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Abstract
In the early 20th century the first metallic bone plates and bone screws were introduced in orthopedic surgery for the fixation of long bone fractures. When such an
implant is loaded, dedicated in-vivo measuring techniques may be required in order
to determine, for instance, strains or forces in the device. The measured information
can be used to optimize the design of future implants, to prevent a possible overload
of the implant and to asses the healing process of the fracture.
The most common in-vivo strain sensors are based on strain gauges and electromagnetic signal transmission. They contain electronic circuits, which are relatively
expensive and require a special read-out unit. Therefore, a completely new strain
measuring concept consisting of a wireless implantable passive strain sensor (WIPSS)
with an ultrasound read-out has been developed. Currently, the WIPSS is entirely made
of PMMA. However, it is even envisioned to fabricate the WIPSS from a biodegradable
material in order to use it on an implant made of such a material as well.
The WIPSS transforms the measured strain into a varying amount of fluid inside
a micro channel, whose fill level linearly depends on the strain. The micro channel
has a width of 0.1 mm and is wound into a spiral with a diameter of 5 mm. The aim
of this work is to find a suitable ultrasound based read-out method, which is able
to determine the fill level of the micro channel through inhomogeneous, attenuating
and scattering human tissue of up to 50 mm.
Under this precondition the acquired ultrasound data cannot provide the necessary lateral resolution of 0.1 mm to detect the fill level of the micro channel directly.
Therefore, a novel read-out method was developed (patent application submitted).
It is based on two fundamental requirements, which state: a) The quantity resulting
from the areal integration of the C-scan of the micro channel linearly depends on the
fill level. b) The measurement is independent of the acoustic parameters of the materials covering the WIPSS, if it is calibrated with the echo signal from a reference
reflector inside the WIPSS.
We derived an analytical model, which describes the entire transmit-receive process of an ultrasound transducer performing the read-out. It accounts for various
system parameters, such as transducer aperture (single element or phased array), excitation function, F-number, electronic noise, shape of the micro channel, fill level,
insonification angle, attenuation and dispersion. Therefore, the model is a valuable
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Abstract
tool to investigate the influence of such parameters on the read-out accuracy and to
further optimize the strain measuring system.
By using this model, the validity of the proposed read-out method was analytically
proven and it was shown that the measured fill level is independent of the material covering the WIPSS and the lateral resolution of the ultrasound imaging system.
Moreover, read-out simulations were performed for a 5 MHz single element and a
6 MHz phased array transducer. For both transducers it was demonstrated that the
read-out is applicable for tissue of up to 50 mm in thickness and for insonification
angles ranging from 0◦ to 4◦ . In addition, the read-out was shown to be insensitive to
broadband noise as long as the noise level is smaller than −40 dB. With regard to the
read-out accuracy, these investigations showed that the fill level can be determined
with maximum and mean errors typically smaller than 10 % and 5 %, respectively.
The simulations were complemented by the respective in-vitro ultrasound measurements, which were conducted by means of the immersion technique. For this
purpose a setup consisting of a mechanical ultrasound scanner, a control software
and a tank filled with demineralized water was built. Additionally, homogeneous
tissue mimicking materials (TMM), which simulate up to 50 mm of fat and 30 mm of
muscle tissue, were manufactured and placed between the transducer and the micro
channel. By working with the same transducers and conditions as for the simulations, the measurements turned out to be in excellent agreement with the previously
predicted results and likewise the fill level could be determined with almost the same
accuracy as with the model.
In order to provide more realistic conditions, the TMMs were replaced by six different pieces of pork, which had thicknesses between 10 mm and 30 mm. The fat inclusions (inhomogeneities) in the meat caused lateral and temporal distortions of the
3D ultrasound data. By using advanced signal processing algorithms, the negative
influence of these distortions on the read-out accuracy was partially compensated,
whereas the overall maximum read-out error could be reduced from almost 40 % to
less than 20 % and the mean error decreased from 5.8 % to 3.6 %.
The presented strain monitoring concept consisting of a strain sensor made of
PMMA and an ultrasound read-out method is the first of its kind and was demonstrated to be a promising new alternative to systems based on electronic sensors and
RF signal transmission. Moreover, since the read-out works with phased array ultrasound technology, it can be performed with a commercial medical ultrasound scanner, which has to be upgraded with the corresponding software. This integration in
existing hardware will help to promote the acceptance of the new system in medical
applications.
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Zusammenfassung
Im frühen zwanzigsten Jahrhundert wurden in der orthopädischen Chirurgie die
ersten metallischen Platten und Schrauben zur Stabilisierung von Knochenfrakturen
eingeführt. Stehen solche Implantate unter Belastung, werden spezielle in-vivo Messmethoden benötigt, um zum Beispiel Deformationen oder Kräfte in den Implantaten
zu messen. Die Messdaten können dann dazu verwendet werden, zukünftige Implantate zu optimieren, mögliche Überbelastungen vorzubeugen und den Heilungsprozess der Fraktur zu verfolgen.
Die gängigsten in-vivo Dehnungssensoren basieren auf Dehnungsmessstreifen
und elektromagnetischer Signalübertragung. Sie enthalten elektronische Schaltkreise, welche verhältnismässig teuer sind und ausserdem ein spezielles Auslesegerät
erfordern. Aus diesen Gründen wurde ein komplett neues Dehnungsmesskonzept
entwickelt, welches aus einem drahtlosen, implantierbaren, passiven Dehnungssensor (WIPSS) mit Ultraschallauslesung besteht. Derzeit ist der WIPSS vollständig aus
PMMA hergestellt. Es ist jedoch auch vorgesehen, den WIPSS aus einem biodegradierbaren Material zu fertigen, damit er an einem Implantat eingesetzt werden kann,
welches ebenfalls aus einem derartigen Material besteht.
Der WIPSS besitzt als Anzeigeelement einen Mikrokanal, der mit einer Flüssigkeit
gefüllt ist, deren Menge linear von der Deformation abhängt. Der Mikrokanal hat eine Breite von 0.1 mm und er ist zu einer Spirale gewickelt, deren Durchmesser 5 mm
beträgt. Das Ziel der Arbeit ist es, ein ultraschallbasiertes Ausleseverfahren zu entwickeln, welches in der Lage ist, den Füllgrad des Mikrokanals zu bestimmen. Das
Verfahren soll selbst dann noch funktionieren, wenn der WIPSS mit bis zu 50 mm
inhomogenem, schallschwächendem und streuendem Gewebe überdeckt ist.
Unter diesen Voraussetzungen können Ultraschalldaten die notwendige laterale
Auflösung von 0.1 mm nicht mehr bieten. Diese wäre jedoch nötig, um den Füllgrad
des Mikrokanals direkt bestimmen zu können. Daher wurde ein neues Ausleseverfahren entwickelt (Patentanmeldung eingereicht), welches auf zwei fundamentalen
Voraussetzungen basiert, die besagen: a) Die örtliche Integration des C-Scans des Mikrokanals ergibt eine Grösse, welche linear vom Füllpegel abhängt. b) Die Messung
des Füllpegels ist unabhängig von den akustischen Eigenschaften des Materials, welches den WIPSS überdeckt, sofern die Messung mittels der Signale eines Referenzreflektors, der sich innerhalb des WIPSS befindet, kalibriert wird.

xi

Zusammenfassung
Es wurde ein analytisches Modell entwickelt, das den gesamten Sende- und Empfangsprozess des Transducers beschreibt, der das Auslesen ausführt. Das Modell
berücksichtigt verschieden Systemparameter, wie die Apertur, die Anregungsfunktion, die F-Nummer, elektronisches Rauschen, die Form des Mikrokanals, den Füllgrad,
den Einschallwinkel sowie die Schallschwächung und Dispersion. Das Modell ist daher ein wertvolles Werkzeug, mit dessen Hilfe sich der Einfluss dieser Parameter auf
die Auslesegenauigkeit bestimmen lässt und das Dehnungsmesssystem weiter optimiert werden kann.
Die Gültigkeit des vorgeschlagenen Ausleseverfahrens wurde mit dem Modell
analytisch bestätigt und es zeigte sich, dass das Auslesen unabhängig ist von der lateralen Auflösung des bildgebenden Ultraschallsystems und vom Material, welches
den WIPSS überdeckt. Des weiteren wurden numerische Simulationen des Ausleseverfahrens für einen 5 MHz Einelement und einen 6 MHz Phased Arrray Transducer
durchgeführt. In beiden Fällen konnte gezeigt werden, dass das Verfahren für bis zu
50 mm dickes Gewebe und für Einschallwinkel im Bereich von 0◦ bis 4◦ anwendbar
ist. Ausserdem erwies es sich als unempfindlich auf breitbandiges Rausches, solange
dieses kleiner ist als −40 dB. Bezüglich der Auslesegenauigkeit ergaben die Untersuchungen, dass der Füllpegel mit einem maximalen und mittleren Fehler von weniger
als 10 % beziehungsweise 5 % bestimmt werden kann.
Die Simulationen wurden mit entsprechenden in-vitro Experimenten ergänzt, welche mittels Tauchtechnik durchgeführt wurden. Zu diesem Zweck wurde eine Einrichtung bestehend aus einem Ultraschallscanner, einer Kontrollsoftware und einem
Wassertank gefüllt mit demineralisiertem Wasser aufgebaut. Zusätzlich wurden homogene gewebeimitierende Materialien (TMM) hergestellt. Diese konnten zwischen
dem Transducer und dem Mikrokanal platziert werden und simulierten den Einfluss
von bis zu 50 mm Fett und 30 mm Muskelgewebe. Die Messungen wurden mit den
gleichen Transducern und unter identischen Bedingungen, wie bei den Simulationen
durchgeführt. Sie ergaben eine exzellente Übereinstimmung mit den Simulationsresultaten, wobei der Füllpegel mit beinahe derselben Genauigkeit ermittelt werden
konnte.
Um realistischere Bedingungen zu schaffen, wurden die TMMs durch sechs verschiedene Stücke Schweinefleisch ersetzt, deren Dicken sich im Bereich zwischen etwa 10 mm und 30 mm bewegten. Die Fetteinschlüsse (Inhomogenitäten) im Fleisch
verursachten laterale und zeitliche Deformationen der 3D Ultraschalldaten. Mittels
fortgeschrittener Signalverarbeitungstechniken konnte der negative Einfluss dieser
Deformationen auf die Auslesegenauigkeit teilweise kompensiert werden. Dabei reduzierte sich der maximale Auslesefehler von beinahe 40 % auf weniger als 20 % und
der mittlere Fehler nahm von 5.8 % auf 3.6 % ab.

xii

Das präsentierte Dehnungsmesskonzept bestehend aus einem aus PMMA gefertigten Dehnungssensor und einer Ultraschallauslesemethode ist das erste dieser Art.
Es wurde demonstriert, dass das Konzept eine vielversprechende Alternative ist zu
den bestehenden elektrischen Sensoren mit RF Datenübertragung. Da das Ausleseverfahren mit Phased Array Technologie arbeitet, kann es mit kommerziellen medizinischen Ultraschallscannern durchgeführt werden, welche über die nötigen Softwaremodifikationen verfügen. Diese Integration in bestehende Hardware hilft die
Akzeptanz des neuen Systems für medizinische Anwendungen zu verbessern.
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List of Symbols
The following list collects the symbols, which are not defined every time they appear
in the text.
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a
A(ω )

Description
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V
m2

Ac
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m2

(2)

integrated C-scan of the calibration channel recorded in material
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m2

integrated frequency domain C-scan of the calibration channel with
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integrated C-scan of the measuring channel
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m
m2

Am

integrated frequency domain C-scan of the measuring channel

m2

(1)
Am

integrated C-scan of the measuring channel recorded in material
M (1)

m2

(2)

integrated C-scan of the measuring channel recorded in material
M (2)

m2

integrated time domain C-scan of the measuring channel with the
attenuation being compensated and arbitrary transducer excitation

m2

integrated frequency domain C-scan of the measuring channel with
the attenuation being compensated and arbitrary transducer excitation

m2

Â
Ac
(ω )

Ac

0(t)

Ac

0(ω )

Ac

Ad
A E1
A E2
A E23
A E3
A E4
am
Am
(ω )

Am

0(t)

Am

0(ω )

Am

Units
m2

m2
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A0
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B1 , B2
B12
ca
Cc
cf
cm
Cm
c pL
c pT
csL
csT
ct
cw
c1
c2
D
dc
dm
dt
D1
D10
d2
D2
D20
d02
D3
D4
ei
Ei
Et
Etn
E0
E1
E2
E23
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Description
complex amplitude
time domain signal at the receiver
frequency domain signal at the receiver
cross sectional area of the reservoir of an alternative strain sensor
offset of the straight line describing the relation between Q and F
diffraction expressions
product of B1 and B2
speed of sound in air
C-scan of the calibration channel
speed of sound in a fluid
speed of sound in muscle tissue
C-scan of the measuring channel
longitudinal speed of sound in PMMA
transversal speed of sound in PMMA
longitudinal speed of sound in a solid
transversal speed of sound in a solid
speed of sound in the TMM
speed of sound in water
speed of sound in a general medium 1
speed of sound in a general medium 2
attenuation term
distance between the front side of the WIPSS and the calibration
channel
distance between the front side of the WIPSS and the measuring
channel
thickness of the TMM
distance between Y and Z
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1 Introduction
1.1 Orthopedic Implants
In the early 20th century the first bone plates and bone screws were introduced in orthopedic surgery for the fixation of long bone fractures [1]. Since then a large variety
of implants such as nails, screws, plates, wires, pins and total joint replacements have
been developed. These devices are fixed to the skeleton and remain in the body for a
varying amount of time, according to their specific objectives [2].
Orthopedic implants are generally divided into two categories: temporary and permanent implants [3]. Independent of their category, they are usually entirely made
of a biocompatible material and they need to be biofunctional. A biocompatible material does not cause foreign body reactions, that is, it is tolerated by the host tissue for
the designated application. The term biofunctionality refers to a fairly broad concept,
which comprises the success of an implant with regard to its initial aim.
Temporary implants are further classified into internal and external fixators. Internal fixators, which are also called osteosynthesis devices are used for the fixation of
fractures and after osteotomy. They may be taken out in a second operation, as soon
as the bone has healed and is strong enough in order to bear normal physiological
loads. Therefore, the service time of such implants does generally not exceed a few
months. Internal fixation devices must fulfill the following criteria:
• They must be biocompatible,
• they need adequate mechanical properties in order to allow the adhesion of the
bone and
• they must not have any harmful effects on bone healing.
In the following chapter a short introduction to biodegradable implants is given.
Such implants are an interesting alternative to common metallic implants and they
also extend the possible range of applications of the novel strain monitoring system
introduced in Chapter 1.4.
1.1.1 Biodegradable Implants

In the 1960s first experimental investigations of medical implants made of biodegradable polymers were reported. After its implantation, the degradation process of a
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biodegradable implant commences and complete resorption can be achieved after a
period of five to eight weeks for materials with a low crystallinity. However it takes
several years to entirely resorb a highly crystalline material [4]. The rate of degradation depends on many factors, namely [5]:
• size and design of the implant
• material of the implant
• molecular weight of the material
• phase (crystalline or amorphous) of the material
• location of implantation
• stress on the implant
Until their introduction in orthopedic surgery in the late 1980s, hundreds of animal
studies using various compositions of polymeric materials have been done in order to
evaluate the utility of such materials for orthopedic applications [6]. These materials
used in the form of plates, screws, plugs or pins are suitable for many aspects of
orthopedic surgery, such as fixation of fractures and ligaments, arthrodeses, bone
replacement, cartilage repair and the treatment of ligament and meniscus injuries [7].
Presently numerous biodegradable materials are available on the market. However
the most common types currently employed in medical applications are polyglycolic
acid (PGA) and polylactic acid (PLA) [4].
Compared to conventional implants, biodegradable implants have several important advantages. First, there is no need for a second operation in order to remove
the implant. Second, biodegradable implants allow for a gradual load transfer with
increasing implantation duration [5] and third, stress shielding associated with stiff
metallic implants can be avoided [7]. The first factor is obviously beneficial for the patient, who will not have to endure a second expensive and painful operation. From
a biomechanical point of view, the second aspect is of particular interest. A fractured
bone often needs to be stabilized and protected by a fixation plate. Shortly after the
surgical intervention, the implant must carry the entire load. However, as the healing process is advancing, it should gradually transfer the load to the bone in order to
stimulate healing as well as remodeling processes. Once the healing is completed, the
implant should be resorbed completely, thus the bone does not receive any additional
mechanical support anymore (Figure 1.1). With regard to applications of biodegradable materials there is a general agreement that these materials should not be used
for fractures of long high load-bearing bones [8]. However, there still remains a broad
field of possible applications for implants made of such materials.

2

1.1 Orthopedic Implants
degradation [%]

0

100

healing [%]

100

0

time

Figure 1.1: Typical curves showing the healing process of a bone (solid line) and the optimal
degradation characteristics of an implant (dotted line) [5].

Rokkanen et al. [7] review a vast variety of current applications for biodegradable
rods, pins and screws. For instance, these devices can be used upon indications of
radial head fractures, elbow fractures, hand fractures, wrist fractures and cancellous
bone fractures of the talus and calcaneus.
In spinal surgery the application of biodegradable interbody fusion cages are reported [8–10]. Spinal fusion qualifies as an intervention in which a part of the spine
is immobilized by joining two or more vertebrae.
Biodegradable plates are predominantly being used in cranio-maxillofacial surgery,
which refers to the treatment of injuries or defects of the skull (cranium), the upper
jaw (maxilla) and the face [11]. Moreover, in oral medicine, biodegradable plates
and screws are used for the fixation of fractured lower jaws (mandible) [12] and in
[6, 13] the application of resorbable bone fixation devices in orthognathic surgery is
reported.
Eitenmüller et al. [14] state that biodegradable materials are generally suitable for
the stabilization of fast healing fractures where fractured ankle joints belong to. For
instance, they used plates made of Poly-L-Lactid (PLLA) with a length of 9 mm and
a thickness of 3 mm to successfully treat 26 patients in total.
Metallic plates stabilizing a distal radius fracture are often the reason for an increased risk of tendon irritation or ruptures as a result of interactions between the
implant and the tendons and tendon sheaths. These complications might force the
surgeon to remove the implant. To overcome this situation the use of biodegradable
plates and screws in distal radius fractures is suggested [15]. It is clearly stated, however, that the activities in this field are still at an experimental stage.
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1.2 Need for Strain Monitoring of Orthopedic Implants
The previous chapters gave an overview of applications of implantable fixation devices such as plates, screws, pins or rods. In order to find out more about their in-vivo
and in-vitro behavior under load, proper methods must be applied to determine, for
instance, strain or forces in the device.
The measured information can be used to optimize the design of future implants
[16,17]. That is, regions of high stress are identified and proper measures can be taken
in order to reduce the risks of an implant failure in these regions.
To speed up blood circulation and the healing process, a patient is supposed to perform rehabilitation exercises. During these exercises the implant is loaded additionally. Therefore, it must be able to bear the load but it should also be flexible enough
in order to prevent stress shielding [18]. Consequently, measuring the relationship
between mechanical loading and the behavior of the implant is of direct clinical relevance, particularly to prevent implant failure, to assess the fracture healing process
and to evaluate rehabilitation exercises [19].

1.3 Strain Measuring Concepts
Besides numerical modeling, considerable efforts have been made to develop sensors
for measuring strain and stress in biomechanical studies. In the following chapters
the most common strain measuring methods are reviewed. Their advantages and
disadvantages will be summarized in Table 1.1 in Chapter 1.3.7 and the respective
conclusions will be drawn.
1.3.1 Strain Gauge (SG) Sensors

Regarding the strain measuring techniques described in the subsequent chapters,
sensors based on electric resistance strain gauges are used most often [16]. Strain
gauges are typically divided into two categories, namely, metallic and semiconductor
strain gauges. With R and e denoting the resistance and the strain, respectively, their
figure of merit
1 ∂R
(1.1)
R ∂e
is approximately 2 for metallic and 250 for semiconductor gauges [18]. The resistance
change is usually measured using a Wheatstone bridge in combination with a differential amplifier. Subsequently, the amplified signal is transferred to a computer for
further data processing and displaying.
The measured strain is transmitted either by using a wired connection [20] or
preferably, by using radio frequency (RF) data transfer. Wired connections are not
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suitable for long term strain measurements, due to potential infections as a result of
the electrical leads emerging from the skin. For that reason, wireless data transfer is
more suitable for in-vivo load monitoring over longer periods of time. For short-term
implants, batteries provide enough energy to power the electronics. An early study
reports the use of such a battery powered system consisting of a strain gauge connected to a differential amplifier and a frequency modulation (FM) transmitter [21].
Three of five implanted devices delivered clinically significant results for at least four
weeks. The authors do not mention the lifetime of the device nor whether it was
removed after the treatment.
A more sophisticated way to power the electronics is to provide the energy by
means of inductive coupling between an implanted coil and one applied around the
limb during the measurement [19, 22, 23]. A possible setup using inductive energy
supply is shown in Figure 1.2. The strain is measured with a resistance strain gauge
bonded to a cavity of the implant. As part of a Wheatstone configuration, the gauge
yields an output signal, which is proportional to the strain. The top part of Figure 1.2
depicts the data flow from the strain gauge to a personal computer, which processes,
stores and displays the acquired strain information. The bottom part of the figure
illustrates the inductive power supply of the implanted electronics. It consists of an
external coil, which provides an alternating magnetic field. This field induces an
alternating voltage in the coil of the implanted sensing cell. Finally, a DC voltage
powering the electronics is generated by rectifying and stabilizing the induced AC
voltage.
The successful determination of deformations of orthopedic implants or living
bones using conventional strain gauges mainly depends on two factors [24]:
• Modification of the gauge so that it will resist the adverse conditions in the human body; that is, the gauges need to be protected from the conducting salt solutions forming the body fluids. A failing insulation caused by moisture ingress
can create parasitic electrical paths between the gauge terminals, resulting in an
erroneous strain gauge signal. A reliable sealing of the sensor is not only important for the quality of the measured signal but also for the protection of the
sensitive implanted electronic circuitries in case of a telemetry concept. A common method to solve the insulation problem is to embed the strain gauges in
a fully sealed cavity of a metallic orthopedic implant [19, 23, 25]. If the strain
gauges are only encapsulated by a plastic coating, as in some temporary implants, accurate measurements will only be feasible for a few weeks or months.
• Proper bonding to the implant or the bone: The elongation capabilities of the
adhesive could be exceeded, which results in delamination and therefore improper strain transmission between the implant and the strain gauge. Further
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Figure 1.2: block diagram of an in-vivo load monitoring system. The system works with a
strain gauge (SG) connected to a Wheatstone bridge. An inductively powered radio frequency transmitter is applied for the data transfer. [19].

effects like creeping or a possible hysteresis of the adhesive as well as an incorrect glue line, inclusions and voids might negatively affect the measurements [26].
1.3.2 Magnetoelastic Sensors (MS)

The effect used by these sensors is based on reverse magnetostriction of amorphous
ferromagnetic materials. The application of stress to such a material causes its magnetic permeability to change, which in turn is due to the magnetoelastic anisotropy.
This change of the permeability can be converted into a measurable signal by using
an inductive coil having the amorphous material as a core . Materials with positive
or negative magnetostriction result in an increasing or decreasing inductance of the
coil, respectively [18]. Magnetoelastic sensors exhibit a very high sensitivity. Their
figure of merit is in the order of 105 and given by
1 ∂µ
,
µ ∂e

(1.2)

where e is the strain and µ denotes the magnetic permeability [27].
A common measurement system consists of an excitation coil to obtain magnetization. The coil is driven by a signal generator and a power amplifier. Typically,
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Figure 1.3: block diagram of an in-vitro stress measurement system based on a magnetoelastic
sensor [28].

the magnetic field is in the range between 10 and 500 A · m−1 and the excitation frequency spans from 0.1 to 10 kHz. A combination of two pick-up coils surrounding
the sensor are used to detect the change of permeability as a result of the stress applied to the sensor: One coil detects the inductance variations of the sensor, the other
one, connected in series and having opposite winding direction, is responsible for air
flux compensation. The entire setup needs to be shielded in order to reduce magnetic
interferences from other sources (Figure 1.3).
In a concrete medical application, the pick-up coil surrounds the limb with the
fractured bone under test. Applying load to the bone will immediately result in strain
and therefore in a change of the magnetic properties of the amorphous material. The
induced voltage in the pick-up coil is in the range of several hundred millivolts. Since
the body temperature is almost constant, erroneous measurements due to a change
in temperature are not being expected.
1.3.3 Thermographic Stress Analysis (TSA)

The heating of a material as a result of elastic deformation was first discovered by
Lord Kelvin in 1878. Under adiabatic conditions, the change of temperature induced
by deformation is proportional to the sum of the principal stresses. Such thermal
emissions can be detected by using infrared detectors. Most materials exhibit a slight
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Figure 1.4: A typical setup for recording holograms; interferences of the object beam and the
reference beam result in a hologram, which can be recorded with a photographic plate [30].

increase and decrease of their temperature upon compression and tension, respectively. Since the method does not work under static conditions, the object under
investigation must be cyclically loaded. If a suitable calibration has been performed,
quantitative strain levels can be measured and displayed. Without calibration, however, only strains relative to an arbitrarily selected value can be assessed. The advantage of thermoelastic stress analysis (TSA) is that high resolution images of strain
patterns over the entire area of the scanned object may be obtained. The spatial resolution of such images is in the sub-millimeter range. Proper cleaning of the object
is essential for the method to work. That is, investigating a bone requires the bone
to be free of all soft tissue and that it is dry during scanning. Therefore, TSA is only
applicable to in-vitro experiments [29].
1.3.4 Holographic Interferometry (HI)

Holography is a technique, which allows the reconstruction of a wavefront of light,
reflected by a complex three-dimensional object. Figure 1.4 shows a typical setup
for recording holograms. A coherent monochromatic light source, i. e. a laser is
split into two beams. One beam (object beam) is directed through a diffusor onto
the object, where it is scattered. A part of the reflected light falls onto a transparent
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photographic plate. The second beam (reference beam) illuminates the photographic
plate after having passed a path of identical length consisting of a series of mirrors
and a diffusor. Thus, the photographic plate is simultaneously exposed to the object
and the reference beam. The interferences between these beams appear as a diffraction pattern, which forms the hologram. Unlike an ordinary photo, a hologram does
not only store the intensity of the light, but it also records phase information. As a
result, the hologram allows to completely reconstruct the original image and to view
it in three dimensions. This is done by placing the hologram at its original position
and illuminating it using the reference beam only. By looking through the plate a
three-dimensional image of the object can be observed.
A method called double exposure can provide a detailed description of surface displacements of an implant or a bone. First, a hologram of the undeformed object is
recorded. By keeping the photographic plate at the same position, a second hologram is acquired after having put the object under load. The processed photographic
plate shows both images as well as their interference pattern (fringes). Areas, which
have undergone high strain values are represented by an increased fringe density.
The high sensitivity of the method limits it to measurements of only small deformations. Furthermore, it can solely be used in in-vitro applications [30].
1.3.5 Photoelastic Techniques (PT)

Photoelastic techniques deal with the observation of patterns of dark and bright lines
(fringes), which occur in thin layers of a birefringent (double refraction) material, e.
g. plastic, under load when plane polarized light passes through this material. The
first applications of this method were developed in the 1940s.
An instrument known as a polariscope is used to explore photoelastic effects. Its
main components are a monochromatic light source, a polarizer and an analyzer. The
polarizer and analyzer each transmit the light along a single axis only, resulting in
two polarization directions, which are perpendicular to each other. On its way from
the light source to the observer, the light passes through the polarizer, followed by
the plastic object and the analyzer.
When the object is deformed, the incident polarized light is transmitted along two
perpendicular axis, whose directions correspond to those of the principal stresses in
the object. If the polarization direction of the incident light coincides with the axis of
one of the principal stresses, the light transmitted through the object will be blocked
by the analyzer, because its polarization direction is rotated by 90◦ with respect to
the light that passes through the object. As a result, dark fringes, called isoclinics,
at the observer’s position will occur. Other areas of the plastic object appear bright.
Rotating the polarizer and analyzer while keeping their relative position to each other
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Figure 1.5: Setup for reflection-photoelasticity; the object under test is coated with a reflective and a photoelastic material. If the object is properly illuminated, the double refractive
behavior of the photoelastic material causes fringes, which are related to the stresses in the
object.

constant, allows the identification of all locations of principal stresses.
Since the velocity in the object depends on the polarization of the light, the two
light waves emerging from the object will encounter phase shifts, which lead to constructive or destructive interferences. The resulting interference patterns are called
isochromatics. Their separation from isoclinics can be achieved by introducing quarter wave plates in the light paths between the polarizer and the object as well as the
analyzer and the object [31].
The technique explained so far is called transmission-photoelasticity. It can be used
to investigate the behavior of plastic models of orthopedic implants or bones when
they are loaded. Obviously, the method only provides limited insight into the situation of the original object, since the latter has been replaced by a plastic replica. Moreover, the relatively complex inhomogeneous structure of e. g. a bone is substituted
by a homogeneous isotropic material in the model. This situation can be overcome
by a method called reflection-photoelasticity, which is very similar to transmissionphotoelasticity.
Using reflection-photoelasticity, the object under test is coated with a reflective material, which will subsequently be covered by a thin layer of a birefringent material.
With a reflection polariscope that consists of the same components as the polariscope
discussed above, isoclinics as well as isochromatics can be observed, if the object is
stressed (Figure 1.5).
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It is important to note that the isochromatic fringes represent the shear strain of
the object’s surface, that is, the difference between the principal direct strains. A
considerable disadvantage of reflection-photoelasticity arises from the fact that the
photoelastic coating provides a certain reinforcement to the the object. Moreover, the
technique is only suitable for in-vitro experiments [32].
1.3.6 Fiber Optical Bragg Grating (BG) Sensors

A novel approach to assess bone plate strain is based on fiber optical Bragg grating
sensors. They have a light guiding core of 4 − 6 µm and a cladding of 80 − 125 µm.
The BG in the core is a periodic refractive index variation along the fiber axis. If
broadband light is coupled into the fiber, light with a well defined wavelength is
reflected as a result of the periodic structure of the BG. As they alter the period in
response to a change of strain or temperature, Bragg gratings can be used as sensors
providing a large sensitivity and a high dynamic range [33]. Talaia et al. applied
such sensors on a bone plate, which was mounted on a fractured synthetic femur. In
in-vitro experiments they applied a load of 600 N on the femoral head and measured
the strains. They concluded that BG sensors are a good alternative to strain gauge
sensors, since they allow to measure surface strains on implants at locations, where
the use of conventional strain gauge sensors is technically not feasible.
1.3.7 Conclusions

In the previous chapters we have discussed several methods for strain measurement.
Each of the method has its own advantages and disadvantages. For in-vivo load
monitoring, sensors based on strain gauges with wireless signal transmission are
commonly used and accordingly a large amount of clinical data exist. Alternatively,
magnetostrictive sensors for strain measurements are proposed by several authors.
However, the lack of clinical data indicates that some problems are involved with this
technique. Purely in-vitro methods are represented by thermographic stress analysis,
holographic interferometry and (reflection-)photoelasticity. The advantage of these
methods is that they provide stress and strain information of the object’s entire surface under test. Table 1.1 summarizes important properties of the strain measurement
methods.
All methods discussed so far have in common that they need a special and relatively expensive equipment in order to accomplish strain measurements. Moreover,
they are not suitable for in-vivo measurements of deformations of biodegradable implants. These are the main reasons, which triggered the idea of developing a completely new load monitoring concept consisting of a wireless implantable passive strain
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Figure 1.6: Basic working principle of the WIPSS: A fluid flows into a micro channel attached to
a reservoir, which is subject to deformation as result of external forces. Ultrasound technology
is used to determine the fill level of the micro channel [35].

sensor (WIPSS) and its associated ultrasound based read-out unit [34]. More details
about the working principle and the sensor design follow in Chapter 1.4. Table 1.1,
however, already illustrates advantageous and disadvantageous properties of the
new sensor. Note that the WIPSS is the only sensor having the potential to be fabricated completely from biodegradable materials.

1.4 Novel Strain Measuring Concept
In this chapter the strain measuring concept is briefly explained. More details are
provided in Chapter 3.1 and Chapter 4. The primary components of the WIPSS are a
reservoir filled with an incompressible fluid and a micro channel, which is connected
to it. An external load applied to the reservoir results in a slight deformation, which
in turn forces the liquid to flow into the micro channel (Figure 1.6). Consequently, the
fill level F, defined as
Sf
(1.3)
F=
S0
increases, if stress is applied to the reservoir. In Eq. (1.3), S f denotes the area of the
filled part of the micro channel and S0 denotes its entire area. In this regard, the term
area is restricted to the part of the surface of the micro channel, which faces the front
plane of the WIPSS.
By pre-straining the reservoir, the zero point can be set to an arbitrary fill level,
which enables the measurement of compressive as well as tensile strains. It is envisioned to embed the WIPSS in a small cavity of a medical implant in order to measure
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Table 1.1: Overview of strain measuring methods.
method
SG

inviv.
∗

invit.
∗

MS

∗

∗

biodegr.

advantages

disadvantages

- accurate
- fast
- static and dynamic measurements possible
- large amount of clinical data
- high sensitivity
- very simple sensor
- static and dynamic measurements possible

- relatively expensive sensor
- special equipment is needed
for the read-out
- no full-field measurements
possible
- no clinical experiences so far
- special equipment is needed
for the read-out
- no full-field measurements
possible
- only dynamic measurements possible
- investigated object must be
properly cleaned
- only for in-vitro measurements
- only for in-vitro measurements
- only suitable for measuring
small deformations

TSA

∗

- full field measurements possible
- high lateral resolution

HI

∗

PT

∗

BG

∗

- full field measurements possible
- fast
- high lateral resolution
- static and dynamic measurements possible
- full field measurements possible
- fast
- high lateral resolution
- static and dynamic measurements possible
- fast
- high resolution
- static and dynamic measurements possible
- static and dynamic measurements possible
- sensor has the potential
to be fabricated from
biodegradable materials
- very cheap sensor
- no electronics inside the
sensor
- read-out can be performed
with a conventional medical
ultrasound device

WIPSS

∗

∗

∗

- only for in-vitro measurements
- photoelastic coating provides reinforcement of the
object under test
- only for in-vitro measurements
- only for small deformations
- no clinical experiences so far
- no full-field measurements
possible
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transducer with
coupling gel

bone fixation
plate

data processing

skin

fat

muscle

WIPSS
fractured bone

Figure 1.7: Strain measuring concept: The WIPSS is embedded in a medical implant and ultrasound technology will be used to perform the read-out [35].

its deformations under load.
Since the sensor is based on a completely passive measurement principle and does
not incorporate any electronic circuits, conventional read-out systems working with
electro-magnetic signal transmission (Chapter 1.3.1) cannot be used anymore. Instead, we propose an ultrasound based read-out method to determine the fill level of
the micro channel. Having measured the fill level and knowing the strain versus fill
level relation, which is specific to the sensor, the strain of the implant under investigation can be computed (Figure 1.7). As we will see in Chapter 2.3 it is not realistic
to utilize a straightforward read-out technique consisting of the acquisition of a high
resolution 3D ultrasound data set combined with simple image evaluation. Therefore a new read-out principle is required, which will be introduced, explained and
investigated in detail in Chapter 4 and Chapter 5.

1.5 Objectives of the Thesis
This work is a part of the project Load Sensing Surgical Instruments and Implants, which
is supported by the National Center of Competence in Research Co-Me (Computed
Aided and Image Guided Medical Interventions) of the Swiss National Science Foun-

14

1.5 Objectives of the Thesis
dation. The development of the new strain monitoring system is divided into two
sub-projects with the working titles WIPSS-polymer-ETHZ and WIPSS-polymer-EMPA.
Our partners at Professor Hierold’s Institute for Micro- and Nanosystems deal with the
first sub-project consisting of the development and characterization of the wireless
implantable passive strain sensor outlined in Chapter 1.4 and explained in more detail in Chapter 3.1. A part of their task also involves the fabrication of suitable test
structures used to study the ultrasound read-out method in in-vitro experiments,
which are carried out in the Laboratory for Electronics/Metrology/Reliability of Empa.
The development of the read-out method belongs to the second sub-project and it
involves the following tasks:
• Development of a novel ultrasound based measurement method, which enables
to determine the fill level of the micro channel with an accuracy equal or better
than 5 %.
• Derivation of a physical model, which allows to compute the relation between
the amount of fluid in the micro channel and its reflected echo signals. The
model should account for:
– attenuation of the ultrasound signals in the tissue and the material, which
the WIPSS is made of (currently PMMA)
– diffraction and refraction effects occurring in the WIPSS
– frequency dependent sound speed (dispersion)
– insonification angle
– transducer aperture
– distance between the transducer and the WIPSS
– electronic noise
• Performing numerical simulations with the above mentioned model and studying the influence of individual or combined input parameters in order to investigate the limits of the read-out method.
• Discussion of the simulation results followed by conclusions.
• Providing a detailed summary of the limitations of the model and the conditions under which the latter can be applied.
• Realization of in-vitro experiments in order to:
– validate the developed model,
– to show possible discrepancies between the model and the measurements,
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– to prove the suitability of the measurement method under various conditions and
– to show the limits of the read-out method.
The experiments include tests with so called tissue mimicking materials, which
simulate human tissue. These experiments shall be followed by in-vitro trials
with real animal tissue.
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2.1 Important Expressions
This chapter introduces important expressions, which are used throughout this work.
A-Scan: The so called amplitude mode or A-scan is the time domain signal picked
up by a transducer working in pulse echo mode or receive mode during through
transmission applications (Figure 2.1, top). Assuming a lossless medium in which
an ultrasound pulse is propagating, an unprocessed A-scan can be considered to be
an amplitude modulated signal, whose carrier frequency corresponds to the center
frequency of the emitted pulse. Such a signal is also called a radio frequency (RF)
signal. In some applications it is convenient not to work with the RF signal, but
with its envelope. However, the envelope of a RF signal can also be regarded as an
A-scan [36, 37].
B-Scan: A brightness mode or B-scan essentially is a two dimensional color-coded
representation of a set of A-scans typically acquired at equally spaced positions along
a linear scanning path (Figure 2.1, bottom left). One axis of the B-scan represents the
scanning position, the other one the time. Hence, at every scanning position, the amplitude values of the respective A-scan are first converted into color values, followed
by storing the latter at their corresponding temporal positions in the B-scan. Converting the amplitude values into color values can be done in an arbitrary manner. In
medical imaging B-scans are usually gray scale images generated by using a non-linear
amplitude to gray level conversion to ensure better visibility of weak echoes [36, 37].
C-Scan: An important way to extract information from three dimensional data sets in
non-destructive evaluation is based on the computation of C-scans. A C-scan is a two
dimensional color map showing at every scanning position the peak amplitude of the
rectified echo within a certain temporal window (gate) of the respective A-scan (Figure 2.1, bottom right). Therefore, the axes of the C-scan represent the two scanning
directions and each pixel in the C-scan corresponds to the coordinates at which an Ascan was recorded. Similar to a B-scan, the extracted echo amplitudes are converted
into color values, applying a predefined conversion or look-up table [36, 37].
At least two parameters are necessary in order to compute a C-scan: If triggering
occurs at the time when the transducer emits the pulse, main bang triggering, the parameter gate delay gd denotes the time between the beginning of the recorded A-scan
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amplitude

A-scan
E1

E2

E3
time

peak amplitude of E2

B-scan

time [s]

distance [m]

C-scan

E3

E2

E1
distance [m]

distance [m]

Figure 2.1: Top: A-scan containing the three echoes E1 , E2 and E3 . Bottom left: The image
resulting from the transformation of the amplitude values of an A-scan into gray levels is
called B-scan. Bottom right: Converting the peak amplitude value of a certain echo into a gray
level and storing the latter in a 2D map, results in a C-scan.

and the gate and the parameter gate width gw is the width of the gate in which the
peak echo amplitude needs to be extracted. In interface triggering mode the additional
parameter it defining an amplitude threshold is applied. gd is now the time difference
between the start of the gate and the time ti at which the so called interface echo
exceeds it . Interface triggering is particularly useful, if the considered echo has a
constant delay with regard to the interface echo and if the arrival time of the latter
varies with respect to the scanning position. Figure 2.2 shows an A-scan with gd and
gw (top) and an A-scan with it , gd and gw (bottom) in association with main bang
triggering and interface triggering, respectively.
F-number: In case of a circular aperture, the F-number Ft of a focused transducer is
defined to be the ratio of the focal distance f t and the diameter Dt of the aperture [38]:
Ft =

ft
Dt

(2.1)

The higher the F-number is, the weaker the focusing is and the wider the focal spot
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main bang triggering

gate

peak echo

t

gd

gw

interface triggering

gate

peak echo

interface echo

it

t

ti
gd

gw

Figure 2.2: Parameters used to compute C-scans. Top: main bang triggering, bottom: interface
triggering

becomes. In contrast, low F-numbers result in strong focusing and therefore in a
relatively small focal spot. If the radius of the focal spot is defined to be the distance
between the central axis of the sound beam and the point where the pressure is 6 dB
below its maximum value (in the focal plane), the diameter d f of the focal spot is
approximately given by [39]:
d f = 1.41λFt ,
(2.2)
where λ denotes the wavelength.
Insonification angle: The insonification angle is an expression used, when an ultrasound wave strikes the interface between two media. It denotes the angle between
the propagation direction of the wave and the normal of the interface.
Near and far field of a transducer: The near field is the region in close proximity to
the front face of a transducer. When the transducer is excited, the near field is characterized by rapidly oscillating pressure amplitudes along all propagation directions.
At a certain distance from the transducer, the near field gradually turns into the far
field, in which the pressure amplitudes vary smoothly. For a circularly shaped flat
transducer having a diameter Dt , one can define the so called near field length N that
indicates the transition zone between the near and the far field. N is given by [40]:
N=

Dt2
4λ

(2.3)
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Figure 2.3: Electronic focusing with a phased array transducer

Phased array technology: The major disadvantage of single element transducers is that it is not feasible to electronically adjust their focal distance. However,
with the application of a phased array transducer and the associated multi channel pulser/receiver equipment it becomes possible to overcome this shortcoming.
A phased array transducer typically consist of several dozens or even hundreds of
small transducer elements mounted on the front side of the transducer to form either a one (1D) or a two (2D) dimensional array. If the individual elements of the
array are excited with the proper time delays, focusing at a predefined arbitrary location within certain limits in the medium in front of the transducer can be achieved
during transmit mode. On the other hand, while the transducer is working in receive
mode, focusing is performed by time shifting the signals picked up by the transducer
elements according to the focusing law defined for the receive mode, before the signals are summed up. Consequently, this technique allows to dynamically adjust the
transmit and receive focus of a phased array transducer.
Only a small subset (subaperture) of all the transducer elements of the array is usually active at a specific point in time in order to generate a focused beam, whose lateral position in turn can be controlled by selecting the appropriate subset (Figure 2.3).
Since focusing as well as deflection of the sound beam is performed electronically,
phased array systems provide fast A-scan and B-scan acquisition, which is an impor-
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tant property in medical ultrasound imaging, where high frame rates are preferred.
1D phased array transducers are only able to electronically focus along a single
direction, also called the azimuth direction. As a result, they provide a fixed mechanical
focus along the so called elevation direction, which is perpendicular to the azimuth
direction [39].
We will now give the delay laws for a 1D phased array transducer having N elements separated by a distance d from each other. The subaperture starting at element
En and consisting of K elements shall be used to focus on the point Y = (y1 , 0, y3 ),
which lies in the xz-plane and which is surrounded by a medium having a speed of
sound c f . The origin of the coordinate system is at the center of the transducer array
(Figure 2.3). Assuming such a situation, the time delays ∆tn+k for elements En+k are
given by:
∆tn+k =

Rn+k − Rn
+ t0 ,
cf

k = 0 . . . K − 1,

n = 0 . . . N − K,

(2.4)

where t0 is a constant delay added to avoid negative (physically not realizable) delays. Rn+k are the distances from elements En+k to Y computed as:

Rn+k =

N−1
d + ( n + k ) d − y1
−
2

2

!1
2

+ y23

.

(2.5)

∆tn+k is valid for transmit as well as receive focusing [39].
In ultrasound medical imaging 1D phased array systems are predominantly used.
However, recent advances with regard to transducer fabrication and data processing
capabilities, led to a larger distribution of 2D phased array systems.

21

2 Ultrasound Fundamentals
fluid

θf
L

fluid

θf

fluid

θf
L

θf
L

θsT

θsT

θsL

θsT
θsL

θsL
T

L

L

solid

T

T
solid

L

L

θsL
θsT

T

L

solid

Figure 2.4: reflection and transmission scenarios at the interface between a fluid and a solid;
left: the incident wave is in the fluid, center: transversal incident wave in the solid, right:
longitudinal incident wave in the solid.

2.2 Important Equations
In this chapter we will introduce and explain equations, which are predominantly
used in Chapter 4, where the read-out method is derived.
Reflection and transmission coefficients: A problem, which most of the standard
text books about ultrasonics deal with, is the reflection and transmission of a plane
wave at an infinite plane interface between two media.
With regard to the read-out of the WIPSS, we deal with reflections and transmissions at solid-fluid and fluid-solid interfaces and therefore mode conversions are encountered, if the insonification angle is not equal to 0◦ . That is, longitudinal waves
cause the generation of transversal waves, and vice versa, after interaction with one
of the interfaces. As a result there exist 9 possible reflection and transmission scenarios at a fluid-solid interface. They are summarized in Table 2.1 and Figure 2.4.
Accordingly, the amplitudes of the reflected and transmitted waves are given by
multiplying the amplitude of the incident wave with the appropriate reflection or
transmission coefficient listed in Table 2.1. Using the following notation, c f : velocity
in the fluid, csL : longitudinal velocity in the solid, csT : transversal velocity in the solid,
ρ f : density of the fluid, ρs : density of the solid, θ f : insonification or transmission
angle of a wave in the fluid, θsL : insonification or transmission angle of a longitudinal
wave in the solid and θsT : insonification or transmission angle of a transversal wave in
the solid, the reflection and transmission coefficients from Table 2.1 are given by [40]:
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Table 2.1: At a fluid-solid interface there exist 9 different reflection and transmission scenarios.
L and T are the abbreviations for longitudinal and transversal, respectively.
Figure 2.4

inc. wave

ref. wave

left

L

L

left

L

transm. wave

ref. coeff.

transm. coeff.

equation

R LL
fs

Eq. (2.6a)

L

T fLL
s

T

T fLT
s

Eq. (2.6b)

left

L

right

L

L

RsLLf

Eq. (2.6d)

right

L

T

RsLTf

Eq. (2.6e)

center

T

L

RsTL
f

Eq. (2.6f)

center

T

T

RsTT
f

Eq. (2.6g)

right

L

L

TsLL
f

Eq. (2.6h)

center

T

L

TsTL
f

Eq. (2.6i)

R LL
fs

1
=
N

T fLL
s =
T fLT
s =
RsLLf

=

RsLTf =
RsTL
f =
RsTT
f =



csT
csL

2

ρ f c f cos θsL
sin 2θsL sin 2θsT + cos2 2θsT −
ρs csL cos θ f

2
cos 2θsT
N
 2
2 csT
sin 2θsL
−
N csL
 T 2
1
cs
sin 2θsL sin 2θsT − cos2 2θsT +
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TsTL
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2 ρ f c f cos θsL sin 2θsT
,
N ρs csL
cos θ f

(2.6i)

where N is defined as:
 T 2
ρ f c f cos θsL
cs
N=
sin 2θsL sin 2θsT + cos2 2θsT +
.
L
cs
ρs csL cos θ f

(2.7)

Snell’s Law: Two media separated by a plane interface are assumed. An incident
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plane wave in medium 1 strikes the interface and is transmitted into medium 2. According to Snell’s Law, the insonification angle θ1 , the transmission angle θ2 and the
sound velocities c1 and c2 in medium 1 and 2, respectively, are related as follows [38]:
sin θ2
sin θ1
=
.
c1
c2

(2.8)

This relation is needed when Eqs. 2.6a to 2.6i are evaluated.
Rayleigh-Sommerfeld Integral: A flat or slightly curved surface St embedded in
an infinite rigid plane is considered. This surface is vibrating with an uniformly distributed normal particle velocity of amplitude vtr . The medium in front of the surface
is a fluid having a density ρ f and its speed of sound is c f . The pressure p(ω, X) at
an arbitrary location X in the fluid can then be computed by means of the RayleighSommerfeld Integral [39, 41]:
i |X−Y|
iωρ f vtr x e c f
dSt (Y),
p(ω, X) = −
2π
|X − Y|
ω

(2.9)

St

where Y is a point on St . Eq. (2.9) implies that the sound field at X is the superposition
of spherical waves originating from points on St . If the vertical particle velocity on St
is assumed to be vtr cos(ωt), then the pressure in the time domain follows to:
n
o
p(t, X) = < e−iωt p(ω, X) ,
(2.10)
where < symbolizes the real part operator [42]. Eq. (2.9) is often used, when sound
fields of focused or unfocused single element transducers or phased array transducers need to be computed.

2.3 Resolution Enhancement Techniques
The following chapters summarize common techniques used to enhance the resolution of ultrasound images. In fact, first considerations led to the intention to base the
read-out of the WIPSS on the acquisition of a high resolution ultrasound data set of
the micro channel. In this case, the data set would have a resolution comparable to
the width of the micro channel. Given such a data set, it would be relatively simple to
determine the fill level of the micro channel, since its filled and empty part reflect different amounts of sonic energy, which manifests itself in different colors in a C-scan
of the micro channel.
Keeping in mind that the WIPSS will be covered by attenuating and scattering human tissue, the subsequent information should help to understand, why a lateral resolution of approximately 0.1 mm, which would be required for the above mentioned
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direct read-out method, is not realistic to be achieved. However, certain methods
might still be used when the acquired data is passing the preprocessing pipeline before the actual read-out described in Chapter 4.3 is performed.

2.3.1 Synthetic Aperture Focusing Technique (SAFT)

Synthetic aperture focusing is a technique known from radar applications, where it
was used to increase the lateral resolution of airborne radar mapping systems. Only
slight adaption of the initial synthetic aperture focusing approach led to the first applications of this technique in the field of ultrasonics [43]. In this regard, SAFT is
commonly used to improve the lateral resolution of ultrasound pulse-echo imaging
systems, which entirely or partially lack the ability of dynamic focusing. This includes single crystal transducers and since electronic focusing of 1D phased array
transducers is restricted to the azimuth direction (Chapter 2.1), SAFT can as well improve the resolution along the elevation direction of a 1D phased array transducer.
SAFT is generally used in high frequency ultrasound applications above approximately 15 MHz, since phased array systems are barely available for this frequency
range. Consequently, fixed-focus transducers associated with the according drawbacks are used in this case. Unless a weakly focused transducer is applied, the axial
extent of the focal zone is very short. As a result, B-scan images acquired with a
strongly focused transducer exhibit relatively poor resolution outside the thin band
around the focal zone. However, Passmann et al. [44] proposed to use SAFT and the
concept of the virtual source element to improve the resolution in this region and to
increase the axial range of the image. For convenience we restrict the following explanations to a two dimensional setup. However, the extension to three dimensions
is straightforward.
The virtual source located at the focal spot of the transducer is assumed to produce
a bounded spherical wave, which propagates in positive and negative z-direction
(Figure 2.5). If a linear scan is performed, the sound field of the virtual source corresponding to the current scan line overlaps with sound fields of neighboring scan
lines. Consequently, the region outside the focal zone is insonified by sound fields belonging to several scan lines or virtual sources, respectively. As a result, the echo from
a reflector located in this region appears in multiple A-scans. By applying proper
time delays, these A-scans can be added constructively yielding a new synthesized
A-scan containing a stronger echo from the reflector and a reduced noise level.
The concept of synthesizing an individual A-scan is further illustrated in Figure 2.5.
A reflector P is located outside the focal zone of a focused transducer and the beam
at scan line k shall be synthesized. With tk and tk+i being the respective arrival times
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Figure 2.5: Synthetic aperture focusing using the concept of the virtual source element located
at the focal spot of a strongly focused single element transducer. The virtual source element
is assumed to produce a bounded spherical wave, which propagates in positive and negative
z-direction [45].

of the echo of P at scan lines k and k + i, ∆tk+i = tk+i − tk is given by
∆tk+i = 2 · sign(z p − f t ) ·

r0 − r
cf

(2.11)

where c f is the speed of sound, z p is the distance from the transducer to the reflector,
f t is the focal distance and r = |z p − f t | is the distance between the focal plane and
1

the reflector. In addition, r 0 = (r2 + xi2 ) 2 represents the distance between the virtual
source and the reflector and xi is the horizontal displacement of scan line k + i with
respect to scan line k. Using the time delays given by Eq. (2.11) the beam at scan line
k can be synthesized with the following sum [45]:
SkSAFT (t)

i = N2−1

=

∑

ωk+i Sk+i (t + ∆tk+i )

(2.12)

i =− N2−1

where Sk+i (t) denotes the A-scan at scan line k + i, N is the total number of scan lines
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contributing to the sum and ωk+i is an optional weight used to perform apodization,
which causes the reduction of side lobes [46]. Note that N is an odd number given
by the width of the sound field at the position of the reflector. Therefore, the closer to
the virtual source the reflector is, the smaller N needs to be. There are several studies
about the effect of apodization (also called windowing) on the quality of SAFT processed images. Frazier [46] tested boxcar, cosinc, triangle and Hamming windows on
real ultrasound data and concluded that SAFT processed images exhibit a depth independent resolution, which is comparable to the resolution of an unprocessed image at the focus of
the transducer. Li [45] computed the weights ωk+i according to an adaptive technique
based on the energy evaluation of delayed baseband scan line data. The resulting
SAFT processed B-scan images showed effectively suppressed side lobe levels, an
improved contrast resolution and a reduced background noise level.
2.3.2 Time Reversal Mirror (TRM)

In this chapter the principle of time reversal acoustics is explained and it is further
shown that applying time reversal techniques is actually only suitable for focusing
on a point target but it is not appropriate for general imaging applications.
Focusing an ultrasound wave on a target surrounded by inhomogeneous media is a
very important problem to solve in acoustics. In this regard, the use of a time reversal
mirror (TRM) represents a solution to this problem. We consider a wave propagating
in a inhomogeneous, lossless fluid having a density ρ f (r) and a local sound velocity
c f (r). The propagation equation of an acoustic pressure field p(r, t) is then given
by [47]:
!
1 ∂2 p
∇p
−
=0
(2.13)
∇·
ρf
ρ f c2f ∂t2
Since this equation contains only a second order time derivative operator, it follows
that if p(r, t) is a solution of Eq. (2.13), p(r, −t) is another solution of this equation.
This property is the starting point of the time reversal principle, which is valid for
lossless media. If the propagation medium exhibits a frequency-dependent attenuation behavior, the propagation equation may contain an odd order time derivative
operator and therefore p(r, −t) would not be a solution of the respective differential
equation anymore. Biological media like fat or muscle tissue have typical attenuation coefficients of ≈ 0.6 dB cm−1 MHz−1 and ≈ 1.5 − 2.5 dB cm−1 MHz−1 , respectively [48]. Therefore the application of the time reversal principle in such media is
not suitable for typical imaging frequencies ranging from 1 MHz for harmonic imaging to 15 MHz for high resolution imaging of superficial structures [39].
The principle of focusing through inhomogeneous media is explained with the concept of a time reversal cavity shown in Figure 2.6. A point-like acoustic source creating
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Figure 2.6: Concept of a time reversal cavity [47]: signals emitted by a point source propagate
through an inhomogeneous medium and are recorded by a transducer array (left). The signals are time reversed, re-emitted and finally focus on the position of the point source (right)

a spherical wave is surrounded by an inhomogeneous medium. This configuration
is enclosed by an array of small transducers. In a first step, each transducer measures
a part of the arriving pressure signal, which is subsequently digitized and stored
(Figure 2.6, left). In a second step, the recorded A-scans are time reversed and reemitted by the transducers. The spherical waves produced by the transducers are
back propagating in the inhomogeneous medium, which again leads to distortions of
the signals. This time, however, the interactions with the inhomogeneities result in
the time reversed pressure field that focuses on the initial source position (Figure 2.6,
right).
The time reversal cavity is obviously an ideal concept and therefore difficult to realize, because entirely enclosing the focal region with hundreds or even thousands of
transducers remains a challenging task or is not even possible. In medical applications and nondestructive testing usually 1D or 2D phased array transducers working
in pulse-echo mode are used. They are typically placed on one side of the region of
interest, thus occupying only a fraction of the area of a time reversal cavity. If these
transducers are used in a time reversal experiment, one typically refers to the former
as a time reversal mirror (TRM). In Figure 2.6 the concept of the time reversal cavity
to focus on a point, which initially emitted a spherical wave, is explained. A more
realistic scenario consists of one or more passive reflectors inside an inhomogeneous
material and a TRM applied to focus on a selected reflector. The associated procedure
consisting of three steps is very similar to the one explained before [49]:
1. The first step aims at the insonification of the region of interest. Since the position of a possible reflector is not known, an unfocused beam is generated by
one transducer element belonging to the TRM (Figure 2.7, top left).
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2. Echoes coming from the insonified region are recorded and stored. If a reflector
is present in the insonified region, it will act as a secundary acoustic source and
therefore reflects a small amount of sonic energy introduced in the previous
step (Figure 2.7, top right).
3. A region of interest is identified and the corresponding windows within the
recorded A-scans are extracted, time reversed and re-transmitted (Figure 2.7,
bottom left). If the selected time reversed windows contain echoes from a reflector, the re-transmitted waves will positively interfere at the position of the
latter. This in turn gives rise to stronger echo signals from the reflector, which
again are recorded by going back to step 2 (Figure 2.7, bottom right).
The procedure of recording, time reversing and re-emitting the signals may be iterated several times until the signal to noise ratio has reached a certain threshold. If r0
is the location of the reflector and ri are the positions of the individual transducers,
the total acoustic pressure field p(r0 , t) at r0 is given by:
N

p ( r0 , t ) =

∑ h r i ( r 0 , t ) ∗ x t i ( t ) ∗ h r0 ( r i , T − t ) ∗ x r i ( T − t )

(2.14)

i =1

where xti and xri denote the electro-acoustical an acousto-electrical transfer functions
of transducer Ei , respectively, hri (r0 , t) is the diffraction impulse response measured
at point r0 from a source located at ri , hr0 (ri , T − t) is the delayed and time reversed
diffraction impulse response at ri from a source at r0 , N is the number of transducers
constituting the TRM and ∗ denotes the convolution operator. The delay T is necessary in order to ensure causality [50]. Note that Eq. (2.14) represents a complete time
reversal experiment, i. e. steps two and three explained above. It has been shown
that the larger the inhomogeneities in the propagation medium are, the smaller the
focal spot becomes after time reversal [51].
At first glance the concept of time reversal focusing seems to be an interesting and
powerful tool to overcome the limitations of competing focusing techniques. However, a closer look reveals that several constraints are associated with it:
• In order to perform well, a point-like scatterer needs to be at the location, which
it is intended to focus on.
• According to Eq. (2.13) time reversal focusing only works, if the waves are propagating in a lossless medium or if the attenuation coefficient of the medium is
weak enough in the frequency range of the applied excitation signals [47].
• Performing time reversal experiments requires pulsers capable of generating
high voltage arbitrary signals. The realization of one of those pulsers is costly,
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Figure 2.7: Application of a time reversal mirror [49].

since it consists of a digital to analog converter, which converts the time reversed signals stored in memory into a low voltage signal. The transducer corresponding to the respective channel is finally powered by a high voltage amplifier, which amplifies the arbitrary signal. In contrast, a simple spike pulser
is clearly easier to realize, considering that its main components are a cyclically loaded/unloaded capacitor in conjunction with a resistor and electronic
switches [41]. Moreover, a TRM typically consists of several dozens of transducers, each driven by its own arbitrary pulser device. Consequently, a TRM
system is relatively expensive compared to a conventional phased array system.
So far we have discussed the time reversal concept for the transmit mode only. Therefore the question whether the technique can also be applied to the receive mode immediately arises.
Dorme and Fink [50] describe the solution of this problem as follows. It is assumed
that a selected target at position r0 has been insonified by using the time reversal
technique. If the target behaves like an ideal scatterer, it generates a spherical wave,
which propagates back to the transducer array. A single element Ei of the array receives the signal p(ri , t) given by
p ( r i , t ) = x r i ( t ) ∗ h r0 ( r i , t )
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where hr0 (ri , t) describes all the propagation effects of the medium surrounding the
scatterer. Optimal focusing in the receive mode therefore requires the compensation
of these effects before the individual signals are summed up. This is achieved by
realizing a matched filter similar to the one used in transmit focusing. Consequently,
the optimal signal necessary to perform the convolution with the input signal p(ri , t)
is:
p ( r i , T − t ) = x r i ( T − t ) ∗ h r0 ( r i , T − t )

(2.16)

With Eq. (2.16) the signal at the output of the TRM working in receive mode finally
becomes:
N

et =

∑ p ( ri , t ) ∗ p ( ri , T − t )

i =1
N

=

(2.17)

∑ x r i ( t ) ∗ x r i ( T − t ) ∗ h r0 ( r i , t ) ∗ h r0 ( r i , T − t )

i =1

The limitations of using the time reversal technique in the receive mode are equivalent to those arising in transmit mode. Additionally, Dorme and Fink report a degradation of the axial resolution as a result of the multiple convolution operations of the
acousto-electrical impulse responses of the transducer elements.
In a recent study breast imaging using time reversed ultrasound is reported [52].
The presented method works with a 2D sound speed model of the breast previously
acquired with ultrasound tomography. At each sampling point of this 2D map a virtual source is placed, whose signal is recorded by receivers located along the boundary of the map. These signals are time reversed and re-emitted and they interfere
constructively at the point of the virtual source. A resolution in the range of 1 mm
was achieved. In the study it is not mentioned, whether the resolution of the processed images is better in comparison with the 2D sound speed map.
Another study describes an imaging method of small well separated scatterers in random media [53]. All the results shown are based on simulated data and it is doubtful, whether the method would work with medical ultrasound data and in particular
with non point-like reflectors (micro channel of the WIPSS).
Robert and Fink [54] show B-scan images of a medical ultrasound phantom, whose
resolution could be improved by applying the so called FDORT method (French
acronym for decomposition of the time reversal operator using focused beams). According to the B-scan images, the resolution is restricted to approximately 1 mm, even
though a pulse frequency of 7.3 MHz was used for the study. The comparison between processed and unprocessed images showed a clear resolution improvement if
FDORT is applied.
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2.3.3 Ultrasound Tomography

The earliest and nowadays most widely used method to obtain clinical images by
means of ultrasound technology is the pulse-echo or back scatter mode. The resulting so called B-mode images (Chapter 2.1) represent the distribution of the reflectivity
within the tissue under investigation. The comparatively moderate computational effort needed to process B-mode images led this imaging technology to the forefront of
clinical diagnostic instrumentation and there are no doubts about the usefulness and
capabilities of this technology. However, quantitative information about, for instance,
the speed of sound or the attenuation of the tissue are not provided by B-mode images.
With the development of transmissive ultrasonic computed tomography (TUCT) in the
early seventies of the last century it became possible to overcome these limitations.
By introducing a set of rather restrictive assumptions, TUCT enables the reconstruction of a quantitative image, so that each pixel of the resulting image represents a
basic physical property of the tissue like the density, speed of sound or attenuation
coefficient. Figure 2.8 shows the basic setup required in order to perform transmission ultrasound tomography. A transmitting and a receiving transducer separated by
a fixed distance D are mounted on a scanning device, which allows the transducers to
be moved along two parallel paths. At several predefined positions, the transmitter
emits a short, weakly diverging pulse, which propagates along a straight line through
the region of interest located between the transducers. After a certain amount of time
given by the acoustic properties of the insonified material, the pulse arrives at the
receiver, whose signal is stored for further processing. This procedure is repeated for
a plurality of insonification directions in order to acquire the necessary amount of
independent data needed for proper image reconstruction. Obviously this basic data
acquisition approach can be accelerated by introducing a line source and an array of
individual receivers. The data evaluation, however, remains the same. We divide
the region of interest into N 2 finite elements or pixels, respectively, assuming that the
local acoustic parameter Fi we are seeking is uniform and isotropic within element i.
Lij denotes the length of ray j as it traverses element i. If we further assume that the
cumulative effect of the interaction of acoustic energy with the material along a ray
j can be described by a sum having the value Gj , the following relation between Gj
and Fi results [55]:
N2

Gj =

∑ Lij Fi ,

(2.18)

i =1

for each ray j = 1, 2, ..., M. With a sufficient number M of independent measurements, the set of simultaneous equations described by Eq. (2.18) can be solved for
the values of Fi , since the Lij can be determined by geometric considerations and Gj

32

2.3 Resolution Enhancement Techniques

object grid
V1 V2 V3

VN

transmitter

ray j

Lij
VN2

θ

D
receiver

Figure 2.8: Principle of transmissive ultrasonic computed tomography. By measuring for example the time of flight of a signal propagating from the transmitter to the receiver at several
scanning positions and a plurality of insonification angles θ, the velocity distribution within
the object grid can be reconstructed [55].

result from the M measurements. It is important to mention that Eq. (2.18) is only applicable if the density variations of the material and the perturbations of the speed of
sound with respect to a reference value such as the speed of sound in water, are small.
These conditions led to the assumptions made in Eq. (2.18) that the refraction can be
neglected and the acoustic energy propagates on a straight line from the transmitter
to the receiver.
Using the general model for transmission tomography, Greenleaf and Bahn [56]
derive a relationship between the tissue refractive index ni and the time Tj a pulse
needs to travel along ray j from the transmitter to the receiver:
N2

Tj =

n

∑ Lij c0i ,

(2.19)

i =1

where c0 is a reference speed of sound, such as the one of water and ni is defined
as ni = c0 /ci with ci being the unknown local speed of sound. A similar expression
relates the ratio of the signal amplitudes of the pulse near the transmitter and the
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signal at the receiver to the local attenuation coefficient αi :
log

A Rj
A Tj

!

N2

= − ∑ Lij αi

(2.20)

i =1

A Tj and A Rj denote the signal amplitudes close to the transmitter and at the receiver,
respectively. In real biological tissue, the assumptions required for the proper reconstruction of the distribution of the velocity of sound and the attenuation coefficient
may be violated to some degree. This results in blurring and distortions in the reconstructed images. Moreover, the finite width of the sound beam prevents the detection
of small inhomogeneities having a low speed of sound. Besides these limitations,
TUCT is not applicable if the object contains areas, which cannot be penetrated by
the ultrasonic sound waves. Consequently, limbs are usually not suitable for this
imaging technique, since the high attenuation coefficient of human bones causes an
almost total loss of signal energy, given that the pulse frequency is in the same range
as for B-mode imaging. A similar situation arises, if a part of the object is filled with
gas. A possible application for TUCT is to detect and diagnose cancer in the breast.
The adverse properties of TUCT led to the development of reflective ultrasonic computed tomography (RUCT) [57]. The main differences of RUCT with respect to TUCT
are that the transducers work in pulse echo mode and that the reflectivity is imaged,
instead of the velocity of sound or the attenuation coefficient. The working principle
of RUCT is depicted in Figure 2.9. A transducer acting as a transmitter and receiver
is located outside the object to be imaged. The transducer is built in such a way that
if it is excited by a short electronic pulse, it emits an acoustic wave having the shape
of a fan. For a wide bandwidth transducer, the acoustic energy is basically centered
around an arc at any point in time. Assuming that the velocity of sound in the object
is c f , the echo signal from an arc at distance r returns to the transducer after a time
t = 2r/c f . The returning echoes will be integrated by the transducer, resulting in an
output signal bθ (t), which contains the reflectivity f ( x, y) of the object along the arc
at distance r:
Z
bθ ( t ) = p ( t ) ∗
aθ ( x, y) f ( x, y)dc
(2.21)
Cθ (r )

In Eq. (2.21) aθ ( x, y) takes account of the amplitude pattern of the ultrasound wave
and p(t) represents the impulse response of a linear system consisting of the transducer and the receiver electronics. Cθ (r ) is the arc-shaped integration path at a distance r from the transducer and dc is the incremental arc length. aθ ( x, y) can be
computed theoretically or determined by measuring the echo from a point reflector located at various positions within the imaging plane. From Eq. (2.21) it is seen
that the acquisition of the backscattered signal at a specific angle θ is essentially the
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Figure 2.9: Principle of reflective ultrasonic computed tomography. Echo signals received by
a fan beam transducer are recorded for a finite number of angles θ. The echoes are used to
solve a set of linear equations containing the reflectivity function f ( x, y) [57].

measurement of reflectivity values integrated along an infinite number of concentric
arcs. Dines and Goss [57] call such a measurement backscatter projection. By recording a set of backscatter projections, each at a different angle θ, one obtains a set of
linear equations, which contain the unknown reflectivity function f ( x, y). If the geometric situation allows the scanner to work in the range from θ = 0◦ to θ = 360◦ ,
it is possible to compute a unique and meaningful solution of the linear system of
equations. However, if the following assumptions about the backscatter process are
violated, Eq. (2.21) does not hold anymore and proper reconstruction of f ( x, y) will
not be possible:
• The variations of the velocity of sound must be small in order to minimize the
error of the round-trip time delay.
• The attenuation of the object is either known, so that it can be accounted for
when deriving aθ ( x, y), or it is negligible.
• No second order scattering exists (Born approximation).
• The scattering process is supposed to be isotropic. That is, the reflected signal
from a scatterer is independent of the insonification angle. As a consequence,
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the scattering can be modeled by the scalar function f ( x, y).
In a recent study, Stotzka et al. [58] published in-vitro results from experiments using
RUCT. They used a phantom containing several nylon threads of 0.1 mm diameter
separated by 0.5 mm. The resonance frequency of the transducers was 3 MHz. In order to enhance the lateral resolution the echo signals were low-pass filtered followed
by temporal deconvolution before the reconstruction process was initiated. Although
the wavelength was ≈ 0.5 mm, the nylon threads could be clearly separated in the reconstructed image. With this experiment it was shown that it is possible to resolve
scatterers having the size of one fifth of the wavelength. The experiment, however,
does not answer the question, whether a similar resolution could be achieved in an
in-vivo experiment with real tissue.
2.3.4 Deconvolution

The ultrasound image formation process is generally modeled as a linear time invariant (LTI) system [41]. The LTI system consists of a pulser having the transfer function
P(ω ). It is driven by a short electrical pulse Vi (ω ), which is converted into a high
voltage signal in order to excite the transducer. Subsequently the transducer transforms the electrical signal into a mechanical motion on its surface. This electro-acoustic
transformation is denoted Xt (ω ). By propagating into the medium in front of the
transducer, the pulse will change its temporal and spatial shape as a result of diffraction phenomena B1 (ω ). Assuming the scattering process to be isotropic (see chapter
2.3.3), the reflectivity can be modeled as a simple filter F (ω ). After being scattered,
the back propagating wave front will again encounter diffraction, which is modeled
by introducing a second diffraction term B2 (ω ). Arriving at the surface of the receiving transducer, the pressure is averaged and converted into an electrical signal
by the respective acousto-electric transfer function Xr (ω ). Possible signal distortions
introduced by the receiver are finally modeled by its transfer function R(ω ). In order
to account for the time the pulse needs for the round-trip path, the phase term T (ω )
is introduced and amplitude reduction of the signal, due to the attenuation property
of the medium, is modeled with D (ω ).
The combined effect of the individual components making up the LTI system is
obtained by multiplying the respective transfer functions in order to get the output
signal Vo (ω ) at the receiver [41, 59]:
Vo (ω ) = S(ω ) F (ω ),

(2.22)

S(ω ) = Vi (ω ) P(ω ) Xt (ω ) B1 (ω ) B2 (ω ) Xr (ω ) R(ω ) T (ω ) D (ω )

(2.23)

where
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is the so called spread function. One of the most important and challenging tasks a
medical ultrasound imaging system needs to fulfill, is to visualize the spatial tissue
response or reflectivity function F (ω ), respectively, as accurately as possible. If all
the components of the LTI system can be modeled as Dirac functions, that is, their
transfer function in the frequency domain is one, then Vo (ω ) = F (ω ). In this rather
unrealistic case, no additional signal processing operations are necessary to enhance
the image or signal quality. However, realistic components of the LTI system typically
exhibit a low pass behavior resulting in a distortion of the signals. Therefore, the
image generated by the LTI system is only a blurred representation of F (ω ). This
process is intended to be reversed by applying deconvolution algorithms to Vo (ω ).
Deconvolution of ultrasound images is studied by many authors, who present a
wide variety of possible approaches to solve the very difficult task. Some authors
propose the deconvolution of only the individual A-scans, neglecting the fact that
the sound beam has a finite lateral extent [60, 61]. This simple approach is improved
by other authors, who applied spatio-temporal deconvolution [59, 62, 63].
The simplest and most intuitive deconvolution method is based on a linear combination of the input quantities to compute the output element (tissue response
F (ω )) [64]. Prominent linear deconvolution techniques are matrix inversion or inverse filtering using, for instance, a Wiener filter. All linear methods have in common
that they exhibit relatively poor performance if the original function F (ω ) is band
limited by the spread function S(ω ), since lost frequency components can never be
restored by linear deconvolution methods. Sometimes they would even produce results, which are not physically possible. However, satisfying performance is to be
expected, if they work with computer generated data, which do not contain noise.
Moreover, if fast computation is required, linear deconvolution methods are superior
to nonlinear methods.
The expression nonlinear deconvolution implies that the estimate F̂ (ω ) of F (ω ) cannot be expressed by a linear function of Vo (ω ) [65]. As already mentioned, the band
limiting property of S(ω ) cuts off a certain range of the entire frequency domain resulting in a loss of information for |ω | larger than the cut-off frequency Ω. It is the
purpose of nonlinear deconvolution methods to recover the apparently lost frequencies of F̂ (ω ). The task of retrieving lost information seems to be impossible. However, let us assume having determined an estimate F̂ (ω ) of the correct function F (ω ).
By computing the Taylor series of F̂ (ω ), it is actually possible to extrapolate F̂ (ω ) for
values of |ω | not much larger then Ω. Having done that successfully, F̂ (ω ) is transformed into the spatio-temporal domain by means of inverse Fourier transformation,
where the restored tissue function contains more detailed information. The outcome
of the implementation of this technique is often disappointing, since the extrapolation
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based on uncertain data is accompanied with the respective difficulties.
Similar to the linear methods, a wide variety of nonlinear deconvolution methods,
like those developed by Gold (1964), Schell (1965) or Richardson and Lucy, have been
proposed and studied [65].
Up to now we have always implied that the spread function S(ω ) is known. Hence,
we neglected the fact that it is, to a large extent, determined by the tissue function
F (ω ) [59]. The process described in Eq. (2.22) is therefore not stationary anymore,
since the shape of S(ω ) depends on the current position of the ultrasound pulse in
the tissue [61]. Essentially, it is the attenuating behavior of the tissue, which causes
the most severe distortions of S(ω ). As a result, S(ω ) must be estimated using the
measured data Vo (ω ). The process involved, the so called blind deconvolution, is a
widely used method for medical ultrasound image deconvolution [60–62, 66].
Blind deconvolution is often based on a homomorphic analysis of ultrasound signals. It takes advantage of the fact, that the logarithm of |Vo (ω )| is the sum of logarithms of | F (ω )| and |S(ω )|:
log{|Vo (ω )|} = log{|S(ω )|} + log{| F (ω )|}.

(2.24)

log{|S(ω )|} is generally a smooth and regular function. On the other hand, it has
been shown that log{| F (ω )|} is jagged and irregular. These distinctive properties of
the logarithmic spectra enable to separate log{|S(ω )|} from the measured logarithmic spectrum log{|Vo (ω )|} and to compute the estimate Ŝ(ω ) of the spread function.
The reported results are less convincing in terms of achieving resolutions in the
sub-wavelength range. The main reasons for that are the relatively poor signal to
noise ratio of the initial ultrasound images and that the image formation process cannot entirely be described by Eq. (2.22).
2.3.5 Second Harmonic Imaging

A lot of models describing acoustic waves traveling in liquids or tissue assume a linear tissue response. However, many reports have indicated that nonlinear acoustical
effects might occur in the frequency range used for medical ultrasound imaging. As
a result, these effects should be considered when processing ultrasound signals [67].
Nonlinear effects arise if finite pressure amplitudes are present. By contrast, linear
models implicitly assume infinitesimal pressure amplitudes. This condition is found
in diagnostic B-mode imaging systems, if the ultrasound signal is considerably attenuated by the tissue. On the other hand, the pulse amplitudes produced by therapeutic
ultrasound devices give rise to nonlinear propagation effects and therefore to the
generation of higher harmonics [68].
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Figure 2.10: Development of harmonics: The positive pressure components propagate slightly
faster than the negative. As a result harmonics increasingly evolve, the further the signal travels in the tissue; solid line: original signal, dashed line: signal containing weak harmonics,
dotted line: signal close to an acoustic shock.

In compressed tissue the waves travel slightly faster compared to relaxed tissue.
Consequently, at any instant in time the difference of the sound speed between the
positive and negative peaks of the pressure signal adds a small contribution to the
signal distortion, which is continuously increasing as the pulse propagates in the tissue [69]. Figure 2.10 qualitatively illustrates this process: The solid sinusoidal curve
shows a section of the undistorted signal in close proximity of the transducer. Further away from the transducer, the nonlinear behavior of the tissue becomes obvious, since the positive and negative peaks of the signal start to move closer together
(dashed and dotted curves). In the extreme case, when the maximum compression is
immediately followed by the maximum decompression, the resulting discontinuity is
referred to as an acoustic shock [68]. The continuing increase of harmonic components
will eventually be stopped, when the attenuation of the tissue has reduced the signal
amplitude to a value, where nonlinear effects do no evolve anymore. It is important
to point out that the intensity of higher harmonics will always remain smaller than
that of the fundamental wave [69].
Now we will address the questions, what possible consequences the development
of harmonics might have on the quality of ultrasound images. Since the generation of
higher harmonics depends on the square of the fundamental amplitude, harmonics
are predominantly centered around the beam axis, where the pressure amplitude is
maximal. This autofocusing property of second harmonics is additionally enhanced in
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the following situations [68]:
• Strong reflectors at the edge or outside the main beam are generally a reason for
an elevated noise level. However, echoes from such structures remain in the
baseband and therefore do not appear in a higher harmonics image, which has
a better contrast compared to the baseband image.
• Essentially, the generation of harmonics takes place during the transmit time of
a pulse. After it has been reflected by an impedance discontinuity, its amplitude
is small enough so that the further development of harmonics is suppressed.
As a result, possible on-axis reverberations are substantially reduced in harmonic
images.
• In case of multi scattering events, the scattered echoes are much smaller than the
primary echoes and therefore do not appear in second harmonic images.
• Grating lobes typically arise in connection with phased array technology. Since
grating lobes exhibit small pressure amplitudes, they are suppressed effectively
by exploiting higher harmonics.
Two common methods exist to process the harmonics of an ultrasound signal: harmonic band filtering and pulse inversion technique. Probably the most intuitive method
is harmonic band filtering, where a band pass filter is applied to filter out the fundamental band of the acquired echo signal. This technique requires the emitted pulses
to have a relatively narrow spectrum, so that it does not interfere with the spectra of
the higher harmonics. Consequently, the pulses need to be longer compared to those
optimized for high resolution imaging, which in turn results in a reduction of the axial resolution. In addition, the cut-off frequency of the filter must be chosen carefully,
because filtering the signal is always a trade-off between degrading the harmonics
and allowing interferences with the fundamental wave.
Applying harmonic imaging requires broad band transducers and since the amplitudes of the harmonic signals are at least ten times smaller in comparison with the
fundamental signal, the receiver electronics must provide a large dynamic range and
a high signal to noise ratio. In case of using the band filtering technique, a transducer
with a resonance frequency of for example 3 MHz, is typically excited at 2 MHz and
the received echoes are evaluated and visualized in the bands around 4, 6, etc. MHz.
The disadvantages associated with the band filtering method can be overcome by
the pulse or phase inversion technique. Two broadband pulses are consecutively
emitted, whereas the second pulse is phase shifted by 180◦ with respect to the first
one. The first returned echo is stored electronically and after the second echo has
arrived, the two signals will be summed. If no harmonic components are present
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in the individual echoes, negative interferences will result in complete cancelation
of the compound output signal. In case of signal distortions due to the generation
of harmonics, the summed signal will lack the fundamental component and contain
even harmonics instead. Pulse inversion has the advantage that the axial resolution is
not negatively affected, as it is with base band filtering, and therefore it has become
the preferred harmonic imaging technique. However, problems might arise, if tissue
movement takes place in between the time the two pulses are emitted.
In summary higher harmonic components as a result of nonlinear distortions, lead
to a significantly improved contrast resolution in medical ultrasound images and a
slightly better lateral resolution [70].
2.3.6 Speckle Reduction Techniques

The typical granular structure, called speckle noise or speckling, observed in medical
ultrasound images results from the interaction between acoustic waves with statistically distributed scatterers in the human tissue. Since the transmitted ultrasound
pulse has finite lateral and axial dimensions, it is interacting with numerous scatterers at any instant. The individual reflected signals will mutually interfere resulting in
signal amplitudes covering a large dynamic range, depending whether constructive
or destructive interferences have occurred.
Essentially, speckle noise arises in images recorded with coherent sources. It conceals
and blurs details, resulting in significantly reduced contrast, visual appearance and
interpretability of ultrasound images [71].
If an object is scanned twice under exact the same condition, the speckle pattern
does not change. Hence, speckle noise is not a random process like for example electronic noise. However, if the scanning conditions alter, either by a slight modification
of the insonification angle, by changing the pulse duration or by using a different
pulse frequency, statistically independent speckle patterns will be generated [72]. Incoherent processing of the data takes advantage of this property and leads to a reduction
of speckle noise, an increased field of view and a better image contrast. Furthermore,
it enhances specular reflectors, reduces image artifacts and helps filling gaps in the acquired data set [73]. In this regard, one refers to spatial compounding, if several images
recorded from different locations are averaged. The improvement in image contrast
√
obtained with spatial compounding is N, where N is the number of independent
echoes contributing to the final signal at a specific location.
Strictly speaking the axial and lateral image resolution is negatively influenced
by spatial compounding, since the former decreases proportionally with the number
of echoes used [74]. However, the improved visibility of tissue structures due to a
higher image contrast, qualifies spatial compounding to be regarded as a resolution
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enhancing method.
A technique that involves the superposition of several images made at different
center frequencies is called frequency compounding [74] or frequency diversity [75]. It
has been shown that maximum speckle decorrelation between images is achieved, if
the frequency shift 4 f between the center frequencies of the emitted pulses meets
the condition 4 f ≥ B, where B denotes the bandwidth of the pulses. Averaging N
such uncorrelated images results in an improvement of the signal to speckle power
ratio of a factor of N or less [75].
Fink [76] proposes to apply a random phase screen (RPS) covering the surface of a
coherent transducer in order to acquire uncorrelated A-scans. The RPS is a thin panel
having a rough surface and it is made of a material, which has a different speed of
sound compared to the surrounding medium. When an ultrasound pulse propagates through such a structure, the wave front will be distorted in consequence of the
random phase shifts introduced by the RPS. A sequence of uncorrelated A-scans can
therefore be obtained, if the RPS is laterally displaced prior to the acquisition of every
new A-scan. After envelope detection has been performed, the signals are averaged
and displayed.
Several authors considered to use liner or nonlinear filters to reduce speckle noise.
In this regard, linear filters do not seem to be appropriate for this task, because of
their relatively poor performance associated with multiplicative noise, such as the
one arising from randomly distributed scatterers. Medical ultrasound images do
not only show speckle noise, but they also contain specular reflectors representing
anatomical structures. In order to preserve this (important) information adaptive linear or nonlinear filters are suggested. These filters are not fixed in size anymore, but
they vary the number and the values of filter coefficients according to the local image
properties [77].
2.3.7 Adaptive Phase Aberration Correction

Ultrasound phased array imaging systems for medical applications generally assume
a mean acoustic velocity of 1540 m/s in order to compute the proper phase delays
for the individual transducer elements [78, 79]. The velocities in real tissue, however, range from 1470 m/s for human fat, to 1665 m/s for collagen [80]. Therefore,
inhomogeneities in tissue cause parts of the wave front to propagate at a different
speed compared to other parts, resulting in a phenomenon called phase aberration.
Phase aberration leads to distortions and possible elongation of the ultrasound pulse,
which leads to a degraded temporal and lateral image resolution [78]. The influence
of phase aberration becomes more serious, the larger the aperture of the transducer
is. Moreover, high frequency components of an ultrasound pulse are more likely to
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suffer from severe phase errors than the low frequency components. Consequently,
it would be beneficial to find techniques to reduce image artifacts arising from sound
speed inhomogeneities by properly correcting the phases of the signals picked up by
the transducer elements.
In medical ultrasound imaging 1D phased array systems are used the most. They
allow to electronically adjust the focal plane along the azimuth direction, whereas
they provide a fixed focal distance along the elevation direction. Since phase aberration occurs in the azimuth direction as well as in the elevation direction, phase shift
corrections can only be performed with limited success using a 1D phased array system. Better results are expected to be achieved with a 2D phased array scanner, which
provides full control of the focal spot’s position and of the signal delays of the transducer elements. Consequently, single element transducers with a fixed focal distance
are not predestined for phase aberration correction.
Basically, the task of correcting phase shifts can be reduced to the fundamental
problem of estimating deviations between the measured and the expected arrival times
or phases, respectively, of the signals at the transducer elements. Since phase errors
are not constant throughout an A-scan, a region of interest needs to be selected in which
phase aberration correction is performed. This leads to an improved image resolution
in the selected region, whereas surrounding regions do not necessarily show a better
image quality. Many authors have proposed methods to estimate the arrival times
of ultrasound signals. A common approach is to chose a transducer element and to
define its signal within the region of interest to be the reference signal. Time delays of
signals received by neighboring transducers with respect to the reference signal are
then estimated by locating the peaks of the respective cross correlations [79, 81].
Another interesting idea is presented by Trahey et al. [82]. They propose an iterative
phase aberration correction method to find time delays, which maximize the average
brightness of the region of interest. For a given element, the time delay is increased
or decreased in small steps until the maximum brightness has been reached. This
procedure is repeated for all elements that contribute to the current A-scan.
Wu et al. [83] made two interesting observations with regard to phase aberration:
First, they measured the sound field of a phased array transducer behind a thin
aberrating layer and found that the closer to the focal zone the aberrator is, the
smaller the lateral extent of the sound field becomes. The width of the sound field
in the focal zone is relatively thin. Therefore, the wave front penetrates a narrow
region of the aberrator, thus, encountering only a few sound speed inhomogeneities
and resulting in comparable small phase distortions. In case the aberrator is in close
proximity of the transducer, the situation is inverse, leading to a wider sound field
measured at the focal spot (Figure 2.11).
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measuring plane
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Figure 2.11: Measured sound fields at the focal plane of a phased array transducer without
using phase aberration correction; sound field when the aberrator is close to the transducer,
dotted line, and when it is near the focal plane, solid line. The black bars next to the transducer elements indicate the applied time delays [83].

Second, they performed phase aberration corrections for various positions of the
aberrating layer. The hydrophone used to measure the pressure field was at the same
time acting as a point reflector. The wave front reflected by the hydrophone and
sensed by the phased array transducer helped estimating and correcting the phase
delays. They were applied when the pulse was emitted for the second time. The
sound fields were measured again and it turned out that aberration correction is more
difficult to achieve when the aberrating layer is near the focal plane of the transducer.
By contrast, when the aberrating layer is closer to the transducer, better phase estimates are obtained.
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2.3 Resolution Enhancement Techniques
2.3.8 Conclusions

Several techniques to enhance the quality of ultrasound images have been discussed
and none of them seem to yield the required lateral resolution of about 0.1 mm under
the conditions encountered in a WIPSS application (see Chapter 4.3.2).
Applying SAFT, a depth independent lateral resolution comparable to the one at
the focal spot of a strongly focused single element transducer can be achieved. Assuming that the resolution of a spherical focused transducer with Ft = 1 is given by
Eq. (2.2), a pulse frequency in the range of more than 20 MHz would be needed in
order to achieve the desired resolution. The attenuation property of human tissue,
however, does not allow high penetration depths of such pulses and therefore forces
the usage of lower frequencies.
Focusing by means of a TRM has been shown to work in a satisfying manner in
non-attenuating or weakly attenuating and scattering media, where one or more
strong point-like scatterers are present. Although TRM works in transmit as well
as receive mode, no medical imaging applications have been presented so far. As we
have seen above, an imaging frequency of more than 20 MHz is necessary to obtain
a resolution of 0.1 mm. At this frequency the attenuation of human tissue can no
longer be considered to be weak. Additionally, the WIPSS is not a point-like source
as required by the TRM focusing technique.
Ultrasound tomography allows quantitative predications about the speed of sound
and the attenuation of the media under test, provided that variations of these two
parameters are within a small range. Under laboratory conditions and by using tissue mimicking materials, sub-wavelength resolutions have been achieved. However,
ultrasound tomography will hardly work in association with the WIPSS, since the
speeds of sound as well as the attenuation coefficients of the materials the WIPSS is
made of, cannot be considered to be weakly varying and therefore refraction effects
will lead to strong deflections of the sound beam as it strikes the WIPSS under high
insonification angles.
In principle, deconvolution is a suitable technique to achieve sub-wavelength resolutions if a known spread function and a low noise level are assumed. Usually, both
conditions are not fulfilled in medical ultrasound imaging. Although blind deconvolution techniques result in an estimate of the spread function and therefore deconvolution can be performed, the outcome is still not satisfactory with respect to the
achieved resolution improvement. This is due to the uncertainties involved in estimating the spread function and the fact that the image formation is generally not
entirely described by Eq. (2.22).
Harmonic imaging would require the transducer to be excited at 10 MHz for second harmonic imaging or at 6.7 MHz for third harmonic imaging in order to generate
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harmonics at 20 MHz, so that the necessary lateral resolution to resolve the micro
channel is provided. Therefore, we still end up in working with frequencies, which
suffer from high attenuation caused by the tissue and in being restricted to a penetration depth smaller than the one given in Chapter 4.3.2.
Speckle reduction techniques are based on linear or non-linear filtering or on compound imaging. These methods have in common that they reduce the speckling and
noise in an ultrasound image, but they are not able to restore lost frequency components, which would actually be required in order to achieve the desired lateral
resolution. The same argument is valid for adaptive phase aberration correction.
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In this chapter we describe the various setups used for the ultrasound in-vitro experiments. We will provide a detailed description and the working principle of the
sensor. This is followed by the description of the dosage unit used to accurately fill
the micro channel during the measurements. Furthermore, an overview of the scanner system is given, which comprises the mechanical scanner, the motor controller
unit, the phased array and the single element ultrasound devices.
Block diagrams of the entire measurement setup used to evaluate the ultrasound
read-out principle of the WIPSS are shown in Figure 3.1 and Figure 3.2. The application of a phased array transducer (Figure 3.1) and single element transducers (Figure 3.2) required two setups, which operate with slightly different scanner softwares
as well as different pulser/receiver hardware.

3.1 Wireless Implantable Passive Strain Sensor
Figure 3.3 shows an exploded assembly drawing of the wireless implantable passive
strain sensor (WIPSS). Its main components are a reservoir filled with an incompressible fluid, a packaging surrounding the reservoir, and the so called display, which consists of two identical micro channels. In this section we will explain in detail the
geometric considerations made for designing the display and the purpose of provid-
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Figure 3.1: Overall measuring setup for the WIPSS read-out evaluation using a phased array
system.
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Figure 3.2: Overall measuring setup for the WIPSS read-out evaluation using a single element
transducer.

ing two micro channels will be discussed in Chapter 4.3. The display is mounted on
the top side of the packaging. Close to the corner of the display a borehole with a
diameter of 0.5 mm connects one of the micro channels with the reservoir. From now
on, we will refer to this micro channel as the measuring channel. If an external load is
applied to the sensor, the reservoir is slightly deformed and causes the fluid to flow
into the measuring channel, whose fill level is related to the strain of the reservoir in a
linear manner [34]. If one end of the measuring channel is sealed, the pressure inside
it will continuously rise in response to an increasing fill level or strain, respectively.
The pressure would eventually reach a level, which is sufficiently high in order to
destroy the sensor. However, this is prevented by another borehole connecting the
central ending of the measuring channel with a small gap between the reservoir and
the packaging. This gap acts as an air buffer and effectively reduces the pressure
inside the measuring channel and the reservoir.
The other micro channel is neither connected to the reservoir nor to the air buffer.
It solely represents an additional reflector, whose ultrasound echoes will be used to
calibrate the echoes from the measuring channel. Henceforth, this micro channel will
be called calibration channel or calibration reflector. More details about the calibration
procedure of the ultrasound signals will be provided in Chapter 4.3.4.
The notches in the corners and in the bottom and top walls of the reservoir ensure a
defined deformation while stress is applied (Figure 3.4). Since the sensor is supposed
to be sensitive along a single direction, possible forces from other directions need to
be suppressed, so that they do not contribute to the deformation of the reservoir and
hence do not influence the fill level of the measuring channel. This is achieved by the
packaging surrounding the reservoir. It is designed in such a way that interference
fits along the measurement axis ensure optimal force transmission between the packaging and the reservoir. In contrast, forces along other directions are shielded by the

48

3.1 Wireless Implantable Passive Strain Sensor
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Figure 3.3: Exploded assembly drawing the WIPSS.
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Figure 3.4: Cross sectional view of the wireless implantable passive strain sensor. The air gap
between the packaging and the reservoir cause the sensor to be mostly sensitive along the
x-axis.

thin air gaps between the packaging and the reservoir (Figure 3.4).
Figure 3.5 depicts the final assembly as well as a cross sectional view of the display.
It consists of three individual PMMA plates of different thicknesses, which are glued
together using a solvent assisted bonding technique [34]. There are two spiral shaped
micro channels inside the display with exactly the same dimensions. The cross sectional view reveals that they do not lie in the same plane. In fact, their distance in
z-direction is 0.8 mm and in y-direction the centers of the micro channels are 7.4 mm
apart from each other. This setup is beneficial with regard to the ability to separate the
ultrasound signals from the measuring and the calibration channel, while the space
needed to accommodate the micro channels is minimized. It also prevents possible
multiple echoes from the calibration channel from interfering with echoes from the
measuring channel.
If we assume the propagating pulse in the WIPSS to have a maximum length t p ,
then the criteria for the distance dm between the front side of the WIPSS and the measuring channel as well as the distance dc between the front side and the calibration
channel, are given as follows:
2( d m − d c )
≥ tp
(3.1)
c pL
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Figure 3.5: top: assembled display; bottom: cross sectional view of the display.

and

4dc
2dm
≥
+ tp,
c pL
c pL

(3.2)

where c pL is the longitudinal speed of sound in PMMA and dm > dc . Meeting
Eq. (3.1) prevents interferences between the first echoes of the measuring and the calibration channel and Eq. (3.2) is required to avoid the overlapping of the first multiple
echo of the calibration channel with the first echo of the measuring channel.
The micro channels have a width, wm , of 0.1 mm and an average depth, δ, of
0.058 mm. The initial radius, am , is 2.5 mm, the radius reduction per turn, drm , is
0.18 mm and the number of turns, Nm , is 11.625. Using the expression:
lm = Nm π (2am − Nm drm ) ,

(3.3)

the length lm of the spiral shaped part of a micro channel is computed to be 106.2 mm.
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Furthermore, we can compute the surface S0 facing the top side of the sensor and the
volume Vm of a micro channel. These quantities are given by S0 = lm wm = 10.62 mm2
and Vm = lm wm δ = 0.62 mm3 , respectively. The reason for choosing spiral shaped
micro channels was to reduce the possible development of air bubbles during operation and to utilize the available space as optimally as possible. However, we anticipate that the shape of the micro channel only has a minor influence on the proposed
read-out method as we will see in Chapter 4.3.
The sensitivity of the sensor is mainly given by the high ratio of ≈ 4400 between the
cross-sectional area of the reservoir and the measuring channel. As a result, a small
deformation of the reservoir leads to a comparatively large change of the fill level
of the measuring channel. The sensor is designed to measure strains in the range
between −10−3 and +10−3 and the target resolution is 2 · 10−5 [34]. Therefore, a one
percent increase of the fill level increases the length of the filled part of the measuring
channel by approximately 1 mm.
Figure 3.6 shows a technical drawing of an assembled WIPSS with a partially filled
measuring channel. For experimental reasons, the WIPSS will be filled with black
ink in order to enhance the optical contrast between the filled and empty parts of
the measuring layer. This simplified the determination of the fill level by means of
a digital camera (Chapter 3.3). In a real application, however, the WIPSS would be
filled with distilled water, which has similar acoustic parameters as ink.
The actual specifications might easily be adapted without changing the general
working principle of the sensor. For example, it is obvious that sensors for craniomaxillofacial applications should have different geometric dimensions than those for
implants used to stabilize a fractured radius or humerus. In the former case a sensor needs to have a smaller height, than the current design is providing in order to
prevent the sensor from unnaturally arching the relatively thin layer of tissue. In
the latter case the height of the sensor is of minor importance. Instead, the size of
the micro channels is crucial, since it affects the accuracy of the ultrasound read-out.
Typically, the more tissue the sensor is covered by, the bigger the lateral extent of the
micro channels will be. However, it is the size and proportions of the implant, which
ultimately limits the dimensions of the sensor.
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Figure 3.6: Technical drawing of an assembled WIPSS.

3.2 Display and Dosage Unit
All ultrasound experiments in association with the read-out of the measuring channel
were conducted in pulse-echo mode. Consequently, the ultrasound waves reflected
by structures inside the WIPSS can be assigned to certain z-coordinates. The display is designed in such a way that echoes from the measuring and the calibration
channel can be explicitly distinguished and do not encounter any interferences with
echoes from the interface between the packaging and the air buffer or other reflective
structures not belonging to the display. As a result, it is possible to study the readout method by using the display along with a separate dosage unit, which allows
the measuring channel to be filled and emptied in a controlled manner. Hence, the
dosage unit substitutes the reservoir. Such a setup facilitates adjusting the fill level,
because it makes it possible to observe the measuring channel from its back side by
means of a digital camera, while insonification occurs on the front side of the display (Chapter 3.3). Figure 3.7 shows the dosage unit, which is connected with the
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display by a capillary tube. Central part of the setup is a static construction made of
aluminum on which a linear stage, a linear actuator and a clamping device for the
display are mounted. The linear stage is driven by the linear actuator, which is similar to a stepper motor. Its resolution is 0.00125 mm/step. This resolution is improved
by a factor of 10, because the linear actuator is operated in the micro step mode with
10 micro steps per full step.
The metallic disc on the tip of the plunger of the syringe is attached to the linear
stage by means of a clamping device. The barrel of the syringe is coupled to the
static part of the installation, whose design allows the application of a wide variety
of different syringes. For the experiments a 50 µl syringe, whose inner diameter is
1.03 mm, was used. As a result, only about 0.104 nl of fluid leaves the syringe, if the
linear actuator is advancing by a single micro step. This corresponds to 0.017 % of the
measuring channel’s volume of 620 nl.
The display is glued on a 5 mm thick PMMA plate, which can be fixed on the baseplate of the dosage unit. The PMMA plate provides two bore holes having a diameter
of 1 mm. They are designated as openings for the two capillary tubes, which are stuck
into the display. Tube 1 connects the syringe with the outer ending of the measuring
channel, whose central ending in turn is connected with tube 2, which sticks out of
the water (Figure 3.8). Hence, tube 2 serves as pressure reduction. The capillary tubes
are made of PEEK (polyetheretherketone) and they have outer and inner diameters
of 0.794 mm and 0.25 mm, respectively.
The display, the PMMA plate and the capillary tubes are assembled in the following way: First, the surfaces of the display and the PMMA plate are carefully degreased with a soft wet paper towel and cleaning agent. Subsequently, the surfaces
are rinsed with demineralized water and properly dried. The capillary tubes are cut
to the desired lengths, which are 50 mm for tube 1 and 120 mm for tube 2. The assembly is continued by sticking the tubes through the boreholes in the PMMA plate
and by pressing them into the respective flat bottom holes in the display. Now the
parts are glued together with a two component epoxy adhesive. This is done by applying a thin layer of adhesive on the back side of the display followed by carefully
assembling the latter with the PMMA plate. After the adhesive has cured, an adapter
is mounted on tube 1 in order to allow the tube to be connected with the syringe
(Figure 3.8). During the ultrasound experiments the dosage unit is placed in a glass
tank filled with demineralized water, whereas the water level is adjusted in such a
way that the syringe is partially submerged. This setup minimized the influence of
possible fluctuations of the air temperature on the fill level, since the water acts as an
insulator. If the syringe and a part of the tube were surrounded by air, small changes
of the temperature would immediately lead to a change of the fill level, which is

54

3.2 Display and Dosage Unit

linear actuator

linear stage

display

syringe

tube 1

demineralized water

display

clamping device

tube 2

base plate

Figure 3.7: Display and dosage unit used for in-vitro evaluation of the ultrasound read-out
method: The dosage unit comprises a linear actuator, a linear stage and a 50 µl syringe. The
display is glued on a PMMA plate, which is held by a clamping device fixed on the base plate.
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Figure 3.8: Detailed sketch of the display and its mounting on the PMMA plate.
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Table 3.1: Parts used to construct the dosage unit.
part
stepper motor
linear stage

model number (s)
L5609X2008-M6
4301

syringe, 50 µl

1705TLL

capillary tube

1581

adapter (consists of
four individual parts)

F-247x
F-331Nx
F-142Nx
P-659
9466 A&B

glue

manufacturer
Nanotec GmbH, 85652 Landsham, Germany
Parker Hannifin Corp. HQ, Cleveland OH,
USA
Hamilton Bonaduz AG, 7402 Bonaduz,
Switzerland
Upchurch Scientific Inc., Oak Harbor,
WA 98277, USA
Upchurch Scientific Inc., Oak Harbor,
WA 98277, USA

Henkel AG & Co. KGaA, 40589 Düsseldorf,
Germany

obviously not desirable while an ultrasound measurement is in progress. Table 3.1
summarizes the components and their respective manufacturers used to construct
the dosage unit.

3.3 Camera for Fill Level Control
The fill level of the measuring channel is observed by a 1.3 mega pixel charge coupled
device (CCD) digital camera (type SMX-150C, SUMIX Corp., Oceanside, CA 92054,
USA), which is placed outside the water tank, so that the measuring channel appears
in the center of the recorded images. The camera is equipped with a 55 mm focal
length objective (type TEC-55, CBC Corp. HQ, Commack, NY 11725, USA), whose
telecentric lens is favorably with regard to measurement applications, since it provides lower distortions compared to standard macro lenses. A general purpose laboratory stand is used to hold the camera and to adjust its orientation. The camera is
connected with a PC by a universal serial bus (USB) cable. On the PC a control tool is
running, which was developed in order to be able to conveniently observe and adjust
the fill level of the measuring channel. Figure 3.9 shows a screen shot of the control
tool. On the left hand side of the window a 400 × 400 pixel black and white camera
image is shown, which is superimposed by a red spiral representing the measuring
channel. Note that the native resolution of the camera is 1280 × 1024 pixels. Hence,
only a fraction of the entire image is rendered. By means of the slider labeled with
Fill level, a small green bar indicating the fill level can be moved along the red spiral.
When the fill level is being increased, the green bar travels inwards and eventually
reaches the center of the spiral. Therefore, the tool expects the measuring channel to
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Figure 3.9: Screen shot of the fill level control tool.

be filled from its outer inlet. Furthermore, three additional sliders provide control of
the camera’s gain, contrast and brightness.
The basic concept of the fill level control tool is to overlay the image of the measuring channel with its synthetic representation, the red spiral, so that both structures
are coincident. In doing so, coarse alignment is done by adjusting the distance and
the orientation of the camera. Fine tuning, on the other hand, is achieved by means
of software, which allows to resize and rotate the red spiral and to laterally select the
adequate 400 × 400 pixels subimage of the camera’s CCD. If both images are aligned
properly, the desired fill level will be marked by operating the Fill level slider. Essentially, this task does only affect the virtual fill level, indicated by the green bar. The
real fill level in turn will be set by the scanner software (Chapter 3.5), which provides
the respective user interface for the dosage unit (Chapter 3.2). That is, the measuring channel is being filled or emptied until its fluid-air interface reaches the green
bar. The control tool allows to set the fill level with a resolution of 0.1 %, whereas a
change of the fill level by this value, affects approximately 64 pixels in the camera
image. However, since the stepper motor of the dosage system works with 10 micro
steps per full step, the fill level could theoretically be adjusted with a resolution of
0.017 %.
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The visibility of the measuring channel and in particular the fluid-air interface can
be improved by adjusting gain, contrast and brightness of the camera image. Proper
contrast settings are essential in order to obtain sharp boundaries of the relevant objects.
The fill level evaluation tool is written in C++ using Microsoft Visual C++ 6.0,
whereas OpenGL (Open Graphics Library) commands are used to render the camera images as well as the red spiral.

3.4 TMM
In order to evaluate the ultrasound read-out principle in in-vitro experiments, tissue mimicking materials (TMM) were fabricated. Usuallay TMMs are used for
quality control and performance testing of ultrasound equipment. Such materials
should mimic human soft tissue in terms of speed of sound, attenuation, density and
backscatter. The ranges of theses parameters are as follows [84]:
speed of sound : 1450 m/s for fat to 1640 m/s for the eye’s lens.
attenuation : 0.3 dB/(cm · MHz) for fat to 2.0 dB/(cm · MHz) for muscle.
density : 0.92 g/cm3 for fat to 1.07 g/cm3 for muscle.

Ideally, each parameter can be controlled individually without influencing the other
parameters. Burlew et al. [84] studied a mixture containing distilled water, powdered graphite, n-propanol and agar, which is a gelatinous substance derived from
seaweed. They found a linear relation between the concentration of n-propanol in
the agar-water-graphite mixture and the speed of sound and reported that the latter could be chosen between 1498 m/s and 1600 m/s or higher independent of the
graphite concentration.
The attenuation coefficient αdB could be influenced by the concentration of powdB
dered graphite. αdB was nearly proportional to the frequency and the slope αdB
f of α
was selectable between 0.04 dB/(cm · MHz) and 1.4 dB/(cm · MHz). Higher values
would have been possible, but the respective samples were not produced. An approximately linear relation between the graphite concentration and αdB
f was found.
Moreover, the densities of these TMMs were within a few percent of those in nonadipose tissue.
Madsen et al. [85] enhanced the TMM recipe of Burlew et al., since they were seeking for a TMM that causes speckle noise in ultrasound B-mode images. For this reason they added glass beads having diameters ranging from 75 µm to 90 µm. This
modification of the initial recipe allowed precise control of the backscatter coefficient.
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In order to prevent the powdered graphite from clumping, detergent was added to
the molten TMM gel.
In the following section, we will describe the production of the various TMMs
fabricated according to the recipe given in [85] and used to evaluate the ultrasound
read-out method.
3.4.1 Production of TMM

Before the production of the TMMs was started, the necessary quantities of the ingredients were prepared. All TMMs contain the same base matrix consisting of distilled
water mixed with agar. The amount of agar contained in the mixture is 3 % of the
mass of water. All the remaining ingredients vary in concentration depending on the
acoustic properties of the desired TMM.
The production of the molten TMM material was done in a 1 liter stainless steel pot
on a magnetic stirrer, whose heating plate was set to a temperature of 90◦ C. At first,
the water and n-propanol was put in the pot and stirred for about one minute. Afterwards agar was added in small portions in order to avoid clumping. Then, the glass
beads and the detergent were admixed successively. Arrived at the somewhat more
delicate part of the TMM production, the powdered graphite was added in several
little quantities by stirring in between for 10 to 20 seconds. At this point the mixture
was ready for cooking. For this the pot was covered by saran wrap containing a little
hole for a thermometer. While stirring at a speed of 500 rpm, the mixture was heated
to 90◦ C and cooked for 15 minutes. Before the liquid TMM material could be poured
into a mold, some residues accumulated on the surface of the mixture were taken out
by means of a a small sieve.
A PMMA tube having a length of 200 mm and an inner diameter of 50 mm was
used as a mold. On one side it was closed with a circularly shaped piece of saran
wrap, which was large enough, so that it could be put over the PMMA tube and
fixed with heat persistent adhesive tape. While the mold was filled, the sieve was
used again to reject possible clumps contained in the TMM material. The second side
of the PMMA tube was closed with saran wrap in the same way as the first side.
Finally, cooling of the TMM material took place at room temperature and lasted 8
hours.
After cooling, the TMM was cut into individual cylindrical pieces of different
lengths. For this purpose, we used a table saw equipped with a diamond blade. Note
that the TMM remained in the mold, while it was cut. Subsequently, small grooves in
the cutting surface were removed by polishing the samples with a wet abrasive paper,
followed by closing the samples with saran wrap in order to protect their surfaces.
If the TMMs are not stored in a liquid, they would dry out and therefore would

60

3.5 Scanner System

TMM 2
TMM 1

TMM 3

Figure 3.10: Three TMMs produced according to the process described in Chapter 3.4.1.

not be suitable anymore for ultrasound experiments. As a result, they were put in
a plastic container filled with demineralized water containing a water preservative
based on silver ions, which keeps the water free from germs, algae and odors. Unless
they were used for ultrasound experiments, the TMMs remained in this container in
a refrigerator.
Figure 3.10 shows three TMMs produced according to the above mentioned process. They mimic approximately 30 mm muscle tissue, TMM 3, as well as 50 mm and
30 mm fat tissue, TMM 2 and TMM 1, respectively. The acoustic parameters of the
TMMs are presented in Table 5.2 in Chapter 5.2.2.
Table 3.2 summarizes the materials and their respective vendors involved in the
production and storage of the TMMs:

3.5 Scanner System
The scanner system used for the ultrasound experiments consists of several parts,
namely, the actual three axis scanner, the stepper motor power driver with its motor
controller and the control software. In the following sections, we will describe the
individual parts in brief.
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Table 3.2: Ingredients used to produce the agar-based TMMs.
ingredient
agar

article number
A6924-100G

n-propanol

82092-1L

powdered graphite

DLX-GN (< 15 µm)

glass beads

magnetic stirrer

Mineralisches
Feinstrahlmittel aus
Glas (40 µm-70 µm)
MR3004 Safety S

water preservative

Micropur Classic

manufacturer
Sigma-Aldrich Chemie GmbH, 9470 Buchs,
Switzerland
Sigma-Aldrich Chemie GmbH, 9470 Buchs,
Switzerland
ChemSys GmbH, 44575 Castrop-Rauxel,
Germany
Sandmaster AG, 4800 Zofingen, Switzerland

Heidolph Instruments GmbH & Co. KG,
91126 Schwabach, Germany
Katadyn Produkte AG, 8304 Wallisellen,
Switzerland

3.5.1 Three Axis Scanner

The custom made scanner (isel Germany AG, 36124 Eichenzell, Germany) consists of
three linear stages, whose working distances along the x-, y- and z-axis are 500 mm,
500 mm and 170 mm, respectively. The individual stages are driven by two phases
stepper motors having 200 full steps per revolution. The feed rate of each axis is 5 mm
per revolution. In order to provide a relative position feed back signal, the three axis
are equipped with incremental encoders (type BDH16.05A 5000-10-5, Baumer Electric AG, 8501 Frauenfeld, Switzerland). These rotary encoders are directly connected
to the spindles. Therefore they measure the current angular position of the spindles
and not the position of the slides attached to them. As a result, the signals of the encoders cannot be used to compensate the small backlash of ≈ 50 µm of the individual
axis. The actual scanner is mounted on an aluminum frame.
A L-shaped fixture is screwed on the slide of the z-axis. It provides a goniometer,
which can be used to attach either single element or phased array transducers. It
allows the transducer to be pivoted along two directions in order to modify the insonification angle with respect to the object under test. The fixture is dimensioned so
that a transducer extends into a water tank used for ultrasound experiments.
Figure 3.11 shows a photo of the scanner as it is used for most ultrasound experiments. The incremental encoders of the y- and z-axis can be recognized on the left
and top side of the image, respectively. They are mounted on the housings of the
stepper motors. On the working area of the scanner a glass tank able to accommodate up to 15 l of water is situated. In the center of the image the goniometer holding
a partially immersed single element transducer can be seen.
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Figure 3.11: Three axis scanner used for the ultrasound experiments.

3.5.2 Stepper Motor Controller and Power Driver

The three motors of the scanner are driven by a stepper motor driver (type NI MID7604, National Instruments Switzerland, 5408 Ennetbaden, Switzerland) controlled
by a high performance PC-based motion controller board (type NI PCI-7354, National
Instruments Switzerland, 5408 Ennetbaden, Switzerland). The stepper motor driver
(SMD) provides the so called micro stepping mode. That is, the wave forms generated
by the SMD cause a full step of the motor to be divided into several micro steps. This
results in a smoother motion and a higher position resolution. For all experiments
the motors are driven with 25 micro steps per full steps, resulting in 200 · 25 = 5000
micro steps per revolution. Considering the feed rate of the scanner axis to be 5 mm
per revolution, the mechanical resolution of the scanner becomes 0.001 mm. This is
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roughly 1000 times less than the lateral resolution of the ultrasound images, which
will be acquired with the phased array transducer (Chapter 3.6).
The motion controller board (MCB) is accessed via the scanner software introduced
in Chapter 3.5.3. It processes software instructions and generates the respective signals for the SMD. It also provides input connectors for the incremental encoders.
3.5.3 Scanner Software

Measurements in association with the phased array system as well as single element
transducers were supported by two different scanner softwares, which were specially
developed for this purpose. Since the softwares are very similar with respect to the
user interface and the scanning scheme, we will not differentiate between them and
refer to them as the scanner software.
The scanner software is written with LabVIEW version 7.0, a graphical programming language developed by National Instruments. It offers an interface that allows
the user to move the transducer along the x-, y- and z-axis. In order to prevent an unintended collision between the transducer and the water tank, software motion-limits
can be set prior to the beginning of the actual work. A section of the user interface
is dedicated to the scanning parameters, namely, scanning range and resolution as well
as scanning plane. Note that resolution in association with the scanner software refers
to the distance between two sampling points. It is only possible to perform scans parallel to the xy-, xz- or the yz-plane. While a scan is in progress, the trajectory of the
transducer corresponds to a meandering path as shown in Figure 3.12. The black dots
indicate the locations, at which the acquisition of a B-scan (phased array transducer)
or an A-scan (single element transducer) occurs. At these measurement positions an
interrupt signal is generated, which causes the excitation of the transducer and the
subsequent data acquisition. The interrupts are generated in response to the position
signals provided by the incremental encoders (see Chapter 3.5.1).
The meandering trajectory consists of a so called fast axis and a slow axis. The term
fast axis was chosen, because on this axis data acquisition is performed while the
transducer is in motion. Therefore, the scanning speed along this axis is independent
of the scanning resolution. In contrast, the scanning resolution along the slow axis
highly influences the scanning speed. The fast and slow axis can be chosen arbitrarily,
depending on the experimental setup and the scanning geometry. However, from
now on we will always refer to the fast axis as the x-axis and to the slow axis as the
y-axis. Accordingly, the scanning distances along the x-direction and y-direction are
denoted X and Y and the respective resolutions are 4 x and 4y.
The following explanations only concern the data acquisition with a phased array
transducer: The scanner software requires the phased array transducer to be aligned
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Figure 3.12: Meandering scanner trajectory; the black dots indicate the locations, at which the
acquisition of an A-scan (single element transducer) or a B-scan (phased array transducer)
occurs.

so that its elevation-direction is parallel to the x-axis and its azimuth-direction is parallel to the y-axis. For the rest of this section we assume a setup, which meets these
requirements and therefore we will replace the terms elevation-direction and azimuthdirection by x-direction and y-direction, respectively.
It would actually be sufficient to move the phased array transducer along a single
scan line parallel to the x-axis in order to acquire a 3D ultrasound data set of the entire
object under test. The resolution of such a data set would then be limited by a) the
phased array system and its capability to control the ultrasound beam in y-direction
and by b) the resolution setting 4 x of the scanner software. However, the resolution
in y-direction can be further improved by applying a scanning scheme that results in
the acquisition of several 3D data sets, which are slightly displaced (in y-direction)
with respect to each other (Figure 3.13). If theses data sets are properly assembled,
the resolution along the slow axis will be equal to 4y.
Although the scanner software and the dosage unit are not directly related, the
former also provides an interface to control the linear actuator of the dosage unit
(Chapter 3.2). It enables the user to fill or empty the measuring channel in steps of
1 nl, 10 nl and 100 nl.
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y direction (azimuth)

phased array transducer

∆y
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Figure 3.13: By displacing the phased array transducer along the y-axis, more sampling positions in y-direction can be obtained (grey dots).

3.6 Phased Array Transducer
For some ultrasound experiments a 128-element linear phased array transducer (type
6445 A101, Imasonic, 70190 Voray sur l’Ognon, France) was applied. The transducer
elements have a center frequency of 6 MHz ± 10 % and a bandwidth of more than
60%. They have a length and width of 10 mm and 0.5 mm, respectively. The inter
element spacing is 0.1 mm, which, together with the element width, results in a pitch
of 0.6 mm. The focal distance in water is 50 mm. Considering an active aperture of
16 elements, the shape of the aperture becomes almost quadratic having a size of
10 · (16 × 0.6) = 96 mm2 . Figure 3.14 shows a photo of the transducer used for the
read-out of the WIPSS.

3.7 Phased Array Instrument
A phased array instrument (type FOCUS 16/128, Olympus NDT Inc., Waltham, MA
02453, USA) was employed for the ultrasound measurements. The phased array in-
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128 element
transducer array
with acoustic lens

azimuth direction

elevation direction

10 mm

Figure 3.14: Linear phased array transducer used for the read-out of the WIPSS.

strument (PAI) is designed for general purpose measurement applications. It allows
to adjust a large variety of parameters, which, in case of a medical ultrasound scanner, would not be accessible by the user. Probably the biggest advantage of the PAI
over a commercially available medical ultrasound scanner is the fact that it allows to
acquire and save 3D data sets consisting of raw data. This makes it possible to apply
application specific data processing algorithms after having recorded a data set.
The PAI offers 128 pulser/receiver channels and the active aperture can consist of
up to 16 elements. However, the active aperture can also be reduced, which in general results in a broader sound field. All channels can be programmed independently
allowing to apply arbitrary focal laws including apodization. Moreover, an external trigger input facilitates the PAI to conduct measurements with a scanner, which
generates trigger signals at predefined scanning positions (see Chapter 3.5.3).

3.8 Single Element Transducers
A part of the ultrasound experiments were conducted with spherically focused single
element immersion transducers. Their technical data as well as those of the phased
array transducer (Chapter 3.6) are summarized in Table 3.3.
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Table 3.3: Technical data of the transducers used for the in-vitro experiments.
transducer
T1

type

diam.
(mm)
6.35

F-number

manufacturer

13-1004-R

freq.
(MHz)
10

6

T2

13-2004-R

20

6.35

4

T3

IX-272-B

5

20.6

3.7

T4

6445 A101

6

10

5

Olympus NDT Inc.,
Waltham, MA 02453, USA
Olympus NDT Inc.,
Waltham, MA 02453, USA
UTX Inc., Holmes NY
12531, USA
Imasonic, 70190 Voray sur
l’Ognon, France

3.9 Preparation of the Meat
Two different pieces of pork were bought at the butchery. Each of them was cut
along the muscle fibres into three thinner pieces of various thicknesses. The type
of meat, the corresponding labels and the approximate dimensions are listed in Table 3.4. Right after cutting, the individual samples were put into vacuum bags (article
number 214.700.0012, Rotel AG, 4663 Aarburg, Switzerland), which have a thickness
of 0.075 mm. After the bags had been filled with demineralized water, they were
closed using the sealing function of a vacuum sealer (type, VacuPack 147, Rotel AG,
4663 Aarburg, Switzerland). The small amount of air remaining in the bags should
not cause problems during the ultrasound measurements, because the air accumulates outside the scanning region. The bags could be clamped into an aluminum
frame, which ensured that they were properly fixed during the measurements. Figure 3.15 shows a front and a side view of the above described setup. The purpose
of packing the meat into plastic bags mounted on a metal frame was to facilitate the
handling of the meat and to keep the ultrasound equipment clean. For the experiments the metal frame was placed between the transducer and the WIPSS display
(Figure 3.1 and Figure 3.2).
Table 3.4: Meat used for the in-vitro evaluation of the WIPSS read-out method.
description

pork from the neck

pork cutlet
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label
M1.1
M1.2
M1.3
M2.1
M2.2
M2.3

thickness (mm)
17± 2
7± 2
27± 2
17± 2
7± 2
25± 2

3.9 Preparation of the Meat

side view

front view
aluminum
frame
air

insonification
direction
meat

water

edge of plastic bag

Figure 3.15: Front and side view of the setup used to perform ultrasound measurements with
meat.
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This chapter is dedicated to the read-out method of the WIPSS. First of all, we will
give a short overview of possible anatomical situations encountered in WIPSS applications. This is followed by the description of alternative read-out methods, which
were initially considered. Finally, we will derive and discuss in detail the actual readout method.

4.1 Anatomical Situation
In an in-vivo application the WIPSS can be considered to be covered by three layers of tissue. The topmost layer is obviously the skin. It has a speed of sound
ranging from approximately 1500 m/s to 1540 m/s and an attenuation coefficient of
about 2 dB/(cm · MHz). Underneath the skin there is a layer of fat tissue having a
speed of sound between 1469 m/s and 1487 m/s and an attenuation coefficient of
0.5 ± 0.1 dB/(cm · MHz). The third layer is muscle tissue, whose speed of sound is
estimated to be between 1500 m/s and 1610 m/s and which has an attenuation coefficient usually bigger than 1 dB/(cm · MHz) [80].
For the read-out it is assumed that the WIPSS will be covered by such a three-layer
structure as depicted by Figure 1.7. However, depending on the location of the fixation plate and the WIPSS, the three-layer model could be insufficient, for example
because of the presence of tendons, ligaments or larger blood vessels. This could
cause considerable distortions of the ultrasound pulse as it is propagating through
such an environment and the read-out would most probably not perform in a satisfying manner.
A general tissue model used by Chernov [86], Morese and Ingard [87] and other
authors assumes that the propagation velocity c(R) and the density ρ(R) of tissue
only vary slightly from their mean values c0 and ρ0 , respectively:
c ( R ) = c0 + 4 c ( R )

(4.1)

ρ ( R ) = ρ0 + 4 ρ ( R ),

(4.2)

where 4c(R)  c0 and 4ρ(R)  ρ0 . The tissue model also uses the so called
Born-approximation implying the undisturbed forward propagation of an ultrasound pulse. If such a model is considered, an incident pressure field can be computed
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by neglecting sound speed and density fluctuation and using the constant values c0
and ρ0 instead [88]. Thus, the incident pressure field at an arbitrary location in the
tissue can be determined by means of Eq. (2.9). As the pulse is traveling in the tissue it will be reflected at impedance discontinuities followed by back-propagation
towards the transducer. Within the Born-approximation, back-propagation occurs
without further interactions (reflections) at boundaries of different types of tissue.

4.2 Read-Out Methods Based on Alternative Sensor Design
The strain measuring concept presented in this chapter is entirely based on measuring the strain-dependent thickness d2 of a thin reservoir filled with water, as shown
in Figure 4.1. This reservoir is the central element of the sensor with regard to the
applied read-out. Its thickness shall be given by the relation
d2 = d02 ( ae + 1) ,

(4.3)

where a is the so called strain amplification factor, d02 is the initial thickness of the reservoir and e is the strain of the implant. In order to understand the measurement of
d2 , it is not important to know, how a sensor with such a reservoir can be realized.
Hence, the working principle of the sensor will not be discussed here. However, it
is still worth mentioning the general idea of the read-out technique associated with
this sensor, since it has some distinct advantages over the method presented for the
WIPSS. In the following chapters, two techniques to determine d2 are presented.
4.2.1 Read-Out Method A

Method A is preferably used, if it is possible to measure the arrival times t2 and t3
of the front side echo,E2 , and the backside echo, E3 , of the reservoir. Then d2 can be
computed with:
c w ( t3 − t2 )
,
(4.4)
d2 =
2
where cw is the speed of sound in water. Combining Eq. (4.3) and Eq. (4.4), we obtain:
e=

1
ad02



c w ( t3 − t2 )
− d02
2


(4.5)

Considering Eq. (4.5) and assuming that a = 1 and d02 = 1 mm, a change of e by 0.001
causes t3 − t2 to alter by only 1.35 ns. This is too little to perform a reliable read-out
and therefore, a sensor design must be found, which provides a strain amplification
factor that is of the same order of magnitude as the one of the WIPSS.
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transducer
skin
fat tissue

Ei

E1

muscle tissue

E2
d1
E3
d2

reservoir

sensor

Figure 4.1: First strain measuring concept considered: The sensor is basically a thin reservoir
filled with a fluid. The reservoir changes its height d2 in response to a deformation. d2 shall
be measured by means of ultrasound technology.

4.2.2 Read-Out Method B

Read-out method B is suitable, if t3 and t2 cannot be properly separated anymore,
because of the overlapping of echo E3 with E2 . This happens, if d2 and the wavelength of the incident pulse are of the same order of magnitude. In this case, negative
interferences between E2 and E3 lead to the attenuation of certain frequency components in the spectrum of the received echo signal from the reservoir. In fact, multiple
echoes within the reservoir can even lead to a total cancelation of certain frequencies,
independent of the impedance of the fluid in the reservoir. To facilitate the following
explanation, we will use the term E23 for the echo, which results from the superposition of E2 and E3 .
Negative interferences between E2 and E3 occur, if the wavelength λw of the ultrasound pulse in water meets the following criterion:
nλw = 2d2 ,
where n ≥ 1 is an integer. With λw = cw / f , d2 is given by:
ncw
.
d2 =
2f

(4.6)

(4.7)

Consequently, the ultrasound read-out involves measuring echo E23 followed by the
evaluation of its spectrum A E23 in order to find the frequency f min at which A E23 is
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minimal. Applying f min in Eq. (4.7) yields d2 , which, together with Eq. (4.3), allows
to compute e:


1
ncw
0
e= 0
− d2
(4.8)
ad2 2 f min
The spectrum of the ultrasound signal entering the sensor could already have frequency minima as a result of interferences between the propagating wave front and
tissue inhomogeneities. Therefore, A E23 should be calibrated with the spectrum A E1
of the entry echo E1 prior to the determination of f min . That is, f min will be at the
minimum of A E23 /A E1 .
The read-out technique discussed above suffers from the same drawback as the
method A. A small change of e causes only marginal relative changes of f min . For example, using again the figures from the example in Chapter 4.2.1, results in a change
of f min by only 0.1 %.
Although the presented read-out method results in a poor sensitivity, if a is assumed to be 1, the basic strain measuring concept, where the actual strain determines
the thickness of a reservoir, which is measured by means of ultrasound technology,
has some particular advantages over imaging-based methods:
• Once the sensor has been localized, the measurement of d2 essentially involves
the recording of a single A-scan, followed by the respective data evaluation.
Therefore, much higher read-out rates can be achieved in comparison with
imaging-based methods.
• The lateral resolution of the ultrasound system performing the read-out needs
to be of the same order as the diameter of the reservoir. In a concrete application, this would be > 1 mm. Accordingly, pulse frequencies of not more than
5 MHz are sufficient to obtain the desired lateral resolution. This allows a penetration depth of up to 12 cm in human tissue [89].
• The read-out is relatively insensitive to variations of the amplitudes of the received echo signals, because it is based on the measurement of the time difference
between E2 and E3 (Eq. (4.4)) or the determination of a minimum in the spectrum of E23 (Eq. (4.7)), respectively.
The above mentioned advantages of the read-out techniques could be exploited, if it
is possible to design a sensor, whose strain amplification factor is much bigger than
1. Assuming the realization of such a sensor, which shall be built from PMMA, we
will now present numerical simulations of the second read-out method. For that we
apply the complex reflection coefficient R23 from the thin reservoir filled with water
in order to compute the signal E23 [90,91]. R23 takes into account the superposition of
LL
E2 , E3 and multiple echoes of E3 . With R LL
pw (Eq. (2.6d)) and Rwp (Eq. (2.6a)) being the
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reflection coefficients of the PMMA-water and water-PMMA interfaces, respectively,
R23 is given by:
R23 =

LL −i
R LL
pw + Rwp e

2ωd2
cw

LL −i
1 + R LL
pw Rwp e

(4.9)

2ωd2
cw

Eq. (4.9) is only valid, if it is assumed that the incident wave is a plane wave and
that the insonification direction is perpendicular with respect to the surface of the
reservoir. Furthermore, attenuation of the signals in water is neglected. In a practical
application the plane wave would be approximated by a bounded wave generated
by a weakly focused transducer. The incident pulse Ei has a center frequency f c of
5 MHz, consists of approximately two cycles, has a peak amplitude of one and its envelope is Gaussian shaped. Using such a pulse along with the remaining simulation
parameters summarized in Table 4.1, E1 and E23 can be computed as follows:
LL
E1 (ω ) = Rmp
Ei (ω ),
LL
LL
E23 (ω ) = Tmp
R23 Tpm
Ei (ω )e

−iω

(4.10)
2d1

−iω c

pL

,

(4.11)

2d1

c pL
where the term e
in Eq. (4.11) accounts for the time delay between E1 and E23 .
Figure 4.2 depicts time domain signals from the sensor (left column) and their re-

Table 4.1: Parameters applied to simulate echoes E1 and E23 .
symbol
Zm
Zp
Zw
d1

value
1.63 · 106 kg/(m2 s)
3.2 · 106 kg/(m2 s)
1.48 · 106 kg/(m2 s)
0.9 mm

LL
Tmp

1.325

LL
Rmp

0.325

LL
Tpm

0.675

cw
c pL

1483 m/s
2680 m/s

description
impedance of muscle tissue
impedance of PMMA
impedance of water at 20◦ C
distance from the surface of the sensor
to the water layer
transmission coefficient at the
muscle-PMMA interface
reflection coefficient at the
muscle-PMMA interface
transmission coefficient at the
PMMA-muscle interface
speed of sound in water at 20◦ C
longitudinal speed of sound in PMMA

reference
[92]
[93]
[93]

Eq. (2.6b)
Eq. (2.6a)
Eq. (2.6b)
[93]
[93]

spective representation in the frequency domain (right column) for three different
values of d2 . Top row: d2 = 0.1483 mm, center row: d2 = 0.2225 mm and bottom row:
d2 = 0.2966 mm. The values of d2 have been chosen in such a way that the spectra are
symmetric around the center frequency of the pulse. The green curves are associated
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Figure 4.2: The left column shows the time domain signals from the sensor and the right column the respective spectra; E1 , A E1 : —, E23 , A E23 : —. Signals for three different values of
d2 are presented. Top row: d2 = 0.1483 mm, center row: d2 = 0.2225 mm and bottom row:
d2 = 0.2966 mm.
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with echo E1 and the red ones belong to echo E23 . In all three situations the spectra
of E23 contain one or more nulls as a result of destructive interferences between E2
and E3 , whereas the first null corresponds to n = 1, the second one belongs to n = 2
and so on. The interferences lead to severe distortions of the incident signal when it
is reflected at the top and bottom planes of the thin reservoir. For d2 = 0.2966 mm, E2
and E3 have separated enough, so that one could determine the arrival times of the
two peaks and apply Eq. (4.4) to compute d2 instead of evaluating the spectra of E23 .
For d2 < 0.2966 mm finding the peaks of E2 and E3 is more challenging and therefore
determining the nulls in the spectra is the preferred way to compute d2 .
4.2.3 Conclusions

We have presented an alternative strain measuring concept based on the measurement of the strain-dependent thickness of a thin layer of water inside the sensor.
The ultrasound read-out methods described have the distinct advantage that they
are insensitive to amplitude variations of the echoes containing the information to be
accessed. However, the question remains, whether the construction of a sensor is feasible, which provides a sufficiently high strain amplification factor in order to achieve
reliable read-out results by simultaneously meeting the rather restrictive constraints
with regard to the allowed dimensions and materials.

4.3 Novel Read-Out Method Based on Integration of C-Scans
In this chapter the novel read-out method will be introduced. Chapter 4.3.1 begins
with the presentation of preliminary considerations followed by Chapter 4.3.2, in
which the various conditions for the proposed read-out are outlined. This will lead
to two working hypotheses presented in Chapter 4.3.3 and Chapter 4.3.4, which are
the basis for subsequent explanations and finally in Chapter 4.3.5 the hypotheses will
be proven.
4.3.1 Preliminary Considerations

As it is not realistic to achieve a sufficiently high lateral resolution, so that the measuring channel can be resolved (Chapter 2.3), we need to ask ourselves, whether it is
still possible to determine the fill level by properly evaluating the blurred C-scans.
Let us assume an unfocused transducer surrounded by an ideal-elastic homogeneous fluid. The transducer is working in pulse-echo mode. Additionally, an arbitrarily shaped flat reflector shall be located in the far field of the transducer, so that its
surface is parallel with respect to the front face of the transducer. This setup ensures
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flat reflectors with
insonified areas Sn

transducer

far field region of
the transducer

Figure 4.3: The signal at the transducer is proportional to the sum of the insonified areas of flat
reflectors in the far field of the transducer.

the reflector to be insonified by a plane wave with an uniform amplitude distribution
and leads to a fundamental law, which states that the peak echo amplitude Â measured by the transducer, depends in a linear manner on the size of the reflector [40].
If several reflectors are present, as shown in Figure 4.3, this law is still valid, whereas
Â is proportional to the sum of the areas Sn of the individual reflectors:
Â ∝

N

∑ Sn .

(4.12)

n =1

In Eq. (4.12) N is the number of reflectors. If the WIPSS is placed in the far field
of an unfocused transducer, a very similar situation to the one described above is
encountered, whereas the micro channels represent the flat reflectors. However, the
situation is not exactly the same, because the micro channels are not surrounded by
a fluid, but they are embedded in the display made of PMMA (Chapter 3.2) and
the display itself will be covered by human tissue. For the following considerations
the tissue is replaced by a homogenous fluid and the display shall only consist of
the measuring channel embedded in PMMA. This situation is depicted in Figure 4.4.
Since the front plane of the WIPSS is assumed to be parallel to the front face of the
transducer, no generation of shear waves at the fluid-PMMA interface will occur.
Consequently, the fluid-PMMA interface solely affects the amplitude of the incident
wave field as a result of the impedance discontinuity at the interface.
As the ultrasound pulse propagates inside the WIPSS a part of the wave front
will eventually be reflected at the PMMA-measuring channel interface. At locations,
where the measuring channel is filled with air, total reflection of the impinging wave
will occur and at locations filled with water, reflection as well as transmission of the
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transmitted pulse

reflected pulse

transducer

measuring channel

Figure 4.4: Cross-sectional view of the WIPSS in the far field of an unfocused transducer: A
linear relation between the fill level of the measuring channel and the peak echo amplitude
at the transducer is expected.

wave take place. Furthermore, a fraction of the wave will propagate in the small
gaps between neighboring windings of the measuring channel. This leads to the generation of shear waves, which typically emanate at the side walls of the measuring
channel [40]. However, their amplitudes are much smaller compared to the amplitudes of the reflected pressure waves. Therefore, these shear waves inside the WIPSS
will be neglected for the subsequent explanations. At this point we also ignore possible multiple reflections and boundary effects inside the measuring channel, which
could cause distortions of the reflected echo signals.
In case of being partially filled, the micro channel can be divided into two distinct
reflectors. We define S f and Se to be the insonified areas of the filled and the empty
part of the measuring channel. Note that with the terms filled and empty we imply
filled with water and filled with air, respectively. The corresponding reflection coeffiLL
cients at the PMMA-water and the PMMA-air interface are denoted by R LL
pw and R pa .
According to McLaren’s model [94] describing the transmit-receive mode response
from finite-sized targets in fluid media, Â can now be expressed as
LL
Â ∝ | R LL
pw | S f + | R pa | Se


LL
= | R LL
|
−
|
R
|
S f + | R LL
pw
pa
pa | S0


≈ | R LL
pw | − 1 S f + S0 ,

(4.13)

where S0 = S f + Se is the total insonified area of the micro channel. Due to the large
impedance difference between PMMA and air, R LL
pa can be set to −1. Eq. (4.13) shows
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that there is a linear dependency between the size of the filled area S f of the micro
channel and the received peak signal amplitude Â at the transducer. The slope of
the straight line represented by Eq. (4.13) is mainly determined by R LL
pw . It can be enhanced, if a liquid inside the micro channel is used, which has an impedance larger
than that of water. However, it must not become larger than the impedance of PMMA
in order to avoid the signals reflected form the empty and the filled measuring channel to have opposite phases.
Eq. (4.13) describes the fundamental linear relation between the signal picked up
by the transducer and the size of the filled part of the micro channel for the very special case depicted in Figure 4.4. This relation will accompany us throughout the rest
of this work. Basically, Eq. (4.13) exhibits a very simple read-out method, which can
be applied to compute the fill level of the measuring channel after having measured
the peak amplitude of the reflected echo. It is important to point out that this method
does not require the acquisition of high resolution 3D ultrasound data sets, because
the information contained in the echo of a single A-scan is sufficient to perform the
read-out. This property appears to be very promising, since it allows the application of the relatively low imaging frequencies found in common medical ultrasound
devices.
However, the evaluation of the formula ultimately requires a setup in accordance
with Figure 4.4. In a practical application such an installation is obviously difficult or
even impossible to implement. The reasons for this are manifold:
Pressure in the far field: The sensor will be covered by inhomogeneous tissue, which

causes, among other things, variations of the pressure amplitude in the far field
of the transducer. The read-out according to Eq. (4.13) in contrast requires a constant amplitude over the extent of the insonified area of the measuring channel.
Theoretically, such a sound field could be generated by means of a 2D phased
array transducer. However, the appropriate excitation signals driving the individual transducer elements cannot be determined, due to the lack of information about the structure and acoustic properties of the tissue.
Size of the pressure field: In a practical situation the WIPSS is surrounded by scat-

tering tissue. Consequently, the signal from the micro channel will be superimposed by noisy echoes originating from regions outside the WIPSS, in case the
lateral dimension of the sound field exceed the size of the WIPSS. Therefore,
the sound field to be generated must cover a clearly defined area given by the
size and position of the WIPSS, whereas inside this area the pressure needs to
have a constant peak amplitude and outside it must be zero. The same reasons
as given above are responsible that such a sound field cannot be created.
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Insonification angle: Assuming that a pressure field meets the requirements needed

for the read-out could be generated, measurements could still be inaccurate,
because non-perpendicular insonification would immediately affect the signal
amplitude and lead to an erroneous interpretation of the received signal.
In the following chapters the basic read-out principle is adapted, so that its application is more practical under realistic conditions. It is further envisaged to finally use
a commercial ultrasound imaging system, instead of a device, which is solely able to
perform the read-out of the WIPSS. Before the read-out method will be described, the
conditions under which it is supposed to be applied, are formulated.
4.3.2 Conditions

The read-out method is based on several more or less restrictive conditions:
Negligible effect of transversal waves: In human tissue transversal waves cannot
develop, since the tissue essentially consists of fluids. In the WIPSS the situation is
different, since it is made of a solid material. When a wave front enters the WIPSS,
several mode conversion combinations occur, if insonification is not perpendicular
with respect to the surface of the WIPSS. This case is summarized in Figure 4.5. It
depicts the propagation paths of a plane wave entering the WIPSS at an angle θ1L . The
wave is reflected either at the calibration or the measuring channel before it leaves the
WIPSS. This gives rise to mode conversions and refraction effects at every interface
along the propagation paths.
The indices of the various angles shown in the figure denote the number of the
path section followed by a combination of the letters L (longitudinal) and T (transversal) indicating the type of mode conversion at the beginning of the respective path
section. In total there are four possible propagation paths, whose respective mode
conversions and angles are compiled in Table 4.2. A wave following propagation

Table 4.2: Possible mode conversions inside the WIPSS. Waves traveling along propagation
path 1 always exit the WIPSS before the other waves.

prop.
prop.
prop.
prop.

path 1
path 2
path 3
path 4

path section 1
mode
angle
L
θ1L
L
θ1L
L
θ1L
L
θ1L

path section 2
mode
angle
L
θ2LL
T
θ2LT
L
θ2LL
T
θ2LT

path section 2
mode
angle
L
θ3LL
L
θ3TL
T
θ3LT
T
θ3TT

path section 3
mode
angle
L
θ4LL
L
θ4LL
L
θ4TL
L
θ4TL

path 1 (Figure 4.5, top left), does not encounter mode conversions. From now on we
will refer to it as the primary wave. On the other hand, along propagation paths 2/3
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d
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d
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air or water

θ1L

θ1L

θ4TL

θ4TL

propagation path 3

propagation path 4

θ2LL

θ3LT

d

d
θ2LT

θ3TT

Figure 4.5: Mode conversions in the WIPSS in case that the entering wave is reflected at the calibration or measuring channel. In the situation shown in the top left picture the incident wave
does not encounter mode conversions. In each of the other situations, two mode conversions
occur.

(Figure 4.5, top right and bottom left) and 4 (Figure 4.5, bottom right), waves are affected by mode conversions. Henceforth, they will be called secondary waves. As it
will be seen later, waves on propagation paths 2 and 3 exhibit almost the same properties, which is the reason, why they are treated together. With Snell’s Law (Eq. (2.8))
it immediately follows that:
θ2LL = θ3LL = θ3TL

(4.14a)

θ2LT = θ3TT = θ3LT

(4.14b)

θ1L = θ4LL = θ4TL

(4.14c)

Generally the development of transversal waves is of minor importance, as long as
the insonification angle and/or the impedance mismatch between the individual ma-
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Figure 4.6: Arrival times of waves reflected at (a): the calibration channel and (b): the measuring channel. —: 4t1 (propagation path 1), — 4t2 (propagation path 2 and 3),4t3 , —: 4t4
(propagation path 4)

terials are small. This will be shown by means of numerical examples corresponding
to the situations shown in Figure 4.5. First we compute the time 4tn the waves need
for the individual round trips, which begin at the point, where the incident wave enters, and ends, where the waves exit the WIPSS. 4tn is computed with the general
expression
d
d
4tn =
+
,
(4.15)
cos(θ2Lx )c px
cos(θ3xy )c py
where n represents the number of the propagation path, x and y are replaced by L and
T in accordance to the choice of n and d is the distance between the front plane of the
WIPSS and either the calibration channel (d=dc ) or the measuring channel (d=dm ). c pL
and c pT are the longitudinal and transversal speeds of sound in PMMA, respectively.
The numerical results for 4tn are depicted in Figure 4.6a and Figure 4.6b. According to Figure 4.5 there are four propagation paths inside the WIPSS. In contrast only
three curves are shown in each of the plots, because propagation path 2 and 3 yield the
same results - as already mentioned. Because the longitudinal velocity in PMMA is
higher than the transversal velocity, secondary waves always arrive after the primary
wave. Comparing the two figures, it is noticeable that for θ1L < 10◦ secondary waves
reflected at the calibration channel simultaneously arrive with the primary wave reflected at the measuring channel. This leads to interferences, which could affect the
read-out of the sensor. However, since the calibration and the measuring channel
are placed side by side, such interferences could only become an issue in those regions, where a bounded ultrasound beam strikes both channels as it propagates in
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Figure 4.7: Amplitudes of waves reflected at the (a): filled and (b): empty measuring channel.
—: A LLLL , —: A LLTL ,A LTLL , —: A LTTL .
Absolute value of the relative amplitudes of waves reflected at the (c): filled and (d): empty
measuring channel. —: ArLLTL ,ArLTLL , —: ArLTTL .
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Table 4.3: Parameters applied to compute A LLLL , A LLTL , A LTLL and A LTTL .
symbol
cm
c pL
c pT
cw
ca
ρm
ρp
ρw
ρa

value
1540 m/s
2680 m/s
1320 m/s
1523 m/s
343 m/s
1.04 · 103 kg/m3
1.2 · 103 kg/m3
≈ 1.0 · 103 kg/m3
≈ 0 kg/m3

description
speed of sound in muscle tissue
longitudinal speed of sound in PMMA
transversal speed of sound in PMMA
speed of sound in water at 37◦ C
speed of sound in air
density of muscle tissue
density of PMMA
density of water
density of air

reference
[80]
[93]
[93]
[95]
[93]
[92]
[93]
[93]
[93]

the WIPSS. This would be typically the case in a narrow region around the center of
the WIPSS. Here, we have anticipated that the future read-out will include focused
ultrasound waves.

Moreover, we discover certain amplitude dependencies of the primary and secondary waves with respect to the insonification angle. As it will be explained in
Chapter 5, this might cause some difficulties associated with the read-out. The plots
collected in Figure 4.7 elucidate this fact. Figure 4.7a shows the amplitudes of the various waves emerging from the WIPSS after it has been insonified by a plane wave,
which is reflected at the filled measuring channel inside the WIPSS. It is clearly seen
that the amplitude of the primary wave A LLLL (red) becomes smaller, the larger the
insonification angle gets. At the same time the secondary waves A LLTL ,A LTLL (green)
and A LTTL (blue) start to develop. Equal phenomena are observed in the case that
the measuring channel is empty, as shown in Figure 4.7b. The amplitudes were obtained by simply multiplying the transmission and reflection coefficients related to
the individual propagation paths and by neglecting possible multiple reflections inside the measuring channel. The respective model parameters are summarized in
Table 4.3. Note that this reflection model is only an approximation of the real conditions, since the measuring channel is not an infinite plane reflector as actually required by Eq. (2.6a) - Eq. (2.6h) used to compute the coefficients. Finally, Figure 4.7c
and Figure 4.7d show the absolute value of the relative amplitudes of the waves reflected at the filled and empty measuring channel, respectively. They are defined as
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follows:
A LTLL (θ1L )
A LLLL (θ1L )
A LLTL (θ1L )
ArLLTL (θ1L ) =
A LLLL (θ1L )
A LTTL (θ1L )
ArLTTL (θ1L ) =
A LLLL (θ1L )
ArLTLL (θ1L ) =

(4.16a)
(4.16b)
(4.16c)

The relative amplitudes emphasize the relation between the amplitudes of the primary and the secondary waves.
We conclude that transversal or secondary waves, can be neglected, since they generally do not interfere with the primary echo. If interferences should occur, however,
they are of marginal importance, because secondary waves are more than 20 times
smaller than primary waves, considering insonification angles that do not exceeding
5◦ . Therefore, in subsequent explanations the WIPSS will be treated as if it entirely consists
of fluids, i. e. transversal waves are omitted. Consequently, we will refer to the stress
fields inside the WIPSS as pressure fields.
Weakly focused transducer: A weakly focused transducer is an important prerequisite for the read-out of the WIPSS. It guarantees refraction effects at the tissue-WIPSS
interface to remain small and that the incident wave fields at the calibration channel
and the measuring channel will have an almost identical pressure distribution. Moreover, the pressure field at the front plane of the WIPSS will have a similar shape but a
different amplitude compared to the pressure fields inside the WIPSS. This situation
is depicted in Figure 4.8.
The term weakly focused is often used but it remains a rather inaccurate expression,
because no consistent definition could be found. Therefore we will introduce our
own definition: A transducer with a focal distance f t is considered. It is continuously excited with a sinusoidal signal with a frequency ω and irradiates the WIPSS,
whose front plane coincides with the focal plane of the transducer. With pcc (ω, r )
and pmc (ω, r ) denoting the complex pressure amplitudes at the calibration and the
measuring channel, respectively, the transducer fulfills the criterium of being weakly
focused, if:
| pcc (ω, r )| − | pmc (ω, r )|
≤ 5%,
(4.17)
max | pcc (ω, r )|
where r is the distance between the observation point and the center axis of the ultrasound beam. We will now compute the pressure fields at the calibration and the
measuring channel in order to show that if the transducer fulfills the criteria of being
weakly focused (Eq. (4.17)), the pressure distributions are very similar. To do this
Eq. (4.30) given by Schmerr [41] is used, which describes the pressure field inside
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transducer

pfp
dc

dm

pcc
calibration channel

pmc
measuring channel

Figure 4.8: Pressure fields at the front plane of and inside the WIPSS. Applying a weakly focused transducer, the pressure fields are qualitatively almost identical.

a medium 2 after a bounded ultrasound beam has propagated through a planar interface between medium 1 and 2 (Figure 4.11). A more detailed description of the
applied formula is given in Chapter 4.3.5.
If the model shown in Figure 4.11 is adapted to the application of the WIPSS, c1 and
c2 will become cm and c pL , respectively, and ρ1 and ρ2 will be ρm and ρ p (see Table 4.3).
Hence, medium 1 is muscle tissue and medium 2 is PMMA. Eq. (4.30) was evaluated
along three lines parallel to the x-axis at positions z = 0 mm (muscle-PMMA interface), z = dc = 1.6 mm (calibration channel) and z = dm = 2.4 mm (measuring channel).
Each of these lines is 4 mm long. The spherical focused transducer generating the
pressure fields was assumed to have a diameter Dt = 10 mm and the F-number Ft
was ranging from 2 to 7. It was excited with a continuous 5 MHz sinusoidal wave
of amplitude 1. The distance z0 between the transducer and the interface is equal to
the focal distance f t of the transducer, which is given by f t = Ft Dt . The curves in
Figure 4.9 show the normalized absolute value of the incident pressure fields p f p , pcc
and pmc at the front plane of the WIPSS (blue), at z = 1.6 mm (red) and at z = 2.4 mm
(green), respectively. For pcc and pmc the same normalization factor was used, as for
p f p . The simulation parameters are collected in Table 4.3
First of all, it can be seen that the smaller the F-number is, the better the focusing
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and the more pronounced the differences between the pressure fields at positions z =
1.6 mm and z = 2.4 mm become. In contrast, for larger F-numbers the pressure field
distributions become more similar and the focusing strength decreases. The same
behavior is observed with the pressure field at the interface taking into account the
LL between muscle tissue and PMMA. For this particular
transmission coefficient Tmp
example the transducer meets the condition given by Eq. (4.17), if its F-number is
LL ≈ | p | ≈ | p | can be assumed.
higher than 3, in which case | p f p | · Tmp
cc
mc
Sound field: The read-out method requires a transducer, whose sound field does
not depend on the scanning position. Consequently, sector scanners are not suitable
for the read-out, because focusing along the azimuth direction is performed by electronically tilting the sound beam. The insonification angle θ1L would therefore not
be constant and the sound field alters its shape as the tilt angle is changing. More
suitable would be the application of linear phased array transducers, which linearly
shift the sound beam along the azimuth direction. If scanning speed is not an issue,
annular or single element transducers could be used as well.
Constant fill level during scanning: While the read-out is in progress, the fill level
of the WIPSS must not change. This requirement should not be a major constraint,
since the acquisition of a 3D ultrasound data set takes less than a second, if 2D phased
array technology is used. The bandwidth of the sensor, however, is one Hertz or less.
Shape of the measuring and the calibration channel: The read-out requires the
measuring as well as the calibration channel to have identical dimensions and shapes.
The reasons for that will become clear, as soon as the read-out method will be introduced.
Position of the measuring and the calibration channel: The micro channels inside
the display must be located in such a way that no shadowing effects occur. This requires
both micro channels to be entirely ”visible” by the transducer performing the readout. In addition, with t p being the temporal length of the propagating pulse in the
WIPSS, the distances dc and dm between the front plane of the WIPSS and the micro
channels must be larger than t p c pL /2 in order to avoid echo E1 from interfering with
E2 and E3 (see Figure 4.10).
Position of the WIPSS: The tissue of up to 50 mm thickness covering the WIPSS
must not contain any anatomical structures, such as, for instance, bones, which cannot be penetrated by the applied ultrasound pulses.
Insonification Angle: With regard to its reflective behavior, the front side of the
display acts like a mirror. The signal reflected at it and picked up by the transducer
will therefore start to suffer from phase errors and the associated distortions as well
as from amplitude losses, when the insonification angle becomes bigger than 0◦ . It is
therefore recommended to keep the insonification angle within the range between 0◦
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Figure 4.9: normalized absolute value of the incident pressure fields p f p , pcc and pmc ;
p f p : —, pcc : —, pmc : —. The larger the F-number is, the more similar pcc and pmc become.
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Figure 4.10: Qualitative echoes from the WIPSS at two scanning positions.

and 5◦ .

4.3.3 Hypothesis: Linearity

In Chapter 4.3.1 a very simple read-out method has been introduced (Figure 4.4,
Eq. (4.13)) and it has been shown that this method is not suitable for a real application, because the required far field conditions are not achievable. Therefore, it is
intended to adapt the method in such a way that it will be possible to perform the
read-out with an ultrasound system providing spatially resolved 3D images. Note
that these images do not need to resolve the small geometric features of the micro
channel. From now on we will use the terminology introduced in Chapter 3.1 and
refer to the micro channel, which is filled with water, as the measuring channel.
In order to formulate the hypothesis the presence of a 3D ultrasound data set is
assumed, which has been acquired under the conditions outlined in Chapter 4.3.2.
By defining echo E1 (Figure 4.10) to be the interface echo, an interface-triggered Cscan Cm of the measuring channel can be computed, whereas the C-scan parameters
delay and width are given by the time delay between E1 and the echo from the measuring channel, E3 , as well as by the length of E3 . These preconditions give rise to the
following hypothesis:
a) It exists an area Sm , so that the integration of Cm over this area results in a quan-
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tity Am ( F ), which linearly depends on the fill level F of the measuring channel:
Am ( F ) =

x

Cm ( x, y) dx dy = a0 F + b0 ,

(4.18)

Sm

whereas interferences between E3 and echoes from the back side of the measuring channel are neglected (see Chapter 4.2.2).
b) By using Eq. (4.13) and by normalizing Am ( F ) to one, that is b0 = 1, then the
slope a0 in Eq. (4.18) is solely given by the moduli of the reflection coefficients
LL
R LL
pw and R pa at the PMMA-water and PMMA-air interface, respectively. This
proposition is supported by the work of McLaren and Weight [94], who predict that targets of equal size, but with different sound velocities and densities
will result in identical pulse shapes but different amplitudes. Assuming the usage
of distilled water to fill the measuring channel, an empty and completely filled
measuring channel would yield Am (0) = 1 and Am (1) = | R LL
pw | ≈ 0.36, respectively, assuming the acoustic parameters given in Table 4.3. Hence, the slope a0
in Eq. (4.18) would be approximately −0.36.
In b) we have seen that the normalization or calibration of Am ( F ) results in a predictable
slope a0 . This implies that before the normalization is carried out, a0 and b0 are in
some way dependent on the acoustic properties of the material between the WIPSS
and the transducer as well as the gain settings of the ultrasound receiver. Therefore,
the question arises how the normalization factor can be determined.

4.3.4 Hypothesis: Signal Calibration

A simple method to perform the signal calibration involves the emptying of the measuring channel followed by acquiring Cm and the computation of Am (0) according to
Eq. (4.18). As a result, Am (0) would be the actual normalization factor we are looking
for. It is apparent that this procedure is not practical with regard to the prospective
task of the WIPSS. More convenient is the application of signals from a calibration
reflector representing a known static fill level F0 . Due to the unknown acoustic properties of its covering tissue, the front surface of the WIPSS cannot be used for this purpose. Therefore, the calibration reflector is proposed to be inside the WIPSS, where
a priori known acoustic properties are present (see Chapter 3.1). It needs to be located
in such a way that its echo, E2 (Figure 4.10), as well as possible multiple echoes of E2
are clearly distinguishable from echo E3 originating from the measuring channel. Accordingly, it is possible to compute a C-scan Cc of the calibration reflector followed by
the formal integration of Cc over an area Sc defined by the lateral extent of E2 , which

91

4 Read-Out Method
yields:
Ac ( F0 ) =

x

Cc ( x, y) dx dy = a0 F0 + b0

(4.19)

Sc

We will now consider the cases, where the WIPSS is covered by either a material M(1)
(1)
(2)
or M(2) . The respective integrated C-scans are denoted Am and Am for the measuring
(1)
(2)
channel and Ac and Ac for the calibration reflector. Again, we refer to the work
of McLaren and Weight [94], which implicitly says that relative amplitudes of echoes
from reflectors having identical shapes and dimensions do not depend on the sound
field distribution at the reflector, but only on the reflection coefficients. In other words,
(1)
(1)
for a given material M(1) , the ratio of Am (0) and Am (1) is solely determined by
LL
| R LL
pa | and | R pw |:
(1)

A m (0)
(1)

=

A m (1)

| R LL
pa |
| R LL
pw |

(4.20)

| R LL
pa |
LL
| R pw |

(4.21)

And for material M(2) it analogical follows:
(2)

A m (0)
(2)

A m (1)

=

By combining Eq. (4.20) and Eq. (4.21) we can write:
(2)

(1)

(4.22a)

(2)

(1)

(4.22b)

A m (0) = β M A m (0)
A m (1) = β M A m (1)

where β M is a scaling factor. Eq. (4.22) and the hypothesis about the linear relation
between the integrated C-scan of the measuring channel and the fill level (Eq. (4.18))
immediately leads to the next hypothesis stating:
c) If the material M(1) is replaced by another material M(2) , a fill level independent
(1)
(1)
scaling of the initial quantities Am and Ac occurs:
(2)

(1)

Am ( F ) = β M Am ( F )
(2)

(1)

Ac ( F0 ) = β C Ac ( F0 ),

(4.23a)
(4.23b)

where β C is a scaling factor. If the measuring channel and the calibration reflector have identical shapes and dimensions and if a weakly focused transducer is
used (Chapter 4.3.2), then β M ≈ β C = β. This has an interesting consequence for
(1)
(1)
(2)
(2)
the ratios Q(1) = Am /Ac and Q(2) = Am /Ac :
(2)

Q (2) =
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Am

(2)
Ac

(1)

=

β M Am

(1)
β C Ac

(1)

≈

Am

(1)
Ac

= Q (1) = Q

(4.24)
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Obviously Q(1) and Q(2) do not depend anymore on the material covering the
WIPSS. Hence, we can omit the superscripts (1) and (2), which indicate material dependency and write instead:
Q( F ) =

Am ( F )
= aF + b
Ac ( F0 )

(4.25)

LL
If R LL
pa , R pw and F0 are known and if it the attenuation in PMMA is neglected, the
parameters a and b can be computed by using Q( F0 ) = 1 and Am (0)/Am (1) =
LL
| R LL
pa | / | R pw |:

a=

1 − RQ
RQ (1 − F0 ) + F0

b = 1−


F0 1 − RQ
,
RQ (1 − F0 ) + F0

(4.26a)
(4.26b)

LL
where RQ = | R LL
pa | / | R pw |. The current WIPSS design envisages a second micro
channel having the same shape and dimensions as the measuring channel, to
be used as a reference reflector - or as we used to call it, a calibration channel
(Figure 4.10 and Figure 3.3). Since the calibration channel is empty, that is F0 =
0, a and b are reduced to:

a=

| R LL
1
pw |
− 1 = LL − 1 ≈ | R LL
pw | − 1
RQ
| R pa |

b = 1.

(4.27a)
(4.27b)

Finally, the fill level of the measuring channel can be determined by using Am
and Ac as follows:
F=

Am
Ac − 1
| R LL
pw | − 1

(4.28)

Eq. (4.28) represents the fundamental read-out principle, which we will investigate in
detail in the following section. This equation along with the design dependent strainfill level relation of the WIPSS allows to compute the strain, after having measured
Am and Ac [35].
4.3.5 Verification of the Hypotheses

In the previous section a novel read-out method for the WIPSS has been proposed,
which is based on several hypotheses. The purpose of this section is, to derive the
linear relation between Am and F described by Eq. (4.18) and to prove the calibration
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concept expressed by Eq. (4.25). The derivation of Eq. (4.18) will be carried out in
detail, so that it is possible to clearly point out simplifications and assumptions made
during the course of the derivation. This will make it easier to show, under which
conditions the proposed method is valid and where limitations are being expected.
The task to be done is to model the propagation of ultrasound waves through the
tissue-PMMA interface, their reflection at the calibration and the measuring channel
and finally the back-propagation to the transducer working in receive mode. The
model will take into account the following:
• One layer of human tissue covering the WIPSS. The tissue is assumed to be
homogenous (Chapter 4.1) and it will be modeled using a frequency dependent
attenuation and speed of sound.
• For the reasons given in Chapter 4.3.2 the PMMA will be treated as a fluid-like
medium. Therefore, transversal waves are not considered in the model.
• Since attenuation in PMMA is around 1 dB/(cm · MHz) (Chapter 5.2.3), it will
slightly affect the read-out. As a result, attenuation in PMMA needs to be
taken into account. Note that the hypothesis about the signal calibration (Chapter 4.3.4) assumed that no attenuation takes place in PMMA.
• Arbitrary insonification angle.
• Arbitrary transducer excitation function.
• Arbitrary transducer aperture; this can either be a single element or a multi
element (phased array) aperture.
• Refraction effects at the tissue-PMMA interface.
• Multiple reflections within the filled measuring channel.
The derivation of the model is divided in three steps. First, we will take a closer look
at waves propagating from the transducer to the interior of the WIPSS. The respective equation has already been used in Chapter 4.3.2. However, this equation does
only provide an approximated value for the pressure inside the WIPSS. Therefore, we
will give some more background information of this equation, since this is important
for the subsequent explanations. The second step deals with the reflection problem
inside the WIPSS. Here, we will go more into detail, since reflections at the micro
channels is a crucial topic. In the third step waves originating from the WIPSS and
propagating back to the transducer, will be explained.
The three individual situations will be combined in order to obtain a closed expression for the entire transmit-reflect-receive process associated with the read-out of the
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WIPSS. Finally, this expression will be applied to prove the hypotheses from Chapter 4.3.3 and Chapter 4.3.4.
4.3.5.1 Incident Sound Field Inside the WIPSS

Computing the pressure inside the WIPSS essentially boils down to the general problem of bounded waves propagating from a medium 1 (tissue) to a medium 2 (PMMA)
separated by an infinite plane interface. The term bounded wave means that most of the
sonic energy is concentrated in a relatively small, almost cylindrical volume. However, diffraction effects will cause a certain spreading of the wave and therefore a part
of the sonic energy will always be present outside the main beam. Hence, a so called
bounded wave is basically unbounded.
The pressure field shall be generated by a transducer, which is assumed to accommodate an unlimited number of point sources on its front surface (Eq. (2.9)) and
which is located in medium 1. The spherical waves emitted by these point sources
arrive in medium 2 after having passed the interface between the two media. The
description of this process is a rather complex problem, which can be tackled by decomposing the spherical waves into plane waves [41, 96]. As a result, the sound field
produced by the transducer will alternatively be considered to be the superposition
of individual plane waves.
The initial problem has therefore been converted to a new task dealing with the
transmission of a set of plane waves through an infinite plane interface. This appears
to be relatively simple, since the transmission of plane waves through a plane interface between two media is described by a closed formula usually found in standard
textbooks about ultrasonics. However, if we look at the plane wave decomposition
of spherical waves [41, 96]
∞
i x i(k1 r1 +k2 r2 +k3 r3 ) dk1 dk2
eikr
=
e
r
2π
k3

(4.29)

−∞

we recognize that k3 = (k2 − k21 − k22 )1/2 can become imaginary. Hence, the expression on the right side of Eq. (4.29) does not only describe the superposition of plane
waves, but also the superposition of inhomogeneous waves [96]. In Eq. (4.29) r and k
are the lengths of the vector r = (r1 , r2 , r3 ) from the center of the spherical wave to
the observation point and the wave vector k = (k1 , k2 , k3 ), respectively.
An immediate consequence of Eq. (4.29) is that there exist a set of plane waves,
which strike the interface between medium 1 and 2 under angles exceeding the critical angle given by Snell’s Law. These waves encounter mode conversions and cause
the development of inhomogeneous waves in medium 2. However, their contribution
to the wave field in material 2 is considered to be negligible unless the observation
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Figure 4.11: Basic geometric situation of an ultrasound beam passing a flat interface between
two fluid like media.

point is very close to the interface [41]. Moreover, the effect of the inhomogeneous
waves directly arising from the plane wave decomposition of the spherical wave will
also be ignored.
In doing so, it is possible to compute the wave field inside medium 2 generated by
a transducer in medium 1, by substituting the term eikr /r in the Rayleigh-Sommerfeld
Integral (Eq. (2.9)) for the right side of Eq. (4.29) and applying the so called stationary phase method to evaluate the two inner integrals, which each range from minus
infinity to plus infinity [41]. The stationary phase method is actually a high frequency
approximation for the pressure in medium 2, whereas the wave number k2 is assumed
to be larger than 1000 m−1 . In the frequency range considered for the read-out, this
requirement is fulfilled, as the following example shows: With c pL = 2680 m/s and
the frequency spectrum of the ultrasound pulse ranging from approximately 1 MHz
to 9 MHz, we obtain 2344 m−1 < k2 < 21100 m−1 . Consequently, the pressure disturbance p2i (X, ω ) at an arbitrary point X in medium 2 caused by a transducer located
in medium 1 is given by ( [41], Figure 4.11):
p2i (X, ω ) = −

iωρ1 vtr x

2π
St

T12 (θ1L )eik1 D1 +ik2 D2

 1 dSt (Y),
2
c2 cos2 θ1L
c2
D1 + c D2 D1 + c cos2 θ D2
1

1

(4.30)

2LL

where D1 is the distance between the source point Y on the transducer and the point

96

4.3 Novel Read-Out Method Based on Integration of C-Scans
Z on the interface, D2 denotes the distance between Z and the point X inside medium
2, T12 (θ1L ) is the local transmission coefficient at Z and St and vtr are the size and the
velocity of the front surface of the transducer, respectively. Furthermore, D1 and D2
are defined as:
q
D1 = (z1 − y1 )2 + (z2 − y2 )2 + y23
(4.31a)
q
(4.31b)
D2 = ( x1 − z1 )2 + ( x2 − z2 )2 + x32 ,
where ( x1 , x2 , x3 ), (y1 , y2 , y3 ) and (z1 , z2 , 0) are the coordinates of X, Y and Z, respectively. The stationary phase method requires Z to be located in such a way that θ1L
and θ2LL meet Snell’s Law. It immediately becomes obvious, that the coordinates
(z1 , z2 ) of Z cannot be computed explicitly, but only by minimizing the error function [97]

E(X, Y, Z) =

x2 − z2
z − y2
− 2
c2 D2
c1 D1

2



+

z1 − y1
x − z1
− 1
c1 D1
c2 D2

2
,

(4.32)

assuming the interface to lie in the xy-plane.
With Eq. (4.30) we have presented an expression to compute the incident pressure
wave p2i at an arbitrary point X inside medium 2. Now we will introduce a reflector
in medium 2 and derive an expression for the reflected pressure field.
4.3.5.2 Reflection at the Micro Channels

Figure 4.12 shows the situation to be considered. An incident wave p2i having a
local propagation direction ei strikes a flat reflector located in medium 2, whereas
the front plane Sr of the reflector is parallel to the interface between medium 1 and
2. Essentially, p2i does not only interfere with Sr , but it will also interact with the
boundaries So and Sr∗ , which border medium 2. Obviously the reflector will be either
the measuring or the calibration channel and accordingly, medium 2 will be PMMA
and medium 3 will be water or air. The pressure amplitude p2r of the reflected wave
at an arbitrary point U shall now be computed assuming medium 2 to behave like a
fluid. This problem is commonly solved by using the so called integral representation
theorem for the pressure p2r [41]:
p2r (U, ω ) =

x
S

p(X, ω )

∂G (X, U, ω )
∂p(X, ω )
− G (X, U, ω )
dS(X),
∂n(X)
∂n(X)

(4.33)

where the integration area S = So + (Sr∗ + Sr ) is the sum of the outer and the inner
surfaces confining medium 2, p(X, ω ) and ∂p(X, ω )/∂n(X) are the pressure and its
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Figure 4.12: Basic geometric situation of an incident plane wave being reflected at a plane
reflector.

normal derivative at a point X on S and n(X) is the normal pointing into medium 2.
p(X, ω ) and ∂p(X, ω )/∂n(X) are given by
p(X, ω ) = p2i (X, ω ) + p2r (X, ω )

(4.34)

∂p(X, ω )
∂p (X, ω ) ∂p2r (X, ω )
= 2i
+
,
∂n(X)
∂n(X)
∂n(X)

(4.35)

and

Furthermore, G (X, U, ω ) is the fundamental solution of the wave equation for a fluid:
G (X, U, ω ) =

eik2 |X−U|
4π |X − U|

(4.36)

It yields the amplitude at an arbitrary location U of the spherical wave generated
by a point source vibrating with a frequency ω and being situated at point X and
∂G (X, U, ω )/∂n(X) is the respective normal derivative given by:


∂G (X, U, ω )
1
(X − U) • n
= G (X, U, ω ) ik2 −
∂n(X)
|X − U|
|X − U|

(4.37)

Eq. (4.33) is a general integral representation for the reflected pressure p2r (U, ω ) at
any point U in medium 2 in terms of surface values of the pressure p and its normal
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derivative ∂p/∂n. If it is possible to determine p and ∂p/∂n on the surface S confining
medium 2, then p2r can be computed everywhere in medium 2 [41, 98].
Unless a very simple geometric situation is present, the integral equation cannot
be solved explicitly. However, with the application of pulsed instead of continuous
ultrasound waves for the read-out in conjunction with the particular design of the
display, it is still feasible to make reasonable assumptions about the pressure and its
normal derivative on the boundaries So , Sr∗ and Sr of the display and to derive an
explicit expression for p2r (U, ω ).
First, a closer look is taken at the outer boundary So of medium 2. Assuming the
incident wave to be a continuous wave, the pressure at U will be the superposition of
the incident wave and the waves reflected at Sr∗ , Sr and So . However, as we are only
interested in the contribution of the reflected waves, we do not take into account the
incident wave, when computing the pressure at U.
The situation described generally gives rise to multiple reflections, which immediately lead to extremely complicated pressure patterns in medium 2 making it impossible to obtain an explicit solution for Eq. (4.33). The read-out of the WIPSS, however, is based on pulsed ultrasound signals consisting of about two to three cycles.
This does not prevent the propagating pulse to be reflected at each of the boundaries, but it prevents interferences between, for instance, the pulse reflected at Sr
and the one reflected at So , because Sr and So are sufficiently far away from each
other. In fact, the distance between Sr and So needs to be larger than half of the pulse
length, which would be about 0.67 mm assuming a 5 MHz pulse having 2.5 cycles
and c2 = 2680 m/s. As a result, So does not need to be taken into account, when the
pressure at U is being computed, after a pulsed wave has been reflected at the surface
Sr .
Ignoring the surface So is equivalent to projecting it to infinity, where the Sommerfeld radiation condition is fulfilled [41, 98]. This means that interactions between the
incident wave and the outer boundary of medium 2 can be treated as if medium 2
was infinite in its extent. It is important to point out that this is a very useful simplification, which only mildly restricts the usefulness of the solution of the reflection
problem we are seeking.
More of a limiting factor with respect to the accuracy of the model is the assumption that those surfaces belonging to Sr∗ , which are parallel to the z-axis are perfectly
acoustically absorbent, so that circumferential waves cannot propagate when they
strike these surfaces [98]. Hence, their influence will be neglected while evaluating Eq. (4.33). However, it should not be forgotten that circumferential or creeping
waves will always be present, even if the propagation direction of the incident wave
is parallel to the normal of Sr . The above made simplification implies that interac-
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tions between the side walls of the micro channels and the incident waves will be
neglected.
At the moment, we will also ignore possible multiple reflections within the reflector.
They would occur between its front plane Sr and the back plane, which is a part of
Sr∗ . The side planes would not be involved in multiple reflections, since we have
assumed them to be perfectly absorbent, as discussed above. Therefore, the initial
boundary value problem (Eq. (4.33)), which would have required determining the
values of the pressure and its derivative on all the surfaces confining material 2, has
been simplified to a problem involving only a single relevant boundary, namely Sr ,
on which these values need to be computed.
Now the question arises, how the pressure p and its derivative ∂p/∂n on Sr can
be derived. If D denotes the typical characteristic dimension of the reflector, then for
k2 D  1 the reflected wave at X is approximately the same as the one reflected at an
infinite plane interface, whose normal coincides with that of Sr . Regarding a micro
channel, the above condition is only partially fulfilled, since D is only 0.1 mm, if it is
measured across the micro channel. Therefore, k2 D ≈ 1.17 at 5 MHz. However, if it
is measured along the micro channel, D is in the order of a millimeter and therefore
the requirement k2 D  1 is met. In addition to the condition concerning its size, the
reflector must be flat or of convex shape in order to prevent multiple reflections on
the surface [98]. This prerequisite is definitely fulfilled by the micro channels. Hence,
the local behavior of Sr will be treated as if Sr is an infinite plane interface and since
p2i locally acts like a plane wave, p on Sr is given by:
p(X, ω ) = p2i (X, ω ) + p2r (X, ω ) = p2i (X, ω )( R23 (θ, X) + 1),

(4.38)

where R23 (θ, X) is the reflection coefficient at the point X, which depends on the insonification angle θ given by the propagation direction ei of p2i and the normal n(X)
of the reflecting surface (Figure 4.12). In fact Eq. (4.38) is only valid in the so called
paraxial approximation, since p2i is the superposition of an infinite number of waves
propagating along various directions, therefore requiring R23 to be computed for every of these waves separately. However, in the paraxial approximation, the propagation directions of the waves at X are taken to be a fixed direction ei parallel to the
vector (X − Zc ) [41]. Zc is a point on the interface, whose coordinates are computed
by means of Eq. (4.32), in which Y is replaced by the point Yc in the center of St .
The same arguments as stated above lead to an expression for ∂p/∂n:
∂p (X, ω ) ∂p2r (X, ω )
∂p (X, ω )
∂p(X, ω )
= 2i
+
= 2i
(1 − R23 (θ, X)).
∂n(X)
∂n(X)
∂n(X)
∂n(X)

(4.39)

In the current situation the normal n is simply given by n = (0, 0, −1), because Sr
is parallel to the xy-plane and n is pointing inward with respect to medium 2. As a
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result, Eq. (4.39) reduces to:
∂p(X, ω )
∂p (X, ω )
= − 2i
(1 − R23 (θ, X)).
∂n(X)
∂x3

(4.40)

Attempting to find a solution for Eq. (4.40) immediately causes difficulties, since D1 ,
D2 , θ1L , θ2LL as well as T12 in Eq. (4.30) cannot be expressed explicitly. However, as
all these five parameters depend on X, their derivatives with respect to x3 must be
determined in order to compute ∂p2i /∂x3 .
A suitable approximation for this problem can be found by introducing a new interface point Z0 , which lies on the straight line that goes through X and Y (Figure 4.12).
Thus, we obtain new, explicit values for the five parameters mentioned above and
p2i (X, ω ) approximately yields:
p2i (X, ω ) ≈ p2i0 (X, ω )

=−

iωρ1 vtr x T12 (θ1L0 )eik1 D10 +ik2 D20
dSt (Y),
2π
D10 + cc2 D20
St

(4.41)

1

where D10 and D20 are the distances between the new interface point Z0 and Y as
well as Z0 and X, respectively, and θ1L0 is the angle between D10 and n. With


y3 ( x2 − y2 )
y3 ( x1 − y1 )
, y2 −
,0
(4.42)
Z0 = (z01 , z02 , z03 ) = y1 −
x3 − y3
x3 − y3
D10 and D20 are therefore given by:

D10 =

D20 =

y3 ( x1 − y1 )
x3 − y3

2



+

y3 ( x2 − y2 )
x3 − y3

y3 ( x1 − y1 )
x1 − y1 +
x3 − y3

2

2

!1
2

+ y23

y ( x − y2 )
+ x2 − y2 + 3 2
x3 − y3


(4.43a)
!1

2

2

+

x32

.

(4.43b)

Before, we proceed with the computation of ∂p2i0 /∂x3 , we will give numerical examples for p2i0 and compare them with the exact solution p2i given by Eq. (4.30). For this,
the same situation is considered as in Chapter 4.3.2, where p2i has been computed for
F-numbers ranging from 2 to 7 and a transducer has been used, whose diameter Dt is
10 mm and oscillating frequency is 5 MHz. Since the results for p2i0 and p2i are very
similar, especially for high F-numbers, we only provide the resulting relative error
defined as:
| p (X, ω )| − | p2i (X, ω )|
ε p ( p2i0 (X, ω )) = 2i0
(4.44)
max(| p2i (X, ω )|)
Figure 4.13 depicts ε p ( p2i0 ) evaluated on two lines parallel to the x-axis at z = 1.6 mm
(solid line) and at z = 2.4 mm (dashed line). The curves clearly show that ε p ( p2i0 ) becomes smaller, the larger the F-number gets. Because the read-out requires a weakly
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focused transducer (Chapter 4.3.2), the appropriate F-numbers will be equal or higher
than 4 and therefore ε p ( p2i0 ) will be smaller than 2 %. We conclude that if the read-out
condition with respect to the F-number is fulfilled, p2i0 is an excellent approximation
for p2i . Now, we will derive an expression for ∂p2i0 /∂x3 . For that, Eq. (4.41) is rewritten as follows:
x
A
(4.45)
T12 (θ1L0 ) dSt (Y),
p2i0 (X, ω ) = C0
B
St

where A, B and C0 are given by:
A = eik1 D10 +ik2 D20
c2
B = D10 + D20
c1
iωρ1 vtr
C0 = −
2π

(4.46a)
(4.46b)
(4.46c)
(4.46d)

Expressing ∂p2i0 /∂x3 in terms of derivatives of A, B and C0 therefore yields:
x
∂p2i0 (X, ω )
∂x B − A ∂x3
dSt (Y),
= C0
T12 (θ1L0 ) 3
∂x3
B2
∂A

∂B

(4.47)

St

In Eq. (4.47) it is assumed that the dependency of T12 (θ1L0 ) with respects to x3 is
negligible. As a result, we do not take into account the small contribution of ∂T12 /∂x3
to the final result. The partial derivatives of A and B in Eq. (4.47) are given by:


∂A
∂D
∂D
= A ik1 10 + ik2 20
(4.48a)
∂x3
∂x3
∂x3
∂B
∂D10
c ∂D20
=
+ 2
(4.48b)
∂x3
∂x3
c1 ∂x3
Finally we need to provide the expressions for the partial derivatives of D10 and D20
in order to be able to compute ∂p2i0 /∂x3 . The respective quantities are given by:
2
y3
( x1 − y1 )2 + ( x2 − y2 )2
x3 − y3
x3 − y3


1
y3 ( x1 − y1 ) y3 ( x1 − y1 )
−
x1 − y1 +
D20
x3 − y3
( x3 − y3 )2


1
y3 ( x2 − y2 ) y3 ( x2 − y2 )
−
x2 − y2 +
D20
x3 − y3
( x3 − y3 )2

1
∂D10
=−
∂x3
D10
∂D20
x
= 3
∂x3
D20



(4.49)

(4.50)

By using Eqs. (4.48a), (4.48b), (4.49) and (4.50) in Eq. (4.47), ∂p2i0 /∂x3 can be computed. However, the handling of all the formulas is rather cumbersome, which is the
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Figure 4.13: relative error ε p ( p2i0 ) of the approximated incident pressure field p2i0 evaluated
on lines parallel to the x-axis for z = 1.6 mm (solid line) and z = 2.4 mm (dashed line). The
larger the F-number is, the smaller ε p ( p2i0 ) becomes.
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reason for the subsequent simplifications of Eq. (4.49) and Eq. (4.50). They can be
made by examining these expressions in detail and by keeping in mind the read-out
conditions as well as the design of the display:
∂D10 /∂x3 ≈ 0

(4.51)

∂D20 /∂x3 ≈ 1

(4.52)

and

By again considering the simulation setup applied to derive the curves in Figure 4.9
and Figure 4.13, numerical examples for Eqs. (4.49) and (4.50) will be given. For
the evaluations it was assumed that x3 = 1.6 mm and according to the F-numbers,
y3 was −20 mm, −40 mm and −60 mm for F = 2 (Figure 4.14a, Figure 4.14b), F =
4 (Figure 4.14c, Figure 4.14d) and F = 6 (Figure 4.14e, Figure 4.14f), respectively.
The curves in Figure 4.14 support the statements expressed by Eqs. (4.51) and (4.52)
and, as expected, the approximations for the individual derivatives become more
accurate the higher the F-number gets. Thus, the quantities given by Eq. (4.48a) and
Eq. (4.48b) are reduced to ∂A/∂x3 ≈ Aik2 and ∂B/∂x3 ≈ c2 /c1 . This in turn allows
to dramatically simplify Eq. (4.47) for which we obtain:
c2

x
Aik2 B − A c
∂p2i0 (X, ω )
1
dSt (Y)
≈ C0
T12 (θ1L0 )
∂x3
B2
St


x
c2 1
A
= C0
ik2 −
dSt (Y)
T12 (θ1L0 )
B
c1 B
St

≈ ik2 C0

x

T12 (θ1L0 )

St

(4.53)

A
dSt (Y)
B

= ik2 p2i0 (X, ω ),
where we used k2  (c2 /c1 )/B. The partial derivative of p2i0 (X, ω ) with respect to
x3 is therefore approximately given by the product of ik2 and p2i0 (X, ω ). The accuracy
of Eq. (4.53) is shown in Figure 4.15, which depicts the relative error defined as

ε dp

∂p2i0 (X, ω )
∂x3



=

∂p2i0 (X,ω )
∂x3

max



−

∂p2i (X,ω )
∂x3

∂p2i (X,ω )
∂x3



(4.54)

and evaluated for F-numbers ranging from 2 to 7 by using the same setup as in
the previous numerical example. In Eq. (4.54) ∂p2i /∂x3 was determined by keeping x1 and x2 constant and computing p2i at two different z-positions, which were
dz = 1/1000 · 2π/k2 mm apart from each other followed by building the ratio of the
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Figure 4.14: Partial derivatives of D10 (left column) and D20 (right column) with respect to x3
for (a),(b): F = 2, (c),(d): F = 4 and (e),(f): F = 6.
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difference of the two pressure values and dz:
p2i (( x1 , x2 , x3 +
∂p2i (X, ω )
=
∂x3

dz
2 ), ω )

− p2i (( x1 , x2 , x3 −

dz
2 ), ω )

dz



+O

dz2
4


.

(4.55)
Although numerous assumptions and their according simplifications have been
made in order to derive the very compact expression for ∂p2i0 /∂x3 , ε dp (∂p2i0 /∂x3 )
does not exceed 2 % for F-numbers equal or higher than 4. Note that a very similar result has been achieved for ε p ( p2i0 ) (Figure 4.13). If we combine Eq. (4.53) with
Eq. (4.41) we find:
∂p2i (X, ω )
≈ ik2 p2i (X, ω )
(4.56)
∂x3
Going back to the initial problem of the computation of the reflected sound field in
medium 2, we are now able to solve this by applying Eqs. (4.36), (4.37), (4.38), (4.40)
and (4.56) in Eq. (4.33). Hence, p2r (U, ω ) is approximately given by:


x
1
u3 − x3
eik2 |X−U|
ik2 −
p2r (U, ω ) ≈
p2i (X, ω )( R23 (θ, X) + 1)
4π |X − U|
|X − U| |X − U|
Sr

+

eik2 |X−U|
ik2 p2i (X, ω )(1 − R23 (θ, X))dSr (X)
4π |X − U|
(4.57)

This expression can be further simplified by assuming that the angle between vector (X − U) and n is small and k2  1/|X − U|. Both assumptions are reasonable,
since U will actually be a point on the transducer, after the reflected wave has backpropagated through the interface between medium 2 and 1 and in accordance with
the applied pulse frequency being in the range of 5 MHz, k2 is much bigger than
1 m−1 . Therefore, ik2 − 1/|X − U| ≈ ik2 and (u3 − x3 )/|X − U| ≈ −1. These approximations allow to express p2r in terms of the product of a complex amplitude Ar (X, ω )
and a spherical wave emerging from X:
p2r (U, ω ) ≈

x

Ar (X, ω )

Sr

eik2 |X−U|
dSr (X),
|X − U|

(4.58)

where Ar (X, ω ) is given by:
Ar (X, ω ) = −

ik2 R23 (θ, X) p2i (X, ω )
.
2π

(4.59)

4.3.5.3 Signal Received by the Transducer

So far we have computed the incident pressure (Eq. (4.30)) and the sound field, after
the incident beam has been reflected at a plane reflector, whose surface is parallel to
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Figure 4.15: Relative error ε dp (∂p2i0 /∂x3 ) of the approximated partial derivative of the incident pressure field ∂p2i0 /∂x3 evaluated on lines parallel to the x-axis for z = 1.6 mm (solid
line) and z = 2.4 mm (dashed line). The larger the F-number is, the smaller ε dp (∂p2i0 /∂x3 )
becomes.
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n

z

Figure 4.16: Basic geometric situation of waves originating from the reflector in medium 2 and
propagating towards a transducer situated in medium 1.

the interface between medium 1 and 2 (Eq. (4.58)). To complete the transmit-reflectreceive problem, the process of waves originating from medium 2 and propagating
back to medium 1, where they are detected by the receiving transducer, needs to be
discussed. This situation is shown in Figure 4.16. The problem to be solved is actually
the same as the one encountered when the pressure of the incident beam in medium
2 was computed (Eq. (4.30)). Accordingly, the pressure p1i at a point W on the surface
of the receiving transducer yields:
p1i (W, ω ) =

x
Sr

Ar (X, ω ) 

T21 (θ3LL )eik2 D3 +ik1 D4

 1 dSr (X),
2
c1 cos2 θ3LL
c1
D3 + c2 D4 D3 + c cos2 θ D4
2

(4.60)

4LL

where D3 is the distance between X and the interface point V and D4 is the distance
between V and W. V is computed with Eq. (4.32) in which the input variables need to
be changed accordingly. Eq. (4.60) can be rewritten so that its form is almost identical
to that of Eq. (4.30):
p1i (W, ω ) =

x
Sr
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Ar (X, ω )
k2 cos θ3LL
k1 cos θ4LL

T21 (θ3LL )eik2 D3 +ik1 D4


 1 dSr (X).
2
cos2 θ4LL
D4 + cc2 D3 D4 + cc2 cos
D
3
2θ
1
3LL
1
(4.61)

4.3 Novel Read-Out Method Based on Integration of C-Scans
The position of the transducer shall be defined by the center Yc of its front surface
St . Assuming that the total received signal Et (Yc , ω ) at the transducer is the integral
of the pressure at St [41] and by using Eq. (4.30), Eq. (4.59) and Eq. (4.61), Et finally
yields:
x
p1i (W, ω ) dSt (W)
Et (Yc , ω ) =
St

=C

x

(4.62)
R23 (θ, X)B12 (Yc , X) dSr (X)

Sr

C and B12 (Yc , X) are defined as follows:
C=−

ωk1 ρ1 vtr
4π 2

(4.63)

and
B12 (Yc , X) = B1 (Yc , X) B2 (Yc , X),

(4.64)

where the so called diffraction terms B1 (Yc , X) and B2 (Yc , X) are given by:
B1 (Yc , X) =

x
St

T12 (θ1L )eik1 D1 +ik2 D2


 1 dSt (Y),
2
c2 cos2 θ1L
c2
D1 + c D2 D1 + c cos2 θ D2
1

1

(4.65)

2LL

and
B2 (Yc , X) =

x
St



T21 (θ3LL )eik2 D3 +ik1 D4
cos θ4LL
dSt (W),

 1 · cos θ
2
3LL
2
c2 cos θ4LL
c2
D4 + c D3 D4 + c cos2 θ D3
1

1

(4.66)

3LL

respectively.
Eq. (4.62) is similar to the equations given by McLaren and Weight [94] and Weight
and Hayman [99], who present expressions for the echo picked up by a transducer,
after it has irradiated an arbitrarily shaped rigid reflector surrounded by a fluid.
Schmerr [41] even gives closed formulas for the transmit-receive problem similar to
the one associated with the WIPSS. However, he does not explicitly solve the boundary value problem (Eq. (4.33)). Instead he introduces the so called far field scattering
amplitude, which itself can only be computed by solving the boundary value problem. Lhémery [98,100] actually solves this problem by making the same assumptions
about the behavior of the boundaries as we do, but he only discusses the case, where
a single medium is present.
4.3.5.4 Attenuation

Eq. (4.62) takes into account attenuation in medium 1 and 2, if the wave numbers are
changed into complex quantities. A general complex wave number k c is given by
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k c = k + iα Np (ω ) with α Np (ω ) being the attenuation coefficient given in Neper/m.
With this definition, the exponential functions in Eq. (4.65) and Eq. (4.66) become
Np

eikc1 D1 +ikc2 D2 = eik1 D1 +ik2 D2 e−α1
and

Np

eikc2 D3 +ikc1 D4 = eik2 D3 +ik1 D4 e−α1

Np

D1 −α2 D2

Np

D4 −α2 D3

(4.67)

,

(4.68)

respectively. These expressions can be further simplified, since the distances D1 , D2 ,
D3 and D4 vary only little and the attenuation terms are not very sensitive with respect to changes of theses distances. As a result Eq. (4.67) and Eq. (4.68) yield [100]:
Np

eikc1 D1 +ikc2 D2 ≈ eik1 D1 +ik2 D2 e−α1

Np

eikc2 D3 +ikc1 D4 ≈ eik2 D3 +ik1 D4 e−α1

Np

|yc3 |−α2 | x3 |
Np

|yc3 |−α2 | x3 |

,

(4.69)
(4.70)

Eq. (4.69) and Eq. (4.70) allow to a-posteriori compute the effect of the attenuation on
the received signal, which we can finally write as:
x
Et (Yc , ω ) = DC
R23 (θ, X)B12 (Yc , X) dSr (X),
(4.71)
Sr

where D is given by:
Np

D (yc3 , x3 ) = e−α1

Np

|2yc3 |−α2 |2x3 |

.

(4.72)

B1 , B2 (Eq. (4.64)) and D are actually the diffraction and attenuation terms, which
have already been introduced in Eq. (2.22) in Chapter 2.3.4.
4.3.5.5 Dispersion

Dispersion of waves is known as the effect of phase velocity changes as a function
of frequency [101]. The presence of a frequency dependent attenuating medium is a
sufficient and necessary condition for having dispersion. Consequently, dispersion
effects will be encountered in association with ultrasound waves propagating in human tissue. Basically, it causes higher frequency components of a signal to propagate
faster than low-frequency components, which results in distortions of the initial pulse
shape. Dispersion can be incorporated into Eq. (4.71) by using frequency dependent
instead of constant wave numbers. That is k1 and k2 become [102]:
k1 =

ω
c1 ( ω )

(4.73)

k2 =

ω
,
c2 ( ω )

(4.74)

and

where the measurement of c1 and c2 is described in Chapter 5.2.2.
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Figure 4.17: Transducer in scanning mode; for simplicity it is assumed that the center of the
reflector is on the z-axis of the coordinate system and the interface between medium 1 and 2
is not shown.

4.3.5.6 Electronic Noise

Electronic noise will always be present as a part of the measured data. It is a random process modeled with the random variable N (ω ), which is assumed to have a
Gaussian amplitude distribution and is added to the acquired A-scan Et (Yc , ω ) [102]:
Etn (Yc , ω ) = Et (Yc , ω ) + N (ω ),

(4.75)

4.3.5.7 Prove of the Read-Out Linearity and the Calibration

With Eq. (4.75) we have derived an expression, which allows to prove the linearity
hypothesis. In order to do so, the scanning process as well as the subsequent computation of the integrated C-scans need to be modeled.
Figure 4.17 shows a transducer in scanning mode located in medium 1. The light
grey circular area is a reflector (later this will be one of the micro channels) in medium
2. The interface between the two media lies in the xy-plane. It is not shown in order
to keep the sketch as simple as possible. The dark grey area on the reflector indicates
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the extent of the sound field. For convenience, it is assumed that the insonification
angle is 0◦ . The reflector has the shape of a circle, whose center is located at position
(0, 0, x3 ). Its radius is denoted by Rr . Since the sound field generated by the transducer is bounded, we can define a radius Rb , which limits the size of the sound field
at the position of the reflector. We define Rb to be the radius at which the amplitude
of the beam is 20 dB smaller with respect to its peak amplitude. The position of the
transducer is given by the center point Yc of its front surface. With these definitions, a
point X, which is on the reflector and within the sound beam is given by (Figure 4.17):
X = Yc + Zt + Xb ,

(4.76)

where Zt = (0, 0, −yc3 ) is a vector, whose length is determined by the distance between Yc and the front side of the WIPSS and which points in positive z-direction.
Xb is a vector given by the polar coordinates rb and ϕb : Xb = (rb cos ϕb , rb sin ϕb , x3 ).
Consequently, the integration range in Eq. (4.71) is reduced to the size of the sound
field on the reflector and the signal Etn (Yc , ω ) received by the transducer located at
Yc , yields:
Etn (Yc , ω ) = DC

Z2πZRb

R23 (θ, X)B12 (Yc , X)rb drb dϕb + N.

(4.77)

0 0

Generating the C-scan of the reflector simply involves the acquisition of the echo
signal Etn within the circular shaped area Ss = πR2s , which has a radius Rs = Rr + Rb .
At first, we remain in the frequency domain and derive an expression for the integrated C-scan A(ω ) of a circular shaped reflector as shown in Figure 4.17, whereas
A(ω ) is defined to be the integrated modulus of the complex values Etn lying within the
scanned area Ss :
A

(ω )

=

r + Rb
Z2π RZ

=

0
R
r + Rb
Z2π Z

| Etn (Yc , ω )| rr drr dϕr

0

0

DC

0

Z2πZRb

(4.78)
R23 (θ, X)B12 (Yc , X)rb drb dϕb + N rr drr dϕr ,

0 0

where Yc = (rr cos ϕr , rr sin ϕr , yc3 ) is now given in polar coordinates. Since the material between the transducer and the the WIPSS is assumed to be homogeneous (Chapter 4.3.2), B12 yields the same value independent of the scanning position Yc . Hence,
the parameter X in B12 can be replaced by Xb , which in turn requires B12 to be evaluated at the fixed transducer position Y0c = (0, 0, yc3 ):
A(ω ) =

r + Rb
Z2π RZ

0
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0

DC

Z2πZRb
0 0

R23 (θ, X)B12 (Y0c , Xb )rb drb dϕb + N rr drr dϕr

(4.79)
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As we will see in Chapter 5.1 the independency of B12 from the scanning position
allows a very fast numerical implementation of the entire scanning process. If the
signal to noise ratio is required to be more than 40 dB, the phase of Etn can be assumed
to be a constant and therefore it is allowed to perform the modulus operation after the
two double integrals have been computed:


R +R
R
A

(ω )

≈

r
Z2π Z

0

b

 DC

Z2πZ b

0

R23 (θ, X)B12 (Y0c , Xb )rb drb dϕb + N  rr drr dϕr

(4.80)

0 0

The integration over rr and ϕr can now be split into a sum of integrals, so that the
noise term
En =

r + Rb
Z2π RZ

0

appears separately:

R +R
A(ω ) =

r
Z2π Z

0

b

 DC

Z2πZRb

Nrr drr dϕr

(4.81)

0


R23 (θ, X)B12 (Y0c , Xb )rb drb dϕb  rr drr dϕr + En

(4.82)

0 0

0

Since the phase of N is a random variable with an uniform probability density function in the range between 0 and 2π, En is typically much smaller compared to the
integral over the product of B12 and R23 and can therefore be neglected. In addition,
if the integration order is altered, so that the integration over the cross sectional area of
the beam is performed last, A(ω ) yields:
 R +R

R
A(ω ) ≈ DC

Z2πZ b

r
Z2π Z


0 0

0

b

R23 (θ, X)B12 (Y0c , Xb )rr drr dϕr  rb drb dϕb

(4.83)

0

B12 does not depend on rr and ϕr . Hence, we are allowed to take it out of the two
inner integrals:
 R +R

R
A

(ω )

= DC

Z2πZ b
0 0

B12 (Y0c , Xb ) 

r
Z2π Z

0

b

R23 (θ, X)rr drr dϕr rb drb dϕb

(4.84)

0

Since the diameter of the beam is much smaller than the distance between the transducer and the reflector, the insonification angle θ does typically not vary more than
5◦ and the according variations of the reflection coefficient R23 do not exceed 2 %.
Therefore, we neglect the dependency of R23 on θ and apply a fixed insonification
angle θ0 , which in the current case is 0 degree (Figure 4.18). If it is further required
that the ring shaped area surrounding the reflector, which has a width of 2rb does
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Figure 4.18: Small variations of the insonification angle θ and the associated angular dependency of R23 are neglected. Instead, R23 is computed using a fixed insonification angle θ0 .

not contain any reflective structures, i. e. R23 = 0, it is allowed to reduce the integral
over rr to the range between 0 and Rr . As a result R23 (θ0 , X) must be replaced by
R23 (θ0 , Zr ):


R
A(ω ) = DC

Z2πZ b

B12 (Y0c , Xb ) 

0 0

Z2πZRr

R23 (θ0 , Zr )rr drr dϕr rb drb dϕb ,

(4.85)

0 0

where Zr = (rr cos ϕr , rr sin ϕr , x3 ) is a vector, which points from the origin to a point
on the reflector. Because the two inner integrals do not depend on rb and ϕb , they can
be separated from the outer integrals:
A

(ω )

= | DE0 |

Z2πZRr

R23 (θ0 , Zr )rr drr dϕr ,

(4.86)

0 0

where E0 is defined as:
E0 ( x3 ) = C

Z2πZRb

B12 (Y0c , Xb )rb drb dϕb .

(4.87)

0 0

E0 is a constant and in the case that the general circular reflector is replaced by the
measuring channel, the double integral in Eq. (4.86) obviously yields a value, which
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linearly depends on the fill level F:
Z2πZRr

R23 (θ0 , Zr )rr drr dϕr = S0




LL
LL
R LL
pw − R pa F + R pa ,

(4.88)

0 0

where S0 is the front area of the measuring channel (see Chapter 1.4). With x3 = dm
and dm being the distance between the front plane of the display and the measuring
channel and by applying Eq. (4.72), Eq. (4.86) and Eq. (4.88), the integrated C-scan
(ω )
Am of the measuring channel yields:


(ω )
LL
LL
Am = | D (yc3 , dm ) E0 (dm )| S0 R LL
(4.89)
pw − R pa F + R pa
(ω )

A very similar expression is obtained for the integrated C-scan Ac of the calibration
channel:


(ω )
LL
LL
Ac = | D (yc3 , dc ) E0 (dc )| S0 R LL
−
R
(4.90)
pw
pa F0 + R pa ,
where dc is the distance between the front plane of the display and the calibration
channel. Now we perform the calibration of the C-scan (compare with Eq. (4.25)) by
(ω )
(ω )
computing the quotient Q(ω ) of Am and Ac :


(ω )
− R LL
F + R LL
| E0 (dm )| R LL
Np
pw
pa
pa
A
− α2 2( d m − d c )


Q(ω ) = m
(4.91)
=
e
(ω )
LL
LL
Ac
| E0 (dc )| R LL
pw − R pa F0 + R pa
Since the read-out of the WIPSS requires a weakly focused transducer (Chapter 4.3.2),
E0 (dm ) is approximately equal to E0 (dc ) and with F0 = 0 and R LL
pa ≈ −1 Eq. (4.91)
reduces to:


Np
Q(ω ) ≈ e−α2 2(dm −dc ) R LL
(4.92)
pw + 1 F − 1
Np

Except for the factor e−α2 2(dm −dc ) that accounts for the attenuation in the display,
this is the same expression as Eq. (4.25) in which a and b are given by Eq. (4.27a)
and Eq. (4.27b), respectively. However, since the exact geometry and the acoustic
parameters of the display are known, the attenuation factor can be computed and
Q(ω ) can be corrected accordingly.
If R LL
pw is a real number, i. e. no multiple reflections occur in the measuring channel,
Eq. (4.92) proves the existence of the linear relation between the integrated frequency
domain C-scan of the measuring channel and the fill level F. Moreover, having done
the attenuation correction, Eq. (4.92) supports the hypothesis about the signal calibration. Hence, it is possible to perform a calibration, so that the determination of the fill
level becomes independent of medium 1 between the WIPSS and the transducer as
well as of medium 2. This can immediately be seen by considering Eq. (4.92), which
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does not contain any expressions that depend on medium 1. During the derivation
of Eq. (4.92) it has also been shown that additive noise will cancel as a result of the
integration over Ss .
In case multiple reflections in the measuring channel are considered, R LL
pw needs to
be replaced by a complex quantity. As a result, the modulus operation in Eq. (4.79)
must not be removed and Q(ω ) does not linearly depend on F anymore. This behavior
will be investigated and discussed in detail in Chapter 5.4.3.
We recall that Eq. (4.92) is only valid in the frequency domain. The probably
strongest assumption made during the course of the derivation of Eq. (4.92) is that
E0 (dm ) and E0 (dc ) are independent of the scanning position Yc . Working with real
tissue, this assumption is rather optimistic, since small sound speed variations will
always lead to certain distortions and deflections of the sound beam. With proper
preprocessing steps, this unwanted behavior can partially be compensated as we will
see later.
The result obtained for the read-out in the frequency domain can be used to show
that Eq. (4.25) is also valid in the time domain. For this purpose the excitation function Sexcit (ω ) (see Chapter 5.2.1) needs to be introduced in Eq. (4.89) and Eq. (4.90).
Sexcit (ω ) accounts for the fact that the transducer is typically excited with a short
voltage pulse instead of a continuous sinusoidal signal. In addition, if the attenuation of the PMMA is compensated and the modulus operations are neglected, two
new expressions for the integrated frequency domain C-scans of the measuring and
the calibration channel, respectively, are obtained:



0(ω )
LL
LL
Am = Sexcit E0 (dm )S0 R LL
−
R
F
+
R
(4.93)
pw
pa
pa
and
0(ω )

Ac

= Sexcit E0 (dc )S0





LL
LL
R LL
pw − R pa F0 + R pa .

(4.94)

By applying the inverse Fourier transform on the above expressions, we obtain the
integrated time domain C-scans


n
o 
0(t)
LL
LL
(4.95)
Am = F −1 Sexcit E0 (dm ) S0 R LL
pw − R pa F + R pa
and
0(t)

Ac
0(t)



n
o 
LL
LL
= F −1 Sexcit E0 (dc ) S0 R LL
pw − R pa F0 + R pa .
0(t)

(4.96)

Essentially, Am and Ac are the results achieved by integrating the values of the
attenuation-corrected time domain C-scans of the calibration and the measuring channel, where the C-scans have been computed with a gate (Chapter 2.1) having an infinitesimal small width. Note that the width of such a gate corresponds to only one
sampling period of the analog to digital converter in a real application.
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0(t)

Again, the calibration is performed by computing the quotient Q0(t) of Am and
which yields:




LL F + R LL
F −1 Sexcit E0 (dm ) S0 R LL
−
R
pw
pa
pa



Q0(t) =

−
1
excit
LL
LL
F
S
E0 (dc ) S0 R pw − R pa F0 + R LL
pa


(4.97)
LL
LL
R LL
pw − R pa F + R pa

≈ 
LL
LL
R LL
pw − R pa F0 + R pa

0(t)
Ac ,

If it is again assumed that R LL
pa ≈ −1 and F0 = 0, then Eq. (4.97) can be simplified as
follows:


Q0(t) ≈ R LL
(4.98)
pw − 1 F + 1
Eq. (4.98) proves the validity of Eq. (4.25) in the time domain for the special case,
where the gate width is infinitesimal small. In practical situations, this condition
cannot be provided. However, the use of interface triggering allows to apply a gate
having a width much smaller than half of the wavelength. Such a gate is therefore a
good approximation for one that has an infinitesimal small width. It is important to
point out that the derivation of Eq. (4.98) is only valid, if multiple reflections in the
measuring channel are neglected. As it will be seen in Chapter 5.4.5.2 such multiple
reflections can lead to calibration errors and to rather unpredictable read-out results.
4.3.5.8 Summary of the Conditions Under Which the Model is Valid

In the last chapters a model has been developed, which allows to efficiently compute
the echoes originating from the WIPSS. During the course of the derivation numerous more or less restrictive assumptions have been made in order to obtain the very
compact expression, Eq. (4.62), which describes the entire transmit receive process of
the transducer. Furthermore, Eq. (4.62) has been used to prove the hypotheses about
the linear relation between the integrated C-scan of the measuring channel and its
fill level (Chapter 4.3.3) as well as the signal calibration concept (Chapter 4.3.4). The
following listing provides a summary of the assumptions that were necessary for the
above mentioned derivations:
• All materials are treated as fluids and therefore the development of transversal
waves within the WIPSS are neglected.
• The material between the transducer and the WIPSS must be homogeneous
according to the model described in Chapter 4.1.
• The micro channels do not overlap, i. e. no acoustic shadowing occurs.
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• It is assumed that the surfaces of the micro channels behave like infinite plane
reflectors (see Chapter 4.3.5.2). Consequently, the reflection coefficient is constant across the micro channels.
• The distance between the micro channels and the back side of the display is
large enough, so that echoes from the latter and the micro channels do not interfere.
• The side walls of the micro channels are treated as acoustically absorbent, which
implies that circumferential or creeping waves cannot propagate. This is the
most severe simplification with respect to the real reflective behavior of the
micro channels. It is mostly responsible for some discrepancies between the
measured and the simulated signals, as it will be seen in the following chapter.
• In order to investigate multiple reflections in the filled measuring channel, it
is assumed that the amplitude distributions of the sound field at the front and
back side of the measuring channel are identical. Therefore, an undisturbed
propagation of the ultrasound pulse within the measuring channel is presumed
and no diffraction and refraction effects occur, respectively.
• Each point within the cross sectional area of the ultrasound beam is assumed
to strike a flat target (such as the micro channels or the front side of the WIPSS)
under the same insonification angle. This is a very mild restriction, since the
diameter of the beam is much smaller than the focal distance of the transducer.
• The F-number of the transducer should not be smaller than 4 (see Chapter 4.3.2).
• The attenuation is computed by neglecting the small path length differences
between points on the transducer and the micro channels.
• The linear relation between the integrated C-scan of the measuring channel and
the fill level does only exist, if multiple reflections within the measuring channel
are neglected.
• It is assumed that within the main lobe of the ultrasound beam on a plane perpendicular to the propagation direction that lies within the focal zone, the phase
is constant.
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In chapter Chapter 4.3.5 a closed formula (Eq. (4.71)) has been derived, describing
the signal Et (Yc , ω ) received by a transducer, which works in pulse-echo mode and
irradiates the WIPSS display:
x
Et (Yc , ω ) = DC
R23 (θ, X)B12 (Yc , X) dSr (X)
(5.1)
Sr

For convenience we briefly repeat the meaning of the individual terms contained in
the above expression:
Np

D (yc3 , x3 ) = e−α1

Np

|2yc3 |−α2 |2x3 |

.

(5.2)

accounts for the attenuation in the tissue or TMM as well as the PMMA.
C=−

ωk1 ρ1 vtr
4π 2

(5.3)

is a frequency dependent quantity, which incorporates the velocity vtr of the transducer’s front surface and the density ρ1 of the medium surrounding the transducer.
These two quantities can be set to 1 when the simulation model is implemented.
B12 (Yc , X) is the product of the diffraction terms
B1 (Yc , X) =

x
St

T12 (θ1L )eik1 D1 +ik2 D2


 1 dSt (Y),
2
c2 cos2 θ1L
c2
D1 + c D2 D1 + c cos2 θ D2
1

1

(5.4)

2LL

and
B2 (Yc , X) =

x
St

T21 (θ3LL )eik2 D3 +ik1 D4
cos θ4LL
·
dSt (W),
1



cos θ3LL
2θ
2
4LL
D4 + cc2 D3 D4 + cc2 cos
D
3
cos2 θ
1

1

(5.5)

3LL

which describe the superposition at point X of spherical waves emerging from an
infinite number of point sources on the transducer. B12 is a two dimensional matrix
consisting of complex numbers. Finally, R23 (θ, X) is the reflection coefficient at point
X. It depends on the insonification angle θ. Eq. (5.1) is based on several simplifications and assumptions, which are summarized in Chapter 4.3.5.8.
In this chapter it is shown, how Eq. (5.1) is implemented in order to perform numerical simulations of the echoes from the WIPSS and PMMA test structures. The performance of the model will be studied by comparing measured echoes from PMMA test
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structures with the corresponding echoes resulting from simulations. Furthermore,
the influence of various system parameters, such as insonification angle, attenuation,
transducer aperture and micro channel thickness on the read-out method will be investigated.

5.1 Model Implementation
Eq. (5.1) yields the complex amplitude of a sinusoidal signal received by a transducer
after it has irradiated the WIPSS. The advantage of using this equation is that it allows
to efficiently compute ultrasound signals under various conditions, if it is assumed
that the scanning plane and the front plane of the WIPSS are parallel. In this case and
because the model requires the medium between the transducer and the WIPSS to be
homogeneous, B1 and B2 do not depend on the scanning positions and therefore only
need to be computed once for a certain plane of reflection.
Looking at the WIPSS display (Figure 3.5), we encounter three relevant planes,
from which an incident pulse can be reflected. These planes of reflection are the front
side of the WIPSS and the planes in which the calibration and the measuring channel
lie. The back side of the display would also be a reflective structure. However, it can
be neglected, since its echoes are not relevant for the read-out. Therefore, B12 only
needs to be computed for three planes of reflection in order to simulate echoes from
the front side of the WIPSS and from the micro channels. Essentially, the evaluation
of B12 for the front side of the WIPSS (z = 0) is a special case in which D2 = D3 = 0
and T12 = T21 = 1. With Eq. (5.4) and Eq. (5.5) it follows:
2
x eik1 D1
dSt (Y) ,
B12 (Yc , ( x1 , x2 , 0)) = 
D1


(5.6)

St

where D1 is the distance between the point X and Y on the front side of the WIPSS and
the transducer, respectively. Strictly speaking, B12 has an infinite lateral extent. For
practical reasons, however, the size of B12 must be limited to a finite value defined
by the width of the sound field.
Once B12 has been determined for a certain plane of reflection, the corresponding
signal picked up by the transducer is given by the element by element multiplication
of B12 and R followed by the integration of the result over the area covered by B12
and the multiplication with the complex quantity DC (see Eq. (5.1)). In this regard, we
have defined the so called reflection map R to be a two dimensional matrix containing
the reflection coefficients R23 of the plane for which B12 has been computed. Generally R consists of real positive and/or negative numbers and in the special case of
multiple reflections in the measuring channel, R would consist of complex quantities.
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transducer

Yc(yc1,yc2,yc3)

x

y
z

B12
Sr

R

Figure 5.1: Scanning process using the model described by Eq. (5.1).
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0

1 mm

missing inlet
-1

Figure 5.2: Reflection map of the measuring channel. The coarse resolution of 0.15 mm leads
to unwanted aliasing effects and to a loss of information.

Figure 5.1 clarifies the actual situation. It shows the reflection map of the measuring
channel having a fill level of 20 %. The gray levels represent the reflection coefficients,
LL
i. e. black: R = 0, white: R = R LL
pa ≈ −1 and light gray: R = R pw ≈ −0.36. The
figure also depicts the modulus of B12 at f = 5 MHz computed for transducer T3 ,
which is 73 mm away from the WIPSS. The integration range Sr is marked by the
bold rhombus.
R is discretized into pixels having a size, which corresponds to half of the wave
length (measured in water) at the transducer’s resonance frequency. For a 5 MHz
transducer, for instance, this would be 0.15 mm. If the pixel size is of the same order
of magnitude as the smallest structure of the reflecting object, R might exhibit aliasing
due to possible undersampling. This effect is shown in Figure 5.2, which depicts the
reflection map of the partially filled measuring channel. The pixel size of 0.15 mm
results in aliasing and a loss of information, which is best seen by white patches at
positions, where the channel is supposed to be.
Aliasing effects are reduced, if the entries of R are computed by averaging a previously established high resolution reflection map having pixels much smaller than the
target pixels. This process is shown in Figure 5.3. The target pixel size is 0.15 mm, as
in the example before. The high resolution map has a pixel size of 0.01 mm, which is
ten times smaller than the width of the measuring channel (Figure 5.3a). By using an
averaging factor of 15, the high resolution map is converted into a low resolution map
having the desired pixel size of 0.15 mm (Figure 5.3b). Although the reflection maps
shown in Figure 5.2 and Figure 5.3b have the same pixel size, the map in Figure 5.3b
features less pronounced undersampling effects compared to the one in Figure 5.2.
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0

1 mm

0
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-1

-1
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Figure 5.3: Reflection maps of a partially filled measuring channel: (a) the high resolution map
has a pixel size of 0.01 mm and shows the fine details of the micro channel, (b) map with a
pixel size of 0.15 mm computed by averaging the high resolution map in (a). Undersampling
effects like those shown in Figure 5.2 are significantly reduced.

5.2 Input Parameters of the Model
5.2.1 Transducer Excitation

In order to compare simulations with measurements, it is necessary to determine
the excitation function Sexcit (ω ), which incorporates the electro-acoustic and acoustoelectric transfer functions Xt (ω ) and Xr (ω ) of the transducer as well as the transfer
functions P(ω ) and R(ω ) of the pulser and receiver electronics, respectively (Chapter 2.3.4). Sexcit is given by the product of the individual transfer function:
Sexcit (ω ) = Vi (ω ) P(ω ) Xt (ω ) Xr (ω ) R(ω )

(5.7)

Modeling an arbitrary time domain signal at (Yc , t) received by the transducer and
amplified by the receiver electronics, requires Et (Yc , ω ) to be multiplied by Sexcit ,
followed by performing the inverse Fourier transform:
n
o
at (Yc , t) = F −1 Sexcit (ω ) Et (Yc , ω )
(5.8)
Sexcit is obtained by measuring at followed by solving Eq. (5.8) for Sexcit :
Sexcit (ω ) =

At (Yc , ω )
,
Et (Yc , ω )

(5.9)

where At is the Fourier transform of at . In turn, at is measured by employing one of
the two experimental setups depicted in Figure 5.4. Both installations show the same
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at
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pulser/receiver

ultrasound
pulser/receiver

at

transducer
demineralized
water

ft
Sr

Sr
steel plate

point-like reflector
made of steel

Figure 5.4: The echoes reflected from a polished steel plate or from a point-like reflector can be
used to compute the excitation function Sexcit .

transducer having a focal distance f t . On the left hand side, the transducer irradiates
a polished steel plate, whose distance to the transducer is f t . The insonification angle
shall be 0◦ . On the right hand side a point-like steel target located at the focal spot of
the transducer is insonified. For both situations, Sexcit can be computed by means of
Eq. (5.6), Eq. (5.1) and Eq. (5.9):
At (Yc , ω )

Sexcit (ω ) =
DC

s
Sr

R LL
fs

s
St

eik1 D1
D1

,

!2
dSt (Y)

(5.10)

dSr (X)

where R LL
f s ≈ 0.93 is the reflection coefficient between water and steel. If the steel
plate is used as a reflecting target, the integration range Sr needs to have the same
size as the sound field in the focal plane. Alternatively, if the point-like reflector is
used, Sr is equal to the insonified area of the reflector. The echo from such a reflector
is generally very small and has a lower signal to noise ratio, than the echo from a
polished steel plate. Consequently, more accurate results are being expected, if the
excitation signal is computed using the steel plate echo in Eq. (5.10). The corresponding measurements were performed by applying the transducers listed in Table 3.3.
The thin solid curves depicted in Figure 5.5 represent echo at measured by the four
transducers and the dotted curves are the respective excitation functions sexcit computed by applying the inverse Fourier transform to Eq. (5.10). It is noticeable that the
echoes and the excitation functions have similar shapes.
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Figure 5.5: Echoes at from a steel plate (thin solid curves) and the corresponding excitation
functions (dotted curves) belonging to (a) T1 , (b) T2 , (c) T3 and (d) T4 .

5.2.2 Acoustic Parameters of the TMMs

The experimental setup used to characterize the TMMs is depicted in Figure 5.6. The
experiments were conducted in a tank filled with demineralized water, whose temperature was measured with a digital thermometer. The TMM under test was immersed, so that its flat ending was in direct contact with a polished stainless steel
plate located on the bottom of the water tank. Additionally, a ring-shaped weight
could be put on top of the TMM in order to prevent it from floating around and to
provide optimal contact between its bottom side and the steel plate. Since refraction
effects at the water-TMM interface would lead to incorrect data, the experiment described is ideally performed with an unfocused or weakly focused transducer with
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Figure 5.6: Experimental setup used to measure acoustic parameters of the TMMs.

a diameter much larger than the wavelength of the resonance frequency. To meet
these requirements, a focused transducer (type IX-435-B, UTX Inc., Holmes NY 12531,
USA) having a center frequency of 10 MHz, a focal distance of 76.2 mm and a diameter of 12.7 mm was applied. It was excited by a pulser/receiver (type 5900PR, Olympus NDT Inc., Waltham, MA 02453, USA), whose analog output signal was visualized and saved by a digital oscilloscope (type 9314AM, LeCroy Europe, 1217 Meyrin,
Switzerland). The transducer was attached to a goniometer allowing to precisely
adjust the insonification angle of the transducer with respect to the front surface of
the steel plate. By means of a three-axis scanner (Chapter 3.5) the transducer could
be moved to the nine measuring positions located on a regular 3 × 3 grid lying in a
plane, 100 mm above the steel plate. The distance between the measuring positions
was 10 mm. In order to prevent air bubbles in the water, the tank was filled at least 12
hours prior to the beginning of the experiments. Before a measurement was executed,
a TMM was taken out of the refrigerator and put in the water for 15 minutes. If this
had not been done, erroneous values for the speed of sound would have resulted,
because of temperature changes of the TMM during the measurements.
The attenuation coefficient was determined according to a slightly modified formula given in [103]. Its evaluation required the acquisition of three signals, namely,
the water-TMM echo E1 , the TMM-steel echo E2 and the water-steel echo E3 .
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Table 5.1: Coefficients used in Eq. (5.12).
k
0
1
2
3
4
5

value
0.140238754 · 104
0.503711129 · 101
−0.580852166 · 10−1
0.334198834 · 10−3
−0.147800417 · 10−5
0.314643091 · 10−8

First, the thickness dt of the TMM was determined. With t E1 and t E3 denoting the
arrival times of E1 and E3 , respectively, dt is given by:
dt =

t E3 − t E1
cw
2

(5.11)

where cw is the speed of sound in water. The arrival time of an echo was defined to
be at the peak of the envelope of the echo. Taking into account the water temperature
Tw , cw was computed using the formula given by Del Grosso et al. [95]:
5

cw =

∑ ki Twi

(5.12)

i =0

The coefficients k i in Eq. (5.12) are given in Table 5.1. Attenuating materials such
as human tissue or the TMMs exhibit a frequency dependent speed of sound ct ( f )
(dispersion) [101, 104]. If E3 and E2 are filtered with a very narrow bandpass filter
having a width of less than 1 MHz and a center frequency f bp , the arrival time t E3 ( f bp )
and t E2 ( f bp ) of the filtered echo signals can be determined and the speed of sound
ct ( f bp ) at the frequency f bp yields:
ct ( f bp ) =

2dt
2dt
cw

(5.13)

− t E3 ( f bp ) + t E2 ( f bp )

and the attenuation αdB
f as a function of the frequency f was calculated as follows:
αdB
f =−

20
log10
2dt f



A E2
Rws
Twt Rts Ttw A E3


,

(5.14)

where A E2 and A E3 denote the magnitude of the spectra of E2 and E3 , respectively.
Eq. (5.14) takes into account the transmission coefficients at the water-TMM interface
and the TMM-water interface, Twt and Ttw , as well as the reflection coefficients at the
TMM-steel interface and the water-steel interface, Rts and Rws . Since only a weakly
focused transducer was applied, refraction effects do not need to be considered in the
computation of αdB
f , which is generally given in dB/ (cm · MHz).
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Figure 5.7: Amplitude spectrum of E3 (green) and amplitude spectra of E2 , recorded with TMM
1 (blue), TMM 2 (red), TMM 3 (black). The higher the attenuation, the more the spectra are
shifted towards lower frequencies.

Three TMMs were fabricated and characterized. Two of them were intended to
mimic fat and one should mimic muscle tissue. That is, the attenuation coefficients
were aspired to be around 0.5 dB/(cm · MHz) and 1.5 dB/(cm · MHz), respectively
[80].
The water temperature during the measurements was 24.3◦ C. Figure 5.7 depicts
the logarithmic amplitude spectrum of echo E3 as well as the spectra of E2 recorded
with the various TMMs. The resonance frequency of the transducer is at around
11 MHz as it is apparent from the green curve representing A E3 . It is clearly visible
that the center frequency of the signal shifts towards lower frequencies the more the
signal is being attenuated by the TMMs.
First, dt needed to be computed using Eq. (5.11) in order to determine the dispersion curves and the attenuation coefficients. The results are summarized in the first
row of Table 5.2, which provides the averaged thicknesses of the three TMMs. Applying dt in Eq. (5.13), the dispersion curves shown in Figure 5.8a (dotted lines) could be
computed for the frequency ranges given in Table 5.2. Outside of these ranges, A E2
reaches the noise level of approximately 10−4 (see Figure 5.7), which prevents a reliable measurement and data evaluation. However, with the general fitting function
c t ( f ) = a 0 f a1 + a 2 ,

(5.15)

where a0 , a1 and a2 are listed in Table 5.2, ct can be computed for frequencies beyond
the measuring range (Figure 5.8a, solid lines). Although the speed of sound changes
less than one percent within the given frequency ranges, dispersion should not be
neglected when performing sound field simulations, because the former causes signal
distortions as the ultrasound pulse propagates through the relatively thick TMMs.
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Table 5.2: Acoustic parameters of the TMMs. Note that αdB
f is the average attenuation coefficient in the frequency range given in the second last row and ct is the average speed of sound
at 2.5 MHz.
dt (mm)

TMM 1
33.4

TMM 2
51.8

TMM 3
32.4

ct (m/s) at 2.5 MHz
a0
a1
a2

1511
−14240
−0.5741
1514

1503
−161.1
−0.2228
1509

1520
−190
−0.09583
1566

αdB
f (dB/ (cm · MHz))
b0
b1

0.6

0.6

1.45

1.08 · 10−8
0.5092

7.23 · 10−9
0.5604

2.39 · 10−8
1.353

2...14
fat

2...8
fat

2...6
muscle

f (MHz)
mimics

2
attenuation [dB/(cm⋅ MHz)]

velocity [m/s]

1525
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1515
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1500

0

5

10
15
frequency [MHz]
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Figure 5.8: (a) Dispersion curves and (b) attenuation coefficients of the TMMs. The dotted lines
belong to the measured data and the solid lines are fitted curves using Eq. (5.15) and Eq. (5.16)
with the fitting parameters listed in Table 5.2. blue: TMM 1, red: TMM 2, black: TMM 3.
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Figure 5.9: Experimental setup used to measure acoustic parameters of PMMA.

In order to evaluate Eq. (5.14), the transmission and reflection coefficients needed
to be computed, requiring the impedance Zt = ρt ct of the TMMs to be determined.
The density ρt of the TMM was measured to be 1125 kg/m3 . Essentially, Zt would
not be a constant because of the frequency dependency of ct . However, we did not
take this into account and used a constant ct measured at 2.5 MHz. The respective
values are given in Table 5.2. Figure 5.8b shows the measured αdB
f in function of the
frequency f (dotted curves). In the frequency range, where the signal is above the
noise level, αdB
f approximately depends in a linear manner on the frequency (solid
lines):
αdB
f ( f ) = b0 f + b1 ,

(5.16)

where b0 and b1 are given in Table 5.2. The averaged attenuation coefficients yield
dB
αdB
f ≈ 0.6 dB/ (cm · MHz) for TMM 1 and TMM 2 and α f ≈ 1.5 dB/ (cm · MHz) for
TMM 3. Therefore, TMM 1 and TMM 2 are considered to mimic fat tissue and TMM
3 mimics muscle tissue.
5.2.3 Acoustic Parameters of PMMA

The acoustic parameters of PMMA were measured using the setup shown in Figure 5.9, which is very similar to the one applied to determine the acoustic parameters
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of the TMMs.
The longitudinal speed of sound c pL ( f bp ) of the PMMA sample can be measured
either by using echoes E1 and E2 or alternatively by using E3 and E4 . In the current
case, the second two echoes were applied. Accordingly, c pL ( f bp ) is given by:
c pL ( f bp ) =

2d p
2d p
cw

− t E4 ( f bp ) + t E3 ( f bp )

(5.17)

where d p is the thickness of the PMMA plate and t E3 and t E4 are the arrival times of
echoes E3 and E4 , respectively. Note that E3 and E4 are bandpass filtered with a filter
having a center frequency f bp and a bandwidth < 1 MHz.
Since the PMMA is not in direct contact with the steel plate, the correction factor
consisting of transmission and reflection coefficients in Eq. (5.14) needs to be modified
in order to compute the attenuation coefficient:
!
A E3
20
1
dB
αf = −
log10
(5.18)
2 T2 A
2d p f
Twp
pw E4
Twp and Tpw are the transmission coefficients at the water-PMMA and the PMMAwater interface, respectively and A E4 is the amplitude spectrum of E4 .
Figure 5.10 shows the spectra of E3 (solid line) and E4 (dashed line). Since the
PMMA plate is relatively thin, the impact of the attenuation is small and therefore,
the spectra have similar shapes. The dispersion curve and the attenuation coefficient
are shown in Figure 5.11a and Figure 5.11b. The computed quantities agree well
with the values found in the literature [93, 105]. For the simulations a linearized
attenuation coefficient will be used (solid line), which is given by αdB
= −2.184 ·
f
10−8 · f + 0.9981 dB/(cm · MHz).

5.3 Validation of the Model
In order to validate Eq. (5.8) several measurements will be compared with the corresponding numerical simulations. For that purpose two PMMA test structures with
flat bottom holes of various diameters and depths were applied. The advantage of
using these test structures instead of the WIPSS display is that possible signal attenuation or distortions due to tiny delaminations and impedance changes within the
bonding planes of the display can be excluded. The general experimental setups for
measurements with single element transducers and the phased array transducer are
shown in Figure 3.2 and Figure 3.1, respectively. These setups were also considered
when Eq. (5.8) was implemented. The numerical evaluation of the integrals contained
in Eq. (5.8) has been performed using a resolution (pixel size) of 0.1 mm.
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Figure 5.10: Amplitude spectra of E3 (solid line) and E4 (dashed line); see Figure 5.9.
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Figure 5.11: (a) Dispersion curve and (b) measured attenuation coefficient of PMMA (dotted
line) and linearized attenuation coefficient (solid line) .
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Figure 5.12: Test structure TS1; it contains five flat bottom holes with diameters ranging from
0.5 mm to 5 mm.

5.3.1 Echoes From Test Structure TS1

Figure 5.12 shows a drawing of the test structure TS1. It is a PMMA plate having
a thickness of 3.2 ± 0.1 mm. It comprises 5 flat bottom holes, which have diameters
of 0.5 mm, 1 mm, 2 mm, 3 mm and 5 mm. Their distance to the top surface of TS1 is
1.43 ± 0.02 mm. This approximately corresponds to the distance between the calibration channel and the front side of the WIPSS display.
With regard to the applied transducers and their associated sound fields, the flat
bottom holes represent various kinds of reflectors. FB1 can be considered to be a
point-like reflector. In contrast, FB5 is expected to behave like a flat reflector of infinite size and FB2 to FB4 cannot clearly be assigned to one of the two categories.
Therefore, the shapes and amplitudes of the echoes reflected by the flat bottom holes
will depend on their diameters.
The measurements and the simulations were performed by applying two configurations of TS1:
1. By sealing the flat bottom holes with adhesive tape prevents the water surrounding TS1 from flowing into the holes, which in this case are called empty,
i. e. containing air.
2. When the adhesive tape is removed, the holes are getting filled with water and
we refer to them as being filled.
The same situation is also found in the measuring channel, which contains air and/or
water. For all the investigations the insonification angle was 0◦ and the focal plane
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Figure 5.13: Data recorded with transducer T3 , left column: measurements; right column: simulations; (a,b) B-scans along the position By (Figure 5.12), at the top of the measured B-scan
multiple echoes of the flat bottom holes FB4 and FB5 can be seen. These echoes were not
considered in the simulation. (c,d) C-scans of the five flat bottom holes.

coincided with the plane in which the flat bottom holes are lying.
The results from measurements and simulations are summarized in Figure 5.13,
Figure 5.14 and Table 5.3. Figure 5.13 shows B-scans at the position By (Figure 5.12)
and time domain C-scans of the five flat bottom holes acquired with the 5 MHz single element transducer T3 . The first arriving echo in the B-scans originates from the
top surface of TS1 and subsequent echoes arise from the flat bottom holes. Multiple
echoes of FB4 and FB5 as seen at the very top of the measured B-scan are not considered in the simulations, since they do not interfere with the primary echoes. Conditional upon manufacturing the test structure, the individual flat bottom holes do not
have exactly the same depth, which results in different arrival times of the echoes. In
fact, differences in depth of up to 40 µm correspond to arrival time discrepancies of
30 ns. This can be seen in the measured B-scan.
The C-scans of the five flat bottom holes shown in Figure 5.13 exhibit significant
amplitude differences as a result of the different amount of reflected ultrasound en-
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ergy. Because of the sound field’s finite size, the flat bottom holes appear blurred
and slightly bigger than they are in reality. This effect becomes more pronounced,
the wider the sound field is, for instance, after the wave has propagated through a
medium that has a higher attenuation coefficient than water.
Figure 5.14 depicts two A-scans from the center of flat bottom hole FB2 and FB5 .
The dotted curves are simulated data, the solid curves the corresponding measurements. In order to compare the A-scans, they were normalized so that their first
echoes (water-PMMA interface) have the same amplitude. The above mentioned
non-constant depth of the flat bottom holes results in a small arrival time error of the
simulated echo signal in Figure 5.14b. However, the shapes of the simulated echoes
are still in excellent agreement with the measurements.
For convenience we do not show the A-, B- and C-scans of all the measurements.
Instead Table 5.3 provides a summary of mean relative errors ε e of the echoes recorded
at the center of the flat bottom holes. ε e is defined as:
1
εe =
T max(sm (t))

ZT

|sm (t) − ss (t)| dt,

(5.19)

0

where sm (t) and ss (t) are only those sections of the entire A-scans, which contain the
measured and simulated echoes from the flat bottom holes, respectively. Thus, the
integration range T is defined by the length of these echoes. It is remarkable that for
T1 (10 MHz) and T2 (20 MHz) ε e is higher than for T3 (5 MHz). This has to do with
the fact that simulations with T1 and in particular with T2 are far more sensitive with
respect to uncertainties of the model input parameters. For instance, increasing the
attenuation coefficient of PMMA by 5 % changes the amplitudes of the signals picked
up by the transducers T1 and T2 by 1.7 % and 3.5 %, respectively. The amplitude
change at T3 , however, is only 0.9 %.
Table 5.3: Mean errors of the simulated echoes of test structure TS1. The highlighted row
corresponds to the data shown in Figure 5.13 and Figure 5.14.
transducer

T1
T1
T2
T2
T3
T3

(10 MHz)
(10 MHz)
(20 MHz)
(20 MHz)
(5 MHz)
(5 MHz)

mean err.
echo
FB1 [%]
5.8
6.8
5.3
6.0
2.5
2.7

mean err.
echo
FB2 [%]
6.4
6.8
6.1
4.6
2.2
2.5

mean err.
echo
FB3 [%]
4.0
5.0
5.6
3.3
2.0
1.3

mean err.
echo
FB4 [%]
3.5
3.5
5.8
3.7
2.1
1.7

mean err.
echo
FB5 [%]
3.7
2.9
5.6
3.7
1.9
1.2

filled

TMM

no
yes
no
yes
no
yes

no
no
no
no
no
no
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Figure 5.14: A-scans at the center of (a) FB5 and (b) FB2 . Solid line: measurement, dotted line:
simulation. The data has been recorded with transducer T3 .

5.3.2 Echoes From Test Structure TS2

Test structure TS2 is shown in Figure 5.15. The idea of manufacturing TS2 for ultrasound measurements was to have an object made of the same material as the WIPSS
display and which contains reflectors having the same dimensions and and being located at the same positions as the calibration and the measuring channel. TS2 allows
to investigate the signal weakening in the display resulting from diffraction and attenuation of PMMA. If the real display was used for this kind of investigations, the
results could be influenced by additional signal distortions as a result of tiny bonding
defects (see Figure 5.25). TS2 contains two flat bottom holes FB1 and FB2 , which have
a diameter of 5 mm and which are 2 mm apart from each other. The distance between
the upper surface of TS2 and FB1 is 2.15 mm. This corresponds approximately to the
distance between the front side of the display and the measuring channel (Figure 3.5).
Hence, FB1 can be considered to be a reflector, which mimics the measuring channel.
For the measurements and the simulations, respectively, FB1 was either empty or
filled. The distance between FB2 and the top side of TS2 is 1.39 mm. In analogy
with FB1 , FB2 is a substitute for the calibration channel of the display and therefore
remained empty.
Measurements and simulations were performed using T1 , the phased array transducer T4 as well as T3 in combination with the TMMs. Figure 5.16 shows the results
of T3 with TMM 1 and the flat bottom hole FB1 filled with water. The left images are
measurements and the right ones are the associated simulations. The B-scans in Figure 5.16a and Figure 5.16b are taken at position By indicated in Figure 5.15. Compar-
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2.15 mm

1.39 mm

By
By

FB1: ø = 5 mm

FB2: ø = 5 mm

7 mm

3.2 ± 0.1 mm

Figure 5.15: Test structure TS2; it contains two flat bottom holes of different depth and with a
diameter of 5 mm.
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Figure 5.16: Data recorded with transducer T3 and TMM 1, Left column: measurements; right
column: simulations; (a,b) B-scans along the position By (Figure 5.15), at the top of the measured B-scan multiple echoes of the flat bottom hole FB2 can be seen. This echo was not
considered in the simulation. (c,d) C-scans of the two flat bottom holes.
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Figure 5.17: A-scans at the center of (a) FB1 and (b) FB2 . Solid line: measurement, dotted line:
simulation. The data has been recorded with transducer T3 and TMM 1.

ing them with the B-scans of TS1 immediately reveals that the echoes have changed
their shape, because the ultrasound pulses have propagated through attenuating and
dispersing TMM. The multiple echo of FB2 seen at the top of the measured B-scan is
omitted in the simulation.
Figure 5.16c and Figure 5.16d show the time domain C-scans of the flat bottom
holes. Because FB1 is filled with water its echoes are considerably weaker than those
of FB2 . This can also be seen in Figure 5.17a and Figure 5.17b, showing A-scans
at the center of the flat bottom holes. The mean relative errors (Eq. (5.19)) of the
simulated echoes with respect to the measurements are listed in the highlighted row
of Table 5.4, which also summarizes the results obtained with the other transducers
and TMMs. The sound speed difference between the TMMs and water of around
1.5 % leads to refraction effects at the water-TMM and the TMM-water interface. They
are not considered in the simulation model, which is a reason for the larger relative
errors in the presence of the TMMs, compared to simulations without the latter. Other
sources of error are found in the measurement uncertainties of the speed of sound and
the attenuation coefficient of the TMMs as well as the excitation function.
As already mentioned at the beginning of this chapter, TS2 is a suitable object to
investigate attenuation and diffraction effects. In order to minimize the latter, the
transducer needs to be weakly focused, as described in Chapter 4.3.2.
The difference of the covered distances of ultrasound waves irradiating flat bottom
hole FB1 and FB2 is 2 × 0.76 mm. This difference in path length causes the wave,
which is reflected at FB1 to get more attenuated than the wave reflected at FB2 . The
amplitude discrepancy becomes worse the higher the frequency of the wave is. This
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Table 5.4: Mean errors of the simulated echoes of test structure TS2. The highlighted row
corresponds to the data shown in Figure 5.16 and Figure 5.17.
transducer

T1 (10 MHz)
T1 (10 MHz)
T3 (5 MHz)
T3 (5 MHz)
T3 (5 MHz)
T3 (5 MHz)
T3 (5 MHz)
T3 (5 MHz)
T3 (5 MHz)
T3 (5 MHz)
T4 (6 MHz)

mean err.
echo
FB1 [%]
3.1
5.9
3.2
3.0
6.4
7.0
8.1
8.8
8.7
9.1
7.7

mean err.
echo
FB2 [%]
3.6
3.5
3.4
3.4
6.2
6.6
7.6
7.6
8.0
8.4
8.5

filled

TMM

no
yes
no
yes
no
yes
no
yes
no
yes
no

no
no
no
no
TMM 1
TMM 1
TMM 2
TMM 2
TMM 3
TMM 3
no

situation is shown in Figure 5.18. It depicts the relative amplitude of a continuous plane
wave reflected at FB2 with respect to the amplitude of the same wave reflected at FB1 .
In fact, for waves with a typical read-out frequency of 5 MHz, the amplitude difference between the two waves is already 8 % and therefore needs to be compensated,
when performing the read-out of the WIPSS. The attenuation compensation is applied in the frequency domain, where the spectrum of the echo from the measuring
channel will be adjusted using the correction curve of Figure 5.18.
The effect of performing attenuation correction is demonstrated by means of data
measured with T3 without the use of a TMM. Figure 5.19a shows the uncorrected echo
(c)
EFB1 (green) recorded at the center of FB1 and the corresponding corrected echo EFB1
(red) as well as the echo EFB2 originating from the center of FB2 (blue). As a result
of the attenuation in PMMA, EFB1 is considerably smaller than EFB2 . This can be
better seen in Figure 5.19b, which depicts the absolute difference between EFB2 and
EFB1 (black curve). If attenuation correction is applied to EFB1 , the absolute difference
(c)
between the corrected echo EFB1 and EFB2 becomes smaller (red curve) and the echoes
appear more similar (Figure 5.19a). Even though diffraction effects always prevent
the echoes from being identical, the remaining amplitude differences with respect to
the peak amplitude of EFB2 are smaller than 5 %. Note that these differences would be
larger, if a strongly instead of a weakly focused transducer was used (Chapter 4.3.2).
A comparison of the measured data with the associated simulations, leads to similar
results as seen in Figure 5.19c and Figure 5.19d.
The impact of the attenuation on the shape of an ultrasound pulse propagating in
TS2 is dependent on the frequency spectrum of the pulse. For instance, if an ultra-
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Figure 5.18: Relative amplitude of a continuous wave reflected at FB2 with respect to the amplitude of a wave reflected at FB1 . The attenuation of PMMA causes amplitude differences
between these waves, which need to be compensated, when performing the read-out of the
WIPSS.

sound pulse having an initial center frequency f c is propagating through an attenuating material before it irradiates TS2, it will encounter a progressive change of its
shape and a decrease of f c . This pulse will experience less attenuation as it is traveling in TS2 compared to a pulse having the initial center frequency f c and accordingly,
the amplitude difference between the echoes from FB1 and FB2 will become smaller
(Figure 5.18).
(c)
The small amplitude difference between EFB1 and EFB2 anticipates a calibration
error in the read-out of the WIPSS. That is, Am /Ac 6= 1 for a fill level of 0 % (see
Eq. (4.25)). This Situation will be further discussed in the subsequent chapters.

5.4 WIPSS Read-Out
In this chapter we will present numerous simulation results of the WIPSS read-out.
Some of them are going to be compared with corresponding in-vitro measurements.
The data evaluation will be performed under specific aspects, for instance, nonperpendicular insonification, multiple reflections inside the measuring channel or
calibration errors due to diffraction. Thereby the question is addressed, how the accuracy of the read-out is influenced.
5.4.1 Data Processing

Figure 5.20 shows the individual data processing steps used in order to perform the
read-out in the frequency and the time domain. After having read the data file, at
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Figure 5.19: Measured (a) and simulated (c) echoes from the flat bottom holes of TS2: corrected
(c)
echo EFB1 (red) and uncorrected echo EFB1 (green) of FB1 , echo EFB2 of FB2 (blue).
(c)

Measured (b) and simulated (d) absolute differences | EFB1 − EFB2 | (red) and | EFB1 − EFB2 |
(black).

141

5 Simulations
each scanning position the echoes from the calibration and the measuring channel
are extracted and their FFTs are computed. In this regard, extracting refers to the
operation, which cuts out the appropriate part of the A-scans that contains the requested echo. After this, the amplitude spectra of the two data sets are corrected in
order to compensate the attenuation caused by the PMMA. From this point on the
data processing pipeline splits into two paths.
The left path describes the remaining stages in the frequency domain, where the
data sets are being converted into frequency domain C-scans by storing the complex amplitudes at the desired so called read-out frequency f ro in two two-dimensional maps.
(ω )
(ω )
Performing the integration over a radius Ri results in Am and Ac , whose quotient
Q(ω ) is the requested quantity.
On the right path the A-scans are transformed back into the time domain by means
of the inverse Fourier transform, followed by computing two time domain C-scans.
(t)
(t)
Finally, the integration over Ri yields Am , Ac as well as the quotient Q(t) .
5.4.2 Reflection Coefficient Versus Read-Out Sensitivity

The basic read-out principle has been introduced in Chapter 4.3.3 and Chapter 4.3.4.
We derived Eq. (4.28), which relates the integrated C-scans Ac and Am of the calibration and the measuring channel to the fill level F of the latter. Note that Eq. (4.28)
is a general formula, which is valid for the frequency as well as the time domain as
long as multiple reflections are neglected. This is the reason, why Ac and Am are
not written with the superscripts (t) or (ω ). Eq. (4.28) immediately reveals that the
sensitivity of the read-out is given by the denominator | R LL
pw | − 1. As a result, the
smaller the modulus of the reflection coefficient R LL
between
PMMA and the fluid
pw
(currently black ink) in the measuring channel is, the higher the sensitivity becomes.
The maximum sensitivity will be achieved, if a fluid is found, which has the same
impedance as PMMA or the material the WIPSS is made of, respectively. From now
on such a fluid will be called a matched fluid. In a situation like that the filled part of
the measuring channel would not reflect acoustic waves.
Figure 5.21 shows the relation given by Eq. (4.25). The dashed line represents the
just mentioned case, where a matched fluid is applied. The current situation in which
the measuring channel is filled with ink is depicted by the solid line, which is the
reference line for the simulations and measurements that follow later on. The lines
emphasize that an error 4 Q in the measurement of Q = Am /Ac leads to a smaller
read-out error, if a matched fluid could be used instead of distilled water or ink.
Inserting 4 Q in Eq. (4.28), the measured fill level Fm is given by
Fm =
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Q + 4Q − 1
,
| R LL
pw | − 1

(5.20)
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Figure 5.20: Frequency and time domain data processing.
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Figure 5.21: Am /Ac versus fill level for the case where the measuring channel is filled with a
fictive fluid, whose impedance matches the impedance of PMMA (dashed line) and for the
actual WIPSS where the measuring channel is filled with distilled water (solid line).

which yields for the fill level error 4 F = F − Fm :

4 F = 4Q

1
,
1 − | R LL
pf |

(5.21)

where the reflection coefficient R LL
pw at the PMMA-water interface has been replaced
by the reflection coefficient R LL
=
−1 . . . 0 at the interface between PMMA and an
pf
arbitrary fluid. Eq. (5.21) shows that errors in the measurement of Q are amplified by
LL
LL
the factor n = 1/(1 − | R LL
p f |), which is approximately 1.6, if R p f = R pw ≈ −0.36 is
assumed. However, n can be reduced to 1 if R LL
p f = 0, i. e. by employing a matched
fluid, which results in a better read-out accuracy.
Remember, the above made considerations are only valid, if the echoes from the
front side of the measuring channel do not interfere with other echoes, such as those
from its back side. However, in the frequency range, where the read-out is currently
being performed, this assumption is violated to some degree, as it will be shown in
the following chapter.
5.4.3 Multiple Reflections Versus Read-Out Sensitivity

Since the depth of the measuring channel is of the same order of magnitude as the
wavelength of the ultrasound pulse, multiple reflections within the filled part of the
measuring channel lead to echo interferences. They cause the echo reflected at the
measuring channel to have a different shape and amplitude compared to a hypothetical echo originating from a channel, where no multiple reflections occur. An important consequence of this is that for the read-out in the frequency domain (Eq. (4.92)),
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Figure 5.22: Q(ω ) at F = 1 for a measuring channel depth of 0.06 mm (solid line, current WIPPS)
and 0.01 mm (dashed line). The highest read-out sensitivity can be achieved at a frequency,
where the echoes form the front and the back side of the measuring channel perfectly negatively interfere.

the appearance (linearity) of the curve that relates Q(ω ) to F becomes dependent on
the applied read-out frequency f ro . The calibration point at F = 0 should still remain
stable, because multiple reflections do not arise in the empty measuring channel.
However, they are immediately discovered at, for instance, F = 1, where Q(ω ) reveals a frequency dependency. This is demonstrated in Figure 5.22, which shows the
expected amplitude of Q(ω ) within the frequency range between 0 MHz and 10 MHz
for the actual measuring channel (solid line) and for a channel, which has a depth of
0.01 mm (dashed line). The curves were computed by means of Eq. (4.78), which was
(ω )
(ω )
used to determine Ac and Am at F = 1. The attenuation D was assumed to be zero
and only one reflection at the back of the measuring channel was considered. Therefore, the real reflection coefficient R LL
pw needed to be replaced by the complex reflection
coefficient Rmc at the filled measuring channel in order to compute the reflection map
R. Rmc is given by:
2δ

−iω cw
LL
Rmc (ω ) = R LL
pw + Tpw Rwp Twp e

(5.22)

At 6.2 MHz the solid line features a maximum, at which the echo from the back side
of the measuring channel positively interferes with the echo from its front side. Performing the read-out at this point would result in the worst sensitivity. At a lower
or higher frequency the sensitivity can be improved considerably. Its maximum is
obtained at frequencies, where the echoes from the front and the back side of the
measuring channel are perfectly negatively interfering. This is the case at:
f ro = n

cw
, n = 0, 1, 2, . . .
2δ

(5.23)
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Figure 5.23: Amplitude spectra of T3 (dashed line) and T4 (solid line).

where δ is the depth of the measuring channel. As tempting as it is to use such an optimal read-out frequency, one needs to consider that the spectrum of the transducer’s
impulse response is limited and does not necessarily include the desired frequency.
According to the spectra of T3 and T4 given in Figure 5.23 the suitable read-out
frequencies are in the range from approximately 3 MHz to 8 MHz. Comparing this
range with the curves in Figure 5.22 predicts the highest read-out sensitivity to be at
3 MHz.
The sensitivity dependence of the read-out with respect to f ro will now be demonstrated with simulated as well as measured data acquired without TMMs. The transducers were located so that the focal plane and the plane of the calibration reflector
coincided and the insonification angle with respect to the normal of the front plane
of the WIPSS was 0◦ . The data evaluation described in Chapter 5.4.1 has been executed for f ro = 3 MHz, 4 MHz, 5 MHz and 6 MHz applying an integration radius
Ri = 3.5 mm. Note that Ri needs to be chosen in such a way that Ri ≥ Rr + Rb (see
Chapter 4.3.5.7). Since the capillary tube connected with the outlet of the measuring
channel (Figure 3.8) does not allow to visually observe the central region of the latter, it is not possible to reliably set fill levels above 90 %, so that the measurements
are restricted to fill levels in the range from 0 % to 90 %. This is the reason why the
subsequent plots do not show data beyond F = 0.9.
Figure 5.24 depicts the results obtained with transducer T3 . Looking at the simulated data in Figure 5.24a, distinct sensitivity variations with respect to f ro can be seen
(colored curves). This is in accordance with the sensitivity displayed in Figure 5.22,
which is minimal at 6.2 MHz. A closer look at the individual curves reveals that they
are not straight lines as predicted by the model of Chapter 4.3.5.7, but they exhibit a
frequency dependent curvature. This is not a contradiction, since in Chapter 4.3.5.7
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Figure 5.24: (a) simulations, (b) measurements obtained with transducer T3 without TMM; as
a result of interferences between echoes from the back and the front side of the measuring
channel, the slope of Q(ω ) depends on the read-out frequency f ro .
f ro = 3 MHz: —, f ro = 4 MHz: —, f ro = 5 MHz: —, f ro = 6 MHz: —,
interferences neglected: —.

it was clearly pointed out that the linear relation between Q(ω ) and F is only valid,
if echoes from the back side of the measuring channel, which might interfere with
echoes from its front side, are neglected. However, if Eq. (4.78) is evaluated using
(ω )
the complex reflection coefficient defined by Eq. (5.22) instead of R LL
pw , Am generally
does not depend in a linear manner on F anymore.
The black curve in Figure 5.24a shows Q(ω ) in the absence of echo interferences.
In fact, this curve is a straight line as initially predicted by the model and does not
depend on f ro .
If the simulated curves are compared with the measurements shown in Figure 5.24b,
several differences are observed. The most obvious concern the slope and the linear
dependency between the fill level F and Q(ω ) .
The model assumes that the ultrasound wave irradiating the measuring channel
continues to propagate inside the latter without being affected by diffraction and
edge effects (Chapter 4.3.5.8), which would lead to complicated interference patterns
of waves from various directions. Therefore, the signal reflected by the filled part
of the measuring channel is simply modeled as the product of the incident sound
field multiplied by the complex reflection coefficient given by Eq. (5.22). For reflectors, which are wider and thinner than the wavelength, this model is reasonable,
since mode conversions, diffraction and other effects at the boundary of the reflector
are of minor importance. However, in Chapter 4.3.5.2 it has already been empha-
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Figure 5.25: 50 MHz C-scan of the delaminations in the WIPSS display. They cause Q(ω ) at
F = 0 to be less than one (see Figure 5.24b).

sized that there is a conflicting situation with regard to the behavior of the measuring
channel (and the calibration channel) upon its insonification and the associated modeling. On the one hand the width of the measuring channel is smaller than the shortest
wavelength in the frequency spectrum of the ultrasound pulse. On the other hand,
the length of the insonified part of the measuring channel is typically larger than the
wavelength. Consequently, no matter whether it is filled or empty, the radiation behavior of the measuring channel is modeled more accurately along the direction of
the channel than perpendicular to it.
As a result of various boundary effects, it is most likely that the echo from the back
side of the measuring channel is smaller than predicted. In fact at f ro = 3 MHz it
seems that almost no reflections at the back side of the measuring channel take place
as the comparison between the measured curve (red) and the synthetic curve (black),
which only accounts for front side reflections, shows.
Furthermore, it is apparent that the calibration point of the measured data is 5 %
below 1. The cause of this are found to be small delaminations in the WIPSS display.
They are visible in Figure 5.25 that shows a 50 MHz C-scan of the interface between
the two top most PMMA plates of the display (Chapter 3.1). The delaminations approximately cover 3.5 % of the area of the measuring channel located further behind,
which is indicated by the white, dashed line. Thus, comparable fractions of the acoustic pulses are prevented from passing the interface containing the delaminations.
The results obtained with transducer T4 are shown in Figure 5.26. They are similar
to those discussed above. As a result of diffraction effects, however, the simulated
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Figure 5.26: (a) simulations, (b) measurements obtained with transducer T4 without TMM; as
a result of interferences between echoes from the back and the front side of the measuring
channel, the slope of Q(ω ) depends on the read-out frequency f ro .
f ro = 3 MHz: —, f ro = 4 MHz: —, f ro = 5 MHz: —, f ro = 6 MHz: —,
interferences neglected: —.

values of Q(ω ) at the calibration point are only about 0.95. The corresponding measured value is again approximately 5 % smaller because of the additional signal loss
due to the delaminations in the display. With regard to the frequency dependency
of the slopes and the linearity of the individual curves, the same phenomena are observed as with the data obtained with T3 .
So far we have discussed the WIPSS read-out in the frequency domain in the absence of attenuating TMMs and by using various read-out frequencies. It turned
out that the maximum read-out sensitivity can be achieved, if f ro meets the condition given in Eq. (5.23) or by using a matched fluid. The first condition cannot be
met with the actual micro channel design in combination with the selected transducers. However, taking into account the amplitude spectra of the transducers, a good
compromise between signal strength and sensitivity is found, if f ro is chosen to be
between 3 MHz and 4 MHz.
It is not only the better sensitivity, which renders a relatively low read-out frequency attractive, but also the fact that the corresponding signals will be considerably
less attenuated compared to the signals at the next higher read-out frequency (Figure 5.22), which would provide the same sensitivity. Additionally, lower frequencies
are less vulnerable with regard to phase errors, which typically arise in inhomogeneous media like, for instance, human tissue.
By considering the read-out in the time domain it is more difficult to provide a
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general law for the sensitivity, because it depends on the attenuation and dispersion introduced by the TMMs or tissue, the manner the numerous echoes emerging
from the measuring channel interfere and the frequency spectrum of the applied ultrasound pulse. Consequently, two pulses having different initial spectra, which are
affected by exactly the same influences on their propagation path, result in having
different peak amplitudes and therefore the associated read-outs do not yield the
same output.
5.4.4 Summary of Phenomena not Considered by the Model

The read-out investigations presented in the last two chapters have shown that the
simulated data differ to some degree from the measurements, because the simulation
model does not incorporate all the wave propagation phenomena involved in the
WIPSS read-out. The following list provides a summary of effects, which are not
considered by the model:
• Multiple echoes of the micro channels, because they do not interfere with the
primary echoes. This must not be mixed up with multiple echoes developing
in the filled part of the measuring channel.
• Refraction effects at the interfaces between the TMMs and water
• Delaminations between the individual PMMA plates of the display
• Tissue inhomogeneities
• Transversal waves
• Boundary effects resulting from the fact that the micro channels have a width,
which is of the same order of magnitude as the wavelength
5.4.5 WIPSS Read-Out: Normal Insonification

Simulations of the WIPSS read-out have been performed for the single element transducer T3 and for the phased array transducer T4 . The same setup as described in
Chapter 5.4.3 was used for the investigations. For both transducers the simulation
results in the frequency as well as the time domain will be compared with the respective measurement data. In order to study the read-out under more realistic conditions, the three TMMs introduced in Chapter 3.4 were used. The data have been
evaluated according to the algorithm given in Figure 5.20.
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5.4.5.1 Frequency Domain Read-Out

Before proceeding to the actual read-out, some simulated and measured sample Aand C-scans collected in Figure 5.27 will be discussed. However, throughout the rest
of this chapter, only numerical read-out results will be presented, since echo interferences observed in the A-scans and the appearance of the C-scans will always be very
similar.
The C-scans in Figure 5.27 are computed in the frequency domain at f ro = 3 MHz
and recorded with T4 without the use of a TMM. They show the calibration and the
measuring channel having a fill level of 0 %, 30 %, 60 % and 90 %. The measured and
simulated C-scans were acquired with a scanning resolution of 0.2 mm × 0.2 mm and
0.1 mm × 0.1 mm, respectively. Since the transducer is considerably less sensitive at
the selected read-out frequency than at its resonance frequency, the measured C-scans
exhibit a relatively high noise level.
The measured (thin solid lines) and simulated (dotted lines) A-scans on the right
hand side of the C-scans in Figure 5.27 represent the echoes from the calibration and
the measuring channel at the positions indicated by black crosses in the respective Cscans. The outlet in the center of the measuring channel prevents the development of
multiple reflections. For this reason the A-scans of the measuring channel are taken
1.4 mm outside of its center, so that the multiple reflection in the filled channel can
be better observed. It is clearly seen that the echo from the measuring channel does
not only become smaller in response to an increasing fill level, but it also changes
its shape as a result of echo interferences. In particular at F = 90 %, they cause
increased oscillations at the end of the measured pulse. These oscillations result from
phenomena, which are not taken into account by the model.
When the empty measuring channel is insonified, almost the entire wave front is
reflected from its front surface, because the reflection coefficient R LL
pa is approximately
−1. The remaining part of the wave propagates along the thin region between neighboring channel sections. When it arrives at the end of this region, it most likely excites
oscillations at the back side of the channel, which in turn causes waves to be radiated
in all directions. A part of them propagate back to the front side of the channel, where
they interfere with the previously reflected echo. This model could explain the discrepancies between the simulated and the measured A-scans of the calibration and
the measuring channel at F = 0 %.
In order to quantify the accuracy of the measured fill level Fm , the read-out error
ε ro ( F ) will be introduced. It is the modulus of the difference between the real fill level
F and Fm :
ε ro ( F ) = | F − Fm |
(5.24)
ε ro ( F ) can also be interpreted as the relative measurement error of Fm with respect
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Figure 5.27: Measured and simulated frequency domain C-scans at f ro = 3 MHz recorded with
T4 without TMM (left) and A-scans at the positions indicated by the black crosses in the Cscans (right).
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Figure 5.28: Q(ω ) versus F computed at f ro = 3 MHz and recorded with T3 , (a) simulations, (b)
measurement.
no TMM: —, TMM 1: —, TMM 2: —, TMM 3 —.

to the maximum value (which is 1) of F. On the other hand, the relative error ε e
introduced in Eq. (5.19) is a measure for how accurate the shapes of the simulated
and measured echoes match. In this regard, the terms measured and real fill level denote the fill levels obtained with the ultrasound read-out and the fill level control tool
(Chapter 3.3), respectively. The latter allows to measure the fill level with an error
< 0.1 % and therefore is assumed to provide the real fill level. If Q(ω ) is known, Fm
could be computed by means of the scanning model introduced in Chapter 4.3.5.7.
As this works fine with the simulated data, relatively large read-out errors would be
obtained in association with measured signals, because of their discrepancies with respect to the signals predicted by the model. Therefore, when we deal with measured
data, Fm is computed in a different way:
Fm = q−1 ( Q(ω ) ),

(5.25)

where q−1 is the inverse of the reference function q, which relates Q(ω ) measured
in water to F. As we have already seen in Figure 5.24b and Figure 5.26b, q can be
approximated by a straight line for this particular sensor design. If, for instance, the
width of the micro channels is chosen to be larger, boundary effects would be less
dominant and the theoretical model could be used to compute Fm .
In Figure 5.28 the results of the-read-out performed with T3 are compiled. The simulated (Figure 5.28a) and measured (Figure 5.28b) curves represent Q(ω ) with respect
to F evaluated at f ro = 3 MHz. Although the simulated data are not affected by noise
or edge effects occurring at the border of the WIPSS, there are still considerable read-
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out errors as the numerical evaluation of ε ro in the first row of Table 5.5 shows. Two
reasons responsible for this behavior could be identified.
The first one concerns the fact that the three TMMs and water have different sound
velocities. Consequently, the focal plane is not at a fixed position, but the latter
slightly alters according to the material, i. e. water or TMM, in front of the transducer. Since the distance between the WIPSS and the transducer does not change, the
ratio of the sound field’s amplitude at the position of the calibration and the measuring channel cannot be a constant anymore. However, this shift of the focal plane only
results in read-out errors much smaller than 1 %.
A more important source of errors is depicted in Figure 5.29, which shows the narrow and somewhat problematic region between the calibration and the measuring
channel, where the outer part of the sound field could strike both channels. In fact,
the diameter of the sound fields of T3 at 3 MHz and 4 MHz are 3.1 mm and 2.3 mm,
respectively, whereas the lateral distance between the micro channels is only 2.4 mm.
Within the critical region, the elongation of the pulse could cause the edges of the
echoes E2 and E3 to overlap. This immediately provokes changes of the frequency
spectrum of the echoes, which eventually results in read-out errors. As the investigations have shown, even the echoes from the front side of the display and the
calibration channel overlap at their edges. Obviously, this is an unacceptable condition, since it prevents the signals from being properly extracted (Chapter 5.4.1) and
therefore affects the read-out accuracy.
Moreover, the distance between the micro channels and the edge of the display
is 2 mm, which is less than the diameter of the sound fields at the selected read-out
frequencies. Therefore, edge effects could lead to unpredictable read-out results, as
only a part of the ultrasound pulse arrives at the micro channels.
The read-out errors of the measurements depicted in Figure 5.28b are of the same
order of magnitude as the corresponding simulations. Again, the calibration point
is ≈ 5 % below 1, because of the delaminations in the display. Furthermore, the
curves exhibit less of a curvature than the simulations for the reasons that have been
discussed above.
Comparing the read-out errors for f ro = 4 MHz in the third and fourth row of
Table 5.5 with those for f ro = 3 MHz, no significant changes can be seen, even though
the sensitivity at 4 MHz is slightly smaller than at 3 MHz.
Since the diameter of the sound field of T4 is approximately 50 % larger than the
one of T3 , the read-out errors obtained with T4 are expected to be higher than those
of T3 . However, the results shown in Figure 5.30a, Figure 5.30b and the last four
rows of Table 5.5 do not reveal any significant differences compared to the results
achieved with T3 . Therefore, we conclude that the influence of the above described
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Figure 5.29: Echo interferences in the scanning region between the micro channels can lead to
read-out errors.

edge effects is of minor relevance. A more severe and therefore the most important
source for read-out errors is the temporal overlapping of the echoes resulting from
their elongation caused by the attenuation of the TMMs.
5.4.5.2 Time Domain Read-Out

In the last chapter the data evaluation in the frequency domain has been discussed.
The same data sets will now be evaluated in the time domain. It is expected that the
read-out error will be larger than in the frequency domain, because of interferences

Table 5.5: Simulated and measured read-out errors in the frequency domain computed for
transducer T3 (5 MHz) and T4 (6 MHz).
transducer,
f ro (MHz)
T3 , 3, sim.
T3 , 3, meas.
T3 , 4, sim.
T3 , 4, meas.
T4 , 3, sim.
T4 , 3, meas.
T4 , 4, sim.
T4 , 4, meas.

TMM 1: ε ro (%)
max
mean

TMM 2: ε ro (%)
max
mean

TMM 3: ε ro (%)
max
mean

1.6
2.7
1.8
4.0
2.5
2.4
3.0
2.3

2.5
3.0
1.9
3.9
2.6
3.7
2.3
3.3

1.9
7.3
3.7
8.9
4.7
3.4
5.2
1.5

1.0
1.1
1.2
3.4
1.4
1.3
1.2
1.1

1.5
1.2
0.8
3.0
1.5
1.9
1.7
1.0

0.9
2.4
2.1
6.3
1.7
1.8
1.4
0.8
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Figure 5.30: Q(ω ) versus F computed at f ro = 3 MHz and recorded with T4 , (a) simulations, (b)
measurement.
no TMM: —, TMM 1: —, TMM 2: —, TMM 3 —.

of the various echoes emerging from the measuring channel. Generally, these interferences affect the peak amplitude of the reflected signal in a non-uniform manner,
since they depend on the amplitude and phase spectrum of the pulse before it is dis(t)
(t)
torted. Consequently, the quotient Q(t) = Am /Ac cannot be a constant for a fixed
fill level 6= 0 and varying propagation media, as it is shown in Figure 5.31, Figure 5.32
and Table 5.6. Right away it is seen that the read-out errors are larger compared with
the results in the frequency domain. However, the simulated data in Figure 5.32a
also point out that the complicated reflection effects at the micro channels, which are
not included in the model, can lead to certain discrepancies between measured and
simulated data.
Table 5.7 shows the simulated read-out errors achieved with a hypothetical measuring channel, where no multiple reflections occur. The errors have clearly decreased. This demonstrates that multiple reflections are responsible for the relatively
large errors shown in Table 5.6. Consequently, the read-out in the time domain is only
suitable, if the depth of the measuring channel is larger than half of the pulse length.
With the current WIPSS and transducers this condition is not fulfilled. The subsequent data evaluations will therefore only be performed in the frequency domain.
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Figure 5.31: Q(t) versus F recorded with T3 , (a) simulations, (b) measurement.
no TMM: —, TMM 1: —, TMM 2: —, TMM 3 —.
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Figure 5.32: Q(t) versus F recorded with T4 , (a) simulations, (b) measurement.
no TMM: —, TMM 1: —, TMM 2: —, TMM 3 —.

Table 5.6: Simulated and measured read-out errors in the time domain computed for transducer T3 (5 MHz) and T4 (6 MHz). The simulation results are based on a measuring channel,
in which multiple reflections occur.
transducer
T3 , sim.
T3 , meas.
T4 , sim.
T4 , meas.

TMM 1:
max
6.4
18.1
1.1
12.4

ε ro (%)
mean
2.9
8.1
0.6
7.7

TMM 2:
max
6.8
19.8
2.0
13.4

ε ro (%)
mean
1.8
8.6
1.2
7.8

TMM 3:
max
10.0
23.8
6.9
20.0

ε ro (%)
mean
5.6
14.0
2.4
11.9
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Table 5.7: Simulated read-out errors in the time domain computed for transducer T3 (5 MHz)
and T4 (6 MHz). The results are based on a hypothetical measuring channel, in which no
multiple reflections occur.
transducer
T3 , sim.
T4 , sim.

TMM 1:
max
5.6
0.9

ε ro (%)
mean
3.8
0.6

TMM 2:
max
2.7
1.3

ε ro (%)
mean
2.1
0.8

TMM 3:
max
1.8
5.5

ε ro (%)
mean
0.6
3.8

5.4.6 WIPSS Read-Out: Influence of Noise

In Chapter 4.3.5.7 it has been shown that noise is likely to be canceled as a result of
the integration of the C-scans. This is proven by means of simulated data distorted
by uniformly distributed noise, whose noise level ndB measured in decibel is defined
as
n
ndB = 20 log b ,
(5.26)
2
where n is the maximal peak to peak noise amplitude and b is the resolution of the
analog to digital converter of the ultrasound scanner. ndB was set to values ranging
from −60 dB to −30 dB, which corresponds to a loss of maximum 3 and 7 bit in a 8
and 12 bit ultrasound system, respectively.
The simulation results are collected in Table 5.8. A comparison with the read-out
errors of the noise-free data in Table 5.5 reveals that there is no significant difference
up to ndB = −50 dB. Only for ndB = −40 dB and ndB = −30 dB an increase of
the read-out errors can be observed. However, such high noise levels are actually
never reached by the equipment used for the read-out experiments. In fact, ndB of the
phased array device having a resolution of 8 bit never exceeded −45 dB, even at the
highest gain settings required for the measurements with TMM 3.
5.4.7 WIPSS Read-Out: Non-Perpendicular Insonification

An important parameter of the rad-out out is the insonification angle θ1L , which is
the angle between the propagation direction of the pulse and the normal of the front
side of the WIPSS. The optimal insonification angle is 0◦ . At higher angles, the arising
phase errors cause signal distortions, which lead to an increase of the read-out errors.
The way phase errors affect the time domain signal at the transducer depends on
the excitation function, the transducer aperture and the material in which the ultrasound pulse is propagating. However, in the frequency domain, the only parameters
influencing the read-out are the transducer aperture and f ro .
In in-vitro experiments, where a mechanical scanner is used to acquire the ultrasound data sets, the insonification angle can be adjusted with an accuracy better than
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Table 5.8: Simulated read-out errors in the frequency domain computed for transducer T3
(5 MHz) and T4 (6 MHz) using data that has been distorted with additive noise in the range
between −30 dB and −60 dB.
transducer,
f ro (MHz)

no TMM: ε ro (%)
max
mean

TMM 1:ε ro (%)
max
mean

TMM 2:ε ro (%)
max
mean

TMM 3:ε ro (%)
max
mean

0.0
2.5
7.2
2.4

0.0
0.3
3.0
1.3

1.6
1.5
3.8
1.5

1.0
1.0
1.7
0.8

2.5
2.8
3.6
1.2

1.5
1.6
3.0
0.8

1.9
1.9
2.5
2.4

0.9
0.9
1.1
1.1

T3 , 3, sim.
T3 , 3, sim.
T3 , 3, sim.
T3 , 3, sim.

noise
level
(dB)
-60
-50
-40
-30

T3 , 4, sim.
T3 , 4, sim.
T3 , 4, sim.
T3 , 4, sim.

-60
-50
-40
-30

0.0
1.1
2.3
5.0

0.0
0.2
0.6
3.3

1.8
1.8
3.6
5.5

1.2
1.1
2.2
4.2

1.9
1.8
1.8
6.0

0.7
0.7
1.0
4.4

3.7
3.7
3.7
3.8

2.1
2.1
2.5
1.5

T4 , 3, sim.
T4 , 3, sim.
T4 , 3, sim.
T4 , 3, sim.

-60
-50
-40
-30

0.0
0.2
2.1
3.7

0.0
0.1
1.1
1.8

2.5
2.1
1.6
1.4

1.4
1.2
0.8
0.6

2.6
2.6
2.3
2.7

1.5
1.4
1.0
1.1

4.7
4.7
4.5
9.4

1.7
1.8
2.6
6.0

T4 , 4, sim.
T4 , 4, sim.
T4 , 4, sim.
T4 , 4, sim.

-60
-50
-40
-30

0.0
0.6
2.9
0.9

0.0
0.1
1.3
0.4

3.0
3.1
1.6
1.5

1.2
1.5
0.8
0.5

2.3
2.6
4.1
1.5

1.7
1.7
2.1
0.6

5.2
5.2
5.6
9.9

1.6
1.6
2.7
6.8
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1◦ and it is possible to precisely set θ1L to 0◦ . The situation looks different in in-vivo
application, since the exact location and orientation of the WIPSS is not known when
the measurement is conducted. The read-out would typically involve two measurements. A first one is performed in order to located the WIPSS and to determine θ1L .
Accordingly, the orientation of the transducer is adjusted, so that θ1L = 0, followed
by the second measurement.
Table 5.9 shows measured and simulated read-out errors obtained with transducer
T3 and T4 in the frequency domain. The data prove that a read-out is possible up to an
insonification angle of approximately 4◦ . The errors for f ro = 4 MHz hare generally
higher than those for f ro = 3 MHz. This is reasonable, since the 4 MHz signals are
likely to develop larger phase errors at a certain θ1L compared to the 3 MHz signals.
A problem of the oblique insonification is the fact that the signals received by the
transducer start to become longer and weaker if θ1L is increased. This reduces the
signal to noise ratio and can lead to a temporal overlapping of the echoes, which
was, for instance, observed in the data acquired with T4 .
5.4.8 WIPSS Read-Out: Micro Channels in the Same Plane

In the previous chapters it has repeatedly been seen that the current design concept
with the two micro channels located in different planes leads to additional read-our
errors. This situation can be improved by placing the micro channels in the same
plane. This has several advantages:
• The micro channels can be placed closer to the front side of the display, because
interferences between their echoes are not an issue anymore, as long as they are
separated at least as much as the maximum diameter of the sound field.
• The ultrasound pulses do not have to pass the interface between two PMMA
plates that possibly contains delaminations.
• Amplitude differences between echoes from the calibration and the empty measuring channel as a result of diffraction effects do not occur, which leads to a
more stable calibration point at F = 0.
• No attenuation correction needs to be performed.
Besides the advantages listed above, such a modified design has the drawback that
the current distance of 2.4 mm between the two micro channels needs to be increased
in order to prevent their echoes from overlapping when the diameter of the sound
beam exceeds 2.4 mm.
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Table 5.9: Measured and simulated read-out errors in the frequency domain computed for
transducer T3 (5 MHz) and T4 (6 MHz) and for insonification angles between 1◦ and 5◦ .
transducer,
f ro (MHz)
T3 , 3, sim.
T3 , 3, meas.
T3 , 3, sim.
T3 , 3, meas.
T3 , 3, sim.
T3 , 3, meas.
T3 , 3, sim.
T3 , 3, meas.
T3 , 3, sim.
T3 , 3, meas.

θ1L (◦ )

no TMM: ε ro (%)
max
mean

TMM 1: ε ro (%)
max
mean

1
1
2
2
3
3
4
4
5
5

1.5
1.7
2.5
2.8
3.1
3.4
2.7
3.5
2.5
-

0.8
0.8
1.1
1.6
1.4
1.5
1.6
1.4
1.5
-

2.3
1.9
2.5
2.5
2.9
-

1.0
1.2
1.5
1.7
1.8
-

T3 , 4, sim.
T3 , 4, meas.
T3 , 4, sim.
T3 , 4, meas.
T3 , 4, sim.
T3 , 4, meas.
T3 , 4, sim.
T3 , 4, meas.
T3 , 4, sim.
T3 , 4, meas.

1
1
2
2
3
3
4
4
5
5

1.3
1.1
3.2
2.1
5.3
3.0
6.6
2.7
8.4
-

0.6
0.4
1.4
1.4
3.0
2.0
4.2
1.5
6.2
-

0.9
3.1
5.0
6.5
8.2
-

0.4
1.5
2.9
4.3
6.1
-

T4 , 3, sim.
T4 , 3, sim.
T4 , 3, sim.
T4 , 3, sim.
T4 , 3, sim.

1
2
3
4
5

1.7
2.0
2.2
2.6
10.4

0.9
1.1
1.3
1.3
3.2

1.6
2.1
3.1
9.3
7.6

0.8
1.1
1.5
3.1
2.9

T4 , 4, sim.
T4 , 4, sim.
T4 , 4, sim.
T4 , 4, sim.
T4 , 4, sim.

1
2
3
4
5

1.7
3.6
3.0
10.5
28.1

1.1
2.0
1.3
5.5
14.2

2.8
4.0
4.7
17.4
24.4

1.9
2.4
1.9
9.4
12.8
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Table 5.10: Simulated read-out errors in the frequency domain computed for transducer T3
(5 MHz) and T4 (6 MHz). The simulations are based on the modified display, where both
micro channels lie in the same plane.
transducer,
f ro (MHz)
T3 , 3, sim.
T3 , 4, sim.
T4 , 3, sim.
T4 , 4, sim.

TMM 1: ε ro (%)
max
mean

TMM 2: ε ro (%)
max
mean

TMM 3: ε ro (%)
max
mean

0.2
0.2
0.0
0.1

0.3
0.1
0.1
0.4

0.6
2.3
0.3
2.4

0.1
0.1
0.0
0.0

0.1
0.1
0.0
0.2

0.2
1.0
0.1
0.9

The simulated read-out errors collected in Table 5.10 prove that this design change
explicitly improves the read-out performance in the frequency domain. For the simulations the distance between the micro channels was 4.5 mm and they were located
in the plane 2.4 mm behind the front side of the display.

5.4.9 Conclusions

The read-out of the WIPSS has been investigated under various conditions, whereas
several questions have been addressed. In Chapter 5.4.2 and Chapter 5.4.3 the influence of the reflection coefficient of the fluid in the measuring channel and phenomena
with regard to echo interferences have been studied. Based on simulations and measurements it has turned out that for the current micro channel design and the applied
transducers, it is favorable to apply a read-out frequency in the range between 3 MHz
and 4 MHz in order to obtain an optimum sensitivity for the frequency domain readout. The latter could be further improved, if a matched fluid would be used, i. e. a
fluid that has the same impedance as PMMA or if the depth of the measuring channel
would be reduced.
In Chapter 5.4.5 the most basic read-out has been studied by applying various
TMMs and an insonification angle of 0◦ . The results have shown that the read-out
in the frequency domain is more robust and yields smaller errors than the corresponding data evaluation in the time domain. In case of multiple reflections in the
measuring channel, the evaluation in the time domain has the distinctive drawback
that the results highly depend on the initial shape of the pulse and the medium the
pulse is propagating in. In contrast, the frequency domain evaluation only considers the amplitude of the spectrum at the selected read-out frequency and therefore is
more independent of the pulse shape. Moreover, for a certain transducer and readout frequency the diameter of the sound field is always the same, no matter whether
the pulse is affected by attenuation or dispersion. This property of the frequency do-
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main read-out allows to precisely define the the distance between the micro channels
as well as the distance between the latter and the edge of the display. As predicted
in Chapter 4.3.5.7 the multiple reflections in the filled part of the measuring channel
result in a non-linear relation between Q(ω ) and the fill level. As the non-linearity is
only dependent on the read-out frequency and the geometry of the measuring channel, a measurement in water can be performed in order to determine the reference
curve, which relates the fill level and Q(ω ) . This reference curve is then used for all
measurements of Q(ω ) to compute the fill level. The results have also made clear that
the most important source of errors is the possible partial overlapping of the echoes,
which occurs in response to the attenuation and elongation of the ultrasound signals.
Therefore, it is extremely important to prevent this overlapping by either providing
a display where the distance between its front side and the micro channels is sufficiently large or by using a transducer, which generates shorter pulses.
Chapter 5.4.6 addresses the question of the influence of electronic noise on the readout error. The model developed in Chapter 4.3.5.7 predicted noise to cancel out as a
result of the integration of the C-scans. It could be shown that the read-out is insensitive to noise as long as its amplitude is smaller than −40 dB. For higher noise
levels an increase of the read-out error has been found. However, the results showed
that with the current equipment, noise is not an issue, because the noise level of the
phased array system was always smaller than −40 dB, even for the measurements
with the highly attenuating muscle TMM, which required the largest amplification of
the ultrasound signals.
In Chapter 5.4.7 the read-out was investigated under the aspect of oblique insonification. At f ro = 3 MHz it was shown that up to an insonification angle of 4◦ a read out
is possible. With regard to the future in-vivo applications of the WIPSS this is a very
important outcome, since it guaranties a reliable measurement, even if the insonification angle cannot be set as accurately as in the case of a well controlled in-vitro
experiment.
All the investigations had in common that the best read-out performance can be
achieved in the frequency domain. Furthermore the current display design has been
shown to introduce additional read-out uncertainties, because the micro channels lie
in different planes. Situating them in the same plane drastically reduces the read-out
error as it has been demonstrated by the frequency domain read-outs presented in
Chapter 5.4.8.
So far all the measurements have been conducted by means of TMMs in order
to mimic the influence of human tissue on the ultrasound signals. With regard to
the attenuation and speckle noise introduced by real tissue, the TMMs are a good
substitute. From a macroscopic point of view, however, the TMMs represent homoge-
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nous materials, which limits their usability with regard to the read-out investigations.
Consequently, additional measurements applying real tissue need to be done (see
Chapter 6), so that the influence of inhomogeneities can be studied. It is expected
that the inhomogeneities lead to pulse distortions, which require additional signal
processing steps in order to keep the read-out error as low as possible.
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In Chapter 5 we have discussed several aspects of the read-out method of the WIPSS.
All the investigations so far have been conducted with homogeneous media (water,
TMM) between the WIPSS and the transducer. Although the TMMs contain small
glass beads, which generate speckle noise in the ultrasound B-scan images, they can
still be considered to be homogeneous, because the glass beads are much smaller than
the wavelength of the ultrasound pulses. Therefore, the C-scans acquired through
these media feature two properties, which are essential for a high read-out accuracy
(Chapter 4.3.2):
• No lateral distortions of the C-scans
• Constant amplitude of the front side echo of the WIPSS with respect to the scanning position
These two properties could be violated to some degree, when the measurements are
performed with real tissue, which incorporates muscle, fat and blood vessels among
others. These inhomogeneities influence the propagating wave front in many ways.
Refraction effects cause lateral distortions of the C-scans, which renders the determination of the proper integration range challenging. Inhomogeneities in the tissue
also cause temporal distortions of the propagating pulse. As a result, the shape of the
echo from the front side of the WIPSS will depend on the scanning position. This has
an immediate impact on the calibration behavior of the read-out, because it provokes
an instable calibration point.
In the following chapter, we will discuss the additional signal processing steps,
which help to partially compensate the adverse influence of tissue (represented by
pork meat) on the ultrasound signals. The subsequent discussion will be restricted to
the frequency domain, as it turned out in Chapter 5 that the read-out is more robust
in this than in the time domain.
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6.1 Data Processing
The data processing pipeline has been extended by two additional stages: amplitude
and distortion correction.
The term amplitude correction refers to the operation, which compensates amplitude errors of the C-scans of the two micro channels. It is performed right after the
frequency domain C-scans of the front side and the micro channels have been computed by means of the fast Fourier transform (Figure 6.1). Since both micro channels
are very close to the front side of the display, their echoes are highly correlated to
those of the latter (Chapter 4.3.2, Figure 4.9). Hence, it is reasonable to assume that
at each scanning position the C-scan amplitude error of the measuring or the calibration channel is identical to that of the front side. Obviously, this assumption becomes
more accurate, the closer to the front side the micro channels are. The amplitude
(c)
(c)
corrected C-scans Cm0 and Cc0 of the measuring and the calibration channel, respectively, are therefore computed as follows:
(c)

Cm0 ( x, y, f ro )
C f m0 ( x, y, f ro )

(6.1a)

(c)

Cc0 ( x, y, f ro )
C f c0 ( x, y, f ro )

(6.1b)

Cm0 ( x, y, f ro ) =
Cc0 ( x, y, f ro ) =

where C f m0 and C f c0 are the C-scans of the front plane above the measuring and the
calibration channel and Cm0 and Cc0 are the uncorrected C-scans of the latter.
The effect of the amplitude correction is demonstrated in Figure 6.2, which illustrates several frequency domain C-scans recorded with transducer T4 and meat M1.1 .
The two images in the left column show the 3 MHz C-scans of the front plane above
the calibration channel (top left) and the measuring channel (bottom left). It is clearly
seen that the amplitudes are not constant. In fact, the quotient
Qf f0 =

∑ x ∑y C f c0 ( x, y, f ro )
∑ x ∑y C f m0 ( x, y, f ro )

(6.2)

of the integrated amplitudes of C f c0 and C f m0 yields a value of ≈ 1.45 instead of
1. Similar amplitude discrepancies can be observed if the uncorrected C-scans of
the calibration channel (top center) and the measuring channel (bottom center) are
compared. Except for the small amplitude errors caused by the attenuation of the
PMMA, the delaminations in the display and the diffraction effects, these two Cscans would appear identical in the absence of inhomogeneous media. Instead, the
quotient
∑ x ∑y Cc0 ( x, y, f ro )
Qmc0 =
(6.3)
∑ x ∑y Cm0 ( x, y, f ro )
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Figure 6.1: The data evaluation in association with the meat measurements needs the introduction of two additional signal processing steps in order to enhance the accuracy of the
read-out: Amplitude, and distortion correction.
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0
C-scan of the front plane
above the measuring channel:
C fm0 (x, y, f ro )

uncorrected C-scan of the
measuring channel:
C m0 (x, y, f ro )

corrected C-scan of the
measuring channel:
C (c)
m0 (x, y, f ro )
1
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Figure 6.2: Amplitude correction applied to the C-scan of the calibration and the empty measuring channel recorded with T4 and M1.1 . Left row: the C-scans of the front plane of the
WIPSS show significant amplitude variations. Center row: uncorrected C-scans of the calibration (top) and measuring channel (bottom). They would appear almost identical, in the
absence of inhomogeneous media. Right row: corrected C-scans of the calibration (top) and
the measuring channel (bottom).

is ≈ 1.54. Therefore large read-out errors would arise, if no amplitude correction is
done.
The drastic improvement achieved with amplitude correction is seen in the two
(c)
(c)
images in the right column of Figure 6.2. The corrected C-scans Cc0 and Cm0 of
the calibration (top right) and the measuring (bottom right) channel appear almost
identical, which is also proven by the quotient
(c)

(c)
Qmc0

=

∑ x ∑y Cc0 ( x, y, f ro )
(c)

∑ x ∑y Cm0 ( x, y, f ro )

,

(6.4)

which has been reduced to only ≈ 1.01.
The next new step in the data processing pipeline performs the correction of lateral
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transducer

transducer

fat

fat

muscle

muscle

micro channel

micro channel

Figure 6.3: Refraction effects at the fat-muscle interface cause the C-scan of the micro channel
to appear smaller (left) or bigger (right) compared to the case where no refraction occurs.

distortions of the C-scans. Such distortions may arise from sound beam deflections,
which typically occur in inhomogeneous media. They are seen in the pictures in the
right column of Figure 6.2. Instead of having a circular shape, the micro channels
appear somewhat deformed. Depending on the structure of the medium in which
the ultrasound pulses are propagating, the micro channels are not only deformed by
keeping more or less the same size, but they could also appear smaller or bigger compared to their original size. Figure 6.3 shows two different tissue structures, which
cause the C-scan of the micro channel under investigation to shrink (left) and to expand (right). The solid lines indicate the path of the ultrasound pulses. They are
deflected at the boundary between the fat and the muscle tissue, because the two media have different speeds of sound (Chapter 4.1). The dotted lines represent the path
of the pulses in case they travel through a homogenous material.
Essentially, the distortion correction does not involve a transformation of the Cscan, so that it would appear as if it had been recorded in a homogeneous medium.
Instead, it means that the integration range is not a circle with a fixed radius Ri , but
it is an arbitrarily shaped area, whose size is used to normalize the corresponding
integrated C-scan. As a result Q(ω ) is now given by:
Q(ω ) =

A m Sc
·
,
A c Sm

(6.5)

where we recall that Sm and Sc are the integration areas of the C-scans of the measuring and the calibration channel, respectively (Chapter 4.3.3, Chapter 4.3.4). To
facilitate the subsequent explanations about the determination of Sm and Sc , we use
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the expression C ( x, y), which refers to either one of the two micro channel C-scans.
First, the center of C ( x, y) is determined. It is defined to be at the maximum value
of the cross correlation between a circular disk, which has a radius of 2.5 mm, and
C ( x, y). The found location is used as the center point for the subsequent transformation of C ( x, y) from cartesian to polar coordinates. The integration radius Ri (φ) is
now implicitly defined by the following criterion:
RZi (φ)

C (r, φ)dr = τ ·

0

RZmax

C (r, φ)dr,

(6.6)

0

where Rmax = 5 mm is the maximum allowed integration radius and τ = 0.9 is a
arbitrarily chosen threshold. Accordingly, the general integration range S is given
by:
S=

Z2π RZi (φ)

r dr dφ

0

(6.7)

0

By applying Eq. (6.6) and Eq. (6.7) the integration areas Sm and Sc can be determined,
allowing to perform the distortion correction defined by Eq. (6.5).

6.2 Read-Out Results
In order to obtain an impression of the inner structure of the meat samples, we acquired X-ray computed tomography (CT) images of the latter. From visual inspection, it was expected that meat M1.1 , M1.2 and M1.3 contain relatively large inclusions
of fat tissue. In contrast, M2.1 , M2.2 and M2.3 were assumed to be more homogeneous.
This is confirmed by the cross sectional views of the six meat samples provided by
Figure 6.4 and Figure 6.5, which are taken at the approximate locations where the
ultrasound measurements were conducted and which show the meat in its real size.
The fat appears as black structures and muscle tissue as well as water, which surrounds the meat, are represented by various gray levels. Obviously, M1.1 (Figure 6.4a)
and M1.3 (Figure 6.4c) contain fat inclusions of more than 10 mm in diameter and
therefore can be considered to be inhomogeneous. M2.3 (Figure 6.5c) is an interesting
sample in terms of the multi layer model introduced in Chapter 4.1. It is composed
of two layers of tissue, namely, a 1 to 5 mm thick layer of fat close to the WIPSS and
a 20 mm thick layer of muscle tissue. Note that the meat was already in the plastic
bags filled with water, when the CT images were recorded. Therefore the boundary
of the meat needed to be marked with thick white lines, because the contrast between
muscle and water is very poor.
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Figure 6.4: Cross sectional view of (a) meat M1.1 , (b) meat M1.2 and (c) meat M1.3 ,
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Figure 6.5: Cross sectional view of (a) meat M2.1 , (b) meat M2.2 and (c) meat M2.3 ,
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We will now present the read-out results achieved with the six pieces of meat.
All the measurements were performed at room temperature using the phased array
transducer T4 , which was located in such a way that the focal plane coincided with
the front plane of the WIPSS display. The insonification angle was approximately 0◦ .
For the read-out, where no distortion correction was applied, an integration radius
of 3.5 mm was used. For every meat sample, measurements were conducted at 10
different scanning locations. At each of these locations data sets were recorded at
fill levels of 0 %, 10 %,. . . and 90 %. Therefore, 600 measurements were performed in
total.
Figure 6.6 shows a collection of A-scans and 3 MHz C-scans recorded with meat
M1.1 before amplitude correction was performed. The A-scans are taken at the positions indicated by the black and white crosses (compare with Figure 5.27). Since
M1.1 is highly inhomogeneous one would expect considerable temporal distortions
of the A-scans. Distortions can indeed be observed. However, they are mainly caused
by the attenuating behavior of the meat sample and not by diffraction, refraction or
multiple scattering effects. These effects would rather lead to phase errors and not to
a shift of the center frequency of the received ultrasound echoes. It was also found
that the amplitudes of the echoes from the display are more than 10 times higher than
those from the inner structures of the meat. With regard to the future application of
the WIPSS, this is a very positive outcome of these measurements, since it predicts
an excellent visibility of the WIPSS in in-vivo ultrasound images and relatively high
signal to noise ratios.
The C-scans shown in Figure 6.6 are computed at f ro = 3 MHz. Because their
amplitudes are not corrected, the C-scan of the empty measuring channel appears
considerably darker, than the C-scan of the calibration channel.
Figure 6.7 displays the measurement results obtained with the six meat samples. In
each picture there is a straight blue line, which represents a linear fit of the reference
curve measured in water (Figure 5.30b, green line). All the read-out errors will be
computed with respect to this reference curve.
First of all, we take a closer look at the red markers, which indicate the read-out
results achieved with the signal processing according to Figure 6.1 without distortion correction. The corresponding read-out errors are collected in the first rows of
Table 6.1 and Table 6.2. Two things are obvious. First, the best read-out accuracy
yielded the measurements with the two thinnest meat samples M1.2 and M2.2 . The
C-scans of these measurements feature the smallest lateral distortions and amplitude
variations compared to the measurements with the other meat samples. Therefore,
the results are comparable with those obtained with the TMMs. Second, the measurements with M1.1 , M2.1 and M2.3 exhibit outliers, which are responsible for the large
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Figure 6.6: f ro = 3 MHz C-scans (left) and A-scans (right) recorded with T4 and meat M1.1 . The
A-scans are taken at the positions marked by the black and white crosses on the C-scans.
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Table 6.1: Read-out errors obtained with M1.1 , M1.2 and M1.3 .
transducer, f ro (MHz)
T4 , 3, no dist. corr.
T4 , 3, with dist corr.

M1.1 : ε ro (%)
max
mean
38.5
6.9
15.3
4.9

M1.2 : ε ro (%)
max
mean
11.4
2.3
11.1
3.6

M1.3 : ε ro (%)
max
mean
22.7
7.3
10.2
3.0

Table 6.2: Read-out errors obtained with M2.1 , M2.2 and M2.3 .
transducer, f ro (MHz)
T4 , 3, no dist. corr.
T4 , 3, with dist corr.

M2.1 : ε ro (%)
max
mean
29.7
8.0
18.5
3.2

M2.2 : ε ro (%)
max
mean
16.8
4.3
9.5
2.4

M2.3 : ε ro (%)
max
mean
30.8
5.9
18.9
4.3

maximum read-out errors of almost 30 % and more. There are several reasons for this.
The examination of the data showed that the highest read-out errors occur in the
measurements, where the C-scans of the micro channels are most distorted and/or
where the amplitude variations of the display’s front side C-scan are of the order of
100 % or even more. Moreover, in some measurements the dynamic range of the front
side echoes was such high that the smallest echoes reached the resolution limit of the
8 bit analog to digital converter of the phased array device, which obviously leads
to rather inaccurate results. If the mean read-out errors of all the measurements are
considered, we find that they are clearly below 10 %. However, the current maximum read-out errors are still not acceptable, which is the reason, why it was tried to
compensate the lateral distortions according to Chapter 6.1.
The compensation of the lateral distortions involves solving Eq. (6.6) in order to
obtain the integration radius Ri (φ). It turned out that the evaluation of this equation
is somewhat problematic, as soon as we deal with the (partially) filled measuring
channel. In this case, the amplitude decay of the C-scan begins closer to its center
compared to the C-scan of the calibration channel. As a result the estimated size Sm
of the measuring channel defined by Eq. (6.7) tends to be too small, which in turn
does not lead to an improvement of the read-out error. Therefore, at each measuring
position, Sm was determined by using the C-scan of the completely empty measuring
channel. The value obtained for Sm was then used for all the fill levels at this position. Obviously, in a real application this procedure would not be feasible, because
it would involve the measurement of the actual fill level as well as a second measurement with the empty measuring channel, whose only purpose is to determine
the correct integration range Sm . However, with the presented approach, we can still
show that if it is possible to determine the size of the the C-scans of the two micro
channels, a considerable improvement of the read-out accuracy can be achieved. This
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Figure 6.7: Read-out results obtained at f ro = 3 MHz with (a) M1.1 , (b) M1.2 , (c) M1.3 , (d)
M2.1 , (e) M2.2 , and (f) M2.3 . Red markers: with amplitude correction, green markers: with
amplitude and distortion correction, blue line: reference curve measured in water (see Figure 5.30b).
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can be seen in Figure 6.7, where the measurements with amplitude and distortion correction are shown by the green markers. The corresponding numerical evaluation of
the read-out errors are found in the last rows of Table 6.1 and Table 6.2. In all measurements except the one with meat M1.2 the maximum as well as the mean errors
could be drastically reduced. With regard to the measurements with M1.2 one would
most probably only apply amplitude corrections, since almost no distortions can be
detected by inspecting the C-scans.

6.3 Conclusions
In the last chapter we have presented the read-out results of six different pieces of
meat. Most of them contain inclusions of fat tissue, which are much bigger than the
wavelength of the applied ultrasound pulses. As a result, this meat can no longer
be considered to be a homogeneous material. This has a dramatic consequence with
regard to the read-out accuracy, because the inhomogeneities cause significant amplitude variations and lateral distortions of the C-scans. However, we have shown that
it is possible to partially compensate these negative influences, so that the read-out
becomes more accurate. Moreover, the measurements were conducted with a general
purpose phased array system. Phased array technology is also intended to be used
in a real in-vivo application. Therefore, we conclude that the read-out can also be
performed with a commercial medical ultrasound scanner with the appropriate software
upgrade.
As the measurements have revealed, the inhomogeneities of the meat mostly influence the calibration behavior of the read-out. In contrast, the fundamental linear relation between Q(ω ) and the fill level is affected to a lesser extent. This can be shown
with the following considerations. Let us assume that we were able to perfectly calibrate the signals, i. e. Q(ω ) = 1 for F = 0. In this case the maximum and mean
read-out error for all the meat measurements is reduced to 6.2 % and 1.0 %, respectively. The corresponding fill level versus Q(ω ) curves are shown in Figure 6.8. This
is an astonishing result, which clearly demonstrates the suitability of the read-out
method applied in conjunction with inhomogeneous materials. However, the result
also points out the need for more sophisticated signal processing algorithms in order to perform a better distortion compensation and to improve the echo calibration.
For that reason, we propose to surround the micro channels with point-like reflectors (markers). Their positions with respect to the micro channels are known and
therefore distortion correction could be performed more accurately, because the localization of a point-like reflector by means of ultrasound pulse/echo measurements
generally is not that difficult. According to the read-out results obtained in Chap-
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Figure 6.8: Q(ω ) versus F for the case were a perfect calibration is possible. Markers: meat
measurements, solid line: reference curve measured in water (see Figure 5.30b).

ter 5.4 it is further recommended to place the measuring and calibration channel in
the same plane. In doing so, the distance between the micro channels must be at least
as large as the diameter of the sound field at the selected read-out frequency.
If the measured data are analyzed it is evident that the read-out error in some way
correlates with the lateral distortions as well as the amplitude variations of the unprocessed C-scans. Therefore, for the future investigations it would actually be convenient to define suitable measures for these quantities. Furthermore, if it is possible
to find a general relation between theses measures and the read-out error, a value
of confidence could be given for the latter. For this, more measurements need to be
conducted and analyzed.
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In this work an ultrasound based read-out method for a novel wireless implantable
passive strain sensor (WIPSS) was successively developed. The sensor is entirely
made of PMMA, and it is designed for strains between −10−3 and +10−3 . It consists
of a cuboid-like reservoir filled with distilled water. If the reservoir is deformed by
an external force, the water flows into a micro channel, which is attached to the reservoir. The micro channel or as we used to call it, the measuring channel, has a width
of 0.1 mm and it is wound in such a way that it forms a spiral with a diameter of
5 mm. The read-out method must be able to determine the fill level of the measuring
channel, which eventually allows to compute the strain of the reservoir, if the sensor
specific relation between the strain and the fill level is known.
The sensor will be used in in-vivo applications, where the deformations of orthopedic implants are intended to be measured and where it will be covered by inhomogeneous human tissue of up to 50 mm. Under this precondition, a novel read-out
method was developed, which does not require 3D ultrasound data with a lateral resolution equal to the width of the measuring channel. The read-out method is based
on an areal integration of the time or frequency domain C-scan of the measuring
channel. This yields a quantity, which linearly depends on the fill level. Since this
quantity also depends on the material between the WIPSS and the transducer, a calibration reflector inside the WIPSS is necessary in order to calibrate the ultrasound
signals and to make the measurement material independent.
In order to confirm the suitability of the proposed read-out method, an experimental setup consisting of an ultrasound scanner, a water tank and a control software was
built. The influence of 33 mm or 52 mm of fat tissue and 32 mm of muscle tissue on
the read-out accuracy was simulated by placing homogeneous tissue mimicking materials (TMM) between the transducer and the measuring channel. By means of this
system in-vitro trials using a 6 MHz phased array and a 5 MHz single element transducer were conducted. With the 6 MHz phased array transducer the overall maximum and mean read-out error is 3.7 % and 1.3 %, respectively. This is an excellent
result, considering the fact that the lateral resolution of the acquired ultrasound data
was at best 1 mm. Presently, there is no other method known, which would yield a
similar outcome under these conditions. With the above results it was demonstrated
that it is possible to reliably determine the fill level of the spiral shaped micro channel

179

7 Conclusions and Outlook
through homogeneous and attenuating TMMs of up to 52 mm in thickness. The strain
associated with the fill level can therefore be determined with a similar accuracy as
the fill level, since the latter does linearly depend on the strain of the reservoir. The results further proved that the read-out method is mostly independent of the thickness
and the acoustic properties of the TMMs, as long as the echoes from the measuring
channel do not interfere with other echoes. Such interferences are responsible for
the larger overall maximum and mean read-out error of 8.9 % and 2.9 %, respectively,
achieved with the 5 MHz single element transducer. As a result, the proper selection
of the transducer and its excitation function is essential in order to ensure that the
ultrasound pulses are short enough, so that echo interferences are avoided.
The above results are based on the evaluation of frequency-domain C-scans at
3 MHz and 4 MHz. By, using the same 3D ultrasound data sets, but performing the
read-out with time domain C-scans, the maximum and mean errors are 23.8 % and
10.2 % for the single element transducer and 20.0 % and 9.1 % for the phased array
transducer. The measurement results led to the conclusion that the frequency domain read-out is more robust than the one in the time domain, whereas with the
current WIPSS and transducers, the optimal read-out frequency at which the C-scans
need to be computed, is in the range between 3 MHz and 4 MHz. Moreover, it was
found that the read-out sensitivity depends on the depth of the measuring channel
and the read-out frequency. Generally, the maximum sensitivities can be achieved, if
the depth of the measuring channel goes towards zero.
An important investigation addressed the read-out accuracy under the condition
of oblique insonification. It was shown that up to an insonification angle of 4◦ a
read-out is still possible. This important result shows that with regard to the future
application of the WIPSS, where the read-out will be performed under conditions,
which do not allow to reliably adjust the insonification angle, it is still possible to
accurately read-out the WIPSS.
In order to study the read-out under more realistic conditions, additional in-vitro
measurements were conducted with six different pieces of pork, which had thicknesses between 10 mm and 30 mm. They contained fat inclusions of up to 10 mm
in diameter, which caused lateral as well as temporal distortions of the ultrasound
signals. By means of the data evaluation in the frequency domain at 3 MHz and advanced signal processing algorithms the negative influence of these distortions on the
read-out accuracy was partially reduced. The resulting mean errors are in the range
from 2.3 % to 8.0 % and the maximum errors are between 11.4 % and 38.5 %, if the
data is considered, where only the distorted amplitudes are corrected (see the first
rows of Table 6.1 and Table 6.2. With these measurements we showed that a readout through inhomogeneous tissue is still possible, although the maximum errors
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are considerably higher than the maximum errors obtained with the homogeneous
TMMs. However, it was also shown that if the calibration of the signals can be done
in an optimal manner, the maximum and mean errors are reduced to 6.2 % and 1.0 %.
These errors are similar to the ones achieved with the homogeneous TMMs.
The measurement results were also confirmed by respective simulations. They are
based on an analytical model, which describes the entire transmit-receive process associated with the read-out of the WIPSS. The model is a valuable and powerful tool
for investigations with regard to the further development and optimization of the
strain measuring system. It allows to assess the influence of various system parameters like, for instance, transducer aperture (single element or phased array), excitation
function, F-number, electronic noise, shape of the micro channels, fill level, insonification angle, attenuation and dispersion. The model has the distinct advantage that
the influence of these parameters on the read-out can typically be computed within
less than an hour. If the same investigations were made with either finite difference
time domain or finite element simulations, it would at least take a day to obtain the
results.
With the simulation model the influence of broadband noise on the read-out was
studied. It turned out that up to a noise level of approximately −40 dB the read-out
errors are not significantly different to those achieved without noise. A comparison
with the ultrasound equipment shows that this level was actually never reached during the experiments. Even for the measurements conducted with the heavily attenuating muscle TMM, which required the highest gain settings, the noise level never
exceeded −45 dB. Therefore, if an ultrasound scanner with an resolution of 8 bit is
used, the read-out yields a reasonable performance as long as the noise does not affect more than the two lowest bits of the recorded data. The results also implies that
the sensitivity of the transducer is of secondary importance.
With this study it was demonstrated that the novel system consisting of a strain
sensor made of PMMA and an ultrasound-based read-out method is a promising new
tool for in-vivo measurements of the strain of orthopedic implants. The experiments
conducted with a general purpose phased array system also showed the feasibility of
using a commercial medical ultrasound scanner with the appropriate software modifications in order to perform the read-out. With regard to the acceptance of this new
system, this is a very important outcome of the investigations, since it does not require the acquisition of a dedicated ultrasound scanner, which is solely capable to
perform the read-out.
The actual strain monitoring system can now be applied in in-vitro experiments,
where the WIPSS will be mounted on an orthopedic implant, which will be subject to
defined deformations. These studies will provide important results about the overall
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7 Conclusions and Outlook
system performance and they can be used to further optimize the WIPSS and the
read-out method. For instance, we recommend to place point-like reflectors around
the measuring channel. They help to improve the correction of the lateral signal
distortions caused by inhomogeneous media.
Currently, the WIPSS is configured for applications, where it can be covered by up
to 50 mm of tissue. However, in future it is envisaged to design application specific
sensors. This would allow to make the measuring channel smaller, if it is, for instance,
placed directly underneath the skin. In this case it could even be possible to acquire
ultrasound data, which provide a resolution of 0.1 mm or better, so that the a ”direct”
read-out becomes possible.
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