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Abstract

Understanding the piezoelectric disk characteristics and behaviors is essential to achieve
a good system model and can increase accuracy and reduce measurement uncertainties.
This work uses finite element modeling to compare simulations to experimentally obtained
measurements of electrical and acoustic characteristics of the piezoelectric disk Pz27.

The electrical measurements are performed with an impedance analyzer, which mea-
sures the electrical properties of the piezoelectric disk conductance and susceptance. For
the acoustic measurements of the directivity, on-axis pressure, and 2-D horizontal pressure
field of the piezoelectric disk, a MatLab app has been developed to automate the measure-
ments and control the acoustic measuring setup. The sensitivity of the directivity related to
small dislocations of the transducer has been studied.

The finite element simulations compared to experimentally obtained results agree well,
but somewhat low signal-to-noise ratio for some of the frequencies are observed. These re-
sults imply that the finite element simulation software used in this work proves to be a good

tool for predicting measurements.
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Chapter 1

Introduction

1.1 Background and motivation

The use of ultrasound in industries, commercial products, and science is numerous. In these
areas, ultrasound applications can be topography mapping the sea floor [58][34], detecting
cracks in pipes both on and offshore [77][10][74], fiscal flow measuring [33][3], pregnancy
check [75], or motion detections [59]. A piezoelectric material is often used in such applica-
tions due to the material’s ability to transmit or receive ultrasound due to the piezoelectric
effect and with given structural dimensions [73]. Therefore, there is a need to understand the
behaviors and characteristics of these piezoelectric materials. A good understanding can in-
crease accuracy and reduce uncertainties in measurements. Fiscal flow measurements for
exporting and selling gas [3][33][69][43] are one field where accuracy and low uncertainties
are crucial. Suppose ultrasonic flow meters are chosen over non-ultrasonic. In that case, it
is often due to one or more reasons, such as reasonable purchase price, operation, mainte-
nance, and installation costs, or the equipment is easy to use [45]. Ultrasonic gas meters use
several measurement methods such as transit time, doppler, and correlation [30]. The more
commonly used method is the transit time. This method measures the time difference of
sound propagation between the transmitter and receiver caused by fluid velocity and pro-
duces high accuracy measurements [14].

To better understand an ultrasound measurement system, it is necessary to describe a
complete system model beyond the transmitter and receiver [72]. A complete system model
often consists of a computer, signal generator, transmitter electronics, transmitter trans-
ducer, propagation medium, receiver microphone/transducer, receiver electronics, and ter-
mination at oscilloscope [72]. Describing this system model as a whole or as individual parts
can theoretically improve the understanding of the measurement system considerably. It
also opens up to analyze each individual part of the system model and optimize parame-

ters within each individual block, which further leads to improvements in the measurement
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system as a whole.

Understanding the piezoelectric element characteristics and behaviors is essential to
achieving a good system model. In a transducer construction, piezoelectric elements are the
main component to transmit and receive ultrasound. Since piezoelectric elements are often
only a part of several components in a larger transducer structure, other components can
be used, for example, to improve the impedance matching of the transducer structure to the
medium [72]. A transducer construction could be matching layers, backing, piezoelectric
material, and housing designed to increase the efficiency of transmitting and receiving ul-
trasound in a given medium [73]. Before designing a transducer structure, it is essential to
have appropriate piezoelectric and material parameters to perform sufficiently good finite
element simulation approximations, such as admittance, axis pressure, and directionality,
that will largely match measurements.

Simulating piezoelectric elements requires knowledge and control over the parame-
ters of the surrounding mediums, materials, and elements. Several years of research on the
parameters of the element used in the present work have provided good approximations of
the parameters. These good approximations come from comparing finite element modeling
with actual measurements and fine-tuning the parameters. This method is well established

within the research community when studying transducer elements.

1.2 Previous work

Knowledge and a good understanding of a transmit-receive ultrasonic measurement system
are necessary to predict the measurement system’s behaviors and electrical and acoustical
characteristics. After years of research on transmitter receiving ultrasonic measurement sys-
tems, the developed modeling software FLOSIM was investigated for use in simulations of
1-D ultrasonic transit time systems. These investigations concluded that it would be an ef-
fective tool in developing future ultrasonic transit time flowmeters [44]. In later years, soft-
ware such as FLOSIM (1-D), FEMP (2-D), and COMSOL (3-D) is used extensively to simulate
and predict various parts of a transmit-receive ultrasonic measuring system. Examples of
works that have used these different software are [71][44][49][22].

Work done by Benny et al. [11] investigates a method to predict and measure the acous-
tic radiation induced by ultrasonic transducers radiating in the air for frequencies less than 1
MHz. This work used a laser vibrometer to map the surface displacement. This surface dis-
placement is used to predict the 2-D sound field, and the predicted sound field is compared
with finite element modeling (FEM) simulations and measured pressure using an ultrasonic
detector. These predictions and measurements were compared in the near-field range of

+20mm in the radial direction and from 5 to 300 mm in the axial direction relative to the
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transducer surface. The results gave good agreement between the theory and experimental
obtained results. With this method of predicting the sound field of the transducer, problems
arising from standing waves and non-planar waves in near fields are avoided.

Sanabria et al. [62] use a closed reradiation method that combines the Rayleigh-Sommerfeld
integral and time-reversal acoustics, which allows for calculating the entire near and far-field
based on a single 2-D sound pressure field measurement. This sound pressure field is pro-
duced by an air-coupled ultrasound (ACU) probe, where measurements are done in a plane
parallel to the probe’s surface in the near field, and measurements are performed with a
calibrated microphone. This method works for both 3-D (circular, square) and 2-D (rectan-
gular) planar transducers in the frequency range from 50 to 230 kHz, and it is stated that this
method outperforms baffled piston models.

The article by @yerhamn et al. [49] developed a model describing a transit-receiver
measurement system based on the transducer’s radial mode operating in a homogeneous
fluid medium. It uses axisymmetric FEM of two piezoelectric ceramic disks as transmit re-
ceiver pair and sound propagation in the medium air. The simulated model is compared
with experimental measurements of the transmit-receive voltage-to-voltage transfer func-
tion in the frequency range over the two first radial modes of the two disks and at 1 atm. It is
also compared simulation with the time domain electrical terminals voltages signals of the
transmitting and receiving transducers. Compared to the measurements, this model simula-
tion of the measurement system provides good agreement, but improvements are potentially
identified and discussed.

An article by Chillara et al. [22] studies the generation of ultrasonic Bessel beams from
radial modes to a piezoelectric disk transducer. Laser Doppler Vibrometry is used to measure
the Bessel vibration pattern of the radial mode, which is found to agree well with the numer-
ical simulations. The beam profiles from the four first radial modes of the disc are measured
with a hydrophone in a water tank and compared to predicted results obtained from the
analytical model, and they are in good agreement. These experimental measurements use
similar methods of measuring directivity, on-axis pressure, and 2-D sound pressure field as
the measurements conducted in this work.

There are few articles published regarding radial modes and characterization of the
piezoelectric disk’s radial modes. This leads to the majority of the articles covered in this
section being written about complete transducer constructions and other transducers then
used in this work. However, several of the measurement methods and models are similar to

what has been done in this work.
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1.2.1 Previous work at UiB

Over the years, much work has been conducted at the University of Bergen with the acous-
tical measurement setup, focusing on investigating the behaviors of piezoelectric disks and
transducers in transmitting and receiving ultrasound in the air. The primary investigation
by the work performed by Storheim [65] is diffraction correction of non-uniformly vibrat-
ing sources. These sources are baffled uniform piston, baffled piezoceramic disk, unbaffled
piezoceramic disk, and side baffled piezoceramic disc. It is used finite element (FE) to sim-
ulate and investigate these sources and then compares them to numerical and analytical
expressions and electrical and acoustic measurements. The diffraction correction behavior
is defined by the sound pressure generated by the source simulations and compared to the
widely used baffled piston diffraction correction. The FE simulation program used to per-
form the simulations was developed by Kocbach [38] in cooperation between the University
of Bergen (UiB) and Christian Michelsen Research AS (CMR) and called Finite Element Mod-
eling of Piezoelectric structures (FEMP).

The work of Mosland and Hauge [48][29] is partially co-written. Mosland’s primary
focus is developing and implementing a modified three-transducer reciprocity calibration
method for use in the surrounding fluid air in a frequency range of 50-300 kHz. This cali-
bration method includes correction due to absorption in air, diffraction effects, and trans-
mitting and receiving electronics. The experiment’s final results are compared to simula-
tions and acoustical measurements with a calibrated condenser microphone. The produced
transmitting voltage response result by Mosland is given in Fig. 1.1 [48] and is used in this
work’s discussion of signal-to-noise results. Hauge’s primary focus is developing and imple-
menting an FE-based linear system model that describes an air measurement system with
arbitrary distances between transmitter and receiver and compares the system model with

experiments performed in air.

-10 T
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-20 Simulation
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Figure 1.1: Comparison of the measurement and simulation of the transmitting voltage re-
sponse |Sy| for the transmitting piezoelectric disk Pz27 with d/t = 10 and plotted from 50 kHz
to 300 kHz. The boundaries between "x" in the resonance peaks is Vj =2V and V; oy =20V
elsewhere. The result is taken from [48].
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Andersen [7] used the three-transducer reciprocity calibration method to calibrate two
piezoelectric disks for air in a frequency range of 50-300 kHz and compared the experiment’s
final results with FE simulations. Andersen [7] also implemented lasers to conduct high-
accuracy separation measurements between the two disks.

The work of Sevik [64] is based upon the work of [48][29], where it is further developed
the FE-based linear system model describing a measurement system for gas. This further
development includes the slowly varying phase in the air at 1 atm, with room temperature
and assumption of no airflow, and then compared to experimental measurements.

Hagen [27] is studying improvements to the work of [7] measurement system to sim-
plify the measurements of the system model’s transmission functions at short distances be-
tween transmitter and receiver. It is presented a method to reduce crosstalk, and the experi-
mental result performed is compared to FE simulation by using both FEMP and COMSOL.

Work conducted by Grindheim [26] investigates and measures the transfer function of
a transmit-receiver system and compares results with FE simulations. It is provided good
similarities between calculated and simulated results, but misalignment causes uncertainty
in the transfer function HIVS‘o/pen amplitude, especially around the second radial mode.

The work executed by Finstad [24] measures the electrical characteristics with an impedance
analyzer and acoustical characteristics with a condenser microphone in the air with a piezo-
electrical disk Pz27 and compares results to FE simulations. The frequency of interest covers
the two first radial modes of the disk, where the electrical measurement results show good
comparison with FE simulations. For the acoustical measurements of directivity, it shows
good similarities compared to FE simulations. However, for the acoustical measurement re-

sults of on-axis pressure and transmitter sensitivity, a deviation of around 8 dB is seen.

1.3 Objectives

The main objectives of this work are to experimentally measure the electrical and acoustical
characteristics of a circular piezoelectric disk of type Pz27 with a diameter/thickness (d/t)
ratio of 10, and measure in the frequency range covering the two first radial modes, then
compare the measured results with the FE simulations performed in FEMP. Other primary
objectives of this work are to improve and facilitate the positioning of the piezoelectric disk
in the measurement setup and to automate and reduce the measuring time of the measure-
ments.
The electrical characteristics measurements are the conductance and susceptance, used

to calculate the admittance, and measurements are conducted in the frequency range of
1-300 kHz. The acoustical characteristics measurements are the on-axis pressure, direc-

tivity, and 2-D horizontal pressure field in the near and far field of the piezoelectric disk.
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These acoustical measurements are performed with several different frequencies covering
the disk’s first radial mode, and directivity measurements also cover the second radial mode.
All measurements are then compared with FE simulations of a modeled piezoelectric disk
radiating in air. The FE simulation program used to perform the simulations is called FEMP
and was developed by Kocbach [38] in cooperation between UiB and CMR. The current ver-
sion of FEMP is 6.1.

The method for improving and facilitating the positioning of the piezoelectric disk is
firstly done by building a MatLab app that controls all stages in the measurement setup.
Secondly, creating a setup guide to find the origo on the piezoelectric disk’s front center with
the app significantly reduces the setup time. It allows for visual control over the position of
the disk via the app by having control of the absolute position of the stages and by know-
ing the disk’s position. The necessity of automating the measurements is due to work done
by Finstad [24], which states that acoustical measurements are highly time-consuming, es-
pecially for the 2-D pressure field. Integrating communication with all instruments in the
experimental setup through the app and controlling the disk’s position makes it possible to
automate the measurements.

Method for analyzing the measurements includes Fourier transforming the measured
signal from time to frequency domain with Matlab’s fast Fourier transform (FFT) function.
This transformation opens up to extracting the peak-to-peak voltage amplitude of the trans-
mitting frequency. This method of finding the voltage is used when calibrating the micro-
phone sensitivity, where microphone sensitivity allows for converting the measured voltage
into pressure. This method for calculating pressure is used when comparing simulated pres-

sure with measurements.

1.4 Thesis outline

Chapter 2 presents the theoretical background and equations used in this work. Chapter 3
presents the instruments used, the experimental setup of electrical and acoustic measure-
ments, and the method for analyzing measurement results. Chapter 4 presents the method
of finding the correct position of the piezoelectric disk relative to the microphone and the
developed MatLap app. Chapter 5 presents the finite element method to simulate the piezo-
electric disk Pz27 vibrating in a vacuum and fully immersed in air. Chapter 6 presents the
results obtained with the FE simulations method, the results obtained from the measure-
ments of the electrical characteristics, the results obtained from the measurements of the
acoustical characteristics, and a discussion of all results. Chapter 7 gives a conclusion and

suggestions for further work.






Chapter 2
Theory

This chapter presents the theoretical background and equations used in this work. Sect. 2.1
goes through modes and resonances in the piezoelectric disk and the resonances central to
this work. Sect. 2.2 describes the system model used in the present work. Sect. 2.3 presents
the Fourier transformation theory and its use in this work. Sect. 2.4 presents how the speed
of sound is calculated and used to estimate signal arrival time and length. Sect. 2.5 goes
through the coordinate system used. Sect. 2.6 describes the theory of absorption in air.
Sect. 2.7 presents the transfer functions of transmitter and receiver electronics to calculate
electrical corrections. Sect. 2.8 represents the theory behind the calculations of microphone
sensitivity. Sect. 2.9, the last section in this theory chapter, summarizes the theory behind

finite element modeling.

2.1 Modes in the piezoelectric element

The vibration of a piezoelectric element shaped like a disk with electrodes on each end sur-
face can be described as a weighted superposition of eigenmodes, either with an applied
voltage or displacement [73]. For large d/t ratios, where d is the diameter of the disk and t is
the thickness of the disk, studies show that the piezoelectric disks can oscillate in two kinds
of radial modes (R-modes and A-modes) and four types of thickness modes (T-mode, TE-
mode, TS-mode, and E-mode) [41][38]. The type of modes of interest in this work is the two
first radial extension modes (R-modes), which correspond to standing waves in the radial di-
rection, as illustrated in Fig. 2.1. These modes are the lowest kinds in piezoelectric disks [28],
where R1 is the fundamental radial mode, and R2 is the second radial mode. These first two
modes occur at 98.1 kHz and 249 kHz for the simulated Pz27, as shown as an example in Fig.
2.2, with a d/tratio matching the element used in this work, see Table 5.3. The displacement

will be at its maximum at these resonance frequencies and is known as the serial resonance

fs [25].
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(@

(b)

Figure 2.1: Simulated displacement of the piezoelectric disk’s Pz27 two first radial extension
modes with a d/tratio = 10 mm (a) The fundamental radial mode R1, occurring at 98.1 kHz
(b) the second radial mode R2, occurring at 249 kHz.

Because of the maximum displacement, the piezoelectric disk transmits a maximal
amount of mechanical energy leading to an optimal transmission performance [25]. By per-
forming measurements of the admittance Y and over the frequency span from 1-300 kHz,
which covers the two first radial modes of the disk used in this work, the series resonances of
the piezoelectric disk occur when conductance G is at its maximum [32]. The expression for

the admittance is
1 1

Z(H ROH+IX(P

where B is the susceptance and the unit for admittance is Siemens [S], Z is the impedance,

2.1)

Y(/)=G(H)+iB(f) =

R is the resistance, X is the reactance, and the unit for impedance is ohm [Q], and f is the

frequency.
T
—Simulated
o -40 * R1 mode
N R2 mode
J
q
= -60
=
2
S -80 - .
=2
<2
S
(2]
100 - -
1
0 50 100 150 200 250 300

FrequencylkH z]

Figure 2.2: Simulated Gr(f) of a piezoelectric disk with matching d/t ratio of disk used in
present work and markings of the corresponding R1 and R2 modes of the max(G(f) 7).
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2.2 System Model

The system model is used to describe the electro-acoustic signal propagation chain via an
ultrasonic measurement system, all the way from the signal generator to the measuring in-
strument consisting of an oscilloscope [49]. The system model in this work, shown in Fig.
2.3, consists of modules connected by nodes. These connections between the modules gen-
erate inputs and outputs. With the assumption that the system can be described as linear
relations, the different nodes can be characterized by transfer functions [72]. An example of
such a transfer function is

HY = "’/—j , (2.2)
where V] is the voltage over the transmitter and v, is the particle velocity normal to the trans-
mitter surface. Each node in Fig. 2.3 represents either the input or the output variables for

the associated modules [72].

node

0 W is the generated output voltage by the signal generator.

Om Vom is the measured voltage at the oscilloscopes channel one or seen as the volt-
age into the transmitting electronics.

1 V) is the voltage over the electrodes of the transmitter or seen as the voltage out

from transmitting electronics.

v, is the particle velocity normal to the transmitter surface.

ps is the free field, on axis pressure in the medium.

p4 is the free field on axis pressure at the front surface of the receiver.

G = W N

Vs is the voltage out from the receiver or seen as the voltage into the receiver
electronics.
5m Vsm is the measured voltage at the oscilloscopes channel two or seen as the volt-

age out of the receiver electronics.

A piezoelectric ceramic disk Pz27 is used as the transmitter, and transmitter electronics
couples the transmitter to the oscilloscope, which receives a generated signal from the signal
generator. The receiver in this work is a pressure-field microphone, which measures the
received signal, and induces a voltage. The receiver electronics, consisting of an amplifier

and a filter, before being terminated in the oscilloscope.
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Figure 2.3: Representation of the system model used in this work in the form of a block dia-
gram which is based on [72]

When analyzing the voltages Vy,, () and Vs, (f) measured at the oscilloscope, the volt-
ages are Fourier transformed from the time domain to the frequency domain. This transform
enables voltage extraction V (f) for its corresponding frequency spectrum and acts as an ad-

ditional frequency filter.

2.3 Fourier transform

When measuring a signal on an oscilloscope, the amplitude is dependent on the time in the
time domain. If the amplitude of interest lies in a specific frequency, such as the transmitting
frequency, Fourier transform (FT) is used to extract the information on the amplitude for
that given frequency in the frequency domain. This method converts the measured voltage
signal from time domain V(¢) to frequency domain V (f). There is also a method to reverse
this process by taking the inverse Fourier transform (IFT), which takes the signal from the
frequency domain V(f) to the time domain V(t). Both these transformations, FT and IFT,

can mathematically be expressed [15] as

(e .9]

V(f):FTV(t):f V(e 2t dy 2.3)

oo

140 :IFTV(f):f V(e tdf (2.4)

In the present work, the FFT algorithm in MatLab is used [68], which is just an efficient
and fast computation method of discrete Fourier transform (DFT), and returns both nega-

tive and positive frequencies. The negative frequency values correspond to the conjugates
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of the positive frequency values. The FFT algorithm also uses zero-padding, which increases
the length of the signal time in the form of an array of zero amplitude. This array of ze-
roes increases the bins in the signal, increasing the frequency resolution of the solved FFT
and finding the amplitude more accurately for the transmitted signal or other frequencies

present in the signal.

2.4 Speed of sound in air

For a signal with a known frequency and number of cycles, it is of interest in this work to
roughly estimate the signal length and the arrival time of the signal at the receiver. This is
of interest because it is used to set the correct time window of the oscilloscope for a given
distance between the transmitter and receiver, which efficiently discards unnecessary signal
information. Since only a rough estimation is needed, the sound speed in the air c,;, used
to calculate the signal length and arrival time does not need to be as accurate. Assuming the
fluid is an adiabatic process, and the gas preserves the ideal gas laws, this will give a speed of

sound that only depends on temperature as [36]

RT
Cair =1 /YW' 2.5)

Here the y is the adiabatic constant, R is the gas constant, T is the absolute temperature, and
M is the molar mass of air. Calculating the speed of sound for the temperature Tk in kelvin
equal to 273.15 K will give a constant equal to approximately 331 meters per second. Then,

by measuring the temperature in kelvin, the sound speed becomes

T
Cal'r :331 T_, (2.6)
K

which is the method used to roughly calculate the sound speed in the air in this work.

2.5 Coordinate system

Two coordinate systems are used in this work. The coordinate system X, Y, and the Z-axes
correspond to the surface of the piezoelectric disk, see Fig. 2.4, and the coordinates of the X,
Y, and Z-stages which is defined by the travel direction of the different positioning motor’s
in the experimental setup. X, Y, and Z-stages coordinates are found with induction sensors
where the stages reference points are defined, see Table 4.1. There are two categories of co-
ordinate systems based on the reference points: the machine coordinate system, defined by

the reference points and travel limits of the positioning motor’s; the user coordinate system,



CHAPTER 2. THEORY 13

defined by an offset from the reference point. Ideally, the user coordinate system should
overlap the coordinate system of the piezoelectric disk, such that when the X, Y, and Z-stages
move, they are ideally moved in the coordinate system of the X, Y, and Z axis in Fig. 2.4. A ro-
tating stage, R-stage, is also used in this work, where the axis out of the R-stage should ideally
be parallel and overlap the Y-axis. It is studied in Sect. 4.5 what happens if the user coordi-
nates do not overlap the coordinate system of the piezoelectric disk and what uncertainty

this entails.

Ya

Figure 2.4: Tllustration of the front surface of the piezoelectric disk with a radius a and the
corresponding X, Y, and Z-axis with the origo in the disk’s center, an angle 6 to, and arbitrary
pressure point p(r,0,t) and with a 5 representing the symmetrical angle around Z-axis.

2.6 Absorption in air

When using FEMP to simulate the pressure, it considers a lossless fluid. But in reality, when
measuring sound pressure that has propagated through a fluid, there are different mecha-
nisms in the fluid that absorb the sound pressure depending on the propagation distance z.
To compare the experimentally measured pressure with FE simulated pressure in this work,
then absorption must be known. This leads to the equation for the measured free field pres-
sure [72]

pa=pie NeimE, 2.7)
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where p; is the initial free field pressure without losses and «a is the absorption coefficient
given in Neper per meter. Generally, the absorption coefficient is favorable to describe in dB

per meter, which leads to the absorption coefficient [72]

XdB/m
a =———=0.1151«a . 2.8
Npim 2010g10(e) dB/m (2.8)
This atmospheric absorption coefficient combines several different attenuations, such as
shear viscosity, thermal conductivity, molecular relaxation, and thermal diffusion [5]. This

combination of attenuation sums up as [72]

ANpIim = Qcl+ Arot + Ayib,0 + Ayib N> 2.9)

where a; stands for the classical absorption coefficient, a,,; stands for rotational relaxation,
and a,;p,0 and a,;p, y are the molecular vibrational relaxation absorption coefficient of oxy-
gen and nitrogen in the air. The cause of a; is shear viscosity, heat conduction, and thermal

diffusion [5]. In terms of dB per meter, the combined absorption coefficient becomes [5]

T 1/2 T 5/2
Qapim=8.686f2 |1.84-10711 (&) (_) s (_)
Pa) \T; T 2.10)
0.01275¢" T —2f "0 1+0.1068¢" 1 —2f N )
frO + f rN + f
where the relaxation frequency of oxygen is [5]
Pa (4.04-10*h)(0.02 + h))
=24+ : 2.11
Jro=, ( 0.391+ I 2.11)
and the relaxation frequency of nitrogen is [5]
T, \'? —qa0((1r)" 1
er:&(?r) (9+280h-e ((T) ) . (2.12)
r

Here is p,, the measured pressure in kPa, and p, the reference pressure, 101.325 kPa—further,
T is the measured air temperature, and T’ the reference temperature, 293.15 K. Furthermore,
h is the percent molar concentration of water vapor, and f is the frequency used [5]. In the

given molar concentration of water vapor [5]

h=hyer (Q) (ﬁ), (2.13)
r Pa

there is a need to know the relative humidity /,.; and saturated pressure p;,;. Measurements

could provide the relative humidity and give the necessary temperature T value to calculate
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(5]

T, T _ T
1% :10.79586(1 - %) —5.02808l0g10 (T—) +1.50474-107* (1 _107829092(4}; 1))
01

(2.14)
_Tn
+0.42873-1073 (104'76955(1 P _ 1) —2.2195983,
used to calculate the saturated pressure [5]
Psat = pr10”. (2.15)

Tp is the isothermal triple point temperature for water, 273.16 K.
The calculated absorption coefficient « in dB per meter and the measured pressure

open up to calculating the initial pressure using Eq. 2.7 and 2.8, giving

- P4
Pi= o i5lagg e’ (2.16)

Using this Eq. 2.16, one can compare p; calculated from the measured pressure p, with the
simulated pressure after the simulated pressure has been adjusted for the differences in the
voltage across the piezoelectric disk and simulated voltage, see Sect. 5.4. It is worth noting
that this absorption coefficient used in this work does not consider factors such as refraction,
scattering by turbulence, and non-linear propagation effects [5], which are assumed to be

negligible.

2.7 Electronics

Cables connect instruments to the piezoelectric disk and the microphone together within
the transmitting or receiving electronics. In these systems, the ideal voltages across the
piezoelectric disk V; and the microphone output V5 can not be measured directly. This is due
to the finite impedance of the measurement system as a whole, which affects the voltage sig-
nal flowing through the system. Therefore it is deduced transfer functions that transfer the
input voltages of the transmitted voltage V,,, and received voltage Vs,, to ideal voltage V;
and V.

2.7.1 Cables

A well-known phenomenon is that signals flowing through cables are affected by the charac-
teristics of the cable. This phenomenon is experimentally proven and, therefore, essential to
consider when calculating the voltage V; and V5, which lead to seeing the cable as an ideal

uniform transmission line using distributed constants [61]. The coaxial cables terminated
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in a load impedance Z; can then be described as an equivalent circuit [73], as shown in Fig.
2.5.

1z

o oo,

Figure 2.5: Equivalent circuit of a ideal lossless transmission line with coaxial cable termi-
nated in a load impedance Z;, where distributed constants are Z, and Zj,.

The distributed constants used in describing the coaxial cable could be defined as two
different impedances Z, and 7, as seen in Fig. 2.5. These impedances are determined by
the characteristic impedance of the cable 7, the electromagnetic wave number k,,,, and

the cable length x in meters and given as [73]

komXx
Za:iZotan( e;” ) 2.17)

and
Zy

=, 2.18
b isin(kemx) ( )

The characteristic impedance and the electromagnetic wave number is [73]

/L
Zo=1] = (2.19)
Cx

kem = w\/ LxCy, (2.20)

and

respectively, where L, and C, are the inductance and capacitance per meter, respectively,

and w is the angular frequency.

2.7.2 Transmitting electronics

In this work, transmitting electronics links the signal generator to the oscilloscope and the
piezoelectric disk with coaxial cables. This part of the system model, seen in Fig. 2.3, can
be described with a circuit diagram, as shown in Fig. 2.6. In this diagram, the voltage over

the piezoelectric disk is V7, and the voltage measured with the oscilloscope is Vy,;,. A transfer
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function can describe this relationship between these two voltages as
HY Y = —. (2.21)

From the circuit diagram, the voltage V describes the Thevenin equivalent voltage of the
signal generator, and Zggy is the Thevenin equivalent impedance. The Zpgc is the oscillo-
scope’s termination impedance, Z7 is the piezoelectric disk’s impedance, and Z, and Z;, are
the coaxial cable impedances. The impedance of the piezoelectric disk is measured with an

impedance analyzer.

asoyz

7

Figure 2.6: Circuit diagram of the transmitting electronics, connecting to a signal generator
as a Thevenin equivalent circuit, the piezoelectric disk, and the oscilloscope.

Applying Kirchhoff’s voltage law in the three directions indicated by arrows in Fig. 2.6,

three voltage equations can be deduced,

Vom=Zash + Zp 1 (2.22)
Vi= Zplp— ZyI3 (2.23)
Vi=Zrls (2.24)

and with Kirchhoff’s current law, the relation between the three currents I;, I», and I3 shown
in Fig. 2.6 is
h=hL+1I. (2.25)

By setting Egs. 2.23 and 2.24 equal to another and solving for the current I3,

Zpl

=02
ZT+Za

(2.26)
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and using substitution and algebraic manipulation of Egs. (2.22,2.24-2.26), then the transfer

function in Eq. 2.21 is easily derived and gives

ZrZ
HYY, = r=b =, (2.27)
Z1(Za+ Zp) + (Za+ Zp)? — 72

which is a transfer function given in only known impedances and, therefore, used to solve

the voltage V5 with measured voltage Vy,,.

2.7.3 Receiving electronics

In this work, receiver electronics link the amplifier and filter to the oscilloscope and the mi-
crophone with coaxial and microphone cables, respectively, as seen in Fig. 2.3. Describing
the voltage signal that flows in via input on the filter or amplifier and out via output can
quickly become unnecessarily complicated. This becomes complicated due to the electron-
ics inside the filter or amplifier, which are unknown. Therefore, the electronics are described
as a complex frequency-dependent factor F(f) to simplify this part, which is given as the
black dotted lines, illustrating unknown electronics in Fig. 2.7, separating the input and the
output. In this circuit description of the filter (or amplifier), the input is seen as an open
input with a voltage Vs,pe, and an impedance Zf;j; open.- The output is seen as a Thevenin
equivalent voltage generator Vs with a Thevenin equivalent impedance Z;;; o, Which is
the output impedance given by the manufacturer. The relation between the input and out-
put of the filter becomes

Vs = VsropenF (f) (2.28)

and applies to the amplifier and all filters in this work.

Oy

S21U0N29|T

Figure 2.7: Illustration of input and output of the filter separated by unknown electronics.
This illustration applies to the amplifier and all filters in this work.
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With the theory of voltage flow from input to the output of the amplifier and the fil-
ters covered, it is necessary to describe what happens between the instruments. In this
work, the microphone cable is neglected, and only the coaxial cables are considered. This
leads to three circuit diagrams, shown in Fig. 2.8. These three circuit diagram transfer func-
tions are almost identical to derive as for the transmitter electronics. The only difference
between the transmitter and receiver electronics is that with the receiver electronics, one of
Kirchoff’s voltage law directions indicated changes, and the values of the receiver electronics

are changed.

® > fOwm
!

2

O O 0 O

Figure 2.8: Three circuit diagrams: Top circuit diagram is the Thevenin equivalent generated
output voltage from the amplifier connected to the filter’s open input channel one via coaxial
cable; the middle circuit diagram is the Thevenin equivalent generated output voltage from
the filter’s output channel one connected to the filter’s open input channel two via coaxial
cable; the bottom circuit diagram is the Thevenin equivalent generated output voltage from
the filter’s output channel two connected to the oscilloscope’s channel two via coaxial cable.
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The transfer function describing the relation of the output voltage of the microphone

Vs and the input voltage in channel two of the oscilloscope Vs, is given as

Vi
-HY, om

H e
5”5m Ve
5

-HY,

// H
50pen 50pe 5"

HYY = HY -HYY, . HY (2.29)

5ﬂ50pen 527pen5,

This transfer function is a combination of multiple transfer functions: the relation of the
voltage V5 and the output voltage of the amplifier V5, as HSVSV, the relation of the voltage V5,

and the input voltage of the filters channel one V5, pen @S H;/ ‘g, ; the relation of the voltage
a apen

V%pe” and the output voltage of the filters channel one Vs as H5, 5 the relation of the
open

voltage V5 and the input voltage of the filters channel two V5u . as H;fsv,, ; the relation of
open

the Vsi e _and the output voltage of the filters channel two Vs as H ; the relation of the

voltage V5~ and the V5, as H5,,5m "

The complex frequency-dependent factor given in Eq. 2.28 equals the transfer func-
tions over the amplifier and the filters. The factor is given as a dB gain over the amplifier.
The factor is assumed lossless and equal to one over the filters. These three transfer func-

tions become

HYY =10%", 2.30)
HS‘{O v =L (2.31)

and
Hgy' o =1. (2.32)

Using substitution and algebraic manipulation of the equation that is possible to de-
rive from each circuit in Fig. 2.8, the transfer function from the output voltage of the ampli-

fier to the input voltage of the filter’s channel one becomes

Zfilt,open
s‘fl‘;:;pen - Z]{ilt opel;91+Z ’ (233)
’ a
(Zamp,ouHZal) (1 + — Z, ! ) + Ztilt,open+Zay

the transfer function from the output voltage of the filter’s channel one to the input voltage

of the filter’s channel two becomes

Zfilto

,open

H5,5Zpen - Zfilt open+Z, ’ (234)
) a:

(Zfilt,out+Za2) (1 + V4 . ) + Zfilt,open+Zag

by

and the transfer function from the output voltage of the filter’s channel two to the input

voltage of the oscilloscope channel two becomes

ZOSC

HY,

5”5m (2.35)

Zosc+Z
= ) + Zosc+Za3

(Zfilt,out+Za3) (1 + Zbs
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2.8 Microphone sensitivity

Calibration of the Briiel & Kjeer 4138 microphone [17] is performed with a Briiel & Kjeer 4228
pistonphone [16], which operates at a known frequency of 250 Hz and produces a known
sound pressure level, SPL [20]. The frequency response of the Briiel & Kjeer 4138 micro-
phones is given relative to the microphone reference sensitivity | M, (250 Hz)| when it is
electrically unloaded [19]. It is possible to use the specified microphone sensitivity shown
in the calibration papers, but it is recommended to calibrate the microphone by measur-
ing and calculating microphone sensitivity using the pistonphone. This is due to changes in
conditions such as air pressure, temperature, and any other conditions that may affect the
sensitivity. Other conditions are not known, but aging effects or the receiver electronics may
have additional effects that give a reason to calibrate. To calculate, in general, the free-field

open circuit microphone sensitivity it is used the definition [73]

_ V5(f)
pa(f)

My (f) = |My(f)le'Mv, (2.36)
where V5 is the measured voltage at the electrically unloaded receiver, py is the free field
pressure at the microphone position when the microphone is not present, |My (f)| is the
magnitude of the free-field open circuit microphone sensitivity, and ¢y, is the phase dif-
ference [73]. Since the open circuit pressure response relative to | M. r(250Hz)| for Briiel &
Kjeer 4138 microphone [19] does not specify the phase difference, it is disregarded, and only
the microphone sensitivity is taken into account. The microphone sensitivity is then defined

as [73] Vor ()
eff

Perr(f)’

where V. is the effective voltage amplitude calculated from the measured voltage Vs, as

IMy () = (2.37)

Va,o() 1 Vom,,(f)
2v2  2v2 HYV ()

Verr(f) = (2.38)

and the pressure p.sy is the effective pressure amplitude and can be calculated from the

sound pressure level defined as

(2.39)

SPL=20log (peff(f)) :

pref

where p;.r is the reference pressure for air which is 20 pPa, and SPL in this work is the known

sound pressure level produced by the pistonphone at 250 Hz .
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2.9 Finite element modeling

This work uses Finite Element Modeling of Piezoelectric structures (FEMP) software to simu-
late the electrical characteristic of Y7 (f) (admittance in a vacuum and air) and acoustic char-
acteristics of, D(r, 0, f) (directivity), pux(z,f) (on-axis pressure), and p(x,z,f) (2-D sound
pressure field) of a piezoelectric disk. This section presents only a brief overview of the the-
ory behind FEMP, where [38] provides a full description. In FEMP, the FE simulation is sim-
plified by reducing the structure from being a 3-D structure to 2-D by assuming symmetry in

the axisymmetric disk [38]. This assumption implies [38]

where 0 is the angle around the Z-axis in Fig. 2.4, and it further assumes no torsion modes
(38]

ugs =0,

where uy, is displacement in the angle 05 direction. Other benefits these assumptions pro-
vide are the reduction of the number of piezoelectric constants for the dielectric stiffness [€5],
piezoelectric stiffness [e], and elastic stiffness [cF] matrices used in FE calculations, which
decreases computation time [38].

In the FE simulations, a structure is approximated using a finite number of volume el-
ements [38]. Within each volume element, it is defined a number of nodes, see Fig 5.1. With
an increasing number of volume elements, the accuracy of the simulation increases. Other
factors that define the precision of the simulation are the number of nodes, and the inter-
polations function used to solve for quantitative values in an arbitrary position inside the
structure’s elements [38]. The starting equations to find the FE formulation for an unloaded

piezoelectric disc with no surrounding fluids are as follows [32]

_wzppui =Tiji, (2.40)
D;,; =0, (2.41)
Tij = ¢/ Ski = exijEx (2.42)
and
D;= ek Sk + €kak , (2.43)

where Tj; ; is the motion for a piezoelectric medium, D; ; is the Maxwell equation, T;; and
D; is the constitutive relations for the piezoelectric medium [38], and the rest of the variable’s

descriptions are given in Table 2.2.
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Table 2.2: Description of variables used in Egs.(2.42) and (2.43) [38].

Variable Description [38] Unit
T;i Mechanical stress tensor [N/ m?]
Ski Mechanical strain tensor [-]

D; Electric flux density [C/m?]
Ex Electric field vector [VIm]
cl’?j il Elastic stiffness constant tensor with constant electric field [N/m?]
ekl Piezoelectric constant tensor [C/m?]
efk Dielectric constant tensor with constant strain [F/m]
) Angular frequency [rad/s]
Pp Piezoelectric medium density lkg/m3]
u Displacement [m]

The piezoelectric structure’s surface, facing a vacuum, is imposed with boundary conditions
[38]. With boundary conditions introduced, the Eqgs. 2.40-2.43 is used when setting up weak
formulations using test functions and solving each part of the weak formulation equations

using Gauss Legendre quadrature [38]. With each part solved using Gauss, the final FE for-
mulation for the unloaded case is given as [38]

R MR R

and the variables of this Eq. 2.44 are given in Table 2.3. The FE formulation, Eq. 2.44 are

0 O

2 Kuu Kucp

Kpu Koy

transformed to H-form to simplify the calculation of the piezoelectric structure’s resonance
frequencies and response function [38]. With the potentials in the nodes of the elements

condensed out from FE equations and V and I are introduced as voltage and current [39],

Eq. 2.44 becomes [38]
] i F
+ = . (2.45)

Solving the piezoelectric disk with the direct harmonic analysis method in a vacuum where

0 O

2 Hyy Hu([)

Hypy Hgpg

there is no outer traction (F = 0) [38], the first expression in Eq. (2.45), is used to calculate the
particle displacement of a piezoelectric structure as [38]

{a}=—-[D) " {Hyup} V, (2.46)

where Figs. 2.1a and 2.1b are examples of solved piezoelectric structure displacement {ii},
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and the matrix [D] is just a simplified notation and is given as [38]
[D] = [Hyu) = 0 [Myu] - (2.47)

By inserting the global displacement vector into the second expression in Eq. 2.45, and if
the admittance Y is defined by the current I divided by the voltage V, the admittance of the

piezoelectric structure is given as [38]
I, T(DI"Y{H,y) —
Y(w) = v iow ({Hug}' [D]” {Hug} — Hpgp) - (2.48)

In the case of the piezoelectric structure is in a vacuum, the only volume studied is Q,
which is the volume of the piezoelectric structure, see Figs. 5.2/5.3. Reviewing the disc sub-
merged into an inviscid and irrotational fluid, a new region, Qf, occurs which is the fluid vol-
ume [38], see Figs. 5.2/5.4. In the time-harmonic case, the relationship between the acoustic

pressure p and the velocity potential y in the fluid is [38]

p=iwpsy. (2.49)

where p is the density of the fluid. The Helmholtz equation governing the fluid velocity
potential v [36] is given as
vii=-ky, (2.50)

where k is the wave number, which is k = w/cy, where c is the sound speed in the fluid. The
piezoelectric structure’s surface, facing a fluid, is imposed with new boundary conditions
[38]. With boundary conditions introduced, the FE-formulations Eqs 2.40-2.43 and 2.50 is
used when setting up weak formulations using test functions and solving each part of the
weak formulation equations using Gauss Legendre quadrature [38]. With each part solved

using Gauss, the final FE formulation for the fluid loading is written as [38]

—o’| 0 0 0 drtio| 0 0 0 |3Pp+|Kpu Kpp O br=2-Q
0 0 —Myy| |V Cyu 0 O {1 0 0 —Kyy| (¥ 0
(2.51)

and the variables of this Eq. 2.51 are given in Table 2.3.
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Table 2.3: Description of variables and matrices used in Eq.2.44 and 2.51 [38].

Variable Description [38]

(M,,,] Global mass matrix

[(Myy] Global fluid mass matrix

[Cuy] Global fluid/structure coupling matrix
[Cyul] Global fluid/structure coupling matrix
(Kyul Global stiffness matrix

[Kug] Global piezoelectric stiffness matrix
(Kpul Global piezoelectric stiffness matrix
[Kpg) Global dielectric stiffness matrix
[Kyy] Global fluid stiffness matrix

{F} Global force vector

{Q} Global charge vector

{1} Global displacement vector

o Global electric potential

W Global fluid velocity potential

%4 Voltage

1 Current

The FE formulation, Eq. 2.51 are transformed to H-form and given as [38]

—o’| 0 0 0 Vitio| 0 0 0 |{V3+|Hpy Hpy O V=< ~lliw
0 0 —Myy| |¥ Cyu 0 O | |9 0 0 —Kyy (¥ 0
(2.52)

From Equation (2.52), the global fluid velocity potential and global displacement vector can

be written as [38]
{0} = —iw (0* IMyy] — [Kyy]) " [Cypul (@), (2.53)

and
{0} =—[E)"" {Hup} V, (2.54)

respectively, where the matrix [E] is just a simplified notation and is given as [38]
[E] = {[Huu] — W [Miyy) + 0 [Cuy) (~ K] + 02 (Hypy]) ™ [Cyul } (2.55)

The admittance is obtained by inserting the global displacement into the second expression
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in Eq. 2.52 and written as [38]
_I_; TG [Hy] -
Y(w) = V= iw{[Hup)" [G]” [Hug] — [Hpgpl} - (2.56)

The global fluid velocity potential is inserted into Eq. (2.49) for the acoustic pressure and

then expressed as [38]
{p}=—iwps{d}. 2.57)
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Chapter 3

Experimental setup and measurement

method

This chapter presents the instruments used, the experimental setup of electrical and acous-
tic measurements, and the method for analyzing measurement results. Sect. 3.1 shows a
table of all the equipment that has been used. Sect. 3.2 goes through the method for elec-
trical measurements. Sect. 3.3 goes through the method for acoustic measurements. Sect.
3.4 describes how the microphone sensitivity is calibrated. Sect. 3.5, motor setup and ad-
justment of the Y-stage travel length is described. Sect. 3.6 describes reflections that can
affect the measured signal. Finally Sect. 3.7 describes the signal setup and processing of the

signals.

3.1 Equipment list

Table 3.1 is the overview of the equipment connected to the movements of the experimental

setup, and Table 3.2 shows the remaining equipment used in the experimental setup

Table 3.1: Equipment used in present work.

Brand/Model = Equipment Serial number Documentation/Manual
SMCHydraTT Motion Controller 1404-0153 [56]
PI C-843.41 Motion Controller 0095103296 [55]
PIC-852.12 Signal processor/Encoder 1460497 [51]
PIM-531.DG  Linear stage (X-stage) - (53]
PIM-535.22 Linear stage (Y-stage) 1460497 [52]
PILS270 Linear stage (Z-stage) 414000926 [57]

PIM-037.PD Rotation stage (R-stage) 109040312 [54]
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Table 3.2: Equipment used in present work.

Brand/Model Equipment Serial number Documentation/Manual
Mitutoyo M310-25 Micrometer 102-301 [47]
Cocraft HL10-S Cross-line laser level 18081157898 [23]
HP 4192A Impedance analyzer 2150J01344 [31]
Vaisala HMT313 Humidity and temperature F4850018 [70]
ASL F250 MKII Thermometer 1365026993 [8]
Paroscientific 740 Barometer 67325 [50]
Agilent 33220A Signal generator MY44023589 (4]
Tektronix DPO3012 Oscilloscope C010246 [66]
Krohn-Hite 3940 Filter AM2626 [40]
Briiel & Kjeer 2636 Measurement amplifier 1815638 [18]
Briiel & Kjeer 4138 1/8-inch pressure-field microphone 1832479 [17]
Briiel & Kjaer UA-160 Adaptor - microphone to preamplifier - [17]
Briiel & Kjeer 2633 Preamplifier - [17]
Briiel & Kjeer 4228 Pistonphone 1918465 [16]
KEYENCE LK-G3001PV Controller with display 1741187 [35]
KEYENCE LK-G32 Laser sensor 2041141/2041143 [35]
Meggitt A/S Pz27 Ceramic disc Piezoelectric element - [46]

3.2 FElectrical measurement setup

The impedance analyzer HP4192A [31] in Fig. 3.1 measures the electrical conductance and
susceptance of the piezoelectric disk used in this work. The conductance, G, and suscep-
tance, Br, determine the piezoelectric element’s electrical characteristics and are used to

calculate Y7. The admittance is given as

Yr(f)=Gr(f)+iBr(f). 3.1

Before measurements are conducted of the piezoelectric disk, the impedance analyzer is
turned on for at least 30 minutes to warm up the electronics and stabilize the instrument
[31]. After the warm-up, it is necessary to do a zero calibration of the impedance analyzer
to account for the electrical properties of external wires connected to the instrument. The
calibration is performed in two steps: The first calibration is when the external wires con-
nected to the analyzer are separated from each other, leading to an open circuit where the
impedance is Z = oo (; The second calibration is when the external wires are kept together,
making a shorted circuit where the impedance Z = 0 Q. These calibrations are generally per-
formed with the highest measuring frequency of the measurement series, which is 300 kHz in
this work. The complete calibration description is in section 3-50 in the manual [31]. Then by
connecting the wires to each of the electrodes or wires soldered to the electrodes, see Fig. 3.2,

the element of interest is ready for measurement. The MatLab script impanal.m in Appendix
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[A.1] sets all measurement parameters before performing measurements and connects to the
analyzer through GPIB. The adjustable parameters are the frequency range, frequency reso-
lution, time delay before measurement after a frequency change, and the root mean square
voltage V;,s. The frequency range of interest in the present work is 1-300 kHz. This range
covers the piezoelectric element’s first and second radial modes relevant for air/gas mea-
surements. After performing a rough measurement of the Gr and By, the radial modes are
identified. A new measurement is conducted from 1-300 kHz with a higher frequency reso-
lution around the radial modes. The voltage range of the impedance analyzer is from 0.1-1.1
Vi ms, where higher voltage can trigger non-linear effects but reduce the signal-to-noise ratio
[13] or lower voltage increase uncertainties [31]. Previous work done by [48][29] has used 0.3
V- ms to maximize the accuracy of the measurement of the Gr and Br, and therefore is this

voltage used in the present work.

r PARAMETER
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Figure 3.1: Impedance Analyzer HP 4192A [31], with a styrofoam block on the left side and
the external wires used to connect the analyzer to the electrodes on the piezoelectric disk,
pass through the styrofoam block.

When conducting measurements of the piezoelectric element, it is desirable to mini-
mize the mechanical load on the disk. With a styrofoam block, the disk placed in a groove
in the styrofoam, see Fig. 3.2, and wires connected to the electrodes with a slight inward
force, this setup intends to minimalize this load. This minimization helps the element to
vibrate more freely and is essential when compared to FE simulations of the admittance of
the piezoelectric disk in vacuum and fluid. It also helps to give more accurate measure-

ments. However, in previous work, repeatability problems have been observed around the
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resonances of measurements performed by [48][29]. It has been suggested that repeatability
problems arise due to variations in the disk location in the styrofoam groove, the location of
the wires on the electrodes, or different spring-like forces exerted by the wires placed on the
electrodes [48][29]. It is also performed measurements directly on the wires plugs, where the
wires are soldered to the electrodes, see Fig. 3.2b. These measurements are used to compare

to the measurements conducted directly on the electrodes.

(b)

Figure 3.2: A styrofoam block with a groove holds the piezoelectric element when measuring
the admittance. (a) Measurement is performed with wires from the analyzer placed directly
on the electrodes and (b) to the wires soldered to the electrodes.
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3.3 Acoustical measurement setup

Previous works [65][48][29] started developing the current acoustical measurement setup
and have been continued to be developed by [6][7][64][26][24]. The block diagram in Fig. 3.3
is a detailed description of the current acoustical measurement setup. Figs. 3.4 and 3.5 gives
the setup’s visual overview, and the remaining instruments are shown in Fig. 3.6. There are
two ways to go forward with acoustical measurements, set the settings directly in MatLab
app for single measurements or predefining settings in the MeasurementParameters.m in

Appendix A.3 script for a measurement series, see Sect. 4.4 for changeable settings.
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Figure 3.3: Block diagram of the acoustical setup and signal path. The blocks represent dif-
ferent equipment and are given in Table 3.2.

From the measurement system shown in Fig. 3.3, the measurements start with settings
being sent from the computer to the signal generator (I), oscilloscope (VIII), and filter (VII).
The signal generator creates the desired signal and sends it out through the output port. The
oscilloscope reads the signal in channel one, which is connected to the signal generator and
transmitter electronics (II) via BNC T-connector. The signal continues through the transmit-
ter electronics, connected to the transmitter (III) via coaxial cable. Further, the transmitter
sends the signal through the air (IV) before reaching the receiver (V). The received signal
continues further to receiver electronics which amplifies (VI) the signal and filters the signal
with a band-pass filter. The termination of the signal happens at the oscilloscope channel

two after being amplified and filtered.



CHAPTER 3. EXPERIMENTAL SETUP AND MEASUREMENT METHOD 33

Figure 3.4: A overview of some of the equipment in the acoustical setup, where (A) is the
barometer, (I) is the signal generator, (VI) is the amplifier, (VII) is the filter, and (VIII) is the
oscilloscope (Table 3.2).

Figure 3.5: A overview of the chamber in the acoustical setup, where (III) is the piezoelectric
disk/transmitter and (V) is the microphone/receiver (Table 3.2).
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The setup frame is built up of aluminum profiles and placed inside a plastic sheet
chamber. The chamber intends to lower the airflow to increase the accuracy of measure-
ments. The measurements of the environmental parameters that take place inside the cham-
ber are temperature (B)(C) and humidity (C), see Fig. 3.6. Inside the chamber is the place-
ment of the transmitter, receiver, lasers stage (D), and all the moving stages as well. The only

environmental parameter measured outside the chamber is the pressure (A).

l ‘&:h—___

Figure 3.6: A overview of some of the equipment in the acoustical setup, where (B) is the
ASLF250 measuring the temperature, (C) the Vaisala measuring temperature and humidity,
and (D) is the laser stage.

3.3.1 Signal generator (I)

The signal generator used in the present work is the Agilent 33220A [4], which communicates
with the computer through GPIB. By predefining the settings, the instrument generates a
sinusoidal burst and sends it out through the output port as V4. Changeable settings are the
number of cycles, frequency, burst rate, and signal voltage amplitude. This work uses a 60-
cycle sine burst and several different frequencies, a burst rate of 25Hz, and a peak-to-peak
voltage signal Vp,, of 1 volt to avoid non-linearities of the piezoelectric disk at resonance
frequencies. The low burst rate frequency used is because of letting reverberations of the
piezoelectric disk die out and not letting any reflection interfere with the next burst. The
output impedance of the signal generator is 50 2, and at low output impedance, the output
voltage Vp usually is twice the programmed voltage. This doubling of the voltage is because,
with high frequency and broadband signals, coaxial cables have a characteristic impedance
of 50 Q for practical reasons and will halve the voltage Vj to 1 volt peak-to-peak. This halving
of the voltage could easily be calculated by putting a load impedance in series to a Thevenin

circuit, and the output voltage over the load impedance becomes

50Q 1
Vom =W

— " |=v-. (3.2)
50Q + 500 2
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However, since the termination impedance of the oscilloscope is 1 M(, the read voltage will

be approximately 2 volts peak-to-peak due to

1E6Q

V()m = V()( ) = V() . (3.3)
With the piezoelectric disk considered in this Thevenin circuit and parallel to the load impedance
of the oscilloscope, this voltage V},, measured changes dependent on the frequencies. Out-
side resonance of the disk, the perceived impedance is much higher than at the resonances.
This change in impedance leads to the voltage V},,, measured being closer to 2 volts outside

resonances and closer to 1 volt at resonance.

3.3.2 Transmitter electronics (II)

Transmitting electronics in this work is only a cable linking the piezoelectric disk to the BNC-
T connector at the oscilloscope. It is assumed that this cable has the same characteristics as
an RG58 coaxial cable, see Sect. 3.3.10. This transmitting electronics transfer the voltage Vj,,
measured at channel one at the oscilloscope to the piezoelectric disk electrodes. The voltage

V1 over the disk is calculated using the transfer function Eq. 2.21.

3.3.3 Transmitter (III)

The transmitter used in the present work is the piezoelectric ceramic disk Pz27. This ceramic
disk, made by Meggit, states low aging rates and stable performance [46]. This ceramic disk
type is a soft lead zirconate titanate (PZT) [46]. It has characteristics such as; high Curie
temperature, low-temperature coefficients, and low mechanical quality factors [46], which
allows the disk to be used in a variety of applications, such as flow meters, and therefore of
interest in this work. The stated dimension of the disk is 2 mm in the thickness direction
and 20 mm in diameter. However, the more accurate dimensions are measured and given
in Table 5.3 in Sect. 5.3. The disk used in this work has previously been used by [26][7][64],
and named #7. This disk has two wires soldered to the electrodes and hung up in a steel rod
attached to the axis of rotation. A voltage V; applied to the electrodes is generated at the
signal generator and sent through the transmitting electronics. The voltage sets the disk into
motion and starts oscillating with a given frequency. This oscillation excites the piezoelectric
disk with a velocity v» normal to the electrode front and is transmitted into longitudinal free-

field pressure waves p3 out in the medium.
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3.3.4 Medium (IV)

The medium in this work that surrounds the transmitter and receiver is air. By monitoring
the environmental parameters by measuring the temperature T in °C, relative humidity RH
in percentage %, and pressure P in hPa, the air absorption is calculated by Eq. 2.10. The
absorption is essential when correcting for losses in pressure amplitude ps, which makes

the measurement pressure comparable to the FE simulation pressure.

3.3.5 Receiver (V)

The receiver in this work is a 1/8-inch pressure-field microphone of the brand Briiel & Kjeer
and is the type 4138 [17]. It measures the free-field pressure p, and converts it into a voltage
V5. More about the microphone in Sect. 3.4, later in this chapter. This section also covers the

calibration of the microphone sensitivity.

3.3.6 Amplifier (VI)

The amplifier used in the present work is the Briiel & Kjeer 2636 Measuring Amplifier and is
adjusted manually [18]. This amplifier is one of two receiver instruments in this acoustical
setup. In this work, the amplifier gain setting is 60 dB and split between the input and output
ports by 40 dB and 20 dB, respectively. Briiel & Kjeer state the amplifier’s frequency response
to be flat, 0 dB in the range from 1 Hz to 200 kHz, see Fig 3.7 and can provide up to 100
dB gain with a step of 10 + 0.05 dB [18]. However, previous work done by Mosland and
Hauge [48][29] did investigate the amplifier’s frequency response and found a more accurate
frequency response, see Fig 3.8. This new frequency response shows that in the frequency

range from approx. 170 kHz to 220 kHz, an additional gain of 0.1 dB must be taken into

account.
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Figure 3.7: Typical overall frequency response of the Briiel & Kjaer 2636 Measuring Amplifier
(18].
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Figure 3.8: The frequency response of the Briiel & Kjeer 2636 Measuring Amplifier created by
[48] by conducting peak-to-peak voltage measurement in the frequency range from 50-300
kHz and normalizing measurements to the peak-to-peak voltage at 50 kHz. This frequency
response is taken from [48].

3.3.7 Filter (VII)

The filter used in the present work is the Krohn-Hite 3940 filter [40], which communicates
with the computer through GPIB. It has two channels, the first for a high-pass filter and the
second for a low-pass filter. The cutoff frequency for the high-pass filter is set to half the
measurement frequency and twice the measurement frequency for the low-pass filter. The
attenuation outside the band-pass for this filter is 24 dB per octave [40]. It is possible to

adjust the filter setting with the MeasurmentParemeters.m script in Appendix A.3.

3.3.8 Oscilloscope (VIII)

The oscilloscope used in the present work is the Tektronix DPO3012 [66], which communi-
cates with the computer through USB. The oscilloscope has two input channels with termi-
nation impedance of 1 MQ and 11 pE Channel one read voltage V}, from the signal generator
connected to the oscilloscope by coaxial cable and measured as Vj,,. Channel two read the
output voltage V5 from the microphone treated by the amplifier and band-pass filter con-
nected by coaxial cables, terminated at the oscilloscope, and measured as Vs,,. The oscil-
loscope’s changeable settings are averaging, sample count, time per division (t/div), voltage
per division (V/div), and bits. The voltage signal measured is averaged by 128 bursts. The
t/div and V/div are automatically updated with scripts in the MatLab app, where t/div and
V/div depend on the currently displayed signal length and voltage amplitude. The sample
countis set to 10 000 samples, the t/divis usually 40 us or 100 us, and it is ten divisions on the
oscilloscope, leading to a 0.4 ms to 1 ms time window. This time window leads to a sampling

frequency of 25 MS/s or 10 MS/s and is more than sufficient for frequencies between 50 kHz
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to 250 kHz. The bits resolution of the oscilloscope is set to 16-bit.

3.3.9 Environmental parameters

The monitored environmental parameters are pressure, temperature, and relative humidity.
The barometer Paroscientific 740 (A) measures the pressure in hPa with a DIGIQUARTZ®
pressure transducer. This pressure transducer gives high accuracy, resolution, and long-term
stability resulting in an uncertainty of +£0.01 % [50]. Both the ASL F250 MKII (B) and the
Vaisala HMT313 (C) measure the temperature inside the plastic sheet chamber. They use
a PT100 sensor with an uncertainty of +0.01 °C and +0.1 °C, respectively [8][70]. Vaisala
HMT313 also measures relative humidity with a HUMICAP® with an uncertainty of +0.6 %
when relative humidity is below 40 % and +1.0 % for above 40 % [70].

3.3.10 Cables

In the acoustical air setup, are two types of cables used. The first cable connects the piezo-
electric disk to the BNC-T connector at the oscilloscope and is assumed to have the same
characteristics as an RG58 coaxial cable. The second type is RG58 coaxial cables connecting
the instruments. The coaxial cables are of different lengths, see Table 3.3, and the character-
istic impedance of type RG58 coaxial cable is 50 Q. There are also typical specifications for
the RG58 coaxial cable listed in Table 3.4 [73].

Table 3.3: Measured or given length of the cables in the measurement setup.

Cable connection

Inputl Input2 Cable length
Signal generator BNC-T connector 0.25m
BNC-T connector Piezoelectric disk 3.00 m
Amplifier Filter (Ch.1) 0.50 m
Filter (Ch.1) Filter (Ch.2) 0.80 m
Filter (Ch.2) Oscilloscope 1.50 m

Table 3.4: Typical specifications for RG58 coaxial cables [73]

Description Value Unit

Inductance (L) per meter 250 [nH/m]

Capacitance (C) per meter 100 [pF/m]
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3.4 Briiel & Kjeer 4138 microphone

The receiver in the acoustical setup is a microphone of the brand Briiel & Kjeer type 4138 [17],
which is a 1/8-inch microphone. This microphone is used together with a 1/4-inch Briiel &
Kjeer preamplifier type 2633 [17]. The preamplifier is necessary since the microphone needs
a polarization voltage of 200 V. Briiel & Kjeer states that the preamplifier has a flat frequency
response [17]; therefore, only the microphone’s frequency response |M(f)| is considered in
calibration. The given frequency response from the calibration chart of the microphone [19]
goes from 20 Hz to 200 kHz, and is calibrated with an electrostatic actuator and plotted rel-
ative to reference microphone sensitivity |[M,.f(250Hz)| at 250 Hz. The calibration chart is
digitized by importing a scanned image of the frequency response into an online software
[60] and recreating the chart by manually inserting data points. The final result of the data
points is plotted, see Fig. 3.9. This method of recreating a plot will give some errors. Factors
that give errors are the thickness of the line, manually placing the data points on the line,
and limitation on pixel movement of the points. Previous work by [24] estimated this error
to be +0.1 dB.

20logio| M (f)| [dB re |M,.;(250H z)|]
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Figure 3.9: Open-circuit pressure response relative to 250 Hz for Briiel & Kjeer microphone
type 4138 with the serial number: 1832479.

In addition to the open-circuit pressure response, it is necessary to include the free
field correction for a given incident angle of sound pressure 0;. The free-field correction de-
scribes the increase of sound pressure caused by diffractions [17]. This increase happens at
high frequencies when the wavelength becomes comparable to the diameter of the micro-
phone. By assuming the incident angle of sound pressure between transmitter and receiver
is 0; equals 0 degrees, which is the case in this work, the Briiel & Kjeer free-field correction

chart is digitized for this angle and added to the open-circuit pressure response. The chart
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used is for the 4138 microphone with a protection grid over the diaphragm [17] and digi-
tized with the same method earlier, and the result is given in Fig. 3.10. This chart goes from
4-200 kHz. The open-circuit pressure response added to the free-field correction gives the

microphone system’s free-field open-circuit pressure response from 4-200 kHz, see Fig. 3.11.
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Figure 3.10: Free-field correction relative to 250 Hz for Briiel & Kjeer microphone type 4138
with protection grid [17].
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Figure 3.11: Open-circuit pressure response, including free-field correction, relative to 250
Hz for Briiel & Kjeer microphone type 4138 with the serial number: 1832479.
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3.4.1 Microphone sensitivity calibration using a pistonphone

This work uses a Briiel & Kjeer 4228 pistonphone to find the microphone’s system sensitivity
[16]. This pistonphone produces a nominal sound pressure level statred SPL of 124.11 + 0.09
dB relative to 20 uPa [20]. It also has a nominal frequency of 250 Hz, or the exact frequency is
10?4 Hz (1S0266) +0.1 % [20]. If the calibration is under conditions other than the reference

condition, the sound pressure level is given as [20]

Actual SPL = Stated SPL+ ALy + ALy, (3.4)

where ALy is the load volume correction, AL, is a correction if ambient pressure deviates
from 1013 mbar, and Actual SPL is the corrected sound pressure level. The load volume cor-
rection ALy for the given microphone 4138 is 0 dB when using the pistonphone adaptor DP
0774, see Table 3.5. The ambient pressure correction AL, can be read directly off barome-
ter UZ0004 supplied with the pistonphone calibration set [16], see Fig. 3.12. Alternatively,
calculated using an interpolation function between different points read of the barometer
UZ0004, see Table 3.6, and then using the ambient pressure measured with the Paroscien-

tific 740, during the calibration.

Table 3.5: The load volume correction ALy given by [20].

Load Volume Correction ALy (dB)
Piston- Micro- g :
Size | phone phone With Without A:';':.‘or A;’:':t'm
Adaptor Type Protection | Protection Ring Ring
e A DBO111 UA0825

4131/32 -0.05 — +0.25 —_—
o 4144/45 +0.05 — +0.25 —
4160 +0.43 +0.28 — —
4179 -0.05 —— — —=
4129/30 -0.02 — - —

4133/34 0.00 — — +0.08

4147 0.00 = — +0.08
4148 -0.04 — = —
4149 0.00 - — —
12" DP 0776 4155 -0.03 — — —
4165/66 -0.03 — — —
4176 -0.02 - — —
4180 — +0.08 — —
4181 0.00 — — -
4183 -0.02 — — —
/4" DP 0775 4135/36 0.00 — —_— —
1/g” DP 0774 4138 0.00 — — —_

Table 3.6: Different points read of the supplied barometer UZ0004 in the pistonphone cali-
bration set [16], see Fig. 3.12, used to calculate the ambient pressure correction AL .

685 mbar
-3.4dB

800 mbar
-2.05dB

990 mbar
-0.20dB

940 mbar
-0.65dB

1013 mbar
0.00dB

1060 mbar
0.39dB

Pressure

Correction
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Figure 3.12: Supplied barometer UZ0004 in the pistonphone calibration set [16].

Using the definition of the microphone sensitivity given in Eq. 2.37 and using the pis-

tonphone, the microphone sensitivity | My| is calculated as

Veff(250 Hz)

My (250 Hz) = )
peff(250 HZ)

(3.5)
where V¢ is the calculated open-circuit effective voltage with Eq. 2.38, and the pressure
Pery is the free-field effective pressure at the front of the microphone with the assumptions
of normal incidence and plane waves. The oscilloscope records the microphone’s voltage
signal V5,,(#) produced by the pistonphone, see Fig. 3.13, and fast Fourier transformed to
the voltage V5,,(f), see Sect. 3.7.2, where V5 Mpp (250 Hz) is then calculated as

Vsm,, (250 Hz) = 4 * Vs, (250 Hz) = 402.55 mV, (3.6)

where Vs,,,,(250 Hz) is the calculated peak-to-peak voltage from the fast Fourier trans-
formed voltage Vs,,(250 Hz). Then, with the calculated V5 m,, (250 Hz), the effective voltage
Verr is then deduced by using the Eq. 2.38, which gives

Vs,,(250 Hz) 1 Vsm,,(250 Hz) 1 402.55
2v2 22 HYY (250 Hz) 22 9.998

Verr(250 Hz) = mV =14.235mV, (3.7)

where Hs‘;Zz is the transfer function in Eq. 2.29 and V5, is the peak-to-peak voltage out of

the microphone. In this calibration, th<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>