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Abstract

This thesis details the development of a ground-positioned microphone phased array designed
to localize and quantify noise from unmanned aerial vehicle 
yovers. The microphones used
in the array are low-cost analogue MEMS microphones designed to withstand outdoor weather
conditions. A custom printed circuit board and electronic circuit were developed to power the
microphones and optimize their performance. The array was designed for 
exible microphone
positioning, enabling performance optimisation based on the speci�c sound source of interest.
A measurement method and setup, known as acoustic GPS, was implemented to accurately
and e�ciently determine the positions of the microphones. Far-�eld acoustic beamforming al-
gorithms were implemented in Python. Extensive measurements were conducted in an anechoic
chamber to validate the far-�eld acoustic beamforming algorithms and verify the microphone
calibration method. Additionally, the performance and robustness of the measurement system
were evaluated during outdoor 
yover tests with a quadcopter UAV. The capabilities of the
ground-positioned microphone phased array system were successfully demonstrated, showcas-
ing its potential as a valuable tool for noise analysis of UAVs, ultimately contributing to the
mitigation of UAV noise pollution.
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Chapter 1

The Rise of Unmanned Aerial
Vehicles

1.1 The evolution of unmanned aerial vehicles

Figure 1.1: The preparations on theQueen Bee, being
observed by Winston Churchill and Secretary of State
for War Captain David Margesson [1].

Unmanned aerial vehicles (UAVs) were
initially developed during the twentieth
century for military purposes. These
platforms were meant to perform dull,
dirty, and dangerous tasks. For exam-
ple, during the First World War, the �rst
pilotless aircraft was tested in March
1917. Equipped with early radio tech-
nology, it was designed to destroy an en-
emy's zeppelin. A few years later, the
British produced a radio-controlled air-
craft to be used for training purposes,
nicknamed 'the drone' [2], shown in Fig-
ure 1.1 [1]. The �rst large-scale de-
ployment of UAVs was during the Viet-
nam War, where they were tasked with
surveillance, being decoys, and dropping
both bombs and lea
ets.

In the early stages of UAV development,
aircraft and signal transmission systems
were costly. However, costs have decreased signi�cantly due to advancements in motors, bat-
teries, and other electronics, making drones and radio transmitters cheaper. The reduced costs
and simpli�ed transmission systems popularised UAVs for the private sector, leading to their
widespread use in various civil applications.
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Chapter 1. The Rise of Unmanned Aerial Vehicles

1.2 Con�gurations of unmanned aerial vehicles

Unmanned aerial vehicles (UAVs), more commonly known as drones, are remotely operated aerial
platforms without a human on board [3]. Today, a wide variety of UAVs are available. Their
application, along with the pros and cons, depends on the con�guration of these platforms. In
the following paragraphs, multirotor, �xed-wing, and VTOL UAVs are shortly discussed.

Multirotor UAVs have more than two lift-generating rotors. Figure 1.2a illustrates a multicopter
platform, speci�cally a quadcopter. Other multirotors can include six or even eight motors if they
require more power, commonly called hexacopters or octacopters, respectively. Consumers often
use them for cinematography, drone racing, and other leisure-related activities. These platforms
are more manoeuvrable, can hover in place, and can land or take o� vertically.

(a) (b)

(c)

Figure 1.2: (a) The Holybro PX4 X500 multirotor development platform. (b) Shows the Sky-
walker, a �xed-wing UAV. Lastly, (c) shows a VTOL UAV from Brouav.

Another type of UAV is the �xed-wing UAV. These drones have at least one �xed wing that
provides lift rather than vertical rotors. They can cover more extensive distances at increased
altitudes with respect to multirotors. However, these platforms must be in forward 
ight for the
wing to provide lift. This also means they are less manoeuvrable than multirotors and need a
runway for take-o� and landing. An example of a �xed-wing drone is given in Figure 1.2b.
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Chapter 1. The Rise of Unmanned Aerial Vehicles

A third type of UAV is a hybrid of multirotors and �xed-wing drones. A Vertical Take-O� and
Landing drone (VTOL) can transfer between horizontal and vertical 
ight. This UAV has a �xed
wing and a multitude of rotors to accomplish this. It, therefore, combines the manoeuvrability of
a multirotor with the endurance of the �xed-wing drone. A VTOL UAV is shown in Figure 1.2c,
where the rotors and a �xed wing can be seen.

These UAVs can be broadly deployed into many facets of society [4,5]. As a few examples, these
UAVs can be used in agriculture to help with herding, sowing, and monitoring [6]. Simulta-
neously, these platforms inspect and maintain railways, bridges, highways, wind turbines, and
other hard-to-reach places [7,8]. Furthermore, UAVs are used for parcel delivery, thereby reduc-
ing transport time [9]. One of the studies, by Aydin et al. [9], has shown the extensive market for
these platforms in the present and the possible future. However, while the deployment of these
aerial platforms is vast and ever-increasing, scienti�c research is crucial to assess the potential
impact of widespread UAV implementation in everyday life on the environment.

1.3 Environmental impact of UAV noise radiation

A major environmental concern is the potential impact of UAVs on noise pollution. Currently,
road tra�c noise is one of the top-ranking factors a�ecting human health [10, 11]. However,
current literature also suggests that drone noise is signi�cantly more annoying than road tra�c
[12{14].

Using recordings of UAV 
y-overs, S. Hara et al. showed that participants' stress levels increased
with higher UAV noise power and reduced again as the noise subsided. However, subconscious
stress levels remained unchanged even when noise levels decreased [14]. Further research suggests
that health e�ects of noise over-exposure are sleep disorders, cognitive impairment, hypertension,
ischemic heart disease, diastolic blood pressure, reduction of working performance, and increased
annoyance [10,11,15]. This signi�cant impact on human health led the European Union Aviation
Safety Agency (EASA) to propose guidelines for measuring drone noise [16].

Furthermore, noise is also a signi�cant factor in the social acceptance of UAVs. A study by
Sch•a�er et al. [17] demonstrated that an individual's attitude towards UAVs is primarily in
u-
enced by their concern for noise, which was supported by a study from Torija et al. [18]. The
study furthermore showed that concerns about noise were more signi�cant if the participant had
a previous encounter with the noise from a UAV. Paying attention to the noise footprint of these
drones can, therefore, signi�cantly increase the implementation grade and success rate of UAVs
in the urban environment [19]. Hence, the localisation and quanti�cation of UAV noise sources
are of great interest to the scienti�c and the general community.

1.4 The necessity for 
y-over noise measurements on UAVs

Many UAV noise measurements are performed in anechoic chambers to avoid any environmental
impact on the measurement [12, 13, 20]. However, UAV measurements in con�ned spaces can
create inaccurate or incomplete results. Flow recirculation and ground e�ect can signi�cantly
impact measurements in relatively small spaces compared to the UAV. Furthermore, drone op-
erating conditions (e.g. manoeuvres and forward 
ight) can notably a�ect the radiated noise
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Chapter 1. The Rise of Unmanned Aerial Vehicles

due to a change in 
ow regime [12, 20, 21]. Therefore, the importance of outdoor 
y-over noise
measurements on UAVs is stressed to perform measurements in accurate 
ow conditions.

Furthermore, most current literature focuses on UAV sound power levels, frequency power spec-
tra, directivity, and perception in humans using a few microphones [12, 20, 21]. However, to
better understand what is making noise on UAVs, some literature has attempted to use acoustic
cameras [22,23]. These cameras, comprising a multitude of microphones, are used to 'see' sound.
Therefore, these acoustic cameras could be used to develop aerial platforms and improve the
noise footprint.

1.5 The focus of this work

Developing and using an acoustic camera is nontrivial. Numerous acoustic cameras consist of
many expensive condenser microphones sampled by a costly data acquisition system, making the
start-up costs daunting. Furthermore, many microphone arrangements are �xed and optimised
for speci�c sources. This optimisation problem can be avoided by using a 
exible microphone
arrangement (microphones on individual plates), such that these cameras can be optimised based
on the sound source under consideration. However, accurately determining the positions of these
individual microphones can be di�cult. Therefore, developing and using an acoustic camera is
complex and presents many challenges.

However, these acoustic cameras can signi�cantly help engineers design more silent UAVs. This
would improve social acceptance of UAV employment and would reduce the impact of UAV
deployment on human health. Therefore, this master's thesis concerns developing and using an
inexpensive acoustic camera to localise and quantify noise sources on UAVs in outdoor 
y-over
measurements.
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Chapter 2

Aeroacoustics of unmanned aerial
vehicles

Sound, in reality, can be radiated due to vibrating strings, unstable rotating discs, the diaphragm
of a speaker, or the motion of 
uids. The �eld of acoustics deals with such sound's production,
transmission, reception, control, and e�ects [24]. Aeroacoustics is a sub-regime of acoustics
mainly concerned with sound in air [25,26].

This chapter discusses the complexity of UAV aeroacoustics by examining some of the mecha-
nisms that produce noise on a drone. First, it focuses on airfoil-induced noise. Then, it discusses
the additional sound sources on a rotor. Lastly, it discusses a UAV's aeroacoustics, stressing the
complete problem's complexity with multiple rotors and a frame.

2.1 Airfoil noise

UAVs use rotors to produce thrust and achieve 
ight. The blades on these rotors are built up
from cross-sections, named airfoils. Furthermore, these airfoils are the cross-sections of wings,
rotors, and propellers. Thus, discussing their produced noise is the �rst step in understanding
rotor noise and, eventually, UAV noise.

The following sections describe the mechanisms that produce noise on an airfoil in undisturbed

ow. Lastly, leading-edge noise due to a turbulent domain is also discussed.

Laminar boundary layer separation noise

Laminar boundary layer vortex shedding can occur when, on either side of the airfoil, a predomi-
nantly laminar 
ow is present [27]. Such noise is created due to an interaction between streamwise

ow instabilities, called Tollmien-Schlichting waves, and the vortices shed at the trailing edge,
as shown in Figure 2.1. The streamwise instabilities are initiated by a disturbance on the skin
of the airfoil but are eventually sustained by the trailing edge vortices in a feedback loop. Fur-
thermore, a feedback loop exists since this is an interaction between the trailing edge vortices
and the Tollmien-Schlichting waves. Therefore, only speci�c frequencies are excited about the
shedding rates of the trailing edge vortices [27,28].
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Chapter 2. Aeroacoustics of unmanned aerial vehicles

Figure 2.1: Laminar boundary layer noise [27]

Turbulent boundary layer noise

At increased Reynolds numbers, a turbulent boundary layer develops on the airfoil. Turbulent
boundary layer noise is produced by the turbulent structures inside this boundary layer, pro-
ducing chaotic pressure 
uctuations on the skin of the airfoil, as shown in Figure 2.2. Boundary
layer pressure 
uctuation statistics are vital in predicting the produced noise due to the chaotic
nature of turbulence [25]. Furthermore, research shows that the conditions under which these
turbulent structures evolve play an essential role in the noise that is radiated [27]. Lastly, the
sound pressure created by this mechanism scales with Mach to the �fth power at low frequencies.

Boundary layer separation noise

Boundary layer separation noise is most prominent at high angles of attack. Small, turbulent
structures form at the trailing edge at slight angles of attack. However, with an increasing
angle of attack, the 
ow separation region will move in the direction of the leading edge and
the turbulent structures' integral length scale increases, as shown in Figure 2.3. This can result
in a deep stall, causing a low-frequency dominant noise over the entire chord of the wing [27].
Furthermore, this 
ow separation is often dynamic, with a highly unsteady 
ow.

Figure 2.2: Turbulent boundary layer noise [27]

Figure 2.3: Seperation stall noise [27]

Trailing edge bluntness noise

Noise due to trailing edge bluntness was established by Brooks and Hodgson to be an import self-
noise source [29]. Due to a �nite trailing edge thickness, vortex shedding occurs at the trailing
edge, radiating noise into the far-�eld. The dominant frequency of the noise is often scaled with
the velocity of the 
ow U and the thickness of the blunt edgeh to obtain the Strouhal number,
St

000

peak = f peak h
U � 0:1. However, for rotor-blade and wing designs, the bluntness of the airfoil is

relatively small compared to the boundary layer thickness. This signi�cantly reduces the sound
power of the tonal component of this mechanism [30].

6



Chapter 2. Aeroacoustics of unmanned aerial vehicles

Tip vortex noise

Tip vortices are generated due to the pressure di�erence between the tip's low- and high-pressure
sides. Due to the formation of these vortices, structures form in the wake of a tip with thick,
viscous, turbulent cores [27]. It is taken to be that these structures pass over the trailing edge
in the tip region, causing noise radiation [27]. These structures cause high-frequency noise with
respect to the other noise sources depending on the length scale and the loading of the wing.

Leading edge noise

Leading edge noise (turbulence-impingement noise) is no longer considered airfoil self-noise. This
noise is produced due to the blades' movement through a region of turbulent or unsteady 
ow
impinging on the leading edge [27, 30, 31]. This mechanism's perceived noise is related to the
turbulent in
ow statistics and the leading edge radius [27]. This is an important noise source to
consider in low Mach number 
ows [31].

Figure 2.4: Trailing edge bluntness noise [27]

Figure 2.5: Tip vortex noise [27]

As mentioned, airfoils are the 'building blocks' of rotors. However, rotor geometry and operating
conditions are more complex than a simple airfoil. A rotor consists of multiple rotating blades,
making the aerodynamics and aeroacoustics more complex. Therefore, introducing the additional
sound sources on a rotor is essential.

2.2 Rotor noise

The types of rotor noise are split into three categories in the frequency domain, which can be
harmonic, narrowband, or broadband [32]. They are also frequently divided into another set:
steady, unsteady, and random sources.

Harmonic noise is produced by sources that repeat themselves during every rotor rotation. The
sound sources on a single blade repeat themselves for every blade on the rotor, giving rise to
harmonics in the frequency content at frequencies described by Equation 2.2.1 [32]. Here,N is
the number of blades on the propeller, and RPM the rotations per minute. The fundamental
frequency of this tone is called the blade passing frequency (BPF). Furthermore, since the pro-
duced signal is not purely sinusoidal, multiple harmonics are present, given by BPF� n where n
is an integer value larger than zero. For consumer drones like the DJI Mavic Air 2, the typical
rotational velocity of the rotor during hover is around 100 Hz, generating a BPF of 200 Hz with
a two-bladed rotor.
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Chapter 2. Aeroacoustics of unmanned aerial vehicles

BPF = N
RPM

60
(2.2.1)

In contrast, broadband noise is produced in a non-periodic, chaotic 
ow and is often due to
turbulent 
ow interacting with the blades [32]. Its name already discloses that broadband noise
has components at all frequencies. Narrowband noise is almost periodic. However, the energy is
not entirely concentrated at an isolated frequency.

2.2.1 Steady sources

Steady sources are de�ned as sources which would appear constant in time for the rotating
blade's frame of reference. Due to the rotation of the blade, these sources produce a periodic
sound signature in a stationary frame of reference. These steady sources are often divided into
linear thickness, linear loading, and quadrupole sources [33].

Thickness noise is produced due to the displacement of 
uid by the volume of a blade. The
amplitude of this noise scales with the blade's volume, while the frequency characteristic depends
on the shape of the cross-section of the blade and the rotational velocity. This is why thin blades
and planform sweep are often used to control this noise mechanism. A distribution of monopole
sources can describe this noise mechanism well and becomes increasingly important at increased
velocity.

Loading noise is a noise produced by the forces from the blade on the 
uid, a combination of
thrust and torque. The periodic force 
uctuation of the blade on the surroundings radiates into
the far �eld, propagating as sound. This type of noise is essential at low to moderate speeds and
can be modelled using dipole sources [32].

Quadrupole sourcescan become important in the non-linear, transonic regime. However, thick-
ness and loading sources are the most important noise sources when considering subsonic airfoil
velocities. These non-linear contributions are often modelled using quadrupole sources surround-
ing the blade.

2.2.2 Unsteady sources

In contrast to steady sources, unsteady sources are time-dependent in the blade's frame of ref-
erence. This includes random and periodic loading variations on the blade. An example of
periodic blade loading is the placement of a rotor near a pylon. The loading on a single blade
changes during its revolution due to a di�erence in 
ow conditions near the pylon, resulting in
unsteady loading. This results in noise produced at harmonics of the blade-passage frequency.
The noise generated by unsteady loading is not axisymmetric, making the radiated sound even
more complex [33]. Furthermore, blade vortex interaction is another example of unsteady load-
ing and occurs in the forward 
ight of a helicopter [32,34]. Unsteady loading occurs due to the
impingement of a tip vortex from a leading blade against a trailing blade, rapidly changing the

ow conditions on the trailing blade [32](graphically explained in Figure 2.6).

The vortices from the blades pass over the trailing blades during forward 
ight. This results in
unsteady loading due to a sudden change in the angle of the attack. Also, the tip vortices are
often surrounded by high turbulence levels that impinge on the trailing blades. This is frequently
called blade wake interaction noise and is broadband in nature [32].
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Figure 2.6: The BVI process [35].

2.2.3 Random sources

Random sources radiate broadband noise into the acoustic far-�eld. Depending on the oper-
ation conditions and design, rotors have two important random source mechanisms radiating
broadband noise. Firstly, leading-edge noise due to turbulence impingement on the leading edge.
Secondly, noise is generated due to unsteady loading near the blade's trailing edge. This 
uc-
tuating loading occurs due to the random nature of a possible turbulent boundary layer on the
blade passing over the trailing edge.

2.3 UAV sound radiation

Understanding sound radiation on UAVs will support the design process of the ground-positioned
microphone phased array. Furthermore, discussing the complex interactions on a UAV can help
interpret the results during the measurements in chapter 7. For this purpose, airfoil and rotor
noise were discussed, laying the foundation for understanding UAV sound radiation.

Looking at the expected sound pressure levels, Sch•a�er showed that for drones in the range of
1 to 21 kg, the expected A-weighted SPL ranges from 65 to 95 dB [17]. These measurements
were performed at 1 m from the drone hovering above a re
ective surface. These noise emissions
slightly increased for forward 
ight, which was also shown by Cussen [15]. Lastly, Niesten [36]
showed that the sound re
ections in an urban environment from facades alone could increase
the (A-weighted) sound pressure level anywhere between 3 dB until 13 dB compared to free-�eld
measurements.

Measurements were conducted to look at the frequency spectrum of a UAV. The most prominent
sources of UAV-radiated noise were attributed to tip-to-tip and rotor-strut interactions [20,37,38].
Tip-to-tip sound, according to these studies, was generated due to the unsteady loading of a blade
by vorticity and turbulence ingestion in the region where rotor tips come close to each other. The
rotor-strut noise was generated due to large thrust 
uctuations when a blade passed over a strut,
causing signi�cant unsteady loading. They also showed that decreasing the separation distance
between rotors and the distance between a rotor and strut signi�cantly increased the radiated
sound pressure levels. Furthermore, Sch•a�er has demonstrated that the spectral characteristics
of UAV noise include low- and mid-frequency tonal components along with broadband noise [17].
They showed that the tonal components are related to the rotor's BPF and the sound from the
brushless motors.
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Many components on a UAV can produce noise, some of which are highlighted in Figure 2.7.
When looking at a single rotor, noise can stem from turbulence ingestion, 
ow separation, vortex
shedding, tip vortices and noise from the turbulent boundary layer. However, when looking at a
complete UAV, complex interactions can also produce signi�cant amounts of noise, such as blade-
to-blade interaction, blade-frame interactions, blade-vortex interactions, blade-wake interactions,
frame-wake interactions or recirculating 
ow [20,39]. The sound coming from the rotors and the
complex interactions make the acoustic signature of a UAV highly complex. Therefore, it is often
hard to distinguish a single source of sound without extensive testing or validated numerical
models.

Figure 2.7: Some of the expected sources of sound on a UAV.
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Chapter 3

Acoustics

The behaviour of sound, and especially its propagation through the medium, is a paramount
stepping stone in understanding methods of sound source localisation. Therefore, this chap-
ter provides the background theory used by sound source localisation algorithms, discussed in
chapter 4. This is done by discussing the wave equation and the sources of sound.

3.1 Linear acoustics

The propagation of sound in air can be described with the linear acoustic wave equation. This
equation is derived from the continuum mechanics framework's mass and momentum balance
equations. The derivation of these two conservation equations is given in the appendix in sec-
tion A.1. After the derivation of the wave equation, the generation of waves is brie
y discussed
by the addition of source terms in the homogeneous linear wave equation.

3.1.1 The homogeneous wave equation

Consider the generation and propagation of acoustic waves within a medium where the time-
averaged properties are uniform and no signi�cant 
ow is present. The medium under consider-
ation has a pressurep, density � , and velocity u. Furthermore, viscous forces are small for sound
propagation over practical distances compared to inertial forces and are often ignored along with
body forces such as gravity [30]. Linearising the homogeneous mass and (inviscid) momentum
conservation equations, given in Equation 3.1.1 and Equation 3.1.2, is the �rst step in deriving
the linearised wave equation.

@�
@t

+ r � (� u) = 0 (3.1.1)

@(� u)
@t

+ r p + � u � r u = 0 (3.1.2)

Sound waves are considered small perturbations to a 
uid's ambient state. Pressure, density, and
velocity are therefore transformed as a sum of a small perturbation and the constant reference
state (p0, � 0, and u0) as in Equation 3.1.3.
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p = p0 + p0; � = � 0 + � 0; u = u0 + u0 (3.1.3)

Using the linearised states in Equation 3.1.1, one obtains Equation 3.1.4 for the mass conservation
equation.

@(� 0 + � 0)
@t

+ r �
�

(� 0 + � 0)(u0 + u0)
�

= 0 (3.1.4)

Assuming that � 0 � � 0, � 0 is time-averaged and constant throughout the medium [40], Equa-
tion 3.1.4 can be rewritten into Equation 3.1.5.

@�0

@t
+ � 0r � u0+ � 0r � u0 = 0

� @
@t

+ r � u0

�
� 0+ � 0r � u0 = 0

(3.1.5)

Applying the same methodology to the momentum equation (Equation 3.1.2), the equation with
linearised states is given in Equation 3.1.6, assuming an inviscid medium without body forces.

@(� 0 + � 0)(u0 + u0)
@t

+ r (p0 + p0) + ( � 0 + � 0)(u0 + u0) � r (u0 + u0) = 0 (3.1.6)

The mean pressure gradient in a stationary, inviscid medium is often due to body forces. However,
since these body forces are ignored, simpli�cations are possible:r (p0 + p0) = r p0. Applying
these simpli�cations allows Equation 3.1.6 to be rewritten into Equation 3.1.7.

� 0

� @
@t

+ r � u0

�
u0+ r p0 = 0 (3.1.7)

By applying ( @
@t+ r � u0) to Equation 3.1.5 and taking the divergence of Equation 3.1.7, Equa-

tion 3.1.8 and Equation 3.1.9 are obtained respectively.

� @
@t

+ r � u0

� 2
� 0+ � 0r � u0

� @
@t

+ r � u0

�
= 0 (3.1.8)

� 0r � u0
� @

@t
+ r � u0

�
+ r 2p0 = 0 (3.1.9)

Where r 2 = r � r . Subtracting Equation 3.1.9 from Equation 3.1.8, yields Equation 3.1.10.

� @
@t

+ r � u0

� 2
� 0� r 2p0 = 0 (3.1.10)

Lastly, the pressure can be written as a function of solely the density and entropy (as in Equa-
tion 3.1.11), considering a state of local thermodynamic equilibrium. Temperature variations are
su�ciently small in this state for a 'constant temperature' approximation.
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dp =
� @p

@�

�

s
d� +

� @p
@s

�

�
ds (3.1.11)

To simplify this equation, the process is considered isentropic. This is valid if one assumes an
ideal gas in an adiabatic process, resulting in a particle's constant entropy. Finally, we can
assume a homentropic process in our uniform mean 
uid, resulting inds = 0.

Lastly, the speed of sound can be de�ned byc =
p

(@p=@�)s, by which Equation 3.1.11 becomes
Equation 3.1.12.

p = c2
0� (3.1.12)

In which the average pressure and density approximate the speed of sound, i.e.c0 = c(� 0; p0).
Using this constitutive relation between pressure and density, Equation 3.1.10 can be rewritten
into the convective wave equation in Equation 3.1.13.

1
c2

0

� @
@t

+ r � u0

� 2
p0� r 2p0 = 0 (3.1.13)

Assuming that there is no mean 
ow (u0 = 0), the convective wave equation simpli�es to the
d'Alembert wave equation, given in Equation 3.1.14.

1
c2

0

@2p0

@t2
� r 2p0 = 0 (3.1.14)

This homogeneous second-order partial di�erential equation (PDE) describes wave propagation
at the speedc0. The solution of this equation depends on the initial conditions speci�ed and the
boundary conditions of the domain. Moreover, due to its linearity, solution superposition holds,
and multiple waves can propagate throughout the medium without distorting each other [30,40].

3.1.2 The inhomogeneous wave equation

In the derivation of Equation 3.1.14, it was assumed that no mass source term or external forces
were present. Thereby, it solely describes the propagation of waves. However, a wave equation
can be derived without these assumptions. The result is that the wave equation contains a source
term q(x; t), shown in Equation 3.1.15.

1
c2

0

@2p0

@t2
� r 2p0 = q (3.1.15)

This source term allows for any deviation from the standard homogeneous wave equation. There-
fore, adding sound sources in the medium is possible in regions whereq(x; t) is non-zero. This
results in a separated domain whereq is zero, and wave propagation prevails and a domain
whereq is non-zero, where we deviate from wave propagation and can add a sound source to the
domain.

Important to note is that a unique acoustic �eld can be determined when the source terms are
known and initial and boundary conditions are well de�ned. However, the opposite is not valid.
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Ffowcs Williams, an Emeritus rank Professor specialising in aeroacoustics, emphasised that a
measured acoustic �eld has no unique source type and distribution. However, it is only possible
to de�ne a source distribution with the same measurable acoustic �eld as the real source. This
idea is best explained when imagining a set of well-placed and calibrated surround sound speakers
playing music as if there was a band in the room, even though there is not.

3.2 Quanti�cation of sound level and annoyance

Figure 3.1: The frequency response of
the A-Weighing �lter.

Sound, to most people, is coupled to the sensation of
hearing. Either by listening to music, the noise coming
from a vibrating radiator or the sirens from an emer-
gency vehicle. The sensation of hearing is governed
by pressure perturbations in the medium, interacting
with the human eardrum (a thin diaphragm). These
longitudinal pressure waves causing the disturbance
propagate at 344:2 m s� 1, the speed of sound for air at
20� C at 101 325 kPa.

The sound properties determine the response of a hu-
man listener. For example, not all frequencies are per-
ceivable to the human auditory system. The human
ear is most responsive to sound between 20 Hz and
20 kHz. At a speed of sound of 343 m s� 1, this means
that the wavelengths of interest lie between 17 m to
17 mm. Also, a human can hear sound waves with
amplitudes as low as 20µPa up to 200 Pa. The large frequency envelope and the signi�cant
dynamic range make the human ear a great addition to the human sensory system [40].

Due to the large perceivable range of sound wave amplitudes, it is common to express the ears'
sensitivity on a logarithmic scale. This scale is referred to as the sound pressure level (SPL).
This scale represents the sound level in dB with respect to a reference pressure. For almost all
airborne applications, the reference pressure is chosen to be 20µPa. The SPL is given in terms
of the root mean square of the 
uctuating pressureprms and this reference pressurepref by
Equation 3:2:16.

SPL = 20 log10 (prms =pref ) (3.2.16)

When considering the perceived noise by the human ear, the measured sound spectrum is often
A-weighted. This sound �lter approximates the sensitivity of a human ear to estimate how loud
sound is perceived. Therefore, a weighing curve shown in Figure 3.1, is used. This weighing
curve is de�ned in an international standard IEC 61672:2003 [41] and provides an insight into
the perception of sound loudness.

Most often, reducing sound implies reducing annoyance from the observer's perspective, where
the A-weighting of sound is of great importance. Therefore, A-weighing is applied to the results
in section 7.2 and section 7.3. However, loudness is not the only factor impacting annoyance.
Roughness, tonality, 
uctuating strength, and sharpness are also signi�cant in annoyance quan-
ti�cation [42]; however, these factors are not considered in this thesis.
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Chapter 4

Sound source localisation and
quanti�cation

The results obtained from previous chapters function as stepping stones for understanding sound
source localisation algorithms. Time-domain delay-and-sum or conventional beamforming meth-
ods can be employed when considering the localisation of sound sources in the far �eld. These
algorithms process the signals received by microphone arrays to tell something about a sound
wave's strength and angle of incidence. They are the backbone of many microphone arrays and
are, therefore, discussed in this chapter.

4.1 Far-�eld acoustic beamforming

4.1.1 Time domain beamforming: delay and sum

Consider a microphone phased array containing a total ofN microphones positioned atxn in
a homogeneous stagnant medium also containing a compact sound source at� , as shown in
Figure 4.1. Each microphone can measure the pressure waves coming from this source. However,
due to the di�erence in propagation distance between microphones, the signal obtained between
microphones is shifted slightly.

The shift in signal can be taken advantage of in a method called delay-and-sum. In this method,
the user de�nes an interrogation plane on which many points are de�ned. For each point in
this grid, the wave arrival time is calculated to each microphone and the measured microphone
signals are delayed to adjust for the di�erence. If a source is present in the location under
consideration, constructive wave interference occurs between microphone signals. However, if no
source is present at the point under consideration, the phase di�erence between microphones is
random, and the sum of their amplitudes will be small. The phased array output for a point in
the search grid is given by Equation 4.1.1.

z(t) =
1
N

NX

n=1

wnpn (t � � n ) (4.1.1)
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The time-shifted signals for each microphonepn are weighted by wn , summed, and normalised
by the number of microphonesN . The amount of delay is microphone-speci�c and proportional
to the distance from the microphone to the interrogation point given by � n = r n

c0
, where c0 is the

average speed of sound in the medium andrn = jxn � � j. The weights are often used to account
for the decay in signal amplitude over the propagation distance.

Suppose one assumes that the pressure amplitude is inversely proportional to the propagation
distance. The weights can then account for amplitude decay by choosingwn = 4 �r n , and the
equation can be rewritten into Equation 4.1.2.

z(t) =
1
N

NX

n=1

4�r npn (t � � n ) (4.1.2)

This is the case for monopole-type sources in the free �eld, along with dipoles and quadrupoles
in the acoustic far-�eld [43]. By plotting the amplitude of the delay-and-sum in a grid of inter-
rogation points, an output map can be obtained in which possible sources can be localised and
quanti�ed (source map in Figure 4.1).

Figure 4.1: The delay and sum method withN microphones, with a source at position� .
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4.1.2 Conventional beamforming in the frequency domain

Frequency-domain beamforming techniques can be used instead of beamforming in the time
domain Using the frequency domain for beamforming allows the user to process the microphone
signal and improve the performance of the beamformer.

Consider the time-series output of delay-and-sum beamforming, given in Equation 4.1.1. Using
the Fourier transform, one can rewrite this formulation to Equation 4.1.3 in the frequency domain.

~z(! ) =
NX

n=1

wn ~pn (! )e� i!� n (4.1.3)

Where ~pn stands for the frequency domain equivalent of the time-series signal. One can see
in this formulation how the response of each microphone is multiplied by a position-dependent
phase shift and weighting factor. These terms are often reorganised into the signal part (~pn ),
originating from the microphone, and the phase shifting and weighting part (wne� i!� n ). The
formulation can then be rewritten into Equation 4.1.4.

~z(! ) = ( wne� i!� n )y~pn (! ) (4.1.4)

Where the y operator is used as the Hermitian conjugate operator. The vector (wne� i!� n ) is
often referred to as the steering vector, which is used for weighing and introducing a phase delay
to the microphone signal. This steering vector is often de�ned in source vector components:

gy
n (! )

kgn (! )k2 , with gn = e� i!� n

4�r n
. This eventually yields Equation 4.1.5.

~z(! ) =
gy

n (! )
kgn (! )k2 ~pn (! ) (4.1.5)

Since the microphone signals are processed digitally, there is a �nite number of frequency bins
to consider, and the formulation discretises the frequency to yield Equation 4.1.6.

~z(! k ) =
gy

n (! k )
kgn (! k )k2 ~pn (! k ) (4.1.6)

For the sake of readability the term (! k ) is omitted, however, one should keep in mind that the
parameters are still frequency dependent. The arrays frequency domain response can be used to
determine the power of the signal, using the relationship in Equation 4.1.7

Z =
1
2

j~zj2

=
1
2

(gy
n ~pn )

kgnk2

(gy
n ~pn ) �

kgnk2

=
1
2

gy
n (~pn ~py

n )gn

kgnk4

(4.1.7)
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The term 1
2(~pn ~py

n ) is named the cross-spectral matrix (CSM) and would eventually look like
Equation 4.1.8. Each term in the CSM can be calculated using a window-averaged approach
(Welch's method) to suppress noise in the microphone signals.

CSMmn =
1
2

2

6
4

~p1~p�
1 � � � ~p1~p�

N
...

. . .
...

~pN ~p�
1 � � � ~pN ~p�

N

3

7
5 (4.1.8)

The eventual equation to solve is given in Equation 4.1.9. Using conventional beamforming
instead of time-domain delay-and-sum allows post-processing techniques to improve results.
Microphone-phased arrays use this equation for far-�eld acoustic beamforming.

Z = gy
n CSM gn (4.1.9)

4.2 Microphone phased arrays

Using the conventional beamforming technique described in subsection 4.1.2, some key perfor-
mance indicators (KPI) and limits of microphone phased arrays can be discussed. This is done
by assessing resulting beamforming maps based on a custom Python simulation of incoherent
monopole sources. These criteria and KPIs are used during the design process of the ground-
positioned microphone phased array.

4.2.1 The di�raction limit and Rayleigh's criterion

Consider a simple simulated monopole source whose position, frequency and amplitude are de-
�ned in a plane exactly 1 m from the array. The source is given unit source strength at all
frequencies (Q = 1Pa m) at � = [0 :3; 0:4; 1]m. The source location is shown by a red dot in
Figure 4.2. The array consists of 48 microphones whose positions are of lesser importance. A
rectangular search grid is constructed between� 1 m and 1 m in both x and y with a resolution
of 0:007 m in both directions.

One can readily see the source location due to a main lobe in the source map in the three �gures
of Figure 4.2. Along with this single main lobe, the rest of the domain is also non-zero and
shows some arti�cial contributions to the map, even though there is no source in the rest of
the domain. The resulting beamforming map of a single monopole source is known as the Point
Spread Function (PSF) or beam pattern of the array [30,44].

Spatial resolution

Spatial resolution is one of the performance indicators of an array and is determined by the width
of the main lobe (beamwidth). The spatial resolution of the array is de�ned by the width of the
main lobe at � 3 dB of the peak, as is shown in Figure 4.3. Narrower peaks mean a better spatial
resolution and an improved ability to spatially distinguish two closely spaced sound sources.

Using Rayleighs criterion for optical lenses, the resolution of an array can be related to the
array diameter D , source wavelength� and distance between the array and the sourced as in
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(a) Frequency of 2 kHz (b) Frequency of 3:5 kHz (c) Frequency of 4 kHz

Figure 4.2: A simulated output map for a single monopole at 1 m from the array.

Equation 4.2.10 [45]. One can observe that the spatial resolution diminishes with increasing
wavelength (decreasing frequency) and increased distance between source and observer. Fur-
thermore, increasing the array diameter improves the spatial resolution of the source map in an
ideal situation according to Rayleigh's criterion.

beam width�
�d
D

(4.2.10)

Primary to peripheral beam ratio

Another quality-related parameter is the main-lobe-to-side-lobe ratio (MSL). This performance
indicator describes the level di�erences between the primary and peripheral lobes. In the source
map, the sources' position is given by the position of the main lobe. However, side lobes are
present on the beamforming map. These arti�cial contributions make it challenging to distinguish
possibly smaller sources in the domain from the side lobes of a more substantial source. Therefore,
keeping the side lobe levels as low as possible is crucial when designing a microphone-phased
array.
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Figure 4.3: Characteristics of beam patterns.

4.3 Additional post-processing techniques

The simulated beamforming results in Figure 4.2 re
ect an ideal situation. In reality, coherence
loss and microphone noise can negatively impact the beamforming map. Furthermore, multiple
main lobes might overlap, or a side lobe can interact with the main lobe of another source, making
sound source quanti�cation di�cult. However, diagonal removal and source region integration
techniques allow for the improvement of the source map and the accurate quanti�cation of sound
sources.

4.3.1 Diagonal removal

The cross-spectral matrix contains the auto-power elements of each microphone over its diagonal,
i.e. CSMmn = ~pm ~p�

n for m = n. The auto-powers on the diagonal can contain incoherent signal
power, such as microphone-dependent noise. The contribution of these elements to the output
map is often detrimental in acoustic localisation [30]. Furthermore, since these elements have no
phase information, they are not critical to the array's performance. Therefore, diagonal removal
is often performed by removal of these elements.

This technique is also useful when considering coherence loss. The consequence of coherence loss
for the CSM is decreased levels of cross-power elements and an increasing contribution of the
auto-powers, reducing the quality of the source map.

4.3.2 Source region integration

The location of a sound source is only part of the sound's characterisation. In general, the
source levels are also of interest. For a single well-resolved monopole source, the monopole's
power corresponds to the maximum level in the beamforming map. However, a single monopole
source is a rare occurrence in reality. When multiple sources are present in the domain, a
convolution of numerous PSFs is observed. Furthermore, coherence loss between microphones
can result in di�culties with sound source quanti�cation due to the reduction and broadening
of the main lobe. This can make the quanti�cation of sound source power challenging.
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To overcome this and normalise the results, a method calledsource region integration can be
employed [46]. The technique integrates part of the source mapZh;exp and normalises it by
simulating a single monopole source in the centre of the integration region. Since the source map
is discretised in space, the integration becomes a summation over pointsh, as in Equation 4.3.11
[30].

Pexp =
HX

h=1

Zh;exp �
Psim

P H
h=1 Zh;sim

(4.3.11)

Where the power of the simulated monopole is given byPsim and the sound source power in
the source map byPexp, furthermore,

P H
h=1 Zh;sim and

P H
h=1 Zh;exp denote the integration of

the simulation region and experimental region, respectively. The number of grid points in the
integration region is denoted by H . As long as the integration area does not contain signi�-
cant contributions from sources outside the area and the sources are assumed uncorrelated, this
method produces accurate source levels, even in the presence of coherence loss [30].

4.4 Implementation and Validation of Conventional Beamform-
ing in Python

The Python simulation of incoherent monopole sound sources is used for a preliminary perfor-
mance assessment of microphone arrangements. With this performance assessment, a microphone
arrangement is designed in section 5.1. The code is, therefore, brie
y explained.

The code initiates the domain with a set of incoherent monopole sources along with some ob-
servers. The frequency response of a microphone due to a simple source is given by Green's
free-�eld function in Equation A.2.18. This is used to calculate the frequency response at all
observersxn from a source at� with strength Q, given by Equation 4.4.12.

~pn =
Q

4� jxn � � j
e� ik jx n � � j (4.4.12)

The responses of all observers due to a single source are used to construct a cross-spectral-matrix
(CSM), as given by Equation 4.4.13. The indexs denotes a CSM speci�c to a single source.

CSMmn;s =
1
2

~pm;s ~p�
n;s (4.4.13)

After constructing the CSM for each source individually, the CSMs for a speci�c frequency are
summed up. This is done to simulate the incoherent nature of sources in the domain. The
importance of this approach becomes apparent when mathematically describing the CSM for
many sources in the domain. Consider dealing with coherent sources having a constant phase
di�erence. The microphone response is a sum of both source responses at the observer, i.e.
~pn = ~pn;1 + ~pn;2, since any change in response is coherent between sources. Here, the index after
the subscript denotes the contribution of a speci�c source. When using this in the description of
the CSM, i.e. Equation 4.4.13, Equation 4.4.14 is obtained.
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CSMmn =
1
2

(~pm;1 + ~pm;2)(~p�
n;1 + ~p�

n;2) =
1
2

(~pm;1~p�
n;1 + ~pm;1~p�

n;2 + ~pm;2~p�
n;1 + ~pm;2~p�

n;2) (4.4.14)

The terms ~pm;1~p�
n;2 and ~pm;2~p�

n;1 imply a coherence between sources. These terms should be
avoided when simulating incoherent sources. To avoid this, multiple CSMs are constructed for
each source separately and are sequentially summed up for each frequency as in Equation 4.4.15.

CSMmn =
SX

s=1

CSMmn;s =
SX

s=1

1
2

~pm;s ~p�
n;s (4.4.15)

Similarly, with two incoherent sources, this simpli�es to Equation 4.4.16.

CSMmn =
1
2

(~pm;1~p�
n;1) +

1
2

(~pm;2~p�
n;2) =

1
2

(~pm;1~p�
n;1 + ~pm;2~p�

n;2) (4.4.16)

Compared to equation Equation 4.4.14, this does not show the cross-terms, thereby simulating
completely incoherent sources. The complete CSM then looks like Equation 4.4.17.

CSMmn =
SX

s=1

1
2

2

6
4

~p1;s ~p�
1;s � � � ~p1;s ~p�

N;s
...

. . .
...

~pN;s ~p�
1;s � � � ~pN;s ~p�

N;s

3

7
5 =

1
2

2

6
4

~p1~p�
1 � � � ~p1~p�

N
...

. . .
...

~pN ~p�
1 � � � ~pN ~p�

N

3

7
5 (4.4.17)

After the CSM is constructed, the source vector components are calculated for all observers for
a speci�c search point y ; gn = 1

4� jx n � y j e
� ik jx n � y j . The CSM and steering vectors are used to

perform the calculation in Equation 4.1.9 and produce an output at a speci�c frequency in a
speci�c interrogation point y . This calculation is performed multiple times, changing the steering
vector for each search grid point to obtain a complete source map at a speci�c frequency.

With this method, some benchmark tests were performed. Results thereof are used in subsec-
tion 4.2.1. A brief validation of the benchmark results can show the correct functioning of the
code.

Firstly, in subsection 4.2.1 the source was placed at� = [0 :3; 0:4; 1]m. Looking at Figure 4.2, the
source position can be accurately retrieved from the resulting beamforming map.

Furthermore, the source strength was of unit magnitude (i.e. Q =1 Pa m in Equation 4.4.12).
The beamforming map attains its maximum value wheny coincides with � . At this point, the
source map level is given byZy = � = 1

2 j ~pj2. However, the results are presented in SPL ford =1 m
from the source by Equation 4.4.18. Therefore, the maximum level in the output map should be
68:985 dB. The simulation results in a maximum level of 68:9849 dB. Therefore, the frequency
domain simulation for incoherent monopole sources seems to function correctly and can be used
in the design of a microphone arrangement.

SPL = 20 log10

� p
Z

4�d
1

pref

�
(4.4.18)
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Additionally, three simulations with two, three, and four incoherent sources are shown in Fig-
ure 4.4. Figure 4.4a shows two sources at 1 m distance radiating sound at 2 kHz. One source has
unit source strength (top right), and the other Q =0 :8 Pa m. Secondly, Figure 4.4b shows three
sources at 1 m radiating sound at 2 kHz. An additional source is added to the domain (top left)
with a source strength of 0:6 Pa m. The side lobe levels of the larger sources make it di�cult
to distinguish the less powerful source. Lastly, Figure 4.4c shows an experimental result during
the microphone arrangement design in section 5.1. Four unit strength sources were added to the
domain at 3 m. This beamforming map shows the source at 4 kHz.

(a) (b) (c)

Figure 4.4: Resulting beamforming maps using Python to simulate conventional beamforming
for incoherent sources.
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Chapter 5

Design of a microphone phased array
for UAV 
y-over measurements

5.1 Microphone arrangement design

Figure 5.1: The microphone positions of the
Underbrink-Multi spiral design. The Un-
derbrink pattern is made with, r0 =0 :06 m,
rmax =0 :75 m, Na =5, Nm =6, and � =
5�= 16. Furthermore the Multi-spiral de-
sign is made with,r0 =0 :85 m, rmax =1 :5 m,
Na =5, Nm =5, and � = �= 16. The region
in red shows the Underbrink pattern, while
blue depicts the multi-spiral design.

The microphone arrangement signi�cantly impacts
the array's performance, especially aperture size
and inter-microphone distances. Prime and Doolan
have conducted a performance assessment for many
di�erent microphone arrangements over a vast
range of frequencies in"A comparison of popular
beamforming arrays" [47]. This thesis will, there-
fore, use the results of Prime and Doolan and will
not give a thorough analysis of an optimal micro-
phone arrangement.

A dual setup was created featuring a central frame
and microphone pucks to keep the array trans-
portable and allow for 
exible microphone place-
ment. Furthermore, this allows for microphone
arrangement optimisations for di�erent types of
sound sources. An array diameter of 3 m was cho-
sen to have su�cient spatial accuracy to distin-
guish closely spaced rotors. The central frame con-
sists of 31 microphones in an Underbrink pattern.
The Underbrink pattern is, according to Prime and
Doolan, a good compromise between spatial reso-
lution and dynamic range [47]. This Underbrink
pattern is extended by a multi-spiral design of 25
microphones. Furthermore, the microphone posi-
tions can be seen in Figure 5.1, where the central
frame in the Underbrink arrangement is highlighted
in red, while the multi-spiral is given a blue hue.
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The microphone positions of the Underbrink array are determined by Equation 5.1.1 and Equa-
tion 5.1.2. Furthermore the microphone arrangement for the multi-spiral extensions are deter-
mined by Equation 5.1.3, Equation 5.1.4, and Equation 5.1.5. In these equations,i = 1 ; :::; Na

and j = 1 ; :::; Nm . Furthermore, r0 is the minimum radius, while rmax is the maximum. Na is
the number of spiral arms, andNm is the number of microphones per arm. Also,� is a parameter
describing the curvature of the arm. The exact microphone positions are added to the appendix
in Figure A.3.8.

r i;j =

r
2j � 3

2Nm � 3
rmax with r i; 1 = r0 (5.1.1)

� i;j = ln(
r i;j

r0
)tan( � ) +

i � 1
Na

2� (5.1.2)

l j =
� j � 1

Nm � 1

�
lmax with lmax =

r0
p

1 + cot 2(� )
cot(� )

� rmax

r0
� 1

�
(5.1.3)

� i;j = tan( � )ln
�

1 +
l j

r0tan( � )
p

1 + cot 2(� )

�
+

i � 1
Na

2� (5.1.4)

r i;j = r0ecot( � )� i;j (5.1.5)

The performance of this array was evaluated by its PSF and the simulation of multiple closely
spaced incoherent sound sources. The output maps were assessed on spatial accuracy, SNR, and
MSL ratio. One of the results is given in Figure 4.4c.

5.2 Hardware design and considerations

The phased array's design focuses on transportability, producibility, reliability, and robustness.
Furthermore, hardware costs were kept to a minimum to allow for cheap replacements should
anything fail.

The Underbrink arrangement is constructed using a circular central plate with �ve connecting
arms that attach to the central plate. Lasercut 16 mm multiplex wood and 6 mm PMMA sheet
was used in constructing these pieces. The wood serves as the mounting panel on which the
microphones are screwed, while the PMMA sheet is added to the top for increased frame sti�ness.
16 mm spacers were added beneath the wooden panel to lift the central plate and the connecting
arms o� the ground. This was done to reduce the chance of moisture damage to the microphones
should the setup be laid on humid ground.

The outer microphones, placed on pucks, are constructed with the same 16 mm multiplex and
6 mm PMMA. However, the PMMA is added to the bottom of the wood to reduce the chances
of moisture damage to the electronics. In the �nal design, a 120 mm diameter steel disc (3 mm
thick) was added to the bottom of each puck to keep it from moving once placed. Furthermore,
windshields were added by mounting 4 mm thick open-cell foam above the microphone ports.
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Lastly, a stencil was constructed from 1 mm steel to lay the outer microphones in place e�ortlessly.
A 16 mm multiplex frame was glued to this steel to keep it from bending. Figure 5.2 shows the
computer-generated design used to produce the necessary �les for the laser cutter.

Figure 5.2: The rendered array design shows the central plate, a single arm of the outer micro-
phones, and a stencil to lay these pucks in a multi-spiral arrangement.

5.2.1 MEMS Microphone decision and considerations

Figure 5.3: A schematic representation of the In�-
neon IM73A135V01 analogue MEMS microphone. The
MEMS is shown on the left, while the Application Spe-
ci�c Integrated Circuit (ASIC) is given on the right.

Many acoustic cameras use expensive
analogue microphones. Furthermore,
the signals are sampled and converted
(analogue to digital) by costly data
acquisition systems. In such setups,
the costs of the array increase signi�-
cantly with the increasing number of
microphones. However, small PCB-
mounted systems prove reliable coun-
terparts to expensive condenser micro-
phones due to recent developments in
MEMS (Microelectromechanical sys-
tem) microphone technology. There-
fore, the decision was made to use
PCB-mounted analogue MEMS micro-
phones with additional onboard signal
processing and voltage regulation.

The In�neon IM73A135V01 was chosen as the microphone. This analogue MEMS microphone
has an IP57-rated design and is adequately robust for outdoor use. These microphones can
function after a 2 h submersion in 1 m deep water and are furthermore dust-resistant. They
should, therefore, be able to function in the outdoor environment without the risk of microphone
damage.
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Furthermore, these microphones were chosen based on their outstanding performance compared
to alternatives. Along with a signal-to-noise ratio of 73 dB (A-weighted), it boasts a 135 dB
(SPL) acoustic overload pressure level (AOPL), allowing it to be used in boisterous conditions.
Furthermore, it has a 
at frequency response from 20 Hz up to 18 kHz and an omnidirectional
pickup pattern. Due to their tight manufacturing tolerances, the phase di�erences are minor.
Lastly, these microphones are sensitivity calibrated to within � 1 dB of each other. A schematic
representation of the microphone is given in Figure 5.3. The IP-rated design and outstanding
performance make this analogue microphone an excellent choice for an outdoor acoustic camera.

5.2.2 PCB design aspects

Figure 5.4: Shows the constructed
PCB with the MEMS microphone.
Components are hidden to show the
layout and traces on the board.

The PCB design focused on device reliability, robust-
ness, signal precision, and ease of use. For an in-
depth electrical schematic, the reader is referred to
the appendix (Figure A.3.9). In contrast, a simpli�ed
schematic of the PCB layout and signal processing is
given in Figure 5.5.

A three-stage ampli�er provides signal ampli�cation.
These stages amplify the signal by a factor of 24 while
keeping it from clipping at 0 V and 12 V. This reduces
the relative amount of noise picked up between the PCB
and the DAQ, improving the reproducibility of measure-
ments. This is especially useful since the data acquisi-
tion system should be placed far from the microphone
array to avoid noise contamination. Hence, long cables
are necessary. Furthermore, amplifying the signal means
that the data acquisition system uses more bits in ana-
logue to digital conversion, making signal reconstruction
more accurate.

Furthermore, the PCB is powered using 12 V. This 12 V is used by both the microphone and the
ampli�ers. However, a step-down regulator powers the microphone, which only requires 2:6 V.
This regulator also functions as a bu�er if the PCB input voltage is not precisely 12 V (due to
noise or o�sets). This improves the reliability and robustness of these PCBs.

A three-pin header was installed. This was done for the PCB's ease of use since a simple female
connector slides on easily. The header pins are labelledP (power), G (ground), and O (output).

Finally, the designed In�neon microphone PCBs could not be used due to manufacturing delays.
These were exchanged with a microphone board from Sparkfun (ICS-40180) with an AOPL of
124 dB, an SNR of 65 dB (A-weighted), and a 
at frequency response between 60 Hz to 20 000 Hz.
These microphones were powered using a benchtop power supply, providing a stable 3:2 V. For
the measurements, 56 Sparkfun microphones were powered on 224 mW.
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Figure 5.5: A schematic representation of PCB components and signal processing.

5.3 Data acquisition system

The analogue signals from the microphones are transported over 5 m long shielded copper cables.
These three-core cables supply the PCBs with power, ground, and a data cable. These cables
connect to multiple 16 channel distribution boxes, which were already available. These distri-
bution boxes only allowed for three core cables, limiting the use of the microphone's di�erential
output. In a redesign, these boxes should provide enough cable cores for di�erential signals.
Sequentially, the distribution boxes are connected to the data acquisition system. The complete
setup is shown in Figure 5.6 where a power supply and laptop are also given for the necessary
power and data processing.

Data acquisition and processing are performed on a National Instruments NI PXIe-1073 chassis
equipped with four NI PXI-4499 Dynamic Signal Acquisition cards. This data acquisition system
is capable of simultaneously sampling 64 analogue channels at 204:8 kHz, with a 24 bit ADC.
For this purpose, it uses its First In, First Out bu�er. Since there are a total of 56 microphones
in the set-up, this should be more than enough.

The obtained data is processed in real-time using LabView and is written to a.tdms �le for post-
processing steps. The LabView application, which was visually programmed, performs real-time
conventional beamforming for demonstration purposes. The program also calculates the power
spectral density of a chosen microphone. This is done to give the user real-time insight into the
performed measurement, with which a new measurement can be set up in a matter of seconds.
However, due to the visual programming environment of LabView, the code is complex and
challenging to illustrate e�ectively. Therefore, it is not given in this report.
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Figure 5.6: A schematic overview of the data acquisition setup. The data is read from the FIFO
bu�er and is sequentially processed via LabView.

30



Chapter 6

Calibration of the microphone
positions using an acoustic GPS

Acoustic beamforming algorithms rely on the user's knowledge of the exact microphone posi-
tions, which are used to construct the steering vectors. A deviation between the expected and
actual acoustic microphone positions, a combination of physical position and phase delay, can
signi�cantly reduce the quality of the output map. However, it can be challenging to posi-
tion microphones accurately for outdoor measurements. Therefore, it is crucial to calibrate the
microphone positions after placement.

Some literature suggests using theodolites to determine the positions of the microphones [48]
accurately. However, this is a time-consuming and laborious e�ort. Furthermore, this method
only results in the microphone's physical position without considering system-related signal de-
lays. However, research has been ongoing on so-called acoustic GPS modules [49, 50]. These
aGPS modules could serve as an e�cient in-situ calibration technique to retrieve the acoustic
positions of many microphones simultaneously. This can be useful not only during beamforming
measurements but also for any measurement that requires accurate microphone positions (e.g.
directivity measurements). Therefore, an aGPS could be an e�cient position calibration method
for large microphone-phased arrays.

6.1 The acoustic GPS

Similarly to the regular GPS method, the aGPS method uses the distance between sources
and observers to tell something about the observer's position. An acoustic GPS's sources are
loudspeakers, while the receivers are the microphones. Lauterbach et al. describe a minimisation
problem, which determines the acoustic position of each target microphone independently [49].
They mention the need for a large panel with at least �ve loudspeakers behind converging ducts
(similarly to Figure A.3.4a) and a reference microphone.

This method is improved upon by Ernst et al. [50] with their self-calibrating acoustic GPS
(SC-aGPS) algorithm. They consider the uncertainty of the speakers and reference microphone
locations. They also solve the problem for a system as a whole (instead of solving it for every
microphone independently). Furthermore, they add a secondary reference microphone for the
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accurate calculation of the speed of sound. Both these methods are programmed in MatLab.
However, the following sections will discuss the SC-GPS algorithm used in this thesis.

6.1.1 The SC-aGPS algorithm

The calculation of the acoustic microphone positions using the SC-aGPS algorithm is performed
in four separate steps. Performing these steps results in the microphones' acoustic positions in
the aGPS frame of reference.

1. The �ve sources are powered in sequence, and all microphone signals (reference and target
microphones) are recorded simultaneously.

2. The time delay between the reference microphones and each target microphone is calculated
and stored.

3. The speed of sound is determined by the time delay between the reference microphones
when one of the speakers was powered.

4. The time delays are converted to distances using the speed of sound and are used to obtain
the acoustic positions in a non-linear set of equations. These equations are solved in a least
square minimisation problem.

Because step two and three need to calculate the time delay between two signals, the method to
obtain this delay is discussed �rst.

Calculation of a time delay between two signals via the frequency domain

After the measurements have been performed, all signals are �ltered �rst. All unexcited fre-
quencies (of the loudspeaker) are damped using a bandpass �lter from 4 kHz to 15 kHz with
a damping of 150 dB per decade. Then, using Welch's method, an averaged cross-correlation
function is calculated via the frequency domain.

The delays between two microphone signals are calculated via the frequency domain using the
convolution theorem. This theorem states that the Fourier transform of a convolution of two sig-
nals is equivalent to the product of the Fourier-transformed signals, i.e.F (p1� p2) = F (p1) �F (p2),
where F (�) is the Fourier transform and � the convolution operator. However, the correlation
function is used to determine the time delays. For this purpose, one of the signals is con-
jugated and time-reversed. This transforms the convolution into a correlation function, i.e.
F (p1(t) � p2(� t) � ) = F (p1(t)) � F (p2(t)) � . For real-valued signals, one can drop the conjugate in
the left-hand term, resulting in F (p1(t) � p2(� t)) = F (p1(t)) � F (p2(t)) � . This equation's inverse
Fourier transform �nally results in the cross-correlation function in Equation 6.1.1.

Rp1 ;p2 (t) = p1(t) � p2(� t) = F � 1
�

F (p1(t)) � F (p2(t)) �
�

(6.1.1)

The maximum of the cross-correlation function gives the time delay of the two signals. However,
to accurately obtain the position of this maximum, the signals are oversampled at 200 kHz and
a spline interpolation is used in the region of the maximum [50].
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Calculation of the speed of sound

The speed of sound is necessary to accurately determine the acoustic positions of the microphones.
Furthermore, the calculated speed of sound is used in the beamforming measurements, with the
construction of the steering vectors.

Two reference microphones are used on the plate to determine the speed of sound. This is done
by calculating the delay between the reference microphones when one of the speakers is powered.
This delay can then be used in calculating the speed of sound, as in Equation 6.1.2.

c0 =
jx ref ;1 � yn j � j x ref ;2 � yn j

� t ref
(6.1.2)

Calculation of the microphone position

Then, the minimisation function can be set up for Ernst's self-calibrated aGPS algorithm. The
following system of equations is of interest here, given in Equation 6.1.3.

Fi;j;k (x i ; x ref;j ; yk ) = jyk � x i j � j yk � x ref;j j � c0D ijk (6.1.3)

In this equation, yk , x i , and x ref ;j denote the positions of the tweeter, the target microphone, and
the reference microphone, respectively. This equation is the basis for the optimisation problem
shown in Equation 6.1.4.

min
x i

x ref;j
y k

N tX

i =1

N rX

j =1

N sX

k=1

Fi;j;k (x i ; x ref;j ; yk )2 (6.1.4)

In this case, N t , N r , and Ns are the number of target microphones, reference microphones, and
speakers, respectively. The optimisation algorithm should be constrained close to the initial guess
of positions, especially since the locations of the loudspeakers and reference microphones on the
aGPS panel are measured with a coordinate measurement machine with a tolerance of 0:03 mm
[51]. Therefore, a set of constraints is set up to force the algorithm to look for an optimum in
the neighbourhood of the initial positions, given in Equation 6.1.5. In this equation,E i , E j , and
Ek specify the maximum expected error for the target microphone, reference microphone, and
speakers, respectively.

jx i � x̂ i j � E i i = 1 ; :::; N t

jx ref;j � x̂ ref;j j � E j j = 1 ; :::; N r

jyk � ŷk j � Ek k = 1 ; :::; Ns

(6.1.5)

This function is minimised using the interior-point method in MatLab and outputs the target
microphone coordinates in the aGPS frame of reference.
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6.1.2 Transformation of the reference frame

The previous calculations are performed in the aGPS coordinate frame, while the positions of the
target microphones need to be known in the acoustic camera frame of reference. This coordinate
transformation is performed in Equation 6.1.6.

x i; cam = Rx i; gps + t (6.1.6)

Where x i; cam and x i; gps are the microphone coordinates in the acoustic camera and the aGPS
frame, respectively,R is the orthogonal rotation matrix, and t is a translation vector. It is shown
by Gander [52] that t is the vector between the centres of gravity of the point cloudsx i; cam and
x i; gps. They can, therefore, be calculated directly. However, obtainingR has to be done by
another least-squares minimisation. Eventually, this yields the calculated microphone positions
in any reference frame.

Figure 6.1: The arrangement of microphones and loudspeakers, looking at the front of the aGPS
panel. The assumed and measured coordinates of the microphones and loudspeakers are given
in Table A.3.3 and Table A.3.4, respectively.
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6.2 Acoustic GPS module design

Figure 6.2: The constructed aGPS on the alu-
minium framing, showing the positions of the
speakers by the red circles.

The constructed aGPS panel, shown in Fig-
ure 6.2, is constructed from a circular plate of
20 mm multiplex, with a diameter of 1:3 m. A
heavy plate was chosen to limit vibrations due to
a powerful mounted speaker. Selecting a lighter
panel would make the setup more manageable.
However, this could also increase the chance of
speaker sound vibrating through the wood to
the reference microphones. This would result
in unusable measurements for the aGPS algo-
rithm since it assumes that the sound propagates
through the air, not the wood.

Two GRAS 40PH-10 microphones were mounted
to the panel as reference microphones. These
microphones have a 
at frequency response be-
tween 10 Hz until 20 kHz and an AOPL of 135 dB
(SPL). This frequency range and high AOPL en-
sure their compatibility with powerful loudspeak-
ers. These reference microphones are placed far
apart, so any mounting error is relatively small
compared to the distance between microphones.

Five hi-� loudspeakers (VISATON 8005) were mounted behind 3D-printed converging ducts to
simulate monopole sound sources. These loudspeakers were chosen based on their 
at frequency
response between 1:5 kHz and 22 kHz, mostly coinciding with the usable frequency range of the
reference microphones. Also, their power limit of 100 W makes them powerful sound sources,
especially useful for outdoor use. The arrangement of loudspeakers is based on a Dougherty-log
spiral and can be seen in Figure 6.1. Power is provided by a 40 W sound ampli�er, built into a
custom switch box to turn the loudspeakers on and o�.

After mounting the loudspeakers and microphones to the panel, the ports were measured by
a coordinate measurement machine (FARO Quantum LLP) [51]. This is done to improve the
aGPS algorithm, which requires an accurate initial guess of the microphone (both targets and
references) and loudspeaker positions. Lastly, the entire panel was mounted to an aluminium
frame.
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6.3 aGPS experimental validation

6.3.1 Phase calibration of CAE antenna

The accuracy of the aGPS calibration method is assessed using the CAE microphone array. Since
this array has known microphone positions, any deviations can be attributed to aGPS errors
and microphone signal delays. Assuming the microphone signal delay to be small, performing
this measurement will show the accuracy of the aGPS method. As a secondary objective, this
measurement will show that a position calibration of externally sampled microphones is possible.
The aGPS's reference microphones are connected to the NI DAQ system, while the CAE system
runs on its own DAQ.

The components of the aGPS module were already mentioned in section 6.2 and will not be
repeated. A picture of the measurement setup is shown Figure 6.3a. Both the aGPS and CAE
microphone array are set up in an upright position, with a distance of 2 m between their centres
(unlike the 0:6 m in the picture). In aGPS coordinates, the centre of the CAE antenna was
positioned at [0; 0; 2]m. The speakers in the aGPS panel were excited by a white noise signal.
The CAE microphone array, having 112 microphones, is mounted on a tripod and connected to
a laptop running CAE noise inspector. This software allows for measuring with their acoustic
antenna and saving the microphone signals to a.tdms �le.

(a) (b)

Figure 6.3: (a) Shows the CAE array and aGPS module used during the aGPS performance
assessment. (b) Shows a simpli�ed sketch of the setup with the used (aGPS) coordinate system
and the distance between aGPS and acoustic camera.

First, the speed of sound will be calculated using Equation 6.1.2. The calculated speed of sound

is compared to the speed of sound in an ideal gas:c =
q


RT
M . In this equation, 
 is the heat

capacity ratio, R is the molar gas constant,T is the absolute temperature, andM is the molar
mass of the gas.

Then, using the calculated delays and the speed of sound, the optimisation algorithm determines
the acoustic positions of all microphones (and loudspeakers). The acoustic positions of the target
microphones are compared to the microphone coordinate �le of the CAE array.
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DAQ settings and signal processing

The measurements were performed at a sampling frequency of 47 998 Hz. This is signi�cantly
lower than the 200 kHz mentioned previously but was restricted by the sampling frequency of
the CAE array. Furthermore, a sampling time of 10 s was chosen. These settings were used for
all �ve measurements (one for each speaker). All signals were bandpass �ltered between 4 kHz
and 15 kHz with a damping of 150 dB per decade.

Then, time-shift corrections were applied to the target microphone signals. Time-shift correction
was applied by assuming the distance between the �rst target microphone and the �rst reference
microphone was known. Using the calculated speed of sound, an estimated delay could be
calculated. The mismatch between the expected and actual delay was used to shift the target
microphone signals and correct for the unsynchronised measurement start.

The delays are calculated between the shifted target microphone signals and the reference mi-
crophones. For Welch's method in determining the delays, ahanning window with 2048 samples
was chosen along with 50 % overlap. The calculated delays were stored in the delay matrix.

The interior-point optimisation algorithm was chosen for the SC-aGPS algorithm and the trans-
formation into the acoustic camera's frame of reference. The following constraints were used
(Equation 6.1.5): E i =0 :2 m, E j =0 :002 m, andEk =0 :002 m.

Results of the CAE position calibration

The temperature at the time of measuring was 26:5 � C. In dry air 1, this results in a speed of
sound of 346:9 m s� 1. The aGPS estimated the speed of sound at 347:1 m s� 1. This results in a
deviation of 0:2 m s� 1 (error of 0:06 %).

After 193 iterations of Equation 6.1.4 an minimum was found that satis�ed the constraints in
Equation 6.1.5. The average deviation of the CAE array within aGPS coordinate frame was
calculated as 5:43 mm. After the coordinate transformation into the array's frame of reference,
the average deviation was calculated as 4:93 mm. Figure 6.4a shows the deviations decomposed
in the x, y, and z components, where also the average deviation is given by a grey circle. The
average deviation in x, y, and z direction was calculated to be 3:2 mm, 0:9 mm and 2:9 mm
respectively.

The Euclidean norm of the deviation for each microphone can be seen in Figure 6.4b. Many
microphones show only a slight deviation. However, 8 outliers are visible with a deviation larger
than 10 mm.

1This assumes that there is no moisture in the air, furthermore, 
 = 1 :4, R =8 :3145 J mol� 1 K � 1 , and
M =0 :028 964 5 kg mol� 1
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(a)

(b)

Figure 6.4: (a) The deviations per microphone of the CAE antenna in the x-y (left) and x-z
plane (right). The average deviation is given by the circle. (b) The deviation's Euclidean norm
for each microphone of the CAE antenna.
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