflecter

Figure 5.1.  Sketch of an Infinite Plane Reflector.

The first part of the scattered field to be examined is that
which would be reflected from an infinitely rigid boundary. This
pressure is denoted by P, (X ¥). An infinitely rigid boundary will
totally reflect an incident wave. This portion of the scattered field
will therefore have the same magnitude as the incident pressure
wave. The incident and reflected pressures for the rigid boundary
have different phases. The pressure reflected from an infinitely

rigid plate is
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PsX ¥) =P, exp|-jk(x cos6 + y sin6)| | (5.4)

The rest of the scattered pressure field is the result of the elastic
properties of the plate. The pressure which is radiated by an elastic

plate is

2P exp[jk [x cosd +y sine]]

p (%) = (5.5)

jkh[P/Ps)[l ] [m/mc)z sin49] cos@ - 2

where pg is the density of the plate material and h is the plate
thickness. The term w. is the coincidence or critical frequency and is
the frequency at which the flexural wavelength in the plate equals
the acoustic wavelength in the adjoining fluid. This frequency is

defined as

3

N

(g]
(&)

(5.6)

)
=
Q

s is the low frequency phase velocity of

where c, =/E/1 - v?)p
compressional waves in the elastic plate. For completeness,
derivation of the radiated pressure for the elastic plate is given in
Appendix B.

The total scattered field is obtained by combining the
expression for the pressure reflected by a rigid plate, f),,_(x' ¥Y), and

the radiated pressure, 13,("- Y). The scattered pressure is
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Pee(* V) =5, (% V) + 5, (% ¥)
- F cosO + y sinf
= Pi exp| _]k(x § ys )]

(

jkh (Ps/P)[l . (m/aoc)2 sin4e] cos

| jkh (ps/p)[l - ((.o/mc]2 sin46] cosd -2

x 3 (5.7)

The superposition of this expression with the expression describing
the incident pressure describes the total acoustic field in front of the
plate.

The pressure reflection factor is defined as the complex ratio of
the scattered pressure to the incident pressure. This quantity on the

plate surface (y = 0) is

=(a) _ f;se[r, e] _ jkh (Ps/P][l - (m/mc]2 sin49] cos6

ﬁiﬁ’ 0) jkh (Ps/P)[l . [m/mc)2 sin49] cos@ -2

(5.8)

This expression is a function of only the plate and fluid parameters,
incidence angle and frequency. It is not a function of distance from
the surface of the plate. The reflection factor can also be calculated
from the acoustic impedance. The measurement technique used in
this study measures the impedance at a point located remote from

but very close to the surface of the test plate. The impedance which
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is measured is a function of the surrounding fluid and of the
perpendicular distance from the measurement point to the plate
surface. The first step in calculating the reflection factor is to
account for the separation between the measurement point and the
plate surface. The surface impedance of the plate can be calculated
from

jZ, tan(kx cos6)

720)=7, M =
% i Z - Z,, tankx cos@)

(5.9)

where Z0) is the surface impedance, Z,, is the impedance measured
remote from the source and Z is the characteristic impedance of the
surrounding water (Zc =pPoCo= 15 x 106 Rayles). The complex

reflectivity can now be calculated from the surface impedance. The

expression which relates these quantities is

R@) =t . 5.10
)z( (5.10)

These expressions allow us to compare established theoretical
formulations with our experimental data.
5.3. Description of the Reflectivity Experiments

The experiments which were performed to test the accuracy of
the two-sensor impedance measurement system involved measuring

the complex reflectivity of submerged thin plates at oblique angles of
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incidence. The materials which were tested were a bare aluminum
plate, a sheet of pressure release material and an aluminum plate
coated on one side with absorbing rubber tiles. The aluminum plate
was 3/8 inch thick. The pressure release material was a 1/4 inch
thick sheet of bubble rubber. The absorptive rubber tiles were 1/4
inch thick and were glued to a 3/8 inch thick aluminum plate.

A bracket was designed and built which would allow the test
plates to be supported by the trolley support mechanism. This
bracket allowed the plates to be rotated about their axis to change
the angle of incidence. An indicator attached to the support
mechanism showed the angle of rotation. The two-hydrophone
probe was held by the bracket at a fixed distance from the plate and
aligned normal to the plate surface at a distance of 3/4 inches to the
center of the probe.

One problem that is encountered when using finite plates are
edge effects. Edge effects are caused by the discontinuity at the edge
of the plate diffracting the pressure field. The two-sensor technique
has a beneficial characteristic in that it can be employed in the near
field of the plate. By keeping the probe as close as possible to the
plate surface, we are able to minimize the edge effects. Also, by
using a parametric array as a source, we are able to concentrate the
incident pressure wave on the center of the plate. At large angles of
incidence the effective area of the plate (the area perpendicular to
the source) is reduced thereby increasing the problems of edge

effects.




88

As a first test of the accuracy of the two-sensor measurements,
the reflectivity of the bubble rubber (pressure release) boundary
was measured and is shown in Figure 5.2. This figure shows a
comparison of the theoretical value for the reflectivity from an ideal
pressure release boundary, R =1 exp (-1800), with the experimental
data measured with the two-sensor technique. The experimental
points for the magnitude from the two-sensor technique are close to
the theoretical value of 1.

The phase of the reflectivity is shown in Figure 5.2b. The
measured phase varies within +30° of a mean value which is slightly
greater than the theoretical value, The variation in the experimental
results may in part be caused by inaccurate measurement of the
distance from the boundary to the hydrophones. The sheet of 1/4
inch thick bubble rubber used as a pressure release boundary was
stretched onto a metal frame. This material is very flexible and by
rotating the sheet through the water it sagged slightly. This sagging
made it difficult to accurately measure the distance from the probe
to the surface thereby introducing phase errors.

The next specimen to be tested was the bare aluminum plate.
Values for the density and speed of sound used to calculate the
theoretical curves were 2700 kg/m3 and 6300 m/s respectively.
Figure 5.3 shows a comparison of the theoretical curves to the
experimental data. Figure S5.3a gives the magnitude of the
reflectivity. This curve shows reasonable agreement between the

experimental results and theoretical values. While this curve does
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show some of the variation with angle which occurred with the
pressure release boundary, it does not vary nearly as much.

The phase of the reflectivity for the aluminum plate, shown in
Figure 5.3b is in good agreement with the theory. Again, the data is
biased from the theoretical curve indicating possible inaccurate
determination of the distance from the plate to the probe. This curve
did not fluctuate like the phase did with the bubble rubber sheet.
Since the plate does not distort its shape like the bubble rubber
sheet did, then the distance from the plate to the probe was more
constant although the exact distance was different than what was
assumed.

Finally, the technique was used on a sample with unknown
reflectivity. This was the 1/4 inch tiles glued to a 3/8 inch thick
aluminum plate. These tiles are designed for underwater acoustic
applications. The results of the reflectivity measurements on this
rubber covered plate are given in Figure 5.4. Note that Figure 5.4
shows two sets of experimental data to show reproducibility of the
reflectivity measurements. The magnitude of the reflectivity, shown
in Figure 5.4a, is approximately equivalent to the magnitude found
for the bare aluminum plate. The magnitude with the tiles does vary
over the angular range. The value does reach that of the totally
reflecting surface at some angles. A possible explanation for this
result would be air bubbles trapped in the giue under the tiles.
Another interesting result is the large dip in the magnitude which

was found at 55°. This result was consistently found in the two
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separate measurements. This result shows that at this angle, a large
percentage of the incident energy is not reflected the plate-rubber
tile combination either because it is absorbed by or transmitted
through the test plate. The dip did not show up in the measurements
of the bare plate. Another factor with the rubber tile covered plate
is that small gaps were present between the tiles. These gaps .made
the surface rough and scattered sound differently at different angles.
The internal structure of the tiles is unknown. Some variation in
density through the tile is®possible and could cause some variation
with angle in the reflectivity.

5.4. Conclusion and Recommendations for Further Research

The two-sensor technique has been shown to be a valuable tool
for the study of various acoustic phenomena in air. In this study, we
used the technique in water to measure the complex reflectivity of
thin plates at oblique angles of incidence. Other methods for
measuring this quantity, such as the standing wave ratio method can
be very time consuming and impractical for oblique incidence angles
particularly for underwater applications.

The measured complex reflectivity compares reasonably with
the theoretical formulations over all angles. This is contrary to
assumptions that the theoretical expressions do not hold as the angle
of incidence approaches 90° where the plane wave assumption is no
longer valid. Since the probe is actually located at a finite distance
from the surface, the parametrically generated wave appears to

provide "plane wave" like results.




94

The accuracy of the two-sensor method technique for
measuring the complex reflectivity is dependent on the precision
with which the distance from the measurement probe to the surface
is measured. However, once this distance is known with accuracy,
the distance need not be measured again throughout the experiment.
This contrasts with the standing wave ratio method where the
distance from the surface to the nodes must be measured for each
frequency.

Using a two-sensor technique allows measurements to be made
in the very near field of the plate. This minimizes edge effects which
are common to other methods which require measurements made in
the far field. Since the effects of diffraction at the edges of the plate
are minimized, smaller test plates could be used.

Measurement of the acoustic intensity fields produced by the
parametric array and the linear source shows the usefulness of the
technique in understanding the acoustic phenomena. The vector
plots of the acoustic intensity give a good insight into how the field is
behaving. While the present system is able to consistently measure
the active intensity, even the slight magnitude errors associated with
the two hydrophones make the measurement of the low level
reactive intensity fields difficult.

The other portion of this study concerned the use of the
parametric array as a source of acoustic energy. This source was
found to have a very narrow beam pattern at low frequencies. It

was found that care must be taken to assure that the high level
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carrier signal be attenuated before amplification of the received
signal is made. This attenuation was accomplished by a combination
of electronic filters and a low-pass filter plate. The low-pass filter
plate attenuated the high frequency carrier by 15 dB while passing
the low frequency signal with only 2 dB of attenuation. It is believed
that by increasing the levels of the carrier signal, the level of the
difference frequency pressure could be increased. The amplifier that
was made available was marginally powerful enough at the carrier
frequency to allow measurements at the difference frequency of 10
kHz. The narrow beam patterns make the parametric array a useful
tool for measurements made in small anechoic water tanks. Also, by
using the narrow beam source to concentrate the pressure on the
center of the test plate, edge effects could be reduced.

Recommendations for further research concerning the used of
the two-sensor technique in underwater situations can be made. In
terms of the measurement of the complex reflectivity, more accurate
measurement of the distance from the probe to the sample should be
sought,

Development of more sensitive hydrophone probes for the
measurement of acoustic intensity would help to alleviate some of
the magnitude mismatch bias errors. It is recommended that the
perforated PZT composite hydrophone be further developed to
provide a better frequency response and higher sensitivities. These
probes could also be made smaller so that less disturbance of the

acoustic field is made. In line with this recommendation would be
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the development of a four or five sensor probe which would allow
the measurement of the two or three dimensional intensity field.

Use of pulses in conjunction with the two-sensor intensity
method would help to decrease errors in the measurement due to
reflections. This improvement would involve modifying the existing
measurement system to allow the samples to be taken only when the
direct pulse reaches the probe. Concerning the parametric array as a
research tool, more studies are needed to increase the levels at the
difference frequency. By increasing the power at the carrier
frequency, the nonlinear effects of the water would be increased
thereby increasing the difference frequency level. This would allow
more accurate measurements of the low level reactive intensity to be
made.

Measurement of the acoustic intensity and energy fields
requires that the data be taken at many points in the tank. This can
be very time consuming when the probe is moved manually. Also,
exact placement of the probe is a function of how accurately the
experimenter moves the probe. For these reasons, an important step
in the development of the intensity technique for use in underwater

settings would be the automation of probe placement.
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Appendix A
DERIVATION OF FREQUENCY DOMAIN ESTIMATORS
This appendix outlines the derivation of the frequency domain
estimators for the acoustic intensities, energies and impedances.
These estimators are utilized to convert the time domain pressure
data into frequency domain intensity data. Derivation for the

frequency domain estimator for the acoustic intensity begins with Eq.
(2.8)

e 0+ n0l 10 m0Ja)

Note that in this appendix, a simplification in notation of

pi(ri’ t)=pi(t) is made. By expanding Eq. (A.1) and using the

substitution

z,0=]p0®a (A.2)

(A.1) can be written as

I=- Zp:,Ar E{Pl(‘) z,(8) +p,1) 2, - p, ®) 2,(1) - p, (1) 2, (t)}

=-%3qum%mpﬂ%mﬁm}

~

-Efp,® 2,0} . gfp, 0 2 )] (A.3)
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Simplification of this expression into one which is easier to

implement is made by using the Parseval relation to convert the

expected value operators into spectral quantities.

relation can be expressed as a cross-correlation function

R,,(0)=E {p(t) z(t)}

which for a stationary ergodic process becomes

i T/2
R, (0) = lim ’_r'.[ p(t) z(t) dt
-T/2

1 T/2 t

= lim = )

Jim 1 J' p(t) J' p(® dr dt
-T/2 0

and with the use of Parseval's relation,

_1f
Ry =5 [ 5 do

The Parseval

(A.4)

(A.S)

(A.6)

Further, since z(t) is given as an integral of pressure over time, we

can replace the variable z by p using the frequency domain

equivalent to integration

=L
sz("’) % spp(co)

(A.7)
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Since p;(t) and p,(t) are real processes,
Spnpz(m) = szpl(w) . (A.8)

The complex intensity spectrum estimator can now be written as

. )
i‘:((l)) =- ‘—1__{sz1’2(0)) - Splpl(m) - J21m [szpl(m]} . (A.g)
0

Taking the real part of this expression, the active intensity is

() = Re ['f(co)]= mplo — Im [szp,‘“”] . (A.10)

The reactive intensity, given by the imaginary part of (A.9) , is

-t -
QW) = Im [I (m)]= Zm;OAr {szpz(w) i Spup.(m)} . (A.11)

The frequency domain estimators for the potential and kinetic
energy densities are developed in the same manner. Starting with

the time domain estimator for the potential energy density

V= 16; 2 E {Pl(t) p;® + p,(®) p3(®) + p, (1) p3(t) + p, ) p;(t)}

- {Rplpl(O)+szp2(0)+Rplpz(0)+Rp2pl(0)} . (AI2)
16p,c
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By again using the Parseval relation and equating the integrands, we

obtain

V(o) = 1 ' {SP;Px(m) + SPsz(m) + sp’pz(m) + SPsz(m)} . (A.13)
16p,c

Noting again that (see Eq. (A.8))
S (=8 () (A.14)

PP, PPy

the potential energy density estimator is given as

v(w) = 1 {S (m)+spp(<ﬂ)+2Re [Sp,pz(m)]} . (A.15)
l6p°cz 2F2

The kinetic energy density estimator is derived from

%= —I—-Z-E{pz(t) p3® +p, () p}© - p, (1) p3(®) - p, (V) p;(t)}
w?p,(AD)

= . 2 {Rplpl(()) + szpz(o) i} RP:Pz(O) ) RP;P,(O)} . (A.16)
w?p (Ar)

Recalling that

Splpz(m) = szpl(m) (A.17)
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leads to the kinetic energy density estimator

(w)
N = _J__z{splpl(m) + SPsz(w) -2 Re [Sp,p2 ]} . (A.18)
mzpo(Ar)
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Appendix B
PRESSURE RADIATED FROM AN ELASTIC PLATE
Derivation of the pressure radiated from an elastic plate begins
with the equation of motion for a plate[29]). This equation of motion

is
4. 4. 4. .
%(k sin @ - kf]w exp(jkx sin@)

i % ey e
‘[2Pi+k <ind W ]exp(JkX sin8)  (B.1)

where D is the flexural rigidity of the plate, k. is the flexural

wavenumber in the plate and W is the plate acceleration. Through
the acceleration, we can obtain an expression for the radiated
pressure. The plate acceleration, W, is obtained by solving equation

(B.1). Simplification of this expression is made by dividing by the
exponential and by the ratio Dk;/co2 cos6. The resulting equation

is

4
k .
[(k—f) sin'0 - 1] cos W
_‘23_ jpc w? .
=|2Peose |57 |+ | ot | W] - ®BD)

Further simplification of this expression is made by substituting for

4
the ratio (k/kf] in terms of the coincidence frequency with
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4
k p h] 4
B Y [ s Sy B
(k} ﬁ[ D J 2 (B-3)
and
h
w?=c [psT] : (B.4)

These two expressions give

4 2
k. [_0_)_)
[kf) =|w,| . (B.5)

Finally, setting D ki /w?=p h, we obtain the following for the

equation of motion

(V] 2 4 o 2 Pi jp .
[‘”_cJ sin @ - 1] cosé W= ﬂcose + khp wl . (B.6)

Solving this expression for the complex acceleration amplitude, we

obtain

.. -2 P. cos@
w — 1

ph{jkh(P/Ps]+[1 . (m/coc]z sin‘e] cose}

(B.7)

The relationship between the radiated pressure and the
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acceleration is made by satisfying the Helmholtz equation and the
boundary conditions at the plate surface. The pressure field

satisfying these conditions is

ogfet 4]
p, (X ¥) = jpW cos(kSXJ - d (B.8)
K- ]

172
with k =k sin6 and (kz - kz) = k cos6. Hence, the expression

relating the radiated pressure to the acceleration can be written as

expljk(x cos® +y sin® )| . (B.9)

oW
X, =
P (5 V) = 70

By substituting equation (B.7) into this expression, we obtain the

radiated pressure

2P exp[jk(x cos® +y sine)]

p, (% ¥) = (B.10)

jkh(P/PsL - (m/mc)zsin4e] cosd - 2




