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CHAPTER I 

INTRODUCTION 

Imaging of acoustic fields has been of interest for a long time. To see with sound 

waves instead of ordinary light waves is an intriguing concept. Naturally, humans are not 

capable of doing image processing with acoustic data like some kinds of animals. 

However, the idea of imaging with sound waves in animals was not recognized until 1793 

by the Italian scientist Spallanzani.^ The idea was first used to build an imaging device 

called SONAR during World War I. Later many devices for imaging through optically 

opaque objects were invented. The motivations for acoustic imaging are the capabilities to 

see through opaque objects and test some mechanical properties of sample materials by 

introducing mechanical perturbations into them. Generally, there are two basic methods 

used to image acoustic fields: utilizing piezoelectric or optical devices. 

Devices that employ piezoelectric transducers are very compact and efficient. They 

are also very sensitive. The high sensitivity property is very important for medical 

applications in which a high level of insonification, the input strength, is not allowed. On 

the other hand, a device that employs a laser beam can be quite bulky and less sensitive.^ 

The advantages the laser device has over piezoelectric devices are the variable operating 

frequency and the ability to detect phase and amplitude at the same time. 

This thesis will describe a system that uses a laser beam to image an acoustic field 

in air. Usually when we talk about sound or acoustic waves, we think of audio 



frequencies, (in the range of 20 - 20,000 Hz). However, in this thesis we will not put that 

limit on any acoustic wave, i.e., an acoustic field can be in any frequency range. 

Chapter n will describe some conventional methods used for imaging an acoustic 

field. These systems include liquid-surface holographic systems, solid-surface systems, and 

Bragg-diffraction imaging systems. We shall discuss these systems only in terms of the 

basic principles. Anyone who is interested in these systems can find further details from 

the given references. 

Chapter in will focus on the techniques that we used to conduct the experiments. 

We will analyze these techniques theoretically. Both refraction and diffraction theory will 

be considered. 

Chapter IV will explain the implementation of the experiments. The results from 

the experiments wiU be given and the images of the sound fields will be reconstructed. The 

problems that occurred in the experiments and possible improvements will also be 

discussed. Finally, Chapter V will be the conclusion. 



CHAPTER n 

IMAGING OF HIGH-FREQUENCY SOUND FIELDS 

2.1 Introduction 

This chapter will explain some of the methods that we use to image a high-

frequency acoustic field. These methods have been proven to work practically over several 

decades. Most of the applications are performed in acousto-optic media, such as water. 

The acoustic sources are piezoelectric transducers which produce acoustic fields at certain 

frequencies. The bandwidths of these transducers are very narrow. Operating frequencies 

of most piezoelectric transducers are more than IMhz. 

2.2 Liquid surface holography 

An acoustic wave needs a medium in which to propagate. The acoustic energy is 

transferred through the medium by causing the molecules of that medium to oscillate. The 

amplitudes of the oscillation at a point depend on the intensity of the acoustic field passing 

that point at the moment. This system uses the oscillations occurring at liquid-air interface 

as a coupler to transfer the data in an acoustic field to the light field. Fig. 2.1 shows how 

this system works. Two transducers are used to create an object beam and a reference 

beam in the water-filled chamber. The object beam which is scattered from the object 

moves up toward the surface of the water. The reference beam also moves toward the 

surface but in a different direction. These two beams interfering with each other create 

ripples on the water surface. These ripples are similar to those patterns created in an 



optical hologram. The difference is that this time we use acoustic illumination instead of 

optical illumination. The ripples are read by a laser beam incident on the surface. The 

reflected beam carries the image of the ripples to the receiver which is standing by in the 

image plane. A spatial filter is used to eliminate the zeroth and other orders that are not of 

interest. The data picked up by the detector is then processed and interpreted.^ 
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Figure 2.1: Liquid surface holography.^ 

2.3 Solid surface holography 

This system is quite similar to the liquid surface system except that this technique 

uses a solid surface as a coupler. Fig. 2.2 illustrates how to set up the system. The 



acoustic waves created by a transducer scatter after passing through a sample in the water 

chamber. The waves then appear as a ripple on a solid membrane with a shiny surface, 

(gold in this case). A laser beam is used to read out the pattern on the surface by using a 

raster scanning procedure. The beam is focused onto a spot on the shiny surface. As the 

spot scans a raster pattern on that shiny surface, the reflected waves are angularly 

modulated by the pattern on the surface. The signal is then read by a photodetector, 

decoded and displayed on the television screen. There is no reference beam in this system. 

However, this kind of imaging can be called dynamic holography because both the phase 

and amplitude data are recorded.^ 
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Figure 2.2: Solid surface holography.^ 

2.4 Bragg diffraction imaging system 

First, we shall consider the simplest case of the Bragg diffraction phenomenon in 

an acoustic cell. Let the transducer on the cell emit just a simple monophonic acoustic 



plane wave. The cell is illuminated by a planar laser beam at the Bragg angle. The Bragg 

diffracted light beam wiU also be planar which means that we can reconstruct a light beam 

similar to that of the original planar acoustic beam.̂  This concept is also true in more 

complicated cases in which we can think of any acoustic field as a summation of many 

simple plane-wave components. Each component has different amplitude and direction. 

The Bragg diffracted light in this case also has many components. Each one corresponds 

to a plane-wave component of the acoustic field. 

Acous+o—optic eel 
Diffracted light 

Undiffracted light 

Figure 2.3: Plane-wave Bragg diffraction. 

A Bragg diffraction imaging system is quite simple when compared to other 

methods. It can process the data by itself, providing a tranverse profile of the sound field 

image, without any sophisticated equipment. An example of a Bragg imaging system is 

shown in Fig. 2.4. The complete theory of Bragg diffraction imaging can be found in many 

optical signal processing books which discuss acousto-optics. 



(•> ^ m 

C 
(D 
•C w 
o c 

CD 
^ 
O D 
"t: o C •:-

s-fe 
•r- C 
L. .— 
? ^ 

X o 

d
ri

ca
i 

c 
">. 
o 

Vi 
c 
U) 

0) 

u 
o 

o 
o 

< 

c 

Q. 

E 

1 _ 

o 
~̂ D 

(D 
D> 

O 
C 
D> 

{/) 

• • 

E 
(D 
(0 
>. CO 

D) 
C 
•— D) 
O 

(D 
O 

T3 
(0 
C 
D 

o 
"o 
D 

O 

m 

(D 
V) 
a 

1 



CHAPTER m 

IMAGING OF LOW-FREQUENCY SOUND FIELDS 

3.1 Introduction 

All the systems we have discussed so far use only high-frequency acoustic 

sources. This is necessary because a high-frequency sound field can be detected easily with 

high efficiency. Moreover, ultrasonic sources are more compact and efficient than their 

lower frequency couterparts. This is true for almost all acoustic imaging systems in use 

today. However, there are some environments in which a low-frequency sound field can 

be expected to work better. For example, if the sample material is highly nonhomogenous, 

such as bulk concrete, a high-frequency sound field will respond to almost all the 

sediments in that concrete. That means the echo field will contain a lot of noise which will 

result in an unacceptable output image. Low frequency sound is expected to work better 

in this case by not responding to small sediments. This imaging system can also be used 

directly as a nonintrusive diagnostic tool for evaluating the output of high-end audio 

speakers designed for audio sound systems. 

The experiment conducted here is an imaging process of a pure sound field that 

was emitted from a speaker directly. We will discuss theories related to this imaging 

technique. The implementation we use in the experiment and the result will be discussed 

in the next chapter. 
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3.2 The angular plane-wave spectrum 

The angular plane-wave spectrum is a concept that was developed from Fourier 

theory. In Fourier theory, any function with a finite number of discontinuities can be 

described as a summation of sine and cosine functions. The angular plane wave spectrum 

has quite a similar concept in which a wave funtion (two-dimensional spatial distribution) 

can be decomposed into a linear superposition of fundamental plane-wave components. 

We will discuss this concept in detail as follows. 

We know that a monophonic wave function which is a function of time and space 

can be separated into two parts, each of which constitutes only the space or time domain. 

Let the wave function be represented by a complex field distribution, u(x,y,z;t). Then we 

can write the wave function as: 

u(x,y,z;t) = U(x,y,z)exp(-jcot). (3.1) 

Let us neglect the time dependence for now. Assuming that the wave is propagating 

mainly along the z axis, we are interested only in the spatial field distribution across the xy 

plane. The two-dimensional Fourier transform of the field distribution at z = zi can be 

defined as^: 

oo oo 

A(f,,f3,;zi) = JJu(x,y,z,)exp[-j27t(f,x + f^y)]dydx. (3.2) 
-—oo oo 

This Fourier transform indicates the fundamental components of the field distribution at zi. 

On the other hand, we can also find the field distribution as an inverse Fourier transform 

of its components. 



oo oo 

U(x,y,z,) = JjA(f,,fy;z,)exp[j27t(f,x + fyy)]df,dfy. (3.3) 
—oo—oo 

Now let us consider a unit amplitude plane wave traveling in the k direction. We can 

write an equation representing such a plane wave as 

a)(r;t) = exp[j(k • f - cot)]. (3.4) 

Disregarding the time dependence, the field distribution of the plane wave is 

<^(f) = exp[j(k,a,+kyay+k,a,)-(xa,+yay-Fza,)] 

= exp[j(k^x + kyy + k,z)]. (3.5) 

Comparing this equation to equation (3.2), we can see that these two equations become 

similar if kx = 27rfx and ky = 27cfy. From this similarity, we can represent the field U(x,y;zi) 

by a superposition of plane waves each of which is traveling in a direction defined by: 

k , = 27rf,, ky = 27rfy,andk, = ^ k ^ - k ^ , - k j = —^l-(Xfy-(Xf^)' . 

The Fourier transform, A(fx,fy;zi), which is the spectrum distribution of U(x,y,zi) in the 

(fx,fy) plane, is called the angular spectrum of U(x,y;zi).'^ The advantage of this 

transformation is the convenience to manipulate it mathematically because a complex 

wavefront is separated into simple plane wave components. Any technique designed for 

analyzing a plane wave can then be used on the spectrum. For example, we can easily 

formulate a propagator for a plane wave. Thus, by this decomposition, we can also apply 
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the propagator onto any spatial field. 

3.3 Theorv 

We can categorize acousto-optic devices in several ways. One way is to categorize 

them by the phenomena that dominate the devices. Most of the acousto-optic devices that 

use high-frequency sound fields can be analyzed using diffraction theory, while others can 

be analyzed by considering the refraction effect.̂  The boundary between diffraction and 

refraction phenomena is not exact. However, it can be determined roughly by considering 

the ratio of the light beam width (W) to the acoustic wavelength (A). If the ratio W/A « 

1 then refractive analysis is valid, while for W/A » 1, the diffraction effect takes place.^ 

However, it is not true that both phenomena have to be separated entirely. In some cases 

the conditions fall into the boundary region which is not exact, such that the devices can 

be analyzed as implementing either the refraction effect or the diffraction effect. 

Consider the devices in Fig. 3.1. When the incident light beam has a width W « 

A, the acoustic wave creates the same effect as a gradient index cylindrical lens. In Fig. 

3.1(a), the light beam is focused and defocused at the node and the antinode of the sound 

field, respectively. It was determined by Demaria and Danielson that, for a fairly good 

focus, the optical aperture should be less than 0.3A.̂  Fig. 3.1(b) shows a device that uses 

a low-frequency sound field as a light beam deflector. The device creates a standing wave 

in the closed chamber. The light beam is deflected by an angle determined by the incident 

point on the standing wave. This kind of device was demonstrated successfully in 1964 by 

H. Aas and R. K. Erf who achieved peak-to-peak deflections of around 6" at a 320 kHz 
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operating frequency." 

( a ) Acoustic lenses 

(b) Acoustic deflector 

Figure 3.1: Acoustic lenses and deflector." 

A big advantage of these gradient refractive devices are that they are highly achromatic 

which means that they can be used with wide spectrum light sources. 

Now consider the interaction between light and sound from the aspect of 

refraction. The sound has an effect on the light through the optical properties of the 

medium, (in this case, air). The compression and rarefaction waves created by the sound 

cause the air density to change and result in refractive index modulation. The mechanism 

of this process can be understood by looking at molecules of the air as induced dipoles. 

When we change the density of dipoles, we also change the susceptibility Xe of the air. So 

we define this relationship as: 

Ax. 

( % e ) o 

Ap 

Po 
(3.6) 

where (%c)o and po denote the unperturbed values of the air's susceptibility and density 
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respectively. Now we know that 

£r = l + Xe ' (3-7) 

Therefore, 

For air, (Xc)o +AXe«l, so we can use a paraxial approximation that 

„ . rJlf}o^^_ (3.9) 

Since n = no+An, we can separate the above equation as An = —y^ and HQ = 1 + ^ 

Equation (3.6) then can be written as: 

A%^ - ^ ^ ^ ^ _ Ap _ AP ^3^^^^ 
O c 4 2(no -1) Po Po 

where P is the pressure of the air. So we obtain the relationship between a change in the 

index of refraction and a change in air pressure as follows: 

An = ^^%-^AP. (3.11) 

Now we know that the temporary changes in the air pressure are directly proportional to 

the sound field; so let the sound field S(x,y,z,t) be normalized and Aumax be the maximum 

refractive index fluctuation. We can then rewrite equation (3.11) as: 

13 



An = AnmaxS(x,y,z,t). (3.12) 

Finally, we can conclude that the changes in the index of refraction are directly 

proportional to the sound field. However, these changes are very small because AP is very 

weak and (no-1) approches zero (n„ -1 = 0.003). 

In the experiment we used a tweeter as a source which was driven by a single 

frequency signal. We assume that the tweeter operates linearly so that the output is 

monophonic. Therefore, we can represent the sound field by using a phasor convention: 

S(x,y,z,t) = Re{S(x,y,z)eJ"'}. (3.13) 

We put an acoustic slit in so that only the expected portion of the sound field can enter the 

interactive area. As the sound propagates through the slit, it diffracts. From Fig. 3.2, we 

can roughly calculate the diflraction angle of the sound field as: 

A0 - ^ . (3.14) 

This angle in our experiment is small (L»A) but it has a significant effect because it is 

involved with the phase factor. However, we shall consider this a nonlinear effect which 

can be disregarded as it passes through the lock-in amplifier. Thus we will neglect this 

angle while analyzing and will assume that the sound field emitted from the slit is a quasi-

plane wave. This assumption will reduce the complication but still hold the general form 

which we would like to know. 

14 



I—Ae-^ 

— J. /\ Acoustic wall 

2 C 

(a) A diverging sound field (b) A quasi plane-wave sound field 

Figure 3.2: Sound column dispersion. 

3.3.1 The refraction model 

The light deflection in a step refractive index change, such as in a prism, is quite 

obvious. However, the deflection occurring in a gradiential index change is very hard to 

observe, especially when the index variation is small. The analysis of this effect can be 

done with the help of Fig. 3.3. 

Assume that a light beam is incident normally on the interface between the normal 

medium and the perturbed medium. The marginal beams, A and B, arrive in phase. 

However, in the perturbed medium, they travel with different velocities due to the 

difference in the indices of refraction. The phase difference at the other end of the 

perturbed medium is given by^: 

AO = 2 7 1 ^ . (3.15) 

This phase difference causes the ray bend. After passing through the perturbed medium, 

the phase difference can be written in another form as: 

AO = 2 7 1 ^ (3.16) 
AQ 
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From both equations (3.15) and (3.16), we get 

d = AnL (3.17) 

Usually the deflection angle is very small, therefore 

AO ^ sinAG = 4r = ^ 
W UQW 

(3.18a) 

r 

Normal medium 

X , 

(fe 1 -

B 

/I 

Perturbed medium 

n^+An 

W 

li L 

L 

Normal medium 

Figure 3.3: Gradient index refraction. 

If we divide L and W into infinitesimally small dz and dx intervals, respectively, we can 

rewrite equation (3.18a) in a general form as: 

de ^ J_dn 
dz no dx (3.18 b) 
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We know that the refractive index is varied by the sound field which is a sinusoidal 

wave propagating in the x direction, so let 

m = Anmax sin(KxXo - Qt) + no. (3.19) 

If the width W is small compared to the variation of the index of refraction, which is true 

as we use a laser beam sheet to measure a low-frequency sound field (A»Wx), then 

A dn . An = -J— Ax dx = AnmaxKxWxCOs(KxXo-Qt) 
x=x„ 

= acos(KxXo-Qt). (3.20) 

Using a wise choice of Xo, we can write the latter equation as: 

An = asin(nt). (3.21) 

The detection method we use here is knife-edge filtering. The arrangement can be seen in 

Fig. 3.4. If the input beam has a Gaussian profile, then we can represent the input beam 

and the deflected output beam on the knife-edge plane respectively as: 

U(x,y;0) = Aexp w? w! ^ (3.22a) 

and 

U(x,y;Zi) = Ae 

2 .,2 

W3 "̂ W.̂  
ni^^X 

sin(Ae)(x+x,) - j r j y 
• • X f ' (3.22b) 

where xi = Zitan(A6) and f = focal length. 
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The first exponential term in (3.22b) represents the Gaussian beam with the center 

shifted, while the second indicates a deflection angle of AG .̂  The last exponential term is 

an additional phase factor which appears only after we insert a cylindrical lens. It indicates 

that the beam is focused in the y direction.^ So Wyi, the beam width on the knife edge 

plane, is smaller than Wy, the original beam width. The lens is shown in Fig. 3.4. 

(b-

Laser beam 

Cylindrical lens (active in y direction) 

Photodiode 

\ 

/ 

Scanning Direction 

2Ae 
^ \ 

y 

Knife edge 

Figure 3.4: Knife-edge filtering. 

A photodiode which is used as a detector can detect only the intensity level of the 

incoming light which is integrated over space. Assuming that the responsivity of the 

photodiode is 1 voWwatt and the knife edge is located at Xp, then 

out J—oo Jx 
A e L 

(x+xi)'^ y^ 

w,̂  K 
«^ __ _. 
—sin(Ae)(x+Xj) -j—y^ 

j g A. e dxdy (3.23) 

The phase factor disappears as its magnitude is one. The integral then can be separated as: 
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Vout = A T e ^ ' ' d y T 
J-oo Jx„ 

_2yl 2(x+x.)̂  
e W,̂  ^ (3.24) 

The left integral is a constant. Now let us disregard all the multiplicative constants, so that 

2i.' 

V. ^ j;e;-d4 

- r̂  "-'Hr^ ̂ '-'^ 
2 V2 2 V2 

w , /^ I 
2 n l -Er f 

"V2 
( x „ -f-Xi) 

_ X 

Xp+xJ (3.25) 

where ^ = x+xi. This is an implicit answer which includes undesired nonlinear 

components. 

Another altemative is to consider the Gaussian curve in microscopic levels so that 

if we expand the Gaussian function into a Taylor series, then we can neglect the high order 

terms under some conditions. Let us rewrite the previous equation in another form as: 

2§1 _2S1 
Vout - r e " W , ^ d 5 - f ^''e-W,^d5 

•'x„ •'x„ 

2̂ ^ 

C o n s t a n t - r ' e W,̂ d̂  
Jx^ 

(3.26) 

Now disregard the constant term which is a DC component and pay attention only to the 
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second term. We know that the range of this integral, xi, is approaching zero because AG 

is very small. Therefore we decide to approximate the Gaussian profile in that smaU region 

by a linear profile (neglecting all the high order terms). The slope of that linear profile will 

be equal to the differential of the Gaussian at the point (xp -I- S-). Fig. 3.5 can help in 

understanding this concept. 

Gaussian profile 

e x p ( - x X ) 

Figure 3.5: Gaussian profile to linear profile. 

Then we can write the equation (3.26) as: 

Xp+X, 

Vout °̂  j(a^ + b)d5 
x„ 

a ~§^'+b^ 
Xp+X, 

a/^2 oc ^ (x f+ 2xpxi)-l-bxi (3.27) 

After passing through the lock-in amplifier, there will be only the linear terms left. 

Therefore, 
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Vout °̂  (axp + b)xi 

oc (axp-H b)Zi tan(AG) 

oc (axp-i-b)ZiAG 

oc (axp-h b) sin(Qt) (3.28) 

where a = ^l^f"""^ and b = b^iLAnn^ax 
noWx UoWx 

We can see that the position of the knife edge has a direct impact on the output 

signal. Both the slope and the intensity at each point on the Gaussian beam corresponds to 

the knife edge position, which are a, b and Xp in this case, must be considered 

simultaneously in order to get the most signal at the output. 

We can increase the output signal by putting a spherical lens in place of the 

cylindrical lens which is used as an integrator. The spherical lens will focus in the x 

direction as well as in the y direction. The result can be seen in Fig. 3.6. An advantage of 

this technique is that the strength of the output voltage increases, so the S/N ratio is better 

and the data becomes more reliable. From Fig. 3.6, we can see that the relationship 

xi = ZitanAG stiU holds although Zi has a smaller value than previously. Therefore, the 

previous analysis is also consistent with this case. The reduction in Zi tends to reduce the 

output voltage. However, Wx is also decreased, by a larger factor, because the lens is also 

focusing in the x direction. When we put these two factors back into equation (3.28), we 

will obtain a better output signal. In the case of using a spherical lens as an integrator, 

we have another advantage in that the knife edge lies in the fourier plane, so that we do 
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not have to be concerned about the spatial variance of the interaction point (in z 

direction), and some kinds of special treatments are also available. 

^ k 

0-

Laser beam 

Figure 3.6: Using a spherical lens as a spatial integrator instead of 
using a cylindrical lens. 

3.3.2 The diffraction model 

The basic physical interpretation of a light-sound interaction in terms of diffraction 

effects comes from the Raman-Nath model. This model is valid assuming that the 

interaction is very weak. A stronger interaction is better explained by the Bragg diffraction 

model. The boundary between the Raman-Nath regime and the Bragg regime can be 

roughly determined by the Q value^: 

O - ^d 
(3.29) 

where X denotes the light wavelength, A denotes the sound wavelength and d is the width 

of the sound column. 
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If Q « 1 then the sound column can be interpreted as a thin phase grating and the 

Raman-Nath regime has control over the effect. On the other hand, the phenomenon is in 

the Bragg regime if Q » 1. For a low-frequency sound field, A is so large that the Q 

value is absolutely smaller than 1. For example, if we have X = 0.633|im, A = 1 cm (f = 

35.5 kHz), and d = 20 cm, then Q = 0.00126. For this reason, only the Raman-Nath model 

will be considered from now on. 

The variation in the refractive index in the sound column is small. Therefore we 

can consider the sound column as a thin phase grating. Assuming that the incident light is 

a plane wave, the light will be modulated spatially by the variation of the index of 

refraction. Each point on the wavefront is modulated unequally depending on the gradient 

of the index of refraction. 

Acoustic cell 

Incident 
light 

Modulated 
wavefront 

Figure 3.7: Wavefront modulation. 

Now look at the sound column in Fig. 3.8 as a thin phase grating of thickness d. 

The light that passes through this grating in the z direction must suffer a phase delay. Let 

the refractive index distribution be n = no + An(x, y, z). With a proper reference, we can 
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write the relationship between the input and the output electric field as: 

r.. d d 
E(x,y,-) = E(x,y,--)exp(-jk„n„d)exp 

All 

jk„ J An(x,y,z)dz 
-All 

(3.30) 

where E(x, y,—j) is the electric field of the light that enters the perturbed medium. 

The first exponential term represents an average constant phase delay which is not 

of interest, so we will disregard that term. 

Microscope 
objectlva 

Signal 
generator 

A / 2 , 

Speaker 

Photo 
diode 

Capacitor -p 

Locldn 
amplifier 

Figure 3.8: The setup for diffraction detection. 

We know that An is very small in our case, thus we replace the second exponential term 

with the approximation e = 1+Ax. In doing so, we get: 

E(x,y,2-) - E(x,y,-2-) 
d/2 

1-jko fAn(x,y,z)dz 
-d/2 

d/2 
= E(x,y,-y)-E(x,y,-y)jkoAnmax JS(x,y,z)dz 

-d/2 

A A 

Eo(x,y,2-) + Ed(x,y,2-) (3.31) 
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The output field has two components. Eo represents the undiffracted light while Ed 

represents the diflracted light. The intensity of this field wiU be an interference between 

these two components: 

I = Eo(x,y,2-) + Ed(x,y,2-) 

= |Eor + EoEd + E*Ed + |Ed| (3.32) 

Assume that Eo is real and Ed is so small that |Ed| can be neglected, then 

I - |Eop4-2EoRe{Ed}. (3.33) 

Without the temporal term, the sound wave is denoted by: 

S(x,y,z) = So exp[-j(KxX + Kyy + Kzz)] (3.34) 

From this equation we can find the integral in Ed as: 

d/2 d/2 

-All -All 

. _ S ^ -j(K,x+K,y) 

K. 

-JK4 +JK4 
e -̂  - e ^ 

= -2S„e 
-j(K,x+K,y) s i n ( K ^ d / 2 ) 

K. 

= -dS„e"^^''^"'''^'^sinc(K,d/27i) (3.35) 

Therefore, 
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Ed = E(x,y,-|)jkoAnmaxdSoe-J^''^+^^y>sinc(Kzd/27t) (3.36) 

Now substitute Ed into equation (3.33), so that 

I = Ii„(x,y,--)[l + 2dS,k„An_sin(K,x + Kyy)sinc(K,d/27t)] (3.37) 

where Iin(x,y,-2-) = Eo(x,y,-2-) 

From this equation, we can see that the output image contains a shadow of the 

traveling sound wave. The result is quite similar to the Gabor hologram in which only one 

beam is used as both object beam and reference beam. However, the amplitude of this 

shadow image is so weak that it is completely buried by the undiffracted light. To detect 

such a signal is not an easy task. As mentioned, the method we use employs high 

capability electronic equipment. A high quality photodiode is used to detect the signal. 

The signal is then filtered and amplified by a lock-in amplifier. In this case a spatial filter is 

needed for detecting the signal. The perfect filter would be a matched filter, i.e., a 

sinusoidal phase filter. Unfortunately, such a filter is very hard to construct. The easiest 

altemative would be a binary grating. Let the grating has a period equal to the sound 

wavelength so that the intensity transmittance of each slit can be written as: 

T(x,y) = rect 
X 

LA/2J rect y 

LWyJ 
(3.38) 

where Wy represents the finite vertical extent of the slit. 
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Assume that the inconiing light is a uniform coherent light and the grating is put 

immediately after the interaction region. Then the output voltage is an integration of the 

light power that passes through the grating onto the photodiode. Let us neglect the DC 

term and assume that the responsivity of the photodiode is 1 volt/watt. Then 

Vout = JJl(x,y,2-)T(x,y)dydx 

A/4 W,/2 
= 2pdIoSokoAnmaxSinc(Kzd/27c) J J sin(KxX + Kyy - ^t)dy dx (3.39) 

-A/4-W,/2 

where p is the number of the illuminated transparent sections on the grating. Now let us 

derive the integral in the above equation: 

A/4 W,/2 
Integral = J j sin(KxX + Kyy - Qt)dy dx 

-A/4-W,/2 

1 ^i^ r w w " 
= j ^ J cos(KxX-Ky-2^-Qt) -cos(KxX-KKy^-a t ) dx 

y-A/4L 

A . . Wy ^^^ ^̂ ^̂  ^ A ^ Wy 
KyKx 

sin(Kx ̂  - Ky ̂  - Qt) - sin(-Kx ^ - Ky ̂  - Qt) 

A W A W 
- sin(Kx ̂  + Ky ̂  - Qt) + sin(-Kx ^ + Ky -^^ - ^t) 

A A W 
^ ^ ^ s i n ( K x ^ ) sin(Ky ^ ) sin(nt) 

^ s i n c ( % ^ ) s i n c ( ^ ) sin Qt. (3.40) 

Let us neglect the temporal term, which is eliminated by the lock-in amplifier, and insert 

equation (3.40) back into equation (3.39). Now we find: 

27 



Vout = pdWyAIoSokoAnn,axSinc(^)sinc(^)sinc(^^) 
271 47t 27t 

(3.41) 

Assuming Kx « K = 27c/A so that s i n c ( ^ ^ ) - - , then 
47C ^ n 

ôut - - p d P o S o k o A n _ s i n c ( - ^ ) s i n c ( ^ ) (3.42) 

where Po = IoWyA/2, the average light power that passes through the slit. 

If we use the terms y = Kz / K and y' = Ky / K to represent the angular 

spectrum of the sound field, then we can also write equation (3.42) as: 

out - p d P S k„An_ sinc(^^^ )sinc(-^^) 
j j F o o o max ^ A / W „ ^ A / d ^ 

(3.43) 

Comparing Vout to a reference signal, we can record Vout (both amplitude and temporal 

phase) as the measured sound field of each angular spectrum component. We should 

notice that the above equation also indicates the angular resolutions are fixed by the slit 

width (Wy) and the width of the sound column (d). The resolutions in this case are defined 

O A O A 

as the main lobes of the sine functions: Ay = —3- and Ay' = ^r^. In order to increase 

the resolutions, we must make d and Wy as large as possible. 

Figure 3.9: The sound wave vector. 
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3.4 Backward propagation 

Most of the applications conceming acoustic imaging are system identifications, in 

that the sound which was originated or scattered from something is detected and then 

analyzed in order to trace it back to the source. The logical way to do so is by using the 

angular plane-wave propagator in a two-dimensional plane. Unfortunately, we have a lot 

of problems in this stage of smdy so that suitable data is not available for backward 

propagation in two dimensions. Problems include noise, laser stability, an uncontrolled 

environment, the limitations of the mechanical devices, etc. We will discuss these problems 

in Chapter IV. 

The analysis begins with the idea of how to get the angular plane-wave spectrum 

from the data we collected. We scanned the speaker by rotating it in azimuth and axial 

directions, so the sampling paths were on a spherical surface. Now look at a heuristic 

model of the measurement on a spherical surface. Assume that we have a small sound 

source emitting a monophonic sound as shown in Fig. 3.10. The data collected on a 

spherical surface at an angle (y,yO represents the sound field at that angle. If the size of 

the source is small enough compared to the radius of the spherical surface, this data will 

be equivalent to the angular plane-wave spectrum at the spatial frequency associated with 

the angle. Therefore, the data collected is the angular spectrum itself This gives us a lot of 

convenience beyond collecting data from a transverse plane. 

Let the data collected be A[y,y']. Assume that there is no noise at all, the 

backward propagator (in the^ direction) is simply a constant phase factor, which cancels 

the propagation delay. The result can be written as: 
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A[Y,y'] = A[y,y']exp[-jK(R-r)] (3.44) 

where A[y,y'] is the angular spectrum on a smaUer sphere of radius r. 

Figure 3.10: The angular plane-wave spectmm measured from 
the surface of a sphere. 

To propagate the sound field back to a plane is a bit more complicated. All the 

plane-wave components are assumed to be synchronized at a point called an acoustic 

center point as shown in Fig. 3.11. 

Acoustic center 

Plane waves 

Figure 3.11: The acoustic center. 

We are assuming that this point is located exacdy on the same spot as the physical rotation 

center. Therefore, we must first propagate all the components back along the paths to the 
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center as spherical waves and we are going to use the center as a reference point to 

forward propagate all the components as angular plane waves to the yz plane that we are 

interested in. The angular spectrum at the center can be easily found as: 

A[y,y'] = A[y,y']exp[-jKR]. (3.45) 

We know that the forward propagator for a plane wave^ is exp jKx^ l -y^ - y ' ^ , where 

X is the distance from the center to the plane. Then die spectrum on the yz plane becomes 

A[y,y';x] = A[y,y']exp -jK^R - x^l - y^ - y'2 J (3.46) 

Finally, we can find the field distribution on that plane by applying the inverse Fourier 

transform on A[y,y'; x]: 

U(x,y,z) = I^l{A[y,y';x]}. (3.47) 

Unfortunately, most of the time we will be unable to set the acoustic center to the 

same spot as the physical rotating center which means that the data we are trying to 

collect is biased. This can be disastrous due to the error in the phase data. As we know, 

only a litfle change in the phase data can make a great difference. Now we will reduce the 

problem to a two-dimensional problem and try to correct the error by assuming that the 

acoustic center moves around the rotation center along a circular arc (see Fig.3.12). 

Let the distance from the center of rotation to the laser beam be R and the path of 

the acoustic center be a circle of radius AR. Let us define the clockwise angle to be 

positive. We find the acoustic center to be at (xs,Zs), where x̂  = - AR sin(y + G) and 
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z, = ARcos(y + 6 ) . Assuming that the interaction occurs at (x,z) = (R,0), the distance 

from the acoustic center to the interaction point is 

d = VC ô - X J ' + z,' 

= ^ ( R + AR sin(y -̂  G))% (AR cos(y + G))' 

= ^R^ + 2RAR sin(y -I- G) + AR^ (3.48) 

If AR is small compared to R, we can approximate S as: 

d - ^R^-H2RARsin(y-i-G) 

= Rjl + 2^sin(y-hG) 

- R[l + ^sin(y4-G)J. (3.49) 

Interaction center Laser beann 

M 

Path of the acoustic center 

Position of the acoustic 
center when 7 =—7r/2 

Figure 3.12: The off-center error. 
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Now let the collected data be B[y,0]. Therefore, 

B[y,0] = A[y-hAy,0]exp[jKd] (3.50) 

where A[y,0] is the original angular spectmm at the center and Ay is the angular 

deviation: 

Ay = tanAy = 
ARcos(y-f-G) 

R-HARsin(y + G) 
(3.51) 

AR 
If - ^ is so small that Ay is much smaller than the resolution of y, then we can neglect Ay. 

After the approximation, we can rewrite equation (3.50) as: 

B[y,0] - A[y,0]exp 
r AR , >, 

jKRil-H—sin(y-f-G) 

A[y,0]exp[jK(R + AR sin(y + G))] (3.52) 

There are three unknowns in this equation: A[y,0], AR and G. We will measure the data 

on the same angle y with different Rs in order to setup a system of equations: 

Bi[y,0] = A[y,0]exp[jK(Ri-f-ARsin(y-f-G))] 

B2[y,0] = A[y,0]exp[jK(R2+ARsin(y-HG))] 

(3.53a) 

(3.53b) 

The variation of the R must be done very carefully so that it will not create another error. 

We will try to change the equations to a linear form by using the logarithmic function. 
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In BJy.O] = jKRj + jKAR sin(y -H G) -f- In A[y,0] (3.54a) 

In B2[y,0] = JKR2 -h jKARsin(y-hG) + ln A[y,0]. (3.54b) 

From these equations, we can find A[y,0] and ARsin(y+G). Now we have to separate die 

term AR and sin(y+G). In order to do so, we have to find the term ARsin(y+G) from 

different angles: 

ARsin(y,-HG) = P (3.55a) 

ARsin(y2+G) = Q. (3.55b) 

Thus, 

sin(yi + G) P 

sin(y2 -I- G) ~ Q 

P P 
sinyiCosG-i-cosyi sinG = — (siny2CosG-f-cosy2 sinG) 

(Qcosyj -Pcosy2)sinG = (Psiny2 -Qsinyi)cosG 

Psiny2-Qsinyi 
tanG = — r 

Qcosyi -Pcosy2 
.if Psiny2-Qsinyj 

G = tan 
Ocosv. — Pcnsv-
Qcosy^ -Pcosy2y 

(3.56) 

After we get the values of both AR and G, the error of this type can be corrected 

by using the phase reference method.^ Let the angular plane-wave spectrum at the center 

of rotation be A[y,y']. If we are going to find the angular plane-wave spectrum 

referenced to an arbitrary point p = (x^, y^, z J , the phase reference method can show that 
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Ap(y,y') = A(y,y')exp[jKzj]exp[jKy.y']exp[jKx,Vl-y'-Y'']> (3.57) 

where Ap(y,y') is the angular plane-wave spectmm at point p. In our case, point p is the 

acoustic center. We already limited the problem down to just a two-dimensional problem 

and found the variables to be x̂  = -AR sin(y + G), ŷ  = 0 and ẑ  = ARcos(y + G) . 

Thus, 

Ap(y,y') = A(y,y')exp[jKyARcos(y-HG)]exp[-jKARsin(y+ G)7l-y^ -y ' ^ . (3.58) 

Finally, we can find the tme angular spectrum at the acoustic center. All we have to do 

now is just replace the angular spectmm at the rotation center with the true spectmm 

before doing any further analysis. 
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CHAPTER IV 

THE EXPERIMENTS 

4.1 Introduction 

The system witii which we conducted experiments contained the following 

components: 

l.A5mWHeNeLaser, 

2. Cylindrical lenses, 

3. A speaker, a signal generator and a power amplifier, 

4. A high quality photodiode and a knife edge, 

5. A lock-in amplifier, 

A lock-in amplifier is an amplifier with a programmable frequency range. Its 

bandwidth is very narrow due to the notch filters implemented inside. Since die amplifier is 

specifically used to detect a coherent signal, the signal to noise ratio is much better than 

ordinary amplifiers. 

6. A laser stabilizer, and 

A gas laser sometimes gives out an unstable output. A laser stabilizer is a 

controllable intensity filter which we use to stabilize the output intensity of our laser. We 

still can do the experiments without this equipment but we have to check the output 

intensity from the laser all the time to detect any unacceptable level of instability. 

7. A personal computer 
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A computer is used to control every step in the experiments, such as rotating the 

speaker, collecting data, programming the lock-in amplifier and checking the noise level. 

4.2 The setup 

The system is setup as shown in Fig. 4.1. A tweeter, a high frequency speaker, 

which is driven by a 35.5kHz signal from die signal generator is placed behind the acoustic 

walls. The sound field comes out through an aperture into a detection zone. A stabilized 

laser beam is expanded in one dimension by cylindrical lenses so that it becomes a laser 

sheet. We do this in order to increase the elevational angular resolution (Ay'). This laser 

sheet is incident normally on the sound field in the sensing area and carries the information 

about the sound field with it. Then the laser sheet is focused by another cylindrical lens. 

The beam is focused onto a photodiode which is connected to the lock-in amplifier. A 

knife edge is put immediately after the focusing lens for detecting any spatial variation in 

the horizontal direction. If a laser stabilizer is not used, another photodiode and a beam 

splitter are needed for noise detection. The latter parts are shown in Fig. 4.1 inside a 

dashed line. 

Fig. 4.2 shows a close look at the speaker. From the collected data, we hope to see 

some effects the speaker shape has on the output sound field. The speaker mask has two 

kinds of slits. We can see the big slit clearly in Fig. 4.2c. The small slits, which are 

arranged in a diamond shape as shown in Fig. 4.2a, are laid deeper inside the speaker. 
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(a) Mask (b) Speaker 

Electrodes 

(c) Side view of a complete speaker 

Figure 4.2: The speaker used in the experiments. 

4.3 Results 

We sampled the sound field from the speaker in a spherical coordinate system. We 

rotate the speaker by 36° increments in the axial direction each time we take a sample line. 

Each sample line contains 470 samples along azimuth angles which range from 0° to 180°. 

The sampling paths are shown in Fig. 4.3. We repeated the experiment twice with different 

setups: near sound field and far sound field. The plots of these data are shown in Figures 

4.4 for the near sound field and Figures 4.7 for the far sound field. The two-dimensional 

front view of the near sound field and the far sound field on spherical surfaces are shown 

in Fig. 4.5 and Fig. 4.8, respectively. Fig. 4.6 shows the position of the speaker associated 

with the images in Fig. 4.5 and Fig. 4.8. 
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Fourth Third 

Second 

First sampling line 

Figure 4.3: The sampling paths. 

(a) Normalized amplitude data from the first sampling Hne. 

(b) Phase data from the first sampHng Hne. 

Figure 4.4: Graphs of the sampled near-field data. 
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(c) Normalized amplitude data from the second sampling line. 

(d) Phase data from the second sampling line. 

(e) Normalized amplitude data from the third sampling line. 

Figure 4.4: Continued. 
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(f) Phase data from the third sampling Hne. 

(g) NormaHzed amplitude data from the fourth sampHng Hne. 

(h) Phase data from the fourth sampling line. 

Figure 4.4: Continued. 
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(i) Normalized amplitude data from the fifth sampHng Hne. 

(j) Phase data from the fifth sampHng Hne. 

Figure 4.4: Continued. 
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Figure 4.5: The amplitude distribution pattern of a near sound field 
on a spherical surface(R=40cm). 

Figure 4.6: The physical speaker rotation associated with Fig. 4.5. 

We can see the effect of the big slit very clearly in Fig. 4.5. Moreover, the image of 

the sound field in the outer area shows us that the high-frequency data is too noisy to be 

usable. 

44 



1 O 

1 -

0.8 -

0.6 -

0.4 -

0.2 -

0 -

-90 

— 1 

-45 
1 -. 

0 
Azimuth angle (degree) 

— 1 
45 

^ > ^ 1 

r 
90 

(a) Normalized ampHtude data from the first sampling Hne. 

200 
160 

^ 120 
S 80 
o) 40 
« 0 
o -40 
!S -80 
£ - 1 2 0 

-160 
-200 

. . 

/a 
-ED 

IK^-A^vsv/"^ 

A 5 

Azimuth angle (degree) 

(b) Phase data from the first sampling Hne. 

(c) NormaHzed amplitude data from the second sampling Hne. 

Figure 4.7: Graphs of the sampled far-field data. 
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(d) Phase data from the second sampling line. 

(e) Normalized amplitude data from the third sampling Hne. 

(f) Phase data from the third sampHng Hne. 

Figure 4.7: Continued. 
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(g) NormaHzed amplitude data from the fourth sampHng Hne. 

(h) Phase data from the fourth sampling line. 

(i) Normalized amplitude data from the fifth sampHng Hne. 

Figure 4.7: Continued. 
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(j) Phase data from the fifth sampHng Hne. 

Figure 4.7: Continued. 

-20 0 20 
Rcos y (cm) 

60 80 

Figure 4.8: The amplitude distribution pattern of a far sound field on a 
spherical surface (R=90cm) associated with Fig. 4.6. 
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In this image of the far sound field, we cannot see the effect of the big sHt. Once 

again, the high frequency data is not usable because of the noise. The angular plane-wave 

spectrum that we can get from this data set is more accurate than that from the near field 

because the sampling points are farther away from the source. 

4.4 Backward propagation 

We chose one of the data sets to back propagate one dimensionally. The result is 

shown in Fig. 4.9(a). We also forward propagated the sound field to some distances in 

order to make a comparison. The sound field was concentrated mostiy near the center. 

The field was originally measured on a circle of radius 40 cm from the source. 

0 
-10 - 4 - 2 0 2 

Width (cm) 

(a) The sound field at 25 cm from die source. 

Figure 4.9: The sound field calculated at various distances. 
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(b) The sound field at 100 cm from the source. 

0^ 
-10 -6 -2 0 2 
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10 

(c) The sound field at 200 cm from the source. 

Figure 4.9: Continued. 

The diffraction of the sound field can be seen clearly by comparing Fig. 4.9(a) to 

Fig. 4.9(c) 
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4.5 Problems 

The experimental results given in this thesis show us that the method we discussed 

can be used practically. However, the results are not quite as spectacular as we had 

expected due to a lot of problems that occurred during the experiment that must be 

investigated further. The Hst of the major problems are given as follows. 

4.5.1 Noise 

The biggest concern should be contributed to the noise because of the very low 

signal strength. Most of the noise observed in the experiment is suspected to come from 

the reflected sound waves. We can see the effect from the reflection noise by comparing 

the graphs in Fig 4.10, which contain data from the sampHng points right in front of die 

speaker, to die graphs in Fig. 4.4 and Fig. 4.7. The graphs in Fig. 4.10 which have 

minimum errors from the reflection noise are smoother. 

The laser noise is less harmful because it is detectable and it appears only over 

short periods of time. Moreover, it can be largely reduced by the laser stabilizer. The 

electrical noise is so small diat we can neglect it if the system is well shielded. 

-90^ Normalized Normalized 
Sound Magnitude Sound I n t e n s i t y 

Figure 4.10: The sound magnitude widi the reflection noise minimized. 
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4.5.2 Mechanical devices 

The stabiHty of the mechanical devices is also one of the most important factors. 

Unnecessary movements or vibrations out of the scanning path can contribute to error in 

the phase data which is cmcial for backward propagation. The method of scanning is also 

important. The method that we used, axial-azimuth rotations, is not good enough for 

collecting data in two dimensions. We can see from the Fig. 4.11 that after mapping the 

points collected by this method to the angular frequency plane, we do not get uniformly 

distributed data points. It is suggested that the direct scanning method, which scans the 

speaker directly in both azimuth and altitude directions, should be used although the 

design and the implementation are more difficult. The method wiU give uniformly 

distributed data points. 
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(a) Front view of die scanning points on a sphere. 

Figure 4.11: The mapping from die axial-azimuth rotations to 
the angular frequency plane. 
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(b) The angular frequencies mapped from the points in (a). 

Figure 4.11: Continued. 

4.5.3 Timing 

The lock-in ampHfier that we used to detect a weak signal has one major 

disadvantage. It needs quite a long period of settling time (ranging from less than half a 

second to more than one second) to detect and report an accurate result. This can create 

unexpected problems. As we know, the characteristics of the equipment can change over a 

long period of time. The laser intensity may be increasing because of the thermal drift. 

The output from the speaker may be degrading, etc. In a real experiment, these changes 

can effect the output in a significant way. 
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CHAPTER V 

CONCLUSION 

We have developed models for analyzing our techniques to measure the sound 

fields. The models are based on diffraction theory and refraction theory. Bodi models 

indicate that the measured output voltages from the photodiode represent the sound fields 

direcdy. Comparing the output to a reference signal, we obtain the phase information. 

Then we can propagate the sound fields back to any plane by using the angular plane wave 

propagator. 

The results from the experiments are partially corrupted by the mentioned 

problems. Almost 75% of the data are not valid for analyzing. However, we hope that the 

results wiU be much better after minimizing the effects from the problems. Moreover, the 

backward propagation was successfully simulated by using a valid set of data. That means 

our techniques can be used in a real acoustic imaging system. 

It is hoped that this research wiU provide a way that can finaUy develope a practical 

acoustic imaging device which employs low-frequency sound fields. 
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