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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 flyovers. 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 flexible microphone
positioning, enabling performance optimisation based on the specific sound source of interest.
A measurement method and setup, known as acoustic GPS, was implemented to accurately
and efficiently determine the positions of the microphones. Far-field acoustic beamforming al-
gorithms were implemented in Python. Extensive measurements were conducted in an anechoic
chamber to validate the far-field acoustic beamforming algorithms and verify the microphone
calibration method. Additionally, the performance and robustness of the measurement system
were evaluated during outdoor flyover 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 the Queen 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 first
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 first 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 leaflets.

In the early stages of UAV development,
aircraft and signal transmission systems
were costly. However, costs have decreased significantly due to advancements in motors, bat-
teries, and other electronics, making drones and radio transmitters cheaper. The reduced costs
and simplified 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 Configurations 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 configuration of these platforms. In
the following paragraphs, multirotor, fixed-wing, and VTOL UAVs are shortly discussed.

Multirotor UAVs have more than two lift-generating rotors. Figure 1.2a illustrates a multicopter
platform, specifically 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 off vertically.

(a) (b)

(c)

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

Another type of UAV is the fixed-wing UAV. These drones have at least one fixed 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 flight for the
wing to provide lift. This also means they are less manoeuvrable than multirotors and need a
runway for take-off and landing. An example of a fixed-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 fixed-wing drones. A Vertical Take-Off and
Landing drone (VTOL) can transfer between horizontal and vertical flight. This UAV has a fixed
wing and a multitude of rotors to accomplish this. It, therefore, combines the manoeuvrability of
a multirotor with the endurance of the fixed-wing drone. A VTOL UAV is shown in Figure 1.2c,
where the rotors and a fixed 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, scientific 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 traffic noise is one of the top-ranking factors affecting human health [10, 11]. However,
current literature also suggests that drone noise is significantly more annoying than road traffic
[12–14].

Using recordings of UAV fly-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 effects 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 significant 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 significant factor in the social acceptance of UAVs. A study by
Schäffer et al. [17] demonstrated that an individual’s attitude towards UAVs is primarily influ-
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 significant if the participant had
a previous encounter with the noise from a UAV. Paying attention to the noise footprint of these
drones can, therefore, significantly increase the implementation grade and success rate of UAVs
in the urban environment [19]. Hence, the localisation and quantification of UAV noise sources
are of great interest to the scientific and the general community.

1.4 The necessity for fly-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 confined spaces can
create inaccurate or incomplete results. Flow recirculation and ground effect can significantly
impact measurements in relatively small spaces compared to the UAV. Furthermore, drone op-
erating conditions (e.g. manoeuvres and forward flight) can notably affect the radiated noise

3



Chapter 1. The Rise of Unmanned Aerial Vehicles

due to a change in flow regime [12, 20, 21]. Therefore, the importance of outdoor fly-over noise
measurements on UAVs is stressed to perform measurements in accurate flow 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 fixed and optimised
for specific sources. This optimisation problem can be avoided by using a flexible 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 difficult. Therefore, developing and using an acoustic camera is
complex and presents many challenges.

However, these acoustic cameras can significantly 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 fly-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 fluids. The field of acoustics deals with such sound’s production,
transmission, reception, control, and effects [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 flight. 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 first step in understanding
rotor noise and, eventually, UAV noise.

The following sections describe the mechanisms that produce noise on an airfoil in undisturbed
flow. 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 flow is present [27]. Such noise is created due to an interaction between streamwise
flow 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 specific frequencies are excited about the
shedding rates of the trailing edge vortices [27,28].
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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 fluctuations on the skin of the airfoil, as shown in Figure 2.2. Boundary
layer pressure fluctuation 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 fifth 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 flow 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 flow separation is often dynamic, with a highly unsteady flow.

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 finite trailing edge thickness, vortex shedding occurs at the trailing
edge, radiating noise into the far-field. The dominant frequency of the noise is often scaled with
the velocity of the flow U and the thickness of the blunt edge h to obtain the Strouhal number,

St
′′′
peak =

fpeakh
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 significantly reduces the sound
power of the tonal component of this mechanism [30].
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Tip vortex noise

Tip vortices are generated due to the pressure difference 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 flow
impinging on the leading edge [27, 30, 31]. This mechanism’s perceived noise is related to the
turbulent inflow statistics and the leading edge radius [27]. This is an important noise source to
consider in low Mach number flows [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 100Hz, generating a BPF of 200Hz with
a two-bladed rotor.
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BPF = N
RPM

60
(2.2.1)

In contrast, broadband noise is produced in a non-periodic, chaotic flow and is often due to
turbulent flow 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 defined 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 fluid 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 fluid, a combination of
thrust and torque. The periodic force fluctuation of the blade on the surroundings radiates into
the far field, propagating as sound. This type of noise is essential at low to moderate speeds and
can be modelled using dipole sources [32].

Quadrupole sources can 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 difference in flow 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 flight 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
flow conditions on the trailing blade [32](graphically explained in Figure 2.6).

The vortices from the blades pass over the trailing blades during forward flight. 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-field. 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 fluc-
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, Schäffer 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 1m from the drone hovering above a reflective surface. These noise emissions
slightly increased for forward flight, which was also shown by Cussen [15]. Lastly, Niesten [36]
showed that the sound reflections 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-field
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 fluctuations when a blade passed over a strut,
causing significant unsteady loading. They also showed that decreasing the separation distance
between rotors and the distance between a rotor and strut significantly increased the radiated
sound pressure levels. Furthermore, Schäffer 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, flow separation, vortex
shedding, tip vortices and noise from the turbulent boundary layer. However, when looking at a
complete UAV, complex interactions can also produce significant amounts of noise, such as blade-
to-blade interaction, blade-frame interactions, blade-vortex interactions, blade-wake interactions,
frame-wake interactions or recirculating flow [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 briefly 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 significant flow is present. The medium under consider-
ation has a pressure p, density ρ, 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 first step in deriving
the linearised wave equation.

∂ρ

∂t
+∇ · (ρu) = 0 (3.1.1)

∂(ρu)

∂t
+∇p+ ρu · ∇u = 0 (3.1.2)

Sound waves are considered small perturbations to a fluid’s ambient state. Pressure, density, and
velocity are therefore transformed as a sum of a small perturbation and the constant reference
state (p0, ρ0, and u0) as in Equation 3.1.3.
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p = p0 + p′, ρ = ρ0 + ρ′, u = u0 + u′ (3.1.3)

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

∂(ρ0 + ρ′)

∂t
+∇ ·

(
(ρ0 + ρ′)(u0 + u′)

)
= 0 (3.1.4)

Assuming that ρ′ ≪ ρ0, ρ0 is time-averaged and constant throughout the medium [40], Equa-
tion 3.1.4 can be rewritten into Equation 3.1.5.

∂ρ′

∂t
+ ρ0∇ · u′ + ρ′∇ · u0 = 0( ∂

∂t
+∇ · u0

)
ρ′ + ρ0∇ · u′ = 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.

∂(ρ0 + ρ′)(u0 + u′)

∂t
+∇(p0 + p′) + (ρ0 + ρ′)(u0 + u′) · ∇(u0 + u′) = 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, simplifications are possible: ∇(p0 + p′) = ∇p′. Applying
these simplifications allows Equation 3.1.6 to be rewritten into Equation 3.1.7.

ρ0

( ∂

∂t
+∇ · u0

)
u′ +∇p′ = 0 (3.1.7)

By applying ( ∂
∂t +∇ · 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
+∇ · u0

)2
ρ′ + ρ0∇ · u′

( ∂

∂t
+∇ · u0

)
= 0 (3.1.8)

ρ0∇ · u′
( ∂

∂t
+∇ · u0

)
+∇2p′ = 0 (3.1.9)

Where ∇2 = ∇ · ∇. Subtracting Equation 3.1.9 from Equation 3.1.8, yields Equation 3.1.10.

( ∂

∂t
+∇ · u0

)2
ρ′ −∇2p′ = 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
sufficiently small in this state for a ’constant temperature’ approximation.
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dp =
(∂p
∂ρ

)
s
dρ+

(∂p
∂s

)
ρ
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 fluid, resulting in ds = 0.

Lastly, the speed of sound can be defined by c =
√

(∂p/∂ρ)s, by which Equation 3.1.11 becomes
Equation 3.1.12.

p = c20ρ (3.1.12)

In which the average pressure and density approximate the speed of sound, i.e. c0 = c(ρ0, 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

c20

( ∂

∂t
+∇ · u0

)2
p′ −∇2p′ = 0 (3.1.13)

Assuming that there is no mean flow (u0 = 0), the convective wave equation simplifies to the
d’Alembert wave equation, given in Equation 3.1.14.

1

c20

∂2p′

∂t2
−∇2p′ = 0 (3.1.14)

This homogeneous second-order partial differential equation (PDE) describes wave propagation
at the speed c0. The solution of this equation depends on the initial conditions specified 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

c20

∂2p′

∂t2
−∇2p′ = 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 where q(x, t) is non-zero. This
results in a separated domain where q is zero, and wave propagation prevails and a domain
where q 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 field can be determined when the source terms are
known and initial and boundary conditions are well defined. However, the opposite is not valid.
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Ffowcs Williams, an Emeritus rank Professor specialising in aeroacoustics, emphasised that a
measured acoustic field has no unique source type and distribution. However, it is only possible
to define a source distribution with the same measurable acoustic field 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 Quantification of sound level and annoyance

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

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 344.2m 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 20Hz and
20 kHz. At a speed of sound of 343m s−1, this means
that the wavelengths of interest lie between 17m to
17mm. Also, a human can hear sound waves with
amplitudes as low as 20 µPa up to 200Pa. The large frequency envelope and the significant
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 20 µPa. The SPL is given in terms
of the root mean square of the fluctuating pressure prms and this reference pressure pref 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 filter 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 defined 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, fluctuating strength, and sharpness are also significant in annoyance quan-
tification [42]; however, these factors are not considered in this thesis.
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Chapter 4

Sound source localisation and
quantification

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 field. 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-field acoustic beamforming

4.1.1 Time domain beamforming: delay and sum

Consider a microphone phased array containing a total of N microphones positioned at xn in
a homogeneous stagnant medium also containing a compact sound source at ξ, as shown in
Figure 4.1. Each microphone can measure the pressure waves coming from this source. However,
due to the difference 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 defines an interrogation plane on which many points are defined. 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 difference. 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 difference 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

N∑
n=1

wnpn(t− τn) (4.1.1)

15



Chapter 4. Sound source localisation and quantification

The time-shifted signals for each microphone pn are weighted by wn, summed, and normalised
by the number of microphones N . The amount of delay is microphone-specific and proportional
to the distance from the microphone to the interrogation point given by τn = rn

c0
, where c0 is the

average speed of sound in the medium and rn = |xn − ξ|. 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 choosing wn = 4πrn, and the
equation can be rewritten into Equation 4.1.2.

z(t) =
1

N

N∑
n=1

4πrnpn(t− τn) (4.1.2)

This is the case for monopole-type sources in the free field, along with dipoles and quadrupoles
in the acoustic far-field [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
quantified (source map in Figure 4.1).

Figure 4.1: The delay and sum method with N microphones, with a source at position ξ.
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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.

z̃(ω) =
N∑

n=1

wnp̃n(ω)e
−iωτn (4.1.3)

Where p̃n 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 (p̃n),
originating from the microphone, and the phase shifting and weighting part (wne

−iωτn). The
formulation can then be rewritten into Equation 4.1.4.

z̃(ω) = (wne
−iωτn)†p̃n(ω) (4.1.4)

Where the † operator is used as the Hermitian conjugate operator. The vector (wne
−iωτn) 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 defined in source vector components:
g†n(ω)

∥gn(ω)∥2 , with gn = e−iωτn

4πrn
. This eventually yields Equation 4.1.5.

z̃(ω) =
g†n(ω)

∥gn(ω)∥2
p̃n(ω) (4.1.5)

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

z̃(ωk) =
g†n(ωk)

∥gn(ωk)∥2
p̃n(ωk) (4.1.6)

For the sake of readability the term (ωk) 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
|z̃|2

=
1

2

(g†np̃n)

∥gn∥2
(g†np̃n)

∗

∥gn∥2

=
1

2

g†n(p̃np̃
†
n)gn

∥gn∥4

(4.1.7)
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The term 1
2(p̃np̃

†
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

 p̃1p̃
∗
1 · · · p̃1p̃

∗
N

...
. . .

...
p̃N p̃∗1 · · · p̃N p̃∗N

 (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-field acoustic beamforming.

Z = g†nCSM 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 diffraction limit and Rayleigh’s criterion

Consider a simple simulated monopole source whose position, frequency and amplitude are de-
fined in a plane exactly 1m from the array. The source is given unit source strength at all
frequencies (Q = 1Pam) at ξ = [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 −1m and 1m in both x and y with a resolution
of 0.007m in both directions.

One can readily see the source location due to a main lobe in the source map in the three figures
of Figure 4.2. Along with this single main lobe, the rest of the domain is also non-zero and
shows some artificial 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 defined 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 λ and distance between the array and the source d 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 1m 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 ∼ λd

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 differences 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 artificial 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 reflect 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 quantification difficult. However, diagonal removal and source region integration
techniques allow for the improvement of the source map and the accurate quantification 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 = p̃mp̃∗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 difficulties with sound source quantification due to the reduction and broadening
of the main lobe. This can make the quantification of sound source power challenging.
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To overcome this and normalise the results, a method called source region integration can be
employed [46]. The technique integrates part of the source map Zh,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 points h, as in Equation 4.3.11
[30].

Pexp =
H∑

h=1

Zh,exp ·
Psim∑H

h=1 Zh,sim

(4.3.11)

Where the power of the simulated monopole is given by Psim and the sound source power in
the source map by Pexp, furthermore,

∑H
h=1 Zh,sim and

∑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 signifi-
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, briefly 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-field function in Equation A.2.18. This is used to calculate the frequency response at all
observers xn from a source at ξ with strength Q, given by Equation 4.4.12.

p̃n =
Q

4π|xn − ξ|
e−ik|xn−ξ| (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 index s denotes a CSM specific to a single source.

CSMmn,s =
1

2
p̃m,sp̃

∗
n,s (4.4.13)

After constructing the CSM for each source individually, the CSMs for a specific 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
difference. The microphone response is a sum of both source responses at the observer, i.e.
p̃n = p̃n,1 + p̃n,2, since any change in response is coherent between sources. Here, the index after
the subscript denotes the contribution of a specific 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
(p̃m,1 + p̃m,2)(p̃

∗
n,1 + p̃∗n,2) =

1

2
(p̃m,1p̃

∗
n,1 + p̃m,1p̃

∗
n,2 + p̃m,2p̃

∗
n,1 + p̃m,2p̃

∗
n,2) (4.4.14)

The terms p̃m,1p̃
∗
n,2 and p̃m,2p̃

∗
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 =

S∑
s=1

CSMmn,s =

S∑
s=1

1

2
p̃m,sp̃

∗
n,s (4.4.15)

Similarly, with two incoherent sources, this simplifies to Equation 4.4.16.

CSMmn =
1

2
(p̃m,1p̃

∗
n,1) +

1

2
(p̃m,2p̃

∗
n,2) =

1

2
(p̃m,1p̃

∗
n,1 + p̃m,2p̃

∗
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 =

S∑
s=1

1

2

 p̃1,sp̃
∗
1,s · · · p̃1,sp̃

∗
N,s

...
. . .

...
p̃N,sp̃

∗
1,s · · · p̃N,sp̃

∗
N,s

 =
1

2

 p̃1p̃
∗
1 · · · p̃1p̃

∗
N

...
. . .

...
p̃N p̃∗1 · · · p̃N p̃∗N

 (4.4.17)

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

4π|xn−y|e
−ik|xn−y|. The CSM and steering vectors are used to

perform the calculation in Equation 4.1.9 and produce an output at a specific frequency in a
specific 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 specific 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 ξ = [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 =1Pam in Equation 4.4.12).
The beamforming map attains its maximum value when y coincides with ξ. At this point, the
source map level is given by Zy=ξ =

1
2 |p̃|

2. However, the results are presented in SPL for d =1m
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

(√Z

4πd

1

pref

)
(4.4.18)

22



Chapter 4. Sound source localisation and quantification

Additionally, three simulations with two, three, and four incoherent sources are shown in Fig-
ure 4.4. Figure 4.4a shows two sources at 1m distance radiating sound at 2 kHz. One source has
unit source strength (top right), and the other Q =0.8Pam. Secondly, Figure 4.4b shows three
sources at 1m radiating sound at 2 kHz. An additional source is added to the domain (top left)
with a source strength of 0.6Pam. The side lobe levels of the larger sources make it difficult
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 3m. 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 fly-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 =0.06m,
rmax =0.75m, Na =5, Nm =6, and ν =
5π/16. Furthermore the Multi-spiral de-
sign is made with, r0 =0.85m, rmax =1.5m,
Na =5, Nm =5, and ν = π/16. The region
in red shows the Underbrink pattern, while
blue depicts the multi-spiral design.

The microphone arrangement significantly impacts
the array’s performance, especially aperture size
and inter-microphone distances. Prime and Doolan
have conducted a performance assessment for many
different 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 flexible microphone place-
ment. Furthermore, this allows for microphone
arrangement optimisations for different types of
sound sources. An array diameter of 3m was cho-
sen to have sufficient 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, and Nm is the number of microphones per arm. Also, ν is a parameter
describing the curvature of the arm. The exact microphone positions are added to the appendix
in Figure A.3.8.

ri,j =

√
2j − 3

2Nm − 3
rmax with ri,1 = r0 (5.1.1)

θi,j = ln(
ri,j
r0

)tan(ν) +
i− 1

Na
2π (5.1.2)

lj =
( j − 1

Nm − 1

)
lmax with lmax =

r0
√

1 + cot2(ν)

cot(ν)

(rmax

r0
− 1

)
(5.1.3)

θi,j = tan(ν)ln
(
1 +

lj

r0tan(ν)
√

1 + cot2(ν)

)
+

i− 1

Na
2π (5.1.4)

ri,j = r0e
cot(ν)θi,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 five connecting
arms that attach to the central plate. Lasercut 16mm multiplex wood and 6mm 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 stiffness.
16mm spacers were added beneath the wooden panel to lift the central plate and the connecting
arms off 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 16mm multiplex and
6mm PMMA. However, the PMMA is added to the bottom of the wood to reduce the chances
of moisture damage to the electronics. In the final design, a 120mm diameter steel disc (3mm
thick) was added to the bottom of each puck to keep it from moving once placed. Furthermore,
windshields were added by mounting 4mm thick open-cell foam above the microphone ports.
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Lastly, a stencil was constructed from 1mm steel to lay the outer microphones in place effortlessly.
A 16mm 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 files 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 Infi-
neon IM73A135V01 analogue MEMS microphone. The
MEMS is shown on the left, while the Application Spe-
cific 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 signifi-
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 Infineon 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 1m 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 flat frequency response from 20Hz up to 18 kHz and an omnidirectional
pickup pattern. Due to their tight manufacturing tolerances, the phase differences 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 simplified
schematic of the PCB layout and signal processing is
given in Figure 5.5.

A three-stage amplifier provides signal amplification.
These stages amplify the signal by a factor of 24 while
keeping it from clipping at 0V and 12V. 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 12V. This 12V is used by both the microphone and the
amplifiers. However, a step-down regulator powers the microphone, which only requires 2.6V.
This regulator also functions as a buffer if the PCB input voltage is not precisely 12V (due to
noise or offsets). 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 labelled P (power), G (ground), and O (output).

Finally, the designed Infineon 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 flat frequency response between 60Hz to 20 000Hz.
These microphones were powered using a benchtop power supply, providing a stable 3.2V. For
the measurements, 56 Sparkfun microphones were powered on 224mW.
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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 5m 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 differential
output. In a redesign, these boxes should provide enough cable cores for differential 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 buffer. 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 file 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 effectively. 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
buffer and is sequentially processed via LabView.
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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
significantly 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 effort. 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 efficient 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 efficient 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 five 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 five 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 first.

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

After the measurements have been performed, all signals are filtered first. All unexcited fre-
quencies (of the loudspeaker) are damped using a bandpass filter 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 finally 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 =
|xref ,1 − yn| − |xref ,2 − yn|

∆tref
(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(xi,xref,j ,yk) = |yk − xi| − |yk − xref,j | − c0Dijk (6.1.3)

In this equation, yk, xi, and xref ,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
xi

xref,j
yk

Nt∑
i=1

Nr∑
j=1

Ns∑
k=1

Fi,j,k(xi,xref,j ,yk)
2 (6.1.4)

In this case, Nt, Nr, 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 0.03mm
[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, Ei, Ej , and
Ek specify the maximum expected error for the target microphone, reference microphone, and
speakers, respectively.

|xi − x̂i| ≤ Ei i = 1, ..., Nt

|xref,j − x̂ref,j | ≤ Ej j = 1, ..., Nr

|yk − ŷk| ≤ 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.

xi,cam = Rxi,gps + t (6.1.6)

Where xi,cam and xi,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 clouds xi,cam and
xi,gps. They can, therefore, be calculated directly. However, obtaining R 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
20mm multiplex, with a diameter of 1.3m. 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 flat frequency response be-
tween 10Hz 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-fi loudspeakers (VISATON 8005) were mounted behind 3D-printed converging ducts to
simulate monopole sound sources. These loudspeakers were chosen based on their flat 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 100W 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 40W sound amplifier, built into a
custom switch box to turn the loudspeakers on and off.

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 2m between their centres
(unlike the 0.6m 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 file.

(a) (b)

Figure 6.3: (a) Shows the CAE array and aGPS module used during the aGPS performance
assessment. (b) Shows a simplified 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 =
√

γRT
M . In this equation, γ is the heat

capacity ratio, R is the molar gas constant, T is the absolute temperature, and M 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 file of the CAE array.
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DAQ settings and signal processing

The measurements were performed at a sampling frequency of 47 998Hz. This is significantly
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 five measurements (one for each speaker). All signals were bandpass filtered 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 first target microphone and the first 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, a hanning 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): Ei =0.2m, Ej =0.002m, and Ek =0.002m.

Results of the CAE position calibration

The temperature at the time of measuring was 26.5 ◦C. In dry air1, this results in a speed of
sound of 346.9m s−1. The aGPS estimated the speed of sound at 347.1m s−1. This results in a
deviation of 0.2m s−1 (error of 0.06%).

After 193 iterations of Equation 6.1.4 an minimum was found that satisfied the constraints in
Equation 6.1.5. The average deviation of the CAE array within aGPS coordinate frame was
calculated as 5.43mm. After the coordinate transformation into the array’s frame of reference,
the average deviation was calculated as 4.93mm. 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 3.2mm, 0.9mm and 2.9mm
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 10mm.

1This assumes that there is no moisture in the air, furthermore, γ = 1.4, R =8.3145 Jmol−1 K−1, and
M =0.028 964 5 kgmol−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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6.3.2 Phase calibration of the ground positioned acoustic camera

The ground-positioned microphone phased array is calibrated to see if beamforming improve-
ments can be obtained in section 7.1. The components necessary for such a calibration are the
aGPS (discussed in section 6.2) and the ground-positioned acoustic camera (discussed in chap-
ter 5). The setup is schematically shown in Figure 6.5, while a picture is given in Figure 7.1.
The loudspeakers in the aGPS were sequentially powered with a white noise signal, while the
DAQ sampled 58 microphones (2 reference microphones and 56 target microphones).

This section aims to show the results of a position calibration of the ground-positioned micro-
phone phased array. Therefore, a comparison between the calculated and aGPS-retrieved speed
of sound is omitted. Hence, only the deviation from the initial guess of microphone positions is
shown.

Figure 6.5: The measurement setup for a position calibration of the ground-positioned micro-
phone phased array. The central microphone of the ground-positioned phased array was placed
at [0.24,−1.76, 1.77]m in aGPS reference frame.

DAQ settings, signal processing, and optimiser settings

A higher sampling frequency could be chosen since the aGPS and acoustic camera were both
connected to the NI DAQ. Therefore, a sampling frequency of 200 kHz was used in 5 measure-
ments of 10 s each. All signals were bandpass filtered between 4 kHz and 15 kHz using 150 dB
damping per decade. For Welch’s method in calculating the time-delays, a 8192 sample hanning
window was chosen with 50% overlap. Such a large window was chosen to allow for the large
difference in sound arrival time between the reference and target microphones.

Lastly, the interior-point method was chosen as the optimiser for the aGPS algorithm and the
transformation of the reference frame. The following constraints were applied (Equation 6.1.5):
Ei =0.2m, Ej =0.002m, and Ek =0.002m.

39



Chapter 6. Calibration of the microphone positions using an acoustic GPS

Results of a position calibration for the ground-positioned acoustic camera

The calculated speed of sound was found to be 345.21m s−1, with which an optimum was found
after 362 steps of the interior-point algorithm. However, the optimiser mentioned a possibly
lower minimum outside of the constraints.

The average deviation in the aGPS’s frame of reference was found to be 1.2mm. After a coordi-
nate transformation into the acoustic camera reference frame, an average deviation of 0.69mm
was calculated. The deviations per microphone and the corresponding Euclidean norm can be
found in Figure 6.6. Three significant outliers are visible, while the rest of the microphones lay
within 1mm of the initial guess (the created coordinates according to section 5.1).

(a)

(b)

Figure 6.6: (a) The deviations per microphone of the designed antenna in the x-y (left) and x-z
plane (right). The circle gives the average deviation. (b) The Euclidean norm of the deviation
for each microphone of the designed antenna.
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Experimental shakedown of the
ground-positioned acoustic camera

Measurements were performed to validate the functioning of the ground-positioned microphone
phased array and test its robustness during outdoor noise measurements on UAVs. Furthermore,
the aGPS’s use is tested for beamforming applications. The first two measurements were per-
formed in the anechoic chamber of the University of Twente and will validate the functioning
of the array and aGPS. The third measurement is an outdoor UAV fly-over measurement. This
final measurement will show and discuss the far-field beamforming capabilities of the acoustic
camera in outdoor UAV fly-over measurements.

7.1 Performance assessment of far-field beamforming with a loud-
speaker

Beamforming is performed on a loudspeaker to assess the performance of the ground-positioned
microphone phased array. The performance will be evaluated by comparing the results to a
simulation of a monopole sound source. Then, comparisons can be made looking at the array’s
spatial accuracy, MSL ratio, and SNR. Lastly, the aGPS is employed to see if the output maps
can be improved by a position-calibration of the microphones.

The required equipment for the acoustic camera is already discussed in section 5.1 and will not
be repeated in this chapter. Also, the aGPS and its corresponding equipment (discussed in
section 6.1) are employed for the acoustic position calibration. Moreover, the extra equipment
for this measurement includes a Cambridge Audio Minx Min 12 loudspeaker and a rope to hang
the loudspeaker from the ceiling. A picture of this setup is given in Figure 7.1.

Firstly, Beamforming is performed with the loudspeaker at 2m, 2.5m and 3m above the array’s
centre. These measurements are compared with the simulation of a monopole source at the
same position as the loudspeaker. Secondly, the microphones were position calibrated using
the aGPS, of which the results are discussed in subsection 6.3.2. Output maps are made using
the calibrated microphone positions. These output maps will be compared to those without a
position calibration to see if any performance improvements are observable.

41



Chapter 7. Experimental shakedown of the ground-positioned acoustic camera

Figure 7.1: The setup for the beamforming performance assessment. The loudspeaker, aGPS,
and acoustic antenna are shown.

Data acquisition and beamforming settings

The loudspeaker was powered with a white noise signal, while the microphones were sampled
at 47 998Hz for 10 s. The microphone signals were used to construct the CSM from the power
spectral density using Welch’s method. A hanning window with 1024 samples was chosen with
50% overlap.

A search grid was constructed between −0.25m and 0.25m in both x and y direction. In both
directions, 301 gridpoints were used to yield a resolution of 1.7mm. These output maps are given
in dB SPL according to Equation 4.4.18, for which the dynamic range is set to 15 dB.

Beamforming maps of a loudspeaker and results of a position calibration

First, Figure 7.3 gives the results for the loudspeaker at 3m for different frequencies. Many
side lobes are visible in the measurements, especially at high frequencies. The simulation results
show less noise and lower side lobe levels. Furthermore, looking at Figure 7.3a, the spatial
accuracy of the array seems to be visibly less than the simulatory results. The beamwidth of the
measurement is 0.13m, while the simulatory beamwidth is 0.117m (4 kHz at 3m). Lastly, this
beamwidth decreases with increasing frequency.

Figure 7.4, shows the results looking at 12 kHz at 2m, 2.5m and 3m from the source. Again,
many side lobes are visible with more noise than the simulation results. Furthermore, the
beamwidth increases with increasing distance.
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Lastly, Figure 7.5 shows the result of a phase calibration. Side lobe levels, SNR and spatial
accuracy, remain unchanged (under visual inspection). However, an increase in main lobe level
is observed. The increase in the main lobe level is calculated and given in the captions. The
increase in primary lobe levels directly results from improved microphone signal coherence and,
therefore, improvements in results. The increase of main lobe levels due to a position calibration
seems to increase with the frequency under consideration. This is also shown in Figure 7.2,
where one can observe that an inverse relationship exists between the observed wavelength and
the increase in main lobe level. This is probably due to the fact that the microphones need to be
positioned more accurately when looking at smaller wavelengths. Any large position deviation
with respect to the observed wavelength will yield inaccurate phase information of the sound.
This results in coherence loss between microphone signals. Ernst et al. [50] showed similar results.
With 1mm of a positioning error, the level loss of the primary lobe is positively correlated to
the frequency under consideration. The results in Figure 7.2 and Figure 7.5 show that only a
slight main lobe increase is obtained in the current setup with a position calibration.

Figure 7.2: The increase in main lobe level for position calibrated measurements when performing
a beamforming measurement on a loudspeaker at 2m.
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(a) 4 kHz

(b) 8 kHz

(c) 12 kHz

(d) 16 kHz

Figure 7.3: The beamforming maps at 3m for different frequencies. Results were obtained with
the designed array.
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(a) 2m distance

(b) 2.5m distance

(c) 3m distance

Figure 7.4: The beamforming maps of 12 kHz at different distances. Results were obtained with
the designed array.
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(a) 4 kHz, 0.007 dB main lobe increase

(b) 8 kHz, 0.023 dB main lobe increase

(c) 12 kHz, 0.093 dB main lobe increase

(d) 16 kHz, 0.116 dB main lobe increase

Figure 7.5: The beamforming maps for a phase calibration at 2m in the centre of the array.
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7.2 Noise source localisation on a fixed UAV

Figure 7.6: The setup for the beamforming
measurement on a DJI Phantom 4.

Beamforming is performed on a DJI Phantom 4
to form a baseline for UAV beamforming mea-
surements. The resulting output maps are dis-
cussed, and possible sound sources are high-
lighted. This measurement will validate the
functioning of the ground-positioned microphone
phased array for measurements on (relatively)
small UAVs.

Besides the acoustic camera and its necessary
equipment, a stock DJI Phantom 4 was mounted
to the ceiling. This was done in such a way that
the downwash of the rotors would not impinge on
any framing. This frame was constructed using
aluminium profiles and steel wire. A special alu-
minium claw was built with soft padding to hold
the UAV from the top. Using tie wraps, the UAV
was mounted in this claw. This setup is shown
Figure 7.6, where part of the framing, the UAV,
and the acoustic camera are visible. A picture
of the UAV and its relevant information is in the
appendix in Figure A.3.10 and Table A.3.5.

The drone was suspended 1.3m above the (aGPS
calibrated) array and was given a slight power
input. The RPMs could not be set, so giving a
slight thrust input was achieved using the joystick
on the controller.

The power spectral density is calculated and given in dB SPL to get an idea of the frequency
content of the sound. These spectra are plotted for three microphones at different distances from
the array’s centre. Additionally, the results from source region integration are provided. Also,
the SPL is calculated for each microphone independently according to Equation 3.2.16. Lastly,
the most prominent frequencies in the spectra will be examined using conventional beamforming
with the ground-positioned microphone phased array. The output maps are calculated at the
array’s centre, according to Equation 4.4.18.

Data acquisition and beamforming settings

Measurements were performed for 10 s at a sampling frequency of 47 998Hz. The signals were A-
weighted before being used in subsequent calculations. The CSM is constructed with the power
spectral density using Welch’s method. A Hanning window of 1024 samples at 50% overlap
was used. Diagonal removal was also enabled. A search grid was chosen between −0.75m and
0.75m using 301 points in the x- and y-direction. In these figures, a dynamic range of 6 dB was
chosen. The exact position of the drone was measured using a Leica Disto X3 and measuring
tape. Therefore, a trace-out of the drone is given in the beamforming maps.
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Power spectra and beamforming maps of a fixed drone in an anechoic chamber

The power spectral density and the results for source region integration are given in Figure 7.7.
Increased levels are found around 1.5 kHz, 3.1 kHz and 5.6 kHz. Besides these peaks, significant
broadband noise is visible, especially close to the array’s centre. Amplitude differences are
visible between the edge (r = 1.5m) and the centre (r = 0m) of the array. This difference is most
possibly due to the downwash of the rotors impinging on the microphones, since no windshields
had been installed yet at this stage.

Figure 7.7: The power spectral density of a DJI Phantom 4 under slight loading at 1.3m.

The SPL level per microphone is given in Figure 7.8. The SPL is approximately 64 dB directly
underneath the drone (average over the central frame of the array). These levels reduce towards
the edge of the array to 58 dB (r = 1.5 m). No magnitude calibration of the Sparkfun microphones
was performed, which can explain some of the outliers in Figure 7.8.

The beamforming results for 1.5 kHz, 3.1 kHz and 5.6 kHz are given in Figure 7.9. The beam-
forming results at 1.5 kHz and 3.1 kHz show main lobes at the struts of the drone. Therefore it
seems that the increased spectral levels at 1.5 kHz and 3.1 kHz are a result of rotor-strut inter-
action. Furthermore, this rotor-strut interaction for another rotor is presented in Figure 7.10a
at 3.4 kHz.
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Figure 7.8: The SPL per microphone for the measurement on a DJI Phantom 4, with a baseline
value of 28 dB.

The beamforming result at 5.6 kHz show four distinct main lobes at the location of the electric
engines. Henderson et al. [53] showed that the electric motor noise from these DJI platforms is
tonal and mainly comes from motor vibration modes and current switching of the controller.

Figure 7.10 also shows a result at 6.8 kHz, in which the rotors themselves are producing the
most noise. Further investigation shows that this interaction is present at frequencies between
3.7 kHz and 10 kHz, for which some of the results are given in the appendix in Figure A.3.11.
Furthermore, the maximum is found at the point where the front and aft rotors (top and bottom
in the map) meet. As discussed in section 2.3, this could very well be due to the unsteady
loading of a blade passing through a tip vortex created by the opposing blade in combination
with turbulent flow impingement (also created by the opposing blade) [37, 38]. The tips of the
front and aft rotors only have 4mm between them, while the separation distance between the
left and right rotor pairs is 10mm. This could explain the lower levels in between the left and
right rotor pairs.
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(a) Frequency of 1.5 kHz

(b) Frequency of 3.1 kHz

(c) Frequency of 5.6 kHz

Figure 7.9: The beamforming results for the measurement on a DJI Phantom 4. The beamform-
ing maps correspond to some of the increased levels in Figure 7.7.
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(a) Frequency of 3.4 kHz

(b) Frequency of 6.8 kHz

Figure 7.10: Follow up on Figure 7.9. Two other frequencies are highlighted with lower pressure
levels.
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7.3 Noise source localisation on a hovering UAV

Figure 7.11: The field in which the mea-
surements are performed. The UAV, acous-
tic camera, distribution boxes, and auxiliary
equipment is visible.

The final measurement is performed outside to
validate the ground-positioned acoustic camera
for UAV fly-over measurements. This is done us-
ing the same DJI Phantom 4 as in section 7.2.
However, instead of mounting the UAV, the UAV
hovered at different altitudes above the array’s
centre.

These measurements were performed at the Uni-
versity of Twente. A picture of the field (along
with some of the equipment) is shown in Fig-
ure 7.11. All necessary precautions and legisla-
tion were followed for a safe and legal measure-
ment.

Power was provided by a nearby portacabin (50m
away) and was run to the measurement setup by a
cable drum. Windshields were attached over the
microphone ports to reduce flow-induced noise.
Steel discs, acting as weights, were also added
to the microphone pucks to ensure they would
not move once placed. The acoustic camera
was placed on a waterproof canvas to reduce the
chance of moisture damage to the microphones
and slightly level the uneven ground. The com-
puter and DAQ system were placed on a table at
10m distance from the distribution boxes. The
distribution boxes were placed at 1.5m from the
edge of the acoustic array and were covered by
fabric to reduce reflections. An umbrella shaded
the computer and NI DAQ systems to reduce heat
accumulation.

Measurements on the UAV were performed at
2m, 2.5m, 3m, 4m, 5m and 10m above the ar-
ray’s centre. The altitude was obtained from the
downward-facing sensor of the UAV. Also, some
measurements were performed without a hovering UAV as a baseline. The power spectral den-
sity is calculated to give an insight into the frequency content of the sound (presented as dB
SPL). These power spectra are plotted for three different flight altitudes (along with the baseline
measurement). Also, the microphone average SPL as a function of UAV altitude is calculated.
Conventional beamforming is then used to attempt sound source localisation.

Finally, no position calibration was performed on the microphones using the aGPS. section 7.1
showed only a slight improvement in the beamforming map. Furthermore, the aGPS is currently
heavy and difficult to transport.
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Data acquisition and signal processing

Measurements were performed at 47 998Hz for 10 s. The obtained signals were A-weighted. The
CSM is constructed with the power spectral density using Welch’s method. A Hanning window
of 1024 samples at 50% overlap was chosen. The diagonal elements of the CSM were removed.

A search grid was chosen between −0.75m and 0.75m using 301 points in the x- and y-direction.
In these figures, a dynamic range of 6 dB was chosen. Output maps are presented in dB SPL
at the array’s centre, according to Equation 4.4.18. The position and orientation of the drone
could not be retrieved from measurements or images. Therefore, no zoomed-in view is given in
the output map, and there is no trace-out of the drone in the beamforming results.

Results of outdoor noise measurements on a UAV fly-over

The power spectral density of the drone at different altitudes is given in Figure 7.12 for the
central microphone. This graph shows many peaks in the spectrum between 100Hz and 2000Hz.
These peaks are visible and at similar frequencies for all three altitudes. According to the
UAV’s datasheet, the maximum motor RPM is 193Hz. This means that the peak around 180Hz
probably corresponds to the BPF (with the two-bladed rotor) and a rotational velocity of ap-
proximately 90Hz. The subsequent peaks at n · 180 are related to the harmonics of the BPF.
At 2m distance, all of these peaks are less prominent with respect to the overall broadband
level, possibly due to the downwash on the central microphone and causing flow-induced noise.
Furthermore, in the frequency domain above 2 kHz, a harmonic tone at 3.5 kHz is being produced.

Figure 7.12: The power spectral density of a DJI Phantom 4 at three different altitudes, measured
directly underneath the drone. A baseline measurement is added.
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The array average SPL levels at the six different altitudes are given in Figure 7.13. At 2m an SPL
of 77.6 dB is observed, while at 4m the pressure level is reduced to 70.9 dB (6.7 dB reduction).
The same is the case when looking at 3m to 6m. From 3m to 6m the SPL drops from 74.2 dB
to approximately 68.1 dB, halving the pressure level. This means that the sound pressure level
is approximately halved for doubling the measurement distance. In conclusion, one can observe
that the sound pressure level decreases inversely with the measurement distance.

Figure 7.13: The array average SPL as a function of measurement distance to a hovering DJI
Phantom 4. The SPL without a hovering UAV was calculated to be 36 dB.

Figure 7.14 shows the resulting beamforming maps at 1.4 kHz, 3.5 kHz, 5.6 kHz and 6.8 kHz at
an altitude of 3m. This increased altitude was chosen to reduce the contribution of flow-induced
sound. 1.4 kHz and 3.5 kHz correspond to increased levels in Figure 7.12 with respect to the
broadband noise, for which the wavelength is approximately equal to or smaller than the rotor
diameter (f ≥ 1.4 kHz). Also, 5.6 kHz and 6.8 kHz were chosen to compare with the results in
Figure 7.10.

The resulting beamforming maps show the main lobes at the position of the UAV. However, it is
impossible to distinguish the exact sources of the sound (e.g. rotor-strut, tip-to-tip interaction,
motor sound, etc.). Furthermore, at 6.8 kHz results become more noisy than Figure 7.10. No
rotors are visible, nor is the tip-to-tip interaction. This is possibly due to the uneven ground on
which the microphones were laid out. This could deteriorate the output map due to inaccurate
signal phase information, making source localisation difficult. This becomes an even larger
problem at higher frequencies, which is shown in Figure A.3.12.
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(a) Frequency of 1.4 kHz (b) Frequency of 3.5 kHz

(c) Frequency of 5.6 kHz (d) Frequency of 6.8 kHz

Figure 7.14: Beamforming results of a hovering DJI Phantom 4 at 3m altitude.

55



Chapter 7. Experimental shakedown of the ground-positioned acoustic camera

56



Chapter 8

Discussion

aGPS experimental validation using the CAE antenna

Firstly, Ernst et al. [50] mention the need to oversample the microphone signals. For this reason,
they sample at 200 kHz. Because the CAE camera was limited to 47 998Hz, a lower sampling fre-
quency had to be used. However, acoustic positions might have been more accurately determined
if an increased sampling frequency could have been used.

Furthermore, the aGPS measurements were started at roughly the same time. However, the
aGPS method requires the signals to start simultaneously. It is common for a .tdms file to men-
tion the measurement start time, with which the signals could be synchronised in post-processing.
However, the CAE microphone array outputted incorrect date-time data. Shifting the signals
was therefore done, assuming that the central target microphone was exactly 2.0145m from the
first reference microphone of the aGPS. The expected delay between these two microphones
could then be calculated. This information was used to time-shift the signals to appear as if
they had started synchronously. However, this is not how the method is supposed to work.
Therefore, results for externally sampled microphone arrays could be improved if .tdms time
data was accurate, or the measurements could be coupled to start simultaneously. Coupling
these measurements should, therefore, be investigated further for future use.

Phase calibration of the ground positioned acoustic camera

Results show that most microphones were placed within 1mm of the aGPS calculated positions.
This would be very coincidental and should, therefore, be carefully interpreted. It is possible
that a local minimum was found in the optimisation, causing the optimiser to stop. However,
this is a hypothesis and should be investigated further. This could possibly be improved with
the use of multi-agent method optimisers (such as ant-colony optimisation). Furthermore, this
could be a cause of the minor improvements in the beamforming results in section 7.1. Avoiding
this problem might significantly improve the aGPS performance.

Performance assessment of far-field beamforming with a loudspeaker

The speaker was assumed to behave like a monopole source, so it was compared with a monopole
in a simulation. However, a speaker can act as a complex source if no converging duct is used.
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Lauterbach et al. showed that at increased frequencies, using a well-calibrated acoustic camera,
the speaker no longer behaved like a simple monopole, and the circular diaphragm of the speaker
became visible [49]. The speaker used in section 7.1 has a diaphragm diameter D of 57mm and
could, therefore, produce complex (non-monopole) beamforming maps at frequencies where the
speaker’s diaphragm is no longer considered acoustically compact, D ≫ λ

2π , i.e. f ≫ 1 kHz.
This could explain the considerable deviation between the simulation and the measurement at
increased frequencies.

Noise source localisation on a fixed UAV

During the measurement with a mounted UAV, the rotational velocity of the rotors could not be
controlled precisely. Instead, the RPM was controlled using the joystick on the controller. This
resulted in unsteady rotor RPMs. This could be why a BPF could not be retrieved in Figure 7.7.

Also, no windshields were attached yet, so flow-induced noise was not filtered out in these mea-
surements. These windshields, along with weights, were added during the outdoor measurements.

Lastly, Figure 7.8 showed that most microphones (at similar distances to the source) have ap-
proximately the same SPL. However, there were a few outliers. This could result from different
microphone sensitivities and could be solved by magnitude calibration. This calibration could
very well improve the beamforming results further.

Noise source localisation on a hovering UAV

The drone’s location and orientation could not be exactly retrieved to overlay the beamforming
results. This made the interpretation of the results difficult. An upward-facing camera could be
added to the array to better understand the specific sound sources on the drone by overlaying a
photograph over the acoustic output map.

Also, the results were noisy, probably because of the uneven ground on which the microphones
were placed. The aGPS could have been used to find the positions of the microphones. However,
the aGPS was not brought to the measurement location due to its weight and size.

Furthermore, the programmed LabView software could not accurately calculate the output map
in real-time. This could be due to the computer’s overheating and should be investigated further
for future use.
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Conclusions and Recommendations

The capabilities of the ground-positioned microphone phased array were successfully demon-
strated, showcasing its potential as a valuable tool for noise analysis of UAVs, ultimately con-
tributing to the mitigation of UAV noise pollution. section 7.2 showed that the sound emitted
by a DJI Phantom 4 under slight loading is most possibly a result of rotor-strut noise, tonal
electric motor noise, and airfoil/rotor noise. This supports earlier research on UAV sound radia-
tion [37,38]. It is recommended that the rotor RPMs be controlled for any future measurements.
Furthermore, future research can focus on mapping these sound sources, yielding valuable infor-
mation for the noise reduction of UAVs.

Secondly, it is shown that the frequency spectrum of a hovering DJI Phantom 4 consists of
broadband noise and BPF-related tones. Using the resulting beamforming maps, the position
of a UAV could be retrieved. However, distinguishing specific UAV sound sources (rotor-strut
interaction, electric motors, etc.) proved difficult since the exact position and orientation of the
UAV could not be measured. Furthermore, high-frequency results were noisy, possibly due to
placing the microphones on uneven ground. Therefore, it is recommended that a light, flat frame
be constructed to lay the microphones on a flat surface and that an upward-pointing camera be
installed on the ground-positioned microphone phased array.

Thirdly, section 6.3 showed that the self-calibrating acoustic GPS method can successfully deter-
mine the acoustic positions of many microphones. Furthermore, it also accurately calculates the
speed of sound. In section 7.1, a position calibration with the aGPS for beamforming resulted
in slightly increased main lobe levels. The method could be enhanced by choosing a multi-agent
optimisation method to avoid local minima. Lastly, a lightweight alternative to the currently
constructed aGPS could benefit outdoor measurements with microphone position calibrations.

Furthermore, the cost of the NI DAQ makes outdoor measurements daunting. A cheaper al-
ternative can be chosen to lower the impact of a damaged acquisition system, such as a Sirius
R4 from Dewesoft or an INET-400 expandable card cage from Omega (with one 430 card and
two 420 cards). These systems would allow for at least 56 synchronised analogue input channels
with a sampling rate of at least 90 kHz. Choosing either system would allow students to perform
beamforming measurements with the designed array at reduced system costs.

Finally, an acoustic camera with cheap analogue MEMS microphones was constructed for sound
source localisation and quantification on UAVs. Moreover, an acoustic GPS was made for effi-
cient microphone position calibrations. Five tests were conducted to validate the workings of all
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equipment and show its correct functioning. All signal processing and programming were per-
formed in Python, MatLab, and LabView, resulting in fully functional measurement equipment
and editable code. Hence, these measurement devices can be customized and used in further
studies.
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Appendix A

Appendix

A.1 Balance equations

The modelling of many physical phenomena assumes that one cannot create something from
nothing. Therefore, specific physical quantities have to be balanced within a bounded volume.
Three transported quantities are considered within the framework of continuum fluid mechanics.
These quantities are mass, momentum, and energy. The derivation of the mass and momentum
balance is discussed. Along with the results from the conservation of energy, they are used to
derive the wave equation in section 3.1.

Mass balance

Figure A.1.1: A control volume Vc

Assume a medium in which an infinitesimally small arbitrary
control volume can accurately describe the transfer of mass,
momentum, and energy. We define the volume as large with
respect to the molecular length scales but small with respect
to other length scales of our problem. The control volume
Vc for which the mass and momentum balance equations are
derived is given in Figure A.1.1 where the bounding surface
is expressed as Sc and the unit outward normal vector as ni.

The mass contained in the control volume is given by a vol-
ume integral of the mass density as m =

∫
Vc

ρ dV . Where ρ is
the (possibly time-varying and inhomogeneous) mass density
in the volume. The outward mass flux, defined as the mass exiting the domain per unit of time,
is defined as d

dtm =
∫
Sc

ρuini dS. Where ui is the velocity vector on the boundary of the surface.

In the absence of mass sources, mass change per unit of time is only a function of mass flux over
the boundary. Therefore, we can write d

dt

∫
Vc

ρ dV = −
∫
Sc

ρuini dS.

The integral formulation can be rewritten into the differential form using the divergence theorem,
resulting in the mass continuity equation, given in Equation A.1.1.

∂ρ

∂t
+

∂(ρui)

∂xi
= 0 (A.1.1)
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Momentum balance

The momentum balance equation can be derived similarly to the mass balance equation. The
total momentum within the control volume Vc can be mathematically written as

∫
Vc

ρui dV .

According to Newton’s second law (i.e. axiom), the momentum rate of change is equal to the
net sum of external forces applied to the control volume. Mathematically, this can be written
as d

dt

∫
Vc

ρui dV =
∑

i Fext,i. The external forces, expressed with
∑

i Fext,i, consist of two types
of forces. Firstly, body forces. Forces that act throughout the entire volume. Examples of body
forces are gravity or magnetic forces. Secondly, pressure and friction exert surface forces on the
volume’s boundary.

∑
i

Fext,i =

∫
Sc

σijnj dS +

∫
Vc

fi dV (A.1.2)

In which σij denotes Cauchy’s stress tensor and fi the density of the body forces in Vc. Using
the formulation for the external forces in the balance of momentum results in Equation A.1.3.

d

dt

∫
Vc

ρui dV =

∫
Sc

σijnj dS +

∫
Vc

fi dV (A.1.3)

Reynold’s transport theorem can be used to include the time derivative in the first term in the
integral. This theorem states that d

dt

∫
Vc(t)

f dV =
∫
Vc(t)

∂f
∂t dV +

∫
Sc(t)

(uini)f dS, where f may be
tensor-, vector-, or scalar-valued. This results in Equation A.1.4.∫

Vc

∂(ρui)

∂t
dV +

∫
Sc

(ujnj)(ρui) dS =

∫
Sc

σijnj dS +

∫
Vc

fi dV (A.1.4)

Reorganising terms and using the divergence theorem results in Equation A.1.5.∫
Vc

(∂(ρui)
∂t

− ∂

∂xj
(σij + ρuiuj)− fi

)
dV = 0 (A.1.5)

As long as the volume is not of size zero, this equation can only be true when the integrand is
equal to zero. This yields the differential formulation of the momentum balance equation, as is
given in Equation A.1.6

∂(ρui)

∂t
+

∂

∂xj
(σij + ρuiuj)− fi = 0 (A.1.6)

The momentum balance consists of only 3 equations while having many unknowns. However,
the number of unknowns can be reduced when considering specific applications. For example,
if the fluid under consideration is said to be a simple fluid, Cauchy’s stress tensor, defined by
σij = −δijp + τij , can reduce in unknowns using σij = σji. Furthermore, when considering a
Newtonian fluid, τij can be related to the velocity and dynamic viscosity µ in the fluid: τij =

µ( ∂ui
∂xj

− ∂uj

∂xi
)− 2

3µδij
∂uk
∂xk

.
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A.2 Green’s functions for a solution to the inhomogeneous wave
equation

Using the method of Green’s functions, a solution to the inhomogeneous wave equation in 3.1.15
can be constructed. Green’s function is defined as the response of the inhomogeneous equation
for a unit impulse in the domain. Using this impulse response, one can solve for the acoustic
field without numerically solving the inhomogeneous second-order PDE (also in an initial value
problem). This domain can still include objects and surfaces to reflect and generate sound [40].

The unit impulse is defined by Equation A.2.7 at a position y at time τ , which is plugged into
Equation 3.1.15 to obtain Equation A.2.8 in which G gives the solution of the equation.

q = δ(x− y)(t− τ) (A.2.7)

1

c20

∂2G

∂τ2
− ∂2G

∂y2i
= δ(x− y)(t− τ) (A.2.8)

This equation shows us that the solution depends on the observer and source positions x and y,
as well as the time of observation and excitation, t and τ . Therefore, Green’s function is often
expressed as G(x, t|y, τ).
Multiplying Equation A.2.8 with p′, Equation 3.1.15 with G, and subtracting them yields Equa-
tion A.2.9.

1

c20

(
p′
∂2G

∂τ2
−G

∂2p′

∂τ2

)
−
(
p′
∂2G

∂y2i
−G

∂2p′

∂y2i

)
= δ(x− y)δ(t− τ)p′ −Gq (A.2.9)

By integrating both sides over a time T (between t0 and t1) and an observable volume V enclosing
all sources (and surfaces), we obtain Equation A.2.10.

∫
V

∫ t1

t0

1

c20

(
p′
∂2G

∂τ2
−G

∂2p′

∂τ2

)
dτ dVy −

∫
V

∫ t1

t0

(
p′
∂2G

∂y2i
−G

∂2p′

∂y2i

)
dτ dVy = p′ −

∫
V

∫ t1

t0

Gq dτ dVy

(A.2.10)

Rewriting this equation into a simplified form using the divergence theorem and reordering of
terms yields Equation A.2.11.

∫
V

1

c20

[
p′
∂G

∂τ
−G

∂p′

∂τ

]τ=t1

τ=t0
dVy −

∫ t1

t0

∫
S

(
p′
∂G

∂yi
−G

∂p′

∂yi

)
ni dSy dτ = p′ −

∫
V

∫ t1

t0

Gq dτdVy

(A.2.11)

If we specify the initial condition that p′ = 0 and ∂p′/∂τ = 0 at τ = t0, then the integrand of the
first term is zero at its lower limit. If we also constrain the Green’s function by setting G = 0
and ∂G/∂τ = 0 at τ = t1, the full integral is zero and can be ignored. This condition is called
the causality condition and states that a sound heard at t, should have been produced at time
τ < t. This already simplifies Equation A.2.11 to Equation A.2.13.
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A second important property of the Green’s function is its reciprocity relation, which states that
the perceived pressure perturbations are the same when interchanging the observer and source
or the observer time and emission time [40]. This is mathematically given by Equation A.2.12.

G(x, t|y, τ) = G(y,−τ |x,−t) (A.2.12)

p′(x, t) =

∫
V

∫ t1

t0

Gq dτdVy −
∫ t1

t0

∫
S

(
p′
∂G

∂yi
−G

∂p′

∂yi

)
ni dSy dτ (A.2.13)

When Green’s function and the pressure perturbations satisfy the same boundary conditions at
the boundary of V , we specify the Green’s function as a tailored Green’s function. When dealing
with a tailored Green’s function, the second term in Equation A.2.13 vanishes, and we are left
with Equation A.2.14.

p′(x, t) =

∫
V

∫ t1

t0

Gq dτdVy (A.2.14)

For radiation from an infinitely small volume displacement source in an unbounded domain,
Green’s function is known as the free field Green’s function and is given by Equation A.2.15.

G0(x, t|y, τ) =
δ(t− τ − r/c0)

4πr
(A.2.15)

Where the distance between source and observer is defined by r = |x − y|. By substituting
Equation A.2.15 into Equation A.2.14, the pressure field due to an infinitely small volume dis-
placement source is given and shown in Equation A.2.16.

p′(x, t) =

∫
V

q(y, t− r/c0)

4πr
dVy (A.2.16)

Because the free-field Green’s function in Equation A.2.15 is of such importance in the methods
of source localisation, it is often also considered in the frequency domain by applying the Fourier
transform defined by Equation A.2.17 to 2πG(x, t|y, 0) to obtain Equation A.2.18.

q̃(ω) =
1

2π

∫ T

−T
q(t)eiωt dt (A.2.17)

G̃0(x|y) =
eikr

4πr
(A.2.18)

Equation A.2.18 describes the free-field Green’s function in the frequency domain where k = 2π/λ
is the wave number, and λ is the wavelength.
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A.2.1 Simple sources in a medium

Now that a description of the pressure field in the medium due to a source is known, a closer
look is taken at different types of sources and the resulting radiation patterns. Firstly, stationary
sources are discussed where monopoles and dipoles are touched upon. Secondly, the resulting
pressure field of a moving source and the apparent frequency and amplitude shift are discussed.

Stationary sources

To illustrate the result of a stationary simple source in the domain, let us consider a point source
in ξ, such that its source power distribution q equals Equation A.2.19.

q(y, t) = σ(t)δ(y − ξ) (A.2.19)

Where the time-dependent source strength is given by σ(t). Substituting Equation A.2.19 into
Equation A.2.16 results in the radiated pressure field, which is given in Equation A.2.20.

p′(x, t) =
σ(t− r/c0)

4πr
(A.2.20)

It is evident that the amplitude of the source is inversely proportional to the distance and is
evenly radiated in all directions. Such a source is known as a monopole. In practice, any sound
source that is acoustically compact (smaller than the radiated wavelength) acts as a monopole.
The compactness of a source is related to kL ≪ 1, where L is the characteristic length scale of
the source [43]. Such a monopole is often considered a pulsating sphere, radiating sound in an
omnidirectional manner.

Also worth mentioning is that the models of these sources are only valid in the acoustic far-field.
This acoustic far-field is defined as the acoustic domain at a distance r from the sound source
such that kr ≫ 1. In contrast, radiation, absorption, and reflections of sound play an important
role in the acoustic near-field of a source, making the acoustic near-field very complex. However,
in the acoustic far-field wave propagation prevails, being well described by the wave equation [30].

The output of a monopole source in Equation A.2.20 is often described in polar coordinates,
which is given by Equation A.2.21 [43].

p′(r, θ, t) = i
Qρck

4πr
ei(ωt−kr) (A.2.21)

|p(r, θ, t)| = Qρck

4πr
(A.2.22)

Where Q is the source strength, ρ is the density of the fluid, ω is the source frequency, and k
is the wave number defined as k = ω/c0. The absolute value of this equation represents the
pressure amplitude at any point in the medium due to a point source, given as Equation A.2.22.
The equation shows the uniform radiation of a wave invariable of θ, where the wave amplitude
is inversely proportional to the distance between the source and observer. The radiation pattern
is graphically shown in Figure A.2.2a.
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Combining multiple coherent monopoles can create more complex sound sources. For example,
separating two monopole sources with a phase difference of 180◦ by a distance d, such that
kd ≪ 1, yields an acoustic dipole. This is one of the more straightforward multi-pole sources,
for which the far-field pressure fluctuations are given by Equation A.2.23 [43].

p′(r, θ, t) = −i
Qρck2d

4πr
cos (θ)ei(ωt−kr) (A.2.23)

|p′(r, θ, t)| = Qρck2d

4πr
cos (θ) (A.2.24)

In contrast to a monopole, there is no net volume injection, and the radiated pressure fluctuations
are dependent on θ (non-uniform radiation). One can observe that the maximum wave amplitude
is found at θ = 0°, while the amplitude is zero at θ = 90°. The radiation pattern of an acoustic
dipole is given in Figure A.2.2b.

In theory, additional coherent monopole sources can yield increasingly complex multi-pole sources.
The radiation patterns of monopoles, dipoles and two different types of quadrupoles are given in
Figure A.2.2.

(a) (b)

(c) (d)

Figure A.2.2: Different types of simple sources and their directivity patterns. (a) Shows a
monopole source, while (b) shows a dipole source. (c) Shows a lateral quadrupole, while (d)
shows a longitudinal quadrupole.
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Moving sources

In many practical situations, a source might be moving with respect to the observer. This can
alter the perceived sound between the observer and the source. To show this, let us consider a
moving point source in a stagnant medium such that its source power distribution is defined by
Equation A.2.25.

q(y, τ) = σ(τ)δ(y − ξ(τ)) (A.2.25)

We should consider the sound the observer perceives at time t radiated by the source at time τ .
Therefore, the observed pressure perturbations can be defined by Equation A.2.26.

p′(x, t) =

∫
V

∫ t1

t0

σ(τ)

4π|r′|
δ(y − ξ(τ))δ(t− τ − |r′|/c0) dτ dVy (A.2.26)

Where r′ is the vector between source and observer at the moment the sound is radiated, i.e.
r′(τ) = x−ξ(τ). Equation A.2.26 can be simplified to Equation A.2.27, assuming that the source
lies within the volume under consideration.

p′(x, t) =

∫ t1

t0

σ(τ)

4π|r′|
δ(t− τ − |r′|/c0) dτ (A.2.27)

To further solve this equation, one of the properties of the Dirac function is taken advantage of,
given in Equation A.2.28. For this equation to be valid, the function g(τ) should only contain
simple zeros, i.e. (dg/dτ)τ=τi ̸= 0 when g(τ) = 0.∫ ∞

−∞
f(τ)δ

(
g(τ)

)
dτ =

∑
i

f(τi)

|dg(τ)/dτ |τ=τi

(A.2.28)

Where τi is the ith root of g(τ) = 0. In our case, g(τ) = t− τ − |r′|/c0 = 0 and only has a single
solution for a subsonic source velocity, i.e. τ1 = t − |r′|/c0 [30]. Substituting Equation A.2.27
into Equation A.2.28 yields Equation A.2.29.

p′(x, t) =
σ(τ1)

4π|r′|τ1
1

|d(t− τ − |r′|/c0)/dτ |τ=τ1

(A.2.29)

The rate of change of |r′|/c0 is defined by Equation A.2.30 using Figure A.2.3.

d(|r′|/c0)
dτ

=
u

c0
· r′

|r′|
= −M cos (φ) (A.2.30)

Figure A.2.3: A moving source with velocity u in ξ(τ) with an observer at x.

71



Appendix A. Appendix

φ is the angle between source velocity and source-observer line, while M = |u|/c0 is the absolute
source velocity. Substituting Equation A.2.30 into Equation A.2.29, yields Equation A.2.31.

p′(x, t) =
σ(τ1)

4π|r′|τ1
1

| − 1 +Mτ1 cos (φτ1)|
(A.2.31)

The subscripts denoting τ1 indicate that these variables should be considered at the time of
emission but are left out in the following equations for readability. For subsonic source velocities,
the equation can be simplified further into Equation A.2.32 in which r′, M , and φ are all
considered at the source emission time.

p′(x, t) =
σ(τ1)

4π|r′|(1−M cos (φ))
(A.2.32)

The resulting equation shows that the term (1−M cos (φ))−1 either amplifies or attenuates the
pressure fluctuation amplitude. In an approaching source, i.e. −π/2 < φ < π/2, the pressure is
amplified since (1−M cos (φ))−1 > 1. In contrast, when the source recedes, the amplitude of the
fluctuations is attenuated. This effect on amplitude is called convective- or Doppler amplification.
The frequency of the perceived sound equals fdτ1/dt, where f is the signal’s source frequency
(frequency of σ) [30]. Using τ1 = t− |r′|/c0 and Equation A.2.30 yields Equation A.2.33.

dτ1
dt

= 1− 1

c0

d|r′|
dτ1

dτ1
dt

= 1 +M cos (φ)
dτ1
dt

(A.2.33)

Which finally results in Equation A.2.34.

dτ1
dt

=
1

1−M cos (φ)
(A.2.34)

Therefore, the observed frequency from a moving source with frequency f is observed by a
stationary observer as f/(1 − M cos (φ)). The observed frequency is higher than the radiated
frequency for approaching sources, while for receding sources it is lower. A practical example is
to listen to the sirens of emergency vehicles. As the vehicles pass the stationary observer (you),
the observed frequency of the sound seems to increase as the vehicle approaches and decreases
when it recedes. Even though the frequency of the sirens does not seem to change anymore as
these vehicles come to a halt.

A.2.2 Interference and coherence of waves

In the previous sections, a simple source model is derived from the linear inhomogeneous wave
equation. This model shows that the radiation of sources in the medium can be described using
the simple monopole model. Using this approach of adding multiple sources into a free-field do-
main means that there is no longer a need to solve the complex wave equation in Equation 3.1.15
when considering the acoustic far-field.
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However, when multiple sources are present in the medium, the waves of both sources start to
interfere. Locally, this can cause wave reinforcement or cancellation, referred to as constructive
and destructive interference. Constructive wave interference happens when the peaks of waves
are aligned and combined to increase the amplitude. In contrast, destructive interference occurs
when the troughs of one wave align with the peaks of another wave, cancelling each other. The
alignment of these waves, called the phase difference, is an important variable in the interference
between sources.

In reality, the amplitude and phase of a source undergoes rapid fluctuations. If the acoustic wave
from a single source is split into two beams, the fluctuation between these beams is correlated
due to a similar origin. However, if the two beams originate from two distinct sources, the
fluctuations from the beams are uncorrelated, and the beams are said to be mutually incoherent.
If the fluctuations are completely uncorrelated and the beams are superimposed, no interference
is observed [54].
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A.3 Experimental validation of the conventional beamforming
algorithm

Sound sources and their respective levels can be found in a domain using conventional beamform-
ing. To show this, a simple test setup was constructed in the anechoic chamber at the University
of Twente. These tests were performed with a CAE microphone array, a laptop for data acqui-
sition, a loudspeaker with a converging duct, a power supply, and measurement equipment to
measure the loudspeaker’s position in front of the acoustic camera. The loudspeaker is placed
behind a converging duct to simulate a monopole sound source, as is shown in Figure A.3.4a.

Thirty-seven measurements were performed at different positions and orientations in the anechoic
chamber.

(a) (b)

Figure A.3.4: (a) The converging duct used in the measurements to simulate a monopole sound
source [49]. (b) A schematic of the measurement setup with the commercially available CAE
microphone array.

Data acquisition and beamforming settings

The sampling frequency was set to 47 998Hz for a total of 10 s. The CSM was constructed with
the power spectral density using Welch’s method (hanning window of 1024 samples and 50%
overlap). Diagonal removal was enabled.

A rectangular search grid was chosen between −0.75m and 0.75m (in both x and y direction).
The resolution in both x and y direction was chosen to be 0.005m. The output maps are given
in dB SPL, for which the dynamic range is set to 20 dB. In addition to the measured output
map, a simulated output map from a monopole source is also calculated for comparison.
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Results

Figure A.3.5 until Figure A.3.7 show the resulting output maps at different frequencies and
source positions. The output maps all show a main lobe at the position of the source with
many artificial side lobes surrounding it. However, the experimental results are dissimilar to the
simulation results, especially when looking at the side lobes of the figures. Looking, for example,
at 4 kHz at 2m in Figure A.3.6, the sidelobe in the experimental results show a misformed circle.
Also, the noise floor of the experiments is higher than the simulation results.

Noteworthy is the fact that the beam width decreases as the observed frequency increases. The
same is true for the distance between the array and the source; as the array is moved away
from the source, the beam width increases and the accuracy of the array deteriorates. This is
supported by Rayleigh’s criterion in Equation 4.2.10. Finally, it is not visible in Figure A.3.7;
however, the spatial resolution is decreased if the source is not positioned in front of the array,
this is due to a reduced effective aperture size.

Conclusion

Using conventional beamforming techniques, one can retrieve the position of a source in a domain.
Also, Rayleigh’s criterion can be supported through beamforming experiments. It is shown
that the spatial accuracy of an acoustic camera deteriorates as the frequency decreases and the
distance to the source increases. Furthermore, the spatial resolution also deteriorates when the
effective aperture of the array decreases.

To accommodate measurements on (relatively small) UAVs with closely spaced rotors the spatial
resolution of the array has to be sufficient. Increasing the array’s diameter can do this according
to Equation 4.2.10.

75



Appendix A. Appendix

(a) Frequency of 4 kHz

(b) Frequency of 8 kHz

(c) Frequency of 12 kHz

(d) Frequency of 16 kHz

Figure A.3.5: The output maps of the conventional beamforming algorithm at 2m from the
source.
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(a) Distance of 1.4m

(b) Distance of 2m

(c) Distance of 2.6m

Figure A.3.6: The output maps of the conventional beamforming algorithm at 8 kHz.
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(a) Source position = [0, 0, 2] m

(b) Source position = [−0.5, 0, 2] m

Figure A.3.7: The output maps of the conventional beamforming algorithm, comparing with a
misaligned source at 8 kHz.
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Figure A.3.8: The microphone arrangement of the ground positioned microphone array. Indices
are given and are related to the coordinates in Table A.3.1 and Table A.3.2.
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Microphone
index

X in m Y in m Z in m

0 0.000000 0.000000 0.000000
1 0.000000 0.060000 0.000000
2 -0.057063 0.018541 0.000000
3 -0.035267 -0.048541 0.000000
4 0.035267 -0.048541 0.000000
5 0.057063 0.018541 0.000000
6 -0.192556 0.159443 0.000000
7 -0.211143 -0.133861 0.000000
8 0.062063 -0.242174 0.000000
9 0.249500 -0.015811 0.000000
10 0.092136 0.232402 0.000000
11 0.314218 0.297938 0.000000
12 0.232902 0.508189 0.000000
13 0.117083 0.650993 0.000000
14 -0.007582 0.749962 0.000000
15 -0.186257 0.390907 0.000000
16 -0.411346 0.378543 0.000000
17 -0.582950 0.312520 0.000000
18 -0.715599 0.224540 0.000000
19 -0.429331 -0.056344 0.000000
20 -0.487128 -0.274237 0.000000
21 -0.477366 -0.457845 0.000000
22 -0.434683 -0.611188 0.000000
23 -0.079084 -0.425730 0.000000
24 0.110284 -0.548030 0.000000
25 0.287922 -0.595484 0.000000
26 0.446950 -0.602275 0.000000
27 0.380455 -0.206771 0.000000
28 0.555288 -0.064464 0.000000
29 0.655312 0.089815 0.000000

Table A.3.1: The coordinates for each microphone, corresponding to the indices 0 until 29 in
Figure A.3.8
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Microphone
index

X in m Y in m Z in m

30 0.710913 0.238961 0.000000
31 -0.210254 0.823586 0.000000
32 -0.495843 0.882777 0.000000
33 -0.787533 0.872019 0.000000
34 -1.070882 0.801323 0.000000
35 -1.336811 0.680394 0.000000
36 -0.848248 0.054539 0.000000
37 -0.992795 -0.198781 0.000000
38 -1.072700 -0.479520 0.000000
39 -1.093024 -0.770847 0.000000
40 -1.060191 -1.061129 0.000000
41 -0.313993 -0.789879 0.000000
42 -0.117738 -1.005631 0.000000
43 0.124568 -1.168378 0.000000
44 0.395356 -1.277732 0.000000
45 0.681577 -1.336208 0.000000
46 0.654190 -0.542711 0.000000
47 0.920029 -0.422733 0.000000
48 1.149687 -0.242578 0.000000
49 1.337367 -0.018835 0.000000
50 1.481429 0.235307 0.000000
51 0.718305 0.454465 0.000000
52 0.686347 0.744368 0.000000
53 0.585978 1.018457 0.000000
54 0.431183 1.266092 0.000000
55 0.233996 1.481636 0.000000

Table A.3.2: The coordinates for each microphone, corresponding to the indices 30 until 55 in
Figure A.3.8
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Figure A.3.9: The electrical wiring on the PCB for powering a MEMS microphone with signal
amplification.
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Microphone
index

X in m Y in m Z in m

1 0 0 0
2 -0.3 -0.4 0

Loudspeaker
index

X in m Y in m Z in m

1 0.200000 0.000000 0.000000
2 -0.135227 0.267794 0.000000
3 -0.376687 -0.134561 0.000000
4 -0.052843 -0.497200 0.000000
5 0.434865 -0.413391 0.000000

Table A.3.3: The assumed coordinates for both reference microphones and the five loudspeakers
on the aGPS

Microphone
index

X in m Y in m Z in m

1 0.0 0.0 0.0
2 -0.30232915 -0.3987271 0.0

Loudspeaker
index

X in m Y in m Z in m

1 0.19992636 0.0 0.0
2 -0.13460529 0.26883295 0.0
3 -0.3771453 -0.13422524 0.0
4 -0.05520124 -0.49729877 0.0
5 0.43282856 -0.4145181 0.0

Table A.3.4: The coordinates for both reference microphones and the five loudspeakers on the
aGPS, measured with a coordinate measurement machine
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Figure A.3.10: The DJI Phantom 4 Pro, used in the measurements.

Properties Values

Number of rotors 4

Number of blades 2

Rotor diameter 240mm

Distance between front/aft motors 4mm

Distance between left/right motors 10mm

Max rotating speed 193Hz

Max tip Mach number 0.42

Table A.3.5: Relevant information about the DJI Phantom 4 Pro, being used in the measurements
of section 7.2 and section 7.3.
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(a) Frequency of 7.5 kHz

(b) Frequency of 8.7 kHz

(c) Frequency of 10 kHz

Figure A.3.11: Follow up on the beamforming results section 7.2. The three output maps shown
all show blade-induced noise. Increased levels are visible between the rotor-tips of the front and
aft rotors.
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(a) Frequency of 10 kHz (b) Frequency of 12.5 kHz

(c) Frequency of 15 kHz

Figure A.3.12: Follow up on Figure 7.14. Beamforming results of a hovering DJI Phantom 4 at
increased frequencies at 3m.
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