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Chapter 1

Introduction

1.1 Calibration system

Measurement is the process of determining the value of a quantity. The measure-

ment result is expressed as the measurement unit [1,2]. The International System of

Quantities (ISQ) defines seven base quantities: length, mass, time, electric current,

thermodynamic temperature, amount of substance, and luminous intensity. The

base units for the corresponding quantities are meter (m), kilogram (kg), second

(s), ampere (A), kelvin (K), mol (mol), candela (cd). These seven base units have

been adopted as the International System of Units (SI) in the General Conference

on Weights and Measures International System of Units (Conférence Générale des

poids et mesures) [3, 4].

Calibration is an act of comparing the measurement result of a device under

test (UUT) to the reference unit. Generally, the reference unit has higher accuracy

and precision level than the UUT. The calibration is essential to ensure that every

instrument or transducer for the same measurement unit produces a comparable

result. In the global trade system, this equality is necessary to create fair trade.

Another importance of the calibration is to determine the instrument’s accuracy

and reliability for the measurement [2].

In the calibration chain hierarchy, the country’s National Metrology Institute

(NMI) is positioned at the top level. The NMI provides the country’s reference unit

and is used by the secondary calibration labs to calibrate their reference unit. This

calibration chain system creates a link between the end-user instrument’s measure-

ment result and the unit’s definition in the SI.

The development of transducer is going vast, nowadays. More physical quanti-

ties can be sensed by the invention of a new type of transducer. The new type of

transducer improves the current transducer capability, thus broaden its applicabil-

ity. There are many new types of instruments available. Calibration is required to

assure the correctness of these instruments measurement results. However, occa-

sionally, the existing calibration methods can not be implemented directly for a new

transducer type due to some differences in the specification or geometry. There-

fore, sustainable development of the calibration method is required to balance the

transducer technology.
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1.2. MICROPHONE CALIBRATION

1.2 Microphone calibration

1.2.1 Microphone

Sound occurs as a result of pressure variation in the medium. The physical quan-

tity of the sound is the pressure with the measurement unit of Pascal (Pa). A

microphone is a transducer that converts sound pressure into electrical voltage. A

microphone’s construction comprises a diaphragm and backplate separated by an

air gap, forming a capacitive configuration. When exposed to a sound, the air pres-

sure moves the diaphragm, changing the microphone’s capacitance and producing

an electrical voltage. The microphone’s transduction property is represented by

the microphone’s sensitivity and has a measurement unit of millivolts per pascal

(mV/Pa). The sensitivity and its frequency response are determined by the material

and construction design of the microphone.

The sensitivity is an essential parameter of a microphone for the development of

the instrument. An instrument used to capture the far-field sound, such as a smart-

speaker, hearing aid, and noise-canceling headphones requires a high-sensitivity

type of microphone to capture the sound from a distance. Meanwhile, a high-

sensitivity microphone is not suitable for an instrument designed to capture sound

from the near-field, such as telecommunication devices, because the signal will be

clipped and distorted. The microphone sensitivity and its frequency response are

determined by the material and construction design.

Conventional measurement microphone diaphragm has a general shape of cir-

cular. Common available size is 1 inch, 1/2 inch, 1/4, and 1/8 inch. For the standard-

ization, the specification of the measurement microphone has been documented in

the IEC standard. For example, IEC 61094-1 and IEC 61094-4 describe laboratory

standard and working standard microphone, respectively.

1.2.2 Calibration methods

The microphone calibration methods are also documented in the IEC 61094 stan-

dards series. The most accurate is the reciprocity method. The realization of the

reciprocity method in the pressure field and free field environment is explained in

the IEC 61094-2 and IEC 61094-3. The process applies to a reciprocal type of

microphone. In this method, the microphone’s sensitivity is calculated from the

electrical transfer function and acoustical transfer impedance calculation. A pre-

cise measurement of the microphone’s acoustic center is required for the calculation

of acoustical transfer impedance.

For the secondary method, the microphone comparison or substitution calibra-

tion method is available in the standard. This calibration procedure is explained in

the IEC 61094-5 for pressure field calibration and IEC 61094-8 for calibration in the

free field environment. The configuration and calibration procedure is more simple

than the reciprocity method. A sound pressure applied to the reference microphone

is used to determine the sensitivity of the UUT. The process assumes that both

reference microphone and UUT experience the same sound field. This method is

less precise than the reciprocity method and has higher uncertainty. Nevertheless,

9



1.3. OPTICAL METHOD FOR SOUND MEASUREMENT

the technique is easy to implement and applicable to any microphone.

1.2.3 Current limitation

Microphone technology has experienced considerable advancement. New micro-

phone technology has applied a micro-electro-mechanical system (MEMS) in the

manufacturing process. So, there is a microphone called a MEMS microphone.

Thanks to the development of micromachining technology. The device comprises a

transducer and an application-specific integrated circuit (ASIC). The microphone

integrates a transducer and a conditioning amplifier application-specific integrated

circuit (ASIC) module for the analog type of MEMS microphone. Meanwhile, for

digital MEMS, the ASIC module also includes an analog-to-digital (ADC) converter

circuit. All components are packed inside a microphone housing. In the construc-

tion of the MEMS microphone, the diaphragm is located inside the housing and is

not exposed directly to the surrounding air. But, the sound pressure from outside

flows into the diaphragm through a porthole in the housing.

The MEMS microphone product is available in various sizes. By the MEMS

technology, the diaphragm and backplate size can be scaled down to 1/25 times of

the conventional microphone diaphragm’s size. A new material and shape design

of the microphone’s diaphragm and backplate design is introduced. For example,

Martin et al. and Scheeper et al. developed an octagonal-shape diaphragm and

backplate [5, 6]. Wood et al. developed a graphene-based diaphragm [7]. Some

authors have proposed a perforated diaphragm and backplate [8, 9]. Despite its

small size, the sensitivity and frequency response is comparable to a conventional

condenser microphone.

However, the current microphone calibration methods do not apply to MEMS

microphone. In the current calibration methods, the sensitivity is calculated based

on the estimation of the sound field that applies to the diaphragm. The applied

sound-field is estimated using a mathematical equation derived from the geometry

of a conventional condenser microphone. The calibration principle can not be im-

plemented for MEMS microphones because the MEMS microphone has a different

size from the traditional microphone. The estimation of the sound field will not

produce an accurate result in this case. Moreover, the inlet port size is tiny, so the

analysis of the sound field on the MEMS microphone’s inlet port is challenging in

practice. Therefore, a new calibration method that can accommodate the MEMS

microphone’s size needs to be developed.

1.3 Optical method for sound measurement

Optical sound measurement utilizes light as a sensor to measure sound pressure.

The method can measure sound without disturbing the sound field, which is the

optical method’s advantage over the microphone method, where the microphone’s

body disturbs the measured sound field. This condition results in decreased mea-

surement result accuracy. The optical method can also take sound measurements

in places that cannot be reached by the microphone, such as measuring sound in a

10



1.4. RESEARCH OBJECTIVE

narrow gap or measuring sound in a closed cylinder.

There are two methods available for realizing sound measurement using the op-

tical method. The first method is based on the relationship between sound pressure

and particle velocity. A laser Doppler shift technique [10, 11] and photon correla-

tion spectroscopy technique have been proposed for the measurement of the particle

velocity [12,13]. In the implementation, the seeding particle is used to obtain a suf-

ficient photon count [14]. The second method is based on the acousto-optic effect

principle that describes the relationship between sound pressure and phase of the

light [15, 16]. The phase shift of the light propagating through a sound field corre-

sponds to the line integral of sound pressure along the optical path. A laser Doppler

vibrometer [17,18] or polarization interferometry technique [19] can be implemented

for the measurement of the phase shift. The implementation is simpler than the

first method because it does not require seeding particles in the measurement pro-

cess. By applying the tomography technique in the measurement process, it is also

possible to obtain the sound field’s projection. A reconstruction technique such

as the filtered back-projection technique can reconstruct the sound field from its

projection [20]. This sound field measurement method has been realized to measure

sound field inside a closed tube [21].

1.4 Research objective

This research aims to apply the optical sound measurement method to address

current limitations in microphone calibration methods. In the first application,

the optical method is proposed for MEMS microphone calibration. A non-invasive

sound measurement using the optical method is proposed to obtain the sound field

applied to the microphone. The measured sound field is used to determine the

sensitivity of the UUT microphone.

The sound field measurement is realized using an optical method based on the

acousto-optic effect principle. A parallel phase-shifting interferometry (PPSI) in-

strument is used to measure the light’s phase shift to the sound. The applied sound

field projection is obtained by implementing scanning tomography using PPSI and

reconstructed by using the filtered back-projection technique.

An experimental calibration using the optical method was carried out to de-

termine the sensitivity of a MEMS microphone under test. The calibration was

conducted for several frequency points to obtain the frequency response of the

microphone. These sensitivity values were validated by the realization of the sub-

stitution calibration method. Validation of the sensitivity results was performed

by calibrating the MEMS microphone under test using the substitution calibration

method.

In the second application, I proposed the optical method for the determination

of the microphone’s acoustic center. The acoustic center’s value represents the

position of an equivalent point source of a microphone acting as a transmitter

unit. It is used in the reciprocity method for the calculation of acoustical transfer

impedance. The conventional method determines the microphone’s acoustic center

using the transfer function method.
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1.5. THESIS ORGANIZATION

I propose a new approach in the acoustic center determination by introducing

the optical method approach. The acoustic center is determined from the optical

projection of the sound field generated by a microphone’s optical projection’s sound

field.

A PPSI instrument is used to obtain a projection of sound field generated by

a laboratory standard microphone type B&K 4180. The microphone is configured

as the transmitter unit where the generated sound pressure level is adjusted from

the input voltage that drives the microphone. The microphone is positioned in the

measurement area of the PPSI instrument. Projection is obtained by positioning

the microphone inside the PPSI’s measurement area. The PPSI instrument can

record the spatio-temporal sound pressure generated by the microphone for further

processing by this configuration.

The propagation of sound from the microphone is assumed to follow a point

source model. Therefore, I developed a point source model and applied the least

square fitting method to the measurement data. The resulting model’s parameter

is used to determine the origin of the measurement data’s point source. This origin

corresponds to the position of the acoustic center of the microphone under test.

The proposed method was implemented in the experiment to determine the

acoustic center of laboratory standard microphone type B&K 4180. Experiments

were performed to determine the acoustic center of the microphone at several

frequencies. Comparison of the result with the nominal acoustic center values

described in the standard IEC 61094-3 was performed to evaluate the proposed

method’s performance.

1.5 Thesis organization

The organization of this thesis is illustrated in Fig. 1.1. The introduction of the

research and objective are discussed in Chapter 1.

In Chapter 2, I present the literature review corresponding to the research. I

explain the methods of microphone calibration and the theory of optical sound

measurement. The reciprocity and substitution microphone calibration methods

are presented. I also describe the fundamental principle of optical sound measure-

ment, including the acousto-optic effect, interferometry system, and tomography

technique for the sound field reconstruction.

Chapter 3 presents the realization of optical sound measurement using a laser

interferometer system. Firstly, I explain the numerical simulation of the optical

sound measurement method. I continue explaining the experimental measurement

of sound generated by a loudspeaker in a free field environment and the sound inside

a cylindrical tube using a laser Doppler vibrometer. I confirmed the actual sound

pressure level using a microphone and show that the optical method produces a

good agreement. In Chapter 4, I introduce the parallel phase-shifting interferom-

etry instrument for sound field measurement. An experiment was conducted to

characterize the acoustic background noise, and optical distortion of the PPSI in-

strument are presented. I found PPSI’s fan contribution to the sound measurement

and the type of optical distortion in the PPSI system.
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1.5. THESIS ORGANIZATION

Figure 1.1: The organization of the thesis.

The main contribution of this research is described in Chapter 5. I propose

applying the optical sound measurement method to measure the sound field applied

to MEMS microphone surface and is used to determine the microphone sensitivity.

Experimental calibration of MEMS microphone was carried out in the frequency

range of 1000 Hz to 12000 Hz. I implemented the substitution calibration method to

calibrate the MEMS microphone by developing an adapter to validate the sensitivity

result. The result shows that both methods have a good agreement with small

discrepancies. Chapter 6 presents the optical method’s application to determine

the microphone’s acoustic center used in the reciprocity calibration method. The

acoustic center is calculated from the sound field projection obtained using the PPSI

instrument. A simulation was created to review the performance of the estimation

method. An implementation of the proposed approach to determine the acoustic

center of laboratory standard microphone type B&K 4180 was presented in this

chapter. The validation of the proposed method was performed by comparing

the result with the nominal acoustic center values described in the IEC 61094-2

standard. The highlights of the research and recommendations for future work are

summarized in Chapter 7 of this thesis.
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Chapter 2

General knowledge

2.1 Microphone

2.1.1 Condenser microphone

The microphone is a transducer that converts sound into an electrical signal. Ac-

cording to the basic principle, the microphone can be classified into three types:

dynamic, condenser and ribbon microphone [22]. The differences between each of

microphone are described as follows:

• Dynamic microphone: works based on electromagnetism principle. The con-

struction is similar to a loudspeaker that comprises a membrane, moving coil,

and a permanent magnet. The working principle is the opposite of the loud-

speaker principle. When the sound vibrates the membrane, the moving coil

cuts the magnetic flux and creates a current flows through the coil.

• Condenser microphone: works based on the capacitor principle. The construc-

tion of the microphone comprises a diaphragm and a fixed plate separated by

an air gap. Variation of the pressure applied onto the diaphragm changes the

microphone’s capacitance and produces an output voltage.

• Ribbon microphone: The microphone’s construction consists of a permanent

magnet and a ribbon plate placed between the magnet poles. The variation

of air particle velocity caused by the sound moves the ribbon plate. The

interaction between the plate and the magnetic flux creates a current flow on

the plate.

Among those types of microphones, the condenser microphone is commonly used in

applications because it offers better acoustic performance and a simple mechanical

design.

The construction of a condenser microphone is shown in Fig. 2.1. The di-

aphragm and the backplate with the area of A is separated with the distance of

D0 in air medium with the dielectric constant of ✏0. Thus, forming a plate capaci-

tance of C. A polarization voltage E0 is applied to the microphone. The result is

14





2.1. MICROPHONE

class of microphone is that it meets the microphone specification requirements for

calibrating other microphones as stated in the IEC 61094-1. Laboratory standard

microphone is a reciprocal transducers that can be used as an acoustical transducer

as well as a loudspeaker if we apply an input voltage to the microphone terminal.

Furthermore, this type of microphone has high stability of sensitivity over a very

long period time [25].

Microphone sensitivity shows conversion performance of the transducer from

the sound pressure to the voltage. The value is calculated as the ratio between the

output voltage for applied sound pressure to the diaphragm. The general unit of

microphone sensitivity is millivolt per pascal (mV/Pa). Since the sound pressure

is commonly expressed as a logarithmic ratio quantity with the unit of decibel

(dB). Hence, the microphone sensitivity can also be expressed in dBV/Pa. The

conversion of the sensitivity unit from mV/Pa to dBV/Pa is as follow

MdB = 20 · log (Mvolt) , (2.3)

where MdB is the microphone sensitivity in the unit of dBV/Pa Mvolt is the micro-

phone sensitivity in the unit of V/Pa.

Depending on the acoustic field used for calibration, the sensitivity can be ex-

pressed either as pressure field sensitivity or free-field sensitivity. When the calibra-

tion is carried out in the pressure field, such as in an acoustic coupler, the resulting

sensitivity is pressure field sensitivity. Otherwise, if the calibration is carried out in

the free field environment, such as in an anechoic chamber, the resulting sensitivity

is termed free-field sensitivity.

Microphone sensitivity has frequency dependencies caused by a non-linear char-

acteristic of the diaphragm stiffness response to the input frequency. The sensitiv-

ities of the microphone for certain frequencies are expressed as frequency response.

Below is the typical frequency response of microphone type B&K 4180 that is cali-

brated in pressure field and free-field environment.

It is seen from Fig. 2.3 that the pressure field frequency response of microphone

type B&K 4180 is flat in the frequency range 500 Hz to 8000 Hz and slightly

changed in the high-frequency range. On the other hand, the free-field frequency

response is flat at low-frequency range and increases from frequency 2000 Hz. This

condition is happened because of the damping factor and resonance frequency of

the microphone.

2.1.2 Micro-electro mechanical system microphone

The development of micro-electromechanical system (MEMS) technology began

with the application of silicon technology for miniaturizing electronic circuits in

an integrated circuit (IC). The branch of science that studies this subject is mi-

croelectronics. By employing such a lithography technique in the manufacturing

process, active and passive electronic components such as the transistor, resistor

and capacitor, and wire interconnect are integrated into the silicon wafer chip. The

number of components that can be incorporated into the IC is also increasing by

16





2.1. MICROPHONE

According to the output voltage, the MEMS microphone can be categorized

into two types, analog and digital. The analog type contains a pre-amplifier cir-

cuit. Instead of a pre-amplifier, the digital type also includes an analog-to-digital

(ADC) converter and an interfacing circuit. This circuit is implemented as an

application-specific integrated circuit (ASIC) that requires external power. There-

fore, the MEMS microphone requires external power to make it works.

The MEMS microphone is commonly available in the market as a breakout

board. This breakout contains a MEMS microphone and necessary external passive

components that are already soldered on a printed circuit board (PCB) to make it

easy to interface with other devices.

An example of the MEMS microphone breakout component is Knowles SPU0414

HR5H-SB. This is the analog top port type of MEMS microphone. The breakout

component and its schematic diagram are shown in the Fig. 2.5(a) and 2.5(b),

respectively.

(a) MEMS microphone breakout

[35]. (b) Schematic diagram of the breakout

Figure 2.5: The MEMS microphone breakout and its schematic diagram.

The microphone housing has the size of 2.95 mm in width, 3.76 in length, and

1.10 mm in height. The device requires an external power supply with the minimum

input voltage of 1.5 volt and the maximum of 3.6 volt. This microphone has an inlet

port diameter of the 0.5 mm. The pre-amplifier gain is adjustable by configuring

the value of R1 and C1. The calculation of the gain is using following equation:

Gain(dB) = 20 · log

✓

1 +
RF

(RS +R1)

◆

, (2.4)

where the value of RF = 22 kΩ and RS = 2.44 kΩ. The minimum measurement

frequency range of the microphone can be adjusted by selecting the value of C1 as

follow:

Fmin(Hz) =
1

2⇡(RS +R1)C1
. (2.5)
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2.2. MICROPHONE CALIBRATION METHODS

2.2 Microphone calibration methods

The sensitivity information is provided by the manufacturer in the microphone

datasheet that is called the nominal sensitivity value. However, each microphone’s

actual sensitivity value may differ from the nominal value due to many factors.

Calibration is required to determine the actual sensitivity of a microphone. The

sensitivity value of a microphone is changing over time, caused by the usage and

environmental condition. Therefore, regular calibration is important to know the

updated sensitivity value.

The international methods for microphone calibration are published by the In-

ternational Electrotechnical Commission (IEC) in the 61094 series standard. This

series standard contains eight parts, which describe laboratory standard micro-

phone, calibration methods and procedures, and the measurement uncertainty. Ac-

cording to these standards, the calibration methods consist of an electrical method

and an acoustic method. The acoustical methods are the reciprocity method, com-

parison/substitution method, and the electrostatic actuator’s electrical method.

The following section describes the acoustical methods for microphone calibration.

2.2.1 Reciprocity calibration method

The microphone reciprocity method was introduced by Cook [36] based on Lord

Rayleigh’s reciprocity theorem [37] and the Ballantine experiment using a moving-

coil sound source measured using Rayleigh disk method [38]. The reciprocity prin-

ciple describes that the ratio of the volume velocity produced by a transmitter

microphone to the input current is equal to the ratio of the receiver microphone’s

output voltage to the sound pressure acting on the diaphragm [39]. The ratio rep-

resents the sensitivity of the microphone. Therefore, the microphone’s sensitivity

that acts as a transmitter is equal to its sensitivity as a receiver. In the imple-

mentation, the calibration method is realized as a voltage transfer function (VTF)

measurement and applies to a reciprocal microphone.

The microphone configuration in the reciprocity calibration method is shown in

Fig. 2.6. In this configuration, microphone MicA functions as the transmitter and

Figure 2.6: Reciprocity calibration configuration where MicA as the transmitter

and MicB as the receiver.
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2.2. MICROPHONE CALIBRATION METHODS

microphone MicB is used as the receiver. An electrical voltage of EA1 is applied

to the input port of MicA produces an electrical current of iA1. The amount of

current is given by

iA1 =
EA1

ZeA
, (2.6)

where ZeA is electrical transfer impedance which is determined from microphone

capacitance using the following equation

ZeA =
1

j!CMicA

. (2.7)

The volume velocity produces by the transmitter microphone MicA which has

the sensitivity of M1 is

UA1 =
MA

iA1
. (2.8)

These two microphones are separated with a distance of r, measured from the

diaphragm of the microphone. Sound pressure of P1 is acting on the diaphragm of

MicB caused by the volume velocity of UA1, The amount of sound pressure can be

estimated by using the following equation

P1 =
UA1

ZaAB
, (2.9)

where ZaAB is acoustical transfer impedance between the microphones. This acous-

tical transfer impedance can be calculated as

ZaAB = j
⇢f

2d
e�jkde�αr, (2.10)

where

⇢ = density of air

f = frequency of measurement

k = angular wavenumber

d = distance between the microphone’s acoustic center

↵ = sound attenuation in air

Based on Eq. 2.8, we can re-write equation 2.9 as

P1 =
MA

iA1
ZaAB. (2.11)

The output voltage produced by the receiver microphone caused by the applied

sound pressure is determined by the sensitivity as

E2 =
MB

P1
. (2.12)

Then, we can substitute the P1 with the Eq. 2.11 to obtain E2 as follows

E2 = MB
MA

iB1
ZaAB. (2.13)
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The value of iB1 is equal to the ratio of output voltage to the electrical transfer

impedance as

iB1 =
EB1

ZeB
. (2.14)

Finally, we can re-write Eq. 2.13 into

E2 = MAMB
EA1

ZeB
ZaAB.

MAMB =
EB1

EA1

ZeB
ZaAB

(2.15)

From the above equation, we can see that product of microphone sensitivity is equal

to the ratio of input and output voltage, electrical transfer impedance, and acous-

tical transfer impedance. The value of electrical transfer impedance is determined

from microphone capacitance which can be obtained from the microphone specifi-

cation datasheet. A more accurate method to determine microphone capacitance is

proposed by Yan et al. [40]. To calculate acoustical transfer impedance accurately,

several parameters are required such as microphone front cavity depth, temperature,

ambient pressure, humidity, and microphone acoustic center. The contribution of

these parameter to the calculation of of acoustical transfer impedance are given in

the IEC standard.

2.2.2 Substitution calibration method

The reciprocity method described in the previous section produces an accurate

sensitivity result. An uncertainty of 0.01 dB in the sensitivity result can be achieved

using the reciprocity method. However, the method applies only to a reciprocal

microphone. The realization of the method is difficult, especially for the free field

reciprocity method. The measurement noise is high caused by a low signal to noise

ratio.

The most straightforward way to determine the sensitivity of a microphone is

to expose the microphone to a reference sound source that the sound pressure level.

A calibrated pistonphone or acoustic calibrator can be used for this purpose. The

sound calibrator can generate a stable sound pressure with a nominal level of 94

dB, which is equivalent to a sound pressure of 1.002374467Pa, at a single frequency

of 250 Hz.

In practice, the sound calibrator should be calibrated before used to determine

the actual sound pressure level. Then, we use the sound pressure level value for the

microphone calibration. The calibration procedure is described as follow:

1. Connect the microphone under test to the preamplifier, and the output is

connected to a voltmeter.

2. Attach the microphone under test into the pistonphone or sound calibrator.

3. Turn on the acoustic calibrator and note the voltage output displayed by the

voltmeter as the value of Vout.
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2.2. MICROPHONE CALIBRATION METHODS

The microphone’s sensitivity under test can be calculated from the ratio of the

pressure to the output voltage.

MDUT =
Vout

SPLacousticcalibrator
, (2.16)

where Vout is the output voltage of the microphone under test.

The sensitivity is expressed in dBV with the reference of 1V/Pa using the fol-

lowing equation:

MDUTdB
= 20 · log10(MDUT ). (2.17)

Using this method, we can determine the sensitivity of the microphone at the fre-

quency of 250 Hz.

The substitution calibration method is described in the IEC 61094-5. This

standard also described a comparison method that has almost the same calibration

procedure. In this method, the microphone’s sensitivity under test is determined

from the reference microphone’s sensitivity. This method’s basic principle is to ap-

ply the same sound field to both reference and the microphone under test. Thus,

both microphones experience the same sound field. The comparison method and

the substitution method are the sound field exposure method to the microphones.

The method is named as the comparison method when the reference and micro-

phone under test are positioned close to each other so that the sound field applies

simultaneously. When the sound field applies to the microphones sequentially, the

method is named the substitution method.

Instruments setup for the implementation of comparison calibration method is

shown in Fig. 2.7 A loudspeaker is used to generate the sound field. The position of

Figure 2.7: Setup of the comparison calibration method.

the reference and microphone under test should be close to each other so that the

sound pressure level applied to each microphone is equal. The calibration sequence

is described as follow:

1. Generate the sound field at the frequency of calibration.

2. Note the output voltage measured by the DVMRef . Using the sensitivity

value of the reference microphone in the unit of mV/Pa at the calibration

frequency and the output voltage, then we can determine the applied sound

pressure level in Pascal unit at the measurement position as

SPLRef =
DVMRef

MRef
. (2.18)
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3. Calculate the sensitivity of the microphone under test from the applied pres-

sure that has been defined previously.

MDUT =
DVMDUT

SPLRef
. (2.19)

4. Repeat the process for other calibration frequency range

The advantage of the comparison method is simpler in the configuration and faster

calibration time. But, we need to consider that the reflection of sound, either by

the body of reference and microphone under test, will disturb the sound pressure

applied to the microphone. This reflection effect should be added in the calculation

of the calibration uncertainty.

The same principle applies to the substitution method. The sound pressure level

measurement is performed sequentially by each microphone. The procedure is de-

scribed as follows. In the first configuration, the reference microphone is positioned

at a certain distance d from the loudspeaker. Then, sound pressure generated by

the loudspeaker is measured by the reference microphone as shown in Fig. 2.8. The

Figure 2.8: Measurement of sound by the reference microphone.

reference microphone’s sensitivity placed at a distance of d from the loudspeaker

and its output voltage measured by DVM can be used to calculate the sound pres-

sure applied to the diaphragm using Eq. 2.18. After that, the reference microphone

is substituted using the microphone under test at the same position as shown in

Fig. 2.9 The sensitivity of the microphone under test is then calculated using the

Figure 2.9: Measurement of sound by the microphone under test.

same procedure as the comparison method. Since the measurement is performed
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sequentially between the reference and microphone under test, then the effect of

reflection from another microphone does not present in the measurement process.

However, the placement of the microphone became the most important factor con-

tributing to the calibration uncertainty. When we substitute the microphone, we

have to confirm that the microphone under test is at the same position as the ref-

erence microphone so that both microphones experience the same sound pressure

level.

2.3 Optical measurement system

2.3.1 Laser interferometry

Light is an electromagnetic wave. The wave that can be quantified is intensity

amplitude, wavelength, frequency, period, and phase. Amplitude represents the

height of the crest or trough of a wave relative to its equilibrium state. Wavelength is

defined as the distance between the adjacent trough or a crest of the wave expressed

in the meter unit. The period is the time, in seconds, to complete one cycle of a

wave from crest-to-crest or trough-to-trough. Frequency is the number of waves that

pass a point in one second and is represented in Hertz’s unit (Hz). The wave phase

represents the current wave position relative to the reference position measured in

the unit of degree or radian.

As a wave, the light also experiences some physical phenomena such as reflection,

refraction, diffraction, and interference. Reflection is the change of wave propaga-

tion caused by an incident on an obstacle object’s surface. Refraction is the bend

of the wave propagation when they enter a medium with different properties from

a certain angle. Diffraction is the change of the waveform when the wave passes

through an aperture or slit. Interference occurs as a result of the superposition

of two waves in the same medium. The interference result produces a new wave

with different properties. For example, when the source waves have the same phase

properties, then the interference result is a wave that has a larger amplitude than

the source wave. Conversely, when the wave sources are out of phase, destructive

interference occurs, and the resultant of the wave amplitude is cancel out each other.

The working principle of laser interferometry utilizes light interference. The

simplest optical configuration of laser interferometry is the Michelson type. Fig.

2.10 shows optical configuration of Michelson type interferometry.

A laser with a complex magnitude of A = aexp(−i�) is used as the beam

source. The beam is split into two beams in the perpendicular direction using a

beam splitter. One laser beam is directed onto a reference mirror, and the other

beam is directed onto an object mirror. Each beam has the complex magnitude

of A1 = a1exp(−i�1) and A2 = a2exp(−i�2), respectively. The value of a1 and a2
represent the amplitude of beam 1 and beam 2, while phi1 and phi1 represent the

phase of the corresponding beam. The beam splitter recombines the reflected beams

from the mirrors again to produce interference. Finally, the mixed beam is passed

to a photodetector to convert into an electrical signal for signal analysis [41, 42].

The interference of the light correspond to the superposition of the beam ex-
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Figure 2.10: Basic configuration of laser interferometry.

pressed by variable I. The magnitude of I is formulated as

I = |A1 +A2|
2

= (A1 +A2)(A
⇤

1 +A⇤

2)

= |A1|
2 + |A2|

2 + 2(A1A2)
1/2cos(∆�).

(2.20)

The variable A⇤

1 and A⇤

2 is complex conjugate of the beam magnitude and ∆� is

the phase difference of the laser beams (∆� = �1 − �2).

From Eq. 2.20, we see that the value of I is equal to the summation of beam

A1 and A2 when destructive interference occurs. Moreover, the value of I is higher

when constructive interference occurs, yield a brighter beam. If the beams’ phase

difference varies linearly, then the value of interference light intensity I change

cosinusoidally. Thus, creating a dark and light intensity pattern, which is called

the fringe pattern.

Constructive interference occurs when there is no phase difference between the

two beams. Conversely, destructive interference occurs when the phase of beam

A2 is the opposite phase A1. When the object mirror is moving back and forth

periodically, then the phase difference will change in the range of 0 to ⇡ radians.

The phase changes proportionally as a function of the optical path length difference

of the two beams. The relation between the optical path difference ∆p and the

change of phase, ∆�, is formulated as follow

∆p = (�/2⇡)∆�. (2.21)

2.3.2 Laser Doppler vibrometer

An example of an instrument that implements laser interferometry principle is the

laser Doppler vibrometer (LDV). The LDV uses the Doppler frequency shift to
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measure surface vibration. According to the Doppler effect principle, if a sound

source is moving relative to the stationary observer. Then, the frequency of sound

received by the observer is shifted. The LDV instrument is widely used in many

applications such as structural health monitoring, MEMS devices characterization,

machinery vibration analysis, medical analysis, and acoustics measurement [43,44].

The basic optical configuration of an LDV instrument is shown in Fig. 2.11

[41, 45]. A laser with a frequency of fr is used as the light source. Commonly,

Figure 2.11: Basic building block of a laser Doppler vibrometer.

a helium-neon laser, which has a frequency of 4.471× 10�10 is used for the LDV

system. The beam splitter divides the beam onto the object beam and reference

beam. The object beam passes the beam splitter and goes to the Bragg cell. This

Brag cell is used to generate a frequency shift of fb. The resulting frequency yield

by the Bragg cell is fr + fb. The beam is then passing the second beam splitter

and goes to the vibrating object surface or a mirror attached to an object. The

reflected beam has a frequency of fr + fb + fd. Finally, the reference beam and the

object beam are mixed and directed toward the photodetector. The frequency shift

produced by the vibrating object is determined by

fd = 2 ∗
V (t)

�
, (2.22)

where V (t) is the vibration velocity of the object, and � is the laser’s wavelength.

2.3.3 Parallel phase-shifting interferometry

Parallel phase-shifting interferometry or commonly abbreviated as PPSI is an in-

strument that applies the interferometry principle to measure the phase shift of

the light. The instrument implement phase-shifting interferometry method [46,47].

Using the PPSI instrument, it is possible to obtain the phase shift of light over

an area of measurement because the laser beam’s size is expanded optically. Not

only spatial phase-shift information, but we can also obtain temporal phase shift

variation over time. This is because the PPSI is equipped with a high-speed polar-

ization camera to capture the light interference. The PPSI system has successfully

implemented for visualization of aerodynamic sound [48].

The basic building block of PPSI is shown in Fig. 2.12 [49]. The PPSI uses a

green laser source with a wavelength of 532 nm. The type of interferometer applied

in the PPSI system is the Fizeau-type polarization interferometer. A Wollaston

26



2.3. OPTICAL MEASUREMENT SYSTEM

Figure 2.12: Basic building block of PPSI.

prism is used to generate two orthogonal linearly polarized beams whose optical

axis slightly differ and passes to the non-polarized beam splitter. A lens is used to

expand the laser beam diameter to 10 cm in diameter and direct the reference beam

and object beam toward the reference plane. The reference beam is reflected by the

reference plane while the object beam passes the reference plane and propagating

toward the mirror. The mirror reflects the laser beam to the reference plane.

An optical flat that reflects a small portion of the incident light is slightly tilted

toward the mirror so that one polarization of the reference light and other polar-

ization of the object light overlap at the center of the aperture. The light passing

through the aperture is the superposition of the orthogonally polarized object beam

and the reference beam. A quarter-wave plate is used to produce contra-rotating

circular polarized light. Finally, the beam incident goes toward the high-speed po-

larization camera [50]. The PPSI uses a high-speed camera CRYSTA PI-1P made

by Photron Ltd. The pixelated polarizer with the phase retardation element of �ret

= (0, ⇡/2, ⇡, 3⇡/2) is attached to each of 2×2 arrays of the neighboring image

sensor that allows the camera to capture multiple phase-shifted interferograms in a

single shot and incorporated into a single image [49,51].

Image intensity captured by the sensor is represented in the 12-bit grayscale

level. The image’s maximum resolution is 1024×1024 and achieved when the sam-

pling rate is less than 7000 frames per second (fps). The image’s resolution de-

creases as the sampling frequency increases with the maximum frequency sampling

of 1.5× 106 fps. The captured image is temporarily stored in the internal memory

of the camera system. The operation of the camera is controlled by a software

Fastcam Viewer developed by Photron. The software performs the transfer process

from the internal memory of the camera to the external storage. The saving image

format can be selected from the software.
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2.4 Sound field measurement using optical system

2.4.1 Acousto-optic effect principle

A sound is a form of energy produced by vibrations of air molecules in a medium.

The amplitude of the sound is described as the number of molecules moved by

the vibration. In the adiabatic process, the rate of air pressure changes in sound

corresponds to the rate of air volume change. This is described by the following

equation [16]
p

p0
= −�

∆V

V
,

p0� = c2⇢,

(2.23)

where p, p0, ∆V , V0, �, c, and ⇢ is actual sound pressure, static air pressure, air

volume changes, air volume at static condition, the ratio of specific heats constant,

sound speed, and density of air, respectively.

Equation 2.23 implies that the volume change is also related to the air density

change. The relation between the density of air and the air refractive index is

described using Gladstone and Dale relation [52,53]. By assuming the linear process,

we obtained the relation between air refractive index and sound pressure as

n ∼= n0 +
n0 − 1

�p0
p, (2.24)

where n0 is air refractive index at atmospheric condition.

The geometrical optics describes the relationship between the air refractive index

and phase of light propagating through the medium as

�(r, t) = k0

Z

L(r)
n(l, t)dl, (2.25)

where k0 is wave number of the light, n is air refractive index and L(r) is the path

following by the beams of the light in the Euclidean space r = (x, y, z) [20,54]. The

relation between the sound field and a phase of light that pass through it can be

determined by substituting air refractive index change in Eq. 2.25 with Eq. 2.24 as

�(x, y, t) = k0n0|L|+ k0
n0 − 1

�p0

Z Z

0
p(x, y, z, t)dz, (2.26)

where the z-axis is parallel to the beam, x-axis, and y-axis are coordinates of the

plane perpendicular to the z-axis. If the static term in Eq. 2.26 is removed, then

we obtained the following equation,

�s(x, y, t) = k0
n0 − 1

�p0

Z Z

0
p(x, y, z, t)dz, (2.27)

with the unit of phase in radian. This equation shows that the phase of the light

corresponds to the line integral of sound pressure along the optical path. Based on

this equation, we can realize the measurement of the sound field using the optical

method.
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2.4.2 Tomography method for sound field projection

Tomography is a reliable method for image reconstruction. The method is com-

monly implemented in the medical field to reconstruct the inner body using X-rays.

The method comprises two steps: scanning and reconstruction process. In the scan-

ning process, parallel rays are passed through the body, and the sensor measures

the rays absorption function. The scanning process is conducted from different an-

gles to obtain the projection of the image. The original image can be reconstructed

from its projection by implementing the reconstruction process. The simplest and

fast reconstruction technique commonly used in tomography is the back-projection

algorithm. The original image is reconstructed by projecting back the projection

onto the reconstruction area. However, the back-projection algorithm introduces

noise in the reconstructed image. To deal with this noise problem, the algorithm

is improved by applying a spatial filter. Thus the algorithm is named as filtered

back-projection [55,56].

Tomography method can be implemented using an optical measurement system

for measurement of the sound field. A scanning process using laser interferometry

is used to obtain the sound field’s projection along the optical path. A sound field

P (x, y) is scanned using parallel rays with the spatial scanning resolution of d. The

scanning is conducted from a different angle with the resolution of ✓. The result

of this process is the projection of the sound field R(x0, ✓). The illustration of the

scanning process is shown in Fig. 2.13.

Figure 2.13: Sound field projection scanning process.

The rotation coordinate is described by the following equation:
✓

x0

y0

◆

=

✓

cos ✓ − sin ✓

sin ✓ cos ✓

◆✓

x

y

◆

. (2.28)

The result of this scanning process is called a projection function or a sinogram

where each value in projection function R(x0, ✓) represents a line integral of the
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sound pressure along the optical path.

According to the acousto-optic relation described in the Eq. 2.27, this line

integral of the pressure corresponds to the phase shift of the light. Therefore, we

can realize the measurement of the line integral of sound by measuring the light’s

phase shift.

Phase shift measurement can be realized either using an LDV or PPSI instru-

ment. The realization of the measurement method for visualization of the sound

field has been shown in the literature [57, 58]. The proposed method applies the

acousto-optic effect principle and is measured using the LDV instrument.

The measurement configuration in the proposed method is described as follows.

The laser beam from LDV is targeted to a rigid surface. Using this configuration,

the LDV measures the time derivative of the phase of the light along the optical

path. The LDV quantifies this time derivative of the phase as the vibration velocity.

Therefore, an integration process to the vibration velocity produced by the LDV is

required to obtain the phase shift.

The formula for this measurement process can be derived from Eq. 2.27. Thus,

we obtain the relation between the sound pressure and the vibration velocity output

of the LDV as
Z

L
p(x, y,!)dl = V (!)

�p0n0

j!(n0 − 1)
, (2.29)

where V (!) is the vibration velocity measured by LDV. Therefore the sound field

projection can be obtained by measuring the vibration velocity using LDV and

applying the Eq. 2.29.

A projection of sound field projection can be obtained using the PPSI [59, 60].

Since the PPSI directly measures the phase shift, an integration process is not

required. Thus, the relation of sound with the phase shift of the light can be

described as Eq. 2.30.

Z

L
p(x, y,!)dl = �s(x, y)

�p0
k0(n− 1)

, (2.30)

where �s(x, y) is the phase shift ectracted from PPSI measurement.

2.4.3 Sound field reconstruction

In the tomography method, the original image can be reconstructed from the pro-

jection. A common algorithm for reconstruction from projection is back-projection.

The algorithm is easy to implement and fast due to simple mathematical opera-

tion [61]. The original image is recovered by smearing back the projection function

onto the reconstruction plane with the same angle used in the scanning projection

process. Mathematically, the process can be written as

p(x, y) =

Z θ

0
R(x0, ✓)d✓. (2.31)

However, the reconstructed image by this process produces a blurred image.

The amount of noise is increasing as a function of spatial distance from the center
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of the image. The blurring noise is formulated as

p(x, y) = f(x, y)×
1

p

x2 + y2
. (2.32)

The blurring noise resulted from the back-projection process can be compensated

by applying a spatial filter. Because the process consists of back projection and

spatial filtering, the algorithm is called filtered back-projection (FBP).

The computational of FBP algorithm can be speeded up by applying the Fourier

slice theorem. The theorem describes that 1D Fourier transform of the projection is

equal to the 2D transform of the original image. This means that we can apply a 2D

spatial filter to the Fourier transform of the projection function. The representation

of sound field projection in the frequency domain can be written as

R(x0, ✓,!) =
�p0

k0(n0 − 1)
�s(x, y, ✓,!), (2.33)

where ! is the angular frequency of sound. Therefore, the implementaion of FBP

algorithm according Fourier slice theorem can be written as

P̃ (x, y,!) =

Z π

0

Z

1

�1

|W (⇠)| |H(⇠)| R̃(⇠, ✓)e2πiξx
0

d⇠d✓, (2.34)

where ⇠ is the spatial frequency bin and R̃(⇠, ✓) is projection in spatial frequency

domain. The variable W (⇠) and H(⇠) represents spatial low-pass and high-pass

filters that are used to remove the blurring effect in the backprojection technique

and high-frequency spatial noise in the reconstructed image.

A Ramp filter is commonly used for the high pass filter. It has the frequency

response as shown in Fig. 2.14 [62]. An improvement of the conventional ramp

filter has been proposed by Zeng to increase the reconstruction accuracy [63]. The

modified ramp filter equation is shown in Eq. 2.35.

H(⇠) =
1

4
−

2

⇡2

M

2
�1

X

l=1

cos 2πlξ
M

l2
, (2.35)

where l is an odd number, M = 2Ψ− 1, and Ψ is the number of lines used for the

projection scanning.

Instead of low-frequency spatial noise, the back-projection algorithm also pro-

duces high-frequency spatial noise. This high-frequency noise occurs as a result of

Figure 2.14: The frequency response of a ramp filter.
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undersampling in parallel scanning process [64,65]. An insufficient number of paral-

lel lines for the scanning process may cause the undersampling of a projection. The

unmatching construction of the reconstruction grid also produces aliasing in the

reconstruction image. This aliasing may appear as the addition of a high-frequency

component to the original image. A low-pass spatial filter can be used to remove

the high-frequency component of the image. However, the type of high pass filter

used needs to be considered not to eliminate the image’s original high-frequency

component.

Several filters are available for tomography application such as Butterworth,

Hamming, and Sheep-Logan [66]. The best appropriate filter for a specific applica-

tion can be chosen based on the image object’s characteristics being reconstructed.

In general, the combination of ramp high-pass and Sheep-Logan low-pass filter pro-

duces a fairly accurate reconstructed image. The frequency response of each filter

can be described as the following equation,

1. Butterworth:

W (⇠) =
1

[1 + (⇠/⇠c)2n]
, (2.36)

2. Hamming:

W (⇠) =

(

0.54 + 0.46 cos(πξ
ξc
), 0 ≤ |⇠| ≤ ⇠c

0, otherwise
(2.37)

3. Sheep-Logan:

W (⇠) =
2⇠c

[⇡(sin|⇠|⇡/2⇠c)]
, (2.38)

where ⇠ is the spatial frequency and ⇠c is the frequency cut-off of the filter.

I have described the implementation of a fast filtering process in the back-

projection reconstruction algorithm by taking advantage of the Fourier slice theo-

rem. The temporal phase shift of the light recorded by the PPSI can be regarded

as a signal that corresponds to the sound pressure variation. The phase variation

is converted into the frequency domain to extract the phase shift’s magnitude at

the frequency of interest. The conversion process is applied to each point in the

measurement area. By this process, we obtained the spatial distribution magnitude

of the projection on the measurement area. Then we apply filtered back-projection

to reconstruct the original signal magnitude distribution using the Eq. 2.34.

The reconstructed signal magnitude resulted from Eq. 2.34 is still in frequency

domain. To reconstruct the spatio-temporal sound pressure variation on the mea-

surement area, we need to convert back the signal to the time domain. A conversion

is done by inverse Fourier transform to the signal as described by the following equa-

tion:

p̃(x, y, t) =
1

2⇡

Z

1

�1

P̃ (x, y,!)eiωtd!. (2.39)
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Chapter 3

Implementation of optical

method for sound measurement

3.1 Measurement framework

Overview about the optical method for sound field measurement has been given in

Chapter 2. This research proposes an acousto-optic based tomography method us-

ing a laser interferometer to measure the sound field. There are two main processes

in the tomography method, which are the scanning process and reconstruction pro-

cess. The scanning process is used to obtain the projection of the sound field.

Meanwhile, the reconstruction process is used to recover the measured sound field

from its projection. The general sequence of the measurement process is illustrated

in the flowchart as shown in Fig. 3.1.

In the first process, we perform the parallel scanning to construct the sound

field’s projection. This process is obtained by passing the light through the sound

field of interest, where the number of parallel scanning lines determines the recon-

structed field’s resolution. The scanning process can be done sequentially, line by

line, using a laser beam, or simultaneously using a PPSI instrument. This scanning

process is repeated for different angles in the range of 0 degrees to 170 degrees.

Projection from angles beyond 170 degrees produces the same projection results as

the projection from the opposite angles.

In the implementation, the parallel scanning using optical measurement instru-

ment does not produce a single projection data but for a period of time. The

instrument’s number of recorded data is determined by the recording time and the

sampling rate of measurement. The recorded data frames of parallel scanning from

different angles are stored in an instrument’s memory or external disk for process-

ing. In the context of tomography, the result of the scanning process is called a

sinogram.

These sinogram data are used to reconstruct the sound field. Firstly, the parallel

scanning data from different angles need to obtain data only at the measurement

frequency. Magnitude at the frequency of measurement is extracted from temporal

measurement data by applying Fourier transform. The process is applied to all

recorded data from the parallel scanning process. Hence, we have the projection
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Figure 3.1: Flowchart of sound field reconstruction data processing.

of the sound field at the frequency of interest. The pseudocode of this process

is shown below. Variable RecordedData(trans, rot,!t) is the measurement data

for each translation step and rotation step in the time domain. While, variable

Algorithm 1 Pseudo-code for constructing projection from parallel scanning data

Input: RecordedData(trans,rot,t)

Output: Projection(trans,rot,!t)

1: for iii=1 to rot num do

2: for jjj=1 to trans num do

3: Projection(iii, jjj,!t) = F(RecordedData(iii, jjj, t))

4: end for

5: end for
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Projection(trans, rot,!t) is the frequency domain representation of the data at

the measurement frequency of !t.

The second process is the reconstruction process using a filtered back-projection

(FBP) algorithm. A Fourier slice theorem is implemented to perform filtering to

the sinogram data. The filtering process is performed as the convolution between

the projection data with the spatial filter. The pseudocode of the filtering process

is shown in the pseudocode 2.

Algorithm 2 Pseudo-code for filtering process

Input: Projection(trans,rot,!t)

Output: FilteredProjection(trans,rot,!t)

1: InitializefilterH(!s)

2: for iii=1 to rot num do

3: for jjj=1 to trans num do

4: Projection(iii, jjj,!s) = F(Projection(iii, jjj,!t))

5: FilteredProjection(iii, jjj,!s) = Projection(iii, jjj,!s) ∗H(!s)

6: FilteredProjection(iii, jjj,!t) = F�1(FilteredProjection(iii, jjj,!s))

7: end for

8: end for

The process is started by the definition of spatial filter parameters such as

frequency cut-off and filter order. According to the Fourier slice theorem, the 2D

spatial filtering of the projection can be implemented by applying the 1D filter to

the projection data from each angle. To do the filtering, first, we need to convert the

projection data from each angle into a spatial frequency domain using the Fourier

transform. The filtering process is then calculated as the multiplication operation

between the projection data and the filter response. The projection after filtering

is obtained by applying inverse Fourier transform to the filtered projection data’s

spatial frequency representation.

The backprojection is performed by smearing back the projection data onto the

reconstruction area. The pseudocode of the process is shown in the pseudocode 2.

Algorithm 3 Pseudo-code for backprojection algorithm.

Input: FilteredProjection(trans,rot,!t)

Output: ReconstructedData(x,y,t)

1: for jjj=1 to trans num do

2: for kkk=1 to trans num do

3: for iii=1 to rot num do

4: temp = jjj ∗ cos(rot(iii)) + kkk ∗ sin(rot(iii))

5: Result(jjj, kkk) = Result(jjj, kkk) + Input(rot(iii), temp)

6: end for

7: end for

8: end for

The result of the backprojection process is the spectrum magnitude of the re-
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constructed sound field. Temporal variation of the reconstructed sound field can be

obtained by applying inverse Fourier transform. The pseudocode of the process is

shown below.

Algorithm 4 Pseudo-code to obtain temporal variation of reconstructed sound

field.
Input: Reconstructed Sound Field(!t)

Output: Reconstructed Sound Field(t)

1: for iii=1 to reconstx do

2: for jjj=1 to reconsty do

3: Result(iii, jjj, t) = F�1(Input(iii, jjj,!t))

4: end for

5: end for

3.2 Numerical simulation of the method

A simulation of the measurement and reconstruction process was developed to eval-

uate the proposed sound field measurement method’s performance. The sound field

of the plane-wave and point source was used for the simulation. The sound source

was simulated at a distance of 15 cm from the measurement plane, and the size of

the measurement area was 36 mm × 36 mm.

The parallel scanning was simulated by calculating the line integral of the sound

pressure on the measurement plane sequentially with the translation step of 2mm.

It is assumed that the sound field is axis-symmetric. Therefore, the same data

was used for the projection from other angles. The rotation step was 10 degrees.

The frequencies used for the simulation were 1000 Hz, 2000 Hz, 4000 Hz, 5000

Hz, 8000 Hz, and 16000 Hz. The filtered back-projection implementation for the

reconstruction process uses a spatial ramp filter combined by a Butterworth low

pass filter. The order of the Butterworth filter was n = 5 with the frequency cut-off

of ⇠c = 5.

In the first simulation, I evaluated the effect of the translation error of the

scanning process on the reconstruction result. Hence, we created data with no

translation error and several data with scanning translation error. The range of the

translation error were 10 %, 20 %, 30%, 40%, and 50% of translation step. The

visualization of the reconstructed sound field for plane-wave sound source can be

seen in Fig. 3.2.

Figure 3.2(a) shows the simulated sound field and Fig. 3.2(b) shows the re-

constructed sound field using the FBP algorithm. We compared the two images

and calculated the deviation. The result is shown in Fig. 3.2(c). We see that the

reconstructed field yield by the FBP algorithm has a deviation from the original

field. The error is small in a circular area around the center of the image and large

at the reconstructed field’s corners. Thus, becoming the effective reconstruction

area yield by the FBP algorithm.

The visualization of the reconstructed sound for other measurement frequencies
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translation error for each error condition. It is seen that the translation error did

not affect the reconstruction result for the plane-wave. For a point source, there is

a small reconstruction error caused by the translation error.

3.3 Sound field measurement using a LDV

3.3.1 Measurement in free field

In the first experiment, we perform the reconstruction of the sound field in the

free field environment. The experiments were conducted in the anechoic room of

Waseda University. An LDV type Polytec OFV-505 was used as the interferometry

system. The LDV was used to measure the sound field at a plane of 1 mm above the

round table. The table was mounted on a rotating table to obtain the projection

of the sound field from different angles. The LDV was mounted on a controlled

traverse system with a single axis linear translation to perform parallel scanning.

A loudspeaker positioned 20 cm above the table was used as a sound source to

generate the plane’s sound field.

A MEMS microphone type Knowles SPU0414HR5H-SB was mounted on the

table to validate the sound pressure value. This microphone was positioned in the

center of the rotating table as shown in Fig. 3.8.

For the tomography method’s implementation to reconstruct the sound field,

we performed scanning by sequentially translating the LDV along 200 mm with the

translation step of 2 mm and the rotation step of 10 degrees. The LDV sensitivity

setting was set to 1 (mm/s)/V, and its output was connected to the NI-PXI system

Figure 3.8: Configuration of sound field measurement at anechoic chamber using

an LDV.
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for recording the vibration velocity signal yield by the interferometry system. The

synchronization between translation, rotation, and recording was performed by the

National Instrument PXI system and LabView software program. The frequency

sampling of the recording process was 48 kHz, with the total number of samples

1000. A windowed sound signal with a frequency of 1000 Hz and 2 ms was generated

by the signal generator and reproduced by the loudspeaker.

The total number of scanning steps for each angle of projection is 100 steps.

And, for each step, the total number of collected samples was 1000. Therefore, we

have 100000 data samples for each projection angle. The rotation was conducted

from 0 degrees to 170 degrees. Thus the total rotation step was 17 for one complete

set of measurements. The total data collected for one complete measurement set is

1.7× 106 samples.

A MATLAB code was developed for the sound field reconstruction from the

measurement data. The output data yield by the LDV was in the Volt unit. Thus

we converted this voltage value into the vibration velocity value based on the LDV

sensitivity setting before processing the data.

The frequency of the sound used in this experiment was 1000 Hz. Figure 3.9

shows several images of reconstruction result in different time sequence. In the im-

ages, the x-axis and y-axis represents the position coordinates in the reconstruction

plane, while the z-axis represents the amplitude of the sound pressure. The recon-

struction plane’s effective spatial resolution was 2 mm in the circular area with a

radius of 100 mm. We can visualize the pressure distribution of the loudspeaker’s

sound from the initial condition where the was no sound. The amplitude of the

sound pressure was then increased and then decreased.

To compare the accuracy of the sound amplitude measured using the optical

method, we recorded the sound generated by the loudspeaker using the microphone.

We plotted the signal measured using the microphone and optical method in one

graph. The result is shown in Fig. 3.10.

Figure 3.9: Reconstruction of sound field from measurement in the free field.
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Figure 3.10: Comparison of the signal measured by using the microphone and

optical method.

From the waveform comparison, we see that the sound generated by the loud-

speaker can be reconstructed correctly with a small deviation. The phase of the

sound measured by using the optical method has a lag of 0.2 ms compared with

the microphone. The peak of the sound pressure measured by the microphone was

103.44 dB. The deviation between the microphone and optical method was found

to be 1.49 dB. By using the optical method, we obtained the peak amplitude of

the sound pressure was 101.95 dB. This evidence shows that the amplitude of the

microphone’s sound is greater than the optical method.

3.3.2 Measurement in pressure field

In the second experiment, we conducted measurement of sound field measurement

inside a cylindrical tube. The cylindrical tube was made from acrylic glass with a

thickness of 3.5 mm and 61.75 mm. On one side of the tube, we attach a loudspeaker

as the sound source while an acrylic board sealed the other side of the tube with a

thickness of 5.11 mm. To reduce the loudspeaker’s body vibration and resonance

to the tube, we strengthen the tube construction using bolts. Furthermore, we

hang the tube using ropes, so there was no direct contact between the tube and

the table. This configuration was used to avoid the propagation of the structural

vibration from the loudspeaker to the optical components on the table. The LDV

and mirror were arranged so that the laser beam can pass through the tube. The

arrangement of the LDV, optical components and the tube is shown in Fig. 3.11.

Tomography method was implemented by translating the mirror sequentially

along with the traverse system with a step of 2 mm with a distance of 18 mm

from the tube’s center position. Since the measured sound field was assumed to be

axis-symmetric, we only performed parallel scanning only from one angle and half

the tube’s size. The projection data for other angles were assumed to be equal.

Therefore, the total measurement area was 36× 36 mm. On the edge of the tube,

the parallel scanning was difficult because the beam was dispersed, and only a small
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Figure 3.11: Configuration for measurement of sound field inside a tube.

amount of the light was reflected. This condition made the SNR of the interference

became low. The light also refracted as we moved further from the center of the

tube. To compensate for this, we adjust the panning of mirror 2.

For validation of the optical sound measurement method, we flush mounted a

microphone type B&K 4939 by making a hole in the center of the tube enclosure.

The microphone was connected to a preamplifier B&K 2692 and a digital voltmeter.

A National Instrument data acquisition system was used to generate the signal and

recording the voltage output from the LDV. The instrument is also used to perform

the control of the traverse system movement. The synchronization of the process

was performed by developing software using LabVIEW programming language. The

recording process’s sampling rate was 50 kHz, and the length of the generated signal

was 1.5 seconds. The measurement data were saved in the comma-separated values

(CSV) format.

For the experiment, we generated the sound at the frequency of 1000 Hz. The

constants for calculation of the acousto-optic were as follow: static pressure value

p0 = 101325Pa, air refractive index n0 = 1.000279, and air specific heat index

� = 1.41.

The reconstructed sound field from the measurement for several time sequences

are shown in Fig. 3.12. From the visualization, we can see the distribution of the

sound pressure on the reconstruction plane. The shape of sound pressure distribu-

tion on the reconstruction plane is concave and convex representing the rarefaction

and compression state of the sound propagation. And because the shape of the tube

enclosure is flat, the shape of the sound field is flat at some point. This represents

the reflected sound by a flat surface.

To evaluate the reconstructed sound field’s accuracy, we compare the magnitude

of the sound pressure measured by the optical method and microphone. I selected

the point at the center of the reconstruction plane, which is equal to the microphone

placement position. In this experiment, we found the magnitude of the sound

pressure at the center of the tube measured by the optical method was 131.59
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Figure 3.12: Sound field reconstruction result.

dB. Meanwhile, the sound pressure measured by the microphone was 130.73 dB.

From this result, we found that the difference between the optical method and the

microphone was 0.86 dB. The vibration of the optical system that includes in the

measurement result possibly caused this difference.

3.4 Conclusion

The acousto-optic effect principle describes that the phase shift of the light corre-

sponds to the line integral of sound pressure along the optical path. The principle

has been successfully implemented for sound field measurement by applying a to-

mography reconstruction method. The method comprises two consecutive steps:

parallel scanning and reconstruction process. Parallel scanning processes from mul-

tiple angles are performed to obtain the projection of the sound field. The recon-

struction step is used to restore the measured sound field into the reconstruction

plane. In this study, filtered back-projection was implemented for the reconstruc-

tion.

A numerical simulation of the measurement method was developed to charac-

terize the reconstruction performance. A sound field of plane wave and point sound

source was scanned and successfully reconstructed. The maximum reconstruction

error for the plane wave was 0.43 dB, while the point source’s maximum reconstruc-

tion error was 0.4 dB.

We demonstrated the implementation of the proposed method in the experi-

ments. A laser Doppler vibrometer was used to perform parallel scanning through

a sound field generated by a loudspeaker with a translation step of 2 mm and a ro-

tation step of 10 degrees. The microphone was used to validate the sound pressure

level measured using the optical method.
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The first experiment was performed in the free field environment. The sound

at a distance of 20 cm from a loudspeaker and a pressure level of 103.44 dB was

successfully reconstructed. We found that the discrepancy between the optical

method and microphone was 1.49 dB.

Implementation of the optical method for measuring sound in closed tubes was

carried out in the second experiment. The laser beam was passed through the tube,

and the projection was assumed to be axis-symmetric. A sound pressure inside the

tube with a pressure level of 130.73 dB can be measured using the optical method

with a measurement error of 0.86dB.
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Chapter 4

Characterization of PPSI

system

4.1 Introduction

The PPSI’s configuration utilizes a lens to create a measurement area of the system.

The lens is used to expand the laser beam size from the source to the interferometry

system’s reference lens, and we can adjust the optical zoom by moving of lens. The

earliest PPSI system used a reference and mirror lens with a diameter of 100 mm.

Thus, the maximum effective measurement area of the PPSI system was 100 mm

in diameter.

Recently, the measurement area of the PPSI system has been improved. The

maximum effective measurement area of the PPSI system has been increased from

100 mm to 200 mm in diameter. The improvement has been made by replacing

the reference and mirror with a new lens with a diameter of 200 mm, as seen in

Fig. 4.1. Therefore, the maximum effective measurement area becomes 200 mm in

diameter.

The optical distortion of the lens caused the light to be aberrated. A straight

line image can be seen as curved inward or outward due to optical distortion. In the

PPSI system, the reference and mirror lens is an essential part of the interferometry

(a) Old PPSI system (b) New PPSI system

Figure 4.1: Optical part of old PPSI system and new PPSI system.
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system. The lens must be able to pass the laser beam perfectly. However, the

distortion-free lens is difficult to find. Lens imperfections cause light interference

pattern to be aberrated. Thus, producing pattern error in the interferogram that is

captured by the PPSI’ camera. An investigation of the new PPSI’s optical system

is required to find the optical distortion type in the new PPSI system.

Background noise was determined from PPSI’s measurement area when there

was no sound generated by the sound source. Hence, the measured sound by the

PPSI was pure noise coming from the measurement environment.

The simplest method to analyze optical distortion is using calibration plate

[67,68]. The calibration plate is a transparent glass with a pattern such as parallel

lines or checkerboard. Ideally, the shadow of the pattern caused by the light passing

the plate will match the original pattern. However, the shadow of the pattern will

change due to optical distortion. The type of distortion can be analyzed from the

image pattern.

4.2 Acoustical background noise measurement

4.2.1 Noise assesment using power spectral density

The PPSI system comprises a laser, optical system, and high-speed camera. The

system measures the phase-shift of the light that is proportional to the variation of

sound. The PPSI system’s performance can be characterized by its basic function

that is measuring the phase of the light caused by the sound. This can be done by

utilizing the PPSI system to measure sound background noise in the experiment

room. By using this method, we can determine if any other frequency component

includes in the measurement result.

The characteristic of background noise is the random broadband signal. Hence,

we can characterize the background noise from power spectral density (PSD) mea-

surement, which shows the power of frequency components in the signal [69–71].

The total energy of a signal x(t) is an integral of instantaneous signal power

which is described as

E =

Z

1

�1

x2(t)dt. (4.1)

While signal power is defined as the total energy for T of a periodic signal, and the

value is given by

P =
1

T

Z T

2

�
T

2

x2(t)dt. (4.2)

According to the Parseval’s theorem,
Z T

2

�
T

2

| x(t) |2 dt =

Z

1

�1

| F(x(t)) |2 df, (4.3)

where F(x(t) is the Fourier transform of the signal. Dividing the equation 4.3 above

by T , we will obtain the average signal power

1

T

Z T

2

�
T

2

| x(t) |2 dt =
1

T

Z

1

�1

| F(x(t)) |2 df. (4.4)
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The PSD is defined by taking the limit of T on the right-hand side of equation 4.4

approaches infinity,

PSD = lim
T!1



| F(x(t)) |2

T

�

. (4.5)

Therefore, the PSD measures the average signal power as a function of frequency.

A Fourier transform of a discrete signal (x[n] = x0, x1, . . . , x[N−1]) is calculated

by using the following equation,

X(!) =
N�1
X

n=0

x[n]e(�jωnT ). (4.6)

where N is the number of samples, T is the sampling period. The spectral resolution

of the signal in the Nyquist band is calculated as !s/N . Based on the Eq. 4.5, we

can calculate the PSD of the discrete signal using the Fourier transform. This is

called periodogram function, and is defined by the following equation,

PSD(!) =
1

N
| X(!) |2 . (4.7)

4.2.2 Experiment configuration

The instruments configuration for measurement of the acoustic background noise of

the PPSI instrument is shown in Fig. 4.2. In the new PPSI system, the user has an

option to adjust the optical zoom system to determine the effective measurement

area. However, due to the optical system’s noise, the manufacturer limits the ef-

fective measurement area of the new PPSI system to 150 mm, and the predefined

measurement size is 70 mm, 100 mm, and 150 mm. The measurement area’s ad-

justment is made by changing the position of the zooming lens according to each

zooming setting. The PPSI system is also equipped with fans that are used to cool

down the high-speed camera system. Therefore, we also consider the fans’ effect on

the PPSI measurement result by analyzing the background noise while the fan is

running and stop condition. A push-button switch was installed in the PPSI system

to control the fan. When we push the button, the fan is turned off, and the fan’s

operation is automatically resumed after 15 seconds.

PPSI settings for the measurement of background noise were as follow. The

recording frame rate was set to 50000 fps, and the number of samples for one

Figure 4.2: PPSI system with 200 mm lens size.
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4.3. OPTICAL DISTORTION MEASUREMENT

(a) Pincushion distortion (b) Barrel distortion

Figure 4.7: Types of optical distortion.

From the Brown model, we can derive two kinds of radial distortion, namely

Barrel distortion and pincushion distortion [76,77]. In the pincushion distortion, the

image became thin in the center, and magnification increases as a function of spatial

distance from the center of the lens [78, 79]. In opposite, there is Barrel distortion

where the magnification decreases as a function of distance from the center of the

lens [80,81]. This effect occurs because the ray is not hit at the correct focal plane

on the image. The comparison between pincushion and Barrel distortion can be

seen in Fig. 4.7.

Optical distortion can also be expressed using another model as follow [82]

(y0 − y)

y
= ah2 + bh4, (4.9)

where y is the height of the object image, y0 is the height of the projected image.

The left-hand side of the Eq. 4.9 is called relative distortion (y0�y)
y . Using the

model, the pincushion distortion is expressed as positive value of variable a. In

contrast, the negative value of a expressed Barrel distortion.

4.3.2 Experiment configuration

The determine the optical distortion occur within the PPSI system, we employed an

optical calibrator plate made by Shibuya Optical Co., Ltd. The model is CBC01–

150T which has checkerboard pattern as shown in Fig. 4.8 The dimension of the

plate is 160 mm × 160 mm with the thickness of 3 mm. The size of the each square

in the grid is 5 mm × 5 mm.

The calibrator is positioned in the light path between the mirror and the PPSI

system’s reference plane as shown in Fig. 4.9(a). A stand table is used to mount

and adjust the height of the calibrator to make the laser beam pass through the

calibrator as shown in Fig. 4.9(b). With this configuration, some portion of the

light was blocked by the plate, and the other portion of light can pass the plate and

be directed to the mirror. The mirror will reflect the passing light to the reference

lens to create the interference pattern.

The measurement was started by adjustment of the laser alignment until the

fringe pattern is developed. Afterward, the PPSI is ready to record the interfero-

gram. For the experiment, the recording sample rate setting of PPSI is 6000 fps.
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Figure 4.8: Calibrator plate.

(a) Calibrator plate position (b) Calibrator mounting

Figure 4.9: Optical distortion measurement using a calibrator plate.

The size of the recorded image is 1024 × 1024 pixels. The number of recorded

samples is 100. However, for the analysis, we only used one image frame.

A single image recorded by PPSI contains four phase-shifted images correspond-

ing to each phase retardation of 0, ⇡/2, ⇡, and 3⇡/2. The arrangement of phase

data in the image is shown in Fig. 4.10. For the analysis of optical distortion, we

used the actual image without extracting the phase shift. A single phase retarda-

tion angle was extracted from the original image. This was done by grabbing pixel

values consecutively with a one-pixel interval in the row and the column direction

of the image. The function for extraction is shown in pseudocode 5.

4.3.3 Result and discussion

For the analysis, we extracted image intensity correspond to phase retardation of

0 degrees from the interferogram. The original image intensity recorded by the

PPSI is shown in Fig. 4.11(a) and the resulted image after processed by the edge

detector algorithm is shown in Fig. 4.11(b). The processed image has the size of

512 × 512 pixels, which is a half resolution of the original recorded image by PPSI.
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Figure 4.10: Layout of phase data in the image.

Algorithm 5 Pseudo-code for extracting single phase-retardation image intensity

Input: raw pixel intensity image

Output: single phase-retardation pixel intensity image

1: Initialize s ← 1

2: Initialize p ← 1

3: for i ← 1 to n-rows by 2 do

4: for i ← 1 to n-cols by 2 do

5: Output(s,p) = Input(i,j)

6: s ← s+ 1

7: end for

8: p ← p+ 1

9: end for

The reduction of the size is the result of the extraction process.

The measurement area of PPSI appears as a circle object. Inside the measure-

ment area of PPSI, we can see the white square pattern. This pattern is formed

by the light that passes through the calibrator plate so that interference can occur.

While the gray image represents the light that is blocked by the calibration plate

pattern. On the right part of the image, the square shape can be seen clearly. But,

on the left part of the image, the square pattern is difficult to see. The square

pattern looks like a dot pattern. This can be caused by the calibration plate posi-

tion that is not perfectly perpendicular to the light beam. The distribution of light

captured by the camera is also uneven, where the area around the center point of

the image has a higher light intensity, thereby reducing image contrast.

The type of optical distortion was evaluated based on the image of the calibrator

pattern. Image processing was carried out to separate the calibration plate pattern

image from the background image to emphasize the pattern. This was achieved by

applying an edge detector to obtain the square pattern in the image. The flowchart
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(a) Extracted plate image (b) Processed image with edge detector

Figure 4.11: The extracted calibration plate image from the interferogram and the

result of processing to obtain the pattern for analysis.

of the processing steps is shown in Fig. 4.12.

A MATLAB code was developed to process the image based on the described

flowchart. The extracted image is containing information about pixel intensity with

a dynamic range of 12 bits. Therefore, we need to convert it to grayscale for further

processing. This process can be implemented using MATLAB’s mat2gray function.

The background image can be removed by emphasizing the white area in the image.

To do this, we can implement the binarize function provided by MATLAB. Finally,

a Canny edge detector was implemented to detect the square pattern and suppress

noise in the image. The result of the process is shown in Fig. 4.11(b).

We see from the result that the detected shape is not perfectly in square shape.

The square shape is difficult to be observed on the upper right part of the image.

This condition is due to the lack of contrast between the grid pattern and the

background image. Hence, the edge detector is not working effectively. The edge

detector can detect the pattern on the left part of the image because the contrast

is relatively high.

To analyze the distortion, we observed the alignment of the dots in the grid by

using a line. We edited the image 4.11(b) using the LibreOffice Drawing application

by attaching a red grid line to the image as shown in Fig. 4.13.
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Figure 4.12: Flowchart of image processing to obtain the pattern from the calibra-

tion plate image.

Figure 4.13: Image analysis for optical distortion.
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It is seen in Fig. 4.13 that some square patterns are not hitting the crossing line

of the grid. This evidence shows that optical distortion occurs in the new PPSI’s

optical system. The square pattern deviation is small on the left part of the image

but looks significant on the lower part of the image. Some square patterns appear

in an outward direction relative to the grid line. This type of optical distortion is

the characteristic of pincushion distortion.

The level of the optical distortion can be determined using the following formula

[83]:

dist(%) =|
Timag −Aimag

Aimag
| ×100%, (4.10)

where Timag represents the distance of the target position. This is the coordinate of

the undistorted image relative to the center of the image. Meanwhile, the variable

Aimag represents the position of the distorted image relative to the center.

Based on the visual inspection results, the largest deviation of the pattern from

its ideal position occurs on the lower part of the image. The deviation is increasing

as the function of distance from the center of the image. The regularity of the

pattern also shows the change to be spanned than the ideal image. From the

calculation, the largest distance of the distorted image relative to the center is

136.9379, while the ideal position relative to the center is 124.0363. Therefore, we

can estimate that the maximum distortion level is 9.42%.

4.4 Conclusion

In measuring sound using optical methods, optical components have the main con-

tribution that affects the results. This applies to PPSI which is used as a sound

measurement instrument. The characteristics of the PPSI instrument need to be

known before using it for sound measurement. In this chapter, we evaluated the

background noise and optical distortion in the measurement system.

The evaluation of background noise of phase measurement was performed from

the measurement of power spectral density. Two measurement conditions were

evaluated, when the PPSI’s camera was turned on and turned off. It was found

that the noise at frequency 3000 Hz includes in the measurement result when the

camera was turned on during the interferogram recording process. Nevertheless,

the noise disappeared when the camera fan was turned off during the recording

process. The background noise was -80 dB(rad)/Hz when the camera was turned

off.

A calibrator plate with checkerboard pattern was used to analyze the optical

distortion. The pattern was positioned in the middle between the mirror and ref-

erence plane of the PPSI instrument. The recorded pattern by the camera was

analyzed to determine the optical distortion. An image processing technique was

employed to emphasize the pattern for evaluation. We revealed using a visual ob-

servation that pincushion optical distortion existed in the optical system of PPSI

with the maximum distortion level of 9.42 %.
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Chapter 5

MEMS microphone calibration

using PPSI

The MEMS type microphones differ from the conventional condenser microphones.

The most obvious difference is in the size and shape of the microphone. The tra-

ditional condenser microphone has a standardized size and standard diaphragm

geometry shape. In contrast, there is no standardization of MEMS microphone

geometry at present. And, the most significant difference is the size. The size of

the MEMS microphone is much smaller than a regular microphone.

Sensitivity of the microphone represents the output voltage for the applied sound

pressure. To determine the sensitivity of a microphone, several microphone methods

are available in the standard. In these methods, the sound exposed to the diaphragm

is estimated from the acoustic propagation model derived from the geometry of the

conventional condenser microphone. Therefore, the sound field estimation results

are inaccurate when applied to the MEMS microphone. It is also impractical to

measure diaphragm geometry for the calibration.

This chapter presents the PPSI instrument’s application for measuring the sound

field on the surface of the MEMS microphone when a sound source is applied. The

measured sound and voltage output from the MEMS microphone is then used to

determine the microphone’s sensitivity under test. The validation of the result by

the implementation of the substitution calibration method is also described.

5.1 Introduction

The microphone calibration methods are documented in the IEC 61094 series stan-

dard [84]. The IEC 61094-2 and IEC 61094-3 explain the reciprocity calibration

method in the pressure and free field environments. The calibration procedure and

sensitivity calculation have been presented in Chapter 2. A reciprocal microphone,

which acts as a receiver and transmitter, is required to implement the reciprocity

method. The microphone’s sensitivity is determined from the measurement of elec-

trical transfer impedance, and calculation of acoustical transfer impedance [36,85].

To calculate the acoustical impedance, detailed information about the microphone

geometry such as microphone front cavity depth and an environmental condition
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during the calibration process is required [86].

A less precise microphone calibration method is the substitution method de-

scribed in the IEC 61094-5 [87]. A calibrated microphone is required to be used

as the reference microphone. A reference microphone is then substituted by the

microphone under test by assuming that the sound field applied to both micro-

phones is equal. To achieve this condition, it is required that both microphones

have the same geometry. In this method, the microphone’s sensitivity under test is

determined from the sensitivity of the reference microphone.

Recently, conventional condenser microphone has begun to be replaced by using

MEMS type condenser microphones. Modern instruments such as communication

devices, multimedia system, acoustic imaging, energy harvesting system, and mea-

surement instruments use MEMS microphone as the acoustical transducer [6,88–91].

Current MEMS microphone technology has wide operating range, better SNR, high

sensitivity, and smaller packaging [92–94]. The sensitivity of the MEMS microphone

is an important information parameter to build reliable devices. For example, a far-

field application such as a smart speaker requires a high-sensitivity microphone to

pick up sound from a distance. In contrast, a high-sensitivity microphone is not

suitable for near-field devices such as cellular devices because the signal will be

clipped and produces a distortion in the output signal.

Nevertheless, the standard calibration method of the MEMS microphone has

not been established yet. The difference in the geometry and the size between

the MEMS and conventional microphone makes the currently available microphone

calibration standard is not applicable for MEMS. Therefore, a novel method for

calibrating a microphone is needed.

Although MEMS microphones have been widely used in various types of instru-

ments, only a few developments of MEMS microphone calibration methods have

been done. Wagner et al. implemented the pressure reciprocity method for MEMS

microphone calibration according to IEC 61094-2. As the MEMS microphone is

not reciprocal, the MEMS is used only as of the receiver. To adapt the reciprocity

calibration apparatus, an adapter for MEMS microphone mounting was developed.

The front cavity depth for calculation of acoustical transfer impedance is estimated

from an iterative fitting method [95]. Prato et al. proposed implementation of mi-

crophone comparison method in the pressure field according to the IEC 61094-5 [96].

An adapter was developed so that the MEMS microphone has the same geometry

as the reference microphone. The reference microphone and the MEMS microphone

are interchanged at the measurement point so both microphones experienced the

same sound field.

The optical has been used in the vibration field to calibrate the accelerom-

eter [97]. Recently, the application of the optical method for microphone cali-

bration has gained attention. Laser interferometry has been used to determine

the condenser microphone’s sensitivity by measuring the diaphragm vibration [98].

Another solution is the direct realization of microphone sensitivity definition by

measuring sound pressure applied to the microphone.

Based on the literature study, there are two available methods for realizing

sound pressure measurement using an optical method. The first method is based
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on the relation between sound pressure and particle velocity. The method estimates

the sound pressure from the measurement of particle velocity that can be measured

using a laser Doppler shift technique [10, 99] or photon correlation spectroscopy

(PCS) [100, 101]. The application PCS for calibration of the MEMS microphone

has been reported in the literature [102]. The second method is based on the

acousto-optic effect that describes the phase shift of the light caused by the sound

pressure. The realization of acousto-optic based sound pressure measurement using

an LDV has been proposed [21].

In this research, the MEMS microphone’s sensitivity is determined from the

sound field and output voltage measurement. Sound field measurement is realized

based on the acousto-optic effect employing a PPSI instrument. The tomography

technique using PPSI is implemented to obtain the sound field’s projection on the

area near the microphone surface. The advantage of PPSI for the tomography

technique is that it does not require a parallel scanning process to measure the

line integral of the sound pressure. A filtered back-projection technique was im-

plemented to reconstruct the sound field from its projection. The output voltage

was measured for given sound pressure. Therefore, the sensitivity can be calculated

directly from the pressure and voltage value as in the definition. In this experiment,

I used Knowles MEMS SPU0414HR5H-SB breakout as the microphone under test

(DUT). The DUT was configured to have a gain of 20 dB with a power supply of

1.8 Volt. I mounted this DUT on the self-made MEMS adapter.

5.2 Calibration procedures

The proposed calibration method comprises three main processes, which are: ini-

tialization step, phase measurement step, and data processing step. The functions

in each step are described as follows.

5.2.1 Initialization step

The initialization step is used to determine the voltage setting to generate reference

sound pressure. The instrument configuration for the initialization step is shown

in Fig. 5.1. The calibration was performed in a room where the environmental

noise effect is minimized as low as possible. For room treatment, I installed an

absorbing material on the room walls to reduce the reflection of the sound from the

loudspeaker to the microphone. As the sound source, I used a loudspeaker Fostex

FD48D that was mounted on a supporting table. The loudspeaker was connected

to an amplifier with a fixed gain and signal generator type Iwatsu FG-4321.

To measure the sound pressure generated by the loudspeaker, a working stan-

dard microphone type B&K 4939 serial number 2851722 was used. The reference

microphone has been calibrated by the manufacturer and stored in the microphone

database. A sensitivity database was provided by the manufacturer in compact disc

media bundled with the microphone. The microphone was hanged on a support-

ing rod made from aluminum with a distance of 43 cm above the loudspeaker. A

laser alignment-line Bosch GLL 3-50 was used to align the microphone to the loud-
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Figure 5.1: Instrument setup for initialization step.

speaker’s cone center. The microphone output signal was amplified by conditioning

amplifier type B&K 2690, while the signal output from the conditioning amplifier

was measured by a 61/2 digit multimeter type Tektronix DMM4040.

The working standard microphone’s sensitivity for each calibration frequency

was corrected according to the environment condition. Since I used the microphone

in a free field environment then I used a free-field frequency response of the cor-

responding microphone from the database. A software B&K Microphone Viewer

was used to retrieve the data from the database. A reference sound source for the

calibration was generated by adjusting the signal generator voltage setting so that

the loudspeaker generates sufficient sound pressure without signal clipping. The

process was repeated for each calibration frequency, and the voltage setting value

for the corresponding frequency was noted.

5.2.2 Phase-measurement step

The phase measurement step is the implementation of sound field measurement

using the PPSI system. The instrument configuration in this step is visualized in

Fig. 5.2. The distance between the mirror and the reference plane of the PPSI sys-

tem was 2.5 m. The DUT was positioned inside the PPSI measurement area and

in the middle position between the mirror and was at the midpoint between the

mirror and PPSI’s reference plane. The DUT was installed in the same place as the

working standard microphone as in the initialization step and aligned using a laser

alignment-line. The realization of the phase measurement can be seen in Fig. 5.3.

The recording setting of the PPSI was 50000 fps with an image resolution of 256 ×

256 pixels. The loudspeaker was mounted on the rotating table to implement the

tomography method in the measurement process. All instruments were connected

to the National Instrument NI-PXI system for synchronization between the record-

ing process and rotation of the table. A software was developed using LabView
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Figure 5.2: Instrument configuration of phase measurement step.

Figure 5.3: Photo of phase measurement configuration.

programming language to control the sequence of the process. I have described in

Chapter 4 that measurement using PPSI is affected by the noise coming from the

fan. Therefore, I developed a custom switch to turn off and resume the operation

of the fan.

The sequence of the process in the phase measurement step is visualized in the

flowchart as shown in Fig. 5.4. Before performing the measurement, the laser should

be correctly aligned so that light interference occurs. The measurement started with

initializing the position of the rotation table to 0 degrees. If the initialization of the

table was finished then I generated the signal with the amplitude setting determined

in the initialization step. Then, it was followed by turning off the camera. After the

operation of the fan stopped, the PPSI started to record the interferogram. The

recording period for each projection angle was 1.5 ms, and the total samples of 500

62



5.2. CALIBRATION PROCEDURES

Figure 5.4: Flowchart of the phase measurement process.

interferograms per angle.

It is very important to maintain the stability of the sound pressure during the

measurement process. Based on the observation, I found that the stability of the

loudspeaker was decreased after a while. Therefore, I turned off the signal generator

after recording. An environmental condition such as temperature, air pressure, and

humidity was measured during the measurement process to calculate actual physical

properties in the calculation of acousto-optic. For this purpose, I employed thermo-

hygrometer Testo 622.

The rotation was performed from angle 0 degrees until 170 degrees with a rota-

tion step of 10 degrees. The total files for one complete set of measurements were

9000 files. All the files were then transferred from the PPSI system onto an external

drive for later processing.
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5.2.3 Data processing step

The data obtained from the previous step is processed in this step. The main pro-

cesses in this step are extracting the phase values from the recorded interferogram,

reconstructing the sound field using the FBP technique, and calculate the DUT’s

sensitivity values. All the processes were implemented in the Matlab program with

a sequence of the process described in the pseudocode 6.

Algorithm 6 Pseudo-code for extracting phase from measurement data.

Input: Recorded data

Output: Phase data

1: for iii=1 to totalrotation do

2: wrappedphase = HEFS(Input)

3: phasemap tmp = unwrap(wrapped phase)

4: end for

5: Result = TDFS(phasemap tmp)

Flowchart of the data processing step is shown in Fig. 5.5. Firstly, all the data

were loaded into memory. A HEFS method was implemented to extract the phase

information from the interferogram [103–105]. The output of the HEFS is the phase

map which has the size half of the original interferogram size.

In this experiment, the size of the phase map was 126×126. However, the phase

yield by the HEFS method was still unwrapped and contain a temporal static

phase component. To unwrap and remove this static phase from the phase maps,

I applied a time directional filter [106]. A ramp high-pass filter and Butterworth

low-pass filter with the parameter Ψ = 128, ⇠c = 1, and a = 2 were applied to

the FBP calculation. The spatial resolution which represented the translation step

was calculated from the PPSI measurement area and the number of pixels on the

diameter line. The value of this spatial resolution was 1.11 mm/pixel. Selected

rows from phase maps were chosen for the reconstruction plane.

The Ciddor equation [107] was used to calculate the actual air refractive index

using the temperature, air pressure, and humidity data during the measurement

process. The other constants for calculation of acousto-optic were k0 = 1.181× 107

and � = 1.4008.

The final sound pressure value for the calculation of the microphone sensitivity

was determined from the average sound pressure amplitude around the center point

of the reconstruction plane. This sound pressure value, together with the output

voltage of the MEMS microphone, was used to calculate the microphone sensitivity

using the equation 5.1. In this equation, the sensitivity was represented in the unit

of dBV/Pa unit.

SDUT = 20 log10(
Vmeas

p̃
). (5.1)
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Figure 5.5: Flowchart of data processing.

5.2.4 MEMS microphone configuration

The geometry of the breakout is rectangular with a dimension of 10 mm length and

a 7.5 mm width. The maximum thickness of the breakout including the MEMS

microphone transducer, passive components, and the terminal soldering part is 2.1

mm. Therefore, I develop a rectangular area on top of a cylindrical adapter, which

has a diameter of 12.7 mm or equal to 0.5 inches, equal to the dimension of a 0.5-inch

condenser microphone. The rectangular area’s dimension is 10.113 mm in length,

7.677 mm width, and 2.2 mm depth to accommodate the size of the breakout. I

also created three ports for the cable path with and the total adapter length is 50

mm. This adapter was designed using AutoCAD 2016 software and realized using

a 3D printer. The prototype of the adapter is shown in Fig. 5.6 below.

I started the frequency of calibration from 1000 Hz because the stability of the

sound source system below 1000 Hz was not good. Another problem for frequency

below 1000 Hz was the signal to noise ratio of the phase measurement using the

PPSI system was very low. Thus, the resulted phase maps were very noisy. In the

high frequency, I limited our experimental calibration at 12000 Hz to evaluate the
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(a) Top view (b) Side view

Figure 5.6: The mounting of the MEMS microphone on the adapter.

alteration of sensitivity values at the high-frequency range.

5.3 Result and discussion

5.3.1 Experiment result

The example of interferogram recorded by PPSI at a projection angle of 10 degrees

and sample number 90 with the frequency of the measured sound of 12000 Hz is

shown in Fig. 5.7. The interferogram in Fig. 5.7 is composed of four phase-shifted

interferograms. The pixel values for the corresponding phase retardation angle was

represented by the image intensity level. The measurement area of the PPSI can be

seen as the circle inside the image. We can see the shadow of the microphone inside

the image because, at this part, the laser light is blocked. Thus the interference

doesn’t occur. Hence, the area became darker than the surrounding. Figure 5.8

shows the image intensity for each corresponding retardation angle.

By implementing the HEFS method and unwrapping the resulted phase using

the TDF method, I obtained the phase map as seen in Fig. 5.9. The color in Fig.

5.9 represents the magnitude of the phase-shift. From the phase map, the wavefront

of a sound wave can be seen. The blue color represents the wave crest state, and

yellow represents the wave trough. The coordinate of each pixel in the phase map

describes the corresponding position in the measurement area of the PPSI system.

Based on the phase map, I determined the line’s position corresponds to the plane

on the surface of the DUT. In Fig. 5.9, it is marked in red dashed-line, which

corresponds to position y = 12.1 relative to the center of the measurement area.

The FBP method was then applied to reconstruct the sound field from the

phase map data. The process reconstructs the sound pressure distribution on the

surface of the DUT. For calculating the microphone sensitivity, I averaged the sound

pressure on an area with a diameter of 6.363 mm on the reconstruction plane.
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Figure 5.7: Recorded interferogram by PPSI.

For validation of the proposed method, I performed a substitution calibration

method for the same DUT. The substitution method calibration procedure has

been described in Chapter 2. I used microphone type B&K 4939 as the reference

microphone. It was positioned at a distance of 43 cm from the loudspeaker. The

reference sound was then generated by the loudspeaker and then the reference

microphone was substituted with DUT. The voltage output of the DUT was used to

calculate the sensitivity. The performance of calibration using the optical method

was evaluated by comparing the sensitivity result with the substitution method

result.

The experiments were performed three times for each calibration method to

observe the standard deviation of the calibration result. The frequency response

result is shown in Fig. 5.10. The sensitivity results obtained using the optical

method are represented by the blue line. Meanwhile, the result of the substitution

method is shown by the red line.

According to the MEMS microphone datasheet, the sensitivity at 1000 Hz is

-22 dBV/Pa with a three dBV/Pa tolerance. The implementation of the proposed

optical method yielded a sensitivity of -21.5 dBV/Pa, while the substitution method

yielded -21 dBV/Pa. These results are closed with the typical sensitivity value

written in the datasheet. It shows that the substitution method and the optical

method can be used to determine MEMS microphone sensitivity, and the result is

in agreement with the microphone specification.

The microphone’s sensitivity in a specific frequency range is represented as the

frequency response of the microphone. From Fig. 5.10, I found that the MEMS

microphone frequency response is flat at a frequency range lower than 3000 Hz and

starts to increase from frequency 4000 Hz to 12000 Hz.
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Figure 5.9: Phase map result from the interferogram.

was 0.29 dBV/Pa at the frequency of 2000 Hz. Meanwhile, the optical method’s

minimum standard deviation was 0.21 dBV/Pa at a frequency of 5000 Hz, and the

maximum standard deviation was 0.62 dBV/Pa. The result shows that there is

variation in the sensitivity result obtained by the repeated calibration process. The

variation of the sensitivity results was caused by the instability of the loudspeaker

during the calibration process.

The discrepancies of the sensitivity result between the optical and substitution

methods are 0.5 dBV/Pa at a frequency of 1000 Hz. At a frequency of 3000 Hz,

the discrepancy is only 0.06 dBV/Pa. The maximum discrepancy occurs at the

frequency of 5000 Hz, which is 0.62 dBV/Pa. The discrepancy occurred because I

assumed that the sound field applied to the reference microphone and the MEMS

microphone was the same in the substitution method. Meanwhile, in the optical

method, I measured the actual sound pressure applied on the MEMS microphone’s

surface. There was a sound from the instrument and floor reflection that affected

the sound field applied to the MEMS microphone. As a result, the sound pressure

distribution on the MEMS surface and the sound pressure entering the inlet port

of MEMS were changed. This alteration in sound pressure distribution yielded a

difference in the sensitivity result. The difference in sensitivity result by the optical

method is also caused by the instability of the loudspeaker’s sound pressure during

the phase measurement step. The sound field reconstruction error occurred when

the sound pressure from a different projection angle was different.

The substitution calibration method determines the microphone’s sensitivity

from the sensitivity of the reference microphone. However, the definition of mi-

crophone sensitivity is obtained from the ratio between the applied sound pressure

to the microphone’s output voltage. This definition can not be achieved using the
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Figure 5.10: Comparison of frequency response.

substitution method. The optical method realizes this definition by measuring the

sound pressure and the output voltage from the calibrated microphone.

5.3.2 Measurement uncertainty sources

The main process in calibration is measurement. Because the measurement always

contains an error, it is necessary to include a range value that covers the actual

value of a measurand to express a result of calibration. This range is expressed

as the measurement uncertainty. According to the GUM (Guide to the Expression

of Uncertainty in Measurement), the definition of measurement uncertainty is the

parameter related to the measurement which described the dispersion of the value

of the measurand. Measurement error sources are from the components that af-

fect the measurement, such as the measurement method, instruments used in the

calibration, environmental condition, and calibration operator. Therefore, the first

step in the determination of measurement uncertainty is identifying the uncertainty

components.

Common method used to identify sources of measurement uncertainty is fish-

bone diagrams or Ishikawa diagrams [109, 110]. The diagram shows the cause and

effect of an event. I implemented the Ishikawa diagram to identify various effects

in our proposed calibration method to estimate uncertainty. I identified four main

uncertainty components in the calibration system: output voltage, pressure ampli-
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tude, sound source, and residual effect. The represented in Ishikawa diagram shown

in Fig. 5.11.

Figure 5.11: Uncertainty analysis using Ishikawa diagram.

Output voltage amplitude

The proposed calibration method measured the sound pressure and output voltage

from the MEMS microphone. Obviously, the output voltage from the microphone

affects the calibration results. There are two main components cause variations in

the amplitude of the output voltage. First, the voltmeter that is used for voltage

measurement. To determine how much the contribution voltmeter to the calibra-

tion uncertainty, we can figure it out from the voltmeter’s calibration certificate.

We should also consider the drift of the voltmeter would increase the uncertainty

contribution.

Another component that affects the output voltage is the MEMS microphone

itself. According to the observation, the output voltage from the MEMS microphone

can be affected by four factors. In order to work, the MEMS microphone requires

an external power supply. In fact, there is a minimum supply voltage to apply

to make the MEMS microphone working properly. The MEMS microphone also

has an integrated pre-amplifier. To set up the gain of the pre-amplifier, passive

components such as resistor and capacitor are used. These passive components have

a tolerance that varies the pre-amplifier gain. Thus, vary the MEMS microphone

output voltage. In the calibration, the MEMS microphone breakout is mounted on

a self-made adapter. Improper mounting of the microphone to the adapter affect
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the sound field applied to the microphone and its output voltage. The alignment

of the adapter to the loudspeaker also affected the output voltage because of the

microphone directivity.

Pressure amplitude

Another major contribution of uncertainty is in the results of the phase measure-

ments. I have identified several sources of uncertainty that affect sound pressure

measurement. The main processes in the pressure measurement are phase mea-

surement using PPSI and reconstruction of the sound pressure using filtered back-

projection. The acoustic and optic relation is given by the acousto-optic relation,

which includes the air refractive index and static pressure in the calculation. The

actual air refractive is influenced by the environmental condition as described in

the Ciddor equation. Where each instrument used for measuring environmental

conditions also contributes to the uncertainty of the calibration system.

The PPSI is the main part for the measurement of phase measurement. I have

described the PPSI characterization in Chapter 4 and found that there are back-

ground noise and optical distortion, which causes the phase measurement error.

Hence, I need to include these uncertainty components into the uncertainty cal-

culation. Laser alignment also has a major contribution to measurement error in

systems that uses laser interferometry. Because PPSI instruments also use laser

interferometry, it is important to include laser alignment error to phase measure-

ment error. Another thing that needs further analysis is the effect of environmental

conditions on phase changes.

For the reconstruction of the sound field, I implemented the tomography method,

which includes a reconstruction process. I have shown in Chapter 3 that the re-

construction of the sound field using FBP produces an error in the pressure result.

This error is contributed by the translation error during the scanning process and

the filters used in the reconstruction process. Therefore, these processes should be

added to the uncertainty sources.

In the calibration, I generated a reference sound source using a loudspeaker.

The sound is generated by the signal generator and converted into sound by the

loudspeaker. The signal generator’s contribution to measurement uncertainty is

from the calibration certificate of the signal generator and the stability of the gen-

erated signal. Another source of error in the calibration system being developed

is the loudspeaker for reproducing sound. Because the loudspeaker produces the

sound, the stability of the sound pressure level and frequency can produce an error

in the calibration result. Moreover, since the loudspeaker being used also has a

directivity, then the loudspeaker’s alignment also contributes to the uncertainty of

the calibration.

Residual effect

The residual effect covered the other sources contributing to the measurement error.

These include the error from the high-speed camera system while capturing the

interferogram. In the implementation, the measurement process is automated using
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the NI-PXI system. The NI-PXI synchronize the PPSI’s camera and the movement

of the motor for rotating the loudspeaker. The synchronization error between the

camera and motor operation produces a phase measurement error that affects the

accuracy of the calibration result.

5.4 Conclusion

The MEMS microphone is different from a conventional condenser microphone in

size and geometry. The conventional microphone’s diaphragm size is in the range

of centimeters, while the MEMS microphone size is in micrometer. The diaphragm

of a conventional microphone is directly exposed to the sound field. Meanwhile, the

diaphragm of the MEMS microphone is located inside the microphone housing and

exposed to the air through a port. Since the calculation of the sensitivity of the

current calibration method is derived from the geometry of conventional condenser

microphones, it cannot be applied directly to calibrate mems microphones.

In this study, I propose a new approach to the microphone calibration method.

The sensitivity is calculated from the measurement of the sound field applied to the

microphone and its output voltage. Hence, it can be applied without the influence

of size and geometric shape. A non-invasive sound field measurement based on

acousto-optic effect is realized using a PPSI instrument to determine the sound

field on the MEMS microphone’s surface.

The calibration procedure consists of three stages, namely the initialization step,

phase-measurement step, and data processing step. The initialization step is used

to set the voltage setting to generate the reference sound source. The tomography

scanning process using the PPSI instrument is implemented in the phase measure-

ment step to obtain the sound field’s projection. The data processing step processes

are the extraction of phase map from the interferogram data, reconstruction of the

sound field from the projection, and calculation of the sensitivity.

An experimental calibration of the MEMSmicrophone using the proposed method

has been realized in the frequency range of 1000 Hz to 12000 Hz. A MEMS micro-

phone adapter was developed to mount the MEMS microphone in the calibration

setup. The microphone was positioned at the center of the PPSI measurement area

with a distance of 43 cm from the loudspeaker. The tomography scanning pro-

cess was implemented by using a PPSI instrument with a rotation step of 10 and

recorded by the PPSI with a sample rate of 50000 fps and an image size of 256 ×

256 pixels.

Phase-maps were successfully extracted from the recorded interferogram data

using the HEFS algorithm and TDF filter. A filtered back-projection technique

was implemented to reconstruct the sound field from the projection. For the recon-

struction, a ramp high-pass filter and Butterworth low-pass filter was implemented

with the properties of Ψ = 128, ⇠c = 1, and a = 2.

The sound field was successfully reconstructed on a plane associated with the

surface of the MEMS microphone, and the voltage output from the MEMS micro-

phone was measured using a voltmeter. The sound pressure level for the calculation

of sensitivity was obtained from the average of measured sound pressure on the sur-
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face of the MEMS microphone. Finally, the sensitivity was calculated by dividing

the output voltage by the sound pressure level.

A substitution calibration method was implemented to validate the sensitivity

result of the proposed method. From the comparison, it is shown that both methods

yield a good agreement on the sensitivity results. The substitution method’s relia-

bility for validating the proposed method was demonstrated by the maximum mea-

surement standard deviation of 0.29 dBV/Pa. The maximum sensitivity discrep-

ancy between the proposed method and the substitution method was 0.62 dBV/Pa

at a frequency calibration of 5000 Hz. In comparison, the minimum discrepancy

was 0.06 dBV/Pa at the frequency of 3000 Hz.

I identified four main causes affecting the calibration results. The first is the

components that affect sound pressure measurements, namely the instruments used

for phase measurement, such as the PPSI instrument, and the techniques used for

sound field reconstruction. The second is the components that affect the measure-

ment of the output voltage, namely the instrument used to measure the MEMS

microphone’s voltage and internal properties, which can affect the performance,

such as power supply and pre-amplifier gain.

For the future work, the proposed calibration method should be validated with

a more precise microphone calibration method such as the reciprocity method in

a suitable calibration environment. More experiments have to be done to quantify

the contribution of each uncertainty source that has been identified.
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Chapter 6

Determination of microphone

acoustic center using optical

method

6.1 Background

The microphone’s free-field sensitivity can be determined accurately by using the

free-field reciprocity microphone calibration method. In the calibration process,

two microphones are configured pair-wise and facing each other to be a transmitter

and receiver transducer. They are acoustically coupled in axis and separated each

other at a certain distance. The sensitivity is determined from the acoustic model

derived from the geometry of the microphone. For the calculation, the physical

properties of the microphone are required.

The distance between the microphones is an important parameter that affects

the accuracy of the calibration results. The distance between microphones is not

the distance between the microphone diaphragm but the distance between the mi-

crophone’s acoustic center. The acoustic center is the position of an equivalent

point source of a microphone that acts as a transmitter unit.

The acoustic center can be determined by exploiting the property of the point

sound source. The propagation of sound pressure generated by the microphone from

the acoustic center’s position will follow inverse distance law. Thus, the acoustic

center can be estimated from the rate of pressure changes. This condition occurs if

the receiver microphone in the reciprocity arrangement acting as a point receiver.

However, the body of the receiver microphone will disturb the sound field of the

transmitter microphone. Hence, the acoustic center can not be estimated accurately.

As a solution, the acoustic center is determined from the measurements of the

electrical transfer function. The transfer function is obtained from the measurement

of the electrical transfer function of three microphones as in reciprocity calibration.

In this research, we proposed a novel approach for the determination of acoustic

center. The acoustic center is estimated from the sound field generated by the

microphone under test. An optical sound measurement method is implemented to
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The properties of this microphone has been studied thoroughly [23, 114]. Not

only the frequency response characteristics of the microphone but also the envi-

ronmental influence on microphone sensitivity are known and documented in the

standard IEC 61094-2. The sound field on the microphone diaphragm for the simple

sound source can be estimated and modeled based on the microphone’s geometry.

The model is then used to develop the microphone calibration method.

The reciprocity method is the most precise microphone calibration method. The

calibration method and procedures have been described in Chapter 2. In the reci-

procity principles, the product of the free field sensitivities between two microphones

is equivalent to the ratio of the electrical transfer impedance and acoustical trans-

fer impedance of the microphones. The electrical transfer impedance between the

microphone pair is determined by measuring the transmitter input current and re-

ceiver output voltage using the insert voltage technique. Meanwhile, the acoustical

transfer impedance is calculated from the acoustic propagation model derived from

a condenser microphone’s equivalent circuit under free-field. The information about

the environmental condition and the distance between the transmitter and receiver

microphones is required to accurately calculate acoustical transfer impedance.

6.3 Microphone acoustic center

The actual distance between the transmitter and receiver microphone in the reci-

procity calibration is not determined from the physical distance between the mi-

crophone’s diaphragm. It is the distance between the acoustic center of the micro-

phones. The acoustic center is defined in the IEC 61094-3 as ”point from which

approximately spherical wavefronts from sound-emitting transducer producing a si-

nusoidal signal at a given frequency appear to diverge with respect to a small region

around an observation point at a specified direction and physical distance from the

sound source” [115]. At this location, either the transmitter and receiver micro-

phone will act as a point source and point receiver where the reciprocity principle

is applicable [116, 117]. The location of the acoustic center is unique for every mi-

crophone and has frequency dependency. The acoustic center is also influenced by

the receiver orientation and its distance from the transmitter. The determination

of the acoustic center is important to obtain accurate sensitivity results.

Several analytical and numerical methods have been proposed for the determi-

nation of the microphone’s acoustic center. The method is developed based on the

characteristic of the point source. Previously developed methods are: the acoustic

center’s estimation based on the inversely proportional distance law of sound prop-

agation of point source using scanning microphone and boundary element method

(BEM) [114,118].

The transfer function method has been implemented to determine the acoustic

center of microphone type LS2. The result has a good agreement with BEM, and

the value given in the IEC Publication 486 document [119]. The acoustic center’s

estimation based on phase measurement is also found in the literature [120, 121].

The implementation of these methods for condenser microphones has been briefly

discussed by Jacobsen et. al [122]. Rodrigues et. al improved the acoustic cen-
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ter measurement technique by using inverse distance law-based methods. By the

method, the calibration frequency range can be extended [123].

6.4 Estimation method

According to the definition, the acoustic center is the position of the point source

generated by the microphone. The position of the point source is not exactly at

the diaphragm but slightly ahead or behind the microphone diaphragm as shown in

Fig. 6.2. The sound radiated by a point source at the origin propagating spherically

Figure 6.2: Illustration of microphone acoustic center.

with a complex sound field of

p(r) =
p0
r
ejkr, (6.1)

with parameter of r is the relative distance to the origin. In three dimensional

cartessian space, the value of r is calculated as r =
p

x2 + y2 + z2.

The optical sound field measurement based on acousto-optic effect principle has

been described briefly in Chapter 2. It is mathematically written as:

�s(x, y, t) = k0
n0 − 1

�p0

Z Z

0
p(x, y, z, t)dz. (6.2)

This equation implies that phase-shift of the light is proportional to the line integral

of sound pressure along the optical path.

The measurement principle can be exploited to obtain a two-dimensional projec-

tion of spherical sound propagation. This principle is implemented by performing

a scan on the selected axis in the measurement area. Hence, we obtain a two-

dimensional matrix of phase shift. Each point in the phase-shift matrix represents

the sound pressure amplitude at a corresponding point in the measurement area

described in the Eq. 6.2. The projection area is perpendicular to the scanning axis.

A measurement of phase shift can be realized using a laser interferometry instru-

ment such as LDV or PPSI instrument. If using LDV, the scanning process is carried

out sequentially at each point in the measurement area. The distance between scan-

ning points determines the resulting projection resolution. A PPSI instrument can
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be used to obtain the phase-shift on the measurement area simultaneously. The

data processing of the recorded image by the PPSI produces a two-dimensional

matrix known as a phase map. Each point in the phase-map matrix represents

the amplitude of sound pressure at the measurement area’s corresponding position.

This matrix is equivalent to the projection of the scanned sound field.

When the transmitter microphone is positioned inside the measurement area of

the PPSI and excite a sound, the sound field of the microphone can be projected.

The resulted phase map represents the projection of sound propagation originated

from the acoustic center of the microphone. Suppose we assumed the propagation of

the sound follows the point source model. In that case, we can estimate the acoustic

center’s position from the sound propagation data using the point source model. A

least-square fitting method can be used to determine the sound propagation model’s

parameter from measurement data.

The phase maps matrix is represented as the variable S̃(x, y), and the sound

field is modeled as

S(x, y) =

Z z

�z

p0
r
ejkrdz. (6.3)

where r =
p

(x− x0)2 + (y − y0)2) is the distance from the acoustic center coordi-

nate (x0, y0). A least square method can be used to minimize the sum of squared

error between the measurement data and the fitted value provided by the model as

min
r

X

(S̃(x, y)− S(x, y))2. (6.4)

6.5 Numerical simulation

A numerical simulation of the estimation process was created to evaluate the es-

timation method’s performance. The direction of the light beam is on the z axis.

Thus, we have the projection plane on the x and y axis. The point source is simu-

lated in the middle between the light source and the projection plane. Illustration

of the simulation configuration is shown in Fig. 6.3.

The point source was simulated at the y = −0.57167 mm from the bottom in

the upward direction. The visualization of the point source sound propagation for

the frequency of 50000 Hz is shown in Fig. 6.4.

The size of the projection plane was simulated to be 64×64 pixels representing

the measurement area of 36.6×36.6 mm. In a PPSI measurement system, this

projection plane corresponds to the phase-map matrix. A pixel in the projection

plane corresponds to the interval of 0.57167 mm in the measurement area by this

configuration. A projection was obtained by calculating a line integral of sound

pressure in the range of -1.25 m to 1.25 m. The range represents the distance

between the reference plane and the mirror of the PPSI system.

A MATLAB’s non-linear least square function lsqonlin() was used to estimate

the point source’s position from the projection data. The SpecifyObjectiveGradient

algorithm was selected for the parameter of lsqonlin function. From the estimation

result, the point source position is at y = −0.57167 mm, which is the simulated

point source’s exact position. This condition means that the estimation correctly
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Figure 6.3: Simulation configuration and axis convention.

Figure 6.4: Original sound field of point source at frequency 50000 Hz.

estimated the position of the point source from projection data. The sound field’s

visualization based on the estimated point source position result is shown in Fig.

6.5. The image shows that the sound propagation from the estimated point source

position matches the simulated point source.

To evaluate the performance of the estimation method in noisy data, we added

normally distributed random noise to the phase map data and perform the esti-

mation with a noise level of a 10%. The visualization of noisy projection data

can be seen in Fig. 6.6(a) . With the noise random noise of 10%, the estima-

tion result yields a value of −0.56886 mm. The error of estimation result is about

2.8043× 10�3 mm.

Evaluation of the estimation method at different noise levels was performed by

adding random noise with the level in the range of 10% to 50%. The error in

the estimation result for different noise levels is plotted as a curve to evaluate the

estimation method’s performance. The result is shown in Fig. 6.7. We can see from
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Figure 6.5: Phase map of measured sound field.

(a) Noisy sound field (b) Reconstructed

Figure 6.6: Reconstruction of noisy sound field.

the figure that the estimation error increases as the noise level increases. We found

that the estimation error increases significantly when the noise level is above 40%.

At a noise level of 50 %, the deviation between the true point source position and

the estimation is about 0.0744 mm. The overall estimation error for the noise level

below 50 % is still below 0.1 mm.

The sound field of a point source with a noise level of 50% can be seen in Fig.

6.8(a). It is seen from the figure that the visibility of the wavefront is low. Hence,

yield a higher estimation error. The sound field of the point source at the estimated

position is shown in Fig. 6.8(b). It is seen that the visualization of the estimated

sound field still shows a similar result with the sound field of the point source.
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error decreases as frequency increases. The improvement of the estimation result

occurs because the number of wavefronts covered inside the measurement area that

is used for estimation calculation increases as frequency increases. Therefore, the

measurement data contain more information for the least square fitting process.

This result shows that the estimation method has better performance for the high-

frequency range.

6.6 Experiment

6.6.1 Measurement Configuration

In this experiment, we determined the acoustic center of LS2p microphone type

B&K 4180 serial number 3055348. This microphone is a reciprocal microphone

that can be configured as a transmitter and receiver. In this experiment, the micro-

phone was configured as a transmitter unit. The microphone requires a polarization

voltage of 200 V. A polarization voltage calibration unit type B&K 5008 is used to

provide the microphone’s polarization voltage. On the microphone adapter, there

are two connectors AC and DC. The DC connector connects to the polarization

input voltage, while the AC connector is the input signal to the microphone. The

setup of the instrument is shown in Fig. 6.10.

Figure 6.10: Configuration for the experiment.

A signal generator was built on the NI-PXI platform using LabVIEW program-

ming language. The output signal from the generator was connected to amplifier

type B&K 2735. The gain setting on the amplifier was set to 20 dB. The output of

the amplifier was connected to the AC input connecter on the adapter to drive the

microphone. The amplitude of the signal was set to 1 V.

A microphone type B&K 4939 was used to measure the sound pressure level

generated by the microphone type B&K 4180. This microphone is positioned facing

toward the microphone type B&K 4180 at the center of the PPSI measurement area

as shown in Fig. 6.11. The output of microphone type B&K 4939 was connected to

a conditioning amplifier type 2690, and the output from the conditioning amplifier

was connected to the input channel on the NI-PXI system. The Bosch GLL 5-50

line laser was used to align microphone alignment.

83









6.6. EXPERIMENT

mat was selected in Photron’s FastCam Viewer application software. Two files are

created by the PPSI for one measurement. One file contains the interferogram data

in MRAW format, and the other file contains the setting of the PPSI. The transfer

was successfully reduced from 24 hours to 40 minutes. A single measurement in the

MRAW format took a space of 24 gigabytes on the disk.

The data processing includes the extraction of the RAW data images from

MRAW file, phase-maps retrieval from the recorded interferogram, and the acoustic

center’s estimation. A MATLAB routine written by Markus Lindner was used to

open and retrieve frames from the MRAW file [124]. A MATLAB software was

developed to extract the interferogram sequentially and saved the extracted file in

a folder. The flowchart of the extraction process is shown in Fig. 6.15. The result

of this process is the interferogram data in RAW format.

The next process was the retrieval from recorded interferogram data. The stan-

dard procedure to extract phase-shift from the interferogram has been described

Figure 6.15: Flowchart of MRAW data extraction.
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in Chapter 5. The process includes phase retrieval using the HEFS algorithm and

phase unwrapping process. The resulted phase map has a size of 64×64. The final

phase map file size for the estimation process was 67 kilobytes.

The final process is the estimation of the acoustic center from the phase map

data. The estimation method has been described in the section 6.4 of this chapter.

The result of the estimation process is the position of the point source. Nevertheless,

the location of the point source is not exactly the position of the acoustic center.

In order to determine the acoustic center from the estimated point source location,

it is needed to consider the geometry of the microphone.

The microphone structure without the protective grid is shown in Fig. 6.16. The

figure shows the view of the microphone seen from the side. The top part of the mi-

crophone seen from the side is called the annulus. The microphone diaphragm part

is not directly located at the annulus but a certain distance from the annulus. The

distance between the annulus and the diaphragm is called the front cavity depth.

This value is different for each microphone. For a very accurate determination of

front cavity depth, a special measurement technique is required [125,126].

The acoustic center is represented by the distance of the point source relative

to the diaphragm. Therefore, to determine the acoustic center, we have to consider

the front cavity depth. In Fig. 6.16, the variable B represents the front cavity depth

of the microphone. Meanwhile, variable A represents the position of the acoustic

center relative to the annulus of the microphone. Therefore, the acoustic center is

stated as C, which is the summation between A and B.

Figure 6.16: Position of acoustic center.

6.7 Result and discussion

6.7.1 Acoustic center estimation

The frequency used for experiments were 10000 Hz, 20000 Hz, 30000 Hz, 40000 Hz,

and 50000 Hz. The measurements were repeated three times for each frequency,

and the total number of measurements was 15. Meanwhile, for each measurement,

the size of the MRAW file is 24 gigabytes. Therefore, the total amount of space

used to store the measurement results is 360 gigabytes.

The PC used for the extraction process of MRAW files into RAW files, and

the estimation calculation process has the specification of Intel i7 processor and
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32 gigabytes of RAM. The time is taken to extract an MRAW file, calculate the

phase-map, and estimate the acoustic center was approximately 2 hours. Therefore,

the total time to proceed with measurement data was 30 hours.

The value of front cavity depth for microphone type B&K 4180 was obtained

from the nominal value described in the IEC standard. The nominal front cavity

depth of the LS2p microphone is 0.48 mm.

The final acoustic center result was reported as the average of three measure-

ment data. The standard deviation was calculated to obtain the estimation result’s

distribution and expressed as an error bar in the chart. To validate the proposed

method, the result is compared against the acoustic center’s nominal value described

in the standard IEC 61094-3.

We conducted the experiments with three different configurations. We measure

the microphone’s sound field placed at a distance of 0 cm, 2 cm, and 4 cm from the

PPSI measurement area. The result is shown in Fig. 6.17.
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Figure 6.17: The estimation of the acoustic center with three different microphone

positions.

We see that estimation yield a reliable result except for a frequency of 10000

Hz from the figure. From the error bar, we see that the standard deviation of the

estimated results exceeds 10 mm. This unreliable result shows that the sound field

measurement data has high noise, causing a fairly high estimation error.

For further analysis, we plot the result with the frequency 10000 Hz omitted.

The result is shown in Fig. 6.18.
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Figure 6.18: The estimation of the acoustic center with frequency 10000 Hz omitted.

From the error bar, it can be seen that the result has a fairly reliable value with

a minimum value of 1 mm and a maximum value of 3 mm. This small error bar

result indicates that the proposed estimation method can provide a reliable result

with fairly good consistency. It was found that the standard deviation at 20000

Hz was smaller than other frequencies. The standard deviation of estimation was

about 1 mm for three different microphone configurations. This result indicates

that the sound field

The accuracy of the proposed method was evaluated by comparing the estima-

tion result against the nominal acoustic center value of microphone type B&K 4180

described in the IEC 61094-3. It is seen from Fig. 6.18 that the estimation result is

influenced by the distance of the microphone to the PPSI measurement area. At the

frequency of 50000 Hz, the deviation of estimation result from the nominal value is

large for all microphone configuration. This is due to the fact that the maximum

sampling rate of PPSI is not high enough compared to the frequency of sound. This

issue causes an aliasing in the sound field measured by PPSI, thereby reducing the

estimation process’s accuracy.

The estimation result of microphone distance of 2 cm and 4 cm yield almost the

same result with the maximum deviation from the nominal value is about 15 mm

at the frequency of 50000 Hz, while the other frequencies the deviation is about

6 mm. However, the estimation result when the microphone was configured at a

distance of 0 mm to the measurement area of PPSI shows promising results. The
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Table 6.2: Comparison of acoustic center between nominal value and estimated

result.

Frequency [Hz] Nominal value [mm] Estimated value [mm]

10000 1.8 1.61

20000 0.51 1.19

30000 -0.64 2.50

40000 -1.37 5.18

50000 -17.57 -1.03

comparison with nominal value is shown in Table 6.2. From the table, we obtained

that the minimum deviation from nominal value is 0.2 mm at frequency 10000

Hz. But since standard deviation of estimation at this frequency is 15 mm, then

the estimation result at this frequency is not reliable. At frequencies 20000 Hz,

the deviation is about 0.6 mm, and increases as frequency increases. In terms of

accuracy and reliability of the acoustic center estimation method, configuration of

the microphone at a distance of 0 cm to the PPSI measurement area is the best

configuration in this proposed method.

6.7.2 Uncertainty components

An Ishikawa diagram is used to identify the uncertainty sources in the proposed

measurement method. We categorized the uncertainty sources into three main

causes. They are pressure amplitude, phase-amplitude, and microphone proper-

ties. The sources associated with the generated sound pressure are categorized into

pressure amplitude. Sources that contributes to the phase measurement error are

categorized into the phase-amplitude group. The sources related to the generation

of sound pressure, which is the microphone, are categorized into microphone prop-

erties. While other sources that influence the estimation error are grouped into

residual effect. The diagram is shown in Fig. 6.19.

Phase amplitude

This category is associated with instruments and procedures that can cause an er-

ror in the phase measurement. Since the measurement of phase was implemented

using a PPSI instrument, then the uncertainty sources in this group are related to

the PPSI instrument. The error in phase measurement can come from the PPSI

system itself. The causes of errors in measurement using PPSI are optical distor-

tion, background noise, laser alignment, and the laser wavelength’s stability in the

interferometry system. The environmental’s static pressure and air refractive index

stability during the measurement affect the resulted phase values because it is used

in the calculation of acousto-optic. Environmental conditions such as temperature

and humidity have the opportunity to influence the PPSI hardware in conducting

interferogram recording.
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Figure 6.19: Ishikawa diagram of the proposed acoustic center estimation method.

Pressure amplitude

The proposed method estimated the acoustic center from the measurement of the

sound field. Hence, the generated sound pressure has an important effect on the

estimation error. Several things affect the generation of sound pressure produced,

namely the signal generator, the sound absorption factor by air, which will affect the

resulting sound field, and the microphone as a sound producer. A signal generator’s

influencing factor in a measurement system is the stability of the voltage amplitude

and the resulting frequency. The stability of the sound pressure amplitude is also

influenced by the microphone as the main component of the sound source. The

factors that affect the stability of the sound pressure generated by the microphone

are the polarization voltage, the amplification of the signal by the amplifier, and

the microphone’s position, as indicated by previous experimental results.

Microphone properties

The property of a microphone that affects the estimation result is front cavity depth.

The value is used in the final calculation after estimating the point source position

from the measurement data. As has been explained before that the value of the

front cavity depth of each microphone is different. In measuring the value of the

front cavity depth, it also contains a measurement error. Hence, the error in the

front cavity depth measurement will affect the acoustic center estimation result.
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Residual effect

Another source of uncertainty that affects the acoustic center estimation results

is repeated measurements and errors caused by the data processing. The data

processing from the interferogram file until the phase map results are obtained

through several processes such as the phase extraction using the HEFS algorithm

and phase-unwrapping. Each of these processes contains an error, which contributes

to the phase map error.

6.8 Conclusion

Acoustic center is the position of an equivalent point source of a microphone act

as a transmitter. It is used in the calculation of acoustical transfer impedance of

microphone reciprocity calibration method. The current method to determine the

acoustic center is the transfer function method. Three microphones are required

for the implementation of the transfer function method. The acoustic center is

estimated from the measurement electrical transfer function of the microphones.

In this study, a method to estimate the acoustic center’s position has been real-

ized using the measurement of sound field using PPSI instrument. The estimation

performance was evaluated using a numerical simulation. The estimation method

worked well in the noisy data with the estimation error is less than 0.1 mm for

noise level between 10 % to 50 %. The estimation accuracy is increasing as the

frequency increases with the estimation error is less than 0.001 mm. Experimental

determination of the acoustic center of microphone type B&K 4180 was carried out

in the frequency range of 10000 Hz to 50000 Hz.

It was found that the sound pressure level generated by the microphone at a

frequency of 10000 Hz is lower than other measurement frequencies with the same

applied input voltage. The average sound pressure level at a distance 0 cm from

the PPSI measurement area was about 87 dB in the frequency range of 20000 Hz to

50000 Hz, while at 10000 Hz, the generated sound pressure level by the microphone

was only 67.75 dB. As the distance from PPSI measurement area was moved from

0 cm to 2 cm, the pressure level dropped 9 dB. But, when the distance was doubled

from 2 cm to 4 cm, the decrease of pressure level was only about 4 dB. This non-

linear relation between the distance and the drop of pressure level was probably

affected by the microphone alignment.

A reliable acoustic center estimation result was obtained from measurement

at a frequency above 20000 Hz with the maximum standard deviation of 3 mm.

The standard deviation of the estimation at the frequency of 10000 Hz was large

caused by the low signal to noise ratio of the sound field measurement by the PPSI

instrument. Hence, the estimation at the frequency of 10000 Hz is not reliable. The

best overall estimation result was achieved when the microphone was positioned at

a distance of 0 cm from the PPSI measurement area. In the frequency range of

20000 Hz to 50000 Hz, the minimum difference of the estimation result with the

nominal value was 0.6 mm.

The uncertainty sources for the proposed acoustic center estimation method
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has been identified and visualized using Ishikawa diaphragm. The main causes of

acoustic center estimation error are coming from phase-amplitude measurement,

pressure amplitude measurement, microphone properties, and residual effects.

For future works, it is necessary to determine each uncertainty component’s

value and its relation with the estimation error. This value can be determined

through a further experimental process or other available resources. When each

source of uncertainty’s contribution value has been determined, the next process is

to calculate the uncertainty of the proposed acoustic center estimation method.
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Chapter 7

Conclusions

7.1 Summary

Measurement is important in our daily life. The development in measurement sci-

ence is inline the technological development. Mechanical-based measurement meth-

ods developed at a time when mechanic-based technology developed. Currently,

optical technology has developed rapidly. Optical-based measurement technology

is developed for a wide variety of applications. Mechanical-based measurement

technology has a limitation on dimension and geometry that can be solved using

optical-based measurement technology.

Microphone is an acoustic transducer that converts sound pressure into voltage.

The microphone’s conversion ability is represented by the microphone sensitivity,

which can be determined using calibration. Currently, available calibration meth-

ods are developed based on the geometry of conventional microphones. Hence,

the methods cannot be applied to new types of microphones such as MEMS micro-

phones. The MEMS microphone has the same working principle as the conventional

microphone but different in shape and geometry from the traditional microphone.

This thesis addressed the geometry dependencies in microphone calibration

methods by proposing direct sound field measurement using the optical method.

In Chapter 3, I have demonstrated the realization of the acousto-optic based sound

field measurement concept. A scanning tomography technique using a laser Doppler

vibrometer has been successfully implemented to obtain the sound field’s projection

and reconstructed using the filtered back-projection technique. The sound pressure

result was in good agreement with the microphone result.

Parallel scanning to obtain sound projection can be obtained simultaneously

using the PPSI instrument. Before it is used to get the projection of the sound

field, it is necessary to know the PPSI instrument’s characteristics. Chapter 4

presents the investigation of the acoustical background noise and optical distortion

of the PPSI instrument. It was found from power spectral density analysis that the

system’s acoustical background noise occurred at a frequency of around 3000 Hz

when the PPSI’s camera fan was turned on. The noise disappeared when the camera

fan was turned off during the recording process by the PPSI. A calibration plate

was employed to determine the optical distortion of the PPSI system. It revealed
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that the optical distortion existed in the PPSI system with the type of pincushion

distortion.

The proposed calibration method for MEMS microphones was described in

Chapter 5. The calibration procedures consist of the initialization step, phase-

measurement-step, and data processing. I demonstrated a calibration of a com-

mercial MEMS microphone Knowles SPU0414HR5H-SB by utilizing a PPSI instru-

ment. Validation of the sensitivity result was performed by the implementation

of the substitution calibration method. The maximum discrepancy between the

proposed method and substitution method was 0.62 dBV/Pa. The proposed cali-

bration method’s reliability was proven by the maximum standard deviation of the

sensitivity result of 0.29 dBV/Pa.

A new approach for the determination of microphone acoustic center was de-

scribed in Chapter 6. The acoustic center is the position of the equivalent point

source of a microphone act as a transmitter unit. The conventional method for

determining the acoustic center uses the transfer function method. The acoustic

center is determined from the measurement of the electrical transfer function of

three microphones in reciprocity configuration. In my approach, the acoustic cen-

ter is determined from the projection of the sound field generated by the microphone

based on the point source propagation model. Experimental acoustic center deter-

mination of laboratory standard microphone type B&K 4180 has successfully been

implemented by utilizing the PPSI instrument. Validation of the results using the

nominal acoustic center value described in IEC-61094-3 proved that this method

could be used to find the acoustic center microphone value at frequencies above

10000 Hz.

7.2 Limitations and remaining issues

The result of measurement needs to be accompanied by an uncertainty value to

express the measurement’s quality. This study has focused more on proving a

measurement concept without being accompanied by a stated uncertainty value,

which is the limitation in this study. For that purpose, sources of uncertainty in

the proposed calibration method have been identified and reported in the thesis.

In this study, the calibration was performed only to one MEMS microphone

under test. Meanwhile, the developed calibration method’s reliability needs to be

tested further by calibrating various types of microphones from different manufac-

turers.

The experiments in this thesis were carried out in a room that was not dedicated

to calibration. Hence, room conditions are not controlled. There is a possibility

that environmental conditions influence the measurement results. The influence of

environmental conditions on the measurement result has not been covered in this

thesis.

Reconstruction is the main part of getting the sound field from the projection.

Meanwhile, in this study, the only filtered back-projection technique was imple-

mented for the sound field reconstruction process. To increase the precision of the

reconstruction, the exact reconstruction technique can be applied [127–129].
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7.3 Impact on metrology field

Optical-based measurement technology has a wide range of applications because

the optical method can be used to solve measurement problems that cannot be ac-

complished by the mechanical or electrical based measurement system. The optical

measurement precision is higher than the mechanical method, making it suitable

for calibration applications.

Optical-based measurement technology has been used for the calibration of vi-

bration sensors for a long time. Nevertheless, the optical method has not been

adopted yet for the calibration of acoustic device calibration systems.

This study introduces the application of the optical method in the field of mi-

crophone calibration. Current microphone calibration methods determine the mi-

crophone’s sensitivity under test from the reference microphone sensitivity and are

not obtained directly from a pressure measurement. Hence, the method cannot be

applied to microphones of a different size than the reference microphone. It is shown

in this study that direct sound pressure measurement can be realized using an op-

tical method. Therefore, the reference microphone is not required for calibration

and can be applied to any microphone regardless of the size and dimension.

The impact of applying the optical method for microphone calibration is to

shorten the traceability path of the microphone sensitivity unit to the SI unit. The

acoustical unit’s current traceability to the SI is shown in Fig. 7.1. From the figure,

acoustic quantities are traced to the SI unit via a microphone artifact regarded as

the reference standard. The quantity of this reference standard is determined by

Figure 7.1: Current traceability chain of the acoustical unit to the SI.
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Figure 7.2: Acoustical unit traceability by the application of the optical method.

using the reciprocity calibration method. The reciprocity method is realized by mea-

suring electrical transfer impedance and calculating acoustical transfer impedance

derived from microphone geometry. Thus, the reciprocity calibration method has

traceability to the SI units of voltage, time/frequency, and dimensions.

The reference artifact is then used to calibrate the working standard micro-

phone by the implementation of the comparison/substitution calibration method.

Furthermore, the working standard microphone is used to calibrate the acoustic

calibrator. Finally, the acoustic calibrator is used for in-field calibration of the

acoustical measurement instrument. Meanwhile, the longer the traceability chain,

the less accurate the calibration results.

By the implementation of the optical method, the traceability chain of the

acoustical unit can be reduced. The new traceability chain is shown in Fig. 7.2

The optical method has the ability to measure sound pressure directly. A reference

pressure can be obtained directly from the definition of the SI unit of pressure.

Furthermore, this reference pressure is used to calibrate acoustical measurement

instruments using the optical method. Due to the short traceability path, the error

caused by the calibration method will decrease, thereby increasing the accuracy of

the calibration results.

7.4 Contribution to intermedia art and sciences

Knowledge about a quantity can be obtained through the measurement. This prin-

ciple also applies to art. Knowledge about artworks can be obtained through a

process of measurement. The knowledge gained from this measurement can then

be processed to be assessed or further developed.

To take measurements, a transducer is needed to transform from one quantity to

another. The microphone is the key device for the measurement of artworks related

to sound. With conventional microphone technology, the number of measuring

points is limited because of the microphone’s size. Nevertheless, with the invention

of the MEMS microphone, microphone dimensions size is no longer a limitation.

The MEMS microphone can reach the smallest corners that previously could not

be reached using conventional microphones. The more measuring points, the more
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information will be obtained.

The correctness of the measurement using a microphone is determined by the

correctness of the sensitivity value of the microphone. Currently, there is no stan-

dard calibration method for MEMS microphones. My proposed MEMS microphone

calibration method can be used as an alternative approach to determine the MEMS

microphone’s actual sensitivity.

7.5 Future works

A proof of concept is part of a calibration method development. To make it intact

as a calibration method, it must be equipped with an estimate of the uncertainty

of the calibration results. One of the main components in the calibration process’s

uncertainty is the standard deviation of repeated measurements. In this study,

proof of concept has been complemented by repeated measurement results.

Nevertheless, there are still other sources of uncertainty that have been identi-

fied, but the value of their contribution has not been determined in the calibration

process. Determining the value of the contribution of sources of uncertainty in the

proposed calibration method becomes the future works.
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