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ABSTRACT
Acoustic holography deals with a typical inverse problem, to obtain the unknown from
something that is known. From measurements of sound, most often using microphone
arrays, reconstructions of the sound field are made in an attempt to find out what
causes the sound. The successfulness of such analyses is highly dependent on the
quality of the reconstructed images, where factors like noise and spatial resolution are
of importance. Also, when using microphones for measurements of the sound it is
inevitable that the sound field is disturbed. Such disturbances will always have an
impact on the reconstructions, even though in most cases the effects are negligible.
In this thesis laser vibrometry for the purpose of sound measurements has been
investigated and evaluated. Since it is an optical method it has the great advantage of
allowing the sound to be measured without being disturbed. The 1D quantitative data it
provides can be used without any preparation for the 2D numerical propagation of
sound fields. Further on, the measurement data can also be used in order to obtain a 2D
or 3D tomographic reconstruction of the sound field.
A multi-wavelength reconstruction method is also presented, which efficiently
suppresses noise and increases the spatial depth resolution in sound field
reconstructions. The sound is measured and reconstructed for several frequencies.
When adding these reconstructions they will only add up constructively in positions
corresponding to a sound source. This way noise in the resulting image is efficiently
suppressed and the information of interest enhanced. Besides this “cleaning” of the
image a large improvement of the depth-resolution is also achieved. While the in-plane
size of the imaged sound source is diffraction-limited, the spatial depth-resolution can
be improved by applying a filter based on the standard deviation calculated over the
phase for the different reconstructions. Using this filter, sound sources can be imaged
with a depth-size as small as only two wavelengths. Another advantage with this
multi-wavelength technique is that it is possible to make a selective imaging of sound
sources. When the measured sound originates from several different sound sources, a
reconstruction can be made where only sound sources of a specific type are imaged.
The other sound sources are treated as noise and are efficiently suppressed.
This multi-wavelength method for imaging and localization of sound sources has so
far proven to be very efficient and to have a low sensitivity to noise in the
measurements.
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Part I
Summary
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1. INTRODUCTION
The localization and imaging of sound sources is a typical inverse problem. In
acoustic holography this problem is solved by using known acoustical data, from
measurements, to obtain the unknown acoustical data, through reconstructions.
The reconstructions are made using numerical propagation of waves, where the
measurement data serves as the source term. This means that any errors or noise
present in the measurements will have an impact on the final reconstruction.
One thing that can cause errors is the disturbance on the sound field due to the
measurement method itself. In acoustic holography where the sound is measured
using for instance a scanning 1D, or 2D, microphone array a disturbance of the
sound field is inevitable.
Whether or not the analysis of a reconstruction is successful is highly dependent
on the quality of the images. The limitations are due to factors like the actual
noise level and the spatial resolution. A high level of noise can give rise to
“ghost”-images of sound sources which make the reconstructions easy to
misinterpret. A low spatial resolution can make it hard or even impossible to
distinguish the sound sources from each other in the reconstruction. Besides
that, a low spatial resolution also makes it difficult to determine the positions of
the sound sources thoroughly.
The aim of this thesis is to investigate a multi-wavelength method for
localization of primary sound sources. The term primary sound sources refers to
objects from which the sound is emitted, not reflected or scattered.
All development of the method has been made in 2D experiments. Therefore
almost all the discussions about the subject in this summary are made from a 2D
point of view. There is however no essential difference in the principles for
making two- or three-dimensional reconstructions of sound fields with the
method described.
For the purpose of sound measurements, laser vibrometry has been evaluated. It
is a nondisturbing optical method which has the capability to provide
quantitative data of the complex amplitude of the sound field. When measuring
sound using laser vibrometry the obtained result is a two-dimensional projection
of a three-dimensional sound field. Some projection effects are briefly discussed
in the summary, and more thoroughly in appended paper A. Further, an example
of obtaining a three-dimensional measurement of a sound field using such
projections is also presented in this summary. More details on that subject are
given in appended paper F. Nevertheless, the quantitative data provided by the
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laser vibrometer can be used directly without any preparations for 2D numerical
propagations of the sound field.
The reconstruction technique is based on the exact solution of Helmholtz
equation. The principle of the method is to make digital holographic
reconstructions of the sound field from measurements at several different
wavelengths. The advantages from taking the interferometric sum of those
reconstructions made for different wavelengths are investigated as well as
discussed and illustrated in some examples. In comparison to the single
wavelength reconstruction both a lower noise level and an improved spatial
depth resolution in the images are obtained. Further on, the use of multiple
wavelengths makes the imaging method less sensitive to noise in the
measurements, and selective imaging possible to perform. For more details
about the reconstruction method see appended papers B-E and G.
This summary ends with some conclusions, and some interesting suggestions for
future work. A short summary of each appended paper are also given at the end,
where the main subject and conclusions, as well as my contribution to each
paper, are described.
Localization and imaging of sound sources are of great importance in many
industrial applications, for instance in the development of new products. While
many machines, tools and gadgets are to produce as little sound as possible,
others are constructed to produce “the right sound”. Washing machines, vacuum
cleaners, sell-phones and laptops are products that are to operate as silent as
possible. The sound produced when closing the door of a car should provide a
feeling of robustness and quality, and the sound emitted from a musical
instrument should have the desired frequency spectrum. But in order to be able
to modify or minimize the sound, the sound source must first be localized and
imaged.
Besides the industrial applications for a method which allows for localization
and imaging of sound sources, it is also of interest in medical applications. The
perhaps most interesting possibility is the early detection of cancer tumours. In
opto-acoustic imaging (OA) light pulses are used to generate ultrasonic pressure
waves within an opaque and absorbing medium. In tissue blood is the strongest
absorber of light in the near-infrared region. When the light pulses are absorbed,
the absorbers undergo a rapid expansion, due to the temperature rise, which
generates an ultrasonic pressure transient. These ultrasonic transients are then
measured and used in order to obtain information about the shape, size and
location of the sound sources. Cancer tumours have a high concentration of
blood vessels surrounding them and therefore a high amount of blood in them.
This makes them strong sound sources and possible to image in OA. Since
tumours should be detected as early as possible, the resolution of the OA
produce images is of essence. Further on, a less sensitivity to noise in the
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measurements for OA could mean that tumours embedded more deeply in tissue
might be imaged.

2.

BASIC WAVE PROPERTIES

Almost everyone with an interest in physics has heard about the wave-particle
duality of light. But what does it really mean that something behaves like a
wave? The purpose of this chapter is to briefly explain some properties of
waves, for instance concepts like the wavelength, frequency, amplitude and
phase. Especially the concept of phase must be understood; otherwise not much
of this thesis will make any sense.
In Figure 2.1 a moving wave is illustrated, both the wavelength Ȝ and the
amplitude A of the wave are marked in the figure. Consider the green ball in the
figure, its z-position is fixed, but its y-position follows the wave. It will then
move up and down along the dashed lines between the positions marked with
the dashed circles. The frequency of the wave equals the number of times the
green ball reaches the top-position each second. If the wavelength becomes
shorter, but the speed of the wave is constant, the green ball will oscillate at a
higher speed. This corresponds to a higher frequency. The phase on the other
hand gives information about in what state the wave is for a certain time and
point in space. If we once again consider the green ball, the phase tells us what
position it occupies and in what direction it is moving. While the speed,
wavelength and frequency are properties that are constant for a wave in a
homogeneous medium, the phase of the wave varies in space and time.

Figure 2.1. A wave is moving in the z-direction with speed v. The amplitude A is defined as the highest
deviation from the z-axis. The wavelength Ȝ is the extension in space of one period.
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When two or more waves are superimposed, they interfere with each other. This
means that both the amplitude and the phase of each wave are affecting the
result. Let’s consider the interference between two waves of the type in Figure
2.1. Once again we will study the movement of a green ball, but this time for the
resulting wave. The position of the green ball will be equal to the mean of the
positions of the green balls of the individual waves. Thus, if the waves are of
equal amplitude but completely out of phase there will be no oscillations, the
green ball lies still on the z-axis. Whenever the resulting amplitude is lower than
the highest amplitude of the individual waves, it is referred to as destructive
interference. If the waves instead have the same phase, the resulting oscillation
will have twice the amplitude as for the individual waves. When the resulting
amplitude is higher than the highest amplitude of the individual waves it is
called constructive interference. But when waves of different wavelengths
interfere, the phase difference between them is not longer constant. Instead there
will be a fluctuation between constructive and destructive interference called a
beat.Whenever we work with waves we usually describe them as

u

A(r ) exp>ikr @ ,

(2.1)

where A(r) is the amplitude, k=2ʌ/Ȝ is the wavenumber and r is the distance of
propagation. Equation (2.1) now describes a circular wave in 2D, r=r(x,y), or a
spherical wave in 3D, r=r(x,y,z). The expression kr in the exponent is the phase
of the complex amplitude. When the phase of the complex amplitude is
determined, the value is always between 0 and 2ʌ. Therefore it only tells us
where in its cycle the wave is, not how many cycles that has passed. That is why
the phase plotted in Figure 2.1 has a saw-like appearance. Whenever a full
period is reached the phase starts over at zero.
The value of the phase can be seen as the position of a valve on a bicycle tyre
relative to the tyre hub. The diameter of the tyre corresponds to the wavelength
of the wave. As the bicycle moves, or the wave propagates, the position of the
valve changes, just like the phase of the wave. When the tyre has turned a full
lap, which corresponds to the wave travelling a distance equal to the
wavelength, the position of the valve is the same as in the beginning. That
corresponds to the phase restarting at zero.

3.

DIGITAL HOLOGRAPHIC
RECONSTRUCTIONS

3.1. Digital holography
Holography is a technique which makes it possible to store information about
both the amplitude and phase for a light wave. It was discovered by Dennis
Gabor for which he was awarded the Nobel Prize in 1971. The difference from
ordinary photography is that not only the object wave falls onto the
photographic plate, but also a reference wave which interfere with the object
wave on the photographic plate, see Figure 3.1(a). This kind of experimental
setup when the object light and / or the reference light has an angle of incidence
other than zero is referred to as an “off axis” setup and provides a spatial phase
coding. If the light is monochromatic and coherent, this superposition of the
object- and reference wave on the photographic plate creates a diffraction
grating with interesting properties. If the plate is illuminated with only the
reference wave, now called the reconstruction wave, the object wave is
reconstructed with both amplitude and phase information resulting in an image
which appears to be three-dimensional to an observer, see Figure 3.1(b). This
reconstruction is possible since not only amplitude information for the object
light is stored on the photographic plate, but also the phase information. Since
the discovery of holography its usefulness has resulted in many applications.
Today we can for instance see holograms on credit cards and on many products
and devices to ensure it is genuine and not a cheaper copy.

Figure 3.1. This is an illustration of the principle of holographic recording, (a), and reconstruction, (b).
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Figure 3.2. This is a sketch of the principle experimental setup for digital holography. It is very similar to
the setup for the TV holography system where some lenses also are included.

But holography has also had a tremendous impact in scientific applications, such
as the technique holographic interferometry which was invented by Powel and
Stetson1, 2 in 1965. That technique is also the basic principle behind TV
holography, also known as electronic speckle pattern interferometry (ESPI),
digital speckle pattern interferometry (DSPI) or electro-optic holography (EOH).
In TV holography the photographic plate is replaced with a CCD camera, and
the setup is very similar to the one illustrated in Figure 3.2. Another difference
between ordinary holography and TV-holography is the mirror in the setup for
TV holography which can be moved very accurately in small steps. This is done
by having the mirror mounted on a piezo-electric crystal. The reason for this is
that it makes it possible to obtain not only information about the intensity, but
also the phase information of the object wave is obtained from the recordings.
This method for obtaining the phase information is called temporal phase
stepping.
Schnars et al presented digital holography3-5, where the recording of the
hologram is also performed using a CCD as in TV holography, but with an offaxis approach. When the phase of the object wave is known the object image is
then obtained through a digital holographic reconstruction technique, this
procedure is illustrated in Figure 3.3 where the “L” in the setup in Figure 3.2 is
reconstructed. To the left in Figure 3.3 the intensity of the measured complex
data is measured. This kind of pattern is referred to as a speckle pattern and the
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Figure 3.3. From the measured complex data an image of the object can be obtained through a digital
holographic reconstruction.

bright and dark spots are due to constructive and destructive interference
respectively. To the right in Figure 3.3 an image of the object has been obtained
through a digital holographic reconstruction. The principle behind this technique
is that from the known complex amplitude of the object wave at the ccd-plane,
the complex amplitude of the object wave can be calculated for any other plane.
If the complex amplitude of the object wave is calculated for the object plane,
the result will be an image of the object with information about both amplitude
and phase. A three-dimensional image of the object can be obtained by
reconstructing several planes in the object space. Digital holography is a hot
topic of research today. Yamaguchi et al have for instance measured object
deformation6, shape7 and even object surface vibration8 using phase stepping
digital holography.
The most common methods for numerical propagation of waves in digital
holography are the single and double FFT-methods. However, for the sound
field experiments in this thesis those methods are not suitable. The reason for
this is explained in section 3.3 where the principles of the FFT-methods are
briefly discussed. The section then ends with an explanation of the method for
numerical propagation used in this thesis, a method based on the exact solution
to Helmholtz equation9.

3.2. Acoustic holography
Acoustic holography is a research area closely related to digital holography. In
fact, the early acoustic holography experiments were direct analogies of optical
holography arrangements with two sonic beams interfering on a detector. In the
late sixties a lot of work was done in acoustic holography. Marom et al10
obtained acoustical holograms by electric scanning of a piezo-electric crystal, on
which two sonic beams interfered. From these holograms images were
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reconstructed optically. Later the sonic reference beam was replaced by an
electronic signal simulating an artificial plane wave11. This is where the
principle of the acoustic holography experiments started to be different from the
principle of the optical holography experiments. Metherell and Spinak reported
of an experiment with a stationary detector and a spatially scanning source12.
The results showed that the acoustical hologram obtained was identical to the
conventional “scanned detector” holograms. Metherell et al also described an
experiment which obviated the need for a reference wave, real or simulated13.
The reason for having a reference wave in optical holography is that no
detectors are fast enough to resolve the rapid oscillations of the electromagnetic
waves. The only way to get information about the phase of the object wave is to
let it interfere with a known reference wave. But now advantage of linear
detection was taken in acoustic holography as temporal acoustical holograms
were recorded using a Sokolov ultrasound camera. In 1980 Williams and
Maynard showed that the resolution limits due to the wavelength of the radiation
in optical holography may not necessarily be valid for acoustic holography14. A
technique was presented which allowed the source vector intensity as well as the
sound pressure amplitude to be imaged with a resolution independent of
wavelength. During the following years Near-field Acoustic Holography (NAH)
was proposed and developed15-17. This technique has since then mostly been
used for studying sound radiation from vibrating structures18. In the end of the
nineties Wu et al developed another technique, Helmholtz Equation Least
Squares (HELS) method19, 20, and it was used to reconstruct the acoustic field
radiated from a vibrating bowling ball21. The HELS method was later used to
derive a hybrid near field acoustic holography method22 in order to reconstruct
acoustic radiation from an arbitrary object in a cost-effective manner.

3.3. Numerical propagation of waves
In this section the most common methods for numerical propagation of wave in
digital holography are presented. The reason why they are not used in this thesis
are given as well as the principle of the method actually used. This part of the
thesis is somewhat mathematical, but the equations are really needed if the
principles behind the methods are to be understood.

3.3.1.The single FFT-method
Figure 3.4 shows the coordinate-system for both the single and the double FFT
method. The source plane can for instance be an aperture, a diffusely reflecting
object or the recorded complex amplitude on a CCD-detector. All points in the
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Figure 3.4. The coordinate-system for the single and double FFT method.

source plane can be treated as point sources emitting spherical waves with a
phase and amplitude described by U 0 x' , y ' in the source plane. Then the
complex amplitude at a point in the image plane will be described by an integral
over the source plane. This integral is known as Huygens integral and it is a sum
of spherical waves
U x, y , z 0

³³ U 0

x' , y '

1
ª 2S
exp «i
r
¬ O

º
r » dx' dy ' ,
¼

(3.1)

where Ȝ is the wavelength of the waves and
r

z 02  x' x

2

2

 y ' y

(3.2)

is the distance between the source point and the image point. If the distance
between the source and image planes, z0, is large in comparison to the size of the
source and image planes the following approximation is valid

r

z0 

x' x

2

 y ' y
2 z0

2

.

(3.3)

Using this approximation in equation (3.1) gives us
1
ª 2S º
exp «i
z 0 » ³³ U 0 x' , y ' 
r
¬ O
¼
º
ª S
º
ª S
exp «i
x' x 2 » exp «i
y ' y 2 » dx' dy '
¼
¬ z0O
¼
¬ z0O

U x, y , z 0

(3.4)
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In most cases in digital holography only one specific plane is of interest. So if
the complex amplitude is not to be calculated for a volume, but only for a single
plane, the first exponent in equation (3.4) can be omitted. That term is only a
phase term which is constant in the xy-plane. Another term which can be
neglected is the quotient 1/r which is almost constant through the image plane
when the image plane is small in comparison to z0. Ignoring those terms and
expanding the quadratics in the other exponentials yields the final expression for
propagating a wave using the single FFT method,
ª S
º
ª S
exp «i
x 2  y 2 » ³³U 0 x' , y ' exp «i
x'2  y '2
¬ z0 O
¼
¬ z0 O
ª
º
ª
º
2S
2S
exp « i
xx'» exp « i
yy '» dx' dy '.
¬ z0O ¼
¬ z0O ¼

U x, y , z 0

º
»
¼
(3.5)

The integral in equation (3.5) can be recognized as a two-dimensional Fourier
transform of the product of the complex amplitude in the source plane,
ª S
º
U 0 x' , y ' , and the exponential term exp «i
x' 2  y ' 2 » . Thus, the complex
¬ z0O
¼
amplitude U(x,y) in the image plane can be calculated as
U x, y , z 0

ª S
º 
ª S
º½
exp «i
x 2  y 2 » ®U 0 x' , y ' exp «i
x'2  y '2 » ¾ , (3.6)
¬ z0 O
¼ ¯
¬ z0 O
¼¿

where ^ ` denotes a Fourier transform. If the pitch in the source plane is equal
to px’ and py’ the pitch in the image plane will be equal to
px

Oz 0
N x p x'

, py

Oz 0
N y p y'

,

(3.7)

where Nx and Ny are the number of pixels in the x and y direction respectively.
Since the pitch is dependent on the propagation distance z0, this method is not
suitable for reconstructions of waves inside a volume but only at certain planes.
Further on, the pitch in the image plane must be equal to or larger than the pitch
in the source plane, otherwise we would end up with more information than we
started with which is rather unphysical. This gives us the following condition for
a minimum propagation distance z0
z0 t

N x p x2'

O

, z0 t

N y p 2y '

O

.

(3.8)
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According to equation (3.8) a typical minimum propagation distance, when the
number of pixels are 1000, the pitch is 10 μm and the wavelength equals 500
nm, is 200 mm. However, the condition in equation (3.8) is not a severe
limitation since the propagation distance must be large for the approximation in
equation (3.3) to be valid.

3.3.2.The double FFT-method
In the double FFT-method the quadratic terms in equation (3.4) is never
expanded, but just as in the single FFT-method the first exponent and the
quotient 1/r are omitted. This leaves us with the equation
U x, y , z 0

³³ U 0

ª S
º
x' , y ' exp «i
x' x 2 » 
¬ z0O
¼

ª S
º
exp «i
y ' y 2 » dx' dy ' .
¬ z0O
¼

(3.8)

This equation is a convolution of the two functions U 0 x' , y ' , and
ª S
º
exp «i
x' 2  y ' 2 » . To solve equation (3.8) the convolution property of the
¬ z0O
¼
Fourier transform can be used, namely that the Fourier transform of a
convolution is equal to the product of the Fourier transforms of the two
functions individually,
^g ( x)

h( x)` ^g ( x)`^h( x)`,

(3.9)

where
denotes a convolution. Thus, using the double FFT-method the
complex amplitude in the image-plane is calculated as

U x, y , z 0

ª
 ª S
º ½º
1 «^U 0 x' , y ' `®exp «i
x'2  y '2 » ¾» . (3.10)
¼ ¿¼»
¯ ¬ z0 O
¬«

This time the complex amplitude is calculated using two Fourier transforms, and
hence the name “the double FFT-method”. Since there is both a transform and
an inverse transform the pitch is the same in the source and image plane. This
method is therefore more suitable for reconstructions of a wave inside a volume.
However, due to the double Fourier transforms this method is more time
consuming which should be taken into account if time is of essence.
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Due to the approximation made in equation (3.3) neither the single or double
FFT method is suitable for the reconstructions made for this thesis. Since the
size of the measurement is of the same order as the propagation distance that
approximation is not valid. Instead the exact solution to Helmholtz equation is
used. In the next section this method for numerical propagation of waves will be
discussed.

3.3.3.The exact solution to Helmholtz equation
The purpose of this section is to explain the concept of numerical propagation of
waves using the exact solution to Helmholtz equation. For a more thorough and
detailed discussion about his matter the reader is referred to the book by Mandel
and Wolf 9.
Consider the source-free halfspace z t 0 . In that region the space-dependent
part of a monochromatic scalar wavefield, U(r), will satisfy the Helmholtz
equation

 2  k 2 U ( x, y , z ) 0 ,

(3.11)

where k=2ʌ/Ȝ is the wavenumber. At any plane z in the source free region this
wavefield can be represented by a Fourier transform,

U x, y , z

³³ u~(K ,Q ; z ) exp>i Kx  Qy @dKdQ ,

(3.12)

where Ș and Ȟ are dimensionless spatial frequencies along the x and y directions
respectively. Inserting this expression into equation (3.11) and carrying out the
differentiation gives us
ª 2
w 2 u~ (K ,Q ; z ) º
2
2 ~



k
u
z
K
Q
(
K
,
Q
;
)
«
» exp>i Kx  Qy @dKdQ .
³³ «
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Since this equation must be valid for all values of x and y, the term in the bracket
must be equal to zero. This condition results in the following differential
equation for the function u~ (K ,Q ; z )
w 2 u~ (K ,Q ; z )
wz
where

2

 w 2 u~ (K ,Q ; z )

0,

(3.14)
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w2

k 2  K 2 Q 2 .

(3.15)

The general solution to equation (3.14) is
u~ (K ,Q ; z )

A K ,Q exp>iwz @  B K ,Q exp> iwz @.

(3.16)

However, since we are trying to find an expression for a wave propagating in the
positive z-direction the function B K ,Q 0 . Thus, changing variables by setting

K

k 0 p, Q

k 0 q, w k 0 m

(3.17)

and using equation (3.16) in equation (3.12) we get the following expression for
the wavefield

U x, y , z

³³ a

p, q exp>ik 0 px  qy  mz @ dpdq ,

(3.18)

where

a p, q

k 02 A k 0 p, k 0 q .

(3.19)

When z=0 the exponent in equation (3.18) forms an inverse Fourier transform
which implies that

a ( p, q )

k 02 ^U x, y,0 `.

(3.20)

Then we have the following relationship between the complex amplitude at z=0
and the complex amplitude at any other arbitrary z t 0

U x, y , z

³³ ^U

x, y,0 `exp>ik 0 mz @ exp>ik 0 px  qy @ dpdq ,

(3.21)

where the constant k 02 has been omitted. Thus, in order to calculate the complex
amplitude at any plane z t 0 , the known complex amplitude at z=0 must first be
Fourier transformed, multiplied with the term exp[ik0mz], and then back
transformed. Just as in the double FFT-method this method demands two
Fourier transforms for propagation of the wave. However, this method has no
restrictions as no approximations have been made.
But another thing must be considered here, and that is the rapid oscillations in
the exponent exp[ik0mz] which must be resolved. The frequency content in p and
q is given by
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(3.22)

where dx and dy are the pitch in the x and y-direction respectively. If the number
of pixels in the x and y-direction are Nx and Ny respectively, the frequency
resolution is
'p

O
dxNx

, 'q

O

(3.23)

dyNy

Since p 2  q 2  m 2 1 the following conditions must be fulfilled if the term
exp[ik0mz] are to be resolved according to the Nyqvist criteria

w k 0 mz
'p d S 
wp
 Nx t

 Ny t

2

2

1 p  q dxNx

2 pz

dS 
(3.24)

,

dx 1 p2  q2

w k 0 mz
'q d S 
wq

O

k 0 pz

k 0 qz

O

1 p2  q2 d y N y

2qz
d y 1 p2  q2

dS 
(3.25)

.

Equations (3.24) and (3.25) tell us how many elements we need in our matrix to
correctly make a numerical propagation of the wave. The number of elements
needed in the x and y-direction are both proportional to the propagation distance
z. This means that a propagation of twice the distance need 4 times the number
of elements, and the calculations can quickly become a severe task for an
ordinary PC as the distance of propagation grows. The equation (3.25) needs to
be handled carefully however since it can be both singular and imaginary. Those
special cases obviously need special treatment.
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3.4. Reconstruction techniques
In the previous sections it was explained how a wave can be propagated further
numerically if the complex amplitude is known for a plane. However, nothing
was mentioned about how the history of the wave can be reconstructed.
Considering the purpose of this thesis, where the sound sources causing the
sound wave are to be located, a further propagation of the measured complex
amplitude is not of any use. Instead a way of reconstructing the wave is needed,
and this section is devoted to such methods.

3.4.1.Curvature inversion
The curvature of a spherical or circular wave relative to the direction of
propagation describes either a converging or diverging wave. Consider the
circular wave in Figure 3.5. In (a) the curvature describes a divergent wave
propagating in the positive z-direction or a convergent wave propagating in the
negative z-direction. In (b) the situation is the opposite; the wave is divergent
when propagating in the negative z-direction and convergent when propagating
in the positive z-direction. If now the experimental situation consists of a point
source emitting sound in the positive z-direction it corresponds to the situation
illustrated in Figure 3.5 (a). Reconstructing this wave field from a measurement
of the complex amplitude using curvature inversion can be done in two ways.
The first way is to phase conjugate the measured data before further propagation
in the positive z-direction. This is a phase conjugation of the term U(x,y,0) in
equation (3.21). This corresponds to propagation in the positive z-direction of
the wave in Figure 3.5 (b).
The other way is to simply change the direction of propagation. This is done by
using a negative value of z in the term exp[ik0mz] in equation (3.21)This
corresponds to propagation in the negative z-direction of the wave in Figure 3.5
(a). There is however no essential difference between these two methods, since
the curvature of the wave relative the propagation direction is inverted in both
cases. The only difference is the appearance of the result. When changing the
propagation direction the reconstructed amplitude looks just as a measurement
of the sound field would look like. For instance, if the experimental situation is
like the one in Figure 3.5 (a), so will also the reconstruction. Using phase
conjugation instead will make the measurement line to be like a mirror line, with
the actual sound field on one side, and the reconstructed sound field on the other
side. This time, if the experimental situation is like the one in Figure 3.5 (a), the
reconstruction will look like Figure 3.5 (b).
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Figure 3.5. The curvature of the wave front relative to direction of propagation determines if the wave is
divergent or convergent. In (a) the wave is divergent when propagating in the positive z-direction and
convergent when propagating in the negative z-direction. In (b) the situation is the opposite; the wave is
divergent when propagating in the negative z-direction and convergent when propagating in the positive zdirection.

3.4.2.Numerical lenses
Another way to reconstruct the complex amplitude of the wave is by using a
positive numerical lens. This is done by adding a phase distribution,
corresponding to an ideal positive thin lens, to the measured complex amplitude
before the numerical propagation. Consider Figure 3.6, if we have parallel rays
incident onto such a lens with focal length f, all rays passes the optical axis at
the focal point of the lens where they add up constructively. For this to be
possible the lens must alter the optical path lengths of the rays in such a way that
they are the same for all rays from their origin to the focal point behind the lens.

Figure 3.6. Parallel incident rays are converging after the lens towards the focal point of the lens. Due to
the lens the optical path lengths for all rays that meet at the focal point are the same.
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This is why an ordinary thick positive lens is thick in the middle and thinner
towards the edge. The geometrical path length along the optical axis is the
shortest one; therefore that optical path length is made longer by introducing a
longer path in an optical denser medium. The phase that must be removed from
a ray of light that passes the thin lens at an off-axis point is then equal to the
wavenumber multiplied by the difference in optical path length for the off-axis
ray and the ray that propagates along the optical axis

E dx, dy; f

k

f

2

 dx 2  dy 2  f .

(3.26)

Using numerical lenses can be useful in optical setups that already include real
lenses, the focal length of a real lens can be changed numerically for instance.
However, if the complex amplitude is to be reconstructed inside a volume, a
new numerical lens needs to be calculated for every plane inside that volume.
For a 1:1 reconstruction of the complex amplitude at a distance z from the
detector, a numerical lens with a focal length of z/2 must be used. So, if the
measured complex amplitude is denoted M(x,y), and the complex amplitude at a
plane 100mm in front of the detector should be reconstructed, M(x,y) must be
multiplied with the term exp[-iȕ(x,y;f)], where f=50mm, before the numerical
propagation. Using a numerical lens with equation (3.21) for a propagation of a
distance z will thus result in
U x, y , z
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Since the purpose of the reconstructions has been to locate sound sources,
reconstructions must have been performed for several distances. This means that
a new numerical lens must have been applied for each propagation distance if
that method should have been used. Further on, for experiments like in this
thesis where no lenses are involved in the experimental setups, there is nothing
to gain in using numerical lenses. Therefore, reconstructions of sound fields are
preferable preformed using curvature inversion, since this is an operation which
only needs to be applied on the measured data once. This is also the way it was
done for all experiments in this thesis.

4.

SOUND MEASUREMENTS USING LASER
VIBROMETRY

Today a variety of methods exists for the measurement and visualization of
sound fields. The earliest optical illustrations of sound phenomena in air were
obtained by classical optical methods like the shadowgraph and Schlieren23.
Since then many new techniques for studying index of refraction fields in
transparent media like water and air have emerged. Lökberg used phasemodulated TV holography for measurements of sound fields in air radiating
from harmonically vibrating objects24. In25 a number of cross sections of the
sound field were recorded and used to obtain a tomographic reconstruction of
the sound field. Schedin et al used pulsed TV holography for measurements on
transient sound fields26, 27. Runnemalm28 and Saldner29 recorded aerial standing
waves inside a rectangular box and inside the sound box of a violin and a guitar.
In the year of 2000 Zipser et al30 proposed and patented scanning laser
vibrometry for the measurement and visualization of sound fields, which also is
the method used in this thesis. A beautiful example of measurements can be
found in31 where extensive measurements where performed on a violin. The
violin was excited by a rotating disc, acting as a long violin bow. Not only the
vibrations of the string, the bridge and the body of violin were measured, but
also the sound produced. All these measurements were obtained using the same
instrument, the LDV. The rest of this chapter is devoted to the principle behind
using laser vibrometry for sound measurements.

4.1. The laser vibrometer
The laser vibrometer, LDV, is an excellent tool for studying vibrations. The core
of the LDV is a heterodyne interferometer, and it is a point measuring
instrument based on the Doppler effect of the light backscattered from a moving
object. Consider Figure 4.1 where a schematic illustration of the LDV is
presented. A laser beam is divided into an object beam and a reference beam by
a beam splitter. The object beam passes a second beam splitter before it
traverses the measurement volume and hits the object surface. It is then reflected
and propagates through two beam splitters before reaching the photo detector
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Figure 4.1. A schematic illustration of the Laser Vibrometer.

where it interferes with the reference beam. The resulting intensity on the
detector will then be equal to
I

I r  I o  2 I r I o cos 'E ,

(4.1)

where Ir and Io are the intensity of the reference and the object beam
respectively, and 'E is the phase difference between them.
Since the two beams originate from the same source the phase difference ǻȕ
between them is due to the difference in optical paths for the two beams
'E

2S

O

lr  lo ,

(4.2)

where Ȝ is the wavelength of the light and lr and lo are the optical path lengths
for the reference and the object beam respectively. Assuming that the optical
path for the reference beam is constant, we can see from equations (4.1-2) that
the intensity on the detector is only dependent on the optical path length of the
object beam. This optical path length can be described by the integral

lo

³ n x, y, z, t dl ,

(4.3)
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where n(x,y,z,t) is the refractive index along the path of the object beam. The
rate of change in the optical path is then given by
lo

d
dt

^³ n x, y, z, t dl`.

(4.4)

If the refractive index variations are small, and if n | 1 the integral in equation
(4.4) is then equal to
l0

2v ,

(4.5)

where v is the speed of the object and the factor 2 is due to the fact that the
probing beam traverses through the measurement volume twice. If the object is
moving with a constant speed the intensity on the detector will oscillate as a
sinusoidal function of time. This oscillation, the optical beat, is a result of the
Doppler shift of the object beam. A change in position with an amount of half a
wavelength of the object beam corresponds to one period in the sinusoidal signal
from the detector since the object beam traverses the measurement volume
twice. Thus, the detector signal contains information about the displacement of
the object during a certain time, and therefore information about the speed of the
object. However, this way no information about the direction of the movement is
provided. To solve this problem the frequency of the reference light is
modulated, in our LDV by an acousto-optic modulator (Bragg cell), with an
amount of 40 MHz. A Doppler shift of 40 MHz corresponds to a surface
velocity of 24 m/s, when Ȝ=600nm, which limits the highest velocity that can be
measured. This way a movement of the object towards the LDV produces an
optical beat with a frequency lower than 40 MHz, and a movement away from
the LDV produces an optical beat with a frequency higher than 40 MHz.
Even though the LDV is a point measurement instrument, measurements of a
vibrating area can be performed, if the vibration is periodic or repeatable. This is
done by scanning the probing beam over the user defined measurement area.
The phase relationship between the measurement points are preserved using a
reference signal. The reference signal can be the input force signal at the
excitation point of the object, or the signal from an accelerometer. The LDV
provides both quantitative data, information about both phase and amplitude of
the vibration, and qualitative data, such as images and animations of the
vibration.
An example of a vibration measurement using laser vibrometry is shown in
Figure 4.2. The vibrations on both the backside and the front of a violin was
measured at 1130 Hz as the violin was excited using a rotating disc, also visible
in the figure. The blue and red parts are vibrating out of phase relative to each
other.
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Figure 4.2. The result from a measurement on vibrating surfaces of an excited violin using laser vibrometry
is shown here. The backside is shown to the left and the front to the right. The red and blue parts are
vibrating out of phase relative to each other. The frequency of the vibration is 1130 Hz.

4.2. Sound field measurements using laser vibrometry
To use laser vibrometry for sound measurements, the vibrating object is replaced
with a rigid reflector, and the distance between the scanning head of the LDV
and the reflector is kept constant. In Figure 4.3 a schematic setup for such
experiments is illustrated. The scanning head of the LDV is situated in front of a
rigid reflector, which in this case is a concrete block painted white. If the
distance between the scanning head and the reflector is constant, and a sound
field is propagating through the measurement volume, equation (4.4) can instead
be expressed as
lo

d

2 ³ n x, y, z , t dl ,

(4.6)

0

where d is the distance from the scanning head to the concrete block. This time
the rate of change in optical path length is strictly due to the rate of change in
refractive index. Now the relationship between the rate of change in the
refractive index and the pressure changes caused by the sound field must be
established.
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Figure 4.3. This is a sketch of the principle of using laser vibrometry for sound measurements. If the
geometry is constant during the measurements, the rate of change in optical path length for the probing
beam will be due to the refractive index changes caused by the pressure changes in the air, the sound field.

In order to do so, adiabatic conditions is assumed giving the following relation
between the pressure and the density
p0  p
p0

J

ª U0  U º
«
» ,
¬ U0 ¼

(4.7)

where p0 and ȡ0 are the undisturbed pressure and density respectively. p and ȡ
are the acoustic contributions to the overall pressure and density fields, and Ȗ is
the specific-heat ratio. The density in equation (4.7) can be coupled to the
refractive index using the Gladstone-Dale equation32
n  1 KU ,

(4.8)

where K is the Gladstone-Dale constant. Combining equations (4.7) and (4.8),
solving for n and taking the time derivative gives the following expression for
the rate of change in refractive index
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n

1

n 0  1 p ª p 0  p º J
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» .
J
p0 ¬ p0 ¼

(4.9)

If the acoustic contribution to the pressure is small in comparison to the
undisturbed atmospheric pressure, the term inside the brackets in equation (4.9)
will be close to unity. Then we have the following relationship between the rate
of change in the refractive index and the rate of change in the pressure

n

n 0  1 p
.
J
p0

(4.10)

Using this equation in equation (4.6) provides us with the final expression for
the relation between the measured velocity and the rate of change in pressure
caused by the sound field
l0

2

n0  1 d
p ( x, y, z , t ) dl .
J p 0 ³0

(4.11)

What equation (4.11) tells us is that the sound field cannot be measured at a
point in space. The measured velocity corresponds to a sum of all pressure
fluctuations along the path of the probing beam. The measured sound field is
thus a two-dimensional projection of a three-dimensional sound field.

Figure 4.4. The sound produced by the excited violin is measured using laser vibrometry. The frequency of
the sound is 1130 Hz.
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In Figure 4.4 an example of a sound measurement is shown. It is the sound
produced by the same violin as in Figure 4.2. To the left in Figure 4.4 where the
sound from the backside is shown, it is possible to see the sound from the two
red parts in the vibrating pattern on the backside of the violin to the left in
Figure 4.2. The sound field produced by the front seems to be circular on the
other hand, originating from the strong blue part at the centre of the front of the
violin to the right in Figure 4.2.

4.3. Projection effects
When measuring sound fields using laser vibrometry, the result will be a
projection of the actual sound field. This section will deal with some of the
effects this will have on the measurement result. For a more thorough
investigation if these projection effects, see the appended paper A. According to
the methods for numerical propagation of waves described chapter 3, it is of
outmost importance that the relative phase of the sound field is preserved in the
measurements if a correct numerical propagation is to be made. Whether or not
this is the case for sound measurements using laser vibrometry can be
investigated by simulating a measurement of a sound field emitted from a point
source. Consider the coordinate system in Figure 4.5 where a simulated point
source is situated in the middle of the xy-plane at z=0, and emits sound with a
wavelength of 10 mm in the positive z-direction. The sound field is calculated

Figure 4.5. This figure illustrates the coordinate system for the simulated measurement of the sound field
emitted from a point source.
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for several points inside the box in Figure 4.5, evenly distributed in all directions
with a pitch p=0.1mm, using equation

1

M k , l, m

rklm

º
ª 2S
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rklm »
¼
¬ O

(4.12)

where k, l and m are the matrix indices, integers, in the x, y and z direction
respectively, and
2
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where Nk, Nl and Nm are the number of points in the x, y and z direction
respectively. A simulated measurement of the sound field, using a probing beam
traversing the sound in the x-direction, can then be described as a sum over the
complex amplitudes along the matrix index k,
U l, m

¦r
k

1

klm

ª 2S
º
exp «i
rklm » .
¬ O
¼

(4.14)

In equation (4.14) the factor two, which comes from the fact that the probing
beam propagates through the measurement volume twice, is neglected since it is
the same for all measurement points. This equation is a discrete version of
equation (4.11) for the special case of a spherical sound field originating from a
single point source. In Figure 4.6 (a) the phase field from such a simulated
wavelength, the complex amplitude only has a negative real part and a

Figure 4.6. In (a) the phase from a simulated sound field measurement integrated along the x-axis is
plotted, and in (b) the phase of the sound field in the yz-plane at x=0 is plotted.
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Figure 4.7. The phase along the z-axis at y=0 for both phase fields in Figure 4.6 is plotted. The blue
line corresponds to the phase field in Figure 4.6 (a) and the green line to the phase field in (b). There is
only a small constant difference between them.

measurement is plotted. The result seems to be a strictly two-dimensional sound
field. The obtained phase can be compared to the phase plotted in Figure 4.6 (b)
which is the phase for the sound field in the yz-plane at x=0. The only difference
between the phase maps is a phase shift which appears to be constant all over
the image. This is difficult to see in Figure 4.6, but more clearly shown in Figure
4.7 where the phase along the z-axis for y=0 for both phase fields is plotted. To
understand this phase difference we will look a little bit closer at what happens
during a measurement on a spherical sound field originating from a single point
source.
Consider once again the simulation setup illustrated in Figure 4.5, but this time
we will only look at the point z=5, y=0 and let the probing beam traverse the
sound field along the x-direction. When the probing depth, or the number of
terms summed in equation (4.14) is varied, the graph in Figure 4.8 is obtained. If
the sound field in the point z=5, y=0 and x=0 could be extracted, this
corresponds to a probing depth equal to zero, the complex amplitude at the circle
marked 0 would be obtained. Since the distance from the source is half a
imaginary part equal to zero. If the probing depth extends from -1 to 1 mm, two
contributions with a slightly different phase are added to the previous complex
amplitude.The resulting complex amplitude is the circle marked 1 in the graph.
When the probing depths continues to expand symmetrically the circles
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Figure 4.8. The graph shows that the measured complex amplitude converges as the probing depth becomes
large.

corresponding to the obtained complex amplitude forms a converging spiral.
Already at a probing depth spanning from -100 to 100 mm the fluctuations of
the resulting complex amplitude are small. This is an important property of the
measurement method, that when the measurement depth is large the result is no
longer dependent on the measurement depth. From this simulation the absolute
phase change, the phase difference between a point in Figure 4.6 (a) and the
phase for the same point in Figure 4.6(b), can also be determined. That phase
difference is marked as “Phase shift” in Figure 4.8. In paper A, where also other
projection effects are discussed, it is shown that this difference has very small
variations for different z and y. Thus, when measuring the complex amplitude of
a sound field using laser vibrometry, the internal phase-relationship between the
measurement points is preserved.
The simulation and discussion above were for a single point source only. But
every sound source configuration in the xy-plane can be seen as a distribution of
point sources emitting sound at different phases and amplitudes. So the complex
amplitude of the sound field at every point which the probing beam passes is the
sum of the contributions from all those point sources. During a measurement all
these contributions at all points will be included in the sum. The terms in the
sum can be rearranged so that the complex amplitude along the probing beam
path due to each point source is added separately before the total sum is taken.
Each such separate sum will be of the same form as equation (4.14). Therefore,
the phase of any measured sound field, using laser vibrometry, equals the phase
of the two-dimensional sound wave emitted from the projected sound source
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Figure 4.9. In (a) three ultrasound transducers are situated in the xy-plane between the LDV and the
rigid concrete block. The probing beam of the LDV traverses the sound field in the negative y-direction to
the concrete block where it is reflected. As long as the transducers are far positioned from the LDV and the
concrete block their positions along the y-direction does not influence the measurement results. The
measured sound will appear to come from the sound source configuration illustrated in (b). The information
about the depth-position of the sound sources is lost in the measurement.
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configuration, besides a constant phase shift. This is perhaps a little bit easier to
understand by considering the example illustrated in Figure 4.9. Three
ultrasound transducers, emitting spherical waves, are situated in different depths,
or different positions along the y-axis. However, this information is lost in the
measurement and the obtained result shows a two-dimensional sound field
originating from three transducers situated on the x-axis. Thus, when the sound
sources are situated far from the laser vibrometer and the reflector, the measured
phase map equals the phase of the interferometric sum, besides a constant, of the
circular sound fields in the xz-planes at the y-positions of the corresponding
point sources. By “far from” distances larger than 10 Ȝ are intended, since then
the spiral in Figure 4.8 has started to converge.

4.4. Obtaining the 3D sound field
Tomography is a technique for cross-sectional or three-dimensional imaging of
an object from measurements taken at different angles relative the object. This
has been a very useful and important technique in medical applications since it
allows doctors to safely view internal organs with high resolution. In the
beginning x-rays were used to form the projections and the three-dimensional
images of tissues were based on their x-ray attenuation coefficient.

Figure 4.10. If the measured intensities of the light that has traversed the measurement volume from
different angles are related to the internal structure of the object, as in (a), a reconstruction of the object can
be preformed by backprojection of all measured intensities through the measurement volume, see (b).
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Today tomographic imaging has also been done using radioisotopes and also
ultrasound and magnetic resonance, but then with a slightly different approach.
Tomographic reconstructions of ultrasound fields using two-dimensional
projections obtained using laser vibrometry was proposed by Matar et al.33, 34.
A brief description of the principle behind three-dimensional sound
measurements using tomography will now be given. For more information on
tomography the readers are encouraged to consult the excellent book on the
subject by Kak and Slaney35.
Now, let’s say that we have an object which is semitransparent for the
illumination used. Further on, let there be an amount of attenuation which makes
the measured intensity inversely proportional to the length of propagation of the
light through the object, see Figure 4.10 (a). This is the typical case for x-ray
tomography. If such measurements are performed for several angles, those
projections can be back projected through the measurement volume. When those
back projections are summed up they form a reconstruction of the object, see
Figure 4.10 (b). From only 4 back projections an image of the circle has already
started to form. If such a tomographic reconstruction of a sound field is to be
made, projection data from several angles between the LDV and the sound
source configuration must first be obtained, see Figure 4.11. In Figure 4.11 the
LDV is moved in a circle around the source in order to obtain projections at all
angles, but in an experimental setup it is easier to have the source mounted on a
table that can be rotated around the vertical axis and have the LDV fixed.

Figure 4.11. By performing measurements at several angles spanning a full circle the three-dimensional
sound field can be reconstructed from the obtained projections using tomography.

36
Whilst in ordinary x-ray tomography the intensity of the light that traversed the
object is dependent on the internal structure, the intensity of the light probing the
sound field is constant. It is the real and imaginary parts of the detector signal
which are dependent on the real and imaginary parts of the sound field in the
measurement volume. Since the software we use only deals with real numbers,
those parts must be reconstructed separately in order to make a tomographic
reconstruction of the sound field. Afterwards the three-dimensional distribution
of the real and imaginary parts can be combined to form the full threedimensional complex amplitude of the sound field. Results from the
measurement seen in Figure 4.11 are presented in Figure 4.12. Three ultrasound
transducers were situated on a straight line, all driven by the same signal at 40
kHz. Laser vibrometry recordings of the sound field were made at 72 different
angles, spanning a full circle, with a pitch of 1mm. With this pitch the
wavelength of 9mm is well resolved. The real part of the tomographic
reconstruction of the sound field is plotted for different planes in the volume
Figure 4.9. The wavelength is resolved in the image and the positions of all three
transducers are visible in the lowest plane to the left in Figure 4.12. However, in
this plane it seems as the transducer in the middle is a little bit out of phase
relative to the other two. This is due to the fact that it was positioned a little bit
lower than the other transducers. Since the wavelength is only about 9mm a
dislocation of only 1mm corresponds to a phase shift of 40 degrees. However,
any other plane in that figure could be used to make a 3D digital holographic
reconstruction of the sound field which would reveal the transducer positions.

Figure 4.12. The real part of the tomographic reconstruction of a measured sound field from three
ultrasound transducers arranged in a straight line is plotted.

5.

LOCALIZATION OF PRIMARY SOUND
SOURCES

5.1. The single wavelength reconstruction
If the experimental situation is clean and simple, for instance a single point
source situated in an environment which will not disturb the sound field in any
way, a single wavelength reconstruction is more than enough for localization of
the sound source. Let’s consider the experiment described in Figure 5.1. An 40
kHz ultrasound transducer is emitting sound in the positive z-direction. The
sound field is measured along a line parallel to the y-axis, 170 mm from the
sound source. The sound field is then reconstructed using phase conjugation; see
section 3.4.1, providing the result plotted in Figure 5.2. As displayed to the left
in Figure 5.2 the reconstructed intensity map contains some noise. It is still
possible however to determine the position of the transducer from the bright spot
in the intensity map that stretches from about z=150 mm to z=190 mm. In this
case where the frequency of the sound field equals 40 kHz that range
corresponds to about 4.5 wavelengths.

Figure 5.1. This is the experimental setup for an experiment with a single ultrasound source. The sound
is emitted in the z-direction and the measurement is performed along a line in the y-direction, situated
170 mm from the source.
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Figure 5.2. Here the reconstructed intensity map, to the left, and phase map, to the right, for a single
ultrasound transducer are plotted. The transducer is located about 170 mm from the measurement line. For
this case the phase map offers a much more thorough localization of the sound source from the point where
the wave transforms from a convergent to a divergent wave.

A more thorough localization of the sound source can be obtained from the
phase map to the right in Figure 5.2. Since the measured sound field originates
from a point source, the numerical reconstruction using the phase conjugated
measurement will describe a wave converging towards the point corresponding
to the location of the source, compare to Figure 3.5 (b). Behind that point the
wave will be diverging. Thus, the point in the reconstruction where the wave
transforms from a converging to a divergent wave corresponds to the position of
the source.
In our case, see the magnified phase map to the right in Figure 5.2, this
transition takes place somewhere in the interval z=160 mm to z=180 mm, a
region slightly larger than two wavelengths for the current sound frequency.
In a more complex experimental situation however, the single wavelength
reconstruction will produce intensity and phase maps that are difficult to
interpret. To illustrate this we will look at an experiment where 5 ultrasound
transducers have been used, see Figure 5.3. Without any knowledge of the
experimental setup it is very difficult to identify any sound sources in the
reconstructed intensity or phase maps. There are a lot of high intensity spots in
the intensity map, and it is hard to distinguish the ones corresponding to sound
sources from the ones which are ghost-images. The reconstructed phase map is
neither of any use since it contains many convergent to divergent wave
transitions, and only a few of them corresponds to a sound source.
In order to image the sound sources in an experimental situation like this, the
single wavelength reconstruction is not suitable. In the next section a solution
based on using multiple wavelengths is discussed.
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Figure 5.3. In this example 5 ultrasound transducers were used in the experiment. The reconstructed
intensity map using a single wavelength is full of high intensity spots and it is difficult to identify any
sound sources. The reconstructed phase map is also difficult to interpret, it contains several discontinues and
seems to be somewhat chaotic.

5.2. The multiple wavelength reconstruction
The reconstructed complex amplitude, or more precisely the phase, has a
property of which great advantage can be taken. The phase in the reconstruction
at the position corresponding to a sound source is equal to the conjugated phase
of the emitted sound field, relative to the phase of the reference signal. Say that
the phase of the emitted sound relative to the reference signal is equal to ȕ(Ȝ),
where Ȝ is the wavelength of the emitted sound, and that the sound is emitted in
the positive z-direction. Then the measured phase Į(r) at any point in the plane
z=z0 equals

D r

E O 

2S

O

r,

(5.1)
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where r is the distance of propagation. The measured complex amplitude is then
phase conjugated before the numerical propagation. The phase of the complex
amplitude after numerical propagation will thus be equal to

M rp
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O
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O

>r p  r @  E O

,

(5.2)

where r p is the distance of numerical propagation. At the position
corresponding to the source in the reconstruction, r p

r and the phase is

M (r p )  E (O ) . The result of equation (5.2) can also be illustrated, as in
Figure 5.4. A point source is situated to the left and emits sound in the positive
z-direction. Let the sound be measured and phase conjugated at any point in the
z0-plane, for instance the blue point at a distance r1 from the source. A circle can
now be drawn, centred at this measurement point with radius r1 so that the circle

Figure 5.4. Circles of constant phase centred at the measurement points in the z0-plane are drawn. If
phase conjugation is used the right side of the circles show where the phase from each virtual point source in
the measurement plane is the same as the phase at the real source, but with opposite sign. If the sound is
instead numerically propagated in the negative z-direction the left side of the circles marks where the phase
is equal to the phase at the real point source. All circles cross the location of the source and the image.
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passes the source. The measurement point can now be treated as a virtual point
source emitting sound in the positive z-direction. The phase of this sound field
on any point on the circle in the half-space z>z0 will then be the same as the
phase of the emitted sound field at the location of the real point source, but with
opposite sign. For every point in the measurement plane z=z0 such circles can be
constructed and the point in the half-space z>z0 where they all cross gives the
location of the image. From this discussion it also follows that the phase at the
image is the same as the phase at the source, but with opposite sign. This means
that if ȕ(Ȝ) is known and compensated for, the phase at the position
corresponding to the source in the reconstruction is always equal to zero,
independent of the wavelength. The sum of several such reconstructed complex
amplitudes of different wavelengths will thus only add up constructively at the
positions corresponding to a sound source. At all other positions they will cancel
each other out. This way the information of interest is enhanced and the noise is
efficiently suppressed. But for this to work the term ȕ(Ȝ) must be known. In the
appended papers C and D where the sound field was measured using a
microphone for the reference signal that term is equal to

E O
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R,

(5.3)

where R is the distance between the microphone and the ultrasound transducer.
So for this technique to work, the position of the ultrasound transducer relative

Figure 5.5. Now the reconstructed intensity has been obtained using a multiple wavelength reconstructions.
All noise that was present using a single wavelength, see Figure 5.2, has now vanished, leaving only the
high intensity spot corresponding to the sound source.
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to the microphone must be known. This is of course a major disadvantage with
the method, but the principle advantages of using multiple wavelengths can still
be demonstrated this way. In Figure 5.5 the same sound source as in Figure 5.2
has been imaged. But this time the sound field was measured at 18 different
frequencies evenly distributed between 37-43 kHz. A reconstruction was made
for all frequencies and all reconstructed complex amplitudes were summed up in
order to obtain the intensity map in Figure 5.5. Now the noise in Figure 5.2 is
removed and only the high intensity spot corresponding to the source is left.
This way the property of the phase in the reconstructed complex amplitude has
been used to suppress unwanted noise. But it can be used even further in order to
increase the depth resolution of the imaging by using a filter made from the
phase which is the subject of the next section.

5.3. The phase filter
Since the phase for the different reconstructions of different wavelengths only
matches each other at the position of the sound source, there will be a natural
damping that increases with the distance from that position when adding those
reconstructions together. The speed of this damping can be increased by using
an additional filter constructed from the phase of the different reconstructed
complex amplitudes. The filter is derived from the standard deviation over the
phases, which is calculated over the phases for the different reconstructions of
different wavelengths. The standard deviation is calculated for each point in the
reconstruction plane and is the subject to scaling according to

V s z, y

A

V z , y  V min
,
V max  V min

(5.4)

where ı is the standard deviation and A is a constant that determines the
hardness of the filter. After the scaling in equation (5.4) the standard deviation
varies from 0 to A. A larger value of A means a harder filtering and a smaller
value means a softer filtering. The scaled standard deviation is then used in an
exponential function to form a mask
F

exp> V s @ ,

(5.5)

multiplied with the intensity map obtained from the multi wavelength
reconstruction in order to obtain the filtered image. This filtering process is
illustrated in Figure 5.6 for the experimental setup illustrated in Figure 5.1.
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Figure 5.6. This is the chain of events for the filtering process. The phase maps for the different
wavelength reconstructions are used to calculate the standard deviation which is used to form a filter. This
filter is then used as a mask and is multiplied with the intensity map from the multi wavelength
reconstruction in order to obtain a clean and high resolution imaging of the sound source.

Compared to the reconstruction using one wavelength in Figure 5.2 and the one
using multiple wavelengths in Figure 5.5, the depth resolution is now much
higher. The size of the high intensity spot in the filtered image is about 18 mm,
only two wavelengths.

5.4. Selective imaging
In the two previous sections the benefits of using multiple wavelengths was
demonstrated; it is possible to decrease noise in the imaging, and the spatial
depth resolution can be greatly increased making it possible to locate the sound
source very thoroughly. The problem, however, is that when using a microphone
for the reference signal, the position of the sound source relative to the
microphone must be known and compensated for; otherwise the phases will not
mach at the position corresponding to the source, due to the Ȝ dependence of ȕ.
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That makes the method quit useless for locating sound sources and for
reconstructions for experimental situations containing more than one sound
source. The other option is to use the signal to the transducers also as the
reference signal. This way ȕ(Ȝ) in equations (5.1-2) is the phase response of the
transducer, the phase shift between the signal which drives the forced oscillation
and the emitted sound due to it. If this phase response is known it can be
compensated for and the multi wavelength method will work just fine without
knowing the location of the sound source. Moreover, now multi wavelength
reconstructions can be made for experimental situations containing more than
one sound source. Consider once again the experiment described in Figure 5.3
where five ultrasound transducers were emitting sound at the same time. This
time the sound was measured at 25 different frequencies equally distributed in
the interval 37-43 kHz. For each measurement a reconstruction were made. Each
reconstruction looks as the one in Figure 5.3. If the phase response is
compensated for, and the filter described in the previous section is used the
image in Figure 5.7 is obtained. The noise that was visible in Figure 5.3 is now
gone and all five sources are clearly imaged at the right positions. The depth size
of the sources is about 3 wavelengths. The two outermost transducers are
imaged a little bit weaker than the inner three. This is due to the fact that a less
amount of energy was measured from those two transducers since the
measurement line was centred for the transducer in the middle, see Figure 5.3.
Since the reconstructions only will add up constructively at positions
corresponding to transducers with the actual phase response, selective imaging
is possible to perform. In order to illustrate this we will consider an experiment
with two ultrasound transducers with different phase response, see Figure 5.8
(a).

Figure 5.7. A filtered multi wavelength reconstruction of a sound field from 5 ultrasound sources
positioned according to the setup illustrated in Figure 5.3.
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The two transducers situated to the left have different phase-responses and are
driven with the same signal. The sound is measured 175 mm from one of the
transducers at 25 different frequencies. A multi-wavelength reconstruction, with
the filter applied, is performed for both transducers. When the imaging method
is tuned for the phase response of transducer B the result plotted in (b) is
obtained. When tuning the imaging method for the phase response of transducer
A instead, the result plotted in (c) is obtained. In both reconstructions only the
wanted transducer is imaged. Combining the reconstructions yields the result
plotted in (d), a correct image of the transducer positions in the experimental
setup.

Figure 5.8. In (a) the experimental setup where two different ultrasound sources are used is illustrated.
The sound was measured along a line at 25 different frequencies equally distributed between 37-43 kHz.
In (b) and (c) the results are plotted when the imaging method is tuned for the phase response of transducer
B and A respectively. The combination of those two reconstructions yields the image in (d).
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5.5. 3D Reconstructions
Even though the 2D method is well developed it cannot really be used in any
applications since the real world is three-dimensional. Therefore to go from 2D
to 3D reconstructions is a natural step. Besides more time consuming
calculations the principles are the same as for the two-dimensional case. Due to
this the same filter can be applied. The challenge here is instead the
measurements. Now the sound field must be measured for a plane in space. This
can be done using a scanning microphone, or a microphone array. Another way
is to use laser vibrometry and tomography as described in appended paper F.
The major advantage using laser vibrometry instead of microphones is that it is a
non-disturbing method. But there is one big disadvantage also; the sound field
must be measured at many angles which take a lot of time. When such
measurements are available however, a 3D reconstruction of the sound field can
be achieved in two ways. First by making 2D holographic reconstructions of the
sound field and use these with the tomographic algorithm to obtain the 3D
reconstruction. The other way is to use the tomographic algorithm first with the
measurement data in order to obtain the amplitude and phase distribution of the
sound field in a plane. This plane can be used to make a 3D holographic
reconstruction of the sound field. This is a very interesting area of research and
only the first small steps have been taken. An experiment was made with three
transducers, of two different types, according to Figure 5.9. The sound sources
were mounted on a rotation stage so that the sound field could be measured from
different angles. The measurement was made at 195mm, 170mm and 153mm
from transducer A2, B1

Figure 5.9. This is the sound source configuration for the 3D experiment. Three transducers, of two
different types, were emitting ultrasound in the positive z-direction.
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and A1 respectively. Both methods for obtaining a 3D image was tested, see the
results plotted in Figure 5.10. If first a tomographic reconstruction for the sound
in a plane is created, and this plane is used in a 3D digital holographic
reconstruction the result plotted in (a) is obtained. All three sound sources are
well imaged, but the source farthest from the measurement plane is imaged in
the wrong position, about 22 mm to far away in the z-direction. This is probably
a question of resolution in the numerical propagation, but it has not been verified
yet and this is clearly a subject of further investigation. The result plotted in (b)
on the other hand is obtained making a tomographic reconstruction from 2D
digital holographic reconstructions. This time all three sources are imaged at the
correct positions. But now the image is noisier. This is because that data is not
available for a sufficient number of angles. As seen in (a) the noise created by
the tomographic reconstruction is suppressed by the multi wavelength method.
However, both methods should be investigated further and compared to each
other before any conclusions should be drawn about this subject.

Figure 5.10. Both reconstructions are from made from the experiment described in Figure 5.9. In (a) a
3D digital holographic reconstruction was made from a 2D tomographic reconstruction of the
measurements. In (b) a 3D tomographic reconstruction was obtained from 2D holographic reconstructions
made from the measurements.

6.

CONCLUSIONS

The exact solution to Helmholtz equation is preferable among other established
digital holographic methods for the numerical propagation of sound waves.
Since no approximations are made the solution is valid in both the near and far
field region. Using phase conjugation of the measured sound before the
numerical propagation gives a reconstruction of the complex amplitude in which
the sound sources can be located. However, such reconstructed intensity and
phase maps can be very noisy and hard to interpret when the experimental
situation is not clean and simple. When several sound sources are present and/or
the geometry is such that reflection and scattering influences the measurements
it is not always possible to determine the positions of the sound sources in the
reconstructions. Therefore the multi-wavelength method presented in this thesis
was developed. The combination of reconstructions from measurements at
different frequencies has many advantages. The resulting intensity maps have a
higher spatial resolution and a much lower noise level compared to the single
wavelength reconstruction. Since different sound sources have different phase
response characteristics it is also possible to perform a selective imaging where
only sound sources with a specific phase response are imaged. But perhaps the
most important advantage, considering the possible medical applications, is the
low sensitivity to noise in the measurement data used for the reconstructions.
Due to this it is possible to localize relative weak sound sources in a scattering
media.
If a numerical reconstruction of a sound field is to be made, the complex
amplitude of the sound must first be measured correctly. For this purpose, sound
measurements using laser vibrometry has been tested. The laser vibrometer can
provide high quality images and animations of vibrating surfaces and
propagating sound fields. But quantitative data from the measurements is also
obtained. When measuring on sound the probing beam traverses the sound field.
Because of this the result is an integral along the path of the probing beam.
Measurement of 3D sound fields will thus result in 2D projections. This has a
great impact on both the phase and the amplitude of the measured sound.
Depending on the sound source configuration the measured amplitude can be
very strong or very weak, even completely silent. The measured amplitude also
experiences an enhancement, relative to the actual amplitude at some point
along the path of the probing beam. This enhancement is not the same for
different measurement points and therefore the measured amplitude can’t be
used for internal comparison. But the correct amplitude distribution is not so
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important for the use of the measurement data for numerical propagation of the
wave. What is of importance is that the internal phase relationship is preserved
in the measurement. Otherwise a correct numerical propagation cannot be
performed. For sound measurements using laser vibrometry, it has been shown
that the absolute phase change is the same for all points in the obtained
projection.

7.

FUTURE WORK

7.1. 2D reconstructions
The two-dimensional reconstruction method presented in this thesis has mainly
been developed for the evaluation of the limitations and possibilities of using
multiple wavelengths. So far only possibilities has been found and studied, but
to further improve the algorithms it is time to study the limitations. Some
questions which would be interesting to try to answer are:
x How many sound sources can be found in a reconstruction? The
maximum number used in experiments for this thesis is 5 and they could
all successfully be imaged. It would be very interesting to increase the
amount of sources in the experimental setup and see if a limit can be
found.
x What is the maximum and minimum distance that can be between two
sound sources if both sources are to be localized? If two transducers are
positioned too close to each other they will probably appear as one in the
reconstruction. This is a question of resolution in the imaging. If they are
separated too much on the other hand the signal from the farthest may be
too weak, in comparison to the other transducer, for it to be imaged.
x How much noise can there be in the measurement data before the imaging
of the sound sources fail? Noise can be added numerically to the
measurement data before reconstruction in order to test this. Constant
noise, systematically shifting noise and random shifting noise for
measurements at different frequencies should be tested.

7.2. 3D reconstructions
Only the first small steps have been taken when it comes to reconstructions in
3D using this multi-wavelength method. The two methods discussed in section
5.5 both need further evaluation. The advantages and disadvantages of them
must be investigated and compared to each other before any more conclusions
on the subject can be drawn. However, for the OA applications the tomographic
reconstruction is not necessary. Laser vibrometry recordings of the vibrating
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skin can be used directly for the reconstructions of the sound field. A similar
reconstruction was made in paper A where the measured vibrating surface of a
violin was used to calculate the sound produced. The calculated sound field
showed good agreement with the measured sound field.
As soon as the 3D reconstructions have been investigated, and eventual
necessary corrections of the algorithms have been carried out, OA experiments
should be performed. A good start would be an attempt to repeat the experiment
in ref [36] where a piece of bovine liver, size 3mm, in diluted milk was imaged.

7.3. Sound measurements using laser vibrometry
Even though the laser vibrometer has been of most importance for the work in
this thesis, it has not been investigated enough concerning sound measurements.
So far it has just been accepted as a useful tool for sound measurements since
the data obtained can be used for the numerical reconstructions presented in this
thesis. However, it would be very interesting to find out if the measured
amplitude using laser vibrometry can be related to the measured amplitude using
a microphone. Perhaps not the amplitude in the projections can be, but maybe
the amplitude in the 3D tomographic reconstruction of the sound field. And if
that is not possible, can at least the internal sound amplitude relationship be
preserved in a 3D tomographic reconstruction? If the sound amplitude at one
point is determined, using a microphone, to be twice the amplitude at another
point, will the result be the same in the tomographic reconstruction? Clearly
sound measurements using laser vibrometry still is a subject of research.

8.

SUMMARY OF APPENDED PAPERS

In Table 8.1 the content of the appended papers is listed. Thereafter follows a
short summary and the conclusions made for each paper. My contribution to
each paper is also indicated.
Table 8.1. Content of appended papers.
Paper
A
Content
2D sound fields
3D sound fields
Tomographic reconstructions
Numerical propagations
Multiple wavelengths
Filter
Selective imaging

B

C

D

E

F

G

Paper A:

Sound field determination and projection effects using laser
vibrometry

Authors:

Erik Olsson and Kourosh Tatar

Summary:

The purpose of this paper was to investigate the results
obtained from sound measurements using laser vibrometry.
Since the probing beam of the laser vibrometer traverses
the measurement volume the result is an integral over the
complex amplitude along the probing path. The impact of
this integral on the measurement result was investigated
through numerical simulations. But first the validity of the
numerical method was verified by comparing calculated
sound fields from measured surface vibrations to the
measured sound field.

Conclusions:

Clearly the laser vibrometer is an instrument capable of
sound measurements. It provides both quantitative and
qualitative data. The qualitative data delivered in the form
of images and animations are very illustrative visualizations
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of the sound wave propagation and effects like interference
and diffraction. The quantitative data however can easily be
over interpreted. The measured sound amplitude
experiences an amplification, relative to the actual sound
amplitude, which grows with the distance from the sound
source. Further on, due to the sound source distribution the
measured sound from some angles can be very weak, or
even completely silent, while it from other angles can be
very strong.
Division of work: Tatar performed the measurements and Olsson made the
simulations and calculations. The paper was written by
Olsson and Tatar.

Paper B:

Reconstructing two-dimensional acoustic object fields by
use of digital phase conjugation of scanning laser
vibrometry recordings

Authors:

Lothar Zipser, Heinz Franke, Erik Olsson, Nils-Erik Molin
and Mikael Sjödahl

Summary:

The possibility to use the quantitative data obtained from
laser vibrometry recordings of sound originating from an
ultrasound transducer for numerical propagation of the
wave was investigated. For that purpose a digital
holographic reconstruction method was presented which
makes localization of the sound source possible. Both
reconstructed intensity and phase maps are presented.

Conclusions:

The quantitative data obtained from sound measurements
using laser vibrometry can be phase conjugated and used
for numerical reconstructions of the sound field. The sound
source is visible in the reconstructed intensity map as a
high intensity spot. In the reconstructed phase map the
sound source can be localized more thoroughly by locating
the point where the wave transforms from a convergent to a
divergent wave.

Division of work: The measurements were performed in Dresden, Germany,
by Zipser and Franke. Olsson and Sjödahl made the
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reconstructions and wrote the manuscript together with
Molin.

Paper C:

Scattered ultrasound fields measured by scanning laser
vibrometry

Authors:

Erik Olsson, Nils-Erik Molin, Mikael Sjödahl, Lothar
Zipser and Heinz Franke

Summary:

By tuning an ultrasound transducer around its resonance
frequency several measurements of the sound field for
different wavelengths using scanning laser vibrometry was
obtained. Each recording were used for reconstruction of
the sound fields, and the reconstructed complex amplitudes
were then added together. Since the reconstructions add up
constructively only in the position corresponding to the
sound source, the intensity map of this sum has a low noise
level and relative high spatial resolution. Due to this the
position of the sound source can be determined more
thoroughly. A reconstruction of an ultrasound field
propagating through a semitransparent object, a ceramic
plate, was also studied. In the full field measurement of the
sound field no effects other than damping was observed on
the transmitted sound field. No trace of the object could be
seen in the reconstructions.

Conclusions:

Advantage of the phase in the reconstructions can be taken
by summing up the reconstructions made from sound
measurements at different frequencies. Compared to the
single wavelength reconstruction an intensity map with a
lower noise level and higher spatial resolution is obtained.
Due to this it is possible to make a more thorough
localization of the sound source.

Division of work: Olsson, Zipser and Franke performed the measurements in
Dresden, Germany. The numerical reconstructions were
made by Olsson who then wrote the manuscript with Molin
and Sjödahl. Olsson presented the paper at the conference.
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Paper D:

Locating primary sound sources in scattering media using
multifrequency digital holographic reconstruction

Authors:

Erik Olsson, Mikael Sjödahl and Lothar Zipser

Summary:

In this paper multi-wavelength digital holographic
reconstructions of scattered ultrasound fields were studied.
The measurements of the sound field were made with a
laser vibrometer. Lumps of steel wool were positioned
between the transducer and the measurement line in order
to disturb the sound. The ultrasound transducer was tuned
around its resonance frequency in order to obtain a
broadening of the spectral content of the sound source. A
filter based on the standard deviation calculated from the
phase for the different reconstructions was presented.

Conclusions:

In a more complex experimental situation, numerical
reconstructions of sound fields are hard to interpret due to a
high noise level in the obtained images. However, adding
several reconstructed complex amplitudes together
efficiently enhances the information of interest and
suppresses the speckles. This is due to the phase in the
reconstructions which is frequency-independent at positions
corresponding to a sound source. This property can be used
even further by using a filter based on the standard
deviation over the phase for the different reconstructions.
The use of this filter results in a great improvement of the
depth resolution in the images.

Division of work: Measurements were made by both Olsson and Zipser. The
filter was constructed by Olsson and Sjödahl. The paper
was written by Olsson and Sjödahl.

Paper E:

Selective imaging of sound sources in air using phase
calibrated multi wavelength digital holographic
reconstructions

Authors:

Erik Olsson
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Summary:

When a transducer is driven around its resonance frequency
a phase shift between the signal to the transducer and the
sound emitted arises. When using the signal to the
transducer also as a reference signal for the sound
measurements that phase shift must be compensated for in
order for the multi wavelength method to work. But this
compensation makes possible not only the imaging and
localization of multiple sound sources, but also a selective
imaging since different transducers has different phase
responses. In this paper the phase response of two different
ultrasound transducers are determined. They are later
operated at the same time from the same signal during the
measurements from which reconstructions are made. In the
reconstructions it is then possible to select which transducer
to be imaged by setting the reconstruction for a certain
phase response.

Conclusions:

A multi wavelength reconstruction has many advantages
compared to the single wavelength reconstruction. Besides
the lower noise level and higher spatial resolution, it is also
possible to make a selective imaging where different sound
sources are distinguished from one another from their phase
response. The multi wavelength reconstruction method also
shows a low sensitivity to noise in the measurements.

Division of work:

Paper F:

Tomographic reconstruction of 3D ultrasound fields
measured using laser vibrometry

Authors:

Kourosh Tatar, Erik Olsson and Fredrik Forsberg

Summary:

In this paper the possibility to obtain the three-dimensional
amplitude and phase distribution of a sound field, using
laser vibrometer recordings and a tomographic algorithm,
was investigated. The 3D sound field for both a symmetric
and a non-symmetric ultrasound source configuration was
reconstructed. In the non-symmetric case the sound field
was measured at 72 angles spanning 360 degrees whilst in
the symmetric case the sound field was measured at only 19
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angles spanning 90 degrees. For the latter case the
measured data was then copied in order to obtain the rest of
the data necessary for the tomographic reconstruction.
Conclusions:

It was shown that laser vibrometry recordings of sound
fields can be used in tomography in order to obtain the 3D
complex amplitude distribution.

Division of work: Tatar, Olsson and Forsberg were all involved in the
measurements, the calculations and the writing of the
manuscript. Tatar will present the paper at ICEM13 in
Alexandropoulos, Greece, 2007.

Paper G:

3D selective imaging of sound sources

Authors:

Erik Olsson and Fredrik Forsberg

Summary:

Since the obtained 2D result from a laser vibrometry
recording are projections of an actual 3D sound field, the
measurements can be used with tomography in order to get
the full 3D amplitude and phase distribution. But what
about the 2D digital holographic reconstructions from laser
vibrometry recordings; can they also be used with
tomography in order to obtain a 3D image of the sound
sources? In this paper three ultrasound sources of two
different types were used in the measurements. The
measurements were made at 72 different angles spanning
360 degrees, and at 19 different frequencies. For each angle
a 2D selective imaging were made and these were used
with tomography to create a 3D image.

Conclusions:

Using tomography and 2D selective imaging maps from
multi-wavelength reconstructions, it is possible to
determine the 3D positions of the sound sources. Further
on, even if the sound sources are not successfully imaged at
all projections, a successful tomographic reconstruction can
still be made.

Division of work: Olsson made the measurements and the digital holographic
reconstructions. Forsberg performed the tomographic
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reconstructions. The paper was written by Olsson and
Forsberg.
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Abstract
Sound measurements using laser vibrometry have the advantage that ﬁeld
measurement can be obtained through scanning. It is a non-contact method
that provides both qualitative and quantitative information. However, it must
be noted that the measurement is an integral along the path of the probing
beam. Some effects of this projection are investigated both through
measurements and calculations. The sound ﬁeld calculations are made from
measured surface vibrations and they are in good agreement with the
measured sound ﬁeld. The calculations show that the projections very much
depend on parameters such as integral depth, or probing depth, and the
orientation of the sources. In addition to this, the calculated, or measured,
amplitude experiences an enhancement which depends on the wavelength
and the distance from the sound source. This enhancement can even result
in increasing amplitude with distance. Even though this makes the
quantitative data obtained not trustworthy, it is a beneﬁt for the qualitative
results which become clearer.
Keywords: projection effects, laser vibrometry, 3D sound ﬁelds

(Some ﬁgures in this article are in colour only in the electronic version)

1. Introduction
Today a variety of optical methods exist for measuring and
visualizing sound ﬁelds. The earliest optical illustrations of
sound phenomena in air were obtained by classical optical
methods such as the shadowgraph and Schlieren [1]. Since
then many new techniques for studying index of refraction
ﬁelds in transparent media such as water and air have
emerged. Lökberg used phase-modulated TV holography
for measurements of sound ﬁelds in air radiating from
harmonically vibrating objects [2–4]. Schedin et al used
pulsed TV holography for measurement of transient sound
ﬁelds [5, 6]. Runnemalm and Saldner [7, 8] recorded aerial
standing waves inside a rectangular box and inside the sound
box of a violin and a guitar. Besides these ﬁeld measuring
techniques, Zipser et al [9, 10] proposed a point measuring
method, scanning laser vibrometry, for the measurement and
visualization of sound ﬁelds. With this technique, not only
qualitative data, but also quantitative data were obtained;
where the phase of the ﬁeld was obtained directly from the
measurements while the amplitude needed some calculation
using the Gladstone–Dale equation [11]. However, common
0957-0233/06/102843+09$30.00

for all methods mentioned above is that they provide a twodimensional projection of a three-dimensional sound ﬁeld.
The purpose of this paper is to give an insight into the principle,
as well as into some of the effects, of this projection of sound
ﬁelds.
The back plate of a continuously bowed violin, as well
as the sound produced, is measured using laser vibrometry.
Further, the measured vibration pattern of the violin is used
as input for the calculation of the sound ﬁeld. A numerical
projection method of the calculated sound ﬁeld is then
validated through comparison to the measured sound ﬁeld and
then used for further investigations of the effects of this optical
technique for sound measurements. The calculation technique
[12] for the sound ﬁelds is based on the exact solution to the
wave equation [13] so the obtained values should be valid both
in the near ﬁeld and the far ﬁeld.

2. Measurement method
Basically, the laser vibrometer is a heterodyne interferometer
based on the Doppler effect of backscattered light, as

© 2006 IOP Publishing Ltd Printed in the UK
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Figure 1. Schematics of the scanning laser vibrometer. Beam splitter (BS), mirror (M), frequency ( f ), Bragg-shifted frequency ( fB) and
Doppler-shifted frequency ( fD) due to the velocity of the vibrating object or the sound ﬁeld in front of a rigid reﬂector.

schematically presented in ﬁgure 1. A laser beam is divided
by a beam splitter (BS) into a reference and an object beam.
The reference beam is then frequency shifted by a known
amount by a modulator. Systems differ by the method used
for obtaining this frequency shift; our Polytec laser vibrometer
uses an acousto-optic modulator (Bragg cell). The object beam
reﬂects from the target and is hence Doppler shifted due to the
target velocity and mixes with the shifted reference beam on
the photo detector. Depending on the optical path difference
between these two beams, they will interfere constructively
or destructively. The photo detector measures the intensity
of the mixed light, which will be time dependent. When the
target is vibrating the frequency of the intensity variation will
differ from the nominal modulation frequency by an amount
proportional to the surface velocity. Frequency demodulation
of the photo detector signal by a Doppler signal processor
produces a time-resolved velocity component of the moving
target. In the application of laser vibrometry to experimental
modal analysis, the surface of the vibrating object is scanned.
A scan is a sequence of single point measurements. Two
small servo-controlled mirrors in the scanning head make
it possible to deﬂect the beam both in the horizontal and
vertical directions. Synchronization between the scan points
is obtained through comparison with a reference signal.
Vibration shapes and frequencies are then extracted from the
measurements data by the vibrometer system software. To use
the laser vibrometer for sound measurements, the vibrating
object is replaced by a rigid non-vibrating reﬂector, where the
sound ﬁeld propagating through the measurement volume (the
distance the laser beam undertakes between the laser head and
the reﬂector) will disturb the air pressure [9, 10] and result in a
virtual vibration of the reﬂector surface. As described in [14],
the optical path length for a ray through a transparent medium
is deﬁned as

L = n(x, y, z, t) dl,
(1)
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where n(x, y, z, t) is the refractive index and dl is a differential
distance along the light path. Since the reﬂector is rigid, the
rate of change in optical path is
 L
˙ =2
L
ṅ(x, y, z, t) dl
(2)
0

where L is the distance from the scanning head to the reﬂecting
surface. The density of a gas is coupled to the refractive index
by the Gladstone–Dale equation [11]
n − 1 = Kρ.

(3)

Under adiabatic conditions the pressure is related to the density
as


p0 + p
ρ0 + ρ γ
=
(4)
p0
ρ0
where p0 and ρ0 are the undisturbed pressure and density,
respectively. p and ρ represent the acoustic contribution to
the overall pressure and density ﬁelds and γ is the speciﬁcheat ratio. Assuming that the sound pressure ﬂuctuations p
are small compared to the undisturbed atmospheric pressure,
the time derivative of the refractive index is given by
n0 − 1 ṗ
ṅ =
· .
(5)
γ
p0
Combining equations (5) and (2) yields
 L
n0 − 1 ṗ
˙ =2
L
·
dl.
(6)
γ
p0
0
Assuming the pressure variations to be constant along a
distance x and zero elsewhere gives
˙ = 2x n0 − 1 · ṗ .
(7)
L
γ
p0
For each frequency component of the sound, the amplitude of
ṗ is the pressure amplitude multiplied by the angular frequency
ω = 2πf . The pressure amplitude can thus be expressed as
˙
L
γ
p0
p̂ =
·
·
.
(8)
2x n0 − 1 2πf
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Figure 2. Sketch of the set-up: violin (V), rotating bow (D), bearings (B), lever (L), concrete block (CB), scanning head (SC), accelerometer
(A) and microphone (M).

3. Experimental set-up
Modal analysis requires a sequence of measurements under a
stationary condition. Hence, measurements by the scanning
laser vibrometer need a repeatable and well-deﬁned vibration
signal. In our measurements we used the back plate of a violin
as the sound source. The violin was excited by a rotating
bow; the open E-string, with the fundamental frequency of
665 Hz, was excited continuously and repeatedly during the
measurements. Consequently, the violin body was excited in
a wide range of frequencies. The response is hence stationary
which is sufﬁcient for the measurement method.
The violin and the bowing device are the same used in
the previous investigations by Gren et al [14]. The set-up is
schematically presented in ﬁgure 2. It consists of a dc engine
(24 V) driven disc (D) that is hinged like a pendulum in a
frame supported by bearings (B). The bowing force and speed
can easily be controlled in this set-up. The diameter and the
thickness of the disc are 110 mm and 6 mm, respectively. The
violin and the rotating bow were mounted in such a way that
they could be rotated together around a vertical axis. This
makes it easy to measure on the back plate of the violin
body for modal analysis as well as the 2D projections of the
generated sound ﬁeld without changing the bowing conditions.
The rotating device is ﬁrmly bolted to a white-painted heavy
concrete block (1.3 × 1.2 × 0.4 m3). This rigid non-vibrating
background reﬂector is necessary for measuring the small
changes in optical path length for the LDV laser beam probing
through the sound ﬁeld. The scanning head of the LDV system
(Polytec PSV-300) was mounted on a sturdy tripod and placed
3 m from the concrete block when measuring the sound ﬁelds
and about 1 m from the violin when measuring the violin
body vibrations. An Endevco, I-TEDS accelerometer (A)
and a Brüel & Kjaer, type 4189 microphone (M) were used
as reference signals. The sensitivities of the accelerometer
and the microphone were 10.07 mV g−1 and 46.3 mV Pa−1,
respectively.

In the experiments presented, the sampling frequency was
set to 20.48 kHz and the LDV system produced frequency
spectra using a complex averaging method with three averages
of 200 ms each giving a frequency resolution of 5 Hz.
For the back plate measurements the scanning points were
spaced approximately 2 cm giving a spatial resolution of the
bending waves of 4 cm. For the sound ﬁeld measurements the
scanning points were spaced approximately 4.5 cm giving a
spatial resolution limit of about 9 cm, which corresponds to
an upper frequency resolution of 3.8 kHz in air. The scanning
head is ﬁxed in space and the probing laser beam traverses
the sound ﬁeld at an angle changing during the measurement.
Since the stand-off distance is much larger than the measured
ﬁeld, the inﬂuence of the angular position of the beam is
minimized (0.03 Sr at extremities); henceforth, we assume in
the following that the beam paths are parallel to each other.

4. Calculation method
For numerical propagation of waves the exact solution to the
Helmholtz equation [13] is used:
 ∞ ∞
ã(q, v) eikzw eikxq eikyv dq dv, (9)
u(x, y, z) =
−∞

−∞

where ã(q, v) is the spatial two-dimensional Fourier transform
of the complex amplitude at z = 0, the source. q, v and
w are the dimensionless spatial frequencies, with the relation
q 2 +v 2 +w 2 = 1, along the x-, y- and z-directions, respectively,
and k is the wave number. Together with the integrals, the last
two exponents eikxq and eikyv form an inverse two-dimensional
Fourier transform. Thus, to calculate the ﬁeld u(x, y, z) in
any plane z, the known ﬁeld at z = 0, the source, must ﬁrst
be Fourier transformed, then multiplied with the phase factor
eikzw which includes the distance of propagation, z. Finally,
the complex amplitude at a distance z from the source is
obtained by taking the inverse 2D Fourier transform of this
product. These calculations can be performed using almost
any computer and a FFT algorithm. Since equation (9) is
2845
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Figure 3. Illustration of numerical projections along the y-axis (above) and along the x-axis (below). The calculated sound ﬁeld in the box
in the two directions gives two completely different results.

(a)

(b)

(c)

Figure 4. The measured operational deﬂection shape (ODS) is displayed in (a). In (b) the distribution of data points is plotted and in (c) the
interpolated version of (a).

an exact solution it is valid in both the near and far ﬁelds.
However, because of the ﬁnite size and non-periodic properties
of the known complex amplitude, both aliasing and signal
leakage effects will arise. In order to avoid aliasing effects,
the known complex amplitude, a(x, y), is padded with a large
number of zeros.
To simulate a real measurement, a numerical projection
is performed. This numerical projection, m, is obtained by a
summation over either index i or j in the matrix M holding
the calculated three-dimensional sound ﬁeld u, depending
on if a projection along the x- or the y-axis is desired, see
equation (10).

M(i, j, l),
m(i, l) =
j

m(j, l) =



M(i, j, l).

(10)

i

As mentioned in the measurement method, LDV measures the
rate of change in the optical path length, which means that in
real sound measurements the integral of the refractive index
variation is recorded along the whole laser probe, i.e. the LDV
and the reﬂector are the limits of integration. In the numerical
projection method, the sum taken in equation (10) with discrete
steps corresponds to the deﬁnite integral in the measurement
2846

and the hypothetical beam traverses the matrix, the numerical
sound ﬁeld, along the columns.
In ﬁgure 3, an illustrative example of the procedure is
shown. Two simulated point sources are situated to the left
along the y-axis and emit sound in the positive z-direction.
The sound ﬁeld is calculated in a limited space, the dashed
box in the ﬁgure. To the right in the ﬁgure, the phase, the
real wave and the amplitude of the sound ﬁeld are plotted
for two projections of different directions. A projection
along the y-direction, a summation over the index j, yields
a two-dimensional circular sound ﬁeld, as from a single point
source. On the other hand, a projection along the x-direction,
a summation over index i, gives a sound ﬁeld with the
characteristics of a two-dimensional sound ﬁeld from two point
sources. This effect, that the appearance of the measured data
depends on the direction of projection, is well known from
computer tomography [15].
One drawback of the numerical method described by
equation (9) is that it requires evenly gridded data as input.
Such measurements were not obtained from the LDV in this
case when measuring on a non-rectangular object such as the
violin. Therefore, the data needed to be interpolated and regridded before use, see ﬁgure 4. The interpolated measured
data viewed in the vibrometry system are plotted in (a). In
(b) the locations of the measuring points are shown, and it
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(a)

(c)

(b)

Figure 5. An example of measured and calculated sound ﬁeld at 1.995 kHz. The measured ODS is plotted in (a), the measured sound ﬁeld
in (b) and the calculated sound ﬁeld from the measured ODS in (c). In both (b) and (c) the ﬁeld of view is about 0.5 × 0.5 m2.

(a)

(b)

(c)

Figure 6. An example of measured and calculated sound ﬁeld at 2.655 kHz. The measured ODS is plotted in (a), the measured sound ﬁeld
in (b) and the calculated sound ﬁeld from the measured ODS in (c). In both (b) and (c) the ﬁeld of view is about 0.5 × 0.5 m2.

can be seen that they are not evenly distributed. If these data
values were to be inserted directly into a matrix, that matrix
would need to be very large in order to obtain constant spatial
resolution between the matrix elements. This constant spatial
resolution in the matrix is a requirement in the calculations of
the sound ﬁeld. Thus, in order to obtain a source matrix of
manageable size the data are interpolated, with a triangle-based
linear interpolation method using Matlab, into the matrix,
see ﬁgure 4(c), which then is used as the source for the
calculations. As a result of this, the violin loses its waist,
compare (a) and (c). This is not a problem for the calculations
however, since the interpolated vibration amplitude in the waist
area is very weak compared to the dominating parts of the
vibration pattern.

5. Experiments and calculations
In ﬁgures 5 and 6, the sound ﬁelds at 1.995 kHz and 2.655 kHz,
respectively, are investigated. Both the vibrating surface and
the corresponding sound ﬁelds are measured. The complex
data of the vibrating surface are imported to a computer and
the real parts of the ﬁelds are plotted in ﬁgures 5(a) and 6(a),
respectively. The real parts of the measured sound ﬁelds are
plotted in ﬁgures 5(b) and 6(b), while the real parts of the
calculated, and numerically projected, sound ﬁelds are plotted
in ﬁgures 5(c) and 6(c). The ﬁeld of view in (b) and (c) is
0.5 × 0.5 m2 and the height and width of the vibrating surface
in (a) are 35 cm and 20 cm, respectively. The good qualitative
agreement between the measured and calculated sound ﬁeld
shows that the operational deﬂection shape (ODS) does not
have to be processed in any way before use in the calculations.
In ﬁgure 5, the main difference between the measured and
calculated sound ﬁeld is that the peak close to the source is
sharper and higher for the experimental results. In ﬁgure 6,
the agreement between measured and calculated sound ﬁeld
is not as good as in ﬁgure 5. However, the sound ﬁelds in

(b) and (c) still have similar properties. Close to the source
there are three peaks and in front of them there is a plane wave
front. The most probable reason for the differences between
the measured and calculated sound ﬁeld in both ﬁgures 5 and 6
is sound reﬂections from the room in the experiments. Despite
these sound reﬂections in the experiments, and the principal
differences between the numerical and experimental method,
the numerical projection method provides satisfactory results
when compared to a measured sound ﬁeld. The numerical
method may hence serve as a good technique for investigations
and interpretations of the measurement method.
One effect of this method for sound measurements is that
the result very much depends on the orientation of the source
relative to the path of the probing beam. This is illustrated
in ﬁgure 7 where the ODS is measured at 1.130 kHz and the
real part is plotted in (a). The real parts of the calculated
sound ﬁeld in both the yz- and the xz-planes are plotted in
(b) and (c), respectively. In the xz-plane the sound ﬁeld is
circular as from a point source while in the yz-plane the sound
ﬁeld appears to originate from two point sources. Looking at
the source in ﬁgure 7(a), it can be understood why the sound
ﬁeld has those properties. The vibration pattern is dominated
by two peaks, located along the y-axis. When looking in the
x-direction, looking at the sound ﬁeld in the yz-plane, those
two peaks are separated and appear as two different sound
sources. However, when looking in the y-direction, looking at
the sound ﬁeld in the xz-plane, those two peaks are merged
and appear as a single source. This particular deﬂection mode
of the violin is therefore very similar to the situation illustrated
in ﬁgure 3. Another example of the dependence of direction of
projection is illustrated in ﬁgure 8 where the sound along the
z-axis, originating from the centre of the vibrating surface in
ﬁgure 5(a), is investigated through calculations. In ﬁgure 8(a),
the sound amplitude is plotted for two directions of projection,
in the x- and in the y-direction, respectively. In ﬁgures 8(b)–
(d ), the cross section, at three distances z, of the real part of
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(a)

(b)

(c)

Figure 7. An example of different directions of integration. The measured ODS is plotted in (a), and the calculated projections along x and
y in (b) and (c), respectively. In both (b) and (c) the ﬁeld of view is about 0.5 × 0.5 m2.
(a)

(b)

(c)

(d )

Figure 8. In (a) the sound amplitude along the z-axis for different integral directions for the sound ﬁeld calculated in ﬁgure 5(c) is plotted.
In (b)–(d ) the cross sections of the sound ﬁeld at different distances z are plotted. The lines in (b)–(d ) are the lines for the summation taken.

the sound ﬁeld is plotted. The size of these cross sections is
2 × 2 m2. The dark lines in (b)–(d ) show where the projections
are taken for both the x- and y-directions. As seen in (a), the
result is two different amplitude curves for the very same line
in space. Projections in which plus and minus pressures cancel
out each other might make the sound ﬁeld from some directions
appear silent while that from other directions appears very
strong. If the sound ﬁeld were symmetric, these two curves
would have coincided. Also observable in ﬁgures 8(b)–(d ) is
that the sound ﬁeld approaches the appearance of a spherical
sound ﬁeld originating from a point source as the distance z
grows.
Another projection effect is demonstrated in ﬁgure 9.
The sound ﬁeld from a simulated point source is calculated
and projected; however, this time the projections are over
different projection depths, i.e. different limits of integration.
This cannot be done experimentally since changing the
projection depth would change the sound ﬁeld itself due to
2848

reﬂections. However, this is still interesting to investigate for
understanding. Each projection is scaled before plotting and
hence the strengths of the sound in the different projections
cannot be compared to each other. In (a), where the projection
depth is only 0.33 λ, the peak close to the source is much
stronger than the rest of the sound ﬁeld in this projection.
Then in (b), where the projection depth is now increased
to 1.33 λ, the ﬁrst peak is not as dominant as in (a). The
decrease in amplitude with distance is now much less and
the structure of the whole projected sound ﬁeld is clearly
visible. Increasing the projection depth even further, as in
(c) where it is now equal to 3.33 λ, there is almost no decrease
in the amplitude with distance if the ﬁrst peak is disregarded.
For (d ) however, where the projection depth is now 6.67λ,
there is no further improvement for the amplitude decay. In
contrast, when compared to (c), the amplitude drop is a little
bit stronger. Thus, for a certain distance from the source and
for a certain wavelength of the sound ﬁeld, there is a ﬁnite
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(a)

(b)

(c)

(d )

Figure 9. This is the full real sound wave, from a simulated point source, for different projection depths.

Figure 10. This is the sound amplitude from the same calculations
as in ﬁgure 9.

optimum projection depth which maximizes the projected
sound amplitude and hence the signal strength from the LDV.
A comparison between the amplitude for the four different
projected sound ﬁelds is illustrated in ﬁgure 10. Here, once
again, the sound amplitude is studied along the z-axis, for
the same calculated sound ﬁelds as in ﬁgure 9. If the sound
amplitude is directly extracted from the 3D sound ﬁeld, it drops
off as 1/R. But if the sound ﬁeld is projected for different
depths, the behaviour for the amplitude mentioned above is
observed. There is a variation in the amplitude drop and for
some projection depths the amplitude is even increasing with
the distance z. It can also be seen that the largest projection
depth in this ﬁgure not once produces the highest amplitude.
As in ﬁgure 9, this is an indication that there exists a ﬁnite

optimum projection depth which maximizes the projected
sound amplitude.
Even though the projection of a point source appears as a
pure 2D sound ﬁeld,
√ see ﬁgures 3 and 9, the amplitude drop is
weaker than 1/ R which is to be expected from a 2D sound
ﬁeld. While the energy for a three-dimensional sound ﬁeld
is distributed spherically, for a two-dimensional sound ﬁeld it
is distributed circularly. However, when the 3D sound ﬁeld is
measured a lot of the energy is collected by the probing beam
and hence the amplitude appears to be stronger for a 3D sound
ﬁeld than for a 2D sound ﬁeld. Depending on the distance z
and the projection depth, the complex amplitudes involved
in the integration are more or less in phase and may add
up constructively or start to cancel each other out. This is
illustrated in ﬁgure 11 where the phase of a cross section, the
xz-plane at y = 0, of a spherical wave originating from a point
source is plotted. Also drawn in this ﬁgure are the different
projection depths used to calculate the sound amplitude plotted
in ﬁgures 9 and 10. The summations taken to calculate
those amplitudes are along the x-axis in ﬁgure 11 with the
dashed lines marking the limits. For larger depths the phase
of the sound ﬁeld will vary more along the x-axis, and when
large enough destructive contributions will be included in the
sum.
In order to ﬁnd the optimum projection depth that
maximizes the sound amplitude for a certain wavelength, the
sound amplitude is plotted for different projection depths in
ﬁgures 12(a) and (b). The sound ﬁeld is calculated from a point
source. In (a) the point is 0.5λ away from the point source and
in (b) 4λ. Each circle represents a certain projection depth and
its location gives the complex amplitude for the summation
over that depth. In (a) the circles corresponding to the ﬁrst 5
projection depths are labelled and in (b) the ﬁrst 15 with a step
2849
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Figure 11. The phase content at different integral depths used for
calculations in ﬁgures 9 and 10.

of 5. The circle labelled 0 corresponds to the complex sound
amplitude in front of the point source along the z-axis. In (a),
0.5λ from the source, this circle lies on the negative real axis
which means that the phase is equal to π. In (b), 4λ from the
source, this circle lies on the positive real axis which means
that the phase is equal to 0. The circle labelled 1 corresponds
to the complex amplitude resulting from a summation over
three elements, one on the z-axis and two elements nearest to
it with a resolution of 0.04λ. The circle labelled 2 corresponds
to the complex amplitude resulting from a summation over
ﬁve elements, one on the z-axis and the four elements nearest
to it. When more and more elements are included in the
sum, the resulting graphs become a Cornu spiral diagram [16].
When drawing such a diagram, the amplitude at a point p
behind a rectangular aperture illuminated with light consisting
of plane wave fronts is considered. The aperture can be divided
into different zones, Fresnel zones, depending on the phase
contribution from that zone relative to the phase of the light
along the optical axis at point p. The nth zone starts where the
phase difference between light from that point and the light
along the optical axis is nπ. If the aperture is small enough to
only let light from the ﬁrst Fresnel zone pass, the light reaching
the point p will essentially have the same phase and thus add up
constructively. But with increasing size of the aperture, and
hence allowing contributions from other Fresnel half-period
zones, both the phase and amplitude will be affected. Also,
the area of the Fresnel zones falls off with n which means
that the contributions from the outer zones are weaker than
the ones from the inner zones. Because of this the spiral
converges. What happens here when the probing beam of the
LDV traverses the sound ﬁeld from a point source is a direct
analogy of that. The projection depth can be divided into
zones after the same criteria as the Fresnel half-period zones,
depending on the phase of the sound at points relative to the
phase of the sound on the z-axis. Increasing the projection
depth, which corresponds to increasing the size of the aperture,
allows contributions from more such zones which affect the
2850

Figure 12. The complex amplitude resulting from different
projection depths for two different distances from a point source.

phase and amplitude of the projected sound ﬁeld. In this
case, the spiral also converges since sound amplitude becomes
weaker and weaker as the distance from the z-axis increases.
Due to this the contributions becomes smaller and smaller
when more elements are included in the sum and hence the
sum converges. However, the maximum amplitude that can
be obtained is achieved long before the summation converges.
In ﬁgure 13, the optimum projection depth, the projection
depth that maximizes the sound amplitude, for a point source
is plotted versus distance z. As seen in ﬁgure 13, the optimum
projection depth is not linearly dependent on the distance
z. The full curve is obtained using the numerical method
illustrated in ﬁgure 12 and the broken curve is an analytical
expression obtained by maximizing equation (11) with respect
to y for all z,




 y
1
2π  2



exp i
z + ξ 2 dξ  , (11)
Ap (z, y) = 
2
2

 0
λ
z +ξ
where Ap is the projected amplitude described by the absolute
value of the sum over the projection depth y. The expression
inside the integral in equation (11) describes the complex
amplitude of a spherical wave, 1r eikr , where r is the distance
to the point source. The integral corresponds to the probing
beam traversing the measurement volume and the absolute of
the integral is the measured vibration amplitude obtained. The

Sound ﬁeld determination and projection effects using laser vibrometry

has the advantage of being a non-disturbing measurement
method, compared to using a microphone which is inserted
into the sound ﬁeld. Moreover, the possibility of measuring
both the sound source and the produced sound using the same
instruments can simplify many experiments. An example of
this can be found in [14] where both the vibrations of a violin
and the produced sound were measured using laser vibrometry.
Another advantage of using LDV for sound measurements is
the broad frequency spectrum it can be used for, from several
hundreds of Hz up to MHz depending on the type and model
of the instrument.
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Figure 13. The optimum projection depth is plotted versus distance
z. Full curve: numerical method from ﬁgure 12. Broken curve:
analytical expression (equation (3)).

two curves in ﬁgure 13 are very close as expected. However,
the numerical method illustrated in ﬁgure 12 gives a better
physical understanding, is easier to calculate, and therefore
preferable.

6. Conclusions
The laser vibrometer is an excellent tool for surface vibration
measurements; it provides both quantitative data and very
illustrative animations of the vibration pattern. It can also be a
useful instrument for visualizations of sound ﬁelds. However,
in this paper we have shown that in the case of measurements
of 3D sound ﬁelds the results can easily be overinterpreted.
Since the sound is not measured at a speciﬁc point in space,
but integrated along the path of the probing beam, the result is a
projection of the sound ﬁeld. A numerical method for both the
calculation and projection of sound ﬁelds has been validated
through comparison with the measured sound ﬁeld. Results
show that measured ODSs can be used directly as input for the
calculations of the sound ﬁeld without any preparations. Once
validated the numerical method was used for investigations
of projection effects. It has been shown that the projection
depth has a great inﬂuence on both the amplitude and phase
for the measured sound ﬁeld. Another important parameter is
the orientation of the source relative to the path of the probing
beam. Whenever the sound source is not symmetric it is
important to be careful when interpreting the results. When
measuring from one angle the sound ﬁeld can appear to be
very weak, almost silent, while from other angles it can be
very strong.
Because of the projection, the behaviour of the measured
amplitude is hard to predict. The drop off in the amplitude for
a sound ﬁeld origin from a point source is not 1/distance as
to be expected for a 3D sound ﬁeld. Actually, the drop off is
even weaker than for a 2D sound ﬁeld and in some cases the
measured amplitude can even increase with the distance.
Thus, any quantitative data obtained when measuring 3D
sound ﬁelds using laser vibrometry must be viewed with some
scepticism. Still, laser vibrometry can provide very useful
2D visualizations of the propagation of sound waves which
are helpful for the interpretation of the sound ﬁeld. It also
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Paper B
Reconstructing two-dimensional acoustic
object fields by use of digital phase
conjugation of scanning laser vibrometry
recordings

Reconstructing two-dimensional acoustic object
fields by use of digital phase conjugation of
scanning laser vibrometry recordings
Lothar Zipser, Heinz Franke, Erik Olsson, Nils-Erik Molin, and Mikael Sjödahl

A scanning laser Doppler vibrometer is used to record two-dimensional ultrasound ﬁelds in air. The
laser light of the vibrometer traverses the sound ﬁeld to and from a rigid reﬂector and determines the
velocity ﬁeld, a quantity proportional to the sound pressure rate, in each scanned point relative to the
sound source. The object sound is the scattered ﬁeld from objects outside the recording area. Digital
reconstruction by use of phase conjugation 共time reversal兲 of the object sound ﬁeld is then performed, and
the original object ﬁeld intensity and phase is reconstructed. © 2003 Optical Society of America
OCIS codes: 090.1760, 100.3010, 120.5050.

1. Introduction

Pictures that show wave propagation and other physical phenomena in transparent objects are important
for our understanding of the phenomena. Famous
collections of such images are found in Refs. 1 and 2.
Interference, diffraction, and polarization phenomena as well as phase contrast methods that visualize
transparent objects are pictured.1 Classical optical
methods like shadowgraph, Schlieren, and classical
interferometry illustrate phenomena in turbulence,
convection, subsonic and supersonic ﬂow, and shock
waves in air.2 Propagating sound ﬁelds in air and
water are accompanied by local variations in sound
pressure, density兾volume, and temperature, i.e., phenomena that affect the local index of refraction ﬁeld.
During the past 10 –15 years, new measurement
techniques have been introduced for the study of index of refraction ﬁelds in transparent media like air
and water. They are reminiscent of, but are also
somewhat different from, the more classical methods used in Refs. 1 and 2. One difference is that
they not only give a qualitative picture of the events,
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they most often also give quantitative measures. Another difference is that the high-precision optics necessary in Schlieren setups and classical interferometry
is really not necessary anymore. Holographic interferometry3 speckle interferometry,4 speckle photography,4,5 and lately, laser Doppler velocimetry6 –10 are
methods that cope with diffusely reﬂecting objects and
do not need plane or well deﬁned waveforms. They
are digital and computer aided and have reached a
sensitivity that is high enough to record sound ﬁelds,
especially the last method.
Lökberg11–13 reported in several papers about measurements of sound ﬁelds in air radiating from harmonically vibrating objects. Phase-modulated TV
holography was developed and used for these measurements. Schedin et al.14 –18 used pulsed holographic interferomety and pulsed TV holography to
measure transient sound ﬁelds outside impacted
plates and beams. A comparison between measured
and calculated sound ﬁelds was given. As Lökberg
had, Schedin et al. also showed a tomographic reconstruction of sound ﬁelds.13,17 Runnemalm and
Saldner19 –21 recorded aerial standing waves inside a
rectangular transparent box and inside the sound box
of a violin and a guitar. Reciprocity and TV holography was used by Saldner22 to measure the sound
distribution from a violin.
A new method for interferometric measurements
and visualizing of acoustic sound waves in gases is
described in Refs. 7 and 8. Zipser et al. proposed
scanning laser Doppler vibrometry to visualize and
measure sound ﬁelds and ﬂow ﬁelds. With this
highly sensitive method, multi-frequency, repetitive
10 October 2003 兾 Vol. 42, No. 29 兾 APPLIED OPTICS
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Fig. 1. Setup of the modiﬁed laser Doppler interferometer. A laser emits light of frequency fs that is divided into two parts. The object
beam has the frequency fs ⫹ ⌬f, where ⌬f is the Doppler shift, after traversing the measuring volume. The reference beam is frequency
modulated by fB before it is recombined with the object beam on the detector. The output from the demodulator is s共t兲, a distance
deviation, and its rate of change is v共t兲.

sound ﬁelds are measured. In two recent papers,9,10
Harland et al. also reported about underwater pressure ﬁelds measured by laser Doppler velocimetry.
Acoustic holography of submerged objects in water
was reported in the late 1960s. The objects were
illuminated by ultrasound. The reﬂected object
wave propagated toward the water surface, where an
interfering ultrasound reference wave was added.
Optical holographic recording of the wavy water surface followed by an optical reconstruction revealed
the acoustic object.23
Acoustic holography by use of an array of microphones was reported, for instance, by Williams et al.24
and applied to guitar research by Strong Jr. et al.25
Similar measurements by use of force transducers or
accelerometers have been performed to detect ore and
oil in the ground. Equipment for aerial acoustic holography can today be purchased from various suppliers. The word holographic in such methods is
somewhat misleading, because the object amplitude
and phase is often measured without phase coding.
No reference wave as in classical holography is
added, and the reconstruction of the wave front is
done electronically兾digitally.
The method used in this paper is scanning laser
Doppler vibrometry, and it is used to record and measure ultrasound ﬁelds in air. Digital phase conjugation is then used to restore the wave ﬁelds. The
experiments and the reconstructions are here performed for two-dimensional sound ﬁelds. Threedimensional sound ﬁelds that have rotational
symmetry could be restored almost in the same way,
but with arbitrary 3D ﬁelds, several measurements
in different directions to give tomographic information must be used. The proposed technique opens
many and exciting new possibilities for the recording
and reconstruction of sound ﬁelds. In the following,
the measuring method, the reconstruction technique,
and experiments that reconstruct sound ﬁelds are
described.
5832
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2. Measurement Principle

In this section the principle of measuring a propagating sound ﬁeld with a scanning Doppler vibrometer
will be brieﬂy reviewed. A more thorough description that also includes general propagation in three
dimensions can be found elsewhere.6 –10 Consider
the Mach–Zehnder Doppler interferometer shown in
Fig. 1. Beam splitter BS1 splits the laser beam into
measuring and reference beams. The reference
beam reaches BS3 via a mirror. The measuring
beam hits the reﬂector at the end of the measuring
volume, and is back scattered and guided by BS2
toward BS3. There, measuring and reference
beams interfere and result in a light signal whose
intensity I depends on the phase difference between
the two arms as a function of time. Thus the detector will record the signal
I共r, t兲 ⫽ a ⫹ b cos关kl共r, t兲 ⫹ 共r兲 ⫺ 2f B t兴,

(1)

where a and b are two constants that depend on the
irradiances and coherence between the two interferometer arms, respectively. The phase in Eq. 共1兲
depends on the wave-number k, the optical path difference l共r, t兲, the random phase 共r兲 introduced in
the reﬂector plane, and the modulation frequency fB
added by the modulator, where r refers to a coordinate on the reﬂector and t is a temporal variable. If
we instead express the optical-path difference as l共r,
t兲 ⫽ l共r, t0兲 ⫹l̇共r, t兲t, where t0 is a local constant
variable and l̇共r, t兲 is the time derivative of the
optical-path difference, Eq. 共1兲 can be rewritten as

再

I共r, t兲 ⫽ a ⫹ b cos kl共r, t 0兲 ⫹ 共r兲

冋

⫺ 2 f B ⫺

册冎

l̇共r, t兲
t .


(2)

Fig. 2. Two views of the experiment where a glass plate is placed near the rigid reﬂector at a distance small enough to make the
reﬂector-glass pass into a single mode wave-guide for the propagating acoustic wave. In 共a兲 the view is from the side and in 共b兲 from the
front perpendicular to 共a兲. The object, mirror, and sound source are placed between the glass plate and the rigid reﬂector. The scan line
or the scan area can be moved all over the glass plate.

The ﬁrst two terms in the phase of Eq. 共2兲 are locally
constant and will not contribute to the signal in a
Doppler velocimeter. The optical beat frequency, on
the other hand, will be modulated by the term
⌬f 共r, t兲 ⫽

l̇共r, t兲
,


(3)

which is the so-called Doppler shift of the signal and
the quantity being delivered by the demodulator.
In the usual setup a Doppler velocimeter is used to
measure surface velocities. The reﬂector in Fig. 1 is
moved either toward or away from BS2, respectively,
at a speed v given by v共r, t兲 ⫽ l̇共r, t兲兾2 ⫽ ⌬f 兾2. If
the motion is harmonic, ⌬ f will also become harmonic. For a rigid reﬂector the rate of change of the
optical-path difference is instead given by l̇共r, t兲 ⫽ 2
兰0L ṅ共r, t; x兲dx, where L is the length of the measurement volume, n is the refractive index, and x is an
integration variable along the beam path through the
measurement volume. Under adiabatic conditions
in air the refractive index will vary as
共n 0 ⫺ 1兲 ṗ共r, t; x兲
,
ṅ共r, t; x兲 ⫽

p0

(4)

where n0 is the undisturbed refractive index, p0 is the
undisturbed pressure, ṗ is the temporal rate of the
pressure change, and  is the speciﬁc heat ratio.
This temporal variation in air pressure will result in
a Doppler shift given by
⌬f 共r, t兲 ⫽

2共n 0 ⫺ 1兲
p 0

兰

Equation 共5兲 includes a line integral over the variation in air pressure along the line of sight. Such a
pressure distribution cannot be resolved unless some
further assumptions are introduced. In the rest of
this paper, therefore, the setup shown in Fig. 2 is
assumed. A sound source, a screen, a sound mirror,
and a scattering object is situated between a glass
plate and a rigid reﬂector. The position of the screen
is such that no sound emitted by the source reaches
the scan area directly. The transparent glass plate
is placed a distance somewhat smaller than ⌳兾2 in
front of the reﬂector, where ⌳ is the wavelength of the
acoustic wave in air, making the reﬂector– glass pass
into a single mode waveguide for the propagating
acoustic wave. The acoustic wave propagating in
the waveguide will therefore be strictly 2D and Eq.
共5兲 can be replaced by

⌬f 共r, t兲 ⫽

2L共n 0 ⫺ 1兲
ṗ共r, t兲,
p 0

(6)

where ṗ共r, t兲 now refers to the average rate of pressure variation across the waveguide. It is seen that
the amplitude of the Doppler shift will depend on
both the width of the waveguide and the strength of
the sound source. Equation 共6兲 can be used to study
numerous acoustic phenomena including transients
and mixed modes. The purpose of this paper, however, is to communicate a method to detect and reconstruct 2D monochromatic sound ﬁelds optically.
The Doppler shift will therefore be assumed to be of
the form

L

0

ṗ共r, t; x兲dx.

(5)
⌬f 共r, t兲 ⫽ A共r兲cos关共r兲 ⫺ ⍀t兴,
10 October 2003 兾 Vol. 42, No. 29 兾 APPLIED OPTICS

(7)
5833

and to simplify the measurements, the following experiments were performed without the glass plate.
3. Reconstruction Algorithm

Fig. 3. Propagating ultrasound ﬁeld 共a兲 with and 共b兲 without the
glass plate. Apart from three periods in front of the transducer,
only small qualitative and quantitative differences can be observed.

where
A共r兲 ⫽

2L共n 0 ⫺ 1兲 ṗ共r兲
,
p 0

(8)

is the amplitude of the signal, ⍀ the angular frequency of the sound wave, and 共r兲 its phase modula
2. Measurement of the amplitude and phase of
⌬f 共r, t兲 and knowledge or measurement of ⍀ and t
gives the amplitude and phase of the sound wave for
the coordinate r. Scanning along a line or over a
complete area while keeping track of the phase term
⍀t gives the stationary amplitude, A共r兲, and phase,
共r兲, distributions along the line or across the scanning area, compared with Fig. 2b.
As an example the result of a measurement of the
sound ﬁeld ⌬f 共r兲 ⫽ A共r兲cos关共r兲兴 is shown in Fig. 3.
The geometry of Fig. 2 with and without a glass plate
was used with the scan area moved in front of the
transducer. The screen, mirror, and object were removed from the scene. Figure 3共a兲 shows the sound
ﬁeld within the waveguide and Fig. 3共b兲 the sound
ﬁeld in free propagation. The results are visually
similar. Apart from three periods just in front of
the transducer, there are only small qualitative and
quantitative differences between the both cases. A
difference of approximately 20% exists in the magnitude representation with the larger values for the
case without the glass plate.
We therefore consider the results obtained without
the glass plate as a satisfying approximation for 2D
results. Owing to the higher signal-to-noise ratio
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In the previous section it was described how the amplitude and phase of the propagating sound ﬁeld is
measured with a scanning Doppler vibrometer. The
purpose of this section is to describe the reconstructing algorithm. The principle of the algorithm is to
propagate the measured complex amplitude back to
the source 共which might also be a scattering object兲 by
use of the diffraction theory. To simplify the analysis the complex amplitude a共r兲 ⫽ A共r兲exp关i共r兲兴 of the
sound ﬁeld will be introduced. The actual sound
ﬁeld and the Doppler signal measured in the previous
section will only differ by an uninteresting phase lag
of 兾2 that will not be considered in the analysis
below. Consider the two situations in Fig. 4. A
source emits or scatters sound that propagates predominantly in the positive 共a兲 or negative 共b兲 z direction, respectively. At a certain plane, the recording
plane, the complex amplitude of the wave is being
measured. The objective is to propagate the measured ﬁeld back to the source. With reference to the
choice of coordinate axes in Fig. 4 that means propagating the ﬁeld into the half-space z ⬎ 0. Owing to
symmetry the two cases in Fig. 4 are equal if the
measured complex amplitude in 共a兲 is being conjugated 共phase conjugated兲 prior to propagation, which
in reality will give a 1:1 image of the source. If the
complex amplitude in the source, a共 y, 0兲, is known,
where coordinate r from now on will be replaced by its
components 关 y, z兴, an exact solution to the Helmholtz
equation for the ﬁeld in any plane z0 ⬎ 0 in the
half-space is given by26
a共 y, z 0兲 ⫽

兰

⬁

ã共 y兲exp关ikz 0 z兴exp关iky y兴d y,

(9)

⫺⬁

where ã共y兲 is the Fourier transform of the ﬁeld, a共 y,
0兲, in the source, k ⫽ 共2兾⌳兲 and y and z are dimensionless spatial frequencies along the y and z
directions, respectively. The spatial frequency component z ⫽ 关1 ⫺ y2兴1兾2. The last of the exponential
equations in Eq. 共9兲 is recognized as being the inverse
Fourier-transform kernel. To calculate the ﬁeld in
an arbitrary plane z0 ⬎ 0 we therefore only need to
Fourier transform the ﬁeld distribution in the source,
multiply by the phase factor, and inverse transform
the result, a process that is efﬁciently done with a
computer by use of fast Fourier transform algorithm.
When solving Eq. 共9兲 numerically we need to consider that the spatial frequency content in the source
plane is conﬁned to

冋

y 僆 ⫺

册

⌳ ⌳
,
,
2p 2p

(10)

where p is the sampling pitch due to the sampling
criteria. This criterion is fulﬁlled if the extension of
the object to the distance between the object and the
recording plane is smaller than the maximum fre-

Fig. 5. The measured wrapped phase distribution from an ultrasonic transducer in the middle left of the ﬁgure, emitting sound at
a frequency of 38 kHz into the measuring volume to the right.

Fig. 4. 共a兲 A source to the left or 共b兲 right emits or scatters sound
that propagates predominantly in the positive or the negative z
direction, respectively. At the recording plane the complex amplitude of the wave is measured. The objective is then to reconstruct and propagate the sound ﬁeld into the positive z half space
toward 共a兲 the image of the source or 共b兲 the real source.

quency component in relation 共10兲. For a pitch
larger than ⌳兾2 all the frequencies in the source
plane will contribute to homogeneous waves in the
reconstruction only, while a pitch smaller than ⌳兾2
will give rise also to evanescent waves. The distribution of spatial frequencies in the source is given by
ã共y兲. For the reconstruction we also need to resolve
the possible rapid oscillations of the function
exp关ikz0z兴. Considering the frequency resolution
⌬y ⫽ ⌳兾pN, where N is the number of samples used
in the reconstruction, Nyquist’s sampling criterion
states that

冏

冏 冏

冏


y
⌳
⌬ y ⫽ kz 0
⬍ ,
 y
冑1 ⫺ y2 pN

where  ⫽ kz0z.
struction criteria,

(11)

Solving for N we get the recon-

N⬎

冏冑

2 y z 0

冏

p 1 ⫺  y2

.

(12)

We see that the number of samples needed to be
able to resolve the spatial frequencies for the reconstruction increase linearly with the distance z0 from
the source plane. The reconstruction will hence become numerically more demanding as the distance
increases. Moreover, inequality 共12兲 is singular for
the frequency components y ⫽ ⫾1. If the interval
given by relation 共10兲 includes the components y ⫽
⫾1, then in general, any ﬁnite set of samples will
introduce a certain amount of aliasing for these components. In practice, however, the registration is
performed several wavelengths from the source by
use of a ﬁnite detector, which in effect will cancel the
higher frequencies, and the aliasing will never come
into effect. In all the preceding reconstructions
therefore a threshold of y max ⫽ 0.99 has been introduced when calculating N.
As an example, the measured phase distribution
from an ultrasonic transducer emitting sound at frequency 38 kHz into the measuring volume as discussed in the previous section is shown in Fig. 5.
The scanning area of 100 ⫻ 100 mm2 is situated
directly to the right of the transducer and the sampling pitch was 1 mm in both directions. This is a
situation that corresponds to the left part of Fig. 4共a兲.
By use of column 50 as the detection line, phase
conjugating the measured complex amplitude and
propagating into the half-space z ⬎ 0 gives the intensity and phase distributions shown in Figs. 6共a兲 and
6共b兲. The position of the source is clearly seen in
both of the Figs. 6共a兲 and 6共b兲, but positioning is more
exact by the transformation of the phase from a convergent to a divergent beam as seen in Figure 6共b兲.
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Fig. 6. 共a兲 The reconstructed intensity and 共b兲 phase as a result of using column 50 of the sound ﬁeld in Fig. 5 as the recording line, phase
conjugate the complex amplitude, and propagate into the half-space z ⬎ 0.

In the following section the results from two somewhat more complicated experiments are shown.
4. Experiments

In the following experiments the setup shown in Fig.
2 was used. The ultrasound transducer emits at 38
kHz and is situated 200 mm in front of the mirror.
The 100 mm wide horizontal scan line is situated 90
mm further up making a total distance between the
transducer and the recording plane of 290 mm. In
both of the following experiments a sampling pitch of
1 mm has been used. The experimental situation
used here thus corresponds to the situation in Fig.

4共b兲 with sound scattering from an object. Phase
conjugation is introduced automatically when switching propagation direction. In the ﬁrst experiment
the object seen in Fig. 2 has been removed enabling
us to record the undisturbed wave from the mirror.
Propagating back the recorded complex amplitude
toward the transducer gives the reconstructed intensity and phase distributions shown in Fig. 7, respectively. By use of the reconstructed phase map, in
Figure 7共b兲, the position of the source can be located
by locating the spot where the wave transforms from
a convergent to a divergent wave. Such a spot is
marked by an oval and is located roughly 290 mm

Fig. 7. 共a兲 Reconstructed intensity and 共b兲 phase of a sound ﬁeld in an experiment according to Fig. 2 without the object, but with the
mirror, 共b兲 the oval marks the virtual position of the source.
5836

APPLIED OPTICS 兾 Vol. 42, No. 29 兾 10 October 2003

Fig. 8. 共a兲 Reconstructed intensity and 共b兲 phase of the object sound ﬁeld in an experiment according to Fig. 2. 共b兲 The oval marks the
virtual position of the object.

from the scanning line that is in good agreement with
the experimental setup. A more interesting situation appears if the object shown in Fig. 2 is also put
into position. Then the complex amplitude in the
recording plane will consist of the sum of two ﬁelds,
the object ﬁeld and the reference ﬁeld from the mirror. These two ﬁelds will interfere and give rise to a
pressure distribution in proportion to Bcos共o ⫺ r兲,
where B is a scaled replica of the amplitude of the
object wave, o is the phase of the object wave, and r
is the phase of the reference wave known from the
previous experiment. Adding the known phase distribution of the reference wave to the phase of the
measured pressure distribution and propagating the
result into the half-plane z ⬎ 0 gives the intensity
and phase maps shown in Fig. 8, respectively. The
position of the scattering object is clearly seen in the
reconstructions without any inﬂuence from the reference wave.
5. Conclusions

A method is described that detects two-dimensional
monochromatic sound ﬁelds optically and reconstructs the ﬁelds digitally. Scanning laser Doppler
vibrometry is used to record and measure ultrasound
ﬁelds in air. In scanning laser Doppler vibrometry
the object ﬁeld is scanned with visible laser light. It
is therefore a noninteracting and a nondisturbing
method in most cases. It works well with transparent objects like ultrasound ﬁelds in air and water. It
measures the change in optical path velocity 共the
time derivative of the optical path length兲 along a
probing line in space of the event to be studied.
When a rigid reﬂector is used to redirect the laser
light through the transparent object volume, then the
geometric distance is kept constant in the setup so it
is only the rate of change in the refractive index in the
measuring volume that affects the change in optical
path velocity. This quantity now depends upon the

probing length in the measuring volume and the rate
of change of the refractive index along this line. A
2D image of a 3D distribution is obtained. The refractive index in air in turn depends upon the gas
density, pressure, and temperature. Quantitative
measures are possible to achieve if we assume for
instance adiabatic conditions in the 2D case, as in
this paper. The recording of the ﬁeld along a line in
space in the 2D case enables the reconstruction of the
unknown object ﬁeld by use of digital phase conjugation. This opens many new possibilities to study
hidden or unknown sound or ﬂuid ﬁeld or sources.
The measuring method enables animated presentations of sound waves and periodic multi-frequency
oscillations in ﬂuid ﬂows. It illustrates even complicated ﬂuid and sound ﬁelds in a very descriptive way,
which has great pedagogical as well as technical
value. It can be used in 2D setups as in this paper,
but also in 3D or open situations, where the rigid
reﬂector is placed far enough from the propagating
ﬁelds to avoid disturbance of the sound ﬁeld. By use
of several probing directions a tomographic image of
a sound-ﬁeld distribution should be possible to obtain.
The experiments were performed at Hochschule
für Technik and Wirtschaft in Dresden by Zipser et
al. The Swedish Research Council supports the
project.
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ABSTRACT
A scanning laser Doppler vibrometer is used to make quantitative measurements of 2D ultrasound fields in air. The
laser light traverses the measurement volume to and from a rigid reflector and determines the velocity of the change in
optical path length, which with constant geometry only depends on the changes in index of refraction. Assuming
adiabatic conditions, the refractive index rate is proportional to the sound pressure rate and quantitative measures of the
sound field are possible to achieve. The emitted or scattered ultrasound being measured origins from a source or object
outside the recording area. Using phase conjugation the sound field is then digitally reconstructed outside the recording
area, and the reconstructed phase and intensity reveals the location of the source or object. The combination of several
such reconstructions of ultrasound fields of different wavelengths, so called wavelength scanning, provides an intensity
map that very accurately gives the position of the source. This opens many new possibilities to study hidden or
unknown sound sources or scattering objects.
Keywords: Digital Holography, acoustic holography, ultra sound, digital reconstructions, LDV, wavelength scanning

1. INTRODUCTION
Pictures that show wave propagation and other physical phenomena in transparent objects are important for our
understanding of the phenomena. Famous collections of such images are found in1,2. Interference, diffraction and
polarization phenomena as well as phase contrast methods that visualize transparent objects are pictured1. Classical
optical methods like shadowgraph, Schlieren and classical interferometry illustrate phenomena in turbulence,
convection, subsonic and supersonic flow and shock waves in air2. Propagating sound fields in air and water are
accompanied by local variations in sound pressure, density/volume, and temperature i.e. phenomena, which affect the
local index of refraction field.
During the last 10-15 years, new measurement techniques have been introduced for the study of index of refraction
fields in transparent media like air and water. They remind very much of, but are also somewhat different from, the
more classical methods used in1,2. One difference is that they not only give a qualitative picture of the events, they most
often also give quantitative measures. Another difference is that the high precision optics necessary in Schlieren setups
and classical interferometry is really not necessary anymore. Holographic Interferometry3 (HI), Speckle Interferometry4
(SI), Speckle photography4,5 (SP) and lately, Laser Doppler Velocimetry (LDV)6-10 are methods that cope with diffusely
reflecting objects and do not need “plane or well defined waveforms”. They are “digital and computer aided” and have
reached high enough sensitivity to record sound fields; especially the last method has a very high sensitivity.
Lökberg11-13 reported in several papers about measurements of sound fields in air radiating from harmonically vibrating
objects. Phase modulated TV holography was developed and used for these measurements. Schedin et al14-18 used
pulsed holographic interferomety and pulsed TV holography to measure transient sound fields outside impacted plates
and beams. A comparison between measured and calculated sound fields was given. As Lökberg they also showed a
tomographic reconstruction of sound fields13,17. Runnemalm and Saldner19-21 recorded aerial standing waves inside a
rectangular, transparent box and inside the sound box of a violin and a guitar. Reciprocity and TV holography was used
by Saldner22 to measure the sound distribution from a violin.
A new method for interferometric measurements and visualising of acoustic sound waves in gases is described in7,8 .
Zipser et al proposed scanning laser Doppler vibrometry to visualize and measure sound fields and flow fields. With
this high sensitive method, multi-frequency, repetitive sound fields are measured. In two recent papers9,10, Harland et al
also reported about underwater pressure fields measured by laser Doppler velocimetry. This method gives satisfying
results in the cases of low sound intensity, high demands of spatial resolution or large measuring volumes.
Acoustic holography of submerged objects in water was reported quite early23. The objects were illuminated by
ultrasound. The reflected object wave propagated towards the water surface where an interfering ultrasound reference
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wave was added. Optical holographic recording of the “wavy” water surface followed by an optical reconstruction
revealed the acoustic object. The quality of such recordings were however quite low.
Acoustic holography using an array of microphones was reported for instance by Williams et al24 and applied to guitar
research by Strong Jr. et al25. Similar measurements using force transducers or accelerometers have been performed to
detect ore and oil in the ground. Equipment for aerial acoustic holography can today be purchased from various
suppliers. The word holographic in such methods is somewhat misleading since the object amplitude and phase is often
measured without phase coding. No reference wave as in classical holography is added and the reconstruction of the
wave front is done electronically/digitally.
The method used in this paper is scanning laser Doppler vibrometry and it is used to record and measure ultrasound
fields in air. Digital phase conjugation is then used to restore the wave fields. The experiments and the reconstructions
are here performed for 2D-sound fields. 3D-sound fields that have rotational symmetry could be restored almost in the
same way but with arbitrary 3D-fields several measurements in different directions giving tomographic information
must be used. The proposed technique opens many and exciting new possibilities for the recording and reconstruction
of sound fields. In the following, the measuring method, the reconstruction technique and experiments that reconstruct
sound fields are described.

2. MEASUREMENT PRINCIPLE
In this section the principle of measuring a propagating 2D sound field with a scanning Doppler vibrometer will be
briefly reviewed. In6-10 a more thorough description that also concerns general propagation in 3D can be found.
Consider the Mach-Zender Doppler interferometer illustrated in Figure 1. A laser beam reaches a beam splitter BS1 and
is divided into a reference beam and a measuring beam. The reference beam reaches BS3 via a mirror and a frequency
modulator. The measuring beam passes through the measuring volume, hits the reflector, and is backscattered through

Figure 1: Setup of the modified laser Doppler interferometer.

the measuring volume and towards BS3 via BS2. There measuring and reference beam interfere and the resulting light
signal depends on the phase difference between the two arms as a function of time. The detector will thus record the
signal
I r, t

a  b cos>kl r, t  M r  2Sf B t @ ,

(1)

where a and b are two constants that depend on the irradiances and coherence between the two interferometer arms,
repectively. The phase in equation (1) depends on the wave-number k, the optical path difference l (r, t ) , the random
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phase M r introduced in the reflector plane, and the modulation frequency f B added by the modulator, where r refers
to a co-ordinate on the reflector and t is a temporal variable. If the optical path difference is time dependent it can be
written as l r, t l r, t0  l r , t t where t 0 is a local constant variable and l r, t is the time derivative of the optical
path difference, and equation (1) becomes

I r, t

°
ª
l r, t º ½°
a  b cos®kl r, t 0  M r  2S « f B 
»t ¾ .
O ¼ °¿
°̄
¬

(2)

The optical beat frequency will thus be modulated by the term
'f r, t

l r, t

O

,

(3)

which is the Doppler shift of the signal and the quantity delivered by the demodulator.
In the case of a rigid reflector the rate of change of the optical path difference is given by

l r, t

L

2³ n (r, t ; x)dx ,

(4)

0

where L is the length of the measurement volume, n is the refractive index and x is an integration variable along the
beam path through the measurement volume. The refractive index will under adiabatic conditions vary as
n r, t ; x

n0  1 p r, t ; x
,
p0
N

(5)

where n0 is the undisturbed refractive index, p0 is the undisturbed pressure, p is the temporal rate of pressure change,
and N is the specific heat ratio. Combining equations (5) and (4) with (3) gives the following expression for the
Doppler shift

'f r, t

2 n0  1
Np0 O

L

³ p r, t; x dx .

(6)

0

The integral in equation (6) covers the variation in air pressure along the line of sight. Such a pressure distribution
cannot be resolved unless some further assumptions are introduced. Consider Figure 2, a harmonic half-spherical wave
propagates predominately the z-direction, i.e. orthogonally to the measuring beam. The density variations along the
laser beam changes between high and low pressure and these variations compensate each other. Immediately in front of
the LDV we have only very small pressure variations, which have no influence on the measuring result. Consequently,
the exact position of the LDV has only a small influence on the result.
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Figure 2: The principle of the measurements. Near the LDV, the pressure variations are very small and have no influence on the
measuring results. Along the laser beam the pressure variations cancels out except for a small region 'x near the reflector and hence
a 2D-sound field is measured.

Thus, only a small region 'x near the reflector is not compensated and contributes to the measurement value. In this
way the half-spherical wave is measured as a 2D – wave, and equation (6) can be replaced by

'f r, t

2L n0  1
p r, t ,
Np 0 O

(7)

 r, t only depends on the spatial components z and y. Further on, the Doppler shift is assumed to be in the
where p
form
'f r, t

A r cos>T r  :t @ ,

(8)

where the amplitude of the signal is described by

Ar

2 L n 0  1 p r
,
Np 0 O

(9)

: is the angular frequency of the sound wave, and T r its phase.

3. THE RECONSTRUCTION ALGORITHM
The principle of the algorithm is to propagate the measured complex amplitude back to the source (which might also be
a scattering object) using diffraction theory. To simplify the analysis the complex amplitude a r A r exp>iT r @ of
the sound field will be introduced. Consider the two situations in Figure 3. A source emits or scatters sound that
propagates predominantly in the positive (a) or negative (b) z-direction, respectively. At a certain plane, the recording
plane, the complex amplitude of the wave is being measured. The objective is to propagate the measured field back to
the source. With reference to the choice of co-ordinate axes in Figure 3 that means propagating the field into the half-
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space z>0. Due to symmetry the two cases in Figure 3 are equal if the measured complex amplitude in (a) is being
conjugated (phase conjugated) prior to propagation, which in reality will give a 1:1 image of the source.

Figure 3: A source to the left (a) or right (b) emits or scatters sound that propagates predominantly in the positive or the negative zdirection respectively. At the recording plane the complex amplitude of the wave is measured. The objective is then to reconstruct
and propagate the sound field into the positive z-half space towards the image of the source (a) or the real source (b).

If the complex amplitude in the recording plane, a( y,0) , is known, where co-ordinate r from now on will be replaced
by its components > y, z @ , an exact solution to the Helmholtz equation for the field in any plane z 0 ! 0 in the half-space
is given by26
f

³ a~ V

a( y, z 0 )

y

>

@

exp>ikz 0V z @exp ikyV y dV y ,

(10)

f

2S
, where is / the wavelength of the
/
and V z are dimensionless spatial frequencies along the y- and z-directions, respectively. The spatial

where a~ (V y ) is the Fourier transform of the field, a( y,0) , in the source, k
soundfield and V y

frequency component V z

>1  V @

2 1/ 2
y

. The last of the exponential functions in equation (9) is recognised as being the

inverse Fourier transform kernel. To calculate the field in an arbitrary plane z 0 ! 0 we therefore only need to Fourier
transform the field distribution in the source, multiply by a phase factor, and inverse transform the result, a process that
is efficiently done within a computer using a FFT algorithm.
Further on, if two ultrasound fields with different wavelengths, O and O ' , are measured and reconstructed, the
correlation between the two reconstructed complex amplitudes is proportional to cos 2 k  k c z , where k and k’ are the
wave numbers and z is the defocus from the reconstructed location of the source or the scattering object27. The phase
O 'O
§ 2S 2S ·
z. This means that these complex amplitudes will add constructively

term can be rewritten as 2¨
¸ z 4S
O' ¹
O' O
© O
only at the locations nzp, where n is an integer and zp is the period described by
zp #

O2
2'O

,

(11)
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where 'O O 'O . Thus, combining several reconstructed ultrasound fields with different wavelengths will provide an
intensity map that shows the true location of the source or object very clearly.

4. EXPERIMENTS
Two different kinds of experiments were performed. The first experiment concerned ultrasound propagating through a
semitransparent object. The ultra sound fields were measured in front of and behind the object. The measured complex
amplitude from the last column in the measurement area was phase conjugated and propagated back to the source. The
second experiment concerned the use of several wavelengths in digital reconstructions. The combination of
reconstructed ultrasound fields of different frequencies makes it possible to more exactly determine the position of the
source or object.

4.1 Ultra sound field propagating through a semitransparent object
In the first experiment the setup shown in Figure 4 was used. An ultrasound transducer is situated to the left where it
emits sound at 39 kHz that propagates to the right in the positive z-direction. The propagating ultrasound encounters the
ceramic plate where most of the sound is reflected and a small part of the sound is transmitted trough the plate. The
ultrasound field is measured in two areas. The first measurement area is situated between the transducer and the ceramic
plate and the second measurement area is situated behind the plate. The sampling pitch is 1.4 mm in both y and zdirection for both the measurement areas.

Figure 4: The setup for the experiment with the ceramic plate where a glass plate is placed against the ceramic plate to avoid
unwanted diffraction effects behind the plate. In (a) the view is from the front and in (b) from the top perpendicular to (a). Two
measurement areas are used, one between the transducer and the plate and one behind the plate. The number of measurement points
is denoted mp.

In Figure 5 the measured ultrasound fields are shown. Between the transducer and the plate the emitted sound interferes
with the reflected sound. Behind the plate we have the damped ultrasound field. Besides damping of the sound, no other
effects on the sound field from the plate can be observed. An animation of the measured ultrasound field can be viewed
at28.
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Figure 5: The measured ultrasound field from the experiment with the ceramic plate. Between the transducer and the plate the
emitted sound interferes with the reflected sound. Behind the plate we have the damped ultrasound field.

Using only the phase information of the measured complex amplitude from the last column in measurement area 2 and
phase conjugation, the ultra sound field can be reconstructed, see Figure 6. The reconstruction gives only the location
of the transducer and no information about the ceramic plate. The location of the transducer can be determined more
exactly by locating the spot in the reconstructed phase where the wave transforms from a convergent to a divergent
beam. In Figure 6 (a) such a spot is marked by a circle, and the location of this spot suggests that the transducer is
situated roughly 160-170 mm away from the last column in measurement area 2 which is in good agreement with the
experimental setup according to Figure 4.

Figure 6: Reconstructed phase (a) and intensity (b) from measurement in Figure 2 using the last column from measurement area 2.
The circle in (a) marks the virtual position of the object.

4.2 Scanning wavelength experiment
In the second experiment the setup shown in Figure 7 was used. An ultrasound transducer situated to the left emits
ultrasound to the right in the positive z-direction. The ultrasound hits a mirror at an angle and is reflected upwards. At a
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distance of 350 mm from the mirror the ultrasound field is measured across a single line only. The location of this
scanning line is such that no sound emitted directly by the transducer reaches it and thus only the reflected ultrasound
field is measured. The sampling pitch is 1.8 mm.

Figure 7: Two views of the setup for the experiment with several wavelengths for reconstruction. In (a) the view is from the front and
in (b) from the top perpendicular to (a). The ultrasound field is only measured across a single line.

During the experiments the ultrasound frequency was slightly shifted, and a measurement of the ultra sound field was
made at each frequency. Each measured complex amplitude is then phase conjugated and propagated back towards the
mirror. Combining these reconstructed ultrasound fields give the intensity maps shown in Figure 8.

Figure 8: Intensity maps resulting from a combination of reconstructions of ultrasound fields of different frequencies. In (a) 4
equally spaced frequencies between 37 kHz and 40 kHz have been used. When 7 frequencies are used within the same range,
between 37 kHz and 40 kHz, the intensity map shown in (b) is obtained.

In Figure 8 (a), the transducer has emitted sound at 37 kHz, 38 kHz, 39 kHz and 40 kHz. At each frequency the
complex amplitude is measured, phase conjugated and propagated back towards the source. Combining these 4
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reconstructions result in the intensity map shown. From this intensity map it is difficult to obtain the location of the
source. However, if the transducer emits at 3 more frequencies, 37.5 kHz, 38.5 kHz, and 39.5 kHz, and the resulting
complex amplitudes are phase conjugated and propagated back towards the source, the intensity map in Figure 8 (b) is
obtained from combining these 7 reconstructions. The bright spot that corresponds to the location of the source in (b)
remains at the same position as in (a). All other high intensity spots have been moved outwards according to equation
(11).

5. CONCLUSIONS
A method is described that detects two-dimensional sound fields optically and reconstructs them digitally. Scanning
laser Doppler vibrometry is used to record and measure ultrasound fields in air. Since in scanning LDV the object field
is scanned with visible laser light, it is a non-interacting and a non-disturbing method in most cases. The quantity being
measured is the velocity of the change in optical path length along a probing line in space of the event being studied. In
the case of a rigid reflector, the optical path change only depends on the change in refractive index which depends on
the gas density, pressure and temperature. Assuming adiabatic conditions, two-dimensional quantitative measures of a
three-dimensional sound field are possible to achieve. Using only one line of such a measurement and phase
conjugation, a digital reconstruction of the two-dimensional field can be performed. Combining several such
reconstructions of ultrasound fields of different wavelengths provides an intensity map that very accurately gives the
position of the sound source. This opens many new possibilities to study hidden or unknown sound or fluid field or
sources.
The measuring method allows animated presentations of sound waves28 and periodic multi-frequency oscillations in
fluid flows. It illustrates even complicated fluid and sound fields in a very descriptive way, which has great pedagogical
as well as technical value. It can be used in 2D-setups as in this paper, but also in 3D or open situations where the rigid
reflector is placed far enough from the propagating fields to avoid disturbance of the sound field. Using several probing
directions a tomographic image of a sound field distribution should be possible to obtain.
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ABSTRACT
Multi-wavelength digital holographic reconstructions of primary sound sources embedded in
scattering media are demonstrated. The sound field is measured with a scanning laser Doppler
vibrometer and broadening of the spectral content of the sound source is achieved by tuning
the primary ultrasound (us) transducer around its resonance frequency. The results show that
combining the complex amplitudes from the different wavelength reconstructions result in a
reduced susceptibility to multiple scattered sound and makes possible a quite thorough
localization of the primary sound source. The depth resolution obtained is 11 us-wavelengths.
This depth sensitivity is improved even further to only 2.8 wavelengths by applying a filter
determined from the standard deviation over the phases.
I. INTRODUCTION
Localisation of primary sound sources embedded in turbid media is important in nondestructive testing and biomedical imaging. The primary sources might be electrically driven
transducers, a mechanically driven vibration, for instance by an engine, or a vibration induced
by an energy exchange process with an external electromagnetic field, i.e. as in opto-acoustic
tomography. Localisation in space first of all requires detection in many points to make
possible reconstruction through imaging. Selective imaging through a scattering media
moreover must involve a gating mechanism for selection of the wavelets issued from the
structure of interest and rejection of the wavelets that have been multiple scattered or are
coming from an uninteresting and disturbing area of the object. The selection of what is
imaged is based on the mutual coherence of the sound carrying the information and some
reference, which can be controlled either through temporal or spectral means.
Holographic imaging of sound was studied extensively in the late sixties1-2. One disturbed
object wave and one undisturbed reference wave was made to interfere on a quartz crystal
located at the front window of a cathode ray tube. Reconstruction of the sound scatter was
obtained through optical means. Imaging with sound has evolved considerable since then with
the most impressive images being obtained from tissue harmonic imaging utilising non-linear
response in the material being studied3-4. A high intensity sound pulse is focused into a
predefined point in the object where a second harmonic wave is generated. Selection in such
systems is obtained both through time gating and through phase locking. Tissue harmonic
imaging is an active imaging technique that cannot be used to locate primary sources. Optics
offers an attractive alternative to detect sound when microphones or piezo-electric arrays
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cannot be used. Optical techniques are both non-intrusive and easily scalable which make
them the preferred choice in many applications. Lökberg5-6 developed and used phase
modulated TV holography for measurements of sound fields in air radiating from
harmonically vibrating objects. Schedin et al7-9 used pulsed holographic interferometry and
pulsed TV holography to measure transient sound fields outside impacted plates and beams.
Nowadays it is also possible for us to “see the sound”. Zipser et al10-11 proposed scanning
laser Doppler vibrometry to visualize and measure sound fields and flow fields. The laser
beam from the vibrometer passes the volume in which the sound propagates and the temporal
change in optical path is analyzed by the interferometer. Spatial resolution is obtained through
mechanical scanning. The reconstruction scheme presented in12 is based on the registration
method presented in10-11. The vibrometer is used to scan one line through the air in which the
sound is propagating. Reconstruction of the sound source is then performed using digital
phase conjugation and numerical solution of the Helmholtz equation. Precise imaging of a
primary monochromatic source was demonstrated. In the presence of scatters between the
source and the detection plane, however, the method would fail since no selection mechanism
is present. In this paper we demonstrate the use of multiple reconstructions to select the
primary sound source and reject the scattered sound.
II. MULTI WAVELENGTH RECONSTRUCTION PRINCIPLE
In this paper we describe and demonstrate a method of optical registration of sound and
selective numerical reconstruction of primary sound sources in turbid media. The method
utilizes multiple wavelengths generated from an ultrasound transducer driven around its
resonance frequency. Each frequency component is reconstructed individually according to
the following principle, see Figure 1.

Figure 1. A sketch of the recording and reconstruction geometry. The source, situated to the left, emits sound in
the positive z-direction. At the recording plane only a single line of the complex amplitude is measured. The
measured sound is then phase conjugated and numerically propagated in the positive z-direction. The phase at
the reconstructed source is independent of the wavelength
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A sound field is emitted from a source situated to the left. At this point the sound field has the
phase ) E , where E is an arbitrary constant. After propagation a distance z 0 along the
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optical axis the sound field reaches the recording plane and now the phase is equal
to ) E  kr , where r equals the geometrical distance from the source to the recording point.
At this plane the complex amplitude is measured and phase conjugated, making the phase
equal to ) ( E  kr ) . The phase conjugated data is numerically propagated in the positive
z-direction. After propagation the distance z 0 , the phase will be equal to )  E and at this
location an image of the source will be obtained. A more thorough description of this
reconstruction technique can be found in12. The property of the phase in the reconstruction
that it is independent of the wavelength is exploited in this paper by adding reconstructed
complex amplitudes of different wavelengths together.
Apart from the location of the source where the complex amplitudes add up constructively,
the fields will be out of phase and cancel each other out. The broader the bandwidth of
wavelengths the more precise will this positioning become, compare coherence theory13. This
is hence an efficient method for enhancing the information of interest and suppressing
speckles. However, if this technique is to be successful, the reference signal is a crucial part of
the experiment. In the test experiments to follow we use an electrically driven ultrasound
transducer. As long as only one wavelength is used in the experiment, the signal to the
transducer can be used as a reference for the measurement. However, this is not possible when
measurements at different wavelengths are wanted. When the transducer operates at different
frequencies, on both sides of the resonance peak of the transducer, a phase shift will be
introduced between the electric signal and the vibrating surface of the transducer. This
problem is avoided by using a microphone as reference. The position of the microphone
relative to the transducer must be known so that a compensation for that distance can be
performed for the measured phase.
III. EXPERIMENTS

Two reconstruction experiments were made. In both experiments the setup shown in Figure 2
was used.

Figure 2. The setup used in the experiments. The transducer to the left emits ultrasound in the positive zdirection. The sound field is measured using a laser vibrometer along a single line 350 mm away from the
source. The recording plane is 312 mm wide and the sound is measured at 401 points. Between the transducer
and the recording plane lumps of steel wool is distributed in order to disturb the sound field. At the top, 230 mm
away from the transducer, the microphone which is used as a reference in the measurements is shown.
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The ultrasound transducer (Murata), situated to the left, is electrically driven without any
external amplifier with a signal from the LDV and has a resonance frequency of 39 kHz
which corresponds to a wavelength of 8.72 mm in air . At the top, 230 mm away from the
transducer the reference microphone is positioned. In the area in front of the transducer 5
lumps of steel wool with a diameter of 20 mm is distributed in order to disturb the sound
field. Not visible in Figure 2 is a glass plate in front of the rigid reflector. Both the transducer
and the lumps of steel wool were situated between the glass plate and the reflector, making
the experiment 2-dimensional. In Figure 3 a field measurement of the sound where the
transducer is emitting at 39.2 kHz is shown.

Figure 3. A full field laser vibrometry measurement of the ultrasound field that clearly shows the effect of the
steel wool lumps. Besides damping, the lumps introduce a phase delay for the sound that has propagated
through them. No reflections from the lumps are observed. In the lower left part of the measured field an
interference pattern is seen. This is the emitted field which interferes with reflections from a mounting device for
the front glass plate, not seen in this figure.

Along the z-axis in front of the transducer the influence of the steel wool lumps is very small
and in this region the sound field is mainly circular. In the areas where the sound field has
propagated through the steel wool lumps the sound is clearly affected. Besides strong
damping the steel wool introduces a phase delay in the sound field. It is also observable that
the steel wool reflects very little sound. In the lower left part of the measured field
interference between emitted and reflected sound is seen. These reflections came from a
mounting device for the glass plate not visible in Figure 2.
The recordings for the reconstructions were made along a single line 350 mm away from the
transducer as shown in Figure 2. This scanning line was 312 mm long which gives a
numerical aperture of 0.41 and the complex amplitude was measured in 401 points resulting
in a sampling pitch of 0.78 mm. The transducer was driven from 37.0 kHz up to 40.0 kHz in
steps of 0.2 kHz. At each frequency the complex amplitude was measured resulting in a total
of 16 measurements. Using any of these 16 recorded complex amplitudes and following the
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reconstruction scheme described in the previous section results in Figure 4. The spot of
highest intensity is centered somewhere around z=360 mm.

Figure 4. The intensity map from a single wavelength reconstruction. The high intensity spot at z=360 mm
corresponds to the transducer.

This spot is the reconstructed source. Due to the presence of scattered sound this Figure is
hard to interpret and without knowledge of the experimental setup it can be difficult to
distinguish the high intensity spots of significance from speckles. However, if all 16
reconstructions are combined by adding the reconstructed complex amplitudes together, the
reconstructed intensity in Figure 5 is obtained.

Figure 5. The intensity map reconstructed from 16 different wavelengths registrations. This result is a big
improvement in resolution of the position of the transducer compared with Figure 4. The source can be localized
at z=350 mm, without any other information than the recorded intensity and phase along the recording line in
Figure 2.

The only high intensity spot left is the one corresponding to the source centered at z=350 mm.
The length of this image is 100 mm and the width is 15 mm which corresponds to 11 and 2
5

wavelengths in the depth and width directions respectively. The coherence length of a sound
source with the bandwidth 3 kHz is expected to be about 110 mm, which makes the depth
sensitivity reasonable. The width of the Airy spot is expected to be about 2.5 times the
wavelength explaining the width sensitivity obtained.
In Figure 6 the phases for the complex amplitudes along the central z-axis are plotted and in
Figure 7 the standard deviation over the same phases is shown. In Figure 7 there is a clear
minimum at the position of the source in correspondence with coherence theory.

Figure 6. The phases of the different reconstructed complex amplitudes along the central z-axis in Figure 5. At
z=350 mm the phases are well gathered which reveals the position of the primary source.

Figure 7. The standard deviation calculated over the phases in Figure 6. In this figure a very thorough
localization of the source can be made from the distinct minima at z=350 mm.

This behavior of the phases for the different reconstructed sound fields was used to construct
a simple filter in order to improve the depth resolution even further. The standard deviation
s 0 is subjected to scaling according to
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s

s 0  min( s 0 )
A
max(s 0 )  min( s 0 )

(1)

where min() and max() are the minimum and maximum values along each row, respectively,
so that each row i of s will be in the interval s i  >0, A@ . The scaling is performed row-wise
since the filter only should affect the depth resolution. A is a constant which determines the
hardness of the filter, i.e. if A is close to zero the filter will have almost no effect while a
higher A increases the depth resolution obtained after filtering. s is then used as input in a
weight function W e  s which is multiplied with the intensity in Figure 5. Figure 8 shows the
resulting image when A is set to 50.

Figure 8. The intensity map as a result of multiplying the intensity in Figure 5 with a weight function derived
from the standard deviation. The image of the source is located at z=350mm. With this technique a depth
resolution of 2.8 us wavelengths, 25mm, was obtained.

The image of the source has a depth of 25 mm which corresponds to only 2.8 wavelengths,
and hence the same resolution is obtained in depth and width direction respectively.
In the second reconstruction experiment only the first 150 measuring points from the top of
the measuring line in Figure 1 was used reducing the numerical aperture to 0.16. In this region
the sound field is heavily disturbed by the scattering steel wool lumps. In Figure 9, 10 and 11
the single wavelength reconstruction, the multi wavelength reconstruction and the filtered
reconstruction is seen, respectively. Even in this more complicated case the multi wavelength
method with the filter is successful and makes possible a very thorough localization of the
primary source. The reduced width resolution is due to the reduced numerical aperture. The
depth resolution on the other hand only depends on the bandwidth and is hence unchanged
compared to the reconstructions in Figures 5 and 8, respectively.
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Figure 9. A single wavelength reconstruction using only the upper first 150 measured values from the scanning
line in Figure 2. The direction towards the source is shown by this intensity map but the depth resolution is quite
poor.

Figure 10. This intensity map results from of a multi wavelength reconstruction. The high intensity spot
corresponding to the source is located at z=350 mm and y=-85 mm which only differs 4 mm from the measured
distance in the y-direction in Figure 2. This difference is probably due to small errors in measuring the distances
in the setup.

Figure 11. The intensity in Figure 10 scaled by the phase filter set at A=50 as in Figure 8 for the full line
recording.
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IV. CONCLUSIONS

Imaging of primary sound sources in turbid media has been demonstrated. A single
wavelength reconstruction made from recordings of a scattered ultrasound field provides hard
interpreted intensity maps due to speckles. However, adding several such reconstructed
complex amplitudes of different wavelengths together efficiently enhances the information of
interest and suppresses these speckles. The depth resolution achieved when 16 reconstructions
were made from recordings in the frequency interval 37.0 kHz – 40 kHz and added together
was about 100 mm, or 11 wavelengths as compared to the efficient coherence length of 100
mm. This depth resolution was improved even further by applying a filter based on the
standard deviation over the phases in the different wavelength reconstructions. This technique
provided in this case a depth resolution of 25 mm which is only 2.8 wavelengths. It is further
demonstrated that laser Doppler vibrometry is an attractive alternative for detecting the
complex amplitude of a propagating sound field in air non-intensively. By scanning an
arbitrary number of points can be measured with an arbitrary resolution hence making
possible optimization of the reconstruction scheme.
V. ACKNOWLEDGEMENTS

The authors are thankful to the Swedish Research Council for the support of this project, and
to the Kempe foundation that funded the LDV-system.
References

1.

E. Marom, D. Fritzler and R.K. Mueller, “Ultrasonic Holography by Electronic
Scanning of a Piezeoelectric Crystal,” Appl. Phys. Lett., 12 26-28 (1968).

2.

R.K. Mueller, E. Marom and D. Fritzler, “Electronic Simulation of a Variable Inclined
Reference for Acoustic Holography via the Ultrasonic Camera,” Appl. Phys. Lett., 12
394-395 (1968).

3.

Averkiou M A, Roundhill D N and Powers J E, “A new imaging technique based on the
nonlinear properties of tissues,” in IEEE Ultrasonics Symposium 2 1561-1566 (1997).

4.

Kourtiche D, Ait Ali L, Alliès L, Nadi M and Chitnalah A, “Harmonic propagation of
finite-amplitude sound beams: second harmonic imaging in ultrasonic reflection
tomography,” Meas. Sci. Technol. 15, 21-28 (2004).

5.

Lökberg O. J., “Sound in flight: measurement of sound fields by use of TV holography,“
Appl.Opt. 33(13): 2574-2584 (1994).

6.

Lökberg O. J., Espeland M. and Pedersen H. M., “Tomographic reconstruction of sound
fields using TV holography,” Appl.Opt. 34(10): 1640-1645 (1995).

7.

Schedin, S., Wåhlin, A. O and Gren, P., "Transient acoustic near field in air generated
by impacted plates," J. Acoust. Soc. Am. 99(2): 700-705 (1996).

8.

Gren, P., Schedin, S and Li, X., "Tomographic reconstruction of transient acoustic
fields recorded by pulsed TV holography," Appl. Opt. 37(5): 834-840 (1998).

9

9.

Schedin, S., Lambourg, C and Chaigne, A., "Transient sound fields from impacted
plates: Comparison between numerical simulations and experiments," Journal of Sound
and Vibration. 221(3): 471-490 (1999).

10. Zipser, L., Lindner, St. und Behrendt, R.; “Anordnung zur Messung und visuellen
Darstellung von Schalldruckfeldern” (Equipment for measurement and visualisation of
sound fields) Patent DE 10 057 922 vom 23.11.2000
11.

Zipser, L. and Lindner. S., “Visualisation of Vortexes and Acoustic Sound Waves, ”
Proc. 17th Int. Congress on Acoustics, Volume I, Physical Acoustics part B,
Ultrasonics, quantum acoustics and physical effect of sound: 24-25, Rome September:
2-7 (2001).

12.

Zipser L., Franke H., Olsson E., Molin N-E., Sjödahl M., ”Reconstruction twodimensional acoustic object fields by use of digital phase conjugation of scanning laser
vibrometry recordings,” Appl. Opt. 42(29): 5831-5838 (2003).

13. Mandel L. and Wolf E., Optical coherence and quantum optics, Cambridge University
Press (1995).

10

Paper E
Selective imaging of sound sources in air
using phase calibrated multi wavelength
digital holographic reconstructions

Selective imaging of sound sources in air using phase calibrated multi
wavelength digital holographic reconstructions
Erik Olsson
Experimental Mechanics, Luleå University of Technology, SE-97187, Luleå, Sweden

ABSTRACT
A method for selective imaging using multi wavelength digital holographic reconstructions
and the phase response of a sound source is demonstrated. Several sound measurements, using
laser vibrometry, and digital reconstructions are made for several frequencies of the sound
field emitted from two ultrasound transducers with different phase characteristics. Adding the
reconstructed complex amplitudes together and applying a filter derived from the standard
deviation over the phases for the different reconstructions makes possible a selective imaging
of primary sources. When the imaging method is calibrated for a certain phase response, only
primary sources with that particular phase response are imaged. Other sources and unwanted
speckles are efficiently suppressed. The depth resolution obtained is three wavelengths.
1. INTRODUCTION
Localization and imaging of primary sound sources is of importance in both non-destructive
testing and biomedical imaging. The primary sources are sound emitters which might be
electrically driven transducers or mechanically driven vibrations. Another example of primary
sound sources is objects vibrating due to an energy exchange process with an external
electromagnetic field, i.e. as in opto-acoustic tomography1. A technique for selective imaging
which makes it possible to classify and identify primary sound sources would be useful in
both industrial and medical applications.
Since Metherell et al2 showed that acoustical holography yielded better results than the
conventional acoustical lens systems for image formation, a lot of work has been done in
acoustical holography. By electric scanning of a piezo-electric chrystal, on which two sonic
beams interfered, Marom et al3 obtained acoustical holograms. Images were then optically
reconstructed from these holograms. So far acoustical holography experiments were direct
analogies of optical holography arrangements with an object and a reference wave. But in4 the
sonic reference beam was replaced by an electronic signal simulating an artificial plane wave.
It was also shown by Metherell et al5 that holograms obtained with a spatially scanning source
were identical to the conventional scanned detector holograms. In6 the linearity of acoustical
detectors was taken into advantage and the need for a reference signal, real or simulated, was
obviated. Reconstructions were made from a temporal reference acoustical hologram recorded
using a Sokolov ultrasound camera.
In the eighties Near-field Acoustic Holography (NAH) was proposed and developed7-10. Since
then this technique has mainly been used for studying sound radiating from vibrating
structures11. In the end of the nineties a new technique, Helmholtz Equation Least Square
(HELS), was developed by Wu et al12-13. The acoustic field radiating from a vibrating bowling
ball was reconstructed using HELS14. HELS was also later used to form a hybrid near field
acoustic holography method15which could reconstruct acoustic radiation from an arbitrary
object in a cost-efficient manner.
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The advantages of non-invasive medical diagnostic systems has motivated research in
optoacoustics16-18 where ultrasonic waves inside biological tissue are generated with short
laser pulses. This was applied by Hoelen et al who imaged blood vessels in chicken breasts19
and by Niederhauser et al who recorded opto-acoustic waves with a Schlieren based detection
method20.
The purpose of this paper is to introduce a method for selective imaging of primary sound
sources. Multi-wavelength digital reconstructions of the sound field and the phase responses
of the transducers are used to derive a filter which efficiently suppresses unwanted
information. Only the transducer of interest is imaged. The reconstruction method used is
based on the exact solution to the Helmholtz equation21. The sound is measured using laser
vibrometry, which was first suggested by Zipser et al in22-23. Since it is an optical method it
has the advantage of being non-disturbing. Besides that, the laser vibrometer also provides
both qualitative and quantitative data when measuring on sound fields. The phase is obtained
directly and the amplitude can be calculated from the measurement data.
2. THEORY
In this section some theory concerning both the measurement method and the reconstruction
method are treated. When performing measurements on a three-dimensional sound field with
laser vibrometry, the result will be a two-dimensional projection since the probing beam
traverses the measurement volume. This projection causes some effects discussed in this
section, but for a more thorough investigation of the projection effects see24. The
reconstruction method and its properties are also described, as well as the multi-wavelength
method and the filter technique which makes selective imaging possible.

2.1 Sound measurements using laser vibrometry
The optical path length for a ray of light traversing a transparent medium can be described by

L

³ n( x, y, z, t )dl

(1)

where the integral is taken over the geometrical path and n(x,y,z,t) is the refractive index
along that path. The laser Doppler vibrometer, LDV, is normally used to measure surface
vibrations by detecting the rate of change in optical path. If now a rigid reflector is used
instead of a vibrating surface, which means that the geometrical distance is constant, the rate
of change in optical path is due to the rate of change in the refractive index
d
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where d is the distance from the scanning head of the LDV to the rigid reflector. Assuming
adiabatic conditions, the relation between the pressure and density is described by
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where p0 and ȡ0 are the undisturbed pressure and density respectively. p and ȡ are the acoustic
contributions to the overall pressure and density fields and Ȗ is the specific-heat ratio. Now,
the refractive index can be coupled to the density of a gas using the Gladstone-Dale equation25
2
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(4)

where K is the Gladstone-Dale constant. If now the pressure variations p are small in
comparison to the undisturbed atmospheric pressure the time derivative of the refractive index
is given by
n
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Combining equations (2) and (5) yields the following expression for the rate of change in
optical path
d
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If the pressure variations are constant along the distance of integration, there is a linear
relation between the pressure variations and the rate of change in optical path,
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However, in most cases the pressure variations will not be constant along the path of
integration. When measuring a sound field the probing beam from the LDV will traverse
regions with different pressure variations and the resulting measurement will be a twodimensional projection of the actual three-dimensional field. The effects of this projection can
be studied by constructing the spiral diagram illustrated in Figure 1. The similarities between
this spiral and the Cornu-spiral26 are not a coincidence. In fact, the spirals are constructed
from the same principal, but the opposite situation. In the case of the Cornu-spiral, the
complex amplitude at a point behind an aperture is studied. The complex amplitude at that
point is given by an integral over a complex amplitude in the aperture plane. When the
aperture size is increased the phase of the new contributions to the integral will be slightly
shifted from the previous ones. Due to this, the phase and the amplitude of the complex
amplitude at the observing point will vary in such a way that if plotted in a diagram with real
and imaginary axes, it will result in a converging spiral. The resulting complex amplitude at
the observing point behind the aperture can be obtained by locating the point on the spiral
corresponding to the actual aperture size.
The spiral plotted in Figure 1 is constructed from the same principle. However, this time the
source is not an aperture but a point source. A simulation was made where a three
dimensional sound field from a point source situated on the z-axis, emitting a spherical sound
field, were calculated. In order to simulate a sound measurement using laser vibrometry, the
measured complex amplitude at a point on the z-axis in front of the transducer were calculated
by taking a sum of the complex elements in the matrix along the y-axis. Increasing the size of
the matrix in the y-direction, the projection depth, corresponds to increasing the aperture size.
Just as an aperture, the projection depth can also be divided into Fresnel-zones. This will
introduce contributions with a phase slightly shifted from previous contributions, and an
amplitude somewhat weaker. Thus, when the complex amplitude is plotted in a realimaginary diagram it appears as a converging spiral very similar to the Cornu-spiral.
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Figure 1. The obtained complex amplitude for different projection depths.

The circle marked ”True amplitude” is the complex amplitude at a point on the z-axis, 20
wavelengths away from the source. Because of the distance equal to an even number of
wavelengths the complex amplitude is positive and real. Each following circle represents a
projection along the y-axis over a larger depth than the preceding circle. Since the amplitudes
of the new contributions become weaker and weaker as the projection depth grows the spiral
converges. The converged complex amplitude is the measured amplitude when measuring
over a large depth compared to the wavelength. From this spiral-diagram two projection
effects can be estimated. The enhancement factor is defined as
enhancement factor

Measured amplitude
True amplitude

(8)

and the absolute phase change defined as

absolut phase change Measured phase - True phase .

(9)

If now, once again, the simulated point source is considered, spirals as the one plotted in
Figure 1 can be constructed for different distances from the source along the z-axis. This was
done for distances ranging from 5mm to 200 mm from the source for a wavelength of 10mm.
From these spiral diagrams the enhancement factor and the absolute phase change was
calculated and plotted in Figure 2 (a) and (b) respectively. In (a) it can be observed that the
enhancement factor grows with the distance z. This means that the amplitude of a spherical
sound field measured using laser vibrometry will appear to decay slower than 1/z. The
enhancement factor is also stronger for sound fields with lower frequency. This is due to the
longer wavelength which causes the projection depth corresponding to the first Fresnel-zone
to be larger. This means that a higher number of strong contributions near the z-axis will add
up constructively.
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Figure 2. The enhancement factor for the amplitude and the absolute phase change versus the distance
z are plotted in (a) and (b) respectively. The absolute phase change along the y-axis is plotted in (c).

In Figure 2 (b) the absolute phase change is plotted versus distance from the source. Here the
curve for 37kHz and 43 kHz coincides. This justifies the assumption that for the interval 3743 kHz, the absolute phase change is frequency independent. The absolute phase change
shows a small increase in the region close to the source but beyond 50mm away from the
source it remains constant. In Figure 2 (c) the absolute phase change is studied at z=200mm.
The projection is taken along the x-axis and the absolute phase change is calculated at
different points on the y-axis. Also here the absolute phase change is constant and the two
curves coincide. This is a crucial property of the obtained phase when using the measured
complex amplitude for two-dimensional digital holographic reconstructions of the sound field.
In that case, when it comes to the phase, it is of most importance that the internal relationship
between the measured points is preserved. Consider the example of a single point source. In
an ideal measurement the measured phase describes a circular wave and the point source can
without problems be reconstructed. If, however, the measured phase is changed in any way,
maybe due to the measurement method, a correct reconstruction of the actual sound field
cannot be made. In the case of a systematic error which would change the curvature of the
measured phase the reconstructed point source would end up in the wrong position. A random
error could cause the point source to not show up at all in the reconstructed sound field. In the
experiments described in this paper however, the phase for all measured points suffer from the
same amount of error and the effects mentioned above will not occur.

2.2 Reconstruction principle
If the complex amplitude u(y,0) in the plane z=0 is known, the complex amplitude u(y,z) in
any plane z>0 can be calculated using the exact solution to Helmholtz equation[20]
f

u y, z

³ u~ V

y

exp>ikzq @ exp>ikyv@dv

(10)

f

where u~ (V y ) is the Fourier transform of the known complex amplitude u(y,0), k

2S

O

is the

wavenumber and Ȟ and q are dimensionless spatial frequencies along the y- and z-directions
respectively with the relation Q 2  q 2 1 . If a sound field is measured along a single line, the
whole two-dimensional sound field can be reconstructed by phase conjugation of the
measured complex amplitude before use of equation (10)27. If the phase of the emitted sound
is equal to ȕ at the position of the source when the measurement is done at a distance r from
the source, the phase of the measured complex amplitude is D kr  E . If the measured
complex amplitude now is phase conjugated, D  kr  E , and propagated a distance r further
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the phase will be equal to D  E . This is due to the fact that the phase will change with an
amount of kr due to a propagation of a distance r. Thus, in the case of a single point source,
the phase of the complex amplitude in the reconstruction at the position corresponding to the
source is equal to the conjugated phase of the emitted sound, independent of the wavelength.
This is the foundation for a method based on the use of several wavelengths introduced in28.
Several measurements of the sound field are made and between each measurement the
frequency is changed. If now a reconstruction is made for each measurement, and all
reconstructed complex amplitudes are added together, they will only add up constructively at
the position corresponding to the source where they have the same phase. In this way
unwanted speckles are suppressed and the depth resolution increased.
A problem however, is the phase response of the ultra sound transducer when it is driven at
different frequencies. The phase ȕ is not constant when the frequency changes but instead
ȕ=ȕ(f). This was solved in28 by using a microphone as a reference in the sound measurements.
The measured phase was this way instead D kr  kd m , where dm is the distance from the
sound source to the microphone. So for the multi-wavelength to work the position of the
source relative to the microphone must be known and compensated for by adding the phase
component kdm to the measured phase before phase conjugation. This was of course a major
drawback with the method. In this paper however, a phase calibration technique is used which
makes the multi-wavelength method possible without using a microphone for the reference
signal. This is done by first measuring the phase response of the ultrasound transducers. Then
the known phase response ȕ(f) can be subtracted from the measured phase before phase
conjugation and the signal to the transducers can also be used as a reference signal. Another
advantage of using a known phase response is that only sources with the phase response of
interest will be imaged in such a multi wavelength reconstruction. This is hence a useful
method for selective imaging.
3. EXPERIMENTS

Two different ultrasound transducers are used for the experiments in this paper. One of the
transducers, named type A, has a resonance frequency of 40 kHz according to the
specifications. The sound pressure at a distance of 30cm from the transducer is >100dB when
operating at this frequency and the amplitude of the signal is 10V. The other transducer,
named type B, has unknown specifications. However, the only thing of importance for the
experiments in this paper is the fact that the transducers have different phase responses. In all
experiments the amplitude of the signal to the transducers is 9V.
For the sound measurements using the LDV the bandwidth was set to 50kHz with a frequency
resolution of 125Hz. The vibrometer channel range was set to 500mV and the velocity
sensitivity was 5mm/s / V. In the measurements the maximum speed measured was about 300
μm/s which corresponds to a signal of 60mV, high above the noise level for this purpose. A
white-painted heavy concrete block (1.3 x 1.2 x 0.4m3) was used as a rigid reflector.
In order to confirm the spiral obtained from the simulations the experiment illustrated in
Figure 3 was performed. An ultrasound transducer, operating at 40 kHz, is situated to the left,
1.5m from the reflector. The sound field was measured at 201 points, with a pitch of 1mm,
along the z-axis in front of the transducer using laser vibrometry. The distance between the
LDV and the reflector was about 3m which corresponds to about 300 wavelengths. This
means that it can be assumed that the obtained complex amplitude is the converged value
according to the spiral in Figure 1. In Figure 4 the measured amplitude is plotted and as
predicted the decay is slower than 1/z. However, if the measured amplitude is divided with the
enhancement factor plotted in Figure 2, the quotient drops off as 1/z. This is an indication of
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that the spiral plotted in Figure 1 can serve as a good explanation for the projection effects
that occur when measuring three-dimensional spherical sound fields using laser vibrometry.

Figure 3. The setup used for the phase-calibration measurements. The ultrasound transducer is
situated to the left, 1.5m from the reflector in the x-direction, and emits sound in the positive zdirection. This sound is measured by the LDV, which is situated 3m from the reflector in the xdirection, at 201 points evenly distributed over a distance ranging from 5mm to 205mm from the
transducer.

Figure 4. The measured and corrected amplitude plotted versus distance from the transducer.

3.1 Phase calibration
For the calculation of the phase response ȕ(f), the measured data in the previous experiment
were used. The measured phase is equal to

D ( z, f ) kz  E ( f )

(11)

where z was varied from 5mm to 205mm with a step of 1mm. To obtain the phase response
ȕ(f) the term kz must be subtracted from the measured phase Į(z,f). ȕ(f) can then be taken as
the mean value of the result from the subtraction. But to be able to do this correctly the
wavenumber k for the sound field must be calculated. The frequency is obtained from the
7

measurement but the correct speed of sound for the current conditions is unknown. If an
erroneously speed of sound is assumed the subtraction will be equal to

D ( z, f )  k a z (k  k a ) z  E ( f )

(12)

where ka is the assumed wavenumber and the term (k-ka)z causes a drift in the obtained phase
response instead of a constant value equal to ȕ(f). To find out the current speed of sound, ȕ(f)
can be calculated for different assumptions of the speed of sound. The speed that minimises
the standard deviation of the calculated phase response ȕ(f) can then be assumed to be the
correct speed of sound. In Figure 5 the result from such a calculation is plotted. The standard
deviation of the expression in equation (12) is plotted versus different assumed speeds for the
sound field. From this plot the speed of sound was estimated to be 344m/s.

Figure 5. The standard deviation for the calculated phase response plotted versus the speed of sound.

Using this speed for the sound field the term (k-ka)z is almost equal to zero and the phase
response ȕ(f) can be calculated using equation (12). In Figure 6(a) the phase response ȕ(f) is
plotted versus the frequency for two different ultrasound transducers. The important
difference between the phase responses for these two transducers is not the offset, but the
different shape of the response-curves. The two curves have a quite similar shape below 40
kHz. But above that frequency the curve for the type B transducer is almost flat whilst the
curve for the type A transducer is a straight line with a negative slope. In Figure 6(b) the
amplitude response is plotted, calculated from the same measurements as the phase response.
The type A transducer has a peak at 39.75 kHz, according to the specifications the resonance
frequency should be 40 kHz, and the type B transducer has a peak at 38.75 kHz. As
observable the transducer of type A is overall much stronger than the transducer of type B.
The measured amplitude was divided by the enhancement factor plotted in Figure 2(a). The
quotient was then multiplied with z and the amplitude response was taken as the mean vale of
that product.
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Figure 6. The measured phase and amplitude response for the two ultrasound transducers are plotted
in (a) and (b) respectively.

3.2 Localization of sound sources
The setup illustrated in Figure 7 was used to test the phase calibration for the purpose of
selective imaging. The distance to the rigid reflector from the LDV was 3m. In the middle,
1.5m from the reflector, two ultrasound transducers were situated to the left. They were
operated at the same time from the same signal at a frequency ranging from 37-43 kHz, Ȝ=89.3mm, with a step of 250Hz. At each frequency a measurement of the complex amplitude
was made, using laser vibrometry, along a single line in the y-direction. The complex
amplitude was measured at 225 points with a pitch of 1mm. The distances between the
measurement line and the transducers were 200mm and 175mm for transducer type A and B
respectively.

Figure 7. The setup used for the selective imaging experiments using two ultrasound transducers with
different phase response. The transducers are situated 1.5m from the reflector in the x-direction and
the LDV is situated 3m from the reflector in the x-direction. The transducers are separated by 70mm
and 25 mm in the y- and z-direction respectively. The sound is measured at a line parallel to the yaxis. The scanning line consists of 225 measuring points with a pitch of 1mm, and is situated 200mm
and 175mm from the transducer type A and B respectively.
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If now only the measurement at 38.50kHz is used for reconstruction of the ultrasound field,
only the source of type B is imaged in the reconstruction, see Figure 8(a). The explanation for
this can be found in Figure 6(b) where the amplitude responses are plotted. For 38.5kHz type
B is much stronger than type A and because of this the transducer of type B is dominant in the
reconstruction. In Figure 8(b) where a single frequency reconstruction is plotted for 39.75kHz
the situation is the opposite. For this frequency the transducer of type A is the stronger one,
see Figure 6(b), and hence also the dominant in the reconstruction.

Figure 8. The reconstructed intensity for the measured sound field at 38.50 kHz and 39.75 kHz is
plotted in (a) and (b) respectively.

If all 25 reconstructed complex amplitudes are added together without considering the phase
response ȕ(f), the resulting intensity I is described by
2

n

I

¦u

j

(13)

j 1

where uj is a reconstruction according to equation (10) for a certain frequency and n is the
number of reconstructions of different frequencies. The result from the sum in equation (13) is
plotted in Figure 9.

Figure 9. A multi-wavelength reconstruction without consideration of any phase response is plotted.
Both transducers are visible but located at the wrong positions.
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The waves still add up constructively, but at the wrong place, both transducers appear about
25mm further away than the true position. The transducer of type A is dominant since it is
overall the stronger one. If now the phase response ȕ(f) is considered, and that phase
component removed from all reconstructions before the summation, the intensity is described
by
2

n

I

¦u e

iE ( f j )

(14)

j

j 1

where ȕ(fj) is the phase response for frequency fj. The result is plotted in Figure 10 where the
phase response for the transducer of type A is considered in (a). Both transducers are visible
but only type A is imaged in the correct position, 200mm from the measurement line. In (b)
the reconstruction is instead compensated for the phase response of the transducer of type B.
This time the image of transducer of type A is pushed back a few millimetres and the
transducer of type B is imaged in the correct position. In both multi wavelength
reconstructions however, transducer type A is the stronger one.

Figure 10. The multi-wavelength reconstruction phase-calibrated for the transducer of type A and type
B is plotted in (a) and (b) respectively.

The fact that the phase should be the same for the reconstructions for different wavelengths
can be taken into advantage. The standard deviation calculated over the phases for the
different reconstructions can be used to construct a filter29, a weight function which is
multiplied with the multi-wavelength reconstructions plotted in Figure 10. This way the
filtered reconstructed intensity is described by
n

If

WI

2

W ¦u je

iE f j

(15)

j 1

where the weight function W is defined as

W

e V s

(16)
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and ıs is the standard deviation after scaling according to

Vs

K

V  V min
.
V max  V min

(17)

The minimum and maximum values of ı are global minimum and maximum in the
reconstruction map. The scaling described in equation (17) makes V s  >0, K @ . K is then a
constant which determines the hardness of the filter. If K is set to zero the filter has no effect,
but a larger K increases the depth resolution obtained after usage of the filter. The weight
function is equal to unity where the standard deviation has its minimum and then it rapidly
decreases. In Figure 11 (a) and (b) this filter is applied to both reconstructions plotted in
Figure 10 (a) and (b) respectively. The reconstruction is phase calibrated for transducer type
A and type B in (a) and (b) respectively. In both cases only the transducer of interest is visible
in the reconstruction, and the images appear in the correct position. The size of the spots
corresponding to the sources is 25mm which corresponds to only 3 wavelengths.

Figure 11. The multi-wavelength reconstruction phase-calibrated for the transducer of type A and type
B is plotted after filtering in (a) and (b) respectively.

4. CONCLUSIONS
A method for selective imaging based on the use of multi wavelength digital holographic
reconstructions and the phase response of a sound source has been demonstrated. In the
reconstruction technique used, the phase of the reconstructed complex amplitude is the
conjugate of the phase of the emitted sound field. This means that at the position of a primary
source, the reconstructed phase is independent of the wavelength. This property is the
foundation of the multi wavelength method and the selective imaging technique presented.
Several measurements of a sound field were made, and between each measurement the
frequency of the signal to the ultrasound transducer were slightly shifted. For each
measurement a reconstruction were made and all reconstructed complex amplitudes were
added together. If the phase response of the transducer is considered the reconstructed
amplitudes only adds up constructively at the location corresponding to the transducer, which
effectively suppresses unwanted speckles. Further on, a filter can be constructed from the
standard deviation over the phases for the different reconstructed complex amplitudes. Using
12

this filter, not only unwanted speckles are suppressed, but selective imaging is achieved when
also primary sources with a different phase response are suppressed. Another advantage using
the filter is the high resolution obtained. In the experiments reported here the sizes of the
reconstructed sources in the z-direction were only about 25mm which corresponds to only 3
wavelengths.
Since the standard deviation always varies from zero to a constant A, due to the scaling, the
maximum value of the filter will always be equal to unity. This means that there will always
be a point in the reconstruction map which will not have its amplitude reduced by the masking
process. If a phase response, not matching any of the transducers in the experiment, is used in
the reconstruction process a ghost image of a sound source could be produced. However,
when comparing the filtered image with the multi wavelength reconstruction and the single
wavelength reconstructions, such a sound source image may be discarded since it may not
have a corresponding high intensity image at the same location in those reconstructions.
When searching for unknown sound sources it could be better to make a different scaling of
the standard deviation, not making the minimum value equal to zero. Then the masking
process will reduce the amplitude all over the reconstruction map if the used phase response
not matches any of the sound sources used in the experiment.
5. ACKNOWLEDGEMENTS

The author is thankful to the Swedish Research Council for the support of this project, and to
the Kempe foundation that funded the LDV-system.
References

1.

K. P. Köstli, M. Frenz, H. P. Weber, G. Paltauf, and H. Schmidt-Kloiber, “Optoacoustic
tomography: time-gated measurement of pressure distributions and image
reconstruction”, Applied Optics 40(22), 3800-3809 (2001).

2.

A. F. Metherell, H. M. El-Sum, J. J. Dreher and L. Larmore, “Introduction to acoustical
holography”, JASA 42(4), 733-742 (1967).

3.

E. Marom, D. Fritzler and R.K. Mueller, “Ultrasonic Holography by Electronic
Scanning of a Piezeoelectric Crystal”, Appl. Phys. Lett. 12(2), 26-28 (1968).

4.

R.K. Mueller, E. Marom and D. Fritzler, “Electronic Simulation of a Variable Inclined
Reference for Acoustic Holography via the Ultrasonic Camera”, Appl. Phys. Lett.
12(11), 394-395 (1968).

5.

A. F. Metherell and S. Spinak, “Acoustical holography of nonexistent wavefronts
detected at a single point in space”, Appl. Phys. Lett. 13(1), 22-24 (1968).

6.

A. F. Metherell, S. Spinak and E. J. Pisa, “Temporal reference acoustical holography”,
Appl. Opt. 8(8), 1543-1550 (1969).

7.

J. D. Maynard and E. G. Williams, “Nearfield holography, a new technique for noise
radiation measurement”, in Proceedings of NOISE-CON 81 19–24 (1981)

8.

E. G. Williams, H. D. Dardy, and R. G. Fink, “Nearfield acoustic holography using an
underwater, automated scanner”, JASA 78(2), 789–798 (1985).

13

9.

J. D. Maynard, E. G. Williams, and Y. Lee, “Nearfield acoustic holography: I. Theory
of generalized holography and the development of NAH”, JASA 78(4), 1395–1413
(1985).

10.

W. A. Veronesi and J. D. Maynard, “Nearfield acoustic holography
NAH: II. Holographic reconstruction algorithms and computer implementation”, JASA
81(4), 1307–1322 (1987).

11.

E. G. Williams, “Fourier Acoustics: Sound Radiation and Nearfield Acoustical
Holography”, Academic Press, London, UK, (1999).

12.

Z. Wang and S. F. Wu, “Helmholtz equation-least–squares method for reconstructing
the acoustic pressure field”, JASA 102(4), 2020-2032 (1997).

13.

S. F. Wu, “On reconstruction of acoustic pressure fields using the Helmholtz equation
least squares method”, JASA 107(5), 2511-2522 (2000).

14.

S. F. Wu, N. Rayess and X. Zhao, “Visualization of acoustic radiation from a vibrating
bowling ball”, JASA 109(6), 2771-2779 (2001).

15.

S. F. Wu, “Hybrid near-field acoustic holography”, JASA 115(1), 207-217 (2004).

16.

M. Frenz, G. Paltauf and H. Schmidt-Kloiber, “Laser-generated cavitation in absorbing
liquid induced by acoustic diffraction”, Phys. Rev. Lett. 76(19), 3546-3549 (1996).

17.

G. Paltauf and H. Schmidt-Kloiber, “Measurement of laser-induced acoustic waves
with a calibrated optical transducer”, J. Appl. Phys. 82(4), 1525-1531 (1997).

18.

A. A. Oraevsky, S. L. Jacques and F. K. Tittel, “Measurement of tissue optical
properties by time-resolved detection of laser-induced transient stress”, Appl. Opt.
36(1), 402-415 (1997).

19.

C. G. A. Hoelen, F. F. M. de Mul, R. Pongers and A. Dekker, “Three-dimensional
photoacoustic imaging of blood vessels in tissue”, Opt.
Lett. 23(8), 648-650 (1998).

20.

J. J. Niederhauser, D. Frauchiger, H. P. Weber and M. Frenz, “Real-time optoacoustic
imaging using a Schlieren transducer”, Appl. Phys. Lett. 81(4), 571-573 (2002)

21.

Mandel L and Wolf E, “Optical coherence and quantum optics”, Cambridge University
Press (1995)

22.

L. Zipser, S. Lindner und R. Behrendt, “Anordnung zur Messung und visuellen
Darstellung von Schalldruckfeldern” (Equipment for measurement and visualisation of
sound fields) Patent DE 10 057 922 vom 23.11.2000

23.

L. Zipser and S. Lindner “Visualisation of Vortexes and Acoustic Sound Waves”. Proc.
17th Int. Congress on Acoustics, Volume I, Physical Acoustics part B, Ultrasonics,
quantum acoustics and physical effect of sound: 24-25, Rome September 2-7 (2001).

14

24.

E. Olsson and K. Tatar, ” Sound field determination and projection effects using laser
vibrometry”, Meas. Sci. Tech. 17(10), 2843-2851 (2006)

25.

C. M. Vest, “Holographic Interferometry”, New York: Wiley (1979)

26.

F. L. Pedrotti and L. S. Pedrotti, “Introduction to optics”, Englewood Cliffs
N.J.: Prentice Hall (1993)

27.

L. Zipser, H. Franke, E. Olsson, N-E. Molin and M. Sjödahl, “Reconstruction twodimensional acoustic object fields by use of digital phase conjugation of scanning laser
vibrometry recordings”, Appl. Opt. 42(29), 5831-5838 (2003)

28.

E. Olsson, N-E. Molin, M. Sjödahl, L. Zipser and H. Franke, “Scattered ultrasound
fields measured by scanning laser vibrometry”, Proceedings of SPIE Vol 5144, Optical
Measurements systems for industrial inspection III, June 23-26, Munich, Germany
(2003)

29.

E. Olsson, M. Sjödahl and L. Zipser, ”Locating primary sound sources in scattering
media using multifrequency digital holographic reconstruction”, Optical Engineering
45(01), 015801 (2006)

15

Paper F
Tomographic
reconstruction
of
ultrasound fields measured using laser
vibrometry

TOMOGRAPHIC RECONSTRUCTION OF ULTRASOUND FIELDS
MEASURED USING LASER VIBROMETRY

Kourosh Tatar, Erik Olsson and Fredrik Forsberg
Luleå University of Technology, Div. of Experimental Mechanics
971 87 Luleå, Sweden
kourosh.tatar@ltu.se

ABSTRACT
A method for obtaining the three-dimensional amplitude and phase distribution of an ultrasound field in air, using laser
vibrometry and computed tomography, is described. Radiating ultrasound transducers causes pressure changes in the air,
which lead to refractive index changes. This change in refractive index can be measured using optical methods like laser
vibrometry. If the geometry is kept constant during a measurement with a laser vibrometer, the measured rate of change in
optical path is strictly due to the rate of change in refractive index. The measured complex amplitude is an integral of the
refractive index changes along the path of the probing beam of the laser vibrometer through the measurement volume, which
means that a measurement on a three-dimensional sound field will result in a two-dimensional projection. By rotating the
transducer configuration 360 degrees and making measurements at evenly distributed angles the full three-dimensional
complex amplitude is reconstructed using a cone-beam tomography algorithm.
Introduction
Ultrasound in the frequency from 20 kHz up to megahertz is applied in many industrial and medical applications. The
conventional ultrasound sensors, microphones; transducer arrays or mechanical scanners, have in the application of mapping
a 2D sound field one major drawback; they obviously disturb the measurement field due to the sensor body, especially at close
region of the transducer. Optical measurement methods are non contact, and non intrusive and therefore suitable for
measurement and visualization of sound fields. In 1994 Lökberg [1] proposed TV-holography, a whole field measurement
method for harmonic sound field measurements in air. Since then numerous papers have been published on measurements of
acoustic fields using TV holography. Lökberg et al. [2] and Gren et al. [3] showed that by recording several projections of the
sound field and using tomographic principles, the amplitude and phase of the sound field can be reconstructed in every part of
the measured volume. Another optical measuring technique is the light diffraction method which is based on the Schlieren setup system [4]. Almqvist et al. [5-7] have for example used the light diffraction tomography on ultrasound fields for the
characterization of the ultrasonic transducers.
Zipser et al. [8, 9] proposed a point measuring method, scanning laser vibrometry, for the measurement and visualization of
sound fields, which is the method used in this work. With this technique the absolute phase of the field is obtained directly from
the measurements while the amplitude needs some calculations. The nature of the laser vibrometer opens the possibility to
measure the sound field without influencing the acoustic field from frequencies of hundreds of hertz up to megahertz with
higher sensitivity compared to TV holography [2, 3, 10]. Several measurements and investigations in different applications
have been conducted during the years: Molin et al. [10] and Gren et al. [11] have presented visualizations of 2D projections of
sound fields in air from music instruments. Harland et al. [12] and Wang et al. [13] have measured underwater acoustic fields,
the former investigated how the angle of incidence of the laser light and the acoustic axis affects the laser vibrometer output. In
[14] by Nakamura et al. the air inside a aluminium ring was excited by a vibrating transducer and the resulting standing wave
inside the ring, also the radiated field outside the ring were measured and visualized using a scanning laser vibrometer.
Šlegrová et al. [15] showed the possibility and benefits of the laser interferometry technique for measurements in closed
chambers with transparent walls i.e. an air field glass tube. However, the laser vibrometry technique discussed in the
mentioned studies provides a two-dimensional projection of a three-dimensional sound field and one must always pay
attention to this effect if there is a pressure variation along the laser probe. Some of this projection effects are investigated
thoroughly by Olsson and Tatar in [16].

Tomographic reconstruction of ultrasound fields using 2D laser vibrometry projections was for the first time proposed by Matar
et al. [17, 18]. However, they used only a single ultrasound transducer, assumed symmetric sound source and recorded
projections distributed over only 180˚. The obtained results showed the ultrasonic pressure variations in a plane, perpendicular
to the transducer.
In this paper we reconstruct ultrasound filed from three to four transducers arranged in a 1) symmetric and 2) non-symmetric
way emitting at different phases. Using Laser Projections distributed over 360˚ the interaction between the waves from the
different transducers are resolved. Before the actual sound measurements, the vibrating membrane of the transducers were
measured by the laser vibrometer which showed that they were vibrating at their fundamental mode. Hence, we assume that
the transducers are ideal plane-piston acoustic sources.
Sound measurements using the Laser Doppler Vibrometer.
Basically, the laser vibrometer is an interferometer which measures the rate of change in the optical path length [19], normally
used on vibrating surfaces. In order to use the laser vibrometer for sound measurements, a special arrangement must be
used, see Figure 1. The sound field propagating through the measurement volume (the distance the laser beam undertakes
between the laser vibrometer head and the rigid reflector) will disturb the density distribution in air and consequently cause
pressure fluctuations [8, 9]. The spatial and temporal pressure fluctuations cause in turn changes in the refractive index,
n(x,y,z,t). The optical path length for the ray through the air is described by

³ n( x, y, z, t )dl ,

s

(1)

where dl is the differential distance for the travelled light. Since the geometrical distance for the laser beam is constant, and
the fact that the laser beam passes through the measurement volume twice, the rate of change in optical path is
L 



2 ³ n( x, y, z , t )dl ,

s

(2)

0

where L is the distance from the laser vibrometer head to the reflector. Thus, the laser vibrometer output is a virtual velocity of
the non-moving reflector and gives both qualitative and quantitative information of the sound field, i.e. the phase of the sound
field. In order to obtain the amplitude of the sound pressure the following calculations are needed:
The density distribution of the gas (air) is coupled to the refractive index by the Gladstone-Dale relation [20]
(3)

n  1 KU ,

where K, the Gladstone-Dale constant, is a property of the air which is a function of the wavelength and temperature. Under
adiabatic conditions the pressure is related to the density as
p0  p
p0

J

ª U0  U º
«
» ,
¬ U0 ¼

(4)

where p0 and ȡ0 are the undisturbed pressure and density respectively. p and ȡ represent the acoustic contribution to the
overall pressure and density fields and Ȗ is the specific-heat ratio. If the pressure fluctuations p, are small in comparasion to
the undisturbed atmospheric pressure, p0, the time derivative of the refractive index is given by


(5)
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Combining Eq. ( 5 ) and Eq. ( 2 ) yield
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Figure 1. Principle arrangement for measuring sound fields using laser vibrometry. Since the distance between the laser
vibrometer head and the reflector is held constant, the change in optical path is due to refractive index variation, which is
caused by the sound field.
For the special case where the pressure variations are constant along the path of integration, the relation between the
pressure variations and the rate of change in the optical path is linear
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However, in most cases the pressure variations will not be constant along the path of integration. When measuring a sound
field the probing beam from the LDV will traverse regions with different pressure variations and the resulting measurement will
be a two-dimensional projection of the actual three-dimensional field. The projection effects were investigated in previous work
[16] and are in this paper used to obtain a tomographic reconstruction of the sound field.

Reconstruction procedure
The methodology for reconstructing spatial distributions in a cross-section of an object with computed tomography (CT) is most
commonly carried out, in medical applications, using x-rays.
This methodology can however be abducted to other regimes of the electromagnetic spectrum, provided that there is an
interaction between the light and matter. The interaction implies that the complex amplitude of the light can be related to the
propagation distance through the object.
Here we make use of the CT methodology to reconstruct sound pressure variations in free space (air) based on data acquired
using LDV. The imaging geometry using a point scanning LDV is principally similar to the geometry of an x-ray CT system.
The most noticeably difference is that the projection data here is acquired using interferometry. The sound pressure variations
yield a phase shift, į, that stand in direct relation to the change in optical path. Thus the phase of the probing beam can be
written as

M ( s) ks  G ( s )

(8)

where ĳ is the phase, k is the wave number, s is the optical path length and į is the phase shift. Another difference between
these measurements and the conventional CT-setup is that the source and detector is here coinciding geometrically, as seen
in Figure 2. This means that the projected ray is propagating along a path two times through the object before reaching the
detector. The return travel of the laser beam yields that the phase shift is doubled. When calculating the sound pressure
distribution one has to compensate for this extra phase shift.
Finally, the sound pressure variation at each point in the investigated region is assumed to be stationary and free from external
perturbations during acquisition of projection data.

Figure 2. Measurement of phase shift due to sound pressure variations.
The theory described below gives a brief insight to the reconstruction method. A much more detailed and thorough description
of the algorithms and implementations in computed tomography is given in the book by Kak and Slaney [21].
We will here look at the simplest imaging case, where we have parallel rays propagating through the object, see Figure 3. In
CT most imaging set-ups use fan or cone shaped beams which require a little more complex formulation than the one for
parallel beams. The basic principle is however the same.
The expression for a projection generated by a bundle of parallel rays propagating through an object f(x,y), at a given angle ș
is given by,
P T ,t

(9)

³ f ( x, y )ds

(T ,t ) path

where t is the radial distance from the origin to the rays along a line orthogonal to the propagation direction, see Figure 3. This
is a two-dimensional generalisation of equation (1) that only holds for a cross-section (slice) through the object. The object
function, f(x,y), is generally also dependent of the wavelength of the photons but here we assume monochromatic illumination.
The Fourier slice theorem states that the radial line k in the two-dimensional Fourier transform of the object, 2 {f},can be
found from the one-dimensional Fourier transform of a parallel projection,

t ^P`(T , k )

f

³ P(T , t )e

i 2Skt

dt

2 ^ f `(k x , k y )

t {P}. The statement can be written as
2 ^ f `(k cosT , k sin T ) .

( 10 )

f

This relationship is visualised in Figure 3. Therefore, by capturing projection data at all angles during a 180˚ rotation of the
object (or imaging system) we get information at all points in the two dimensional spectrum of the object. By inverse
transformation we can then determine the object function in the imaged plane
f f

f ( x, y )

³ ³ 2 ^ f `(k x , k y ) e

i 2S ( xk x  yk y )

dk x dk y

( 11 )

ff

The results from using the Fourier slice theorem is a neat conceptual model for retrieving the object function in the imaged
plane. However, when it comes to solving this problem practically there is another method that is more suitable for handling
discrete data and implementation – this method is called Filtered Backprojection (FBP). The basic steps of the filtered
backprojection algorithm are given by the name. First the projection data is filtered - using a ramp filter - and then back
projected along the scanning direction. A simple expression for the FBP-algorithm in the parallel beam case can be
established from equation (10) and (11) by a change of variables and rearrangement of terms [21, 22]
2S

f ( x, y )

³ (P

g f )(T , x cosT  y sin T )dT .

( 12 )

0

denotes convolution. The backprojection procedure can be seen
where the factor g is the ramp filter mentioned above, and
as if each projection was smeared out in the object space along the direction it had been acquired.

Figure 3. The Fourier slice theorem relates the one dimensional Fourier transform of a parallel projection with the two
dimensional Fourier transform of the object along a radial line.
The filter g can in the time domain be written as,

g f (t )

1 f i 2Skt
k e dk
2 ³f

( 13 )

which in the frequency domain represent a ramp shaped high pass filter that sharpens the reconstructed slice. Most
commonly, however, the beam is not parallel but fan shaped or cone shaped, as Figure 1 shows. In these cases equation (12)
needs to be modified with case specific weights in order to compensate the fact that all rays are passing through the object
along paths of different length. A more intense description of the complete algorithm is given in reference [21].
Here, the sound pressure variation is reconstructed from two dimensional projection data using a cone-beam algorithm. This
sort of algorithm is normally used in x-ray micro-computed tomography (μCT) to reconstruct the three dimensional distribution
of the linear attenuation coefficient. The cone beam algorithm was first proposed by Feldkamp et al. [23] and is based upon a
two dimensional filtered back projection algorithm.
The great advantage with cone-beam CT is that all projection data needed for the reconstruction of an entire object is captured
during one single rotation, instead of reconstructing each slice subsequently as in fan-beam CT.
Experiments
Figure 4 is a schematic representation of the experimental arrangement. The ultrasound transducers used in the experiment
have a diameter of 1 cm and radiate sound with the centre frequency of 40 kHz. They were arranged in two different
configurations; 1) in a line, and 2) in an L-shape, in a special home made transducer holder (Figure 5). The holder was in turn
3
placed on a rotation stage position between a white painted heavy concrete block of measures 1.3×1.2×0.4 m , and the laser
head of a PSV 300 vibrometer system from Polytec GmbH. The concrete block acts as a rigid reflector which is necessary for
measuring the small changes in the optical path length for the vibrometer laser beam probing through the sound field in the
measurement volume [8, 9, 24, 25]. The transducer-holder-rotation stage arrangement is in such a way that the transducers
can rotate around a vertical axis. This makes it possible to record different projections of the sound field keeping the laser
head stationary. The transducers are driven at 40 kHz by a signal generator. The excitation signal is also used as a reference
signal and trigs the LDV measurements in time.
A grid of 140×50 mm2 with 1 mm increments in both directions was established on a plane above the transducers, which gives
a spatial resolution limit (in the grid plane) of 2 mm which corresponds to an upper frequency resolution of 170 kHz in air, for
each projection recordings. The distance between the laser head and the reflector is 3.2 m and the rotation axis is 0.82 m in
-1 -1
front of the reflector. The sensitivity of the laser vibrometer was set to 5 mms V and the system was set up to perform
sampling with a frequency of 128 kHz with a maximum detectable frequency of 50 kHz. The first experiment was made with a
symmetric configuration of the sound transducers. Three transducers were fixed in a straight line in the transducer holder
mounted on the rotation stage; see Figure 5(a). The transducers were operating in phase from the same signal during the
measurements. In order to save time not all projections were measured, 72 projections were obtained, 19 from measurements
and the rest using the symmetry in the setup. Consider Figure 6, the angle D is defined as the angle between the normal to the
rigid reflector surface and the line on which the transducers are situated. The angle difference between each measurement

Figure 4. Experimental set-up for projection recordings.

Figure 5. Top view of the sound source configuration for both experiments, in (a) the symmetric case and in (b) the
configuration forming the letter L.
was chosen to be 5 degrees resulting in 72 necessary projections for the three-dimensional reconstruction of the sound field.
Since the sound source configuration consisted of three sound sources positioned in a straight line, and if the sound sources
can be assumed to be identical, only the measurements at angles between 0 to 90 degrees produce unique projections. Let a
point in a projection be denoted by Pn(x,y), where n is for the projection number varying from 0 to 71. x and y are the number of
pixels confined to [1,Nx] and [1,Ny] where Nx and Ny are the number of pixels along x and y respectively. If the first 19
projections are measured according to Figure 6(a), then the next 18 projections can be obtained through a mirror operation
defined as
Pn x, y = P36  n N x  x, y , n = 19...36 .

Figure 6. Sound source configuration for different angles.

( 14 )

As seen in Figure 6(b) the source configuration of projection n is a flip around the y-axis of the source configuration of
projection 36-n when n varies from 19 to 36. This means that also the corresponding measurement result also should be
flipped around the y-axis, which is described by the operation in equation (15). The last 35 projections are then obtained by
copying the first according to
Pn x, y = Pn36 x, y , n = 37...71 ,

( 15 )

see Figure 6(c). This way all necessary 72 projections are obtained from only 19 sound field measurements.
Results
Both the real and the imaginary part were then reconstructed, separately, and afterwards recombined in order to obtain the full
3D complex amplitude of the sound field. In Figure 7 the real part of the sound field is plotted for different planes. The
transducers are situated in the xy-plane at z=0 mm. In (a) the sound field is plotted for xy-planes at different distances from the
source plane. In (b) the sound field is plotted for different xz-planes. In (a) it can be seen that the sound source in middle seem
to be somewhat out of phase compared to the other two. This is due to the fact that it is positioned a little bit lower relative to
the others. Since the wavelength is only about 9 mm a shift in position of only 2 mm corresponds to a phase shift of 80
degrees. In Figure 7(b) the propagation of sound wave is visualized more clearly. In the plane plotted at y=70 mm, it can be
seen that the sound is strongest in the z-direction, and directions of minimum sound radiation can also be observed.

Figure 7. Results from the symmetric measurement. The real part of the measured sound field plotted for different xy- and xzplanes are plotted in (a) and (b) respectively.
In Figure 8. the results for the unsymmetrical sound source configuration (Figure 5(b)) is plotted. This time all 72 projections
were obtained through measurements. Now, one of the transducers, the lower left one in the L, was set to operate out of
phase relative to the other three. This also shows in the reconstruction plotted in Figure 8. In the same figure it can also be
seen that the transducer in the middle once again is positioned a little bit lower than the others, resulting in a phase shift.
A common source to image artefacts in tomographic reconstruction is due to angular under sampling of projection data.
Theoretically the number of acquired projections over 360˚ should equal the maximum object dimension in voxels times the
factor ʌ/2 [21], in order to avoid such effects. In our case, it would take 228 equiangular sampled projections to fulfil this
requirement. Achieving this high sampling frequency, in practice, would have been a very time consuming process. Therefore
we have allowed a certain degree of aliasing effects in the reconstructed data, and reduced the number of acquired projections
to 72. The resulting under sampling artefacts is visible as streaks in the reconstructed data. These streaks can be seen in the
z-slices in Figure (8) and are more pronounced peripherally. However, they do not have any vital importance to the results and
conclusions of these investigations.

Figure 8. Results from the non-symmetric measurement. The real part of the measured sound field plotted for different xy- and
xz-planes are plotted in (a) and (b) respectively.
Conclusions
Laser vibrometry which is normaly used for surface vibration measurements have shown to be also a method for measuring
the refractive index variation of the air caused by a sound field. The remote, and non-contact method is non-perturbing and if
an area of interest is scanned a two dimensional projection of the sound field can be obtained rapidly and with high spatial
resolution. These projections can be visualized in illustrative ways; as images or movies which often give an idea of the whole
field if the sound source is well known [11]. However, when analyzing sound fields using laser vibrometry, one must always
have in mind that the output is an integral of the refractive index variation along the laser path, which in the worst case
scenario; positive and negative variation of the refractive index with equal amplitude cancel each other. In order to obtain the
refractive index variation for all points in the measurement volume, tomographic reconstruction using several projections of the
sound field is conducted. The cone-beam algorithm for computed tomography is used for the reconstruction of the sound fields
in the experiments and the symmetry of the transducer configuration is taken into advantage when possible to reduce the
measurement time and amount of data to be storage. The spatial resolution of the tomographic reconstructed sound field is
higher in the centre and decreases towards the edges of the measurement volume. However, the resolution can be improved
further by increasing the density of the measurement grid and by increasing the number of projection recordings per revolution.
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We present a multi-wavelength method for selective imaging and localization of sound
sources in 3D. 2D numerical reconstructions of the sound field are made from 1D laser
vibrometry recordings for several frequencies, and angles. At each angle, a set of
individual reconstructions are combined to one single reconstruction image with
enhanced spatial resolution and suppressed noise level. This procedure is repeated at 72
equiangular steps during one rotation of the sound field. The resulting 2D reconstructions
are used to reconstruct the 3D sound source distribution by use of cone-beam
tomography. The method shows low sensitivity to noise and allows for selective imaging.
Results from a measurement on three individual sound sources, randomly positioned in
space, are presented.

In this letter we present a method for
selective imaging of sound sources. The
use of multiple wavelength digital
holographic reconstructions of the sound
field results in a noise resistant method for
high resolution localization of sound
sources. The sound field is measured in air
using a laser Vibrometer (LDV) [1]. The
LDV is a point measuring instrument but a
line or an area-measurement can be
obtained through scanning of the probing
beam. Since this probing beam of the LDV
propagates through the sound field the
obtained result from such a line scan is an
integral, along the probing direction, for
the actual sound field in a plane spanned
by the scanning and probing directions.
The obtained complex amplitude along that
line is then used for a 2D reconstruction of
the sound field in a plane spanned by the
measured line and the z-direction,
according to the exact solution to
Helmholtz equation [2]

intensity of such a reconstruction is high at
the position corresponding to the source,
but other high intensity speckles are also
more or less present depending on the
experimental situation. This makes
identification and localization of sound
sources difficult.
The phase of the reconstructed complex
amplitude has a more fundamental
property. In the point corresponding to the
sound source, it equals the phase of the
sound emitted at the source, but with
opposite sign. This point is a so called
conjugate source point. Adding such
reconstructions from measurements for
different frequencies of the sound field will
thus only add up constructively at the
position corresponding to a sound source,
efficiently suppressing the noise. The
depth size of the image corresponds to the
coherence length for the actual bandwidth
of the sound. The spatial depth resolution
of the image can be improved even further
by applying a filter
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where k is the wave number, v and w are
spatial frequencies along the y and zdirections respectively, and ã(v) is the
phase conjugated and Fourier transformed
measured complex amplitude. The

where ıs is the standard deviation of the
phases for the different reconstructions
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In equation (3) A is a constant which
determines the hardness of the filter. A
smaller A results in a softer filter and a
larger A in a harder filter. The standard
deviation ı is calculated over the phase
values of the different reconstructed
complex amplitudes at each point. The
mask W is then multiplied with the multiwavelength reconstructed intensity map.
This way the images of the sound sources
experience a faster decay than the one due
to the coherence length of the bandwidth.
By carrying out this reconstruction
procedure based on 1D LDV data
measured at 72 equiangular steps around
the sound source arrangement results in the
same number of 2D projection images.
These projections now serve as input data
to reconstruct the full 3D space by use of
cone-beam tomography. The most
fundamental steps of the experimental
methodology is depicted - although
somewhat
simplified
in
Figure 1.
The cone-beam tomography algorithm is
based on the Feldkamp-Davis-Kressalgorithm described in ref [3]. Such an
algorithm is advantageous to use since it
allows reconstruction of the 3D space
directly from 2D projection data, instead of
reconstructing the volume slice by slice,
using 1D projection data.
In the experiment presented here, three
ultrasound transducers were positioned
according to Figure 2. We define a
coordinate system with the origin at the
position of transducer A2. Then the
coordinates of transducer A1 and B1,
measured in mm, are (-37, -32, 42) and (55, 3, 25) respectively. Transducer A1 and
A2 are of the same type, type A, with a
resonance frequency at 40 kHz while
transducer B1, of type B, has a resonance
frequency at 39 kHz. All three transducers
were operating at the same time, driven by

Figure 1. Flow-chart describing the most
fundamental steps of the experimental
procedure. A two dimensional projected sound
source distribution is reconstructed from 1D
LDV recordings using digital holography.
From these 2D projections the 3D sound
source configuration is reconstructed using
cone-beam tomography.

the same signal, at 19 equally distributed
frequencies ranging from 37 kHz to 43
kHz. At each frequency
the sound was measured along a line in the
xy-plane from the 72 different angles
described earlier, at a distance z=195mm in
front of transducer A2. This means that
each line of measured data in Figure 1
denotes a

Figure 2. The ultrasound source configuration
in the experimental setup.

measurement at 19 different frequencies.
In the actual frequency region the
amplitude of the sound emitted from the B1
transducer is 20% of the amplitude of the
sound emitted from a type A transducer.
Another difference between these two
types of transducer is their phase-response
to the frequency of the input signal.
Because of mechanical damping there will
be a frequency dependent phase difference
between the input signal and the emitted
sound from the transducer. When adding
the reconstructions from measurements at
different frequencies together this phase
difference needs to be compensated for,
otherwise they will not be phase matched
at the position of the source. This phase
response difference between the type A
and B sources also constitutes the core in
the selective imaging procedure and makes
it possible to distinguish them from each
other.
In Figure 3 (a) the imaging method is
tuned for the phase response of the type A
transducers, and the transducer B1 can be
seen as a perturbation. Both transducers A1
and A2 are sharply imaged at the correct
positions while the transducer B1 is
completely suppressed in the image. When
instead tuning the imaging method for the
phase response of transducer B1, the
transducers A1 and A2 can be seen as very
strong perturbations, or sources of noise,
each of them about 5 times as strong as B1.
Despite this fact B1 is imaged at the correct
position and there is almost no trace of the
other transducers, see Figure 3 (b). While
the cross-sectional size in the xy-plane is
diffraction limited, the extension in the zdirection depends on the filter. In this case
none of the images extends more than 3
wavelengths along z. This makes it
possible to localize the sound sources very
thoroughly, despite the high noise level in
the measurements. The visible streaks in
the reconstruction of source B1 in Figure 3
(b) is due to a lack of projection data when
reconstructing the 3D field

Figure 3.The reconstructions when the method
is calibrated for transducers of type A and B
are plotted in (a) and (b), respectively.

tomographically. At some angles this
transducer was not successfully imaged,
probably due to destructive interference
with the other, much stronger, sources. The
magnitude and appearance of each
reconstructed source can be easier
understood by looking at the so called
sinograms, shown in Figure 4. Here, the
projection data corresponding to the three
planes where the sources are found is
plotted versus the imaging angle. A source
sending out a clear signal at every recorded
angle will leave a continuous trace in the
sinogram. However, Figure 4 shows that
this is only the case for the source A2, in

Figure 4.Sinograms showing the projection
data for each of the three reconstructed sound
sources. The quality of the reconstructed
planes in Fig.2 is related to the amount of data
visible in the sinograms. The lack of projection
data in z=26 plane results in a streaky
reconstructed image.

plane z=-2. At z=26 where the type B
source is found there is a massive lack of
projection data which causes angular
undersampling and results in streak
artefacts [4]. However, the position of the
source is still undisputable and the overall
result is a successful localisation of the
three transducers.
In conclusions we have demonstrated a
multi-wavelength method for the imaging
and localization of ultrasound sources. 2D
multi-wavelength
digital
holographic
reconstructions are made from laser
vibrometry recordings in air. The
combination of several reconstructions of
the sound field from measurements at
different
frequencies
gives
many
advantages. Besides the possibility to
perform selective imaging with low noise
level and high spatial resolution, the
sensitivity to noise in the measurements is
very low. In OA[5] this could make it
possible to detect tumours more deeply
embedded in tissue. The 3D distribution of

sound sources is finally obtained by conebeam tomography on the 2D digital
holography reconstructions. The results of
this 3D selective imaging technique show
good agreement with the real transducer
coordinates.
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