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Summary

One of the projects at the Biophysics Laboratory of the department of Ophthalmology of the
Nijmegen university hospital "St.Radboud" aims at the development of numerical models for
the entire echographic image formation process. A part of the numerical model comprises the
propagation of acoustical waves through layered structures with rough interfaces. The aim of
this thesis was the experimental verification of this numerical model.
The sound fields were generated with a linear array transducer. The cross-coupling, both
electrical and acoustical, of the elements in the array transducer have been examined, because
an accurate transducer model was needed. The effects of electrical and acoustical cross
coupling occured at a level of less than -40dB of the main pulse in the RF-signal. Therefore,
it was not necessary to include the cross-coupling in the transducer model. The spatial and
temporal sound field distributions were measured with a hydrophone. The directivity of the
hydrophone has been compensated for by means of a spatial deconvolution method. The
small inaccuracies that occured were mainly caused by positioning and alignment errors.
First, some measurements were performed in a homogeneous medium, namely in water. These
measurements were meant to assess the correctness of the transducer model used in the sim
ulation programs. Two simulation programs were verified. One program was based on the
impulse response method and the other was based on a monochromatic plane wave method.
Some side-lobes in the measured sound fields were identified which were not present in the
simulations of the sound fields, probably because the lens and matching layer were not in
cluded in the simulation package. Except for the missing side-lobes, both simulation methods
showed a good resemblance with the measurements. Neither of the two packages was clearly
better than the other.
Aberrators were made for the verification of the numerical model. The aberrator material
was selected in such a way that it resembled tissue of the human body, because the numerical
model was initially intended for the simulation of aberrations in human tissues. Experiments
resulted in the choice of gelatine for the construction of the aberrators. Simulations of the
measurements performed with the gelatine aberrators and the corresponding 2.5D method,
Le. a computationally efficient method of the 3D algorithm, showed an excellent agreement.
Finally, a method for the simulation of acoustic lenses was verified. Two lenses were made
of an RTV silicone rubber. This material is typically used for the production of acoustic
lenses. The shape of the sound field and the place of the focus in the measurements and in
the simulations showed an excellent resemblance, only the relative amplitudes were different.
This was caused by the fact that the lens simulation package did not include the transducer
model.
The final conclusion of this thesis is that the simulation methods give a realistic representation
of the results that would be obtained by the corresponding measurements.
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Chapter 1

Introduction

At the Biophysics Laboratory of the department of Ophthalmology of the Nijmegen univer
sity hospital "St.Radboud" is, among other things, research performed to model the entire
echographic image forming process. Echography makes use of (ultrasonic) sound waves to
image the internal structure of a body. Important parts of such a model are: the transducer
model, the model of the electronics in the echographic scanner, and the patient model.

An important distortion of the sound field is caused by so-called phase aberrations. These
are amplitude and phase errors, which are the result of the different sound velocities in tissue.
Also the attenuation of sound waves in tissue can have an important impact.

It has been shown in literature that the greater part of the phase aberrations is caused by
layered tissue structures with rough interfaces. In some cases phase aberrations can be com
pensated by the use of array transducers. The elements of such a transducer can be excited
following a certain algorithm. To investigate the usefulness of such an algorithm it is impor
tant to have a reliable numerical model of the propagation of sound passing through rough
interfaces. At the laboratory, such a numerical model has been developed in co-operation
with the Delft University of Technology (see [Berkhoff94I] and [Berkhoff94II]).

The aim of the project is the experimental verification of the numerical model of the
propagation of acoustical waves passing through layered structures with rough interfaces. The
experimental set-up consists of an acoustical microscope-table, which is able to do automated
measurements. The acoustical models must be verified for periodical signals and for pulsed
signals. The program-development makes use of Matlab and of C and of a simulation package
developed on the laboratory. All these programs "run" on SUN-Spare workstations.

This thesis gives an overview and the results of the consecutive steps that were followed during
the experimental verification of the numerical :model of the propagation of acoustical waves
passing through layered structures with rough interfaces. The structure of the thesis is as
follows:

In chapter 2, the basic principles of ultrasound are explained.

Next, in chapter 3 an overview is given of some of the most commonly used types of trans
ducer. One of these transducer types was used for the measurements, namely the linear array
transducer.

More information about phase aberrations is given in chapter 4. The causes and effects of the
phase aberrations are described in this chapter. Also the structure of the human skin, which
can be considered as one of the most important sources of phase aberrations, is described in
this chapter. This is done, because the material for the aberrators that will be used for the
measurements should be close to that of the human skin.
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6 CHAPTER 1. INTRODUCTION

Next, the cross-coupling, which is the cross-talk between elements of the array transducer,
was examined. It was examined how much impact this cross-coupling had on the measured
RF-signals. If this impact would be large, then the simulations should also take care of this
cross-coupling. The results of these cross-coupling measurements are described in chapter 5.
Most of the measurements described in this thesis made use of a hydrophone. A hydrophone is
a detector that is sensitive to acoustic pressure. A hydrophone is not omni-directional, there
fore the hydrophone measurements have to be corrected for the directivity of the hydrophone.
The compensation method that we used is described in chapter 6.
Chapter 7 gives an overview of the setup that has been used for the measurements. Also the
accuracy of the arrangement is determined.
Next, chapter 8 describes how the previous mentioned setup is used for the verification of
measurements and simulations performed in a homogeneous medium, namely in water. Two
different simulation packages were verified, namely one based on the impulse response method
and one based on the monochromatic plane wave method. These measurements were per
formed to control the accuracy of the transducer models, that were used in the simulations.
The following chapter (chapter 9) describes the construction of gelatine aberrators and acous
tic lenses. It is also described how the acoustic properties of these aberrators and lenses can
be determined.
Chapter 10 describes the verification of the numerical model of the propagation of acoustical
waves passing through layered structures with rough interfaces. Also the numerical model of
the acoustic lens was verified. The measurements described in this chapter make use of the
previous mentioned setup and aberrators.
Finally, conclusions and recommendations for further research are presented in chapter 11.



Chapter 2

Ultrasonic echography

2.1 Introduction to ultrasonic echography

It first became possible to make images of the internal structures of the living human body
with Rontgen's discovery of X-rays in 1895, but this method is harmful at the level of bio
molecules because of ionisation. Starting in the early fifties, ultrasonic echography, which has
no harmful (as far as is known) effects on human beings, is in use for making images of the
internal structures of the living human body.
The principal physical phenomenon upon which ultrasonic echography is based is wave propa
gation. Therefore ultrasonic echography makes use of ultrasonic waves. These are vibrational
waves of a frequency above the hearing capacity of the normal ear, and the term includes
all waves of a frequency of more than about 20 kHz. Commonly used frequencies in medical
echography are in the range from 1-20 MHz.
The ultrasonic echography is a method for obtaining a visual presentation of some of the
acoustic properties of the interior of a body. IT these acoustic properties can be correlated with
other physical properties in which we are primarily interested we can build up a meaningful
picture of the interior of the body.
Basically, a short duration pulse of ultrasonic waves, which travels at a finite speed away from
the transmitting transducer, is generated. When the pulse meets a boundary separating two
media of differing specific acoustic impedances part of the pulse energy is scattered or reflected
(depending on the size of the boundary). After this scattered or reflected energy is received
by the same transducer and detected at the receiver, it is possible to assess the presence of a
discontinuity of the impedance, determine the time taken for the sound pulse to travel from
the transducer and back (pulse-echo traveling time) and, hence, the distance involved if we
know the velocity and measure the magnitude of the reflection, or, if the scattering body is
small and its acoustic properties known, then assess its physical size.

2.2 Basic principles of ultrasonic echography

The speed of sound c {ms- 1Jin a given medium is a quantity which depends on the physical
properties of that medium. The mathematical relationship for a liquid or gas (which pass
longitudinal waves, Le. the vibration of the particles is in the direction of the wave-motion)
is as follows (see [Hill86] and [Wells77]):

(2.1)
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8 CHAPTER 2. ULTRASONIC ECHOGRAPHY

(2.4)

where p is the density of the material, K is the bulk or volume modulus (stiffness) and I'i, is
the compressibility. The soft tissue of the human body behaves like a liquid for ultrasound,
so equation 2.1 is also valid for human tissue.
The distance between consecutive points in space, where the displacement amplitudes are
identical is called the wavelength A [mJ of the wave and is given by:

(2.2)

where f is the frequency of the wave.
When a wave traveling through one material impinges on a boundary between it and a second
medium, part of the energy travels forward as one wave through the second medium while a
part is reflected back into the first medium. The characteristic that determines the amount of
reflection is known as the specific acoustic impedance Z and is the product of the density
and velocity.

Z = pc (2.3)

The unit of the acoustic impedance is [Nsm-3 ] or [kgm-2s-1] or Ray!. Because the structure
of the human body is not homogeneous and thus all parts of the body have a different acoustic
impedance, this reflection of ultrasound takes also place on and in the body.
For plane waves the pressure variations p [N/m2 ] = [Pal can be written as

p(x, z, t) = s (t ± ..:.. ± !..-)
Cx Cz

where c represents the propagation velocity, ex = 8ir~ao the apparent velocity in the x

direction, Cz = co~ao the apparent velocity in the z-direction (Le. the depth), ao the direction
of the plane wave, and s is a known source function. Both the ± 's determine the propagation
direction of the wave.
Consider a beam of plane waves in medium 1 strikes a plane surface of medium 2 at some
oblique angle a to the normal (see figure 2.1). The pressure and the normal components of
the particle velocity must be continuous across the boundary of these two media, Le.

r E 5 (2.5)

where the boundary is denoted by 5 and the pressure and the particle velocity vector by P
and V, respectively in the temporal frequency domain. The position vector is denoted by
r = (x, z), and in which v is the unit vector in the direction of the normal to 5, pointing into
medium l.
The now following analysis (see [Brekhovskikh80] and [Berkhout87]) is carried out in the
temporal frequency domain with angular frequency w.
For the Fourier-transformed plane waves in medium 1 applies (no losses):

. (z + z) -iw(:t-:t)pt(x, z,w) +P1-(x, z,w) = 5t(w)e-JW
Cz Cz +51(w)e Co: Cz (2.6)

and, for the waves in medium 2 applies,

+ + -iW(1r+~)P2 (x, z,w) = 52 (w)e Cz Cz (2.7)

The boundary condition, that the pressure is continuous for all x and w can only be fulfilled
if (note that at the boundary z = 0)

x x

c~

x
c'.'x

(2.8)
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1

incident wave reflected wave

boundary

Figure 2.1: The situation of oblique incidence (a =f; 0).

These conditions formulate Snell's law, namely

1
x. x.,

. -SIna = -sma
CI CI

2
x. x . a

. - sm a = - SIn fJ
CI C2

=>

=>

a = a'

sina = sinp
CI C2

(2.9)

(2.10)

Taking Snell's law into account, the two boundary conditions can be formulated as

1. Pressure must be continuous
st +s; = st

2. Normal component of the particle velocity must be continuous

V/ cos a - VI- cos a = V2+ cos (3

Using the plane wave relation between P en V,

V( ) = P(r,w)
r,w Z(r,w)

where r = (x, z) denotes the position vector and

(2.11)

(2.12)

(2.13)

(2.14)

the angle dependent reflection coefficient R and the angle dependent transmission co
efficient T can now be written as:

T(a) =

R(a)
P2C2cos a - PI Jc~ - C~ sin2a

=
P2c2 cos a +PI Jc~ - C~ sin2a

2P2C2 cos a

P2C2 cos a +PI Jc~ - C~ sin2a

(2.15)

(2.16)

Using the relationship for the propagation constant (i.e. wave number) kx :

k w. w . a
x = -SIna = -SInfJ

CI C2
(2.17)
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The angle dependent reflection coefficient R and the angle dependent transmission co
efficient T can now also be written as:

(2.18)

(2.19)

A result of specular reflections can be so-called reverberations. This effect can be explained
as follows. Consider ultrasonic waves passing through a medium. When these waves reach
to front side of the medium, part of the transmitted ultrasound will pass through the surface
of the medium, but the other part will be reflected. This reflected part will reach the back
side of the medium and again some part of it will be transmitted, while the other part will
be reflected. This process is repeated infinitely and causes transmission of ultrasound some
time after that the main part already passed through the front surface. The pulses, which
seem to be transmitted some time later and which contain always less energy than the main
pulse, are called reverberations.

Losses of acoustic energy can be expressed as attenuation a. Having as its unit the neper
per m. Attenuation of sound is a result whenever ultrasonic waves pass through a material
and is based on two effects: absorption and scattering.

Absorption of ultrasound (see [vandenAarssen84]) is the transformation of mechanical en
ergy into heat. This process occurs at the molecular level and consists ofrelaxation oscillations
of organic macromolecules. These are caused by the fact that there are changes in pressure
and volume, because of the transmission of ultrasonic waves in a medium. There will be no
absorption of the energy of the ultrasonic waves if the pressure and volume changes are in
phase with each other. In general there will be a difference in the phase caused by the before
mentioned relaxation processes and so there will be absorption of energy. In biological tissue,
the absorption coefficient is proportional to the frequency.

Scattering is a reflection in all directions, which is caused by differences in the compress
ibility and/or the density of the different tissue structures. These structures must be smaller
than the wavelength. We can distinguish diffuse scattering (due to randomly distributed inho
mogeneities) and structural scattering (due to more or less regular structures). The scattered
sound energy is eliminated from the sound field and only a small fraction will be received as
a tissue echo (backscattered). When the dimension of the scattering sites is much smaller
than the wavelength, so-called Rayleigh scattering occurs. The scattering intensity is than
proportional to the fourth power of the frequency. This leads to an increased contribution of
scattering to the attenuation at high frequencies. The frequency dependence of the scattering
coefficient 11 is as follows (see [Huisman94]):

(2.20)

where a and b are constants (b=4 for Rayleigh scattering).

Scattering is an important topic by the characterization of tissue, because of the fact that
biological tissue is often represented as a homogeneous medium with in it a great number
of small inhomogeneities with certain acoustical behavior, which cause that the density and
compressibility vary as function of the place.
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Both, absorption and scattering, attenuate the ultrasound pulse as well as the reflected ultra
sound echo. The overall attenuation O! is the resultant of absorption and scattering. The
scattering forms only a small part of the overall attenuation in the low Mega-Hertz range
of the transducer. This attenuation increases exponentially with tissue depth and with the
frequency. The intensity as function of the distance to the transducer z can now be given by:

I(z) = Ioe- 2cr(f)z (2.21)

(2.22)

For this reason, high frequency transducers can not be used when a large penetration depth
is needed. The attenuation is denoted in decibels (dB).

2.3 Ultrasonic imaging

The A-scan is the "simplest", and historically the earliest, mode of use of pulse-echo methods.
It derives its name from amplitude. The A-scan is one-dimensional and it indicates the
location of a reflecting interface. To measure this distance ~z between the transducer and
the reflecting interface the system makes use of the following equation:

c·~t
~z =-

2

where c is the sound velocity in human tissue, which is about 1500ms-1 , and ~t is the time
between the transmitting pulse and receiving echo.

vidoo A-mode

4

A B

Figure 2.2: Scheme of an A-mode scanner.

A conventional setup for A-mode equipment is schematically shown in figure 2.2. An elec
tronic transmitter (1) generates periodically a short impulse (pulse-echo method) with high
amplitude (200V). This electrical pulse is transmitted to the transducer (2) which then emits
a short ultrasound pulse. The signals reflected from the tissue will deform the transducer that
produces an electric signal (RF-signal) which is registered by the receiver. The electric pulse
produces at the same time a saturation of the receiver (3), causing a dead zone at the start
in an A-mode display. The receiver is protected from damaging by a diode network.
The receiver consists of an adjustable radio frequency amplifier, an AM-demodulator and
a filter. The demodulator rectifies the RF-oscillations and represents each echo signal as a
separate spike. Additional filtering smoothes the ripples of the now rectified video signals
(i.e. envelope detection). The receiver can also contain a TGC (time gain compensation)
that compensates for the ultrasonic attenuation with range and some kind of compression to
reduce the amount of data. Finally the video signal is displayed at an oscilloscope (or at a
monitor, after digital storage in a computer) (4).
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Other commonly used imaging techniques are:

B-scan: The brightness mode scan is the basis of virtually all contemporary commercial
medical ultrasonic imaging devices. It may be considered as an extension of the A-mode
electronics, in which the video echo train is used to modulate the brightness of a line in
the image plane that is made to correspond instantaneously with the ultrasonic beam
axis in the object plane. Thus a scan of this axis across the object plane will build up
a corresponding brightness modulated image. This B-scan allows good evaluation of
anatomical relationships.

C-scan: In the constant depth scan a fixed point in the beam axis is scanned in a raster
located in a plane normal to the beam direction, and a scan plane, parallel to the raster
plane, is selected by time-gating procedures. The modulus of the signal passed by the
time gate is then used to brightness modulate the corresponding image plane. This
method is presently incorporated in newly developed ultrasound 3-D scanners, where a
3-D matrix of data is digitally stored, and the depth selection is made afterwards by
software selection.



Chapter 3

Transducer structures

The transducer is the front-end of any ultrasound imaging system. It performs the con
version of electrical energy into mechanical energy, and conversely of mechanical energy into
electrical energy. So, a transducer is capable of generating and receiving ultrasonic vibrations.

3.1 Single element

The main components of a single element transducer are: the active element, the backing
and the matching layer (see figure 3.1).
The active element is piezoelectric material. The unit cells of piezoelectric ceramics do not
possess a net dipole moment, but when the lattice is stressed, at a temperature above it's
Curie value the asymmetric properties of the crystal structures lead to a displacement of the
center of charge in the unit cell. This charge displacement results in the externally observed
electrical field. Piezoelectric material is characterized by its dielectric constant € [Fm- 1},

which is defined as follows:
d

€= -
9

(3.1)

where d is the piezoelectric coefficient (i.e. the strain produced in piezoelectric material by the
application of unit electric field) and 9 is the receiving constant (i.e. the electric field produced,
in open-circuit conditions, for unit applied stress). The nowadays commonly used piezoelectric
materials are: Lead-Zirconate- Titanate (PZT) and PolyVinylidene DiFluoride (PVDF). The
active element converts electrical energy such as an excitation pulse into ultrasonic energy. It
also works in reverse and converts ultrasonic energy into electrical energy.

active element

backing

electrodes

matching layer

Figure 3.1: Schematic structure of a transducer.
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14 CHAPTER 3. TRANSDUCER STRUCTURES

The resonance frequency of the stationary wave that is excited in the crystal because of its
natural resonance is a function of the thickness of the plate (w). If the thickness is equal
to half a wavelength of ultrasound in the material of the transducer, the various components
of the wave reinforce each other and the transducer oscillates with maximum displacement
amplitude at it faces. Thus,the wavelength at resonance in piezo material is defined as follows:

),
w=-

2
(3.2)

In short-pulse excitation, the transducer can be backed with a material which absorbs the
incident waves so, that the ringing time of the transducer is very short. The backing is usually
a highly attenuative, high density material that is used to control the duration of vibration
of the transducer by absorbing the energy radiating from the back face of the active element.
The backing causes losses of about 6dB during transmission. When the acoustic impedance
of the backing matches the acoustic impedance of the active element, the result will be a
heavily damped transducer. If there is a mismatch in acoustic impedance, more sound energy
will be reflected forward into the test material.
The matching layer serves as an acoustic impedance transformer between the high acoustic
impedance of the active element (Zae) and the low acoustic impedance of biological tissues
(Zbt). The acoustic impedance ofthe matching layer (Zml) is normally created in such a way
that it matches the following equation:

(3.3)

(3.4)

In this case there is complete transmission of the frequency corresponding to ), through the
matching layer (see [Brekhovskikh80D. The thickness of the matching layer equals:

n'),
wm1=T

where n is an odd integral number. Hence, this layer has the name "quarter lambda" layer.
The matching layer also protects the active element from the environment, so it is usually
made of durable and corrosion resistant material in order to withstand the wear.
There are two electrodes connected to the active element. Generally a short pulse is used to
activate the transducer, thus achieving a reasonably short (i.e. broadband) acoustic trans
mission pulse.
If an AC-electric potential which has a frequency, that is equal to the resonance frequency
of the active element, is supplied to these electrodes, the transducer will produce a vibration
with maximum amplitude and thus maximum intensity ultrasound will be produced.
The acoustic pressure transmitted by the active element is not exactly constricted to a narrow
acoustic beam, but there is skirt of ultrasound energy around this beam. Its radial pressure
goes from a maximum to a minimum in the main lobe and then through some so-called
side-lobes at a certain radial distance (eg. see [Sung89D. The side-lobes of the beam are
caused by the directivity pattern of the active element.
The pulsed mode beam is much more homogeneous, which can be explained by the short
duration of the pulse waveform that prevents most of the interferences from developing (see
[Thijssen90]) .
Another characteristic of the pulsed field is illustrated in figure 3.2 which shows the field of an
piezoelectric element at a specified distance from the element. The source impulse gives rise
to two (and sometimes more) separated field impulses for a uniformly vibrating element. The
pulsed pressure field consists of a direct wave, a so-called plane wave in the case of a plane
transducer, and a few delayed edge waves (see [Hill86], [DouglasMair88], and [Reibold92D.
These waves interfere to produce the structure observed in the field of figure 3.2.
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Figure 3.2: Field due to a short impulse at a certain distance from the piezoelectric element.
Left: simulation; Right: diagrammatic representation.

The plain wave propagates its wave front parallel to the radiating surface and the instant
of time tpw at which it occurs is equal to:

z
tpw =-

Cwater
(3.5)

where z is the distance to the transducer and Cwater the sound velocity in water.
The edge waves emerge from the edge or rim of the source. The rim can be considered as the
source of additional waves. It radiates outward from the transducer edges. The dashed edge
waves in figure 3.2 are caused by the horizontal edges (caused by the y-size of the element)
of for instance a rectangular element. The other edge waves are caused by the vertical edges
(caused by the x-size of the element).
The delay t::..tedge between the before mentioned plane wave and the edge wave caused by the
point (Xedge, Yedge) on the rim of the excited elements S can be calculated as follows for any
point (x, Y, z) :

A ( ) V(x - Xedge)2 + (y - Yedge? + z2 - Z
utedge X,Y,z = -'---------------

Cwater
(Xedge, Yedge) E S (3.6)

With increasing distance between the point in the field and the transducer, the delays between
the plane wave and the edge waves decrease. Consequently, the waves partially overlap and
it is no longer possible to distinguish between the different types.

3.2 Linear array

A linear array consists of a number of small individual transducers arranged side by side
in a single assembly. Two-dimensional images are produced in a linear array scanner by
transmitting on each of the array elements (or small group of elements, Le. a sub-array) in
succession and receiving the echo information with the same elements for each B-mode line in
the final display. This sequence of image formation results in a rectangular image format. In
these systems, the field of view is identical to the total length of the linear array. Figure 3.3
shows a possible construction of a linear array.
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Figure 3.3: Linear array.

A phased array utilizes a small array transducer. Images are produced by rapidly steering
the acoustic beam through the target organ by electronic rather than mechanical means. In
contrast to the linear array scanners, all of the array elements in a phased array are utilized
in producing each of the individual B-mode lines which comprise the final two-dimensional
image.
Fundamental to steering and focusing is Huygens's principle which can be simply stated as:
Each surface element of the transducer (or an acoustic field) can be considered to emit a
(half-)spherical wave. The tangential plane of these waves represents then the wavefront.
This means that if we shape the composite wave front from several transducer elements, we
can focus and steer the resulting wave front by appropriate delays between the individual
transmission times.
Beam formation by phased arrays has a further degree of flexibility in comparison with the
form- and lens-focusing of single element transducers in that it is not restricted to wave
fronts corresponding to physical surfaces. However, there is also a physical cost, in that the
required phase variations over the wave front become discrete, a factor that generally leads
to undesirable modifications in the acoustic field structure (e.g grating lobes).
Figure 3.4 shows five linear transducers that are being pulsed to form a wave front. The
two outer transducers are being pulsed first, then the next inside two, then the center. The
composite wave front is bent so that successive wave fronts converge on a common region
called a focal zone. By changing the time delays, one can change the effective radius of
curvature and thereby the focal length of the array. In this manner, the focal zone can be
moved over desired regions by simply changing the time delay of the pulses.
For a steering angle of e, each of the elements must be delayed, according to [vonRamm83]
by:

Ad. eutn = n-sm + to
c

(3.7)

with respect to the center element, where d is the element separation, c is the acoustic
propagation velocity in tissue and to is a constant time delay to avoid negative delays. Here,
n = 0, ±1, ±2, ... enumerates the individual, equally spaced elements from the center of
the transducer array in both directions. A linearly varying time delay causes steering of the
acoustic beam, and a quadratically varying time delay causes focusing. The acoustic beam
generated by an array consists of a main lobe and grating lobes, with side lobes of varying
intensity.
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Figure 3.4: Beam steering and focusing.

To produce a focus at some range F and at a particular angle (J, the delay times for the
individual elements are given by:

(3.8)

where to is a constant of sufficient magnitude to avoid negative delays.

main lobe

pitch

Figure 3.5: Theoretical explanation of grating lobes.
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(3.9)

A serious source of image degradation in phased array systems arises from the sampling of the
transducer aperture. The Nyquist sampling criterium suggests that the periodic spacing of the
elements should be one-half wavelength for phased arrays (900 steering) and one wavelength
for linear arrays or less to avoid the presence of first- and higher order grating lobes (see
[Angelsen94] and [Turnbull92]). The grating lobe is a special kind of side-lobe and is due
to the regular spacing of the transducer elements in the array. The grating lobes constitute
peaks in the spatial response function of the array at angles differing from the main beam
orientation. The relation between the angle of the grating lobe and that of the main beam is
given by the following equation (see [deJong85] and [Whittingham91]):

</> = () +arcsin (~)

where </> is the angle of the grating lobe, () the angle of the main beam, Athe wavelength, and
p the pitch (Le. the element-to-element distance).
Since an echo imaging system should only be sensitive to targets positioned along the direction
of the main beam, these grating lobe peaks will reduce the dynamic range available for
unambiguous imaging.
According to [deJong85], the grating lobe becomes wider and the magnitude of the grating
decreases when a spectrum of frequencies is used, Le. pulsed excitation.
It is common practice for array elements to be subdivided, so-called subdiced, into a number
of narrower elements, sharing a common electrical lead. In the absence of beam steering or
focusing, this subdicing can overcome the problems of grating lobes (see [Whittingham91]).



Chapter 4

Phase aberrations

4.1 Introduction

In a phased array system, the assumed acoustic velocity is used to calculate the focal and
steering delays, which ensure that the signals on all channels are in phase at the focal point.
This calculation is based on geometric path length differences and the speed of sound. The
sound velocity is usually assumed constant in tissue (typically 1540 ms-1 ) to calculate phasing
patterns in forming acoustic beams for arrays.
However, the velocity of acoustic waves in the body varies over a ±10% range. Therefore,
ultrasound waves experience wavefront distortion which disrupts diffraction patterns and
produces image artifacts. When layers of tissue with various sound velocities lie between
the transducer and the target of interest, then the focal delays and range information are
inaccurate. When these layers have a nonuniform thickness, the problem is deteriorated.
A subcutaneous (i.e under the skin) rippled layer of fat, and a skin of nonuniform thickness
are two examples of aberrating layers that may degrade the quality of an ultrasonic image.
These layers may cause pulses from various transducer elements to interfere destructively. So,
by decreasing the coherence of the signals, these phase differences reduce the quality of the
focus and produce images of low quality.
An example of phase aberration is shown in figure 4.1. This figure shows an ultrasound beam
being focused through tissue layers in the abdomen (i.e the belly). The tissues contributing to
the phase aberrations for this scan are mainly the fat and muscle layers, due to their variable
thickness and dissimilar speed of sound. The magnitude of the delay and its effect on the
resultant signal are represented graphically in the lower section of figure 4.1. The existence of
for example a fat layer interposed between the transducer and the target results in an apparent
range shift of the target and in refraction of the paths of the acoustic pulses. Refraction alters
the path lengths and times of flight of the pulses to individual array elements compared to
the assumed case of homogeneous tissue. These path length differences cause phase errors
across the transducer aperture which become more severe at larger steering angles and smaller
ranges. The phase errors degrade the system resolution at these points and cause an overall
image distortion (see [vonRamm83]).
The phase variations ti.¢ of the pulses transmitted from the elements of a linear or phased
array in fractions of a wavelength can be described by

(4.1)

where ti.y is the thickness variation of the first layer, cf is the velocity of sound in the first
layer, Cs is the velocity of sound in the second layer, and Ie is the transducer center frequency.

19



20 CHAPTER 4. PHASE ABERRATIONS

phase aberration __:,
r'•

Figure 4.1: A pulse aberrated due to velocity fluctuations in the abdomen.

This equation shows that as one increases the frequency to obtain better spatial resolution, the
imaging system becomes more susceptible to the influence of phase aberration. For example,
a phase aberrator producing a difference is arrival time from one element to the next of 40 ns
represents a phase shift of 0.1A at 2.5 MHz, which is relatively inconsequential. But the
same aberrator causes a phase shift of 0.2A at 5 MHz, or O.4A at 10 MHz, enough to cause
significant destructive interference (see [Nock89]).
According to [Angelsen94], phase aberrations can be considered as a kind of acoustic noise.
This acoustic noise is proportional to the transmitted power, so the signal-to-noise ratio con
not be improved by increasing the transmit power, as is the case for electrical noise (Le. noise
that arises in the receiver amplifier).
Phase aberrations lead to the formation of fake side-lobes. The phase aberration damages
the focusing of the beam and increases the side-lobe level. The degree of degradation of the
focus depends on both the phase aberration magnitude and its spatial periodicity across the
aperture (see [Nikoonahad86]).
In a phased array system, the electronic phase delays that are used for focusing and steering
can also be used to compensate for phased aberrating tissue between the transducer and
the region of interest (ROJ).
Considering the before mentioned, it may be concluded that phase aberrations can lead to
the following aspects:

• Time-shift differences

• Magnitude-level differences

• Waveform shape distortions
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The human skin can be considered as one of the most important sources of phase aberrations.
Therefore in the following an overview will be given of some of the acoustic properties of
the human skin. This information is used to create an aberrator for the measurements with
realistic properties.

4.2.1 Anatomy of human skin

The skin consists of three distinct layers from the surface downward: the epidermis, dermis,
and subcutaneous fat (see figure 4.2). The epidermis consists of several sublayers. The
epidermis is thickest on the palms and soles but is typically less than 0.1 mm thick. The
dermis is composed of papillary and reticular (resembling a network) layers. The papillary
dermis is characterized by a finely woven meshwork of collagen (a protein constituent of
fibrous tissue) and elastic fibers. The reticular dermis is composed of dense collagen fibers
grouped into thick wavy bundles that run parallel to the skin surface. The reticular dermal
thickness varies from being thinnest on the eyelid to very thick on the back. The overall
dermal thickness varies from 0.5 to 3.0 mm. Below the subcutaneous fat layer is a muscle
layer situated.

epidermis
t.~Cla11J" 0 _1 __

dermi.s
O• .!! - It.o_

subcutaneous
layer

Figure 4.2: Basic anatomy of human skin.
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Skin thickness was found to increase linearly with age up to the age of 20 years and to
decrease linearly with age subsequently (see [Tan81]). There are also differences in skin
thickness between the sexes and in different sites of the body (eg. palms and soles). Also
the elasticity of fat and skin varies from one individual to another (see [Booth66]), and the
attenuation of skin decreases as skin ages (see [Gropper93]).
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4.2.2 Ultrasonic properties of the human skin

When evaluating an ultrasound scan of the skin a strong band-like (hyperechoic) echo is
seen at the boundary between the water path and the skin, the so-called entry echo (see
[Altmeyer92] and [Gropper93]). This echo is not corresponding with the epidermis. The highly
reflective entry echo originates from the uppermost portions of the epidermis, probably as a
result of the change in impedance from the coupling medium to the stratum corneum, Le.
the top layer of the epidermis. The width of the entry echo is not identical with that of the
epidermis. In general the border with the highly reflective entry echo is well defined and
smooth.
The epidermis and the dermis reflect ultrasound variably, but with well-defined interface
echoes from the transition of the coupling medium to the skin surface, and of the dermis to
the underlying subcutaneous fat, which is low-reflective (hypoechoic). The epidermis itself is
reflective. Epidermal echoes may be disturbed by air contained within scales (Le. the horny
epidermis the skin sheds).
The dermis can have a very irregularly wavy border to the subcutaneous fat. Dermal echoes
are, in most body regions, many and variable. They originate from the well-organized fiber
network of the dermis, which is also responsible for the tensile properties of skin. Hair follicles
and glands are sometimes seen, depending on the body region (and the employed frequency).
Palms, soles, and to some extent the face and the scalp are exceptions. In these regions the
fiber orientation is variable, and ultrasound reflectance consequently less. In neonatal skin,
particularly in premature infants, the whole dermis is low-reflective. In the mature infant the
dermal echo pattern changes toward an adult pattern within a few months.
The subcutaneous space is normally low-reflective and varies significantly with location and
among individuals. The muscles, which are situated below the subcutaneous fat, are easy to
define by a smooth surface. Muscles have few internal echoes.
Estimates of ultrasound velocity are:

stratum corneum [Edwards84] 1550ms -I

epidermis [Edwards84] 1540ms -I

dermis [Edwards84] 1580ms -I

[Dines84] 1710ms -1

subcutaneous fat [Edwards84] 1440ms -I

[Goss78] 1470 - 1490ms -I

abdomen [Goss80] 1476ms ·1

breast [Chivers78] 1470ms ·1

normal full-thickness skin (average) [Escoffier86] 1577ms ·1

muscle abdomen [Gambetti93] 1560ms-1

chest [Chivers78] 1568ms ·1

biceps [Goss78] 1510 - 1580ms -1

Table 4.1: Sound velocities of the different skin layers.

The boundary between the dermis and the subcutaneous fat layer is not smooth, so there is
not a single echo caused by the different impedances of the materials but a group of echoes
with internal phase shifts. This results from the fact that the ultrasonic field is extending over
a region of tissue where the boundaries vary, and therefore the echo is not a clear sharp pulse.
This is illustrated in figure 4.3. The phenomenon of refraction at the interface of tissue layers
of different velocities can seriously degrade the resolution of phased array imaging systems.
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Figure 4.3: Cross section of human skin and corresponding echo pattern.

The attenuation and velocity of the ultrasound in tissue increase in proportion to the relative
amounts of globular protein and collagen (Le. structural protein) contained in the tissue.
Collagen fibers have a greater modulus of elasticity than other tissues. This leads to a higher
velocity and higher impedance (see [Altmeyer92]). For this reason collagen is one of the main
sources of tissue's echogenicity.



Chapter 5

Cross-coupling

5.1 Introduction

As can be seen in figure 3.3, an array transducer consists of a row of elements. Each individual
element would, ideally, produce an acoustical wave related exclusively to the electrical signal
connected to its surface. In all practical cases, however, various effects lead to some kind of
coupling between nearby elements. This cross-coupling causes another beam width than for
a single element only. This is due to the induced acoustic transmission of nearby elements,
which are not connected to the generator. This chapter will examine whether the sum of
the contributions of the passively radiating elements can or can not be neglected during
measurements.

Very few publications have appeared concerning cross-coupling. From the literature on ar
ray transducers that has been found ([BruneeI79], [Kino79]. [Dias82], [Ebermannstadt92],
[Lerch90], and [Turnbu1l92D it is known that there are various forms of cross-coupling be
tween the elements of an array. The two most important forms are electrical cross-coupling
(EGG) and acoustical cross-coupling (AGG). These forms can be explained as follows.

The ECC is mainly caused by the high dielectric conductivity of the material in the saw
cut. When one of the elements of the transducer is electrically excited, then this dielectric
conductivity causes a capacitive connection between the active element and the neighboring
passive elements. This effect causes that these passive elements also slightly start oscillating
and thus transmit some ultrasonic waves.

Any pulsating piece that is acoustically coupled to an elastic solid, will generate surface
acoustic waves (see [Dias82D. In an array transducer, this mode generates surface acoustic
waves that travel on the surface of the backing and in turn, acoustically couple the elements
that they encounter (see [Lerch88] and [Lerch90D.

The ECC can be distinguished from the ACC by its temporal characteristics. The ECC acts
almost instantaneously, whereas the ACC is characterized by the effective sound speed in the
lateral direction over the array.

It is apparent that in order to obtain a wide angle of acceptance, the cross-coupling should
be well below 30dB (see [Kino79D.
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The overall experimental arrangement for the cross-coupling measurements is shown in fig
ure 5.1.
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Figure 5.1: Block diagram of overall experimental arrangement for cross-coupling measure
ments.

A 3.5MHz PZTlinear array transducer from Philips Medical Systems (for data see appendix B)
was used for this measurement. The array was positioned in a perspex water tank perpendic
ular to the bottom. The lens material (RTV60) has an acoustical impedance of 1.41 MRayls
and water has an acoustical impedance of 1.5 MRayls, which is close to that of the lens ma
terial. Care should be taken that there are no air bubbles on the lens surface, because they
would influence the measurement.
A Panametrics 5052PR pulser/receiver was used as transmitter (energy level 1). During
the measurement, only one element of the array was excited with a short electrical impulse
(-82V, lOOns). The voltage at the other, passive, elements was digitized by a Tektronix
DSA 601 (Digitizing Signal Analyzer). The DSA was triggered by the transmitter. To reduce
the random noise of the displayed waveforms, the DSA was set in averaging mode. In this
mode, the DSA presents a waveform that is an average of, in our case, 32 accumulated
waveform records. This averaged waveform was stored in a Tulip 80386SX microcomputer
for subsequent transfer to a SUN-SPARCworkstation, on which the data was processed using
the mathematical program Matlab version 4.2.

5.3 Results

The behavior of the four most important characteristics of the cross-coupling have been
examined. The first was the (absolute) peak voltage ofthe ACC (Vacc). The second was the
frequency of the wave form belonging to the peak voltage of the ACe (Face). The third was
the delay of the ACe (Dace), i.e. the time after the excitation that the wave form belonging
to the peak voltage of the ACe begins. Finally the (absolute) peak voltage of the ECe has
been examined (Vecc). Figure 5.2 shows how these parameters can be determined from the
measured signals.
Figure 5.3 gives a summarized overview of the measured cross-coupling effects. The graph
on the top left shows the voltage curve measured at element 49. This is the excited element.
The top right graph shows the voltage curve of element 48. This is the direct neighbor of
element 49. At the neighboring element, as can be seen, it is hard to distinguish between
electrical and acoustical cross-coupling effects. The other graphs show the voltage curve of
the elements 47 through 42. In these graphs, one can easily distinguish the ECe and the
ACC. It clearly shows how the ACC shifts in the time.
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Figure 5.2: Cross-coupling parameters.

The measurements have been performed for three elements, namely the elements 17, 29, and
49 were excited. The results of these measurements are shown in figure 5.4, with respectively
a solid line for the results corresponding to the excitation of element 17, a dashed line cor
responding to the results of element 29, and a dotted line corresponding to the results of
element 49.
In the graphs on the left, the results are plotted in their original units. In the graphs on the
right, the results are plotted in decibels. Both the Vecc and the Vacc in dB are related to the
Vecc measured at the excited element, because this is also the peak voltage ofthe pulser, and
so this value can be used as a reference. The Face's in dB are related to the center frequency
of the used linear array transducer.
Table 5.1 shows the averaged numerical results of the measurements. Element zero is the
excited element. The other element numbers refer to the number of elements from the excited
one, so number one is the direct neighbor of the excited element. This applies to the left as
well as to the right. The standard deviation (SD) of the results has been calculated using

n - 1
SD =

n

L: (Xi
i=l

2

x)
(5.1)

where n is the number of corresponding measurements Xi and x the averaged value of the
measurement.
Finally, some measurements have been performed to examine the effects of cross-coupling
on the ultrasound field. Two methods have been used. The first method made use of a
hydrophone. This hydrophone was used to measure the RF-signal of which the maximum
amplitude (Ao) had to be determined. Next all other elements were short-circuited to ground
to yield a new signal amplitude (AJ), from the center element (see [Goldberg92]).
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Figure 5.3: Cross-coupling effects when element 49 is excited.
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Figure 5.4: Cross-coupling effects. Solid line: element 17 excited. Dashed line: element 29
excited. Dotted line: element 49 excited
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element number
0 1 2 3 4 5 6 7 8 9

V 81.45 0.863 1.150 0.497 0.517 0.303 0.383 0.306 0.345 0.284
Vecc SD 0.636 0.077 0.058 0.216 0.185 0.031 0.089 0.029 0.049 0.013

dB 0 -39.5 -37.0 -44.3 -44.0 -48.6 -46.6 -48.5 -47.5 -49.0
V 12.53 0.606 0.399 0.202 0.132 0.104 0.088 0.073 0.062 0.052

Vacc SD 0.382 0.010 0.007 0.005 0.006 0.003 0.002 0.001 0.001 0.001
dB -16.3 -42.6 -46.2 -52.1 -55.8 -57.9 -59.3 -61.0 -62.4 -63.8

MHz 3.27 2.19 1.90 1.34 1.23 1.22 1.12 1.08 1.04 1.01
Facc SD 0.083 0.015 0.006 0.017 0.094 0.005 0.004 0.004 0.006 0.002

dB -0.6 -4.1 -5.3 -8.4 -9.1 -9.2 -9.9 -10.2 -10.5 -10.8
Dacc ns 106 + (256*elementnumber)

SD 7.2

Table 5.1: Numerical results of cross-coupling measurements.

The decrease in signal amplitude from the center element was attributed to interelement
cross-coupling, in decibels:

coupling 20 log ( AO;;fAf ) (5.2)

The measurements have been performed for the same three elements as before. The results
of the measurements are shown in table 5.2.

excited normal short-circuited coupling
element mV mV dB

17 24.5 24.2 -38
hydrophone 29 27.4 26.8 -33

49 28.2 27.6 -33
17 920 832 -20

pulse-echo 29 944 840 -18
49 952 864 -20

Table 5.2: Effects of cross-coupling in the field.

The same kind of measurements has been performed in pulse-echo mode using a perspex plate
as reflector and the Panametrics 5052PR pulserfreceiver (gain 40dB, energy 2). The results
of these measurements are also shown in table 5.2.

- ------
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5.4 Discussion

The measurements described in this section are performed to examine the characteristics and
influences of cross-coupling. The following points are the result of the performed measure
ments:

• The effects of the cross-coupling are independent of the fact which element is excited.
The effects are symmetric, Le. they are the same on both sides of the excited element.
Some slight differences might occur for the most outside elements (1-~3 and ~126-128),

because of the fact that the structure of the array ends at those places.

• The ACC passes through the array with a linear speed. The ACC needs about 256 ns
to pass from one element to another (presumably through the backing). Considering
that the pitch of the elements is 0.760 mm, we find that this corresponds with a speed
of ~ 3000 m/s. The backing has a velocity of ~ 2600 mis, so an average Dacc of 256 ns
per element can be explained by the fact that the route through the backing is longer
than the pitch distance and thus will the speed be close to that of the backing.

• The Dacc of the excited element is shorter than 256 ns, because the ACC does not need
to pass to another element, and thus the distance to travel is much shorter.

• For the direct neighbors of the excited element it is hard to distinguish between ECC
and ACC. This can only be done by use of the linear time shift of the Dacc. It is now
possible to estimate the place of occurrence of the ACC. It is still difficult to determine
the maximum amplitude of both kinds of cross-coupling, because there might be a slight
interference between both kinds of cross-coupling.

• The amplitude (voltage) of the ECC is higher than that of the ACC.

• The Vecc is biggest for the two closest neighbors. For the other elements, the shape
of the Vecc pulse is almost the same. The amplitude for these elements decreases very
slowly in an oscillating manner. This must be caused by the structure of the array (e.g.
the connections of the wires).

• The frequency of the ACC decreases as a function of the distance to the excited element.
This is caused by the fact that the backing material heavily absorbs high frequencies, so
the frequency of the ACC pulse decreases when the ACC passes through the backing.

• The Vacc decreases faster to zero than the Vecc, because the ACC looses much of its
energy on the way through the backing, caused by the absorption of the high frequency
components.

• The cross-coupling effects on the ultrasound field obtained by a hydrophone measure
ment are small, but measurable. In pulse-echo mode the cross-coupling effects seem to be
larger. This can be explained by the fact that in pulse-echo mode, the cross-coupling ef
fects are measured twice. Once during transmission (all the elements transmit caused by
the cross-coupling), once during receiving (all the elements receive caused by the cross
coupling). Whereas during the measurement with the hydrophone, the cross-coupling
effects influence only the transmission, not the receiving, because the transducer is not
used as receiver in that case.

The conclusion of this chapter might be that the effects of cross-coupling are measurable, but
they are present at a very low level (less than -40dB). They will not be a severe source of
disturbance in the measurements, so it is not necessary to include the cross-coupling in the
transducer model.



Chapter 6

Hydrophone

6.1 Introduction

Sound field measurements can be performed with a hydrophone. A hydrophone is a detector
that is sensitive to acoustic pressure. Generally, hydrophones are used to measure the local
pressure within ultrasonic fields.

The ideal hydrophone should be omni-directional and the electrical signal should follow the
acoustic signal instantaneously. But the directivity of typical hydrophones is seldom omni
directional, so hydrophones have to be calibrated before use (see [Wells77] and [Woodcock79]).

6.2 Characterization of the hydrophone

The hydrophone we used, was a needle hydrophone manufactured at the Laboratory for
Seismics and Acoustics of the Delft University of Technology. The active element was located
in the end of a small cylindrical housing, resulting in minimal perturbation of the ultrasonic
field. The hydrophone was made of a PVDF polymer, with a sensitive surface of 0.25mm2

(radius:::::: 0.28mm). The PVDF thickness was 9j.Lm, which yielded an estimated bandwidth
of over 70MH z.

A pre-amplifier, gain 21.5dB with 50n output (:::::: 100nV/Pa), optimized the hydrophone
for fast transient response and sensitivity with high bandwidth 0.035-190MHz and a low noise
level of 3.6nV/VHz.

The hydrophone (type: TUD02) has been calibrated at TNO Health Research in Leiden. The
directivity of the hydrophone was measured at a frequency of 3.5MHz, because we used the
hydrophone to measure the sound field of a LA3510 linear array transducer of Philips Medical
Systems, which had a central frequency of 3.5MHz. During the calibration measurements,
the tip of the hydrophone was held in the focus of a continuous wave excited transducer that
was transmitting at 3.5MHz. Only the angle between the transducer and the hydrophone was
changed (0 0 was when the transducer was in line with the hydrophone). The measurements
have been performed in two perpendicular planes (see figure 6.1 for one of these planes). This
method is also described in the IEEE Std 190-1989 (see [IEEE90]).

The results of the measurements are shown in figure 6.2. These graphs show the value of the
absolute maximum amplitude of the hydrophone signal as a function of the angle (fJ) between
the transducer and the hydrophone for both measured planes.
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Figure 6.1: Direction of hydrophone during calibration.

When transmitting, the hydrophone can be considered as a radiating piston. The relative
amplitude (A) of the acoustic pressure in the direction (0) from the center of the active
element has the following dependence on 0 (see [Morse68]):
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Figure 6.2: Measured directivity of the hydrophone.
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where r is the radius of the piston, uw1rr2 the total outflow amplitude (uw is the normal
velocity), D is called the directivity function, k is the wave number, w is the angular velocity,
c is the wave velocity, and Jl is the Bessel function of the first kind. Finally, f3 is the specific
acoustic admittance of the surface. If the wall surrounding the hydrophone is perfectly solid
then f3 = O. IT the wall is quite soft then f3 is large.
According to [Hill86] and [Herman82], hydrophones are found to be reciprocal. Thus hy
drophones exhibit the same form of directivity behavior for their pressure sensitivity, and so
the above mentioned equations are also valid for the case that the hydrophone is receiving.
Using the results of the measurements and the directivity function, we are now able to cal
culate the effective sensitive surface of the hydrophone (see [Harris88]). This can be done as
follows (for simplicity assuming that f3 = 0). The directivity function is equal to 2Jl(X)jx of
which values can be obtained from standard tables (eg. see [Kreyszig88]). At the -3dB point
of this function x (= kr sin ()) is equal to 1.61. From the measurements we can calculate an
averaged angle for the -3dB points ofthe measured curves (see figure 6.2). This angle ((}-3dB)

was equal to:

=

(}dirlpos + \(}dirlneg I+ (}dir2pos +I(}dir2neg I
4

30° +28° +32° +30°
4

(6.4)

The effective radius of the hydrophone was:

1.61 1.61
r JJ - - ::::: 0.22mm

e - k sin ()_ dB - 21r3.5e6Hz sin 300
3 1483ms 1

(6.5)

If the directional response of the hydrophone deviates significantly from the commonly used
model (equation 6.1), then care must be taken in interpreting the effective radius specified as
before. The meaning of the effective radius is in that case, that at the frequency f and the
angle () of measurement, the hydrophone behaves like a uniform receiver with the specified
effective radius.
The effective radius of the hydrophone is important, because the voltage output of the hy
drophone at a particular position is not proportional to the pressure at that position, but
indicates rather the pressure averaged over the surface of the hydrophone. To minimize the ef
fects of this spatial averaging of the pressure wave across the hydrophone's active surface, the
dimension of the hydrophone's surface must be relatively small compared to the wavelength
of the ultrasound waves to be measured.
The before calculated effective radius of the hydrophone shows that the radius was equal to
approximately 0.5A, because A is approximately 0.43mm at 3.5MHz, which was the center
frequency of the array transducer. This is an acceptable ratio between the effective radius of
the hydrophone and the wavelength of the ultrasound waves to be measured.
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6.3 Compensation for the hydrophone directivity

The hydrophone used to measure the acoustic fields had a direct influence on the experimental
results. It was possible to remove this influence of the hydrophone by means of a spatial
deconvolution process. The measured field Pm(x, y) is actually a convolution ofthe true field
ptex, y) convolved with the directivity (i.e. spatial sensitivity) function d(0) of the hydrophone
(see [Schafer88]). The angle 0, which is a function ofthe x- and y-coordinates (see figure 6.3),
the z-coordinate was kept constant during the measurement of the hydrophone's directivity
(see previous section), can be given by:

O
__ "';x2 + y2

aTctan -'------=-
z

(6.6)

The directivity function d(O) can thus also be written as a function of x and y. This yields
to:

Pm (x, y) = d(x, y) *ptex, y) (6.7)

So, the true field can be calculated by means of a deconvolution, i.e the measured field
is convolved with the inverse directivity function of the hydrophone. The directions x and
y mentioned in this equation correspond respectively with the in-plane direction and the
out-of-plane direction of a (linear) array transducer. This is shown in figure 6.3.

flflflllllfilHI -----
,,,,,,

Figure 6.3: Transducer orientation.

A convolution of two signals in the spatial domain corresponds to the multiplication of their
Fourier transforms (Pm(kx, ky ), Pt(kx, ky ), D(kx, ky )) in the spatial frequency domain. In this
way, a convolution can be reduced to a multiplication.

(6.8)

Taking the inverse Fourier transform of Pt will result in the desired true field Pt.

As has been mentioned before, the directivity of the TUD02 needle hydrophone has been
measured at TNO. For convenience, we assumed this directivity to be the same for all di
rections (cylinder symmetry) and to be equal to the mean value of the measured data. The
mean value is shown in the left graph of figure 6.4.
This model was allowed considering the standard deviation of the mean value of the measured
data. By using this model, we were able to characterize the directivity of the hydrophone
with one formula which was valid for all rotation angles.
The directivity must be known for angles between 0° and 90° for the before mentioned cor
rection process, but it has been measured only for angles between 0° and 60°. To compensate
this difference, we assumed the directivity for angles between 60° and 90° to be equal to the
directivity value measured at 60°. This assumption is allowed, because the energy of waves
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Figure 6.4: Left: The average directivity of the hydrophone. Right: The 3D directivity model
for the hydrophone.

that is traveling at angles larger than 60° is relatively small. Waves traveling at such large
angles for the greater part may be considered as noise. So this assumption leads to a kind of
threshold, which reduces the amplification of noise. The right graph of figure 6.4 shows the
3D directivity model of the hydrophone that results from the before mentioned assumptions.

The direction of the plane waves transmitted by a transducer can be defined by the propa
gation vector k (see [Berkhout87]). Figure 6.5 shows how this vector is positioned. It also
shows the decomposition of the vector k in its X-, y- and z-components kx , ky and kz ,

respectively. The angles f3 and () are defined to derive a relation between this vector and the
components. According to [Berkhout87], the angle f3 is called the azimuth and is a polar angle
in the xy-plane. The angle () is called the dip and corresponds to the angle that is used in the
directivity function of the hydrophone. Using these definitions, the following relationships
can be derived:

k =lI k ll = Jk; +k; +k~ (6.9)

kx = k sin () cos f3 (6.10)

ky = k sin () sin f3 (6.11)

kz = k cos(} (6.12)
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Figure 6.5: k vector corresponding to direction of transmitted plane waves.

For 2D-hydrophone-measurements performed in any of the xy-planes, the directivity func
tion can be transformed to the frequency domain using the following relation between the
angle () and the propagation constant in x-direction and in y-direction. This relation can
easily be derived from figure 6.5. (Note that the x- and y-direction are the directions in
which the directivity of the hydrophone has been measured.)

(6.13)

(6.14)

(6.16)

(6.15)

For 1D-hydrophone-measurements in the x-direction, the directivity function can be simpli
fied. In this 1D-case, we assume the sound field to be constant in the y-direction , which
is a reasonable assumption when the scans in the x-direction are made in the middle of the
out of plane length of the elements of the transducer. The expression for the angle () in this
case can be derived by substituting ky = 0 in equation (6.13) (see also figure 6.6):

() = arcsin (~ )

Note that an xz-scan is a concatenation of a number of x-scans and can thus be corrected
by means of this 1D correction method for each of the x-scans.
The directivity function finally needs to be sampled, so that it matches to the two-dimensional
Fast Fourier Transform of the scanned signals, which are discretized. To avoid spatial alias
ing (i.e. overlapping in the spatial domain), the sampling intervals l:1kx and l:1ky should be
equal to (see [Berkhout87]):

l:1kx = 21l"
Lx

l:1k
y

= 21l"
Ly

where Lx is the length of the scanned region in the x-direction of the spatial domain and L y

the length of the scanned region in the y-direction.



6.4. RESULTS OF THE COMPENSATION METHOD 37
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Figure 6.6: The ID relation between wave front and propagation vector k.

A look at the before mentioned equations shows that the distance z is not explicitly present
in this compensation method. Still the influence of the distance z is noticeable, because the
influence of z is present in the measured signal itself.

6.4 Results of the compensation method

The following test has been done to examine the influence of the compensation on the mea
sured signals. For this test we used the Root Mean Square difference d RMS between the true
field and the measured field according to the following equation:

dRMS=

N:cNy

EEl Pt(x, y) - Pm(x, y) 1
2

:c y

N:cNy

EEl Pm(x,y) 1
2

x 11

(6.17)

where N x is the number of scan-points in the x-direction and Ny in the y-direction.

The test has been done to show that the compensation effect varies and that the influence on
the measured signal is small. The results of the test are shown in the following table. The
characteristics of the used scan planes, Le. a xy-scan and a ,zz-scan, are also given in that
table.

There are two common ways to display the scans, namely displaying the maxima of the
envelope of the RF-signals or displaying the amplitude of a frequency component of the Fourier
transformed version of the RF-signals. The previously described compensation method is
initially meant to compensate the amplitude of the measured 3.5MHz frequency component
of the Fourier transform. The method may also be used to compensate the amplitude of the
measured maxima of the envelope of the RF-signals, if is assumed that the directivity of the
hydrophone is the same for the main frequencies of the measured RF-signals, Le. frequencies
within the -6dB bandwidth of the transducer. This is a reasonable assumption, because the
sensitivity of the used hydrophone is almost the same for all the frequencies in that bandwidth.

The results of the test are shown in the following table.
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xy-scan xz-scan
8 elements 8 elements

z = 4.3 mm Zbegin = 11.9 mm
x: 270* 85 J-Lm x: 58*850 J-Lm
y: 50*425 J-Lm z: 136*380 J-Lm

dRMS for
maximum envelope 0.0176 0.0040

dRMS for
frequency component 0.0947 0.0313

Table 6.1: Influences of hydrophone compensation.

As an example, in figure 6.7 the effect of the compensation is shown on the 15th x-sean-line of
the before mentioned X Z-scan. What is shown in the figure is the amplitude of the 3.5MHz
frequency component of the RF-signals (note: z = 23.8mm). The dashed line is the "original"
measured signal and the solid line is for the case that the same signal is compensated for the
hydrophone used.
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Figure 6.7: The effect of compensation. Dashed: measured signal; Solid: compensated signal.
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A method for correction of the measured data for the directivity of the used hydrophone has
been described.
The advantage of this method is that it is independent of the distance z at which has been
measured. There is no need to determine for each position the angle (J, because it is not
needed in the algorithm.
The influence of the compensation is strongly dependent on the conditions (e.g. number of
elements, position in the sound field) of the scan that has been made. The computed values
of dRMS are very small, but this does not mean that it is not necessary to compensate. The
reason for this is that the scans used for the tests had the sound fields exactly in the middle
of the scan. The signals at the edges of the scan are for these cases small, but these are
also the signals that need to be compensated most (i.e. these are measured at large angles).
The effect of compensation as expressed by equation(6.17) is suppressed in these cases by the
strong signals in the middle of the scan (Le. small angles and thus less compensation).
We decided to compensate all scans, because it is not previously known if a scan needs to be
compensated. An additional reason for this strategy is that it does not take much extra time.



Chapter 7

Methods of measurement

7.1 Experimental equipment

The overall experimental arrangement for the measurement of the ultrasonic sound fields is
shown in figure 7.1.
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Figure 7.1: Schematic diagram of the equipment.

Hydrophone electronics

The acoustical pressure transmitted by a LA3510 linear array transducer of Philips Medical
Systems with 128 elements and a center frequency of 3.5 MHz (see appendix B) was sensed
by a needle hydrophone. The hydrophone was manufactured at the Delft University of
Technology. The characteristics of this hydrophone were described in chapter 6.
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The hydrophone had a built-in amplifier with a gain of 21.5 dB, this increased the sensitivity
of the measurement.
The hydrophone signal was digitized by a Tektronix digitizing signal analyzer, type
DSA601.
To get an improvement of the signal-to-noise ratio, the signal was bandJimited with a first
order High Pass Filter (cut off frequency approximately 500 kHz) and a fourth-order Bessel
Low Pass Filter (cut-off frequency 15 MHz from K&L microwave, inc.). The oscilloscope's
internal 20 MHz low pass filter was also used, although this would have almost no effect.
The signal-to-noise ratio was further improved by averaging every signal sixteen times. This
reduced the random system noise.

Steppermotor controller

A Miirzhauser XY-table, controlled by a XYZ-steppermotor controller, was employed
for the positioning of the hydrophone in the region of interest. The XY-table was able to
make steps of 1 pm with an overall accuracy of 2 pm. Initially, the hydrophone could be
positioned by means of a couple of set-screws.

Computer systems

A Tulip 386SX microcomputer was the heart of the data acquisition for storage of the
data as well as for control ofthe measurement. The microcomputer had serial (RS232) ports
that were used for communication with the motor control driving electronics. This allowed
full control of the hydrophone positioning. An IEEE control card allowed full control of the
oscilloscope. The data stored on the microcomputer's hard disk were transmitted to a SUN
workstation on which the data were processed using Matlab version 4.2.

Water tank

To avoid interference due to echoes reflected from the wall's of the water tank, the dimensions
of the tank should be larger than the dimension of the acoustic field to had been measured.
Therefore, we used a water tank with the following dimensions: height 12cm, length 40cm,
and width 25cm.
The transducer was placed in a side of a perspex water tank. The hydrophone was placed
in the water tank via a construction that was connected to the XY-table. The arm moment
between the XY-table and the hydrophone was not critical, because the measurements were
performed in so-called "start-stop" mode, Le. there would be no motion of the hydrophone
during the data-acquisition process.

Pulser electronics

The transducer was driven by a short electronic pulse (80 ns duration) with a 140 V peak
voltage. This pulse was generated by a Panametrics 5052PR pulser-receiver that was used
as transmitter only (used energy-setting: 2). The pulser also generated a trigger signal for
the oscilloscope.
An expander was interfaced between the transducer and the pulser to disconnect the high
voltage source (Le. the pulser) from the circuit during the receive period to eliminate noise
from the pulser electronics (see [Lockwood91]). An expander consists of a crossed diodes
bridge. The crossed diodes act like switches which are closed (conducting) for large signals
(> 0.5 V), but are open (non-conducting) for small signals. Such a crossed diodes bridge was
placed in series with the output of the pulser.
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Scan planes

CHAPTER 7. METHODS OF MEASUREMENT

We used this set-up to measure the transducer sound fields in two different scan-planes,
namely in the xy-plane and in the xz-plane (see figure 6.3).

xz-scan

First consider the xz-scan. In this case the transducer was positioned on the left side in the
water tank and the hydrophone axis was aligned perpendicularly to the transducer surface.
This situation is shown in the photograph of figure 7.2. Note that in this case the x- and
y-coordinates of the XY-table corresponded with respectively the z- and x- directions of the
transducer.
For the in-line positioning ofthe xz-plane, Le. ofthe scanning mechanism and the water tank,
a single element transducer had been mounted to the arm connected to the hydrophone.
This transducer was excited by an Avtech pulser. The signal reflected from the bottom of
the water tank, which was parallel to the xz-plane, was connected to the oscilloscope without
amplification, because the signal was meant only for monitoring. During the transmit part,
the oscilloscope was protected from the high source voltage by means of a limiter. This is a
pair of crossed diodes that are placed in parallel with the input of the oscilloscope.
The single element transducer was placed perpendicular to the bottom of the water tank. The
transducer was moved, successively, to the four corners of the scan region. The maximum of
the reflected echo wave form sensed by the transducer should be located at the same moment
of time for all the four corners. If this was not the case, the height of the water tank could
be altered by means of some set-screws located in the bottom of the water tank.

xy-scan

The second kind of scan was the xy-scan. In this case the array transducer was positioned
in the bottom of the water tank. Again the hydrophone was aligned perpendicularly to the
transducer surface. The x- and y-direction of the XY-table and of the transducer were the
same in this case.

Filling of the water tank

The water tank was filled every morning, approximately one hour before the measurement
began, with tap water. The bubbles in the water sticked to the walls of the tank, as well
as to the transducer, the hydrophone and its support structure. During this hour all these
surfaces where regularly brushed, especially the sensitive surface of the transducer and of the
hydrophone, with a soft fine-haired paint brush. This brushing led after one hour to a stable
waveform. This is also described in [Harris88].
We did not use degassed water, because the measurements performed in the tap water after
at least one hour were accurately enough. There were also some practical reasons why we did
not use degassed water for the measurements. These reasons were the following.
First, the water tank was rather large and therefore it does not fit into the vacuum pump.
Degassing water separately and later pouring it into the water tank caused bubbles, so that
the effect of degassing was largely reduced
Also if we had a vacuum pump that could contain the complete water tank, we could not
place the water tank in it, because the transducer was solidly connected to the water tank.
The pressure in the vacuum pump could destroy the transducer.
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Figure 7.2: Positioning of transducer and hydrophone during xz-scan. (1) the linear array
transducer, (2) the hydrophone, (3) the single element transducer, (4) the xy-table.

Finally, the water in the water tank had to be poured out every day, because the hydrophone
and the transducer were (probably) not water-resistant for long periods of time (Le. some
days). So in that case, the water had to be degassed every day, which would cause a lot of
extra work and an increment of the time to perform a measurement.

Temperature

The measurements were performed at room temperature, typically 21°C. Care should be
taken that during the measurement the temperature fluctuations of the water were kept
within reasonable margins. This to avoid temperature induced phase shifts (see [Dalecki94]).
For this reason we kept doors and curtains closed and monitored the temperature of the
water.
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7.2 Alignment and accuracy

The accuracy of the measurements depended for a great part on the alignment of the array
transducer with the scanning-plane of the hydrophone. The positioning of the array trans
ducer in the side of the perspex water tank was of great importance. This was a critical part
in the alignment procedure, because it could have influence on the accuracy as will be seen
further on. Fortunately, this positioning needed to be done only once, because we used the
transducer in this position only, so it could be solidly connected to the water tank.

The alignment procedure was performed for the case that the water tank was filled with
water only, Le. a homogeneous medium. The inaccuracies that will be estimated for the
homogeneous case are also valid for the measurements with aberrating layers, because these
were performed under exactly the same positioning conditions as for the homogeneous scans.

7.2.1 Alignment and accuracy of an xy-scan

Before a description is given of the alignment procedure and the calculation of the accuracy,
some characteristic variables of a scan-plan are defined first

The first variable is the z-distance Zscan at which had been scanned. This distance could
not be measured exactly, because there was a matching layer and a lens in front of the active
element, so we had to estimate the distance Zscan from the measured RF-signals. We estimated
the distance Zscan as follows:

Zscan

Cwater

Zml + Zlens + (tdelay - tml - tlens + ;index ) Cwater
sample

1433.1 + 2.5T
Zml

Cml
Zlens

Clens

(7.1)

(7.2)

(7.3)

(7.4)

where Zml is the thickness of the matching layer, Zlens is the maximum thickness of the lens,
tml and tlens are the traveling times through the materials of the matching layer and the lens
respectively, Cml and Clens are the sound velocities of the materials of the matching layer and
the lens respectively, tdelay is the time after the excitation pulse at which the measurement
of the signals starts, nindex is the sample number of the sample in the RF-signal on which
the maximum of the signal is located at the earliest time of all the RF-signals in the whole
scanned plane, fsample is the sample rate at which the signals have been measured, Cwater is
the sound velocity in water defined according to the literature, and T is the temperature of
the water.

The inaccuracy in the estimated distance Zscan can be calculated as follows:

~Zscan IO:scan ~Zmll + I~Zscan ~Zlensl + IO:scan ~Cmll (7.5)
VZml VZlens VCml

I

OZscan I IoZscan I IOZscan I+ -~--~Clens + 0 ~Cwater + o. ~nindex
VClens Cwater nmdex

where ~vaT means the inaccuracy of variable vaT.
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Derivation of the equation leads to the following equation:

45

11 CwaterIA + 11 CwaterIA +IZmlCwater IA (7.6)~zscan = - -- L.J.Zml - -- L.J.Zlens 2 L.J.Cml
Cml Clens Cml

I
ZlensCwater IA I nindex IA ICwater IA+ 2 L.J.ctens + tdelay - tml - tlens + J L.J.Cwater + J L.J.nindex

Clens sample sample

where Cml = 2620 mis, Zml = 0.160 mm, ~Zml = 0.005 mm, Clens = 960 mis, and Zlens =
1.420 mm (see appendix B). As a result of the sampling-rate, the variable nindex has an
inaccuracy of ~nindex ::::; 1.
Substitution of all the variables in the equation above leads to an inaccuracy in the estimated
distance Zscan of less than O.lmm, even in worst-case.
The main inaccuracies that contribute to this disturbance are ~Cwater and ~nindex. The size
of ~Cwater is mainly caused by temperature fluctuations (see equation 7.2). The influence of
~Cwater on the inaccuracy of Zscan is depth dependent, Le. the further away the Z distance,
the bigger the factor before ~Cwater and thus a larger disturbance of Zscan. The influence of
~nindex can be reduced by using high sampling-rates.
The inaccuracies ~Clens and ~Zlens contribute only little to the total inaccuracy, but they
should not be neglected. Note that ~Zlens is mainly caused by the curvature of the lens,
which causes that the lens thickness is variable in the y-direction.
The influences of ~Cml and ~Zml are almost negligible. This can be explained by the fact
that the matching layer is rather thin, so its influence on the z-distance is rather small.

The length of a scanned plane in the x- and y-direction, Lx and L y respectively, is equal to:

Lx = (Nx - l)dx

Ly (Ny - l)dy

(7.7)

(7.8)

where N x and Ny are the number of measured points in the x- and y-direction respectively,
and dx and dy are the step widths in the x- and y-direction respectively.
The inaccuracy of both Lx and L y , ~Lx and ~Ly respectively, is equal to 4J.Lm. This in
accuracy occurs when the two outmost scan points of either of the directions is maximally
(opposite to each other) displaced. This displacement is caused by the inaccuracy of the
XY-table, which is equal to 2J.Lm, so in worst-case, there is a maximum inaccuracy of 4J.Lm.
This inaccuracy in negligible if a scan is made that makes use of the complete possible x
and/or y-scan length (Le. for both sides:::::: 50mm) ofthe XY-table.

The transducer had to be placed in the side wall perpendicularly to both the x- and y

directions (see figure 6.3). This positioning of the array transducer had influence on the
accuracy of the measurement. The measurement was most accurate when the measured xy
scan was parallel with the transducer surface. The deviation of the measured scan in the
z-direction ~ZXY.con is a measure for the accuracy of the measurement. Ideally, this ~ZXY.con

should be zero. The displacement can be calculated as follows. Consider the situations that
are shown in figure 7.3. This figure shows the three possible angles of distortion caused by
the positioning of the transducer, the angle Q in the xy-plane, the angle (3 in the xy-plane,
and the angle I in the xz-plane.
In the ideal case all the angles Q, (3, and I are zero. In practice, these angles will slightly
deviate from zero. The following calculations show the influence of these angles and of some
other factors on the displacement in the z-direction ~ZXY.con of the scanned planes.
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Figure 7.3: Positioning errors in a xy-scan caused by the positioning of the transducer.

The array transducer and the water tank stood upright in the case of an xy-scan. The water
tank was resting on four legs, which were positioned besides the transducer. The length of
these legs could be altered by means of set-screws. These set-screws could be used to align
the surface of the transducer with the scanning-plane. This could be done using the following
method.
First consider the effect of the angle Q. It was possible to reduce this effect by exciting one
element of the array transducer and making a scan with the hydrophone in the y-direction
in front of this excited element. This should result in a symmetric signal in time, Le. the
maxima of the RF-signals should occur at the same instant of time for two positions which are
located at equal distance to the middle of the excited element. By means of the set-screws,
we were able to minimize the time difference tltXYlegs between two such maxima, which were
located at the outmost places of the scan, to less than lOOns. This led to an tlzaZII ' Le. a
distortion in the measured z-direction caused by the angle Q, that is equal to:

(7.9)

The angle {3 did not cause any distortion in the z-direction, as can be seen in figure 7.3, so:

(7.10)

The effect of the angle "y could be compensated in the same way as the effect of the angle Q,

only the scan direction of the hydrophone had to be along the x-direction of the transducer
instead of the y-direction. Again the time difference could be reduced to less than lOOns.
This led to:

(7.11)

Note that had to be checked if the compensation for the effect ofthe angle Q was not disturbed
by the new length of the legs of the water tank. IT this was the case, the compensation for
the angle Q had to be done again. After some repetitions this procedure led to a situation in
which tltXYlegS was less than lOOns for both cases.
In a worst-case scenario, the angles Q, {3, and "y lead to a deviation in the z-direction tlzXYangleS'

that is equal to the sum of the three separate distortions.

tlzXYangles tlzazlI + tlZ{3zl1 + tlZ'YZII

= 2cwater tltXYIegs

(7.12)
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The deviation in the z-direction of the measured xy-scan 6zxY.can is larger than LlzxYangle.
only, because Cwater is a function of the temperature. The temperature T had during the
measurement a deviation LlT. This leads to the following equation for LlzxY.can:

A = Ll + aLlzXYangle. LlT
uZXY8can ZXYangle8 aT

= 2 (1433.1 +2.5T) LltXYleg8 +56tXYleg.LlT

5LltXYleg. (573.24 +T +6T)

(7.13)

This equation shows that the influences of the temperature T and the temperature fluctuation
6T were rather small compared to the influence of the LltXYleg.' We could reach a 6txYleg.
of less than lOOns. This leads at a temperature of T = 21°C and a temperature fluctuation
LlT = O.50C, which were typical values, to LlzXY8can :::::: O.3mm.

The total distortion in the z coordinate LlzXYtotal is in worst-case equal to the sum of all the
disturbances of the z coordinate, so:

(7.14)

Summarizing, we may conclude that the distance Zscan between the transducer and the mea
sured xy-plane can be estimated with an inaccuracy of less than O.lmm, even in worst-case.
The deviation in the z-coordinate over the entire xy-scan LlzXY8can is in worst-case less than
O.3mm, so the total distortion in the z coordinate LlzXYtotal is less than OAmm. The inaccu
racies caused by the xy-table, Le. LlLx and LlLy , are negligible. Note that the angles itself
are not present in the equations of the inaccuracies.

7.2.2 Alignment and accuracy of an xz-scan

The z distance Zscan at which the xz-scan started had to be estimated again. These could be
estimated in the same way as had been done for the xy-scan and thus it could be estimated
by means of equation (7.1). Therefore, the possible inaccuracy of Zscan, Le. Llzscan , is equal
to equation (7.5).

The length of a scanned plane in the x- and z-direction, Lx and L z respectively, is equal to:

Lx = (Nx - l)dx

Lz = (Nz - l)dz

(7.15)

(7.16)

where N x and N z are the number of measured points in the x- and z-direction respectively,
and dx and dz are the step widths in the x- and z-direction respectively.
As has been shown in the previous section, the inaccuracy of both Lx and L z , LlLx and LlLz

respectively, is equal to 4p.m.

The transducer was placed horizontal in the left side of the water tank and the hydrophone
was placed horizontal in front of it. The positioning of the transducer had influence on the
accuracy of the measurement. The measurement was most accurate when the measured xz
scan was parallel to the bottom of the water tank, i.e. the deviation in the y direction should
be small.
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The xz-plane could be placed parallel to the bottom of the water tank by making use of the
single element transducer. The transducer, which was situated perpendicular to the bottom of
the water tank, was placed successively in the four corners of the scan region. The maximum
of the reflected echo wave form sensed by the transducer had to be located at the same
moment of time for all four the corners. By means of the set-screws located in the bottom of
the water tank, it was possible to reduce the time difference tlt:C;ZlegS to less than 200ns. This
led to the following deviation ofthe y-direction (note that this was pulse-echo mode):

A Cwatertlt:C;ZlegS
UYlegs = 2 (7.17)

Also should the scan be perpendicular with the surface of the transducer. IT this is not the
case, there would be an inaccuracy in the z-distance. The three situations shown in figure 7.4
all cause that the ideal situation will be disturbed and thus they contribute to the inaccuracy
of the measurement.
The figure shows the three possible angles of distortion caused by the positioning of the
transducer, the angle 0: in the xy-plane, the angle (3 in the xy-plane, and the angle / in the
xz-plane.
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Figure 7.4: Positioning errors in a xz-scan caused by the positioning of the transducer.

In the ideal case all the angles 0:, (3, and / are zero. In practice, these angles will slightly
deviate from zero. The following calculations show the influence of these angles and of some
other factors on the displacement of the scanned xz-planes.
First consider the effect of the angle 0:. This angle leads to a deviation in the y level of the
xz-scan. This inaccuracy is equal to:

tlyOl:u = L z tan(o:) (7.18)

It has been checked if the effect of this angle 0: is significantly present in the xz-scans. This
has been done using the following method. There have been made five xz-scans with the
same x- and z-coordinates, only the the y-coordinate was different for the five scans. One
scan was located at the middle ofthe width ofthe elements ofthe transducer. The other four
were made 1mm and 2mm above this middle and 1mm and 2mm below this middle. These
xz-scans are shown in figure 7.5. These graphs are contour-plots (contours of: -6dB, -10dB,
-20dB, and -30dB).
In the ideal case, Le. the angle 0:=0, the scans, which were made at equal distances to the
middle ofthe elements should be the same (Le. symmetric). Thus the left graphs of figure 7.5
should be equal to the right ones. There are some little differences between these graphs.
These are not only caused by the angle 0:, but also by the fact that the middle of the y
elements that has been used was not exactly the middle. Thus we may conclude that the
influence of the angle 0: was small in the measurements.
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Figure 7.5: Measured xz-scans (maximum of the envelope) of 8 elements for five different
y-Ievels.

The angle (3 causes also a deviation of the y level of the xz-scan. This inaccuracy is equal to:

~Yf3:u = L:r; tan({3) (7.19)

The angle I has no influence on the deviation in the y-direction, so:

(7.20)

The deviation in the y-coordinate of the xz-scan ~y:r;Z.e(Jn is in worst-case equal to the sum
of all the disturbances of the y coordinate. This leads to the following equation:

~y:r;Z.e(Jn = ~YOl:U + ~Yf3:u + ~Y'Y:U +~Yle98

= L z tan(a) + L:r; tan({3) + cwater~t:r;zleg.

(7.21)
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These equation contains the variables Lz, Lx, and Cwater' These three variables have also an
inaccuracy. The inaccuracy of Cwater is temperature dependent. This leads to the following
equation for the total deviation in the y-coordinate of the xz-scan:

ti.YXZtotal (7.22)

The main inaccuracies in this equation are the angles a and {3 and the ti.txzlegs' The inaccu
racies ti.Lz and ti.Lx may be neglected, because these are so small compared to Lz and Lx.
Also the influence of the temperature fluctuation may be neglected. In a worst-case scenario,
using Lz=50mm, Lx=50mm, Cwater=1484mfs, ti.T=0.5°C and a = (3 = 1°, this leads to a
ti.YxZtotal of 1.9mm. This seems to be a large error, but it should be remembered that this is
a worst-case scenario. The used angles are estimated maximum values. In the practice this
were smaller and the effect of both angles is not necessarily independent, as is assumed in the
equation.
Note that an xt-scan, Le. a place-time graph, can be considered as only one x-scan of an
xz-scan. In this case the previous mentioned inaccuracy in the y-direction reduces almost to
half of the previous value. This because Lz is zero for an xt-scan. Thus in this case, we have
a maximum inaccuracy in the y-direction of less than 0.9mm
The angle 'Y had influence on the z accuracy of the scan. This influence could be reduced by
means of the following method. The two elements of the array transducer that corresponded
with the outmost x-positions of the scan had to be excited. Successively, the hydrophone was
placed in front of these elements. The water tank was moved till the maximum of the received
RF-signals occured on both places at the same moment of time. This could be done with an
accuracy of at least 200ns (=ti.talign)' This led to the following deviation in the z direction.
Note that Cwater is a function of the temperature T and thus will a temperature fluctuation
ti.T contribute to this inaccuracy, so:

At. + a(Cwaterti.talign) ti.T
CwaterU alIgn aT

2.5ti.talign(573.24 +T +ti.T)

(7.23)

This equation shows that the influences of the temperature T and the temperature fluctuation
ti.T are rather small compared to the influence of the ti.talign' We could reach a ti.talign of
less than 200ns. This leads at a temperature of T = 21°C and a temperature fluctuation
ti.T = 0.50C, which were typical values, to ti.z-y ~ 0.3mm.

The total distortion in the z coordinate ti.zXZtotal is in worst-case equal to the sum of all the
disturbances of the z coordinate, so:

(7.24)

It has be shown that ti.zscan is less than 0.1mm and ti.z-y is less than 0.3mm. The influence of
ti.Lz, which is 4pm, on the total distortion may be neglected, so ti.zXZtotal is less than OAmm.
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7.3 Amplitude inaccuracies

51

Finally, it had to be checked if the amplitude of the measured signals was accurate enough,
because there were several possible sources which could contribute to the inaccuracy of the
measured amplitude. The following is an overview of some possible sources.

Hydrophone directivity

First, the hydrophone itself was a source of distortion, because of its directivity. It was tried
to reduce the effect of the directivity by means of a compensation method (see chapter 6),
but even this would not result in an 100% accurate signal, because of some assumptions and
simplifications that have been used. But the compensation method showed that the influence
of the directivity was rather small (see table 6.1), thus the hydrophone itself would not be a
great source of disturbance.

Hydrophone positioning

The hydrophone had to be placed perpendicular in front of the surface of the transducer,
because of the directivity of the hydrophone and the compensation method for this directiv
ity. The influence of the accuracy of this positioning has been investigated. Therefore we
assumed a severe distortion of the position of the hydrophone of 5° with respect to the axis
perpendicular to the transducer surface. The directivity model used in the Matlab-script
for the compensation was shifted in such a way that it corresponded to a displacement of
5°. Next, we used the same method and planes as was used to create table 6.1 for the new
Matlab-script with distortion. This resulted in the following table.

angle between xy-scan xz-scan
hydrophone axis 8 elements 8 elements

and z =4.3 mm Zbegin = 11.9 mm
normal at x: 270*85 p,m x: 58*850 p,m

transducer surface y: 50*425 p,m z: 136*380 p,m
dRMS for 0° 0.0176 0.0040

maximum envelope 5° 0.0526 0.0128
dRMS for 0° 0.0947 0.0313

frequency component 5° 0.1129 0.0358

Table 7.1: Influences of hydrophone compensation.

The table shows that the effect of the rather large distortion of 5° is relatively small. In
reality, this angle was much smaller than this assumed distortion and thus the distortion of
the measured amplitude caused by the positioning ofthe hydrophone in front ofthe transducer
was less than 1%.

Time jitter

Another source of inaccuracy could be time jitter. This occurs when the trigger source can not
keep the displayed signal stable. This could lead to heavy distortions, because we averaged the
measured signals. The averaging function depends on a stable trigger source for averaging out
noise. Time jitter, when averaged, produces a low-pass filter characteristic. High frequencies
can be "averaged out" if too much jitter is present.
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It has been examined if the measured signals were disturbed by time jitter. Therefore we
used the internal dejitter function of the digitizing signal analyzer. We did one measurement
with dejitter function and one measurement without. There was no significant difference
between the two measured signals, so we decided not to use this dejitter function, because if
the function is used the time of measurement increases approximately four times.

Sampling rate

The sampling rate must be high enough to allow an accurate reconstruction of the waveform.
Accurate reproduction of an input signal requires at least two samples for each period of the
Fourier component waveforms. While two points are sufficient for a fast Fourier transform
(FFT) of the waveform, better results are obtained, according to the manual of the digitizing
signal analysizer, by using a sampling rate four times the frequency of the highest frequency
Fourier components. To avoid aliasing of higher frequency components, care should be taken
that input signal frequencies are less than one-half of the sampling rate. Both conditions had
been fulfilled during the measurements. The aliasing was avoided because we used a low pass
filter with a cut-off frequency of 15 MHz. The sample rate was 100 MHz, which is more than
four times the highest frequency component (Le. ~ 15 MHz), so the sample rate would not
be a source of inaccuracy during the measurements.

Tap water

We used tap water, which was tapped at least one hour before the start of the measurement.
This could be a source of amplitude distortion, but comparison of measurements performed
in degassed water and performed in tap water did not lead to significantly different results.
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Control of measured scans

Finally, it should be mentioned that a good method to control the measured scans is to
determine the sample number of the maximum of the RF-signal for every position in the scan.
When this variable is plotted, this should result in some kind of regular surface. The reason
for this is that the time of occurrence of the maximum of a RF-signal is place dependent. The
maxima of the points surrounding a certain point occur (mostly) at almost the same moment
of time as at which the maximum of the RF-signal of that point occurs. This is the reason
why the before mentioned plot should be some kind of regular surface.
If this is not the case, i.e. there are a lot of "spikes" in the plot, than the scan is not reliable.
A typical plot of this variable is shown in figure 7.6. This is a plot corresponding to a xz-scan
(8 elements excited). The structure of the surface is caused by the structure of the wave form,
i.e. for example the edge-waves. The spikes in the figure show the places in the scan where
the measurement of the RF-signals has gone wrong.

7.4 Discussion

The overall experimental arrangement and its accuracy has been discussed in this chapter.
The results of this accuracy control can be summarized as follows.
The main inaccuracies in the case of an xy-scan were inaccuracies in the z-direction. The
inaccuracies in the x- and y-direction were relatively small, because these were only caused
by the XY-table which is very accurate. The inaccuracy in the z-direction was caused by
the inaccuracy in the estimated z-distance at which had been scanned (less than O.lmm) and
the total deviation in the z-direction of the xy-scan. This last deviation can be considered
as a measure for the accuracy of the scan. This deviation should be zero, i.e. the transducer
surface and the xy-plane are exactly parallel, but we had a worst-case deviation of maximal
O.3mm. This was acceptable considering the size of the used scans (50mm X 50mm).
The main inaccuracies in the case of an xz-scan were inaccuracies in the z-direction and
in the y-direction. The inaccuracy in the x-direction was small, because these was only
caused by the XY-table which is very accurate. The inaccuracy in the z-direction was caused
by the inaccuracy in the estimated z-distance at which the scan started (less than O.lmm)
and the inaccuracy in the z-direction caused by the alignment of the transducer with the
scanning-mechanism (less than O.3mm). The contribution of the XY-table to the distortion
in the z-direction may be neglected. The deviation in the y-direction can be considered as
a measure for the accuracy of the xz-scan. This should be zero, but we had a deviation of
maximal 1.9mm. This was a worst-case scenario. In the case of an xt-scan, which is a special
case of xz-scan, the deviation reduced to less than O.9mm in worst-case. Also this distortion
was acceptable considering that we made scans with a length of 50mm.
It should be noted, that has been shown that temperature fluctuations played a relatively
small part in most of the inaccuracies. The main causes of the inaccuracies were caused by
the in-line positioning of the transducer and the scanning-mechanism.
It has been shown that the inaccuracies in the measured amplitudes of the signals were
relatively small.



Chapter 8

Homogeneous media

8.1 Introduction

The measurements involving irregular interfaces were preceded by measurements in a homo
geneous medium, namely in water. The measurements concerned xt-scans, Le. scans made
along the x-axis of the transducer with the hydrophone positioned at the center of the height
of the transducer elements. The xt-scans had two degrees of freedom: the number of excited
elements and the distance between the transducer and the hydrophone. Measurements were
performed for several combinations of the two variables. The combinations were selected more
or less randomly, but in such a way that they would be representative for scan conditions
that could occur during the measurements with phase aberrators.

The results of the measurements were compared with simulations. If the deviations would be
large, then comparison of the measurements using aberrating media with simulations would
have even a much larger deviation, because the configuration and sound fields are much more
complex.

Two simulation packages are present at the laboratory. One is based on the impulse re
sponse method and one is based on the plane wave method. Both packages were developed
at the laboratory.

In the case of the impulse response method, the ultrasonic field is represented in terms of
a temporal convolution between the excitation signal and the so-called "diffraction impulse
response", which takes into account the medium characteristics and the geometry of the
source (see for example [Scarano85] and [Djelouah90]). A disadvantage of this approach, as
implemented presently, is that it can not be used to simulate the effects of phase aberrations
on ultrasonic fields.

A method, which was able to simulate the effects of phase-aberrations, is the plane wave
method (see [Berkhoff94I], [Berkhoff94II], and [Berkhoff94III]). This method uses plane har
monic waves. Wave fields of very general form can be represented by a superposition of these
waves (see for example [Brekhovskikh80]). The plane wave method as is implemented in
the simulation package makes use of FFT methods and of averaged Green's functions (see
[Berkhoff94IV]). Another feature of the simulation package is that there is an anti-aliasing
control on the spatial sampling, Le. the dimensions of the elements are nicely fit on the
sampling grid using a method of averaging.

Both methods, i.e the impulse response method and the plane wave method, were not yet
verified with measurements. In the following, the three situations will be compared with each
other.

54
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8.2 Comparison of measurements and simulations

The simulations could be performed in 2D and in 3D. The 2D-simulations took only care
of the pitch, Le. the width of the elements of the transducer. The height of the elements
was considered as infinite. The 3D-simulations took care of the width and the height of the
elements.

The advantage of the 2D-simulations was that they were much faster than the 3D-simulations,
Le. a few minutes instead of a few hours (at that moment still Matlab-script instead of C
program). The disadvantage of the 2D-simulations was that they did not take care of the
edge waves caused by the finite height of the elements. The 3D-simulations contain these
edge waves. This is shown in the image of the right of figure 8.1 (see the region between 21p.s
and 21.5p.s). The figure shows an 2D- and an 3D-plane-wave-simulation of an xt-scan of 14
elements at a distance of 30mm from the transducer.
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Figure 8.1: 2D plane wave simulation versus 3D plane wave simulation.

In the following, we used 3D-simulations instead of 2D-simulations to compare with the
measurements, because these simulations contained the edge waves caused by the finite height
of the elements.
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All the plane wave simulations, which are mentioned in this chapter, made use of the following
settings:

• Number of interface points (= number of plane waves) in x: Nx = 256

• Number of interface points (= number of plane waves) in y: Ny = 128

• Number of frequencies in simulation: Nfreq = 512

• Bandwidth (-6dB) of Gauss pulse: bw = 2.0MHz

• Center frequency Gauss pulse: fc = 3.5MHz

All the impulse response simulations, which are mentioned in this chapter, made use of the
following settings:

• Sampling rate: 100MHz

• Bandwidth (-6dB) of Gauss pulse: 2.0MHz

• Center frequency Gauss pulse: 3.5MHz

Nine xt-scans have been made using either 1, 8, 14, or 18 elements of the array transducer.
The distance between the array transducer and the hydrophone was either 10mm, 30mm,
50mm, 70mm, or 100mm. Not all combinations of elements and distances were made, because
these measurements were meant only for the verification of the setup. The results of the
measurements and of their corresponding impulse response and plane wave simulations are
shown in appendix D.
Comparison of the xt-plots of the measurements and of the simulations shows that the time
behavior of both, Le. the time of occurrence and the shape of the waves and their edge
waves, was in all cases almost the same for both the measurements and the simulations. An
example of these xt-plots is shown in figure 8.2. The plots correspond to 18 excited elements
at a distance of 100mm from the transducer surface. More of these xt-plots are shown in
appendix D.
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Figure 8.2: xt-scans of 18 elements at 100mm.
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We used two common methods to compare the simulations with the measurements. The first
method determined the maxima of the envelope of each of the RF-signals. In the second
method we determined the amplitude of the 3.5MHz frequency component of the Fourier
transformed version of the RF-signals. This frequency was used, because this is the center
frequency of the PMI LA3510 linear array transducer. The results of these two methods are
shown in figure 8.3. These graphs correspond to the xt-plots shown in figure 8.2. The solid
line represents the measurement and the dashed lines represent the simulations (note that the
results of both kind of simulations were almost equal in this situation). More of these graphs
are shown in appendix D.
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(solid line: measurements, dashed line = simulations).

The following equation has been used as a quantitative measure for the comparison of the sim
ulations and the measurements. The equation was based on the Root Mean Square difference
compRMS between the measured and the simulated xt-scan for either the values correspond
ing to the maxima of the envelope or the values corresponding to the 3.5MHz component.
This resulted in the following equation:

compRMS =

N:r;
E Ivm(x) - Vsim(X) 12
=1 (8.1)

where N:r; is the number of scan-points in the x-direction, vm(x) is the normalized voltage
of the measurement at position x for either the maxima of the envelope or for the 3.5MHz
frequency component, and Vsim(X) is the same as vm(x), but in this case the normalized
pressure values of the simulation (either the plane wave method or the impulse response
method) must be used.
This method of comparison has been used to compare the measurements and simulations
that are shown in appendix D. The results are listed in the following table (note: we used
-20mm< x <20mm).
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z-distance
elements compRMS for method 10mm 30mm 50mm 70mm 100mm

maximum of Plane Wave 0.467 0.312 0.265 * *
1 envelope Impulse Response 0.569 0.363 0.440 * *

frequency Plane Wave 0.365 0.152 0.222 * *
component Impulse Response 0.475 0.184 0.247 * *

maximum of Plane Wave * 0.103 0.064 0.037 *
8 envelope Impulse Response * 0.105 0.066 0.039 *

frequency Plane Wave * 0.183 0.137 0.083 *
component Impulse Response * 0.221 0.148 0.090 *

maximum of Plane Wave * 0.078 0.049 * *
14 envelope Impulse Response * 0.058 0.039 * *

frequency Plane Wave * 0.134 0.108 * *
component Impulse Response * 0.141 0.115 * *

maximum of Plane Wave * * * * 0.115
18 envelope Impulse Response * * * * 0.077

frequency Plane Wave * * * * 0.158
component Impulse Response * * * * 0.159

Table 8.1: Comparison of homogeneous measurements and simulations.

8.3 Discussion

This chapter describes some measurements that were performed in a homogeneous medium,
i.e. sound field measurements performed in a tank filled with water only. The measurements
were simulated using two different simulation methods. One is based on the impulse response
method and one is based on the plane wave method. The following points describe some
curiosities and differences that have been observed during the performed actions and some
possible explanations for them will be given.

• The slight difference in the time of occurrence of the wave front between measurements
and simulations was caused by the presence of a matching layer and a lens in front of
the active element of the transducer. The matching layer and the lens are not present
in the simulation packages (at the moment). Therefore, the time corresponding to the
measured RF-signals had to be compensated for the speed of sound in the matching
layer and in the lens. The inaccuracy of this method explains the slight deviation in
the before mentioned time.

• The plots of the maxima of the envelope of the RF-signals and the plots of the 3.5MHz
frequency components of the RF-signals did not exactly have the same shape as those of
the measurements. This can also be seen in table 8.1. The differences can be explained
as follows:

- The inaccuracies in the measurements mentioned in chapter 7, which were mainly
caused by errors in the alignment of transducer and hydrophone, contributed to
the differences between measurements and simulations.

- Not every element transmits the same amount of acoustical energy as was the case
in the simulations (in the order of 1 percent difference).
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- There were some spurious signals present in the measured RF-signals. These sig
nals are unwanted, because they were not present in the simulated RF-signals. One
of these signals was the electrical cross-coupling (ECC). The ECC, which is char
acterized by the fact that it acts almost instantaneously, Le. the effect is present at
all elements at almost the same instant of time, was constantly present as a straight
line in the RF-signals of an xt-scan at the instant of time that corresponds to the
plane wave part of the wave. This region is marked with dashed lines in the upper
part of figure 8.4. The amplitudes of these ECC-signals were less than -40dB of
the maximum amplitude of all the RF-signals, as was described in chapter 5. The
amplitudes of the ECC-signals decreased also slightly in the direction away from
the excited elements, which was also supported by the observations concerning
ECC.
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Figure 8.4 demonstrates the presence of the ECC in the RF-signals (8 elements
at 80mm). The upper part of the figure shows the envelope of the RF-signals in
decibels. All values below -50dB were made equal to -100dB, this to emphasize
the ECC-signals. The signals between the dashed lines correspond to the ECC
signals. The lower part of the figure shows two of the RF-signals, one corresponding
to the center ofthe excited elements (x=Omm) and one corresponding to the region
lateral to the excited elements (x=20m). These two graphs show that the ECC
signal occured at exactly the instant of time corresponding to the plane wave part.
They also show that the amplitude of the ECC-signal was less than -40dB of the
amplitude of the plane wave part.

The ECC has only a slight effect on the measurements in the region beside the
excited elements, because the difference between the amplitude of the ECC and
the maximum amplitude of the RF-signal was at such places much greater than 
40dB. This influenced the FFT results ofthe RF-signals. Fortunately, the influence
of the ECC was relatively small in the regions of our scans, because we scanned
rougWy between x=-25mm and x=25mm, where x=Omm was the center of the
excited elements.

- Another spurious signal that was present in the RF-signals were so-called rever
berations. This is shown in figure 8.4. The influence of these reverberations on the
comparison between measurements and simulations was relatively small because of
the fact that they were always much smaller, and thus contained less energy, than
the main pulse of the RF-signal.

All these inaccuracies contribute to the differences between the measurements and the
simulations.

• We observed some strange side-lobes in the measured sound fields. An example of these
side-lobes is shown in figure 8.5. These lobes were not present in the simulations. A
possible explanation for the lobes is that they were the result of some kind of interference
between the edge waves and the reverberations. The reverberations were not present in
the simulation, b~cause the lens was not simulated, and thus the interference could not
occur.

• The following can be concluded from table 8.1:

- Both simulation methods had almost the same result, but the results of the plane
wave method were in the frequency domain always slightly better than the impulse
response method. In the time domain, Le. the maxima of the envelope, none of
the two methods was clearly the better of the two. The time domain results of the
plane wave method could perhaps be improved by using more frequencies for the
simulation of the RF-signals.

- Comparison of measurements with simulations, which were made very close to the
surface of the transducer had a large value for the variable compRMS. This was
caused by the side-lobes mentioned previously, which were clearly present in the
measured scans at such distances. Further away, these side-lobes were not present
anymore in the scans.

- The variable compRMS was always slightly higher for the frequency component
than for the maximum of the envelope. This was caused by the fact that one
frequency component is a much more specific part than the maximum of the signal,
which can be considered as an averaged version of a lot of frequencies.
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• Finally, it should be mentioned that there was a significant difference between 2D- and
3D-simulations. The 2D-simulations did not contain the edge waves, which were caused
by the finite height of the elements, as was shown in figure 8.1. The 3D-simulations
contained these edge waves, whose amplitudes were typically less than -20dB of the
maximum amplitude of the RF-signal. Therefore, comparison of 3D-simulations with
measurements will be more accurate, especially when the FFT of the RF-signal is de
termined.

Considering all the above mentioned effects, we may conclude that the simulations (of both
types), were very close to the measurements.



Chapter 9

Recipes for aberrators and lenses

9.1 Introduction

The final goal of the project was the measurement of the effects of acoustic phase aberrations
on ultrasonic sound fields and the comparison of the results of the measurements with simula
tions of the acoustic phase aberrations. The aberrators, that were used for the measurements,
are described in this chapter.
To be as realistic as possible, the ultrasonic qualities of the materials of the aberrators, Le.
velocity, density, and attenuation, should be close to those found in human tissue, because
the aberrations are caused by human tissue in medical ultrasound. Some of the qualities of
the human skin are described in chapter 4.
The quality with the greatest impact on the simulations is the speed of sound of the tissue
mimicking material. Therefore, we had to search for materials with a speed of sound between
approximately 1500m/s and 1600m/s (see chapter 4).
Several materials have been examined. The only material, which was found suitable, was
gelatine. The use of gelatine as tissue mimicking material has already been described in liter
ature (see [Burlew80], [Robrandt81], [Robrandt82I], [Robrandt82II], [Schuwert82], [Bush83],
[vandenAarssen84]). Unfortunately, gelatine is not stable in time and is vulnerable to envi
ronmental fluctuations. The melting-point of gelatine, Le. temperatures greater than 30°C,
can be increased by using formaldehyde, but the gelatine aberrators did not get warmer than
22°C, Le. the maximum temperature of the water in the tank. Gelatine can be preserved for
a longer period of time by using natrium-azide, but the surface of gelatine aberrators is only
reliable for a few days. Therefore, it was not necessary to use natrium-azide, which is a very
poisonous substance.
Some of the other materials, that were examined, were:
- Flexane 80 Liquid Urethane: could not be manufactured without air bubbles in it.
- Polyvinyl Chloride (PVC): sound speed too high (~ 2350 m/s).
- Silicone rubber: sound speed too low (~ 1050 m/s).
- Thiokol polysulfide: sound speed too low (~ 1000 m/s).
- Pencil eraser: sound speed much too low (~ 450 m/s).
- Polyurethane: was almost a complete reflector.
- Rubber, gum: was almost a complete reflector.

Beside the measurements, in which we used gelatine aberrators, also some measurements
were performed using acoustic lenses. The acoustic lens of the PMI LA3510 linear array
transducer was made of an RTV silicone rubber, therefore we used an RTV silicone rubber for
the production of the acoustic lenses. RTV silicone rubber is stable in time and invulnerable
to environmental fluctuations.
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The materials, that were used for the aberrators, had to be characterized, because we wanted
to simulate the effects of the aberrators on the sound fields. The simulations make use of
the following qualities of the aberrator material: velocity, density, and attenuation. In the
following, methods are described to determine these characteristics of materials.

Density

The density of materials has unit g/cm3
, so the density of the material can be determined by

dividing the mass of the material by the volume of the material. The volume of the material
can be determined by putting the material in a tank with a fixed amount of water. The
increase in water level is equal to the volume of the material. But the material should be
weighted first, because the material must be dry for weighting.

Velocity

The sound velocity of the material can be determined by means of a pulse-echo measurement
with a single element transducer (frequency effects are assumed to be small). Two measure
ments have to be done. Firstly, the reflection of a flat perspex plate is measured with the
material interposed. Secondly the reflection of the plate is measured without the material
interposed. The material should be placed on a ring. This is done to get a clear echo of the
flat plate. The setup is shown in figure 9.1.

transducer transducer

perspex

Figure 9.1: Velocity estimation setup. Flat plate reflection: left with material interposed and
right without material interposed.

The following moments of time must be determined from the two measured RF-signals (see
figure 9.1):
- t}: delay of the front reflection of the material.
- t2: delay of the back reflection of the material.
- t3: delay of the perspex plate reflection when the material is interposed.
- t4: delay of the perspex plate reflection when the material is not interposed.
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The speed of sound in the material Cm can be estimated using the following equation:

where Co is the sound velocity of the water and T is the temperature of the water.
When the speed of sound in the material Cm is known, the thickness of the material dm can
be estimated:

Attenuation

d - (~)m - Cm 2
(9.2)

The attenuation of the material can be determined using the so-called substitution method
(see [deKorte93]). For this method, the reflected pulse from the flat perspex plate should be
recorded for the case that the material is interposed between the transducer and the plate
and for the case the material is not interposed (note: the material must be placed on a ring,
so that the pulse of the perspex plate is isolated). After the amplitude spectra of both pulses
have been determined, the attenuation a(l) can be estimated as follows:

EElil_ 2010gl0 p;;;m
a(l) - 2dm

(9.3)

where dm is the thickness of the material, Pp(l) is the amplitude spectrum of the perspex
plate reflection without material interposed, and Pm(l) is the amplitude spectrum of the
perspex plate reflection with material interposed. To get a representative result, the average
of a number of independent measurements should be determined.
The frequency range for which this attenuation coefficient a(l) is valid depends on the band
width of the transducer. The frequency range, that may be used, can be determined by means
of the following method (see [Robrandt82II]). Two measurements should be made from the
pulse reflecting from the flat perspex plate. The log-amplitude spectra of these two pulses
should be subtracted. The frequency region in which the result of this subtraction is almost
equal to OdB is the frequency region that may be used for the estimation of the attenuation
coefficient a(l).

9.3 Recipes

9.3.1 Gelatine aberrators

The gelatine, which we used for the aberrators, was Bacto-Gelatin from Dilco laboratories.
This gelatine is especially processed for all micro-biological procedures requiring gelatine.
Gelatine solutions are made by dissolving gelatine powder in water. It is possible to make
a gelatine phantom that contains a certain mass concentration (ratio) of gelatine powder.
Ratio is here defined as the mass of the gelatine powder divided by the total mass of the
gelatine solution, Le. the sum of the mass of the gelatine powder and the mass of the water
(note: the mass of 1 liter of water is equal to 1 kg). The mass of the gelatine powder myel

can be determined as follows, assuming a certain ratio and a certain volume or mass of water
mwater:

ratio
myel = mwater (1 t' )- ra zo

(9.4)
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The aberrators should have a 2D irregular surface, i.e. the surface should be constant in
one direction for two reasons. First, the position of a 3D irregular surface in front of the
transducer would be very difficult to determine, but this information was needed for the
simulations. The second reason was that 3D irregular surfaces were not supported by the
simulation package at the time of the measurements (It needs a lot of memory and time).
We used two moulds for the production of the 2D aberrators. Both moulds had a sinusoidal
surface. The surface could be characterized by the amplitude and the period of the sine.
The length of the period of the sine should at most be as long as the total width of the
smallest number of excited element, Le. 8 elements ~ 6mm. This in order to get enough
aberration of the sound field. The period of the sine should not be chosen too small, because
then the positioning of the aberrator in front of the transducer would be more complicated
to determine. The amplitude of the sine should be chosen in such a way that the result of
the division of the amplitude and the period is smaller than 0.5. This requirement is needed
to get a small RMS error in the simulations (see [Berkho:ff94fj). The length and the width
of the moulds were not critical as long as they covered the region of the transducer surface
corresponding to the excited elements.
The first mould was made of an aluminium plate, which had a sinusoidal surface. The surface
of that plate could be described by a sine with an amplitude of 0.5mm and a period of 3mm.
A perspex tube (inner diameter IOcm and height 8cm) was glued waterproofto the aluminium
plate with a silicone rubber. This mould is shown in figure 9.2.

aluminium L...- -"

Figure 9.2: An example of a mould for the production of gelatine aberrators.

The second mould was ordered and had the following dimensions (see figure 9.3): O.5mm
amplitude and 4mm period of the sine, height IOmm, length IOOmm and width 40mm.

amplitude

height

length

Figure 9.3: Dimensions of gelatine aberrator.
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The gelatine medium can be made by using the following recipe. First, the amount of water
has to be boiled for some minutes. The boiling of the water removes the air that is present
in the water. Next, the water is cooled down to approximately 80D C and kept on that
temperature. The gelatine powder is poured in the water all at once. The obtained gelatine
substance must be stirred for about 30 minutes until the substance gets transparent. The
gelatine should now be poured in the mould. Scum should be removed, because it makes
the flat surface of the aberrator rough. The mould filled with gelatine must be placed in the
refrigerator, so that the gelatine is able to harden. After approximately 12 hours, the gelatine
aberrator is ready for use. Note that the gelatine aberrators should be placed in a closed
basket and stored in the refrigerator when they were not used. This delays the process of
deterioration of the gelatine. Do not store gelatine aberrators in water for longer periods of
time, because this will drastically alter the behavior of the gelatine.
We used three gelatine aberrators. Two aberrators were made with the self-made mould,
respectively aberrator 1 and aberrator 2. One aberrator, aberrator 3, was made with the
mould that had been ordered. The characteristics of these aberrators were determined using
the methods, which were described in the previous section. The results are listed in table 9.1.

percentage period amplitude height velocity attenuation density
gelatine [mm] [mm] [mm] [m/s] [dB/em/MHz] [g/cm-3]

aberrator 1 20% 3 0.5 35 1550 0.12 1.20
aberrator 2 25% 3 0.5 28 1600 0.20 1.25
aberrator 3 25% 4 0.5 10 1600 0.20 1.25

Table 9.1: Characteristics of the gelatine aberrators.

9.3.2 RTV lenses

The RTV silicone rubber, that was used for the acoustic lenses, was Blue Silicone RTV
No.6 from Loctite. This material is normally used to form a gasket. The characteristics of
this RTV rubber, which were determined using the methods of the previous section, are listed
in table 9.2.

velocity attenuation density
[m/s] [dB/em/MHz] [g/cm-3]

I Blue Silicone RTV No.6 1025±5 2.5±0.2 1.1±0.05

Table 9.2: Characteristics of Blue Silicone RTV No.6.

The geometry of acoustic lenses is shown figure 9.4. The main characteristics of the lens
geometry are: the radius r of the cylinder of which the lens surface is a part and the width
w of the lens. The height h of the lens can be determined using the following equation:

(9.5)
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The mould for the manufacturing of the acoustic lenses was made by sawing a part out of a
PVC tube with an inner radius that was equal to the desired radius of the lens. Note that the
radius of the tube will slightly decrease by sawing a part out of it. The maximum decrease
in radius that was encountered was Imm. The radius r of the actual lens could be checked
by means of the following equation:

r=
(!!L)2 _ h2

2 +h
2h

(9.6)

where w is the width of the lens and h is the height of the lens.

We made two RTV acoustic lenses, respectively lens 1 and lens 2. The characteristics of these
lenses are listed in the following table.

radius width
[mm] [mm]

lIens 1 47±1 26.5
lIens 2 21±1 18

Table 9.3: Characteristics of the RTV lenses.

The RTV lenses can be made by using the following recipe. A fiat solid surface must be
rubbed with a little soap-suds. A thin sheet of plastic must be placed on the fiat surface. The
sheet must be rubbed until it is as fiat as possible. The PVC mould should also be rubbed
with a little soap-suds. Also a thin sheet of plastic must be placed in the in the mould and it
must be rubbed until it is completely flat. Now a straight line of blue silicone RTV must be
put on the fiat surface. Next the mould must be placed on top of the RTV. This should be
done carefully, so that the plastic sheets are not moved. A heavy load must be placed on top
of the mould. After approximately 12 hours, only the mould should be removed. The plastic
sheet must not be moved, because the inner part of the lens is still weak. The acoustic RTV
lens is ready after another 12 hours. Note that this procedure only works for thin lenses,
because the inner part of thick lenses will dry very slowly.
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9.4 Discussion

This chapter describes the methods for the production of the gelatine aberrators and of the
RTV acoustic lenses. The following points are the results of the performed actions:

• Gelatine based materials mimic very well the ultrasonic qualities of human tissue, but
a great disadvantage of gelatine is that is not stable through time and it is vulnerable
to environmental fluctuations. This causes the integrity of the surface of the aberrators
made of gelatine to decrease with time. Therefore, it would be desirable to continue the
search for another material, which is stable through time and invulnerable to environ
mental fluctuations. Such a material would lead to saving of time, because aberrators,
made of such a material, had to be made and characterized only once. This would make
it possible to do exactly the same measurements, Le. using the same aberrator, after a
longer period of time. This could be desirable to compare future simulation packages
with the ones used nowadays.

• The mould for the acoustic lenses was made of a PVC tube. A disadvantage of this
material is that the radius of the tube decreases when a part of it is sawed out. This
has direct effect on the radius of the lens. Therefore, it is hard to make a lens exactly
with a desired radius. This problem could be solved, or at least be reduced, by using
tubes of for example steel.



Chapter 10

A berrating media and lenses

10.1 Introduction

The measurements involving irregular interfaces and the comparison of these measurements
with the corresponding plane wave simulations are described in this chapter.
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Figure 10.1: Simulations which show the effect of an irregular surface on the shape of the
ultrasonic sound field of the center frequency when 32 elements are excited. Left: The sound
field in a homogeneous medium. Middle: Material in front of the transducer with a flat surface
(height: 20mm, speed of sound: 1600mjs, attenuation: 0.2dBjMHzjcm, density: 1.25gjcm3).

Right: Same material with a sinusoidal surface (period: 3mm, amplitude: 0.5mm) in front of
the transducer.
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The effect of an irregular surface on the beam profile of a linear array transducer is illustrated
in figure 10.1. The graphs show the 3.5MHz component of the simulated (2D plane wave)
ultrasonic pressure field of the PMI LA3510 linear array transducer for the case that 32
elements are excited. The left figure shows the sound field with only water in front of the
transducer. The graph in the middle shows the sound field for the case that a material with
a flat surface is placed in front of the transducer (height: 20mm, speed of sound: 1600m/s,
attenuation: 0.2 dB/MHz/em, density: 1.25g/cm3). The sound field for the case that the
same material with a sinusoidal surface (period: 3mm, amplitude: 0.5mm) is placed in front
of the transducer, is shown in the right figure. Note that the figures are normalized to the
same value and are plotted linearly.
The graphs clearly show that media with irregular surfaces can have a large effect on the
profile of sound fields.

10.2 Comparison of measurements and simulations

10.2.1 Gelatine aberrators

The simulations can be performed in 2D and in 2.5D. The 2D simulations assume one dimen
sion to be infinite. The aberrators that were used for the measurements had a two dimensional
surface (see previous chapter) also called cylindric. The surface of the aberrator was constant
in the y-direction of the transducer and fluctuated in the x-direction. The dimensions of these
aberrators were much larger than the dimensions of the sound field, so the limited dimensions
of the aberrators had no influence on the measurements and thus the aberrators might be
simulated in 2D. In chapter 8, it has been shown that it was more accurate to simulate the
transducer in 3D, because the limited height of the elements give rise to edge waves.
The transducer had to be simulated in 3D and the aberrator could be simulated in 2D, so
the simulations would have to be done in 3D. The 3D simulations needed a lot of memory
and time. A computationally efficient form of the 3D algorithm exists for essentially 2D
(cylindrical) interfaces. We will call this algorithm the 2.5D algorithm. The theory behind
this method is described in [Berkhoff95].

Figure 10.2: 2D plane wave simulations versus 2.5D plane wave simulations.
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Figure 10.2 compares the 3.5MHz beam profiles of an 2D and of an 2.5D-plane-wave-simulation
with the corresponding measurement. These beam profiles correspond to an xt-scan of 18
elements at 80mm. Aberrator 1 (see previous chapter) was placed in front of the transducer.
The figure shows that the 2.5D simulations are more accurate, i.e. closer to the results of the
measurement, than the 2D simulations, especially in the region beside the main lobe. The
signals in the region beside the main lobe are for the greater part caused by the edge waves.
The beam profile of the 2D simulation misses the edge waves caused by the finite height of
the elements and therefore the signal is much lower than that of the 2.5D simulations. In the
following, we used, unless otherwise mentioned, 2.5D plane wave simulations instead of the
much faster 2D simulations, because the 2.5D simulations are much more accurate.
All the plane wave simulations, which are mentioned in this chapter, made use of the following
settings:

• Number of interface points (= number of plane waves) in x: Nx = 512

• Number of interface points (= number of plane waves) in y: Ny = 512

• Step width in x-direction: dx = OAA where A=min( Awater,AabeTrator)

• Step width in y-direction: dy = OAA where A=min( Awater ,AaberTator)

• Frequency of linear array transducer: freq = 3.5MHz

• Focus: Fx = 100 m (we could not electrically focus the transducer)

• Number of iteration: maxiter = 1 (one iteration needed more than 2 hours. A few
more iterations did not lead to significant better results.)

The simulations with aberrating media could (at the moment) only be performed for one
frequency. The reason for this was that the simulation were still performed in Matlab-scripts
instead of the much faster C-programs. A simulation for one frequency needs more than
two hours at the moment. For a reliable time signal more than hundred frequencies are
needed, which would need a none realistic amount time. The frequency that was used for
all simulations was 3.5MHz, because this was the center frequency of the used linear array
transducer.
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Figure 10.3: The effect of a moving aberrator on the RF-signals. Aberrator 1 was moved in the
x-direction in front of the transducer, while the transducer and the hydrophone, which was
positioned in the middle of the 18 excited elements, did not move during the measurement.
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The first measurement with an aberrating medium was done to examine the effects of the
aberrator on the RF-signals. Therefore, 18 elements of the transducer were excited. The
hydrophone was placed in the middle of the excited elements at a z-distance of 80mm. Aber
rator 1, which had a sinusoidal surface, was placed in front of the excited elements. The
aberrator was connected to the XY-table, which made it possible to move the aberrator in
the x-direction along the surface of the transducer. The transducer and the hydrophone did
not move during the measurement. Figure 10.3 shows the graph of the measured RF-signals.
The figure shows, that the front part of the RF-signal (see the region between 54.2Jls and
54.6Jls), which corresponds to the so-called plane wave part, is only slightly disturbed. The
time of occurrence is almost the same, only some amplitude variation is noticeable. The
disturbances are more severe in the part after this plane wave part of the RF-signals (after
54.6 Jls). The signals in this part correspond to the edge waves. These edge waves are shifted
in time and their amplitudes vary. Note that the variations that occur in the signals of the
edge wave have a periodic behavior, which is nearly equal to the period of the surface of the
used aberrator.
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Figure 10.4: Mono-frequency sound fields (3.5MHz) for 18 excited elements. Top right:
Overview of the medium configuration. Top left: 2D plane wave simulation of the sound
field for the case the aberrator had a flat surface. Bottom right: measurement with aber
rator 1 conform top right graph. Bottom left: 2D plane wave simulation corresponding to
measurement.
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The following two measurements concerned xz-scans. During these scans, an aberrator was
placed in front of the transducer. The hydrophone, which was placed in the middle of the
y-direction of the elements, scanned in an xz-region in front of the transducer.

Aberrator 1 was placed in front of 18 excited elements during the first measurement. The
result of this measurement is shown in figure lOA. This figure shows the following graphs.
The top left figure shows an 2D plane wave simulation (2.5D simulation programs were not
able to simulate xz-scans at that moment) of the sound field for the case the aberrating
medium had a flat surface. The top right figure shows the medium configuration during
the measurement with aberrator 1. In. the lower part of the figure, a comparison is shown
between the simulation and the measurement with aberrator 1. Both graphs show an excellent
resemblance. Note that all graphs are displayed in decibels.

Aberrator 2 was placed in front of 32 excited elements during the second measurement. The
result of this measurement is shown in figure 10.5. This figure shows the same kind of graphs
as are shown in figure lOA. Again the measurement and the simulation showed an excellent
resemblance.
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Figure 10.5: Mono-frequency sound fields (3.5MHz) for 32 excited elements. Top right:
Overview of the medium configuration. Top left: 2D plane wave simulation of the sound
field for the case the aberrator had had a flat surface. Bottom right: measurement with
aberrator 2 conform top right graph. Bottom left: 2D plane wave simulation corresponding
to measurement.
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The previous two measurements gave a global comparison between the measurements and the
simulations. To get a better comparison, some xt-scans were made with the hydrophone. The
hydrophone was positioned in the middle of the y-direction of the elements during the mea
surements. The xt-scans had three degrees of freedom: the number of excited elements, the
distance between the transducer and the hydrophone, and the aberrator used. Measurements
were performed for several combinations of these variables. The combinations were selected
more or less randomly.
Figure 10.6 shows the effects of the aberrating media on the measured RF-signals of some
xt-scans. Two different situations are shown. The upper graphs correspond to an xt-scan
with 8 excited elements at a z-distance of 80mm and the graphs underneath correspond to
an xt-scan with 32 excited elements at a z-distance of 70mm. In both cases, the left graph
corresponds to an xt-scan in a homogeneous medium, i.e water only, while the right graph
corresponds to an xt-scan with aberrator 2 in front of the transducer.
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Figure 10.6: Effects of aberrator 2 on xt-scans. Upper part: xt-scans of 8 excited elements at
z=80mm. Lower part: xt-scans of 32 excited elements at z=70mm. Left part: measurements
performed in water. Right part: measurements with aberrator 2 in front of the transducer.

The simulation package was at that moment only able to do simulations for one frequency.
Therefore, we could only compare mono-frequency (3.5MHz) beam-cross sections of the pre
vious mentioned xt-scans. The results of these comparisons are shown in figure 10.7 and
figure 10.8. The solid line corresponds to the measurement and the dashed line corresponds
to the 2.5D plane wave simulation.
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Figure 10.7 gives an overview of the mono-frequency (3.5MHz) beam profiles of different
two xt-scans that were performed for all three the aberrators. The solid line corresponds to
the measurement and the dashed line corresponds to the 2.5D plane wave simulation. The
left graphs correspond to 8 excited elements at a z-distance of 80mm and the right graphs
correspond to 18 excited elements at a z-distance of 80mm. The upper part corresponds to
aberrator 1, the middle part to aberrator 2, and the lower part to aberrator 3. All graphs
show a close resemblance between measurement and simulation.
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Figure 10.7: Comparison between the mono-frequency (3.5MHz) beam profiles of measure
ments (solid line) and of 2.5D plane wave simulations (dashed line). Left: 8 excited elements
at z=80mm. Right: 18 excited elements at z=80mm. Top: aberrator 1. Middle: aberrator 2.
Bottom: aberrator 3.

Figure 10.8 shows some comparisons of mono-frequency (3.5MHz) beam profiles of measure
ments and of 2.5D plane wave simulations that made use of aberrator 2. Again all graphs
show a close resemblance between the measurements and the simulations.
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Figure 10.8: Mono-frequency (3.5MHz) beam profiles of measurements (solid line) and of
2.5D plane wave simulations (dashed line) using aberrator 2. Top: 14 elements at respectively
z=70mm, z=80mm, and z=90mm. Middle: 18 elements at respectively z= 70mm, z=80mm,
and z=90mm. Bottom: 32 elements at respectively z=70mm and z=90mm.

The following equation has been used as a quantitative measure for the comparison of the
simulations and the measurements (see also chapter 8). The equation was based on the Root
Mean Square difference compRMS between the measured and the simulated xt-scan values
corresponding to the 3.5MHz component. This resulted in the following equation:

compRMS =

Nx
L I vm(x) - Vsim(X) 12

x=1 (10.1)

where N x is the number of scan-points in the x-direction, vm(x) is the normalized voltage of
the measurement at position x for the 3.5MHz frequency component, and Vsim(X) is the same
as Vm (x), but in this case the normalized pressure values of the simulation must be used.
This method of comparison has been used to compare the measurements and simulations that
are shown in figure 10.7 and figure 10.8. The results are listed in the following table (note:
we used -25mm< x <25mm).
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compRMS
z-distance

aberrator elements 70mm 80mm 90mm
aberrator 1 8 * 0.234 *

18 * 0.282 *
8 * 0.183 *

aberrator 2 14 0.227 0.230 0.264
18 0.247 0.199 0.314
32 0.268 * 0.288

aberrator 3 8 * 0.115 *
18 * 0.132 *

Table 10.1: Comparison of measurements and simulations with aberrators.

10.2.2 RTV acoustic lenses
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The final measurements, that were performed, concerned measurements with the two acoustic
lenses. Acoustic lenses are often used for focusing a sound beam in the elevation direction of
array transducers. The standard lens formula gives an estimate for the focal distance F:

F= R
~-1
e'ens

(10.2)

with R the radius of the curved part of the lens, Cwater the sound velocity in water, and Clena

the sound velocity in the lens.
During the measurements, the lenses were placed at a distance of 40mm in front of the
transducer with the flat side faced to the transducer. The lenses were placed in such a way,
that the geometry of the lenses was constant in the y-direction of the transducer.
The plane wave lens simulations did not yet contain the transducer model, but they assumed
an infinite plane wave. The theory behind the simulations is described in [Berkhoff94V]. We
had to excite as many as possible elements of the transducer to simulate a plane wave with the
transducer. We excited 32 elements, which was the maximum amount of elements that could
be excited. Note that the width of 32 elements is larger than the width of the lenses, but the
front of the plane waves of the simulations was much larger than the width of the lenses.The
results of the measurements with the two acoustic lenses, respectively lens 1 (F ~105mm)

and lens 2 (F ~47mm), are shown in figure 10.9 and figure 10.10. Also the results of the
plane wave simulations are shown in these figures.
The figures show a good resemblance for the place of the focus and the shape of the sound
field in the measurements and in the simulations, but there is a significant difference in the
amplitudes of the measurements and of the simulations. This is caused by the fact that the
wave front of the transducer is not equal to the wave front of the simulation. Therefore, a
quantitative comparison is hard to make.
Some other inaccuracies were: the radius of the lenses were not exactly known and the
simulations need a very accurate value for the speed of sound in the lens material.
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Measurement: maximum of envelope; radius: 47mm, width: 26.5mm
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Figure 10.9: Measured (32 elements) and simulated mono-frequency (3.5MHz) pressure dis
tribution caused by cylindric RTV lens 1 (radius: 47mm, width: 26.5mm). Top: measured
maximum of the envelope beam field. Middle: measured mono-frequency (3.5MHz) beam
field. Bottom: plane wave simulated mono-frequency (3.5MHz) beam field.
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Measurement: maximum of envelope; radius: 21mm, width: 18mm
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Figure 10.10: Measured (32 elements) and simulated mono-frequency (3.5MHz) pressure dis
tribution caused by cylindric RTV lens 2 (radius: 21mm, width: 18mm). Top: measured
maximum of the envelope beam field. Middle: measured mono-frequency (3.5MHz) beam
field. Bottom: plane wave simulated mono-frequency (3.5MHz) beam field.



80

10.3 Discussion

CHAPTER 10. ABERRATING MEDIA AND LENSES

This chapter describes some comparisons between measurements and simulations that made
use of aberrators and lenses. The following points describe some curiosities and differences
that have been observed during the performed actions and some possible explanations for
them will be given.

• All the inaccuracies that are mentioned in the discussion of chapter 8, which described
the measurements in homogeneous media, are also valid for the measurements and
simulations described in this chapter.

• The simulations themselves introduced an inaccuracy, because they are based on an
iterative method.

• The aberrator introduced some inaccuracies in the measurements. Some of these inac
curacies are:

The acoustic properties, Le. velocity, attenuation, and density of the aberrators
were measured, but they might alter slightly in time, because gelatine is an organic
product. The gelatine is exposed to water for longer periods of times, which also
slightly alters the behavior of the gelatine. Therefore, the gelatine aberrators may
be used only for a short period (Le. a few days) of time. This to reduce the effects
of the altering acoustic properties of the aberrators.

- The position of the aberrators in front of the transducer is hard to determine
exactly. First, it is hard to place the aberrator exactly in front of the transducer,
Le. the constant geometry of the aberrator should be parallel with the y-direction
of the transducer. Second, it is hard to determine the position of the sinusoidal
surface in front of the transducer elements. If one of these two in not exactly
known, than the simulations will not be exactly the same as the measurements.

• It has been shown, that there is an significant difference between 2D and 2.5D simula
tions. The difference is caused by the fact that the 2D simulations miss the edge waves
corresponding to the finite height of the transducer elements.

• The values for compRMS in table 10.1 are not much bigger (approximately 2 times
bigger) than those of table 8.1, which corresponded to measurements in a homogeneous
medium. These inaccuracies are acceptable considering all the above mentioned extra
inaccuracies that occur in the measurements with the aberrators.

• The values for compRMS in table 10.1 corresponding to aberrator 3 are much smaller
than those for the other two aberrators. This can be caused by one of the following
points.

First, the mould for aberrator 3 was specially made, so the surface was an exact sine.
The mould for the other two aberrators was not specially made and was assumed to
have a sinusoidal surface, so the simulations with aberrators made with that mould
might be less accurate.

Second, the height of aberrator 3 was only 10mm, while the height of the other two
aberrators were 28mm and 35mm respectively. The inaccuracies in the assumed acoustic
properties of the gelatine might have less influence on the simulations with the thin
aberrator 3 than for the simulations with the other two, much thicker, aberrators.
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• The measurements with the moving aberrator showed that the plane wave part of the
RF-signals, Le. the main pulse of the RF-signals, occured at almost the same instant
of time for every position of the aberrator surface. The amplitude of the RF-signals
changed slightly by the movement ofthe aberrator. The pulses in the RF-signals caused
by the edge waves changed drastically in time and in amplitude by the movement of the
aberrator.

• The comparison of the measurements and the simulations with the lenses showed an
striking resembles for the place of the focus and the shape of the sound field, but the
amplitudes different significantly for both cases. This latter was assumed to be caused
by the fact that the simulations did not use the transducer model. To get a better
comparison, the measurements should be compared with the simulations including the
transducer model as soon as they are available.

The final conclusion of this chapter might be that the 2.5D plane wave simulations give a
realistic simulation of the measurements.



Chapter 11

Conclusions and recommendations

• The simulation methods give a realistic representation of the results that would be
obtained by the corresponding measurements.

• The distortions caused by layered tissue structures with rough surfaces, which have a
velocity typically between 1500m/s and 1700m/s, will mainly be amplitude distortions
of the RF-signals. The phase distortion in the main pulse of the RF-signal will be
small for surface height variations smaller than approximately 2mm, especially when
the transducer is not focused.

The part of the RF-signal that corresponds to the edge waves suffers severe amplitude
and phase distortions, but the amplitude of these signals is typically less than -20dB of
the amplitude of the main pulse in the RF-signal.

The conclusion might be that phase distortions are caused by large differences (approx
imately larger than 300m/s) in the speed of sound between two media and/or large
surface height variations (approximately larger than 2mm) in the surface of the aber
rating medium that is present within the sound field of the transducer.

• Accurate simulations should always be performed in 2.5D or 3D, because for these cases
all the effects caused by the finite dimensions of the transducer elements, such as edge
waves, are present in the simulations. The 2D simulations should be used only to get a
global impression of the shape of the sound fields.

• The results of the measurements performed with the acoustic lenses should be compared
with the results of the simulations including the transducer model as soon as they are
available.

• Gelatine based materials mimic very well the ultrasonic qualities of human tissue, but a
great disadvantage of gelatine is that is not stable with time. Therefore, it would be de
sirable to continue the search for another material, which will be stable and invulnerable
to environmental fluctuations.

• Matlab is an excellent program for experimental purposes, but it should not be used for
large programs that will be used frequently in the future. Such programs should better
be written in C or in P ABCAL, because Matlab is much slower than C or P ABCAL
programs and needs much more memory, because all datatypes are stored as double
precision floats.
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Appendix A

PC to SUN datatype conversion

A MS-DOS PC (Tulip 386SX), that was connected to the experimental set-up, collected all
the measured data. We wanted to use this data in the program Matlab (version 4.2) running
on a SUN workstation, because a SUN is much faster and has more memory available than
an 386SX. Both systems stored their datatypes in a different way, so there needed to be some
kind of data conversion to make the PC data available on a SUN. The Matlab scripts, which
will be explained in this section, took care of this conversion.
The measured data file contained mainly byte, integer and single datatypes. The measure
ment program (written in Pascal) running on the 386SX stored all these datatypes as a byte
structure, so we could import this data in Matlab using the command "jread". The only
problem was that the order of the bytes of an integer (2 bytes) and of a single (4 bytes) were
not the same for the PC and for the SUN. Table A.l shows the byte order of an integer and
of a single for as well the PC as for the SUN (see [ATComputing91]). This order problem can
be solved using the following equations:

SUNinteger = 2°A + 28 B (A.l)

SUNsingle = 2°A + 28 B + 216C + 224D (A.2)

where A is the most significant byte of the PC datatype and Band D are the least significant
bytes of respectively the PC integer and the PC single datatype (see also table A.l).
The integer value is now the same on the SUN and on the PC, but the value of the single must
still be calculated using the fact that the most significant bit of the single representation is
a sign bit (s), the following eight bits contain the exponent value (e) and the last 23 bits are
the significand (f). In general, a number represented in such a way has the following value:

+/ - significand x 2exponent (A.3)

where the significand has a single bit to the left of the binary decimal point (Le. 0:$
significand < 2).

INTEGER SINGLE
msb Isb msb Isb

I PC A I B AIB\CID
I SUN B I A DICIB\A

Table A.l: Byte order of integer and of single datatype on PC and on SUN. (msb: most
significant byte; Isb: least significant byte)

91



92 APPENDIX A. PC TO SUN DATATYPE CONVERSION

Even the value of the datatype byte was not the same on the PC and on the SUN. A byte on
the PC was stored as a signed byte, whereas the byte on a SUN was stored as an unsigned
byte.
The exact calculation of the value of a PC byte, a PC integer and a PC single on a SUN is
shown in the Matlab scripts below (see [Borland89] and [vanDijk90]). The first Matlab script
converts a PC byte to a SUN byte, the second Matlab script converts a PC integer to a SUN
integer and the last Matlab script converts a PC single to a SUN single.

• PCbyte: conversion of PC bytes to SUN bytes

function [SUNformat] = PCbyte(PCformat)
YoPCbyte Calculates the value of the PC byte PCformat for use
Yo on a SUN station. (PCformat may also be a vector or matrix)
YoL.A.F. Ledoux, 6-4-1994 / 6-9-1994

help = (PCformat>=128) *255;
SUNformat = PCformat - help;

• PCinteger: conversion of a PC integer to a SUN integer

function [SUNformat] = PCinteger(PCformat)
YoPCinteger Calculates the value of the PC integer PCformat for use
Yo on a SUN station. PCformat is a column vector containing
Yo the two bytes of the PC integer.
YoL.A.F. Ledoux, 6-4-1994

Yoplace bytes in right order
SUNformat = [2·0 2·8] * PCformat;

• PCsingle: conversion of a PC single to a SUN single

function [SUHformat] = PCsingle(PCformat)
YoPCsingle Calculates the value of the PC single PCformat for use
Yo on a SUN station. PCformat is column vector containing
Yo the four bytes of the PC single.
YoL.A.F. Ledoux, 6-4-1994

Yoplace bytes in right order
decimal = [2·0 2·8 2·16 2·24] * PCformat;

Yodetermine sign (s)
if decimal > 2·31

s = 1;
decimal = decimal-2·31;

else
s = 0;

end

Yodetermine exponent (e)
e = 0;
for i = 30:-1:23

if decimal > 2·i
e = 2·(i-23) + e;
decimal = decimal-2·i;

end
end



%determine significand (f)
f = 0;
for i = 22:-1:0

if decimal > 2~i

f = 2~(i-23) + f;
decimal = decimal-2~i;

end
end

%calculate value of single
if 0<e<255

SUlformat = (-1)~s * 2~(e-127)*(1+f);

end
if e==O t f-=O

SUWformat = (-1)~s * 2~(-126)*f;

end
if e==O t f==O

SUNformat = (-1)~s * 0;
end
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Appendix B

Specifications of PMI LA3510

B.1 Pin and element locations

The LA3510 array transducer of Philips Medical Systems contains a so-called P2 ZIF
interface. The connection between the 128 elements of the LA3510 and the pins of the
interface are shown in table B.1 (n.c.: not connected; gnd: ground/earth; ctrl: control). The
ctrl's can be used by certain types of scanner.

1 2 3 4 5 6
A
B
C
D
E
F
G
H
J
K
L
M
N

P
R
S
T
U
V
W
X
Y
Z

35 34 33 1 2 3
38 37 36 4 5 6
41 40 39 7 8 9
44 43 42 10 11 12
47 46 45 13 14 15
50 49 48 16 17 18

gnd gnd gnd gnd gnd n.c.
53 52 51 19 20 21
56 55 54 22 23 24
59 58 57 25 26 27
62 61 60 28 29 30
n.c. 64 63 31 32 n.c.
n.c. n.c. ctrl ctrl n.c. n.c.

n.c. n.c. ctrl ctrl n.c. n.c.
99 98 97 65 66 67
102 101 100 68 69 70
105 104 103 71 72 73
108 107 106 74 75 76
111 110 109 77 78 79
gnd gnd gnd gnd gnd n.c.
114 113 112 80 81 82
117 116 115 83 84 85
120 119 118 86 87 88
123 122 121 89 90 91
126 125 124 92 93 94
n.c. 128 127 95 96 n.c.

Table B.1: Connection scheme between the P2 ZIF interface and the elements.
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B.2. TRANSDUCER SPECIFICATIONS

B.2 Transducer specifications

95

The following table gives an overview of the specifications of the PMI LA3510 linear array
transducer and of the properties of the materials used in the transducer.

ceramic material PZT
thickness 0.525 ± 0.013 mm
width 18 - 0.2 mm
length 104 - 0.2 mm
velocity 3700 m/s
acoustic impedance 30 MRayls

elements number of elements 128
pitch of elements 0.760 mm
array curvature Omm

sub-elements sub-elements 2
number of sub-elements 256
pitch of sub-elements 0.380 mm

blade thickness 0.035 mm
matching layer thickness 0.160 ± 0.005 mm

material prepreg
velocity 2620 m/s
density 1.49 g/cm3

acoustic impedance 3.9 MRayls
absorption 0.521 - 0.27

lens radius of curvature 48mm
maximum thickness 1.420 mm
material RTV 60
velocity 960 m/s
density 1.47 g/cm3

acoustic impedance 1.41 MRayls
absorption 1.21 - 1.93

backing material araldit and glass balloons
velocity 2570 m/s
density 0.56 g/cm3

acoustic impedance 1.44 MRayls
absorption 0.31

air velocity 333 m/s
acoustic impedance 430 Rayls

water at 25°C velocity 1495 m/s
acoustic impedance 1.5 MRayis

Table B.2: Specifications of the PMI LA3510 linear array transducer



Appendix C

Matlab-scripts

This chapter contains the most important Matlab-scripts, that were used to automize some
parts of the data processing of the data measured with the scanning set-up. These scripts
made use of Matlab version 4.2.
Note: the scripts PCbyte.m, PCinteger.m, and PCsingle.m have already been described in
appendix A.

C.I header.m

description:
The script header reads the parameters out of the header of the measured data-file
created by the acoustic microscope set-up, after that the file has been send to the SUN
workstation in a binary way. The names of the variables extracted from the header are
equal to the names that were used on the PC.

options:
The variable filename may be defined before the use of the script header. This makes
batch processing possible.

restrictions:
The measured data-file must be present in the current directory. This file must been
send from the PC to the SUN in a binary way.

This script needs the following scripts: PCbyte.m, PCinteger.m, and PCsingle.m

internal matlab commands:
%Check if 'filename' already exists
if exist('filename') == 0

%Give the name of the desired data-file of the measurement
filename = input('Filename: ','s');

end;
data = fopen(filename);
fprintf(1, 'Reading header information. \n')
%Fileheader = RECORD %Bytes
number_of_records =PCinteger(fread(data,2»;
length_record = PCinteger(fread(data.2»;
date = reshape(setstr(PCbyte(fread(data.10»).1.10);
name_of_this_file =reshape(setstr(PCbyte(fread(data.16»),1.15);
scope_settings_file = reshape(setstr(PCbyte(fread(data.16»),1.15);
matching_file = reshape(setstr(PCbyte(fread(data,15»).1.16);
xyz_settings_file = reshape(setstr(PCbyte(fread(data.15»),1.16);
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% 1- 2
% 3- 4
% 6- 14
%15- 29
%30- 44
%46- 69
%60- 74



C.l. HEADER.M

%{Ipar array}
numb_points_signal = PCinteger(fread(data.2»;
numb_of_columns =PCinteger(fread(data.2»;
numb_of_rows = PCinteger(fread(data.2»;
matrix_type =PCinteger(fread(data.2»;
variable_type = PCinteger(fread(data.2»;
scan_mode = PCinteger(fread(data.2»;
measurement_number = PCinteger(fread(data.2»;
probe_number = PCinteger(fread(data.2»;
sampling_mode = PCinteger(fread(data.2»;
time_base_setting = PCinteger(fread(data.2»;
input_filter = PCinteger(fread(data.2»;
file_type = PCinteger(fread(data.2»;
reserve_1 = PCinteger(fread(data.2»;
numb_averages =PCinteger(fread(data.2»;
pulser_setting = PCinteger(fread(data.2»;
reserve_ipar2 = PCinteger(fread(data.2»;
reserve_ipar3 = PCinteger(fread(data.2»;
trigger_delay = PCinteger(fread(data.2»;
start_hour_measurement =PCinteger(fread(data,2»;
start_minut_measurement =PCinteger(fread(data.2»;

%{Rpar array}
multiplication_factor =PCsingle(fread(data,4»;
duration_measurement =PCsingle(fread(data.4»;
points_x = round(PCsingle(fread(data.4»);
points_y =round(PCsingle(fread(data.4»);
points_z =round(PCsingle(fread(data.4»);
step_width_x = PCsingle(fread(data.4»;
step_width_y = PCsingle(fread(data.4»;
step_width_z = PCsingle(fread(data.4»;
sample_rate =PCsingle(fread(data.4»;
temperature =PCsingle(fread(data.4»;
vel_ref_medium = PCsingle(fread(data.4»;
abs_pos_relzero_x =PCsingle(fread(data.4»;
abs_pos_relzero_y =PCsingle(fread(data.4»;
abs_pos_relzero_z = PCsingle(fread(data.4»;
offset =PCsingle(fread(data.4»;
time_base_set = PCsingle(fread(data.4»;
delay_window = PCsingle(fread(data.4»;
reserve_rpar2 = PCsingle(fread(data.4»;
reserve_rpar3 =PCsingle(fread(data.4»;
reserve_rpar4 = PCsingle(fread(data.4»;

%Read the remaining empty bytes of the 512 bytes of the header
scratch = fread(data.512-194);

r~elete help variables
clear filename
clear scratch
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% 77- 78
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C.2

APPENDIX C. MATLAB-SCRIPTS

description:
The script hydro..xy compensates data for the TUD02 hydrophone, used during mea
surements performed in the XY-direction of a transducer. The compensation is based
on spatial deconvolution. First, the script checks if the variable ampl.ireq exists. If
this variable exists, it will be compensated and the result will be put in the variable
AMPLJ'REQ. After that the script will stop. If the variable ampl.ireq does not exist,
then the variable max_env will be searched and if it exists it will be compensated and
the result will be put in the variable MAX-ENV. After that the script will stop. If
neither of the two variables exists, then the script will ask for a the name of the variable
that needs te be compensated.

options:
None.

restrictions:
The correction method is based on the directivity patern of the TUD02 hydrophone
at 3.5MHz, because we used a linear array transducer (PMI LA351O) with that center
frequency.

internal matlab commands:
%Check if temperature water is already defined.
if exist('temp') == 0

temp = input('Temperature water during measurement: .);

%Sound velocity in water during measurement.
Cwater = 2.5*temp + 1433.1;
fprintf(1.·Sound velocity water is %4.1fm/s at %2.1f degrees Celcius.\n· •...

Cwater.temp);
fprintf(1.·\n·);

end;

%Physical constants
freq = 3.5e6; %center frequency of PHI LA3610.
c =Cwater;
omega =2*pi*freq;
k = omega / c;
deg_per_rad = 360/(2*pi);

%The directivity of the TUD02 needle hydrophone is measured at TNO Leiden.
%The measurement has been performed in four perpendicular directions
%from 0 to 60 degrees (steps of 2 degrees). The mean values of the
Y~easured pressures are used.
mean_hydro = [47.10.46.80.46.66.46.16.46.46.44.80.43.90.42.70 •...

41.76.40.66.39.60.38.30.37.55.36.30.36.16.33.75 •...
32.60.31.86.30.85.29.80.29.05.28.25.27.30.26.30•...
26.76.26.10.23.90.23.66.22.76.21.86.21.06];

degrees_step =2;
degrees =0:degrees_step:60;

%Define the directivity for angles from 0 to 90 degrees. Using a
%threshold values for angles greater than 60 degrees. This to minimize
%the amplification of noise.
ext_pos =60+degrees_step:degrees_step:90;
theta = [degrees ext_pos];



99C.2. HYDRO.JCY.M

D = Unean_hydro min(mean_hydro)*ones(1, length(ext_pos»];
D = D/max(D);

YoCompensate the measured data for the TUD02 hydrophone
YoCheck if 'ampl_freq' exitsts and is compensated already.
if «exist('ampl_freq') == 1) & (exist('AMPL_FREQ') == 0»

signals = ampl_freq;
whatcomp = 1;

else
YoIf 'ampl_freq' is already compensated, check if 'max_env' is compensated.
if «exist('max_env') == 1) & (exist('MAX_EIV') == 0»

signals = max_env;
whatcomp = 2;

else
YoGive the name of the variable to be compensated if 'ampl_freq' and
Yo'max_env' do not exist.
signals = input('lame of variable to be compensated: ');

end;
end;

YoStart of compensation.
SIGIALS = fftshift(fft2(signals»;

Y~etermine kx-coordinate vector.
Ix = points_x;
dx = step_width_x;
X = dx*lx;
dkx = 2*pi/X;
kx = «1:1:lx)-ceil(lx/2»*dkx;

YoDetermine ky-coordinate vector.
Iy = points_y;
dy = step_width_y;
Y = dy*Hy;
dky = 2*pi/Y;
ky = «1:1:ly)-ceil(ly/2»*dky;

YoGenerate array of kx- and ky-vectors.
[KX,KY] = meshgrid(ky,kx);

Y~eep theta_k < 90 degrees. {Iote: theta_k = asin(variab)}
variab = sqrt(KX.-2 + KY.-2)/k;
trix1 = (abs(variab)<1).*variab;
trix2 = (abs(variab»=1).*max(max(trix1»;

Y~etermine D_k for the angles theta_K.
theta_k = asin(trix1+trix2)*deg_per_rad;
D_k = spline(theta,D.theta_k);

Y.Compensation of the measured data.
COMPElS = SIGHALS./D_k;
compens = ifft2(fftshift(COMPEHS»;

YoCalculate a measure for the effect of the compensation.
influence = sqrt(sum(sum«abs(compens-signals».-2»./ ...

sum(sum«abs(signals».-2»);
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%Give the compensated data the right name.
if whatcomp == 1

AMPL_FREQ =compens;
clear compens;
clear signals
freqinfl = influence;
fprintf(1. 'The influence of compensation on "ampl_freq" is %1.4f. \n' •...

freqinfl) ;
clear influence;

end
if whatcomp == 2

MAX_ENV = compens;
clear compens;
envinfl = influence;
fprintf (1. 'The influence of compensation on "max_env" is %1. 4f . \n' •...

envinfl) ;
clear influence;

end

%Delete help variables.
clear j D_k kx_high kx_low theta_kx k_ind kX_div_k kx dkx X Nx dx COMPENS ...
SIGNALS D D_ext c deg_per_rad degrees degrees_step ds ext_neg ext_pos ...
signals mean_hydro theta theta_ext whatcomp KX KY N Ny Y dky dy ky theta_k
trix1 trix2 variab;

C.3

description:
The script hydro..xz compensates data for the TUD02 hydrophone, used during mea
surements performed in the XZ-direction of a transducer. The compensation is based
on spatial deconvolution and assumes that the sound field is (or may be considered as)
constant in the y-direction. First, the script checks if the variable ampLfreq exists. If
this variable exists, it will be compensated and the result will be put in the variable
AMPL-FREQ. After that the script will stop. If the variable ampLfreq does not exist,
then the variable max_env will be searched and if it exists it will be compensated and
the result will be put in the variable MAX...ENV. After that the script will stop. If
neither of the two variables exists, then the script will ask for a the name of the variable
that needs te be compensated.

options:
None.

restrictions:
The correction method is based on the directivity patern of the TUD02 hydrophone
at 3.5MHz, because we used a linear array transducer (PMI LA3510) with that center
frequency.

internal matlab commands:
%Check if temperature water is already defined.
if exist ('temp') == 0

temp = input('Temperature water during measurement: ');
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%Sound velocity in water during measurement.
Cwater = 2.5*temp + 1433.1;
fprintf(l,'Sound velocity water is %4.1fm/s at %2.1f degrees Celcius.\n', ...

Cwater, temp);
fprintf(l,'\n');

end;

%Physical constants
freq = 3.5e6; %center frequency of PMI LA3510.
c = Cwater;
omega = 2*pi*freq;
k =omega / c;
deg_per_rad = 360/(2*pi);

%The directivity of the TUD02 needle hydrophone is measured at TID Leiden
%The measurement has been performed in four perpendicular directions
%from 0 to 60 degrees (steps of 2 degrees). The mean values of the
Y.measured pressures are used.
mean_hydro = [47.10,46.80,46.65,46.15,45.45,44.80,43.90,42.70 •...

41.75,40.65,39.60.38.30.37.55.36.30.35.15,33.75 •...
32.60.31.85.30.85.29.80,29.05.28.25.27.30.26.30•...
25.75.25.10.23.90.23.65.22.75.21.85.21.05];

degrees_step = 2;
degrees = 0:degrees_step:60;

%Define the directivity for angles from -60 to 60 degrees.
D = [fliplr(mean_hydro(2:length(mean_hydro») mean_hydro];
theta = [-fliplr(degrees(2:length(degrees») degrees];

Y~efine the directivity for angles from -90 to 90 degrees. Using a
%threshold values for angles greater than 60 degrees and smaller than
%-60 degrees. This to minimize the amplification of noise.
ext_neg = -90:degrees_step:-60-degrees_step;
ext_pos = 60+degrees_step:degrees_step:90;
theta_ext = [ext_neg theta ext_pos];
D_ext = [min(mean_hydro)*ones(l. length(ext_neg» D min(mean_hydro)

*ones(l, length(ext_pos»];
D_ext = D_ext/(max(D_ext»;

%Compensate the measured data for the TUD02 hydrophone
%Check if 'ampl_freq' is already compensated
if ((exist('ampl_freq') == 1) t (exist('AMPL_FREQ') == 0»

signals = ampl_freq;
whatcomp = 1;

else
%If 'ampl_freq' is already compensated. check if 'max_env' is compensated.
if ((exist('max_env') == 1) t (exist('MAX_EIV') == 0»

signals = max_env;
whatcomp = 2;

else
%Give the name of the variable to be compensated if 'ampl_freq' and
%'max_env' do not exist.
signals = input ( 'lame of variable to be compensated: ');

end;
end;
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%Start of compensation.
for j = 1:1:points_x

SIGIALS(j,:) =fftshift(fft(signals(j,:»);
end

%Determine kx-coordinate vector.
dx = step_width_y; %x-direction transducer is y-direction XY-table.
Ix =points_y;
X = dx*lx; %length x-scan
dkx = 2*pi/X; %sampling intervals
kx = «1:1:lx)-ceil(lx/2»*dkx;
kX_div_k = kx/k;

%Find -90 < theta < 90.
k_ind = find«kx_div_k > -1) t (kx_div_k < 1»;
theta_kx = asin(kx(k_ind)/k);

%Determine D_kx for the angles theta_Kx.
D_kx = spline(theta_ext, D_ext, theta_kx*deg_per_rad);
kx_low =min(kx):dkx:min(kx(k_ind»-dkx;
kx_high =max(kx(k_ind»+dkx:dkx:max(kx);
D_kx = [min(mean_hydro)*ones(1, length(kx_low» D_kx min (mean_hydro) ...
*ones(1, length(kx_high»]/max(D_kx);

%Compensation of the measured data.
for j =1:1:points_x

fprintf(1,'Compensating row %i of %i.\r',j,points_x);
COHPEIS(j,:) = SIGIALS(j,:)./D_kx;
compens(j,:) = ifft(fftshift(COHPEIS(j,:»);

end
fprintf(1,'\n');

%Calculate a measure for the compensation.
influence = sqrt(sum(sum«abs(compens-signals».~2»./

sum(sum«abs(signals».~2»);

%Give the compensated data the right name.
if whatcomp == 1

AHPL_FREQ = compens;
clear compens;
clear signals
freqinfl = influence;
fprintf(1, 'The influence of compensation on "ampl_freq" is %1.4f. \n', ...

freqinfl) ;
clear influence;

end
if whatcomp == 2

HAX_EIV = compens;
clear compens;
envinfl = influence;
fprintf (1, 'The influence of compensation on "max_env" is %1.4f. \n' , ...

envinfl) ;
clear influence;

end



CA. PROFILES.M

C.4 profiles.m

103

description:
The script profiles evaluates the hydrophone measurements performed using the "acous
tical microscope" set-up. The script will ask the name of the me containing the
measured-data and the temperature of the water during the measurement.

The measured data may be an XZ-, an XT-, or an XV-scan. In the case of an XT-scan
are the RF-signals stored in the variable RFsignals. In the other cases, the RF-signals
are not stored, because that would need too much memory capacity. For all types of
scan is determined the maximum of the envelope of every RF-signal. These values are
stored in the variable max_env. The variable MAX..ENV is the result of compensation of
the variable max_env for the directivity of the used hydrophone. Also the amplitude of
the 3.5MHz frequency component of the FFT of every RF-signal is determined. These
values are stored in the variable ampLfreq. The variable AMPLFREQ is the result of
the compensation of the variable ampLfreq for the directivity of the used hydrophone.

Finally, the coordinates x, y, and z corresponding to the scan are determined. In the case
of an XT-scan is also the time coordinate t determined corresponding to the variable
RFsignals. The variable t assumes that there is no lens and no matching layer, because
this is also the case in the simulation package of the laboratory.

options:
None.

restrictions:
The script assumes the following set-up:
• Transducer: LA 3510 of Philips Medical Systems
• Hydrophone: TUD02 of the Delft University of Technology
• Frequency : 3.5MHz (= freq)

This script needs the following scripts: PCbyte.m, header.m, hydro...xy.m, hydro...xz.m

internal matlab commands:
clear;

%Physical constants
KHz_per_Hz = 1e-6;
mV_per_V = 1e3;
mm_per_m = 1e3;

%Initialisation of the data-file
header

%Initialisation
fprintf(1,'\n');
freq = 3.5e6; %[Hz]: Center frequency transducer
fprintf(1,'The amplitude of the FFT at %2.1f MHz viII be determined.\n', ...

freq*MHz_per_Hz);
period = 1/freq;

type_scan = input('Type of scan [1:XZ (or XT), 2:XY]: ');
temp = input('Temperature vater during measurement: ');

%Sound velocity in vater during measurement.
Cvater =2.5*temp + 1433.1;
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fprintf(1.'Sound velocity in water is Yo4.1fm/s at Yo2.1f degrees Celcius.\n' •...
Cwater, temp);

fprintf(1. '\n');

YoCharacteristics transducer: PMI LA3510
YoInfluence of the matching layer of the PMI LA3510
d_matching = 0.16e-3;
c_matching =2620;
t_matching = d_matching/c_matching;

YoInfluence of the lens of the PMI LA3510
d_lens = 1.42e-3;
c_lens = 960;
t_lens = d_lens/c_lens;

YoCalculation of the beam-profiles

YoIlOTE:
Yo
Yo
Yo
Yo
Yo
Yo
Yo
Yo

In the case of an XZ-scan (or XT-scan), the transducer is placed
in the left side of the water tank. i.e the X-coordinate of the
XY-table corresponds with the Z-coordinate of the transducer and
the Y-coordinate of the XY-table corresponds with the X-coordinate
of the transducer.

In the case of an XY-scan. the transducer is placed in the bottom
of the water tank. i.e. the X- and Y-coordinates of the transducer
correspond with the X- and Y-coordinates of the XY-table.

YoStart stopwatch
tic;

for j = 1:1:round(points_y)
for i = 1:1:round(points_x)

YoReaddata RF-signal out of data-file
YoThe signals must be multiplied with '*multiplication_fact*mV_per_V'
Yoto get the RF-signals in [mY]. This has not been done. because the
Yodata can now be saved as integers instead of as 'floats'. So the
Yoamount of data to store is four times less.

if matrix_type == 5 Yodatatype: integers
signal =fread(data.numb_points_signal.'short');

else Yodatatype: bytes
signal = PCbyte(fread(data.numb_points_signal»

end;

Y~etermine max. envelope and positions of the maxima.
[max_env(i.j) index(i.j)] =max(abs(hilbert(signal»);

YoDetermine frequency component 'freq' out of FFT's.
YoCalculate "fast" FFT.
n = ceil(10g2(numb_points_signal»;
spectr =fft(signal.2-n);
ampl_freq(i,j) = spectr(freq*length(spectr)/sample_rate);

YoStore RF-signals in case of an XT-scan.
if round(points_y) == 1
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RFsignals = [RFsignals signal];
end;
if round(points_x) == 1

RFsignals = [RFsignals signal];
end;
fprintf(l,'Processing [Yoi,Y.i] of [Yoi,Yoi]. Elapsed time: Yoi sec.\r', ...

i,j ,round(points_x),round(points_y) ,round(toc»;
end;

end;
fprintf(l,'\n');

YoDetermine coordinates of the scan and compensate for the hydrophone.
if type_scan == 1 YoXZ-scan

YoX-coordinate transducer image (i.e. V-coordinate of the XV-table).
x = «(1:1:points_y)-ceil(points_y/2»*step_vidth_y)*mm_per_m;

%Z-coordinate transducer image (i.e. X-coordinate of the XV-table).
d_vater = (delay_vindov-t_matching-t_lens)*Cvater;
begin_in_vindov = (min(min(index»/sample_rate)*Cvater;
z = «O:l:points_x-l)*step_vidth_x+d_vater+d_matching+d_lens+ ...
begin_in_vindov)*mm_per_m;

%Determine time-coordinate of the first xt-scan (of the xz-scan)
Yofor the case that there vas no lens and matching layer.
t_compens = (d_matching+d_lens)/Cvater - (t_matching+t_lens);
t = (O:numb_points_signal-l)/sample_rate + delay_window + t_compens;

YoCompensate beam-profiles for the used hydrophone TUD02
YoCompensate ampl_freq
hydro_xz;
YoCompensate max_env
hydro_xz;

else %XY-scan

%X-coordinate transducer image (i.e. X-coordinate of the XV-table).
x = «(1:1:points_x)-ceil(points_x/2»*step_vidth_x)*mm_per_m;

Y.Y-coordinate transducer image (i.e. V-coordinate of the XV-table).
y = «(1:1:points_y)-ceil(points_y/2»*step_width_y)*mm_per_m;
y'Calculate the distance z to the transducer.

d_vater = (delay_vindov-t_matching-t_lens)*Cvater;
begin_in_vindow = (min(min(index»/sample_rate)*Cwater;
z = (d_water+d_matching+d_lens+begin_in_window)*mm_per_m;

y'Compensate beam-profiles for the used hydrophone TUD02
YoCompensate ampl_freq
hydro_xy;
%Compensate max_env
hydro_xy;

end
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%byte 513 to end
%for integer data

description:
The script readdata reads the header-information and data out of a file that is created
with the "acoustic microscope" set-up, after that the file has been send to the SUN
workstation in a binary way. The names of the variables extracted from the header
are equal to the names that were used on the PC. The measured data is placed in the
matrix RFsignals.

options:
• filename
The variable filename may be defined before the use of the script header. This makes
batch processing possible.

restrictions:
The measured data-file must be present in the current directory. This file must been
send from the PC to the SUN in a binary way.

This script needs the following scripts: PCbyte.m, PCinteger.m, PCsingle.m, header.m

internal matlab commands:
Y.neclare file and read header information
header

%Read RF-data and put in matrix "RFsignals"
fprintf(1,'Reading data. \n')
if matrix_type == 5

RFsignals = fread(data,inf,'short');
RFsignals = reshape(RFsignals,numb_points_signal,points_x*points_y);

else %for byte data
RFsignals = PCbyte(fread(data,[numb_points_signal,points_x*points_y]»;

end

C.G simedges.m

description:
The script simedges simulates the position of the edgewaves of the linear array trans
ducer PMI LA3510.

options:
None.

restrictions:
The script is only valid for the PMI LA3510 linear array transducer.

internal matlab commands:
clear
m_per_mm= 1e-3;

% Variables
Z = input ( 'Scan distance [mm]: ,);
N = input('Number of excited elements [-]: ');
xmin = input('Minimum x coordinate scan [mm]: ,);
xmax = input ( 'Maximum x coordinate scan [mm]: ,);
temp = input('Temperature water [C]: ,);
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Y. Characteristics transducer
pitch = 0.76; Y. [rom] center-to-center distance elements
Ly = 18; Y. [mm] length of element in elevation direction
Lx = ll*pitch; Y. [mm] length of excited array in x direction

Y. Characteristics simulation
steps = 128; Y. [-] number of steps in x direction
Ny = 32; Y. [-] number of points on vertical side elements
Ix = 32; Y. [-] number of points on horizontal side elements
Cvater = 1433.1 + 2.S*temp; Y. Em/s] sound velocity in vater
dx = (xmax-min)/(steps-1); Y. [rom] step vidth in x direction
x = min:dx:max; Y. [mm]

tz = Z*m_per_mm/Cvater; Y. [s] time corresponding to Z.

figure
clf
hold on
grid on

y. Estimate Plane Wave
xpv = -Lx/2:dx:Lx/2;
pv = ones(l.length(xpv»*tz;
plot(xpv.pv.·-·)

Y. Edgevaves caused by vertical edges
for xvert=-Lx/2:Lx:Lx/2;

for yvert=-3:1:3Y.-Ly/2:Ly/(Ny-1):Ly/2;
edge=sqrt«x-xvert).~2+yvert~2+Z~2)-Z;

tedge=edge*m_per_mm/Cvater + tz;
plot(x.tedge.·--·);

end
end

y. Edgevaves caused by horizontal edges
for xhor=-Lx/2:Lx/(Nx-1):Lx/2;

for yhor=-Ly/2:Ly:Ly/2;
edge=sqrt«x-xhor).~2+yhor~2+Z~2)-Z;

tedge=edge*m_per_mm/Cvater + tz;
plot(x.tedge.':');

end
end

xlabel ( 'x [mm]')

ylabel ( 'time [s]')
str = sprintf('Simulated edgevaves. z=Y.4.2f mm, N=Y.i',Z,Il);
title(str);
legend('-','Plane vave','--', 'Vertical edges'.':'.'Borizontal edges')
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Homogeneous results
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X 10-5 Measurement
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Homogeneous
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x10-S Measurement Homogeneous
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Homogeneous

Number of elements: 18

Elements of transducer: 33 to 50

Distance to transducer: 100.3 mm
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