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Signal processing strategies to improve low-frequency performance of
multi-channel systems in cuboid reverberant spaces.

Thomas Oliver Bell

This thesis addresses problems in the reproduction of low-frequency audio, in home
listening environments, using digital signal processing. Focusing on cuboid rooms,
it covers two primary areas. Firstly, controlling the sound field within an enclosure
through a least-squares approach to filter design, secondly, predicting this field from
a minimal number of acoustic measurements. It concludes that filters designed using
a four-channel least-squares approach, based on pseudo-real-world data, and created
using the proposed enhanced analytical model, show a measurable improvement in
the real world.

A literature review is presented of the physical properties of sound within an enclo-
sure, various previous approaches addressing low-frequency issues, and methods for
understanding and predicting the sound field. From this review, it is clear that the pro-
posed approach for predicting the sound field within an enclosure is unique. The plane
wave cancellation method offers a good solution but with limitations, and this is very
thoroughly examined. The target is clearly to create a system objectively as effective as
the plane wave cancellation method but without its limitations. The least-squares filter
approach is introduced, and shown through numerical simulations to outperform the
plane wave cancellation method, without its limitations. It is also shown that the effec-
tiveness of the least-squares filter approach seen in numerical simulations, transfers to
real-world data.

Finally, methods are proposed for extracting room dimensions and source and receiver
locations, from the frequency analysis of a small number of real-world acoustic mea-
surements. The results are combined with Green’s function, to create an enhanced
analytical model, that can give pseudo-real-world measurements, accurate enough to
replace the need for real-world measurements, when designing least-square filters.
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1

Chapter 1

Introduction

This thesis addresses the problems in the reproduction of low-frequency audio in com-
promised home listening environments using digital signal processing. There are two
main factors that affect low-frequency sound reproduction in enclosed spaces. The first
is the modal resonances. These are frequencies at which the dimensions of an enclosed
space create standing waves. At low-frequencies when the modal density is low, these
resonances create isolated areas of frequency boost or cut, that can have a noticeable
effect on the listening experience (Elliott (2000)). The second is reverberation, which
is the time the acoustic energy takes to disperse to average background levels (Ever-
est (1989)). Both factors are affected by the absorption characteristics and location of
materials found within the space, and both factors control the clarity, perceived tonal
balance, and the image definition of the audio. Methods for controlling the acoustic
characteristics of environments through digital signal processing have been an area of
ongoing research and development for over 40 years (Neely and Allen (1979)). How-
ever, as discussed in Cecchi et al. (2017), although numerous approaches are available,
each approach has its advantages and limitations, and there remains no consensus on
the ideal method. To further the understanding in this area, there are two overarching
themes in this thesis.

1. Achieving the level of control seen when using the plane wave cancellation method
as presented by Celestinos and Nielsen (2008b), while being less constrained by
the source layout.

2. Extracting the key physical parameters of a cuboid listening environment from
a small set of acoustic measurements, in order to build an enhanced analytical
model that can predict transfer functions accurately enough to minimise the re-
quirement for the end-user to take multiple real-world measurements.

The structure of this chapter is as follows:



2 Chapter 1. Introduction

• Background: Discussion into the wider motivations for this work. The points and
assertions raised in this section are reviewed and developed with the appropriate
evidence in Chapter 2.

• Focus: Defines the research question and sets out the objectives of this work.

• Summary of the thesis: An overview of the structure and flow of the thesis, and
a summary of the information in each chapter.

• Scientific contributions: Outlines the specific unique scientific contributions of
this thesis.

1.1 Background

In home audio reproduction, the effect the environment has on the audio creates an
issue: the listener does not hear the audio as intended. Instead, the audio is coloured by
the combination of the Hi-Fi equipment, the listening room’s acoustic response and the
relative placement of the loudspeakers and the listener. To achieve the perfect listening
experience, large sums of money can be spent on equipment and acoustic treatments for
listening rooms. This typically requires the room to be set aside for this single use only,
putting the cost outside most people’s budget. Generally, the listening environment is
the main living room; it is normally multipurpose and, possibly, an open-plan space,
so balance is required. Loudspeakers and listening positions are usually compromised
for ease of living, and acoustic treatments lose out to more desirable decor. The main
aim of a room control system is to give the listener the closest possible experience to
the perfect room in this compromised environment. To achieve this, the majority of
room correction approaches need to understand the environment for which they are
aiming to compensate. This is normally done with physical measurements taken in
the environment (Bharitkar and Kyriakakis (2011); Bharitkar (2003); Pedersen (2012)),
leading to one of the central issues of these control systems, namely that they require
some action of setup by the end-user. Hence, the effectiveness of the control is reliant
on the amount of time and effort the end-user is willing to put in, and once complete,
the setup and areas of control are fixed, unless the end-user is willing to rerun the
process. Therefore, the ability to accurately predict physical measurements within the
environment with a mathematical model will lessen the end-user effort needed and
could mean that the listening area(s) can be moved around the room with little or no
physical measurement.

In the last five years, there has been a rise in smart systems for the home. This has led
to interconnected audio systems in which each individual loudspeaker has its own on-
board microphone and audio digital signal processor (DSP). These smart loudspeakers
can work both as individual nodes with unique processing monitoring, modifying their
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own output in real-time, and as part of the networked cluster to understand the system
as a whole and carry out group processing. This change in each loudspeaker’s hard-
ware coupled with the year-on-year improvements in microprocessor technology, best
outlined by Moore’s law (Moore (1965)), means that the available processing power has
increased significantly. Not only can the onboard DSP run real-time sample-by-sample
algorithms, but the whole system can act as a cluster computer wherein individual sys-
tems are grouped in a network to work in parallel (Amdahl (1967)). It can offer more
mathematical support for less time-critical processes and even allow the system to pass
data to the cloud for heavy mathematical processes for which time is not a factor. A
non-time-critical process is one that does not need to be run at the same clock rate as the
DSP core; for example, monitoring changes in the room acoustics over time and making
subsequent filter adjustments. The long-term analysis and decision-making should not
affect audio playback and therefore should not be handled by the time-critical audio
path in the DSP. Once a decision is made to adjust the filter and new coefficients are
calculated, the filters in the time-critical audio path are updated.

With this unprecedented amount of shared processing power, it is time to review what
the current room control solutions offer, assess whether there is a better method and
understand what extra processing can do to improve models based on real-world data
to predict in-room sound fields and identify whether they can even remove the need
for listener-reliant setup processes.

1.2 Focus

The wider motivation outlined in the previous section leads to the research question,
which can be framed as:

Can a multichannel audio system be created that understands and pre-
dicts the sound field in a listening environment from a small set of acoustic
measurement points, and then compensates for issues produced over the
listening area due to non-ideal loudspeaker placements and environmen-
tal acoustic anomalies, balancing consumers’ want for the highest quality
sound reproduction, while offering minimal impact on the living space?

To answer this question, it is first necessary to split it into two parts. Then, for each
part, there is a defined set of objectives.

Part 1 : Compensating for acoustic issues over the listening area in an enclosure.

The objectives of this part are:
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(a) To review the acoustic issues faced within listening environments, especially
at low frequencies, and to outline the previous methods that compensated
for these acoustic issues and define a best-in-class reference method of con-
trol from these previous methods.

(b) To gain a deeper understanding of the reference method of control and show
that there is a limitation in the reference method that a new approach can
address.

(c) To propose a new approach and show it to be at least as effective as the
reference method, but without the same limitations.

Part 2 : Understanding and predicting the sound field in a cuboid enclosure. In Part
1 full knowledge of the listening environment has been assumed, in the real
world this may not be the case. Therefore, the focus of this part is how the
system can gain the required understanding of the acoustic properties of the
environment in order to compensate for acoustic issues.

The objectives for this part are:

(a) To review the previous methods to understand and predict the sound field
in the listening environment.

(b) To understand if the physical properties of the enclosed listening environ-
ment (including the dimensions, loudspeaker placements and receiver loca-
tion) can be extracted through the analysis of acoustic measurements.

(c) To investigate whether an enhanced analytical model can accurately predict
the measured transfer functions once all the relevant physical properties of
the real-world enclosed listening environment are known.

Combining these two parts will give an effective method for controlling acoustic is-
sues faced within cuboid listening environments, with the enhanced analytical model
replacing the need for multiple acoustic measurement points across the listening area.

1.3 Thesis Structure

This section provides an overview of the structure of the thesis and briefly summarises
the work in each chapter.

Chapter 2

This chapter provides the reader with an understanding of the subjects and tools re-
quired to continue through the thesis. There are four main sections in this chapter:
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1. A review of room acoustics to allow full understanding of the modal issues found
in enclosed spaces and how they can be modelled and predicted.

2. A review of previous work in the field of room acoustic control, with a focus on
the plane wave cancellation method.

3. The introduction of metrics for the analysis of acoustic control.

4. A review of previous work in the area of understanding and predicting sound
fields in listening environments.

Chapter 3

Having introduced the method of plane wave cancellation in Chapter 2, this chapter
studies the method in more detail and consists of

1. An in-depth review of the theories underpinning the plane wave cancellation
method.

2. Results from studies into the effectiveness of the plane wave cancellation method.

3. Results from studies that show how the plane wave cancellation method is con-
strained and how this may limit its usage in the home environment.

This chapter also introduces the analytical model used throughout the thesis.

Chapter 4

This chapter compares the plane wave cancellation method with four proposed ap-
proaches, each utilising the methods of pressure matching (Kirkeby and Nelson (1993))
and least-mean-squares filter design (Elliott and Nelson (1989)), with the aim of de-
veloping an approach that offers a comparable level of control with a less rigid system
setup. The underlying mathematics in the four proposed approaches are not new; how-
ever, the specific usage is novel. This chapter is split into four sections, and the areas
covered by each section are:

1. Proposed method – Considering the limitations of the plane wave cancellation
method shown in Chapter 3, four least-squares approaches to filter design are
proposed, each with varying degrees of freedom. The effectiveness of each ap-
proach is compared with the plane wave cancellation method using the analytical
model.
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2. Real-world testing of the proposed method – An investigation into how the most
effective of the least-squares approaches transfers to the real world is conducted.

3. Changing the source locations – As shown in this thesis, the plane wave cancella-
tion method is constrained by the source location. This section reports on a set of
studies carried out as part of this work. These studies compared the plane wave
cancellation method with the three most effective least-squares approaches over
a range of source locations to understand if each method has the same constraint.

4. Least-squares approach limitations – A study to understand how the most ef-
fective of the least-squares approaches is affected by a range of situations is con-
ducted in order to understand what limits it may have in controlling the sound
field in a cuboid listening environment and how this may affect its possible usage
in the home environment.

Chapter 5

This chapter focuses on understanding and predicting the sound field in a cuboid lis-
tening environment. As stated, the aim is to create an accurate analytical model of a
cuboid enclosure to be able to predict the frequency response at any location.

The analytical model is the Green’s function of the Helmholtz equation. In order to cal-
culate transfer functions between two points in a cuboid enclosure, the Green’s function
must include coefficients for the dimensions of the enclosure, the locations of the source
and receiver, and the damping of the surface of the enclosure. The theory is that if all
of these coefficients are known, the Green’s function will give an accurate analytical
model of the real-world transfer function in the cuboid enclosure under test.

This chapter is split into two main parts. The first aims to estimate or compensate for
all the coefficients from the analysis of the acoustic measurement data. They are:

1. Damping – During the testing of the Green’s function, it became clear that the
damping coefficient was the highest priority. If the damping coefficient was
wrong, knowing all the other coefficients would not provide a sufficiently ac-
curate result. To address this, five methods are compared in this section.

• Three methods estimating the damping coefficient within the Green’s func-
tion.

• Two methods that do not estimate the damping coefficient within the Green’s
function, but try to compensate for the unknown damping coefficient by fil-
tering the Green’s function with filters derived from real-world measure-
ments.
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This work is carried out with known dimensions and locations to prove the the-
ory. However, in the final algorithm, the damping estimation comes after the
dimensions of the room and the locations of the sources and receivers have been
estimated.

2. Dimensions – Introducing and testing the algorithmic process that estimates the
dimensions of enclosures from frequency response data.

3. Locations – Introducing and testing the algorithmic process using constrained
least-squares and trigonometric calculations to estimate the locations (in Carte-
sian coordinates) from the frequency response data. This process used the previ-
ously estimated dimensions.

The second part combines the work from the start of this chapter with the work from
Chapter 4 to test how effective the four-channel least-squares approach is when only
one real-world measurement point is in the listening area. This single measurement
point is combined with four measurement points for which data has been created us-
ing the enhanced analytical model and then tested with the same process outlined in
Chapters 3 and 4.

Chapter 6

The final chapter presents a summary of the conclusions drawn from the work pre-
sented in the preceding chapters.

1.4 Contributions

The original contributions of this thesis are:

1. An in-depth comparison of the plane wave cancellation method and the least-
squares approach in the control of room acoustics. A rigorous study of variants
of the latter through numerical simulations and real-world experiments.

2. A method for determining room dimensions, audio source and receiver loca-
tions in a cuboid environment from the frequency analysis of real-world mea-
surements. Furthermore, a comparison of methods of estimating damping coef-
ficients for use with the Green’s function and the introduction of two methods of
damping compensation.

3. The derivation of an analytical model that outputs data close enough to real-
world measurements to provide effective control of room acoustics when using
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the four-channel least-squares approach, and hence removes the need for any
real-world measurements within the listening area.
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Chapter 2

Previous work

This chapter aims to outline the background literature and current understanding in
the research undertaken in the later chapters of this thesis.

There are Four main sections.

1. The relevant research on room acoustics.

2. Current active systems that aim to offer a level of acoustic control.

3. The introduction of metrics for the analysis of acoustic control.

4. Current systems for measuring and understanding room environments.

2.1 Room acoustics primer

It was stated in the introduction that audio is coloured by the combination of the hi-
fi equipment and loudspeakers used and the acoustic response of the listening room.
One main area of interest is how the listening environment affects the audio experience.
This section will consider the effects of the room and why it can create problems.

2.1.1 Sound propagation

Sound in a free field propagates equally in all directions, with the level of the propagat-
ing sound being attenuated over distance due to energy spreading and the absorption
of air (Beranek and Mellow (2019)). However, once in an enclosure, the boundaries of
the enclosure and any objects within it affect the propagation path. How the sound is
affected depends on the frequency of the signal and the surface type, size, shape and
material of any objects or boundaries (Everest (1989)).
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Throughout this thesis, focus is given only to the effect the boundaries of the enclosure
have on the acoustic energy. This effect can be divided into two categories; either the
energy is reflected into the enclosure or not. The focus of this thesis is reflected energy.
The term ‘absorbed’ is used as a catch-all term for lost energy, that is, the energy lost
at the boundaries, be it through any method, including but not limited to, transmis-
sion, porous absorption, or resonant absorption (Everest (1989)). Additionally, if the
boundary walls are considered rigid, all the energy will be reflected into the enclosure.
A rigid boundary is a theoretical tool; in reality, there will always be a slight loss of en-
ergy, even if it is due only to the heat transfer between the boundary and the particles
hitting it.

FIGURE 2.1: Propagation of sound within an enclosure, from a source at position s to
a receiver at position r.

Figure 2.1 shows a representation of sound propagating in an enclosure from a source
at position s to a receiver at position r, illustrating the direct sound path and a small
number of indirect paths reflected off the boundaries. With non-rigid boundary walls,
each time the wave is reflected from the surface, energy is lost, and the audio paths
will continue throughout the enclosure until all the energy is absorbed. Additionally,
depending on the nature of the boundary, the energy loss will be non-uniform across
the frequency band, although boundary absorption normally increases with frequency
in a linear fashion (Everest (1989)). As can be seen in Figure 2.1, these paths are of
different lengths, meaning that a signal from s arrives at r over a time range depending
on the length of the path travelled and the time taken for the energy to be absorbed.
Due to the phase shift and loss of frequency from each boundary interaction, a listener
at point r will hear differences in the arriving audio compared to the audio that left
point s (Toole (1986)).

Figure 2.2 shows three basic magnitude plots to help explain how this affects the au-
dio. Plot 2.2a shows the spectrum of an audio signal reproduced from s, which is what
a listener would hear should the source be a pair of headphones or a loudspeaker in
an anechoic room. Plot 2.2b shows the room’s frequency response at the receiver po-
sition, and Plot 2.2c shows what a listener at the point r would actually hear (i.e. the
combination of the audio and the room).
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(a) Loudspeaker output signal at point s .

(b) Room response at point r .

(c) Audio response at point r due to signal from point s.

FIGURE 2.2: Room effect.

Plot 2.2c shows that the room acts as a filter for the audio. Each room offers a unique
filter shape depending on the enclosure dimensions and the absorption of the walls. A
metric to quantify the time taken for the energy to be absorbed, known as the rever-
beration time [RT60], was defined by Sabine (1922) as the time that it takes an impulse
response to decay 60 dB.

When creating audio for reproduction, engineers take the effects various rooms have
into consideration (Jackson and Leventhall (1972); Burgess and Utley (1985)). The aim
is to create a balanced audio mix that works well across a range of listening situa-
tions and environments, including but not limited to in the home, car, headphones and
broadcast, all with both stereo and mono playback. To achieve this, engineers mix in
the recording studio, and listen to mix-downs in other environments to obtain a bal-
ance (Alkin (1996) and Rumsey and McCormick (2002)). Clearly, not all possibilities
can be tested or considered. The main target is to mix the audio so that it will sound
best in a well-designed listening room, and to this end, recording studio mix-rooms
are normally designed to well-accepted standards, such as those proposed by the Eu-
ropean Broadcasting Union (EBU) in Hoeg et al. (1997) and AES (2001). Generally, the
target RT60 is between 0.2 s to 0.5 s from 250 Hz to 4 kHz, with studies such as that by
Beranek and Mellow (2019) stating that at frequencies below 250 Hz, this target may
rise by 1.25%.
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2.1.2 The frequency band of interest

The principal focus of this work is lower-frequency audio below 100 Hz. The boundary
between what is classified as low- and high-frequency audio changes depending on the
space under examination. Generally, it is the point where the acoustic response of the
space moves from clearly individual resonances (or modes) to multiple overlapping
resonances, which is known as the Schroeder frequency (Schroeder (1996)):

fs =

√
3c3

0Tr

4πV · 2.2
≈ 2000

√
Tr

V
. (2.1)

In the above equation, V is the room’s volume in m3, and Tr is the reverberation time
in seconds. Above the Schroeder frequency, the modal density and overlap are such
that individual mode calculation is rarely useful. Instead, it is assumed that the pres-
sure at any given point is the average of the superposition of waves travelling to that
point from all possible directions (Nelson and Elliott (1992)). In the region below the
Schroeder frequency, the individual modes are normally calculated. A good listening
environment requires not only for the RT60 to be within the target values, but also a
regular distribution of the modal frequencies in this low-frequency section of the au-
dio spectrum (Louden (1971) and Meissner (2018)). This is demonstrated in Figure 2.2.
As the frequency decreases, the mode peaks and troughs are defined in more detail in
Plot 2.2b, and the effect this has on the audio signal is shown in Plot 2.2c.

2.1.3 Room modes

Room modes are well documented in many studies; this section was written based on
Kinsler et al. (1982), Kuttruff (2017), Morse and Ingard (1968), Nelson and Elliott (1992),
and Pierce (1981). A mode is a standing pressure wave between two or more surfaces,
where the pressure is at maximum displacement from the mean at each surface. The
result is a resonance at all frequencies with a wavelength equal to a multiple of twice
the distance travelled. The fixed locations of these minimum and maximum pressures
(relative to the standard average pressure within the medium) cause the sound at these
frequencies to have different loudnesses at certain locations throughout a listening en-
vironment. In these standing waves, pressure and particle velocity are in quadrature,
meaning areas of minimum and maximum pressure are areas of maximum and min-
imum particle velocity, respectively. The pressure level created in standing waves di-
rectly depends upon the absorption of the boundary at the resonance frequencies. If
the boundary were to absorb all the energy at the modal frequencies, there would be
no resonance; however, if it were to absorb no energy (assuming no other energy loss),
the resonance would continue ad infinitum.
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This section aims to build a mathematical framework to address the concept explained
above. It begins in one dimension, which simplifies the mathematics, allowing the
principles to be understood, and then moves into three dimensions. This mathematical
review was conducted from basic first principles to obtain a fundamental understand-
ing of the underlying process.

2.1.3.1 One-dimensional modes

A basic one-dimensional model provides a simple view of the mathematics behind
modal resonances.

FIGURE 2.3: Basic one-dimensional model of acoustic pressure wave propagation be-
tween two surfaces.

Figure 2.3 shows a basic one-dimensional model for acoustic pressure wave propaga-
tion between two surfaces. A and B are separated by a distance L, and the following
assumptions are made:

• A and B are infinite rigid boundaries.

• The medium between the boundaries allows for perfect transmission with no at-
tenuation over distance.

• There is no heat loss in the system.

• The propagating wave is a complex pressure wave of infinite width with the
wave-front form p(x, t) = Qei(ωt−kx+ϕ). Here, Q is the volume velocity, ω is the
angular frequency, t is the time, k is the wave number, x is the distance from the
source, and ϕ is the phase.

If a single impulse (modelled as a Dirac delta function) is transmitted from surface A
with the pressure measurement made at point r, where the distance from A to r is L

2 , the
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impulse should be reflected by the surfaces A and B continuously. If a timer is started
such that t = 0 as the first impulse passes r, then r would measure a series of delta
impulses over time.

FIGURE 2.4: Train of delta impulses as measured at point p.

Figure 2.4 shows the measurement taken over time at point r. If ∆t = L
c0

, the sum of
these of impulse can be expressed as:

p(t) =
N

∑
n=0

δ(t − n∆t). (2.2)

It was stated that the system has no loss. Therefore, once initiated, this impulse will
continue for an infinite time. Rather than starting the measurement window at t = 0,
it can be assumed that the system has been running since t = −∞ and will run until
t = ∞. The expression can then be rewritten as

p(t) =
∞

∑
−∞

δ(t − n∆t), (2.3)

the Fourier transform of which is

P( f ) =
1
∆t

∞

∑
−∞

e2πin∆t f , (2.4)

which, when evaluated with the Poisson sum formula (Williams (1999)) leads to

P( f ) =
∞

∑
−∞

δ( f − n
∆t

). (2.5)

This shows that a single impulse between two surfaces in the time domain converts into
a train of impulses in the frequency domain. It also shows that the spacing between
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the frequencies excited by this system depends inversely on the distance between the
surfaces due to the fact that n

∆t
= nc0

L .

Earlier in this section, it was stated that a mode is a standing pressure wave between
two surfaces, where, at each surface, the pressure is at a maximum displacement from
the mean. The pressure is

p(x, t) = ℜ{Qei(ωt−kx+ϕ)}, (2.6)

which, using Euler’s formula, is

p(x, t) = Q cos(ωt − kx + ϕ). (2.7)

The wavelength of any sinusoidal function is the distance it takes for the waveform to
repeat a full cycle. The distance to the local pressure maxima is half the full cycle.

FIGURE 2.5: First and second room pressure modes shown as sinusoidal functions
with the lines showing the displacement from the mean. shows the propagation
where cos(ωt − kx + ϕ) = 1 at x = 0, and shows the propagation where cos(ωt −

kx + ϕ) = −1 at x = 0
.

Figure 2.5 shows the same system as Figure 2.3, this time presenting the first two pres-
sure modes as sinusoidal waves with wavelengths of 2L and L, respectively. Although
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the standard graphical representation of these waves as shown in Figure 2.5 gives the
impression that they are transverse waves, it is important to remember that they are
longitudinal waves. In Figure 2.5, there are areas where the waves have maximum
displacement from atmospheric pressure, i.e. anti-nodes, and areas where there is no
displacement, i.e. nodes. In a theoretical system such as the one discussed in this sec-
tion, a listener placed in a node would not hear sound at that frequency, no matter how
powerful the source was. The real-world effect of these nodes and anti-nodes leads
to the peaks and troughs of the room response shown in Figure 2.2, with the signal
heavily attenuated in the nodes.

TABLE 2.1: Mode number to wavelength to frequency

Mode no. Wavelength Frequency

1 λ1 = 2L f1 = c0
2L

2 λ2 = L f2 = c0
L

3 λ3 = 2L
3 f3 = 3c0

2L

nth λn = 2L
n fn = nc0

2L

Table 2.1 combines the work of this section, giving general expressions for calculating
the wavelength and frequency of the modes of a one-dimensional space.

2.1.3.2 Three-dimensional modes

This section transfers the concept from one-dimensional space to a three-dimensional
cuboid enclosure and does not apply directly to non-cuboid enclosures. Throughout
this thesis a three-dimensional Cartesian coordinate system in the form r = (x, y, z)
will be assumed unless otherwise stated, and the modal frequencies will be related to
their modal numbers as f(n1,n2,n3).

In three dimensions, the problem becomes more complex. The system is now enclosed,
with six joined rigid boundaries leading to three possible types of mode:

• Axial modes - The path travelled between any two parallel surfaces, as discussed
in the previous section. Only one of the mode numbers f(n1,n2,n3) has an integer
value, and the other two equal zero.

• Tangential modes - The path travelled between any two pairs of parallel surfaces.
Two of the mode numbers in f(n1,n2,n3) have integer values, and the third equals
zero.

• Oblique modes - The path travelled between all three pairs of parallel surfaces.
All three of the mode numbers in f(n1,n2,n3) have integer values.
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As seen in Table 2.1, the wavelength is proportional to twice the distance travelled. If
L = (l1, l2, l3) are the lengths of each boundary in the three-dimensional system, this
distance can be calculated using de Gua’s theorem (Conant and Beyer (1974)) to yield
a wavelength of

λ(n1,n2,n3) = 2

√[ l1
n1

]2
+
[ l2

n2

]2
+
[ l3

n3

]2
. (2.8)

Therefore, the modal frequency of a three-dimensional system can be expressed as

f(n1,n2,n3) =
c0

2

√[n1

l1

]2
+
[n2

l2

]2
+
[n3

l3

]2
. (2.9)

2.1.3.3 Calculation of modes in a three-dimensional enclosure

The work in Section 2.1.3 has been calculated from first principles using simple math-
ematics, and as such is perfectly valid. In this section, formulae are introduced in a
textbook style, with less discussion of proof. Two methods of calculating the modes in
a three-dimensional cuboid enclosure are shown. A comparison is then made between
the second of these methods and real-world test data.

Taking. (2.9) and combining it with ω = 2π f and n = (n1, n2, n3) leads to

ωn = c0

√[n1π

l1

]2
+
[n2π

l2

]2
+
[n3π

l3

]2
, (2.10)

taken from Nelson and Elliott (1992). Individual wave number values can be calculated
as

kn =
ωn

c0
, (2.11)

which are the eigenvalues of the three-dimensional homogeneous Helmholtz equation

(∇2 + k2)ψ(r) = 0. (2.12)

For a cuboid room with rigid boundaries, (2.12) can be used to calculate the harmonic
pressure fluctuation of a particular frequency in the enclosure, in which the complex
pressure must satisfy the Helmholtz equation (Nelson and Elliott (1992)). In Equa-
tion 2.12,

∇2 =
∂2

∂x2 +
∂2

∂y2 +
∂2

∂z2 (2.13)
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and

ψn(r) =
∞

∑
n1=0

∞

∑
n2=0

∞

∑
n3=0

Qn cos(
n1πx

l1
) cos(

n2πy
l2

) cos(
n3πz

l3
). (2.14)

Here, (x, y, z) are the coordinates of the listening position, and ψ(r) is referred to as the
eigenfunction, normally denoted as ψn. Throughout this thesis, a compact notion will
be used replacing

∞

∑
n1=0

∞

∑
n2=0

∞

∑
n3=0

with
N

∑
n=0

or
∝

∑
n=0

,

where n denotes a trio of integers (n1, n2, n3) that are the individual mode numbers
for each dimension, 0 is a vector holding the lower bound of summation of such that
0 = (0, 0, 0), and N is a vector holding the upper bound of summation such that N =

(N1, N2, N3) or ∝= (∞, ∞, ∞). Equations 2.13 and 2.14 leads to Equation 2.12 being
rewritten as

∇2ψn(r) + k2ψn(r) = 0. (2.15)

Each eigenvalue is linked to an eigenfunction that gives the spatial pressure variance
associated with a given mode. This method can now be used to calculate the modal
frequencies and associated spatial pressure variance within a cuboid enclosure with
rigid boundaries.

As an example, using (2.9), in the case that (l1, l2, l3) = (8 m, 5 m, 2.7 m), the first ten
modal frequencies are shown in Table 2.2.

TABLE 2.2: First ten modes of enclosure with dimensions (8 m, 5 m, 2.7 m)

(n1, n2, n3) Frequency (n1, n2, n3) Frequency

(0,0,0) 0.00 Hz (2,1,0) 54.90 Hz

(1,0,0) 21.44 Hz (0,0,1) 63.52 Hz

(0,1,0) 34.30 Hz (1,0,1) 64.31 Hz

(1,1,0) 40.45 Hz (3,0,0) 67.03 Hz

(2,0,0) 42.88 Hz (0,1,1) 68.60 Hz

It can be seen in Table 2.2, that with an enclosure of these dimensions, there are no
oblique modes in the first ten resonance frequencies. The mode (0, 0, 0), known by sev-
eral names, including the zeroth mode and the acoustic compliance mode, indicates the
acoustic compliance of the volume of the enclosure. Using (2.15), the spatial pressure
field within the enclosure can be calculated, with the values in Table 2.2 generating the
eigenvalue. The eigenfunction can then be calculated for any values of (x, y, z).

Figure 2.6 shows how the acoustic pressure of four modes fill the enclosure. In all cases,
there are anti-nodes (where the pressure fluctuates between maximum displacement
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(a) (n1, n2, n3) = (1, 0, 0). (b) (n1, n2, n3) = (0, 1, 0).

(c) (n1, n2, n3) = (2, 1, 0). (d) (n1, n2, n3) = (3, 2, 0).

FIGURE 2.6: Pressure throughout the enclosure for four modes.

from the mean) and nodes (where there is no fluctuation) throughout the enclosure.
Plots 2.6a and 2.6b show the first axial mode in the x and y planes respectively, while
Plots 2.6c and 2.6d show two slightly more complex tangential modes. Although this
can provide an idea of how acoustic pressure might fill the enclosure, this method of
calculation lacks two important variables:

1. It considers there to be no source.

2. It models the walls as rigid boundaries with no absorption.

These issues can be addressed by using the Green’s function. The Green’s function is
a solution to an inhomogeneous differential equation describing an impulse response
(Sokolnikoff (1966)) and can be used to describe a wide range of physical phenomena
(not only acoustics). A full analysis is given by Pierce (1981), and further information is
also provided by Kuttruff (2017), Nelson and Elliott (1992), Williams (1999) and Morse
and Ingard (1968). As the derivation of Green’s functions is well-documented, there
is no need to repeat the full details here. Briefly, the basic process begins by adding a
monopole source to the enclosure at point s = (x̃, ỹ, z̃). This s is represented as a three-
dimensional Dirac delta function, meaning the complex pressure at r resulting from s,
can be defined as
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δ(r − s) = δ(x − x̃)δ(y − ỹ)δ(z − z̃). (2.16)

The Green’s function can be indicated as G(r|s), which is the value at point r resulting
from a monopole source at location s, and this can be combined with Equation 2.16 to
create the inhomogeneous Helmholtz equation

(∇2 + k2)G(r|s) = −δ(r − s). (2.17)

This must still satisfy the ridged boundary condition such that ∇G(r|s).n = 0. It can
then be stated that

G(r|s) =
∝

∑
n=0

γn(s)ψn(r), (2.18)

where γn(s) is a set of currently unknown complex coefficients whose values depend
on the location of s. From Equation 2.15, it can be shown that ∇2ψn(r) = −k2

nψn(r),
and this can be combined with Equation 2.17 and Equation 2.18 to yield

∝

∑
n=0

γn(k2 − k2
n)ψn(r) = −δ(r − s). (2.19)

Nelson and Elliott (1992) shows how, from the starting point given in Equation 2.19
and with substitution for γn and integration over volume V, the Green’s function can
be expressed as

G(r|s) =
∝

∑
n=0

ψn(r)ψn(s)
V(k2

n − k2)
, (2.20)

where
ψn(r) = cos

xn1π

l1
cos

yn2π

l2
cos

zn3π

l3

ψn(s) = cos
x̃n1π

l1
cos

ỹn2π

l2
cos

z̃n3π

l3
.

(2.21)

This provides a method to calculate values at a location r resulting from a signal radi-
ating from source location s but still models the walls as rigid boundaries with no ab-
sorption. Nelson and Elliott (1992) also shows that although absorption can be added,
leading to an approximated model, this model assumes only a small amount of absorp-
tion. ζn has been used to represent the damping coefficient to yield

G(r|s) =
∝

∑
n=0

ψn(r)ψn(s)
V(k2

n − k2 + ikknc0ζn)
, (2.22)
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This can then be modified to give the radiated pressure at point r resulting from a
monopole source at location s, such that P̂(r|s) = iρ0c0kQG(r|s) (Nelson and Elliott
(1992))

P̂(r|s) =
∞

∑
n=0

ωρ0c2
0Q ψn(r)ψn(s)

[2ζnωnω + i(ω2 − ω2
n)]V

(2.23)

This is how the Green’s function will be defined throughout this thesis, providing the
radiated pressure at any point r resulting from any source s, where Q is the volume
velocity (within the scope of this thesis, Q = 1 unless otherwise stated), and ζn is the
damping coefficient.

The damping coefficient should be representative of the real-world conditions; there-
fore, it should be calculated from the RT60. Based on the work by Nelson and Elliott
(1992), it can be seen that the impulse response of a single mode has an envelope of the
form e−ζnωnt. This can be expressed in terms of the RT60 as

e−ζnωnt =

{
1 t = 0

10−3 t = RT60
(2.24)

therefore
ζn =

3 ln (10)
RT60ωn

. (2.25)

In Section 2.1.1, it was stated that the target RT60 should be between 0.2 and 0.5 sec-
onds from 250 Hz to 4 kHz. Additionally, this target may rise by 1.25% at low fre-
quencies. This would give a RT60 range between 0.25 and 0.625 seconds, which, using
Equation 2.25, yields ζn values of 27.631

ωn
and 11.052

ωn
, respectively. This RT60 method for

defining the damping will be used in the analytical models in Chapters 3 and Chap-
ters 4.

The work in Chapter 5 relies on the use of Green’s function to replace real-world mea-
surements. Textbooks such as Kinsler et al. (1982), Kuttruff (2017), Morse and Ingard
(1968), Nelson and Elliott (1992), Pierce (1981) and Williams (1999) give excellent full
mathematical proofs of Green’s functions as solutions to inhomogeneous acoustic dif-
ferential equations, and state that it provides a good approximation of real-world mea-
surements. However, the data comparing Green’s functions to the real world is sparse.
Two papers, Luan and Jacobsen (2008) and Cox et al. (2004), demonstrate that Green’s
functions can provide good estimations of real-world measurements, but the authors
do not discuss any methods for damping estimation. The most detail is provided by
Luan and Jacobsen (2008), who demonstrated using a precise measurement method
where the loudspeaker was mounted inside an inverted horn, with two matched mi-
crophones mounted at the aperture. This, in a lightly damped room with dimensions
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(3.29, 4.38, 3.29 m), showed that the measurement taken at a third microphone matched
the theoretical Green’s function below 320 Hz. The main issue with this approach is
that such a precise measurement method would not be available on the home market.
More generally, it may be that the number of factors that would need to be taken into
account for a real-world, at-home setting is limiting the work in this area. Examples
of such factors are the accurate measurement of room dimensions, the locations within
the space and the damping coefficients of each surface, whether they are uniform across
the surface and how they change with frequency.

As shown in Figure 2.7, the RT60 method provides an approximate real-world mea-
surement due to the low modal density in the frequency band of interest when calcu-
lating RT60 (Jambrošić et al. (2008)). In Chapter 5, various methods will be compared
to attempt to improve the damping calculations, such that Equation 2.23 can provide
a more accurate estimation of real-world measurements. The methods used for esti-
mating the damping are based on existing work. However, the integration of damping
calculations within Green’s function should be considered a novel development. Two
methods have been introduced with the aim of estimating the damping of the indi-
vidual low-frequency modes. The first method estimates the mode’s Q factor from
frequency response data and is well documented by Noxon (1986) and many others,
including Kinsler et al. (1982), Kuttruff (2017), Morse and Ingard (1968), Everest (1989)
and Pierce (1981). The second method estimates the individual low-frequency mode’s
decay times and is referred to as the MT60 method. It is derived from Magalotti and
Cardinali (2018), Magalotti and Cardinali (2019), Magalotti (2019) and Magalotti and
Ponteggia (2019). Both these methods will be fully discussed in Chapter 5, and are only
mentioned here because data from a variant of the MT60 method is shown in Figure 2.7.

FIGURE 2.7: Comparison of frequency response at a single receiver from a single
source with real-world measurements ( RS) using two analytical models: the RT60

method ( GFRT60) and the MT60+ method ( GFMT60+).

Figure 2.7 shows an example taken from the work in Chapter 5. In the present section,
it is used to demonstrate how the Green’s function can estimate a real-world measure-
ment. As shown in Figure 2.7, the RT60 method provides an approximate estimation
of the real-world measurement. Some of the main trends and shapes can be seen, but
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it cannot be called accurate. The other method, shown here as MT60+, is essentially
a Green’s function with mathematical enhancement used to better reflect the environ-
ment. The modelling it achieves is much closer to the real-world measurement and
demonstrates that it is possible for Green’s function to provide an accurate estimation
of real-world measurements.

2.1.4 Section summary

This section has provided the necessary background knowledge on acoustics to un-
derstand the remainder of this work. It has shown that within an enclosed listening
environment, two main issues affect audio.

1. Dimensions - These define the resonance frequencies.

2. Damping - This defines the length of time that the resonance frequencies rever-
berate for.

The Green’s function has been introduced as an analytical model and will be used
throughout this thesis. Furthermore, it has been shown that with some mathemati-
cal enhancement (the details of which are explained in Chapter 5), Green’s function
can provide a result that is close to real-world measurements.

2.2 Control of room acoustics

This section reviews previous approaches for controlling room acoustics, focusing on
two main control methods: digital room correction and acoustic cancellation. Although
not the focus of this work, it is important to mention that there are also a number of
highly effective passive control methods. However, these methods require physical
changes to the listening environment through the addition of materials or structures
that absorb or diffuse acoustic energy. In some situations, décor can act as passive
control and soft furnishings will absorb sound waves. There is a large body of research
on this, including Everest (1989) and Kuttruff (2017).

In this thesis, the terms digital room correction and acoustic cancellation are defined as:

• Digital room correction - A signal processing method that filters audio to com-
pensate for the enclosure’s frequency response before broadcasting from the loud-
speaker.

• Acoustic cancellation - The controlled cancellation of acoustic pressure within an
enclosure.
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There is some crossover between the two methods. For example, a digital room correc-
tion method may result in or rely on some acoustic cancellation, or an acoustic cancel-
lation approach may include minimal signal processing to adjust the signal level and
delay, before broadcasting the loudspeaker’s audio into the enclosure. However, in this
section the methods have been separated based on their primary approaches. Each of
the two overarching approaches accounts for many previously proposed systems, with
specific targets and predefined metrics to assess how well they achieve those targets. In
simple terms, the goal of most systems is to create a relatively flat frequency response
throughout a listening area and ensure the modal resonances are evenly spread out so
there are no overly dominant modes at any given frequencies.

An excellent review of many of these methods and options is provided by Cecchi et al.
(2017). The work in this section aims not to repeat Cecchi et al. (2017), although there
is a high level of crossover.

2.2.1 Digital room correction

Digital room correction approaches often include varying the number of loudspeakers.
The location of each loudspeaker is not prescribed, and the aim of all approaches is to
control one or more listening zones. However, once the filters are designed, the system
variables cannot be changed without recalculating the filters. Digital room correction
is known by several names, including de-reverberation and deconvolution, and it has
been covered in many papers, including Mourjopoulos (1994), Karjalainen et al. (2001),
Elliott and Nelson (1989) and Norcross et al. (2006). As discussed in Section 2.1, an
acoustic measurement considers the combination of the audio and the room effect at a
specific location. The room effect can be extracted from a measurement, and a filter with
the inverse response can be created and applied to the audio before broadcasting from
the loudspeaker. This simple theory assumes that the filter and the room will cancel
each other out at the point of measurement in the enclosure, leaving just the audio. The
number of sources can be increased because the audio at the listening position is the
linear superposition of all the individual sources. Additionally, each source will have
its unique room response and inverse filter.

There are a few obvious issues with this method. First, it has been discussed in Sec-
tion 2.1 that the measured frequency response of any environment depends on the
location of the source and the receiver. Therefore, this inverse filter is only valid for
the exact locations of source and receiver at the time of measurement (and the exact
conditions in the environment at that time, including the temperature and number of
people present). Even if the source locations are fixed, the listener location may not
be, and there may also be more than one listening position. This filter technique may
yield unpredictable and even unpleasant results in such locations. Secondly, if the mea-
surement is taken within a node, the system may attempt to add large amounts of gain



2.2. Control of room acoustics 25

to the nodal frequency, achieving little (or no) improvement at the listening position,
while making this frequency very loud throughout the rest of the environment. These
issues are commonly addressed by acquiring several measurements across a listening
area, then comparing and averaging these measurements to create the filter. Accord-
ingly, there are two main categories of measurement system:

1. Single-point measurement - Single-point measurement options estimate the fil-
ters based on the measurement in a single location. This is outlined by Neely
and Allen (1979) and is shown to be effective only in a limited zone around the
measurement point.

2. Multiple-point measurement - In multiple-point measurement, multiple mea-
surements are taken either across defined listening areas or across the whole
space. Typically, some form of spatial averaging is then used to create filters.
These systems may not offer the level of control of a single-point measurement
system at any single point, but they aim to provide a more balanced improve-
ment. They differ in terms of how they group the measurements, what they tar-
get, how they rate effectiveness and how they design and apply the filters.

These systems can both have either

1. A single source - One loudspeaker offering a single degree of freedom.

2. Multiple sources - Multiple loudspeakers offering multiple degrees of freedom.
These systems are normally more effective than those with a single source as,
with each source having its own filter, the sources can work as a group to obtain
the best overall improvement (Elliott and Nelson (1989)).

The main focus of this thesis is multiple-point measurement systems with multiple
sources. However, before reviewing the measurement grouping methods for multiple-
point measurement systems, there is one multiple-point measurement system that does
not require averaging. The multiple-input/multiple-output inverse theorem was put
forward by Miyoshi and Kaneda (1986) and Miyoshi and Kaneda (1988). This approach
requires that the number of measurement locations be less than or equal to the number
of sources. This yields either an underdetermined or fully determined matrix of acous-
tic measurements with an inverse mathematical solution that will allow for the creation
of perfect inverse filters to correct for the issues (or impose targets) at the measurement
points. However, due to the required relationship between the number of sources and
receivers, it was decided that this system was impractical for the work in this thesis.
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2.2.1.1 Measurement grouping

In almost all practical multiple-point measurement systems, numerous measurements
are taken over a single or multiple listening areas, which the system attempts to con-
trol. The fact that there are more measurement points than sources leads to an overde-
termined matrix of acoustic measurements that may have no inverse mathematical so-
lution. This means that any control will always have to be averaged across the set of
measurement points to achieve as close a representation of its target as possible.

One of the earliest approaches for averaging across a set of measurement points, in-
troduced by Elliott and Nelson (1989), is based on the design of a set of digital equali-
sation filters to average across the points. The method outlined by Elliott and Nelson
(1989) shows how to build equalisation filters using the least-mean-squares approach,
meaning the filter coefficients are calculated to minimise the sum of the squared er-
rors between the transfer function and target, across all measurement points. Elliott
and Nelson (1989) also showed that this method works well for both single-source
and multiple-source systems. However, as discussed in both Bharitkar et al. (2002)
and Bharitkar et al. (2003), using the least-mean-squares approach for averaging over a
set of measurement points often includes the major limitation that averaging treats all
points as equal. Thus, it cannot exploit or focus on any similarities in room responses,
nor can it favour equalisation at certain positions to solve some of the issues with the
average and weighted average method. To address this issue, Mourjopoulos (1994) in-
troduced the clustering method, which takes a large number of transfer functions and
groups them by similar characteristics. These groups are then used to create correc-
tion filters, which initiates a recursive phase where cluster sizes (and thus filters) are
adjusted to provide the best response.

Bharitkar and Kyriakakis (2001) introduces the concept of fuzzy c-means clustering.
In the original clustering method, a transfer function can only belong to one cluster,
whereas in fuzzy c-means clustering, any transfer function can belong to multiple clus-
ters. Each transfer function in a cluster can have a unique weight, which denotes the
importance of that function to the cluster. For example, in the normal clustering (hard
c-means clustering) method, transfer functions with a peak at 50 and 100 Hz are clus-
tered together, ignoring transfer functions that have a peak only at either 50 or 100 Hz.
In fuzzy c-means clustering, these transfer functions would be included in the clus-
ter but given lower scores. The latter clustering methods have their own drawbacks;
for example, when addressing specific issues (at specific locations or frequencies), the
clustering may not improve the entire listening area on average. This can be counter-
acted by using the original method from Elliott and Nelson (1989) as a limit, which the
system will revert to should there be no average improvement when clustering.
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Returning to the work as outlined by Elliott and Nelson (1989), Kirkeby and Nelson
(1993) uses the least-mean-squares approach for acoustic pressure matching to repro-
duce a plane-wave sound field and asks whether it is possible to perfectly reproduce
low-frequency sound in the listening space. It is elegantly demonstrated that the qual-
ity of the reproduced sound can never be completely perfect, and further postulated
that the quality can be determined by the size of the receiver area and the angles be-
tween the sources of the recorded sound from the perspective of the middle of the
receiver array. In later chapters, this thesis will build on the work by Kirkeby and Nel-
son (1993) and Elliott and Nelson (1989) as it is anticipated that the least-mean-squares
approach will provide the best overall method of control for the sound field under
investigation, with the possibility of clustering added by subsequent work, once the
underlying theory has been proven.

Although there are issues with the average or weighted-average method systems, it is
the most widely found method in the consumer market. In this section, a number of
the leading systems within the market will be discussed. All of the systems work in a
similar way: measurements are taken, after which the system creates a room correction
set of filters based on an algorithm. It is difficult to speculate on the exact mathematical
process used in each consumer system, as these are normally part of the company’s
intellectual property and unique selling proposition. This means that, unless patented,
the details are often not in the public domain. The standard outcome is either a finite
impulse response (FIR) or infinite impulse response (IIR) filter. Many room correction
systems try to use minimum phase filters (Mourjopoulos (1994)), and these systems also
tend to focus on a section of the audio bandwidth, which can allow for higher-precision
filters to be designed so as not to waste processing power on controlling unnecessary
frequencies.

TABLE 2.3: Comparison between commercial digital equalisation systems

Manufacturer System
Maximum

Channels

Frequency

Range

Maximum

Correction

Filter

Type

Audyssey MultiEQ 5.1 Full band ±12 dB FIR

B & O ABC 2 20 -500 Hz ± 10 dB Unknown

Copland DRC 205 2 Full band Unknown Unknown

Deqx PDC 2.6 2 Full band Unknown Parametric + FIR

Direc Live 5.1 Full band Unknown Unknown

Meridian 861 Processor 7.1 20 - 250 Hz -20 to 0 dB IIR

Table 2.3 presents a simple comparison between the systems. The Audyssey and Deqx
use FIR filters. It is widely accepted in digital signal processing that FIR filters are of-
ten easier to design than IIR filters, as the coefficients can be calculated directly from
the impulse response in the time domain (Smith (2003)). However, FIR filters are nor-
mally more processor-intensive as they require more coefficients for a given steepness
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of the filter than IIR filters do (Johansson (2007)). Normally, to control a specific fre-
quency, an FIR filter also needs to be built from a time-domain impulse response, equiv-
alent in length to that frequency’s wavelength divided by the speed of sound (Smith
(2003)). Furthermore, the more processor-intensive the algorithm is, the higher the cost
of the digital signal processor (DSP) chip will be. In contrast, IIR filters tend to be less
processor-intensive, requiring fewer coefficients but being more mathematically com-
plex in design (Johansson (2007)). For example, adding a notch filter at 20 Hz on a
DSP running at a sample rate of 8 kHz (this being the lowest sample rate at which
most low-cost DSP chips in the market can currently run natively), would necessitate
an impulse response of 400 samples/coefficients. This requires the DSP chip to run 400
instructions per cycle of audio processing per channel to apply the needed filters. The
400 instructions per cycle could provide 80 second-order IIR filters. A good approxi-
mation of a 20-Hz notch filter with an IIR filter requires one filter with five coefficients
and five instructions per cycle. In the Meridian whitepaper 861v8 DS v2.7 (2012), it is
stated that the original 861 Processor had 300 instructions per cycle per channel for all
the required processing, which limits the length of the FIR filters. Various methods can
be used to reduce the FIR filter length, and a single FIR filter can replace multiple IIR
filters to achieve a balance between performance and cost. The manufacturer has to
make a decision on this point when choosing which filter methods to use and whether,
and/or how, they are going to combine the two.

As shown in Table 2.3, the B & O and Meridian systems limit the bandwidth over
which control is applied, allowing the DSP to focus all of its power on a narrow band.
Although this can help with processing, a detrimental effect on the absolute phase and
latency between the processed and unprocessed sections of the spectrum must be taken
into consideration. Due to these systems’ commercial nature, it can be difficult to find
details on how the data is processed. However, some details are available for the Au-
dyssey and B & O approaches.

• The Audyssey system, as described by Bharitkar and Kyriakakis (2011) and Bhar-
itkar (2003), is a multiple-point measurement approach that can work with both
multiple-source and single-source systems. The system requires several micro-
phone measurements to be made (from 8 to 32) in non-uniform placements across
the listening area. The system creates a set of weighted averages based on a
psycho-acoustic model, which are grouped to determine the best outcome using
three methods: hard c-means clustering, fuzzy c-means clustering and adaptive
learning with linear predictive coding (LPC) and pole-zero.

• The B & O system is a two-point measurement approach with a single source, but
it requires that the two measurements be made in two different layouts. First, the
loudspeaker and microphone are placed in the reference positions, which are to
be defined by the user as the ideal positions within the environment. Then, both
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are placed in their normal positions. Next, a filter that imposes the response taken
at the reference positions onto the normal positions is created (Pedersen (2012)).

Two other methods of measurement grouping include common acoustic poles com-
pensation (Haneda et al. (1994)) and modal equalisation (Karjalainen et al. (2001)). First
proposed by Haneda et al. (1994) and Haneda et al. (1997), common acoustic poles com-
pensation aims to estimate and control the poles (modes) of an environment, indepen-
dent of the source and receiver position. The acoustic poles are estimated from transfer
functions or the multiple-point measurements, using an LPC model of the room re-
sponse. The equalisation is then achieved with an FIR (all-pole) inverse filter, which
has the inverse characteristics of the common acoustic pole function. Karjalainen et al.
(2001) defines modal equalisation as a process that can modify the rate of modal de-
cay. The natural decay of a mode is dependent on the absorption of the walls between
which the standing wave is created. To shorten the decay time, the Q factor of the res-
onance needs to be decreased, which is achieved by moving the filter pole toward the
origin in the z-plane. Modal decay time modification can be implemented on the sound
entering a room either by filtering the source or introducing additional control sources
to interact with the primary sound.

2.2.2 Acoustic cancellation

Acoustic cancellation, also known as active absorption, has been an area of ongoing
interest for many researchers, including Celestinos and Nielsen (2004), Celestinos and
Nielsen (2005), Celestinos and Nielsen (2006), Celestinos and Nielsen (2008a), Celesti-
nos and Nielsen (2008b), Santillán (2001), Santillán et al. (2007), Nelson and Elliott
(1992), Vanderkooy (2007) Vanderkooy (2011) and Vanderkooy and Rousseau (2013).
Acoustic cancellation approaches involve one or more primary sources that broadcast
an audio signal into the environment and then use one or more secondary sources to
broadcast a secondary audio signal into the environment. The interaction between the
two signal types results in a net reduction of the acoustic pressure in the environment.
Two acoustic cancellation approaches are discussed in this section:

1. Plane wave cancellation

2. Spherical wave cancellation

2.2.2.1 Plane wave cancellation

The papers Santillán (2001) and Santillán et al. (2007) were some of the first to intro-
duce, outline and test the plane wave cancellation method as a solution to the acoustic
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issues related to listening rooms, as outlined in Section 2.1. This work was continued
in Celestinos and Nielsen (2004), Celestinos and Nielsen (2005), Celestinos and Nielsen
(2006) and Celestinos and Nielsen (2008a), culminating in the controlled acoustic bass
system (CABS) outlined by Celestinos and Nielsen (2008b). The central premise of all
plane wave cancellation methods is that in a cuboid room where the longest dimension
runs from the front to the rear of the room, a plane wave that will propagate down the
room’s length can be created by an array of sources on the front wall. This wave can
then be cancelled at the room’s rear with an identical array of audio sources on the rear
wall. Both arrays broadcast the same signal. However, before broadcasting the audio
from rear sources into the enclosure, minimal signal processing is used to adjust the
signal level and take into account any loss in energy from the plane wave as it moves
down the room with the phase of the signal inverted. Next, the signal is delayed by an
amount proportional to the room’s length. Unlike equalisation techniques that empha-
size a single or small number of listening zones, the plane wave cancellation method
covers the entire room (Celestinos and Nielsen (2008b)).

In Celestinos and Nielsen (2008b), CABS was both modelled in a simulation and as-
sessed with real-world measurements in two listening rooms. One room conformed
to the International Telecommunication Union (ITU) standard (ITU-R:BS.775-3 (2012)),
the other to the International Electrotechnical Commission (IEC) standard (IEC:60268-
13 (1998)). The main tests of interest are the setups the paper denotes as CABS 0.2.0
and CABS 0.2.2, which involve two and four sources, respectively. The CABS 0.2.0
setup has no cancellation, with the two sources set up at the front of the room. CABS
0.2.2 is a plane wave cancellation setup with four sources, the front two sources being
the same as in CABS 0.2.0, with two additional sources at the rear of the room. Defining
the rooms length, width and height as (l1, l2, l3), the dimensions are given in Table 2.4,
and defining the four source locations as s1 to s4 the locations of the sources in each
study are provided in Table 2.5.

TABLE 2.4: Room dimensions for CABS simulation data and real-world measurements
taken from Celestinos and Nielsen (2008b).

Room
Dimensions

(l1, l2, l3)

simulation (7.80 m, 4.20 m, 2.76 m)

IEC (7.80 m, 4.12 m, 2.78 m)

ITU (8.13 m, 7.39 m, 2.88 m)

The data measurements were taken using a five-by-five receiver grid placed in the
centre of the room, and for the analysis, the metric defined in Celestinos and Nielsen
(2008a) as the mean sound field deviation was used. This metric comprised two values.
First, the spatial deviation (SD) over the frequency band of interest was defined as
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TABLE 2.5: Source locations for CABS simulation data and real-world measurements
taken from Celestinos and Nielsen (2008b).

Source

No.

Source Location

(l1, l2, l3)

simulation IEC ITU

s1 (0.06 m, l2
4 , l3

2 ) (0.06 m, l2
4 , 1.50 m) (0.09 m, l2

4 , 1.44 m)

s2 (0.06 m, 3l2
4 , l3

2 ) (0.06 m, 3l2
4 , 1.50 m) (0.09 m, 3l2

4 , 1.44 m)

s3 (l1 − 0.06 m, l2
4 , l3

2 ) (l1 − 0.06 m, l2
4 , 1.50 m) (l1 − 0.09 m, l2
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SD =
1
N

N

∑
n=1

√√√√ 1
M − 1

M

∑
m=1

(Lpm( fn)− Lpm( fn))2, (2.26)

where Lpm is the sound pressure level in dB at receiver points rm. Second, the magni-
tude deviation (MD) over the frequency band of interest was defined as

MD =
1
M

M

∑
m=1

√√√√ 1
N − 1

N

∑
n=1

(Lpm( fn)− Lpm( fn))2. (2.27)

Based on Celestinos and Nielsen (2008b), it is clear that the plane wave cancellation
method of sound control has some promise. This is backed up by both the simulation
and experimental data, a sample of which is given here in Table 2.6 and Table 2.7.

TABLE 2.6: CABS simulation data taken from Celestinos and Nielsen (2008b) .

Setup
MSFD

SD MD

CABS 0.2.0 ±4.9 ±6.6

CABS 0.2.2 ±0.7 ±1.9

TABLE 2.7: CABS experimental data taken from Celestinos and Nielsen (2008b). In
the IEC room, the frequency band of interest was 20–100 Hz, and in the ITU room the

frequency band of interest was 20–90 Hz

Setup
MSFD

SD MD

IEC
CABS 0.2.0 ±4.6 ±6.4

CABS 0.2.2 ±1.6 ±2.1

ITU
CABS 0.2.0 ±4.2 ±5.3

CABS 0.2.2 ±1.3 ±2.1

All the data in Table 2.6 and 2.7 reveal a marked improvement in both the SD and MD
when using the CABS 0.2.2 setup (plane wave cancellation method) over the CABS
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0.2.0 setup (no-cancellation method). In both the SD and MD, the simulation exhibited
a greater improvement than the experimental data; however, this was to be expected as
the simulation will not be susceptible to unknown external variables. The delta in the
SD values from the simulation was 4.2 dB. The delta dropped to 3.0 dB for the IEC room
and 2.9 dB for the ITU room. The same trend can be observed in the MD delta as, again,
the best real-world improvement was in the IEC room with a delta of 4.3 dB compared
with the ITU room at 3.2 dB. Clearly, the dimensions of the space affect the results and,
as stated by Celestinos and Nielsen (2008b), the ITU room had more damping, which
may have caused an issue resulting from the creation of a plane wave. Additionally,
the wider distance between the sources in the ITU room limited the upper frequency at
which a plane wave could be created.

It is evident from both the simulation and experimental results in this work, that the
CABS 0.2.2 setup (plane wave cancellation method) is an effective method for achiev-
ing optimum low-frequency sound pressure level distribution inside a cuboid room.
It achieved good results over most of the room, contrasting with the single or small
number of listening zones to which digital room correction is normally limited.

In addition to the work done by Celestinos and Nielsen (2008b), Fazenda et al. (2012)
investigated the optimal listening setup using qualitative means. Here, eight different
systems were set up in a room at the same time, thus allowing for a direct comparison.
Twenty listeners were asked to choose their favourite arrangement using the paired
comparison technique. Overall, it was found that the CABS and single source-to-sink
(SSS) setups had the highest perceived quality (Fazenda et al. (2012)). The SSS setup
can be thought of as a simplified version of CABS with one source at the front of the
room and one at the rear, both at the halfway point of the width. This study had com-
paratively few participants (Martı́nez-Mesa et al. (2014)), but the experiment still has
merit. Although it should not be implicitly assumed that the CABS and SSS setups
are the best for home listening, there can be confidence that they offer a high level of
subjective improvement to the audio experience. The CABS approach requires exact
measurement and placement of the loudspeaker, as moving the loudspeakers away
from the defined layout will impact the listening experience (Celestinos and Nielsen
(2008b)). Additionally, if the room furniture arrangement changes, the cancellation ef-
fect of the two loudspeakers may be reduced due to additional diffraction. Overall, the
CABS method is good at controlling low frequencies in listening rooms, but is quite
inflexible for those inhabiting the space.

2.2.2.2 Spherical wave cancellation

The work of Celestinos and Nielsen (2008b) shows that plane wave cancellation of-
fers a possible solution to the acoustic issues found with listening rooms as outlined
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in Section 2.1. However, it does require fixed loudspeaker positions, and further test-
ing would be needed to understand the extent to which this method would work in
non-cuboid environments. A more useful system would give the same level of control
without creating a plane wave. This section reviews work where spherical waves have
been used, as outlined by Nelson and Elliott (1992) and extended in three papers: Van-
derkooy (2007), Vanderkooy (2011) and Vanderkooy and Rousseau (2013). The main
advantage of the spherical wave (point source) system is that it poses no constraints on
the layout of loudspeakers within the environment.

The idea begins by using a point source absorber within a plane wave field to absorb
power from the plane as it passes that point in the environment, leading to a net power
reduction in the system as a whole. Vanderkooy postulates the idea that spherical
sources can be used, showing that the mathematics leads to the same conclusion as
Nelson and Elliot’s theoretical work on plane wave sources.

The results from Vanderkooy (2011) and Vanderkooy and Rousseau (2013) are mixed.
The finite element model shows promise, with the first two modes being reduced in
level by approximately 20 dB and 10 dB, respectively. However, real-world testing
does not support the modelled data and even shows an increase in the power at low
frequencies rather than a decrease.

One issue is that the active absorber output needs to be a perfect inverse of the su-
perposition of all sound fields to be cancelled within the environment at the point of
cancellation. This can be achieved by placing a microphone in the centre of the pres-
sure absorber’s loudspeaker cone and using its output to create the signal to drive the
absorber. This signal requires processing to remove the absorber’s own output and cre-
ate the inverse of the source signal at this single point. There will always be a delay in
such a system, meaning the output will not be a perfect inversion. Thus, although it
may cancel some power, it is more or at least as likely to add power to the environment.
This area of study lies outside the remit of the present thesis, and further work could be
done to determine whether the latency issue can be improved. An inverse filter could
be designed beforehand from measurements taken at the appropriate location, and the
loudspeaker feeds could be adjusted so that the time difference between the output of
both source and absorber was as required. This would only be successful if the envi-
ronmental conditions remained the same as during the measurements, including the
number of people in the enclosure and their locations within it.

2.2.3 Section summary

This section has discussed methods for controlling the acoustic field inside enclosures.
The extent to which the plane wave cancellation method can improve the audio expe-
rience both objectively and subjectively has been outlined, while its limitations have
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also been introduced. The aim of Chapters 3 and 4 is to use ideas from digital room
correction to put forward an approach for controlling the acoustic field inside enclo-
sures that is objectively as good as the plane wave cancellation method, but without its
limitations. To achieve this, Chapter 3 further investigates the plane wave cancellation
method, discussing the theory that underpins the method and introducing studies that
aim to understand more about the limitations of the method. Chapter 4 then uses a
least-squares approach to design digital filters for room correction, and carries out an
in-depth study comparing this with the plane wave cancellation method.

2.3 Metrics

Throughout this thesis, it is necessary to analyse the effectiveness of the acoustic control
offered by each method and to describe various aspects of the sound field. Several im-
portant metrics are introduced here, which will be used and refined throughout Chap-
ter 3. The aim is to create a set of critical metrics to achieve the most effective method
of performing each subsequent analysis. Two of the metrics used in this work were
introduced by Welti and Devantier (2006) and Welti (2012). Diverging from methods
used by other researchers to optimise low-frequency response in living spaces, Welti
investigated the possibility that simply changing the position where one sits in a room
can dramatically affect the quality of the low-frequency response. Several factors pro-
foundly impact the resultant low-frequency response, including the positioning of sub-
woofers and users in small spaces and the room’s dimensions (Welti (2012)). While it
is not feasible to state that one particular subwoofer configuration gives the best fre-
quency response results, Welti posits that there is a way to estimate optimal configura-
tions (Welti (2012)). As part of this work, Welti defines several metrics, of which this
thesis will use two, the mean spatial variance (MSV) and spatial average (SA), which
are detailed below. These aim to provide a simple objective method for comparing the
effectiveness of the acoustic control. Welti also suggests that, although it has not been
proven, certain metrics, such as mean spatial variance, correlate with subjective listener
preference. If this were the case, the aim of minimising seat-to-seat variation would be
a reasonable goal for any control system.

Spatial average. The spatial average (SA) is the average of the amplitude in dB be-
tween the measurements taken at M receiver locations at a given frequency, defined
as

SA( f ) =
1
M

M

∑
m=1

20 log10[pm( f )], (2.28)
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where pm( f ) are the pressures at receiver points rm. This thesis uses a plot of SA( f )
against frequency to replace the need for multiple-frequency responses from multiple-
measurement points in the same environment. The SA( f ) plot offers a rough visual
guide of how close any method under test is to the target.

Mean spatial variance. The mean spatial variance (MSV) measures the receiver-to-
receiver variance of the amplitude response. First, the spatial variance (SV) is defined
as

SV( f ) =
1

M − 1

M

∑
m=1

(20 log10[pm( f )]− SA( f ))2, (2.29)

which is the variance of the amplitude in dB between the measurements taken at the
receiver locations. The MSV over the frequency band of interest is then defined as

MSV =
1
N

N

∑
n=1

SV( fn). (2.30)

This gives the variance of sound level in dB as a single value, which is a function of the
seating location (Welti (2009)), and if, as Welti also suggests, the MSV correlates with
subjective listener preference, the lower the MSV, the more effective the system under
test. From Welti (2012) it can also be postulated that the MSV offers three ranges:

1. Low-level MSV < 15 : The variation among receivers demonstrates good system
performance.

2. Mid-level 15 ≤ MSV ≤ 35 : The variation among receivers falls within an accept-
able range, suggesting satisfactory system performance.

3. High-level MSV >35 : The variation among receivers surpasses the acceptable
threshold, rendering the system unable to produce satisfactory results.

Throughout the thesis, the effectiveness of the system under test can be assessed firstly
by the ranges in which the MSV falls and then by its MSV value.

Error function. When aiming to minimise the sum of squared errors between the
transfer function and the target across all measurement points, an error function (e)
is defined to express how close the result is to the target (Elliott (2000)). When com-
paring data sets in this thesis, up to three types of pressure signals can be measured at
points denoted as rm. These can be defined as:
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• p( f ) - frequency vector of pressure at receiver points when no acoustic control or
filter is used.

• c( f ) - frequency vector of pressure at receiver points when any form of acoustic
control or filter is used.

• d( f ) - frequency vector of target pressure at receiver points.

therefore, two error functions can be defined:

ep( f ) = 10 log10
||d( f )− p( f )||2

||d( f )||2 & ec( f ) = 10 log10

||d( f )− c( f )||2

||d( f )||2 . (2.31)

In the above equations, ep( f ) is the error function when no form of acoustic control or
filter is used, and ec( f ) is the error function when any form of acoustic control or filter
is in use. This thesis uses a plot of this error function against frequency to compare the
effectiveness of the acoustic control methods for a given room with a set target.

The above analysis method does not allow for cross-comparisons between different
rooms and targets. Therefore, these two error functions have been combined as ep( f )−
ec( f ), such that the system’s effectiveness can be assessed using the error ratio.

ε( f ) = 10 log10
||d( f )− c( f )||2
||d( f )− p( f )||2 . (2.32)

Here, ε is the error ratio. A plot of either the error function or error ratio shows the same
data in a different format, so the error ratio will be plotted against frequency when it is
required to ensure comparability of different plots. The error ratio can also be expressed
as the mean value ε̄( f1− f2), giving a simple single value that can be compared across all
systems. ( f1 − f2) denotes a banded frequency for which the error is analysed from f1

to f2 Hz. In simple terms:

• If ε̄( f1− f2) < 0, the control is more effective than if there were no control.

• If ε̄( f1− f2) = 0, the control is no more effective than if there were no control.

• If ε̄( f1− f2) > 0, the control is less effective than if there were no control.

2.4 Room dimension measurement and mapping

In Chapter 5, the aim is to derive the dimensions of the environment and the location of
the sources and the receiver within it to model the space mathematically. The previous
methods for achieving this goal are now reviewed.
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2.4.1 Enclosure dimensions estimation

Previous work was primarily based on the time domain analysis, including Aprea et al.
(2009), Filos et al. (2010), Antonacci et al. (2012), Tervo and Tossavainen (2012), Dok-
manić et al. (2013), Remaggi et al. (2014), Filos et al. (2011), Moore et al. (2013), Crocco
et al. (2016) and Devos (2019). These methods generally analyse sound intensity vectors
and time and direction of arrival (Tervo et al. (2009)) to estimate the distance from the
receiver to the surface. Unlike the method presented in Chapter 5, the methods in this
section add complexity to the measurement process by either requiring a specific audio
signal for the measurement or using microphone arrays. A summary of a number of
these methods follows:

1. Antonacci et al. (2012) focuses on two-dimensional geometries using a single
source and an array of microphones. This method requires that the relative loca-
tion of each microphone in the array is known. The system estimates the distance
between the surface and the microphone array by comparing the arrival time of
the direct signal from the source and the reflected signal from the surface at the
location of each microphone in the array.

2. Tervo and Tossavainen (2012) estimates three-dimensional geometries using a sin-
gle source and a microphone array. The proposed method does not require prior
knowledge of the number of walls or the room shape. The method looks at the
peak distribution in the time domain impulse response while adjusting the di-
rectivity of the microphone array. This allows it to calculate the direction of the
surface (as seen by the microphone array) by analysing the energy in the impulse
and then the distance to the surface. Although the paper states that the algorithm
does not require any a priori information about the room shape, the experimental
data is only for a cuboid room, which does not support this claim.

3. Dokmanić et al. (2013) presents an algorithm for reconstructing three-dimensional
geometries of a convex polyhedral room from a few acoustic measurements. It
uses a single source and recommends using four separate microphones for three-
dimensional estimations. The paper also proposes using an impulsive sound
stimulus, which is questionable because the study uses a kick drum as the stim-
ulus. However, through an analysis of the direct sound and echoes, by grouping
the echoes by the surface they were emitted from, the distance from that surface
can be estimated, from which the geometry of the enclosure can then be inferred.

The method introduced in Chapter 5 works in the frequency domain using the data
already present from the room impulse response. There is no requirement for a specific
test signal or a microphone array, as it can use microphones built into each source.
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2.4.2 Location estimation within an enclosure

This section reviews methods for estimating the locations of an acoustic source and
receiver within an enclosure. All previous work on this was primarily based on the time
domain analysis. There is a large amount of work done in this area using microphone
arrays and methods such as beamforming to locate the audio source, including but not
limited to that by Weng and Guentchev (2001), Ma and Liu (2018), Rui et al. (2005), Wu
et al. (2010), Bodley (2003), Ma et al. (2019), Zhang et al. (2008) and Ribeiro et al. (2010).
The main focus of these papers is speech location for voice commutation systems. The
work in this thesis aims to use a single microphone built into each source rather than a
microphone array, as there is an imperative to keep the hardware cost to a minimum if
the approach introduced is going to be transferable to a consumer product. Therefore,
beamforming is not an option.

One option is to use a point-to-point measurement system to estimate the distance be-
tween the source and receiver, allowing the relative locations to be triangulated once
enough data is estimated. Methods such as that proposed by Georganti et al. (2011)
measure the source-to-receiver distance through feature extraction from analysing the
recording. The more straightforward approach is to measure the time of flight between
the source and receiver (Bell (2011)). This thesis aims to use a single microphone built
into each source. Accordingly, a time-of-flight system represents a possible solution,
and a preliminary study to investigate it is given here.

The time-of-flight method involves playing a signal from the source loudspeaker at
point s and recording the time delay required to reach the receiver at point r, giving a
time of flight sr(t) by which the distance sr(m) can be calculated. Once three (or more)
loudspeakers are in use, the matrix SR will be created, and the distance between the
source and the relative locations can be calculated (Bell (2011)).

FIGURE 2.8: Representation of the system setup used for these tests.
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Figure 2.8 shows a representation of the system setup. Each loudspeaker had a built-
in microphone. The aim was to demonstrate that a real-time impulse-based time of
flight system could be used to measure the distance from the source to the receiver in a
multi-location system.

TABLE 2.8: Physical distance measure-
ment

Source

1 2 3 4

R
ec

ei
ve

r

1 2.47 4.42 4.73

2 2.46 4.71 3.91

3 4.35 4.66 1.65

4 4.71 3.88 1.70

TABLE 2.9: Distance measured with
audio impulse

Source

1 2 3 4

R
ec

ei
ve

r

1 2.44 4.40 4.71

2 2.46 4.68 3.89

3 4.34 4.65 1.67

4 4.70 3.87 1.69

TABLE 2.10: Error between physical measurements and distance measured with audio
impulse

Source

1 2 3 4

R
ec

ei
ve

r

1 0.03 0.02 0.00

2 0.00 0.03 0.02

3 0.01 0.01 0.02

4 0.01 0.01 0.01

Table 2.8 shows the physical measurement from each loudspeaker to each receiver, and
Table 2.9 shows the measurement from each source to each receiver using the real-
time impulse-based time-of-flight system. Table 2.10 shows the error between the two
measurements. The largest absolute error in Table 2.10 was 0.03 m, which is 0.6%, and
the largest percentage error was 1.2%. Although this worked well, this point-to-point
measurement system only provided relative locations. The method in Chapter 5 aims
to estimate the absolute locations in a coordinate system consistent with the room.

2.4.3 Other room measurement systems

Several commercial applications have been released to determine the location of a
portable device (e.g. a mobile phone or smart loudspeaker) relative to a particular
room or space. These location-based services serve different purposes but usually em-
ploy radio-based technologies (Tarzia et al. (2011)). The most common approaches for
indoor localisation require the following:

• The installation of different sensors within the environment for location accuracy
and reliability.
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• The use of existing cellular or Wi-Fi base stations. The most accurate Wi-Fi locali-
sation approach uses a Gaussian distribution to statistically model signal strength
observations.

An acoustic space analysis has been proposed to overcome the indoor localisation is-
sues associated with radio-based systems. Some of the most interesting technologies
and projects are summarised in this section. Again, the methods in this section add
complexity to the measurement process, unlike those presented in Chapter 5.

2.4.3.1 Human-generated sound location systems

Human-generated sound location systems require the end-user to generate a sound,
which is then used to locate the user or calculate the room impulse response. Examples
include:

1. Accurate, low-cost location sensing (Scott and Dragovic (2005)) requiring the place-
ment of microphones in key locations. Users can then snap their fingers to share
their positions in space. At least four microphones are required to calculate the
sound’s x, y and z coordinates.

2. Use of the hand clap as an impulse source for measuring room acoustic (Seethara-
man and Tarzia (2012)).

Both these systems work but require a clear signal-to-noise ratio. To give effective
results, the hand clap excitation must be 26.4 dB above the background noise level
(Seetharaman and Tarzia (2012)). Location sensing requires knowledge of other loca-
tions within the environment (where the microphones are placed). Overall, this could
offer an effective way to locate a listener within an already-setup system.

2.4.3.2 Multi-sensor systems

These systems use a combination of information from different sensors to locate the lis-
tener in the space. The most well-known are the Apple Homepod (Hardy et al. (2018))
and built-in loudspeakers. These systems use built-in video cameras, compasses, ac-
celerometers, light sensors, wireless antennae, thermometers, current and voltage mon-
itors, microphones, gyroscopes and barometers to determine as much as possible about
the environment.

The goal of the Homepod (Hardy et al. (2018)) is to identify the loudspeaker location
and orientation relative to a target (i.e. the listener) and then to obtain the characteris-
tics of the surrounding environment. To detect the latter, a set of audible and inaudible
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test tones are played through all or some of the loudspeakers (depending on the mea-
surement being made). Simultaneously, the microphone array uses different weighting
and delays to produce different polar patterns to detect sounds from the loudspeakers
and analyse the presence, level and delay between reflections. For example, significant
reflections with minimal delay may indicate that one loudspeaker is close to a hard
surface.

2.4.4 Section summary

This section reviewed methods that aim to derive the dimensions of an enclosure and
the location of a source and receiver within it from acoustic measurements. All of the
methods reviewed add complexity to the measurement process. In Chapter 5, the room
dimension and source and receiver location estimation methods differ from any of the
systems identified. They require no more complexity than that resulting from measur-
ing a room’s impulse response using techniques such as that outlined by Farina (2000).

2.5 Chapter summary

This chapter reviewed the previous research necessary to understand this thesis, plac-
ing the present work in its proper context.

It began with a review of the relevant areas of room acoustics and an introduction of
Green’s functions as an analytical method to model measurements within a cuboid
room environment. Section 2.1 also discussed how the dimensions and damping of
an enclosed listening environment affect the audio, which can negatively affect the au-
dio experience. Section 2.2 then discussed methods for controlling the acoustic fields
within enclosures. All the methods reviewed attempted to compensate for the negative
effect on the audio experience, using either digital room correction or acoustic cancel-
lation. The extent to which the plane wave cancellation method can objectively and
subjectively improve the audio experience was demonstrated, while limitations of this
method were also introduced. This led to the aim of this thesis: to investigate whether
the least-squares approach to digital room correction for controlling the acoustic field
inside enclosures is objectively as good as the plane wave cancellation method while
also avoiding its limitations. To fully investigate this, Chapter 3 will further study the
plane wave cancellation method, discussing the theories underpinning it and intro-
ducing studies that aim to discover more about the method’s limitations. Chapter 4
will then directly compare the least-squares approach to digital design filters for digi-
tal room correction to the plane wave cancellation method. Section 2.3 has introduced
the metrics that will be used throughout the following chapters when comparing the
different approaches for controlling the in-room sound field.
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The final section of this chapter reviewed methods to derive the dimensions of an en-
closure and the location of a source and receiver within the said enclosure from acous-
tic measurements. Although the methods are effective, they add complexity to the
measurement process. This provides the opportunity for further research to determine
whether a method can be created that derives the dimensions of an enclosure and the
location of the source and receiver without the need for added complexity. This is the
focus of Chapter 5.
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Chapter 3

An assessment of the plane wave
cancellation method

The plane wave cancellation method was introduced in Chapter 2, and when reviewing
the work of Celestinos and Nielsen (2004), Celestinos and Nielsen (2005), Celestinos
and Nielsen (2006), Celestinos and Nielsen (2008a), Celestinos and Nielsen (2008b),
Santillán (2001), Santillán et al. (2007) and Fazenda et al. (2012) in conjunction with the
other methods of control outlined in Chapter 2, it was decided that the plane wave
cancellation method would be the reference for this work.

This chapter is split into three sections to provide a greater understanding and assess-
ment of the plane wave cancellation method, as follows:

1. A review of theories underpinning the plane wave cancellation method

2. A demonstration of the effectiveness of the plane wave cancellation method

3. An investigation into the limitations of the plane wave cancellation method

After these matters have been discussed, it will be clear how effective the plane wave
cancellation method can be and how the method is limited when moving to a home en-
vironment, thus creating an opportunity for the use of the approach assessed in Chap-
ter 4.

The results analysed from the studies presented throughout this chapter will look for
trends rather than going into too much detail, as this is a short review; more in-depth
studies can be found in the cited literature.



44 Chapter 3. An assessment of the plane wave cancellation method

3.1 Theories underpinning the plane wave cancellation method

This section introduces and explains theories that create the conditions from which the
plane wave cancellation method arises. Two theories will be covered. The first, the
principle of superposition, explains why wave cancellation occurs. The second shows
how the combination of wave field synthesis (WFS) and the image method can create a
plane wave in the real world.

3.1.1 Wave cancellation

The idea behind wave cancellation comes from the principle of superposition: the pres-
sure at any location within a sound field can be expressed as the sum of all sources at
that location (Nelson and Elliott (1992)). This can be mathematically shown by starting
with the linearised version of the three-dimensional wave equation,

∇2 p − 1
c2

0

∂2 p
∂t2 = 0, (3.1)

and substituting in two independent acoustic pressure functions, p1(x1, t) and p2(x2, t)
(Nelson and Elliott (1992)), which leads to

[
∇2 − 1

c2
0

∂2

∂t2

]
p1(x1, t) = 0 &

[
∇2 − 1

c2
0

∂2

∂t2

]
p2(x2, t) = 0 (3.2)

and therefore [
∇2 − 1

c2
0

∂2

∂t2

]
(p1(x1, t) + p2(x2, t)) = 0. (3.3)

This leads to
ptotal(x, t) = p1(x1, t) + p2(x2, t). (3.4)

From this, it is clear that at the point where two pressure waves meet, if p1(x1, t) =

−p2(x2, t), then ptotal(x, t) = 0, so there will be full cancellation. This mathemati-
cal proof can be extended to any number of independent acoustic pressure functions,
and this wave cancellation naturally occurs when pressure waves interact. The key to
any form of acoustic control that relies on wave cancellation is manipulating how and
where these interactions occur.

3.1.2 Why a plane wave?

In audio reproduction systems, most real-world sound sources radiate low-frequency
pressure waves in a pattern similar to a sphere. Therefore, this wave propagation is nor-
mally simplified as a spherical wave. As shown mathematically in Section 3.1.1, wave
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cancellation can occur naturally when pressure waves interact. Any acoustic control
system dependent on wave cancellation to change the sound field must predict and
manipulate these interactions, either in the environment as a whole or across defined
areas.

Figure 3.1 shows how two spherical waves interact in a free-field environment where
the wave sources are identical except for a 180º phase difference.

FIGURE 3.1: Spherical wave interaction in the free field. Both sources are identical,
except for a phase difference of 180º.

Figure 3.1 shows that although areas of local cancellation (zero pressure) can be ob-
served, with the clearest running directly between the two points; there are also areas
of constructive inference. In the free-field environment, these areas of cancellation and
reinforcement are distinct. Figure 3.2 shows the same system placed in a simple en-
closed environment, where the reflections complicate the wave interactions. The in-
teractions are still predictable in the real world, but they become more complex; thus,
it becomes computationally intensive to calculate them. Additionally, as discussed in
Chapter 2 when reviewing the work in Nelson and Elliott (1992), Vanderkooy (2007),
Vanderkooy (2011) and Vanderkooy and Rousseau (2013), cancellation systems that use
spherical waves perform poorly. What is needed is an easy-to-predict, uniform wave-
front, which is offered by a plane wave.
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FIGURE 3.2: Spherical wave interaction in an enclosure. Both sources are identical,
except for a phase difference of 180º.

3.1.3 Creating a plane wave

If the spherical wave propagation shown in Figure 3.2 can be replaced by a system that
can generate two plane waves at either end of the environment, the calculations shown
in Section 3.1.1 demonstrate that it should be possible for one wave to be completely
cancelled by the second. This is the main concept in Celestinos and Nielsen (2008b).
Although an infinite plane wave is not possible from a real-world sound source, it
is theoretically possible to create a pseudo-infinite plane wave using many spherical
sources.

The procedure that allows any wavefront to be constructed using a number of spherical
sources was first developed by Berkhout (1988). This paper led to the theory of WFS, as
outlined in Berkhout et al. (1993). Wave field synthesis is a sound field control method
designed specifically for spatial audio rendering. Utilising WFS concepts, it should be
possible to create a plane wave by placing a number of spherical sources in a line array
(Ward and Abhayapala (2001)).

Figure 3.3 shows the horizontal cross-section of 100 free-field spherical sources in a line
array. A plane wave can be seen forming in the middle of the array. The next prob-
lem is that this number of sources cannot realistically be used in a home environment.
However, a virtual array of reflected sources can be created using the image method
(Allen and Berkley (1979)). For this, the sidewalls are modelled as flat, pure, reflective
surfaces.

Figure 3.4 shows the main room with the real and image sources created by reflecting
walls. If the sidewalls are modelled as flat, pure, reflective surfaces, these virtual rooms
will extend to infinity on either side, creating an infinite array of sources. In the real
world, absorption would occur, but this method could create a close approximation to
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FIGURE 3.3: Use of 100 spherical sources to create a plane wave.

FIGURE 3.4: Creation of an array using an image source.

a plane wave across most of a real room. Figure 3.4 shows the layout for an array with
two real-world loudspeakers, but any number of loudspeakers could be used. Their
location within the real room is important; when they are mirrored, they must create a
uniform array. With W representing a generic number of loudspeakers (or sources) in
two dimensions, the distances required between the loudspeakers can be expressed as

∆y =
l2
W

, (3.5)

where ∆y is the distance in metres between the point sources. The aim is to create the
highest-frequency plane wave possible to propagate along the longest dimension of
the enclosed space. The limiting factors of the highest frequency at which a plane wave
can be created are the room’s width and the number of sources. This is known as the
aliasing frequency (Spors and Ahrens (2009)), which is given by
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faliasing =
c0

2∆y
. (3.6)

From this, it can be stated that the distance between the loudspeakers fixes the highest
frequency at which a plane wave can be created. Combining Equation 3.6 and Equa-
tion 3.5, it can be shown that the plane wave cancellation method can only take place
for modes up to

f =
c0W
2l2

. (3.7)

Using the information given in this section, it should now be possible to create a sound
field up to the maximum plane wave frequency, which propagates from both the front
and rear of a given cuboid environment and uses the rear waves to cancel the front
waves. This removes modal resonances and the reflections from the rear wall and thus
gives the impression of an environment with no rear wall.

This thesis focuses on a plane wave in two dimensions created across the enclosure’s
l2 dimension. Image sources are also created by reflections in the l3 dimension (from
the ceiling and floor) following the same rules. The upper frequency at which a three-
dimensional plane wave can be created is limited by the largest distance between two
sources (or one source and an image source) in either the l2 or l3 dimension. Focus is
on a plane wave in two dimensions, as it has been surmised that most home listening
environments have two front sources.

3.2 Testing the plane wave cancellation method

Building on the principles outlined in the previous section, the efficacy of the plane
wave cancellation method was assessed through three studies carried out using an ana-
lytical model. These studies were less comprehensive than those conducted by Celesti-
nos and Nielsen (2006), Celestinos and Nielsen (2008a), Celestinos and Nielsen (2008b)
and Santillán et al. (2007), showing only small sets of data comparing the effective-
ness of systems with and without the plane wave cancellation method. However, these
three studies also build a benchmark for work done later in this thesis. They covered
the following topics:

Study 1: The effect of the plane wave cancellation method on the modal resonances
throughout the environment

Study 2: The effect of the plane wave cancellation method at a single point

Study 3: The impact of the plane wave cancellation method across a frequency band
over a fixed listening area within the enclosure
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The main parameters of each model, namely the cuboid enclosure and the transfer
function calculation methods, were identical. The main differences concerned the area
within the studied enclosure and how the data was analysed.

3.2.1 Shared parameters used in the studies

There were two sets of shared parameters used in these studies, as follows:

1. The dimensions of the enclosure and the locations of the sources within the en-
closure

2. The mathematical model used to create the transfer functions

3.2.1.1 The enclosure and the sources’ locations

The modelled room was based on the Bowers & Wilkins SRE (Steyning research estab-
lishment) main listening room. The dimensions (L) = ([length, width and height]) were
as follows: (l1, l2, l3) = ( 8 m, 4.93 m, 2.96 m). Any point within the room was defined
in three-dimensional Cartesian coordinates in the form of (x , y, z), with the original
reference at the front-bottom left-hand corner (unless otherwise stated).

FIGURE 3.5: A basic plane wave cancellation method room representation shown from
above.

In Figure 3.5, a representation of the loudspeaker layout is shown. Throughout this
thesis, the signal sources are defined as sw with a location of sw = (x̃w, ỹw, z̃w). The
source locations for the studies in this section are given in Table 3.1. Following the
theory outlined in Section 3.1.3, these locations are the ideal source positions to create
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plane wave propagation along the l1 dimension at frequencies up to 69.57 Hz from both
pairs of sources.

TABLE 3.1: The ideal source positions for the plane wave cancellation method. The
rear channels (s3 and s4) are modelled for all plane wave cancellation methods at x̃

values s3 and s4 as 2l1

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

s1 (0.0, 1.23, 1.48) s3 (8.0, 1.23, 1.48)

s2 (0.0, 3.70, 1.48) s4 (8.0, 3.70, 1.48)

Figure 3.5 shows the method used to achieve plane wave cancellation as given from
the CABS set up in Celestinos and Nielsen (2008b), where the rear channels transmit-
ted the same signal as the front channels, delayed by an amount proportional to the
room’s length, which was then inverted by adding a negative gain. This gain was pro-
portional to the level of signal attenuation between the front and rear walls (although
the authors do not provide the gain factor or method of calculation in their paper).
A version of this method has been used for plane wave cancellation throughout this
thesis. However, because the plane wave cancellation method is only tested in a mod-
elled environment, the requirement to delay, attenuate and invert the phase of the rear
channels (s3 and s4) can be negated by simply setting the x̃ values of s3 and s4 to 2l1.
This automatically creates the most effective plane wave cancellation possible in the
space, by creating a second identical modelled room behind the original. As these two
rooms are acoustically identical, the signals leave the front sources s1 and s2 and the
rear sources s3 and s4 at the same time, and are attenuated by the same amount as they
travel through their respective rooms until they interact at the adjoining surface. Here
the signal from the rear sources will be a perfect inverse of the signal from the front
sources.

3.2.1.2 Transfer function

The transfer function for the analytical model was created using the Green’s function
pressure model, previously shown in Equation 2.23, as follows:

P̂(r|s) =
∞

∑
n=0

ωρ0c2
0Q ψn(r)ψn(s)

[2ζnωnω + i(ω2 − ω2
n)]V

(3.8)

It gives the radiated pressure at a point, rm, due to a source, sw, where Q is the vol-
ume velocity (in the scope of this thesis, it can be noted that Q = 1 unless otherwise
stated) and ζn is the damping coefficient. This model was originally designed as a
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pseudo-approximation of a real-world environment, although with greatly simplified
aspects, such as a lack of objects within the space, a lack of windows or doors and all
surfaces being completely smooth with uniform damping. However, the aim was that
the damping coefficient should represent one that might be found in the real world.
Therefore, in Section 2.1.1, it was stated from Hoeg et al. (1997) and the technical doc-
ument AES (2001), that the target RT60 should be between 0.2 and 0.5 seconds in the
frequency range from 250 Hz to 4 kHz, with Beranek and Mellow (2019) revealing that
at low frequencies, this target may rise 1.25 %. In Section 3.1.3, it was discussed that
the lower the absorption of the surface, the more effective the image method is at con-
structing a plane wave. To provide the highest reflective surface based on real-world
average targets, an RT60 of 0.625 seconds was used for the studies in this section. Util-
ising Equation 2.25 from Section 2.1.3.3, this RT60 value gives a ζn of 11.052

ωn
.

The accuracy of the analytical model needs to be discussed. In a room where the l1
dimension is 8 m and a speed of sound of 343 ms−1, the first resonance frequency
would be 21.4375 Hz. However, due to the computational effort required, the Green’s
function model is limited to a frequency resolution of two decimal places. The offset
and error created in the cancellation are deemed small enough not to affect the broader
outcomes of the work, as any realistic, usable level of improvement must be much
larger than this tolerance.

In each study, the raw signal without cancellation is compared to the plane wave can-
cellation method signal. This raw signal is the summation of the transfer function from
s1 and s2 and is the same throughout the thesis unless otherwise stated.

3.2.2 The plane wave cancellation method whole-room study

This study looked at the effect of the plane wave cancellation method on individual
modal resonances throughout the whole environment. The modelled room was sam-
pled with a grid with a receiver point at every 0.10 m in the x direction and 0.0986 m
in the y. This grid was a flat surface at a height of 1.48 m. The transfer function, as
defined in Equation 3.8, was then used to calculate the frequency response from each
source to each receiver point. These frequency responses were then combined so that
any individual frequency could be analysed across the whole surface.

This section reviews the results for the first three (n1, 0, 0) modes. In Table 3.2, the first
20 modes of the enclosure are reported, calculated using Equation 2.9, and the first
three (n1, 0, 0) modes’ frequencies were 21.44 Hz, 42.88 Hz and 64.31 Hz.

Figures 3.6, 3.7 and 3.8 show the plots for the sound pressure level over the defined sur-
face grid across the whole room for modes 21.44 Hz (1, 0, 0), 42.88 Hz (2, 0, 0) and 64.31
Hz (3, 0, 0), respectively. Each figure is made up of four plots: (a) the acoustic pressure
on the surface with no cancellation, (b) the acoustic pressure on the surface with the
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TABLE 3.2: First 20 modal frequencies based on the dimensions of the Bowers &
Wilkins SRE main listening room.

(n1, n2, n3) Frequency (n1, n2, n3) Frequency (n1, n2, n3) Frequency (n1, n2, n3) Frequency

(0,0,0) 0.00 Hz (2,1,0) 55.21 Hz (0,2,0) 69.57 Hz (2,1,1) 80.03 Hz

(1,0,0) 21.44 Hz (0,0,1) 57.94 Hz (1,1,1) 70.90 Hz (2,2,0) 81.72 Hz

(0,1,0) 34.79 Hz (1,0,1) 61.78 Hz (2,0,1) 72.08 Hz (4,0,0) 85.75 Hz

(1,1,0) 40.86 Hz (3,0,0) 64.31 Hz (1,2,0) 72.80 Hz (3,0,1) 86.56 Hz

(2,0,0) 42.88 Hz (0,1,1) 67.58 Hz (3,1,0) 73.12 Hz (0,2,1) 90.54 Hz

plane wave cancellation method, (c) the sound pressure as a function of the x coordi-
nate with no cancellation and (d) the sound pressure as a function of the x coordinate
with the plane wave cancellation method. The plots within each figure have been nor-
malised by the maximum sound pressure value at the frequency under analysis, with
no cancellation.

Normalised sound pressure

(a) No cancellation top view. (b) The plane wave cancellation
method top view

(c) No cancellation side view.. (d) The plane wave cancellation
method side view.

FIGURE 3.6: The sound pressure in the enclosed environment at 21.44 Hz, with and
without the plane wave cancellation method.

The plots in Figures 3.6, 3.7 and 3.8 all show a drop in the relative normalised sound
pressure when the plane wave cancellation method was in use. The drop is clearest in
the difference between the (c) and (d) plots in each figure. A comparison between the
plots shows how the peak pressure at 0 m decreased by 88.4 % in Figure 3.6, 88.2 % in
Figure 3.7 and 88.0 % in Figure 3.8. Table 3.3 shows the drop in the RMS SPL across the
whole surface at each frequency as a decibel value.
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Normalised sound pressure

(a) No cancellation top view. (b) The plane wave cancellation
method top view

(c) No cancellation side view.. (d) The plane wave cancellation
method side view.

FIGURE 3.7: The sound pressure in the enclosed environment at 42.88 Hz, with and
without the plane wave cancellation method.

TABLE 3.3: The RMS levels of the raw signal with no cancellation and the plane wave
cancellation method signal over the surface at modes 21.44 Hz, 42.88 Hz and 64.31 Hz

and the delta.

Fr
eq

ue
nc

y

RMS [dB]

RS PWC ∆

21.44 Hz 68.11 61.43 -6.67

42.88 Hz 68.30 61.35 -6.95

64.31 Hz 68.25 61.10 -7.15

Table 3.3 shows that the model RMS SPL across the whole surface dropped by up to
7.15 dB when using the plane wave cancellation method.

3.2.3 The plane wave cancellation method single-point study

This study looked at the effectiveness of the plane wave cancellation method across a
frequency range at a single point. The receiver was modelled in the corner at location
(0, 0, 0), where ψn(rm) = 1 for any value of n, so that the receiver location would have
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Normalised sound pressure

(a) No cancellation top view. (b) The plane wave cancellation
method top view

(c) No cancellation side view.. (d) The plane wave cancellation
method side view.

FIGURE 3.8: The sound pressure in the enclosed environment at 64.31 Hz, with and
without the plane wave cancellation method.

no effect on the modal resonances found in the frequency response of this model. This
means that this location would produce the highest modal resonance influence for this
space with this source location. The data sets were analysed in the frequency band of
10−100 Hz, i.e. the band of interest for much of the work in this thesis.

Figure 3.9 shows the frequency response for the raw signal ( RS) with no cancella-
tion and the plane wave cancellation method signal ( PWC) for the receiver at point
(0, 0, 0), with all modal frequencies of the enclosure denoted as .

FIGURE 3.9: Frequency response for the RS ( RS) with no cancellation and the PWC
( PWC) for the receiver at point (0, 0, 0), with all mode frequencies of the enclosure

denoted as .
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In Figure 3.9, the RS shows that only four modal frequencies were excited at the receiver
point: 21.44 Hz, 42.88 Hz, 64.31 Hz and 85.76 Hz. The PWC shows high drops in RMS
level at these frequencies; the values are given in Table 3.4.

The lowest point in each plane wave cancellation method trough in Figure 3.9 was
slightly offset from the modal frequency. This was due to two factors: the model’s ac-
curacy, as discussed, and the damping coefficient. As explained in Section 3.1.3, the
more image sources there were, the closer the result was to a plane wave. These drops
were created when the two waves were not perfect plane waves; as the damping co-
efficient moved toward zero, the troughs became narrower. Additionally, when the
damping coefficient was higher, the model showed lower peaks and had more modal
crossover, which also removed the troughs.

In Figure 3.9, the RS also shows that three troughs at 33 Hz, 55 Hz and 80 Hz were
improved by 11 dB, 14 dB and 9 dB, respectively, demonstrating that the plane wave
cancellation method was correct for both the peak and the local troughs. The full effect
of the plane wave cancellation method is shown in the RMS values in Table 3.5.

TABLE 3.4: The levels of the RS with no cancellation and the PWC for the receiver at
point (0, 0, 0) at modes 21.44 Hz, 42.88 Hz, 64.31 Hz and 85.76 Hz and the delta.

Fr
eq

ue
nc

y

SPLRMS [dB]

RS PWC ∆

21.44 Hz 72.78 58.27 -14.52

42.88 Hz 72.80 49.77 -23.04

64.31 Hz 72.96 59.50 -13.46

85.76 Hz 73.42 59.51 -13.92

Tables 3.4 and 3.5 show the RMS SPL levels for the RS with no cancellation and the PWC
for the receiver at point (0, 0, 0). In Table 3.4 for the data for the modes at 21.44 Hz, 42.88
Hz, 64.31 Hz and 85.76 Hz is given, and in Table 3.5 the data for the whole frequency
band of 10−100 Hz is given. At the single modes, large drops of up to 23.04 dB are
seen, and as discussed, the troughs at these frequencies may have been misleading.
However, Table 3.5 shows that there is an average drop of 2.52 dB over the frequency
range of 10 to 100 Hz at this location when using the plane wave cancellation method.

TABLE 3.5: The RMS levels of the RS with no cancellation and the PWC for the receiver
at point (0, 0, 0) for the range of 10 Hz to 100 Hz and the delta.

SPLRMS [dB]

RS PWC ∆

66.02 63.53 2.52
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3.2.4 The plane wave cancellation method fixed-listening-area study

This study focused on the impact of the plane wave cancellation method across a fixed
listening area within the enclosure. It aimed to provide methods for comparing the
plane wave cancellation method with other acoustic control methods throughout this
thesis. In this section, the metrics introduced in Section 2.3 will be utilised. Figure 3.10
shows a representation of the listening area, with the receivers defined in terms of rm

with a location of rm = (xm, ym, xm). The exact layouts of these receivers are given in
Table 3.6.

FIGURE 3.10: Representation of the listening area, shown as a grid of receivers denoted
as , and sources denoted as .

TABLE 3.6: Receiver locations.

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

r1 (5.0, 1.0, 1.5) r4 (6.0, 1.0, 1.5) r7 (7.0, 1.01.5)

r2 (5.0, 3.0, 1.5) r5 (6.0, 3.0, 1.5) r8 (7.0, 3.0, 1.5)

r3 (5.0, 4.0, 1.5) r6 (6.0, 4.0, 1.5) r9 (7.0, 4.0, 1.5)

A target sound field over the listening area was defined as a plane wave travelling
through the listening area, expressed as

d(x) = p0e−ikrm . (3.9)

The wave-front is propagating parallel to the y-z plane, meaning that rm could be sim-
plified to only the xm value of any receiver point location. In addition, the value p0 is
adjusted so that the target level considers the drop in the average RMS level across the
enclosure when the plane wave cancellation method is in use. The goal is to have the
plane wave cancellation method show its best results for any setup. In Table 3.5, the
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drop in the average RMS level is shown as 2.52 dB for the single point measurement.
However, when moving to a fixed listening area, the same raw signal gave an average
RMS level of 65.28 dB, and as shown in Table 3.7, the drop in the average RMS level
is 1.75 dB when using the plane wave cancellation method. Therefore, throughout this
thesis, unless otherwise stated when using the analytical model, the raw signal will
have an average RMS level of 65.28 dB over the fixed listening area, with a target level
of 63.53 dB. This target level has been chosen as it is the natural level achieved by the
plane wave cancellation method. This RMS target level will be added to the metrics
introduced in Section 2.3, as it gives a signal which shows how close the system under
test is in sound pressure to the target over the target area. This, when included with the
other metrics, should build a picture of the effectiveness of the control method under
test.

3.2.4.1 Results from the fixed-listening-area study

Figure 3.11 shows the SA for the RS, the PWC and the target, over the listening area.
Across the majority of the frequency band, the SA plot shows that the plane wave
cancellation method offered a good level of improvement over the RS. However, it
shows a number of places where the plane wave cancellation method is further from
the target than the RS i.e. the 43 and 85 Hz modes and the section just above 21 Hz.
However, the SA plot shows only the average magnitude. This is a reason for plotting
the error function or error ratio, as these take both phase and magnitude into account.
Figure 3.12 shows how the results of the error function defined in Equation 2.31

FIGURE 3.11: The SA for the RS ( RS), the PWC ( PWC) and the target ( Target)
over a fixed listening area, with all mode frequencies of the enclosure denoted as .
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FIGURE 3.12: Error function against frequency for the RS ( RS) with no cancellation
and the PWC ( PWC) over a fixed listening area, with all mode frequencies of the

enclosure denoted as .

The results in Figure 3.12 show that the plane wave cancellation method was closer to
the target than the RS. In the error function and error ratio data, the lower the values,
the more effective a given method is at achieving the target. The issues highlighted in
Figure 3.11 are not seen in Figure 3.12 because the error function took both the ampli-
tude and the phase into consideration. It is interesting that the main modal frequencies
21.44 Hz, 42.88 Hz, 64.31 Hz and 85.76 Hz show peaks in both the RS and PWC data.
However, there is an improvement of over 12 dB in the PWC data, showing that al-
though the plane wave cancellation method is moving closer to the target, it still does
not offer complete modal control.

Table 3.7 shows the data for the ε̄(10−100 Hz), RMS and MSV. These data sets are given in
this table format throughout the thesis. The absolute value of the RMS delta is used, as
it is deemed more straightforward to cross-compare different targets and approaches,
and the distance from each target level is more important than the level itself. Addi-
tionally, the data sets shown in Tables 3.7 show the full frequency band of interest and
three sub-bands to allow for a greater understanding of the results.

TABLE 3.7: Frequency-banded ε̄(10−100 Hz) [dB], RMS [dB], and MSV [dB] over a fixed
listening area.

M
et

ho
d

10 Hz > f ≥ 100 Hz 10 Hz > f ≥ 40 Hz 40 Hz > f ≥ 70 Hz 70 Hz > f ≥ 100 Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

RS 0.00 1.75 46.17 0.00 2.14 23.93 0.00 2.67 47.72 0.00 0.01 67.00

PWC -12.24 0.00 5.85 -9.80 1.73 2.73 -15.13 1.21 7.85 -13.62 1.26 6.99
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In Table 3.7, all of the data shows that the plane wave cancellation method outper-
formed the RS. Table 3.7 shows that in the 10−100 Hz range, the ε̄(10−100 Hz) has a
system effectiveness of 12.24 dB, with a maximum effectiveness of 15.13 dB in the sub-
range 40−70 Hz and minimum effectiveness of 9.80 dB in the sub-range 10−40 Hz.
The RMS target was achieved across the full range (as discussed, this target was cho-
sen for the plane wave cancellation method to give the best results), but there was an
improvement greater than 0.41 dB in all sub-ranges. The MSV values in Table 3.7 show
that in all but the sub-range 10−40 Hz, the seat-to-seat variation of the RS is above the
level of 35 dB (as outlined in Section 2.3 as unacceptable), and even in this sub-range,
it is only in the acceptable range.The plane wave cancellation method has reduced the
seat-to-seat variation substantially, by 40.17 dB over the full 10−100 Hz range, with all
the data below the 15 dB threshold denoting a good level of seat-to-seat variation.

In Chapter 2, the CABS approach for plane wave cancellation was discussed, and the
mean sound field deviation metric (MSFD) was introduced from the paper Celestinos
and Nielsen (2008a), which is defined as the spatial deviation (SD) and the magnitude
deviation (MD).

TABLE 3.8: Comparing the plane wave cancellation method modelled in this thesis
with the CABS simulation data taken from Celestinos and Nielsen (2008b).

Setup
MSFD

SD MD

CABS 0.2.0 ±4.9 ±6.6

CABS 0.2.2 ±0.7 ±1.9

RS ±5.7 ±6.8

PWC ±0.9 ±2.0

Table 3.8 compares the MSFD for the plane wave cancellation method modelled in this
thesis with the CABS simulation data taken from Celestinos and Nielsen (2008b). It
was not expected that this data would be identical, as the room modelled in this thesis
has dimensions of 8 m, 4.93 m and 2.96 m. In contrast, the CABS room dimensions
were 7.80 m, 4.20 m and 2.76 m, and the CABS receiver array is placed in the centre of
the room, whereas in this work the receiver array centred around the location (6.0 m,
3.0 m, 1.5 m). From the data in Table 3.8 it is clear that in absolute terms, the CABS
0.2.2 simulation data gives lower values of both SD and MD than the PWC data, but
the delta is small between the CABS 0.2.2 and the PWC 0.2 dB in the SD and 0.1 dB in
MD. However, in relative terms, the PWC shows a larger drop from the RS data than
the CABS 0.2.2 data from the CABS 0.2.0 data. Therefore, with only a small delta in
the absolute values and the larger relative drop from the RS, it can be concluded that
the method in this thesis is comparable with the CABS simulation in Celestinos and
Nielsen (2008b). This also validates that the model put forward in the chapter can be
used throughout this thesis as a reference.
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3.2.5 Study review

The primary goal of the studies in this section was to show that the plane wave can-
cellation method is an effective method of modal control compared with the RS in a
cuboid environment. While not going into the level of detail found in the works by
Celestinos and Nielsen (2004), Celestinos and Nielsen (2005), Celestinos and Nielsen
(2006), Celestinos and Nielsen (2008a), Celestinos and Nielsen (2008b), Santillán (2001)
and Santillán et al. (2007), the results shown here still concur with the findings of these
papers. From the data in this section, the following can be stated:

• Section 3.2.2 : The RMS level of the first three modes could be reduced by up to
7.15 dB across the whole listening area.

• Section 3.2.3 : The peak level of the first four modes could be reduced by up to
23.04 dB at a single point.

• Section 3.2.3 : The trough levels in the 10−100 Hz band could be increased by up
to 14 dB at a single point.

• Section 3.2.3 : The RMS level in the 10−100 Hz band could be reduced by up to
2.52 dB at a single point.

• Section 3.2.3 : The ε̄(10−100 Hz) show a system effectiveness of 12.24 dB over a fixed
listening area in the range of 10−100 Hz.

• Section 3.2.3 : The MSV shows a reduction in the seat-to-seat variation of 40.32 dB
over a fixed listening area in the 10−100 Hz range, bringing the MSV below the
15 dB threshold, which denotes a good level of seat-to-seat variation.

• Section 3.2.3 : The MSFD shows that the plane wave cancellation method model
created from this thesis gives a comparable level of effectiveness to the CABS
simulation data taken from Celestinos and Nielsen (2008b). This validates that
the plane wave cancellation method model created in this chapter gives a good
enough result to be used as a reference system throughout the thesis.

3.3 The limitations of the plane wave cancellation method

Section 3.2 shows how effective the plane wave cancellation method system can be
when used in an ideal setup. Moving into the home environment, the need for a
combined listening and living space will likely mean that the plane wave cancellation
method system setup will be compromised. O’Neill (2020) showed that British living
rooms are decreasing in size, so there is more competition for floor space with other
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furniture. Bell (2011) showed that in the home environment, 5.1 surround sound sys-
tems are, on average, not set up as defined in ITU-R:BS.775-3 (2012). Therefore, it is not
unreasonable to suggest that, unless the loudspeakers are wall mounted, they may not
be in the ideal positions for the plane wave cancellation method system. Additionally,
there is no guarantee that the home environment will be precisely cuboid. Adding the
need for doors and windows and the fact that walls, floors and ceilings may all com-
prise different construction materials, the surfaces’ acoustic profiles are unlikely to be
uniform.

This section will build an understanding of how moving away from an ideal setup
could limit the effectiveness of the plane wave cancellation method. It could be argued
that it is unfair to test the plane wave cancellation method outside of its fixed param-
eters. Nevertheless, it is necessary to know the limits of the plane wave cancellation
method to create a benchmark for the approach assessed in Chapter 4.

Based on the reliance on the principles of the image method and WFS to create a plane
wave, as discussed in Section 3.1, two areas need to be investigated to determine the
limitations:

• Room characteristics: two main room characteristics affect the ability to build a
plane wave: the shape and the reverberation time. The shape will be kept con-
stant. Changing it would bring in too many degrees of freedom, so the focus will
be on the reverberation time.

• Source locations: to create a plane wave propagation from both ends of a room,
an accurate source location is vital.

To test the limitations, three studies were carried out:

Study 1: The effect of damping on the plane wave cancellation method

Study 2: The effect on the plane wave cancellation method of moving s1 & s2 per-
pendicular to the front wall

Study 3: The effect on the plane wave cancellation method of moving s1 & s2 par-
allel to the front wall

All studies in this section used the same room and transfer function as laid out in Sec-
tion 3.2.1 and the receiver locations defined in Table 3.6. They also used the sources in
the locations given in Table 3.1. However, in studies 2 and 3, moving the locations of s1

and s2 from the ideal position was investigated.
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3.3.1 The effect of damping on the plane wave cancellation method

In Section 3.2.1.2, the damping coefficient, ζn, was set as 11.052
ωn

(RT60 = 0.625 seconds) to
give the highest reflective surface values while still based on real-world average targets,
as outlined by Hoeg et al. (1997), AES (2001) and Beranek and Mellow (2019). Based
on the same literature, a real-world minimal RT60 would be 0.25 seconds, giving a ζn of
27.631

ωn
. These two values were tested here with three linear RT60 steps at 0.5312 seconds

(ζn = 13.003
ωn

), 0.4375 seconds (ζn = 15.789
ωn

) and 0.3438 seconds (ζn = 20.095
ωn

). In this section,
no matter the damping coefficient, the average RMS level of the raw signal was set to
66.02 dB over the listening area, with the average RMS level of the target at 63.53 dB.
This was done to ensure no level loss due to the damping, the idea being that a listener
in any of the setups would want the raw signal level perceptually to be the same.

FIGURE 3.13: Error function against frequency for the RS ( RS) with no cancellation
and five PWCs with different damping coefficients over a fixed listening area. Original
damping value shown as ( ), with all modal frequencies of the enclosure denoted as

.

Figure 3.13 shows how the results of the error function defined in Equation 2.31 changed
with the damping. Due to the changes in RS for each value of ζn it is not clear how the
effectiveness of each data set compares. However, plotting the error ratio as defined
in Equation 2.32 makes the comparison clearer by normalising the RS as shown in Fig-
ure 3.14. Throughout the thesis, the error ratio will be plotted rather than the error
function when multiple methods are shown on the same plot. Both plots fundamen-
tally show the same thing, but the error ratio is a clearer format for the plot data. The
error ratio graphs show the RS at 0 dB (the lower the values for the method under in-
vestigation, the more effective the method). Where the values are higher than 0 dB,
the method under investigation created a sound field over the listening area that was
further from the target than the original RS.
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FIGURE 3.14: Error ratio against frequency for the RS ( RS) with no cancellation and
five PWCs with different damping coefficients over a fixed listening area. Original
damping value shown as ( ), with all modal frequencies of the enclosure denoted as

.

Figure 3.14 shows how the results of the error ratio defined in Equation 2.32 changed
with the damping. Only in the band between 20 Hz and 30 Hz was the system with
a damping of ζn = 11.052

ωn
outperformed by the other systems; over the rest of the fre-

quency range, the lower the damping value, the higher was the effectiveness observed.
This was reinforced in Plot 3.15a, where the ε̄(10−100 Hz) averaged over the frequency
range clearly shows that as the damping increased, the effectiveness decreased.

Figure 3.15 shows the error ε̄(10−100 Hz) averaged over frequency (Plot 3.15a), the change
in the average RMS level (Plot 3.15b), and the MSV over the frequency range in Plot 3.15c
as the damping changes. When ζn= 11.052

ωn
, it was expected that the RMS level would

match the target, as shown and discussed in Section 3.2. In Plot 3.15b, the PWC val-
ues move away from the target as the damping rises. This would explain some of the
changes in the error seen in Plot 3.15a, but raises the question as to whether the target
level should be adjusted to compensate for changes to the damping coefficient. How-
ever, if the systems were equally effective at creating a plane wave, and the only issue
was related to the gain from a non-ideal target, it would be expected that Plot 3.15c
would show a flatter line, as even if the levels changed at each receiver point, the vari-
ance should have stayed the same. The MSV values in Plot 3.15c show that only when
ζn = 27.631

ωn
is the seat-to-seat variation in the unacceptable range but the plane wave

cancellation method is always below the 15 dB threshold denoting a good level of seat-
to-seat variation. As the damping rises, the system becomes less effective at creating a
plane wave (at either front or rear), as the reinforcement to the sources created by the
image method, as explained in Section 3.1, is not as strong. Therefore, the sources be-
come more akin to individual spherical sources, leading to a degradation in the wave.
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(a) Change in ε̄(10−100 Hz). (b) Change in RMS.

(c) Change in MSV.

FIGURE 3.15: Change in the ε̄(10−100 Hz), RMS and MSV for different damping coeffi-
cients; RS ( RS), PWCs ( PWC) and target ( Target).

3.3.2 The effect on the plane wave cancellation method of moving The val-
ues of s1 and s2 perpendicular to the front wall

In this study, the sources s1 and s2 were moved as a pair from the ideal position on the
front wall of the room in 0.1 m increments along the x-axis, from 0 m to 2 m, to produce
21 sets of data. The rear source and receiver locations did not change, and ζn was set as
11.052

ωn
. In each test iteration, the level and phase of the signal from sources s1 and s2 were

adjusted in order to compensate for the changes in distance and level created between
the sources and the rear wall by moving the source away from the front wall. This was
done in order to achieve the best possible cancellation at the rear surface. The change
in distance could easily be compensated for by a change in phase, however the change
in level was not straightforward, and it was chosen that the level would be adjusted to
keep the same RMS pressure level at the rear boundary.

Figure 3.16 shows that when sources s1 and s2 were moved 0.7 m or more from the
wall, the plane wave cancellation method lines started to cross the RS line in the worst
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FIGURE 3.16: Error ratio against frequency for the RS ( RS) with no cancellation and
21 PWCs with different s1 and s2 locations measured over a fixed listening area. Ideal

locations shown as ( ), with all modal frequencies of the enclosure denoted as .

case, this starts as low as 39 Hz, and as the sources moved further away, the RS line was
crossed more frequently. This meant that the plane wave cancellation method was less
effective compared to doing nothing at this point. In Plot 3.17a, ε̄(10−100 Hz) averaged
over the frequency clearly show that the effectiveness went down as the sources were
moved away from the front wall; however, ε̄(10−100 Hz) when moved up to 0.4 m away,
showed only a 1.5 dB drop in effectiveness, which increased to a 6 dB drop when moved
up to 0.6 m away.

Plot 3.17b shows the change in the RMS level averaged over the frequency range as
the source location changed. Unlike the previous study, the average RMS level of the
raw signal is not the same for each test case. This is because the level was set to 63.53
dB over the listening area when the sources were on the wall. As the sources were
moved away from the wall, the output level was dropped by an amount equivalent to
the distance, so that the level over the listening area would stay the same. The changes
that are seen in the average RMS level of the raw signal in Plot 3.17b are due to the
change of source location affecting the relevant levels of the modes over the area. The
MSV level of the RS was above 35 dB for all locations, and for the PWC methods the
MSV dropped from good to acceptable at 0.8 m.

As expected, the average RMS level matched the target when the sources were in the
ideal locations. Here, up to 0.8 m from the wall, there was a 1 dB difference between the
target and the PWC. However, they started to diverge by up to 3 dB when they were
moved up to 1.2 m. Again, this would explain some of the errors seen in Plot 3.17a. If
the systems were all equally effective at creating a plane wave and the only issue was
in the gain, it would be expected that Plot 3.17c would show a flatter line. Even if the
levels changed at each receiver point, the variance would have stayed the same. The
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(a) Change in ε̄(10−100 Hz). (b) Change in RMS.

(c) Change in MSV.

FIGURE 3.17: Change in the ε̄(10−100 Hz), RMS and MSV as the front sources are moved
away from the front wall; RS ( RS), PWCs ( PWC) and target ( Target).

main error was created by the reflection from the front wall when the sources were not
attached to it, as shown in Figure 3.18.

(a) Audio path sources are attached to
the front wall.

(b) Audio path when sources are not
attached to the front wall.

FIGURE 3.18: A representation of how moving the front source creates a second audio
pathway and no cancelled reflections.

Figure 3.18 shows a representation of the tested system as viewed from the side; Plot 3.18a
shows the ideal setup, and Plot 3.18b shows the source when moved off the front wall.
Regarding the sources on the wall in Plot 3.18a, there was one audio path, which im-
plied one wavefront would be cancelled at the rear wall. In Plot 3.18b, a second path



3.3. The limitations of the plane wave cancellation method 67

was created by moving the source away from the wall. In a standard plane wave can-
cellation method, only one of these audio paths can be cancelled (normally the first),
which means that the second audio path signal will act as if there is no cancellation;
this will be part of the error.

3.3.3 The effect on the plane wave cancellation method of moving s1 and s2

parallel to the front wall

In this study, the sources s1 and s2 were fixed on the front wall but moved along the
y-axis. Each source was moved independently up to ± 1.0 m (in 0.1 m increments) from
its ideal position along the same horizontal plane, giving 421 permutations for the pair
of front sources. Again, the rear source and receiver locations did not change, and ζn =
11.052

ωn
.

FIGURE 3.19: Error ratio against frequency for the RS ( RS) with no cancellation and
421 PWCs with different s1 and s2 locations measured over a fixed listening area. Ideal
locations is shown as ( ), with all modal frequencies of the enclosure denoted as .

Figure 3.19 shows how the error ratio changed in the 421 sets of data. It is clear that
there is too much data to analyse from this plot, but two observations can be made from
Figure 3.19.

1. The PWC with ideal locations is shown as ( ), which was not the lowest of all
frequencies but did track the minimal values with only a 2 dB difference at worst.

2. At no point were any of the plane wave cancellation method source permutations
less effective than the RS.
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Figure 3.20 shows the error ε̄(10−100 Hz) averaged over the frequency as a surface plot,
with the x-axis and y-axis showing the location of the sources s1 and s2. The z-axis
shows the dB value for each pair of locations.

FIGURE 3.20: ε̄(10−100 Hz) for 421 pairs of the s1 and s2 locations.

As shown in Figure 3.20, the minimum ε̄(10−100 Hz) value was -12.24 dB; this was at the
ideal source location. However, the maximum ε̄(10−100 Hz) was -7.92 dB, and comparing
this to the data in Section 3.3.2 shows that moving the source along the wall produced
a smaller degradation in the system’s effectiveness than moving the source away from
the wall.

Figure 3.21 shows the |RMS∆| from the target for the RS (Plot 3.21a) and the |RMS∆|
from the target for the PWC (Plot 3.21b). Figure 3.22 shows the MSV for the RS (Plot 3.22a)
and the MSV for the PWC (Plot 3.21b). All with 421 permutations for the pair of front
sources.

In this section, the RS values will be briefly discussed, with the focus on the change
in effectiveness of the plane wave cancellation method. All plots in Figures 3.21 and
3.22 are surface plots, with the x-axis and y-axis giving the location of the source and
the colour denoting the dB values at each pair of locations. In each case, the minimum
value is shown by a dot, and in all but Plot 3.22a these minimum values are at the ideal
source locations.

Figures 3.21 and 3.22 both show that the PWC methods offer an improvement towards
the target over the RS, there is no location in either set of plots where the RS outper-
forms the PWC. In Plot 3.22a 98.87 % of the locations gave a MSV greater or equal to the



3.3. The limitations of the plane wave cancellation method 69

(a) RS |RMS∆| . (b) RS |RMS∆|.

FIGURE 3.21: |RMS∆| for RS and PWC with 421 pairs of the s1 and s2 locations.

35 dB threshold for acceptable seat-to-seat variation with a maximum MSV of 59.25 dB.
There was a minimum MSV of 34.5 dB at the locations denoted by the black dot, and
the only locations below 35 dB are indicated by the black contour lines, these locations
are interesting but are irrelevant to the scope of this work.

(a) RS MSV. (b) PWC MSV.

FIGURE 3.22: MSV for RS and PWC with 421 pairs of the s1 and s2 locations.

In Plot 3.21a, the lowest value of |RMS∆| from the target is indicated by the white dot
(this was at the ideal positions of s1 and s2) and was 0 dB. As the values moved away
from this point, they increased to a maximum of 1.75 dB. Each colour step holds all
values in a 0.25 dB banding. The |RMS∆| of the plane wave correction system was
within 0.5 dB of the ideal positions for over 57 % of the positions and within 1 dB for
84.8 % of the positions.
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In Plot 3.22b the closest MSV value to zero is indicated by the white dot (again at the
ideal positions of s1 and s2) at 5.75 dB. All locations are below the 35 dB threshold, and
the white contour lines indicate the 15 dB threshold between good to acceptable levels
of seat-to-seat variation. 80.5% of the locations give a MSV below 15 dB, with 48.30 %
of the positions within 6 dB of the minimum value and at a maximum MSV of 19.25
dB.

The data in Plots 3.21a and 3.22b again shows that moving the source along the wall
produced less degradation on both the RMS and MSV values of the system compared
to moving the source away from the wall. This was likely due to the issue created by
moving the source on the front wall, as described by Figure 3.18.

3.3.4 Study review

The main outcomes of these studies were as follows:

• As the damping coefficient of the cuboid enclosure increased, the plane wave
cancellation method was less effective.

• As the damping coefficient of the cuboid enclosure increased, the MSV values
show that the RS could outperform the plane wave cancellation method.

• If the front sources were moved away from the front wall, the plane wave cancel-
lation method was less effective.

• If the front sources were kept on the front wall but moved from their ideal loca-
tions, the plane wave cancellation method was less effective.

• The effectiveness of the plane wave cancellation method was more sensitive to
the front source being moved away from the front wall than to the front source
being moved along the front wall.

It has been shown in this section that the effectiveness of the plane wave cancellation
method is reduced when the system setup is not ideal. This raises an opportunity for a
system of control that is less restrictive in setup.

3.4 Chapter review

Having first explained the theory behind the plane wave cancellation method, this
chapter has shown that although this method can offer high levels of effective control
over the acoustic environment, there are limitations based on the source location and
room characteristics. These limitations are mainly by-products of the theory discussed
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in Section 3.1 and linked directly to what is both the simplicity and beauty of the plane
wave cancellation method − namely, exploiting the fundamental physical properties
of a cuboid environment to allow the principles of the image method and WFS to be
utilised to create an effective solution that does not overly rely on large amounts of
signal processing and offers control over the whole acoustic environment. However,
the limitations that the location of the source and damping impose on the plane wave
cancellation method systems make it hard to see how this approach could be robust
enough to be effective in the real world. There are too many unforeseen environmental
factors and little to no control over how the system will be set up and used.
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Chapter 4

Application of the least-squares
method for the control of room
acoustics

The previous chapter showed that although the plane wave cancellation method can
offer an effective level of control for the sound field at low frequencies within a cuboid
room, this effectiveness degrades if the ridge setup requirements of the system are not
followed, and the end user may struggle to adhere to such constraints in the home
environment.

In this chapter, four different approaches for controlling the sound field over a fixed
listening area within a cuboid environment are introduced, all using the least-squares
method. These are then compared with the plane wave cancellation method. The four
different processes aim to achieve acoustic control by simultaneously filtering up to
four source signals with filters designed using the least-squares method. The theory is
that by using the least-squares approach and adding a constraint to the listening area, it
is possible to achieve an approach that can give as good or better results than the plane
wave cancellation method but with more relaxed source locations and environmental
constraints.

This chapter is split into the following sections:

1. introduction of the method of least-squares as a means of controlling room acous-
tics

2. comparison of the least-squares approaches with the plane wave cancellation
method

3. real-world experimental study
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4. multiple room layout testing

5. limitations of the least-squares approach

If the least-squares approach can create a plane wave sound field across the fixed lis-
tening area, the theory suggests that it may offer the possibility of redefining the target
sound field. In order to gain a better understanding of this theory, a spherical wave
target sound field is also investigated in this chapter.

4.1 Least-squares control methods

This section introduces the method of least-squares by providing a formulation of a so-
lution in a general form as it pertains to this thesis. Afterwards, the specific approaches
used in this thesis are explained, and each process of using the least-squares method
for a filter design is presented.

4.1.1 Introduction of the method of least-squares

The method of least-squares is a widely established statistical regression tool to find
the best fit for a set of data points by minimising the sum of the offsets or residuals of
points from the target. It is used in audio, as in the Active Control of Sound by Nelson
and Elliott (1992) and in Elliott and Nelson (1989), acoustic pressure matching (Kirkeby
and Nelson (1993)), personal audio (Simón Gálvez et al. (2012)) and automotive audio
(Cheer (2012)). In this thesis, the method of least-squares was used to create multiple-
point, multiple-source digital filters for the control of room acoustics, which was then
compared with the plane wave cancellation method. A general acoustic solution was
expressed before moving on to specific cases.

Taking the source and receiver locations from Chapter 3 as sw and rm, respectively,
Figure 4.1 gives a representation of the system as a block diagram where the input
signal is given as v( f ), which, unless otherwise stated, equates to the delta function in
the time domain, and each source output signal is uw( f ).

Each element number in uw( f ) corresponds to the same element number sw, where
u( f ) is defined as

u( f ) = h( f )v( f ), (4.1)

where h( f ) are the calculated filters. In Figure 4.1, the transfer functions sw → rm are
defined as the matrix C( f ) of size (M × W), where M is the total number of receivers,
and W is the total number of sources. At this stage, it is assumed the sources and
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FIGURE 4.1: System block diagram.

receivers have no effect on the audio. The receivers’ signal vector p( f ) can be expressed
as

p( f ) = C( f )u( f ). (4.2)

In Figure 4.1, a( f ) defines the target transfer functions for each receiver point so that
the pressure target can be defined as

d( f ) = a( f )v( f ). (4.3)

Unless otherwise stated, it should be assumed that all variables are in the frequency
domain, and therefore, in order to simplify the equations, the ( f ) notation is not used.

The aim is to calculate h such that

av = Chv. (4.4)

Assuming that v = 1, this becomes

a = Ch. (4.5)

The error can be defined as
e = d − p (4.6)

or
e = a − Ch. (4.7)
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As already discussed, a represents the targets, C is the transfer function, and h is the
filters that are calculated to minimise the error. The aim is to minimise the sum of the
squared errors. To do this, the error criterion or cost function is, in general, defined as
the sum of the square of the errors:

J =
M

∑
m=1

|em|2 = eHe. (4.8)

By combining Equation 4.6 and Equation 4.8, a Hermitian quadratic equation is de-
rived:

J = aHa − aHCh − hHCHa + hHCHCh. (4.9)

As with a normal quadratic equation, this is solvable to find the minimum value. There
are three cases:

Case 1 : W > M The system is underdetermined, and the minimum-norm solution
is used.

Case 2 : W = M The system is fully determined.

Case 3 : W < M The system is overdetermined, and the least-squares solution is
used.

All cases in this thesis fall under Case 3, and the least-squares solution is used to min-
imise the error, which, as a solution to Equation 4.9, gives

h =
[
CHC

]−1
CHa. (4.10)

4.1.2 Least-squares approaches for acoustic control

The least-squares method was used to create the filters for the four acoustic control
approaches under investigation in this work. A graphical representation of the ap-
proaches is given in Figure 4.2. All four filter design methods were based on the plane
wave cancellation method system setup. Up to four sources were available, and each
approach required multiple point measurements over the fixed area to create the least-
squares filters. The difference between each approach was the number of sources fil-
tered at any one time. The four proposed approaches were

• two-channel (front) approach (room configuration Figure 4.2a): Only the front
two sources controlled the sound field in the listening area. This was a multiple-
point equalisation system, as described by Elliott and Nelson (1989).
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(a) (b) (c) (d)

FIGURE 4.2: Room layout representation for each control approach [left to right: two-
channel (front) approach, two-channel (rear) approach, three-channel approach and

four-channel approach], with receiver grid represented as •.

• two-channel (rear) approach (room configuration Figure 4.2b): All four sources
were used, but only the rear channels controlled the sound field in the listening
area. This was akin to the plane wave cancellation method but with more freedom
to find the best option to control the sound field rather than just adjusting the
delay.

• three-channel approach (room configuration Figure 4.2c): All four sources were
used, but only three channels controlled the sound field in the listening area, with
one primary source left unfiltered. When evaluating the spherical wave target
sound field, the spherical wave was propagated from the primary source.

• four-channel approach (room configuration Figure 4.2d): This solution used all
four sources to control the sound field in the listening area.

All the results were compared with the plane wave cancellation method over a fixed
listening area, as introduced in Chapter 3, and all of this work was conducted at fre-
quencies below 100 Hz.

4.1.2.1 Least-squares filter design

As stated in Section 4.1.1, all the filters were overdetermined, and a least-squares solu-
tion was used. However, each approach was different in the way it applied the solution.
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The four-channel and two-channel (front) approaches applied the least-squares solu-
tion directly, as given in Equation 4.10, and the difference was the number of channels.
The four-channel system used all four sources (s1, s2, s3 and s4), and therefore, the filters
were in the form of

h =


h1

h2

h3

h4

 . (4.11)

By contrast, the two-channel (front) system used sources s1 and s2 only, which meant
the filter was in the form

h =

[
h1

h2

]
. (4.12)

The difference was in how Equation 4.2 was defined. With the four-channel system,
Equation 4.2 was defined as

p = Cu =


P̂(r1|s1) P̂(r1|s2) · · · P̂(r1|s4)

P̂(r2|s1) P̂(r2|s2) · · ·
...

...
...

. . .
...

P̂(rM|s1) · · · · · · P̂(rM|s4)




u1

u2
...

u4

 . (4.13)

However, in the two-channel (front) system, Equation 4.2 is defined as

p = Cu =


P̂(r1|s1) P̂(r1|s2)

P̂(r2|s1) P̂(r2|s2)
...

...
P̂(rM|s1) P̂(rM|s2)


[

u1

u2

]
. (4.14)

Both could still be expressed in the form

a = Ch, (4.15)

which led to

h =
[
CHC

]−1
CHa, (4.16)

as laid out in Equation 4.10.
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The two-channel (rear) solution was a four-source system that used s1, s2, s3 and s4 but
only filters s3 and s4. Therefore, the filter was in the form of

h =


1
1
h3

h4

 . (4.17)

The pressures vector (Equation 4.2) could be rewritten as the sum of the front (p f ) and
rear (pb) pressures,

p = p f + pb, (4.18)

where

p f =


P̂(r1|s1) P̂(r1|s2)

P̂(r2|s1) P̂(r2|s2)
...

...
P̂(rM|s1) P̂(rM|s2)


[

u1

u2

]
pb =


P̂(r1|s3) P̂(r1|s4)

P̂(r2|s3) P̂(r2|s4)
...

...
P̂(rM|s3) P̂(rM|s4)


[

u3

u4

]
(4.19)

or
p f = C f u f pb = Cbub, (4.20)

where u f was fixed as

u f =

[
1
1

]
v. (4.21)

Therefore,
p = p f + Cbub (4.22)

or
a = p f + Cbhb, (4.23)

leading to
hb = C†

b(a − p f ). (4.24)

Therefore,

hb =
[
CH

b Cb

]−1
CH

b (a − p f ) (4.25)

and

h f =

[
1
1

]
(4.26)

h =

[
h f

hb

]
. (4.27)
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As with the two-channel (rear) solution, the three-channel control method was a four-
source system using s1, s2, s3 and s4 with one primary source left unfiltered, and three
secondary sources controlled the sound field. Therefore, the filter was in the form

h =


1
h2

h3

h4

 . (4.28)

This time, Equation 4.2 was rewritten as the sum of s1 (pα) and s2, s3 and s4 (pβ) pres-
sures:

p = pα + pβ. (4.29)

By following similar steps as outlined in the two-channel (rear) solution, the three-
channel control least-squares solution was given by

hβ =
[
CH

β Cβ

]−1
CH

β (a − pα) (4.30)

and
hα = 1 (4.31)

with the filters given as

h =

[
hα

hβ

]
. (4.32)

In this section, the specific solutions for the design of each set of filters for the four
least-squares control approaches have been given. These will now be used throughout
the thesis.

4.1.2.2 Least-squares filter implementation

The previous section outlined how the least-squares filters have been designed for each
approach, in each case giving a vector h( f ) in the frequency domain. These vectors
hold the magnitude and phase specification to best achieve the defined target in the
given environment, and each vector is made up of equally spaced samples along the
frequency axis. Throughout this thesis, in both the numerical model and real-world
testing, the filters are not applied to the test signal in real-time; the test signal is pro-
cessed offline, meaning there is less restriction on processing power, allowing the reso-
lution of these samples to be 10−2 Hz in the numerical modal and 0.25 Hz in real-world
testing. The most straightforward way to create audio from this vector is to use the fre-
quency sampling approach (Oppenheim et al. (1982)), which is used to design a finite
impulse response (FIR) filter in the time domain. The combined magnitude and phase
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specifications from a complex frequency response representation give the filters’ im-
pulse response by applying the inverse discrete Fourier transform. This results in the
desired impulse response of the FIR filter Smith (2003). The filter can also be applied
in the frequency domain by taking the discrete Fourier transform of the signal to be fil-
tered, multiplying the two frequency vectors together, and then performing the inverse
discrete Fourier transform. One issue with this method is that the filter is undefined
between each sample point. The frequency sampling approach is common in sound
field control, and even though it is not always implicitly stated, it can be seen in use
in many texts, including Olivieri et al. (2013), Kirkeby et al. (1996), Nelson and Elliott
(1988) and Kirkeby and Nelson (1999).

4.1.2.3 Hypotheses

The expectations are

• two-channel (front) approach: This will be the worst-performing approach. This
type of method had been investigated in the past by Elliott and Nelson (1989).
Here, it is being used as a second benchmark. If the approaches with more sources
cannot outperform a two-source method, there is no point in the effort needed
with more sources.

• two-channel (rear) approach: This approach will always be as good as or better
than the plane wave cancellation method, at least in the controlled region, be-
cause the least-squares approach will find the best possible solution. Therefore, if
the plane wave cancellation method is the best possible solution, the two-channel
(rear) control will converge on it.

• three-channel approach: This approach will always be as good as or better than
the two-channel (rear) approach for the same reasons that two-channel (rear) con-
trol cannot be worse than the plane wave cancellation method. The extra degree
of freedom means that, at worst, it will converge on the two-channel (rear) solu-
tion.

• four-channel approach: This approach will always be as good as or better than
any other method discussed in this work. It has the highest number of degrees
of freedom to converge on the best possible solutions. Therefore, if one of the
other methods under investigation finds the best possible solution, this method
will also find that solution.
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4.2 Comparison of the least-squares approaches with the plane
wave cancellation method

This section assesses the effectiveness of the four least-squares control approaches against
the plane wave cancellation method reviewed in Chapter 3, through two studies with a
fixed listening area. Each study used the analytical model from Chapter 3 in which the
transfer functions were created using the Green’s function previously given in Equa-
tion 2.23 as

P̂(r|s) =
∞

∑
n=0

ωρ0c2
0Q ψn(r)ψn(s)

[2ζnωnω + i(ω2 − ω2
n)]V

(4.33)

with ζn = 11.052
ωn

. As with Section 3.2.2, the parameters of the investigations were set to
obtain the most effective outcome from the plane wave cancellation method. Again, the
model was based on the Bowers & Wilkins SRE main listening room with dimensions
of 8.00 × 4.93 × 2.96 m. The source and receiver locations were the same as those given
in Section 3.2 in Tables 3.1 and 3.6, respectively.

4.2.1 Method comparison with the plane wave target sound field

This study repeated the work carried out in Section 3.2.4, with the addition of the least-
squares methods. The target sound field over the listening area was a plane wave,
previously given as

p(x) = p0e−ikrm . (4.34)

The plane wave target was travelling through the listening area, again propagating
parallel to the front surface, where the level had been set the same as in Section 3.2.4 to
give the best performance from the plane wave cancellation method.

4.2.1.1 Results

Figure 4.3 shows the error ratio ε as defined in (2.32) for all methods across the listening
area for the frequency range of 10−100 Hz, with a plane wave target sound field, where
the raw signal ( RS) at 0 dB gave a normalised reference point on which the other
methods aimed to improve. It was clear that all methods in Figure 4.3 showed a level
of improvement over the raw signal. As predicted in Section 4.1.2.3, the four-channel
least-squares approach ( 4C) was the most effective, but was tracked closely by the
three-channel least-squares approach ( 3C). The two-channel (rear) least-squares ap-
proach ( 2CR) was less effective than the three-channel approach but more effective
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FIGURE 4.3: Error ratio ε against the frequency of the raw signal with no cancella-
tion ( RS), of the plane wave cancellation method ( PWC), two-channel (front)
approach ( 2CF), two-channel (rear) approach ( 2CR), three-channel approach
( 3C) and four-channel approach ( 4C), over the fixed listening area with a plane

wave target, with all the modal frequencies of the enclosure denoted as .

than the plane wave cancellation method. The two-channel (rear) approach very closely
tracked the three-channel approach above 55 Hz. The two-channel (front) approach
was less effective than the plane wave cancellation method.

Table 4.1 shows the frequency band ε̄, |RMS∆| from the target, and the MSV for all
methods across the listening area with a plane wave target sound field as defined in
Section 3.2.4. The error data (ε̄) in Table 4.1 endorsed that shown in Figure 4.3 in the
full frequency range (10 to 100 Hz). The four-channel, three-channel and two-channel
(rear) approaches were all more effective than the plane wave cancellation method,
showing improvements of 9.08, 8.09 and 5.21 dB, respectively. The two-channel (front)
approach was 5.76.2 dB worse than the plane wave cancellation method. As can be
seen in Figure 4.3, as the frequency increased, the delta between the methods dropped.
In the upper frequency range (70 to 100 Hz), the four-channel, three-channel and two-
channel (rear) approaches were still more effective than the plane wave cancellation
method, with lower levels of improvement of 3.29, 2.91 and 1.21 dB, respectively.

In Table 4.1, the |RMS∆| from the target showed a 0 dB value for the plane wave can-
cellation method across the full range, as discussed in Chapter 3. This was due to the
target RMS level being specifically chosen in order to be achievable by the plane wave
cancellation method in this setup. The four-channel, three-channel and two-channel
(rear) approaches were all, at worst, within 1.43 dB of the target, with the two-channel
(front) showing the worst level of any correction method.

Table 4.1 also shows the band-limited data for MSV and this correlated with the data
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TABLE 4.1: Frequency banded mean error [dB], RMS [dB] and MSV [dB] over the fixed
listening area with a plane wave target.

M
et

ho
d

10 Hz > f ≥ 100 Hz 10 Hz > f ≥ 40 Hz 40 Hz > f ≥ 70 Hz 70 Hz > f ≥ 100 Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

RS 0.00 2.52 46.17 0.00 2.14 23.93 0.00 2.67 47.72 0.00 2.72 67.00

PWC -12.24 0.00 5.85 -9.80 1.73 2.73 -15.13 1.21 7.85 -13.62 1.26 6.99

2CF -6.48 1.35 46.27 -6.51 2.29 23.81 -7.12 0.99 48.21 -5.88 0.57 66.96

2CR -17.45 0.93 1.78 -19.77 0.13 0.82 -19.74 1.36 0.84 -14.83 1.43 3.69

3C -20.33 0.26 1.26 -26.67 0.10 0.17 -24.65 0.28 0.44 -16.53 0.40 3.17

4C -21.32 0.08 1.03 -33.60 0.00 0.02 -28.69 0.02 0.25 -16.91 0.23 2.81

already seen in this section, attesting that the four-channel, three-channel and two-
channel (rear) approaches were all more effective than the plane wave cancellation
method. However, all these methods are below the 15 dB threshold that demonstrates
good system performance. The two-channel (front) approach was less effective than the
plane wave cancellation method with the MSV above the 35 dB threshold and therefore
outside the acceptable range of system performance, showing little change from the
raw signal.

Figure 4.4 shows the SA for all methods across the listening area for the frequency
range of 10−100 Hz with a plane wave target sound field. Up to 80 Hz, all the least-
squares approaches were closer to the target than the raw signal at the points where
the raw signal had peaks and troughs. In many places, the four-channel, three-channel
and two-channel (rear) approaches were so close to the target that they could not be
distinguished from each other. All the data so far build a picture that the four-channel,
three-channel and two-channel (rear) approaches were more effective than the plane
wave cancellation method.

4.2.2 Method comparison with the spherical wave target sound field

This study moved away from defining the target sound field as a plane wave and in-
stead defined the desired sound field over the listening area as a spherical wave given
as

p(rm) = p0
e−ik||sw−rm||

4π||sw − rm||
, (4.35)

where, again, p0 was set to the same level as in Section 3.2.4 wherein ||sw − rm|| was the
direct path in metres between the source and the receiver point combination under test.
The target at each measurement location was a single spherical wave propagating from
s1. This target was akin to removing all wall reflections as if the sources were active in
the free field.
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FIGURE 4.4: SA against the frequency of the raw signal with no cancellation ( RS),
the plane wave cancellation method ( PWC), two-channel (front) approach ( 2CF),
two-channel (rear) approach ( 2CR), three-channel approach ( 3C) and four-
channel approach ( 4C), over the fixed listening area with a plane wave target, with

all the modal frequencies of the enclosure denoted as .

4.2.2.1 Why a spherical wave target?

The plane wave cancellation method is, by design, limited to creating a plane wave in
a listening environment, so changing the target may seem unjustified. One reason to
investigate another target is to understand the least-squares approaches’ limitation. If
the least-squares approaches are as effective at achieving a spherical wave target as a
plane wave target, there can be a discussion (outside the remit of this thesis) on using
these approaches to impose any type of target over a fixed listening area.

Another reason to investigate a spherical wave target is that it is possible that the two
target types would have different focuses when transferring this acoustic control to a
home listening environment:

• A plane wave target over the listening area is for a stereo listening experience
when creating a soundstage in front of the user.

• A spherical wave target over the listening area is for a multi-channel setup (5.1,
7.1, etc.) wherein individual loudspeakers may have no shared content, and the
audio can engulf the user from any direction.

4.2.2.2 Results

Figure 4.5 shows the error for all methods across the listening area for the frequency
range of 10−100 Hz, and Table 4.2 shows the band-limited ε̄, |RMS∆| from the target,
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and the MSV for all methods across the listening area with a spherical wave target
sound field.

The first thing to record is that both Figure 4.5 and Table 4.1 show the effectiveness of
the plane wave cancellation method ( PWC). Even though the plane wave cancella-
tion method was designed to create a plane wave, the resultant sound field over the
listening area seen in the data here, was closer to the spherical wave than the raw sig-
nal ( RS) and the two-channel (front) approach ( 2CF). One reason for this was the
wavelength of the frequency under control. If the wavelength is wide enough com-
pared with the total area of spatial sampling, the difference between a plane wave and
a segment of a spherical wave propagated through that area is small.

FIGURE 4.5: Error ratio ε against the frequency for the raw signal with no cancella-
tion ( RS), of the plane wave cancellation method ( PWC), two-channel (front)
approach ( 2CF), two-channel (rear) approach ( 2CR), three-channel approach
( 3C) and four-channel approach ( 4C), over the fixed listening area with a spher-

ical wave target, with all the modal frequencies of the enclosure denoted as .

Both the error data in Figure 4.5 and Table 4.2 are as seen in Section 4.2.1.1 and predicted
in Section 4.1.2.3, namely that the four-channel least-squares approach ( 4C) was the
most effective, followed by the three-channel least-squares approach ( 3C) and then
the two-channel (rear) least-squares approach ( 2CR). Although the plotted shapes
of these three methods were similar, they did not track each other as closely as in Sec-
tion 4.2.1.1, and the delta between the two-channel (rear) approach and the plane wave
cancellation method, was smaller than in Section 4.2.1.1. Across the full frequency
range, the four-channel approach was 4.37 dB more effective than the three-channel
least-squares approach, 8.17 dB more effective than the two-channel (rear) approach
and 12.48 dB more effective than the plane wave cancellation method.

The |RMS∆| from the target values in Table 4.2 show that for this target, the plane wave
cancellation method was not the most effective over the full frequency band. Instead,
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TABLE 4.2: Frequency banded mean error [dB], RMS [dB] and MSV [dB] over the fixed
listening area with a spherical wave target.

M
et

ho
d

10 Hz > f ≥ 100 Hz 10 Hz > f ≥ 40 Hz 40 Hz > f ≥ 70 Hz 70 Hz > f ≥ 100 Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

RS 0.00 1.75 44.63 0.00 2.14 22.40 0.00 2.67 46.18 0.00 0.01 65.47

PWC -8.59 0.00 4.32 -7.52 1.73 1.19 -11.22 1.21 6.32 -7.88 1.26 5.45

2CF -6.77 0.42 43.42 -7.03 0.20 24.23 -7.26 0.48 38.19 -6.10 1.10 67.99

2CR -12.90 1.73 1.94 -16.37 1.14 -0.24 -15.46 2.01 0.48 -9.89 2.11 5.59

3C -16.74 2.38 1.26 -21.94 1.70 0.01 -17.56 2.55 0.47 -14.01 2.99 3.30

4C -21.07 1.79 0.45 -33.52 1.70 -0.06 -22.80 1.79 -0.50 -17.50 1.89 1.92

it matched the other data in which the four-channel approach was the most effective,
followed by the three-channel approach and then the two-channel (rear) approach. It
was also one of the few data sets wherein the two-channel (front) approach offered
comparable performance to the plane wave cancellation method. The MSV data in
Table 4.2 correlated with the data already recorded in this section, wherein the four-
channel, three-channel and two-channel (rear) approaches were more effective than
the plane wave cancellation method, but these four methods are all below the 15 dB
threshold value, in all data sets. Again, the two-channel (front) approach was less
effective than the plane wave cancellation method with MSV values above the 35 dB
threshold.

FIGURE 4.6: SA against the frequency of the raw signal with no cancellation ( RS),
the plane wave cancellation method ( PWC), two-channel (front) approach ( 2CF),
two-channel (rear) approach ( 2CR), three-channel approach ( 3C) and four-
channel approach ( 4C), over the fixed listening area with a spherical wave target,

with all the modal frequencies of the enclosure denoted as .

Figure 4.6 shows the SA for all methods across the listening area for the frequency
range of 10−100 Hz with a spherical wave target sound field. The target ( ) had a
lower level than Figure 4.4. This was due to the nature of spherical wave propagation
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and the averaging of the target level differences across the listening area. It is clear that
only the four-channel and three-channel approaches coped with the gain change across
the listening area, as they were indistinguishable from the target below 55 Hz.

Cross-comparing the data with a spherical wave target and a plane wave target showed
an interesting result. Focusing on the ε̄ data across the full band within Tables 4.2 and
4.2, all the approaches were less effective at achieving a spherical wave target than a
plane wave target. The two-channel (rear) showed the biggest delta of 4.55 dB in effec-
tiveness at achieving each target with the three-channel approach next biggest at 3.63
dB. The other methods showed much smaller deltas; 0.32 dB for the two-channel (front)
approach and 0.25 dB for the four-channel approach. It is theorised that the reason for
these differences was the room’s set-up. As discussed in Chapter 3, the physical at-
tributes of the environment were chosen specifically for plane wave cancellation, and
two pairs of sources were placed to naturally create the best possible plane waves prop-
agating from both back and front. When targeting a spherical wave over the listening
area, the systems tried to work against these fixed physical properties. It is only logical
that a system that has full control of all available sources (the two-channel (front) and
four-channel approaches) will give good results. With the two-channel (rear) approach,
the front sources naturally created a plane wave that the rear sources tried to modify
into a spherical wave, explaining why this method was substantially less effective at
achieving a spherical wave target.

4.2.3 Study summary

The results showed the hypotheses in Section 4.1.2.3 to be true, and from the studies in
this section, the following statements can be made:

• The four-channel least-squares approach is the most effective, followed by the
three-channel least-squares approach and then the two-channel (rear) least-squares
approach.

• The two-channel (front) approach is not only the worst-performing of the least-
squares approaches, but it is also worse than the plane wave cancellation method.

• When a room is set up to be ideal for the plane wave cancellation method, it is
always more effective to use the four-channel, three-channel or two-channel (rear)
least-squares approach than the plane wave cancellation method.

• When targeting a spherical wave sound field over the listening area, the plane
wave cancellation method is more effective than the raw signal in order to achieve
the required sound field. However, it is more effective to use the four-channel,
three-channel or two-channel (rear) least-squares approach than the plane wave
cancellation method.
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As shown with the analytical model, the least-squares approach can improve the plane
wave cancellation method. In the rest of this chapter, the least-squares approaches
continue to be tested to discover how they transfer to the real world and are affected
by the system layouts, to get a fuller picture of the control and possible limitations.

4.3 Real-world experimental studies

With the effectiveness of the least-squares approach proved with the analytical model,
this section shows whether these results can transfer to the real world. If the results
transfer, it will also verify the analytical model as a trusted platform on which to base
further testing. Several measurements were carried out with different systems, targets
and control approaches to determine what needed focus and what ideas should be car-
ried forward or dropped. A summary of two studies is provided here, which compares
real-world data with the analytical model for the four-channel least-squares approach.
This section contains a short subsection outlining the changes made to the testing sys-
tem needed when moving from a numerically modelled approach to real-world testing
before giving the results for the last two studies.

All measurements were taken in the Bowers & Wilkins main listening room at the now
closed SRE. This was the same room modelled in Section 4.2 with the dimensions of
8.00 × 4.93 × 2.96 m. Unlike Section 4.2, the front sources were in a stereo-style layout,
as it was decided to use a more real-world layout than the plane wave layout. The
locations of the loudspeakers are given in Table 4.3.

(a)

FIGURE 4.7: Real-world testing room layout.
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During the pre-testing for this work, it was decided that five receiver positions would
be enough Bell and Fazi (2019). The locations of the microphones are given in Table 4.4.

TABLE 4.3: Real-world testing loudspeaker source location.

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

s1 (2.0, 1.3, 1.15) s3 (7.9, 1.7, 1.15)

s2 (2.0, 3.63, 1.15) s4 (7.9, 3.23, 1.15)

TABLE 4.4: Real-world testing microphone receiver location.

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

r1 (5.0, 1.65, 1.0) r4 (7.0, 1.65, 1.0)

r2 (5.0, 3.65, 1.0) r5 (7.0, 3.65, 1.0)

r3 (6.0, 2.65, 1.0)

In this section, only the four-channel approach was tested with the created filter as
defined in Section 4.1.2.1, as this had been proved to be the most effective approach.
The studies followed these steps:

Step 1 − Measure the individual loudspeaker to microphone transfer functions.
A swept sine-wave from 10 to 400 Hz was used to measure the signal from
each loudspeaker to each measurement point. These measurements were
then convolved with the inverse of the swept sine to create an impulse
response.

Step 2 − Create the target. The required target was created in the band-limited
region of 10−200 Hz.

Step 3 − Calculate the filter. The target and measured transfer functions were
combined as outlined in Equation 4.10.

Step 4 − Calculate the estimated result. The filters were applied to the measured
transfer functions in order to estimate the amount of improvement possi-
ble.

Step 5 − Filters were applied to the sine sweep, and new measurements were
taken to obtain both real-world and modelled results.

4.3.1 System improvement

When moving from a numerically modelled approach to real-world testing, the system
required some basic changes to improve its real-world performance; these improve-
ments outlined in this section were integrated into the system.
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4.3.1.1 Improve impulse calculation

In the simplest form, the impulses were created by convolving the capture signal at the
measurement point with the inverse of the sweep. Figure 4.8 shows a single impulse
that made up the full matrix of transfer functions used to create the correction filters.

FIGURE 4.8: Single impulse response from loudspeaker three to microphone four.

In Figure 4.8, it is clear that there were numerous small peaks (pre-ringing) before the
main peak of the impulse responses. The cause of this was harmonic distortion in the
loudspeaker and the enclosure itself. In Farina (2000), these issues were quantified by
the equation

τn = Tn
ln(n)

ln(ω2
ω1
)

, (4.36)

where Tn is the duration of the sweep used to make the measurement, ω1 is the start
frequency of the sweep, ω2 is the stop frequency of the sweep, n is the order of the
harmonic distortion, and τn is the time at which the peak due to the harmonic distortion
appears before the main impulse. A longer sweep or lower stop frequency increases the
distance between the main impulse and the harmonics.

To address the issue seen in Figure 4.8, a window was added in the time domain to
remove the pre-ringing but keep the relative phase after testing. Choosing a one-second
Tukey (tapered cosine) window with a 25 % cosine fraction gave the best result overall.

4.3.1.2 Filter target

The target design did not take into consideration any other limiting factors within the
system. Figure 4.9 shows the frequency response of the loudspeakers used. These
measurements were taken in the Bowers & Wilkins SRE anechoic chamber with an
output of 2.84 volts at the terminals. The loudspeakers were quite evenly matched. All
the measurements showed a drop in the sound pressure level under 40 Hz, meaning
that before trying to correct any room issues in this range, filters had to correct the
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loudspeaker first. Although the aim of the system was not to correct the loudspeaker
directly, it was wise to take the loudspeaker into account when designing the filters.

FIGURE 4.9: Loudspeaker frequency responses.

Figure 4.10 shows the frequency response of the bandpass filter applied to the target by
taking the loudspeakers into account.

FIGURE 4.10: Bandpass filter for controlling target limits.

4.3.1.3 Regularisation

Regularisation was used in the calculation of an inverse filter to limit the amount of gain
used to correct the transfer function when the determinant of the matrix to be inverted
was getting close to zero. The inclusion of regularisation changed the Equation 4.10
from

h =
[
CHC

]−1
CHa (4.37)

to
h =

[
CHC + βI

]−1
CHa, (4.38)
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where βI is the Tikhonov regularisation parameter based on the work from Tokuno
et al. (1997), Shin et al. (2014), Hansen (1998) and Hansen (2001). β was defined as

β( f ) = ||C( f )|| × η, (4.39)

where η is normally in the order of 10−2 to 10−4 (Hansen (1998)). For this work, an
empirical method was used to set η, which is now considered to be not optimal to
calculate the values of η. Although it did not degrade the result substantially, the L-
curve method (Hansen (1998)) should have been used.

Figure 4.11 and 4.12 display the effect of regularisation on the designed filters η = 10−2

and 10−3, respectively. It was clear that the 10−2 had a larger effect on the filter design,
so the decision was made to use the 10−3 value.

FIGURE 4.11: Filters designed with η = 10−3.

FIGURE 4.12: Filters designed with η = 10−2.

4.3.1.4 Results from the improvements

The simplest way to get an idea of the changes that these improvements had made
is to look at the filtered loudspeaker input signal (u) from Step 5. The spectrograms
in Figure 4.13 plot the signal (u1) without the improvements in Plot 4.13a and with
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the improvements in Plot 4.13b. The change is clear to see, as the frequency smearing
shown in the swept sine Plot 4.13a had been removed in the Plot 4.13b.

(a) Spectrogram of (u)1 without im-
provements

(b) Spectrogram of (u)1 with improve-
ments

FIGURE 4.13: Spectrogram of the filtered swept sine for the plane wave target over
four channels with and without the improvements.

4.3.2 Results of the real-world study

This section reports the real-world test data with all the outlined improvements. Two
sets of data were compared. The first set of data replaced the Green’s function trans-
fer function in the analytical model with the real-world measurement to predict the
subsequent real-world measurement. This was labelled as 4C Model and outlined in
Step 4. The second applied the filters to the swept sine and took a second real-world
measurement, and this was labelled as 4C Real and outlined in Step 5. Applying the
low-frequency filter changes to the lower test data limits, the error was plotted from 20
to 100 Hz, but the frequency data were analysed from 30 to 100 Hz.

4.3.2.1 Plane wave target sound field

Figure 4.14 shows the error for all methods across the listening area for the frequency
range of 20−100 Hz, and Table 4.5 shows the band-limited data for ε̄, |RMS∆| from the
target and the MSV.

Figure 4.14 shows the raw signal ( RS) at 0 dB and gives the reference point on which
the other methods aim to improve. Moreover, it can be seen that both least-squares
approaches ( 4C Model & 4C Real) were, at worst, 2 dB better than this line at 57.9
Hz. The real-world data tracked the model well above 45 Hz, with the largest delta of
only 2 dB at approximately 65 Hz. Below 45 Hz, the real-world data did diverge from
the model, but there was still approximately 15 dB of improvement over the raw signal.
In Table 4.5, the ε̄ data in this lower frequency band (30−40 Hz) of the real-world data
shows a drop in effectiveness of 8.31 dB against the model.
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FIGURE 4.14: Error ratio ε against the frequency of the raw signal with no cancellation
( RS), of the four-channel approach model ( 4C Model) and four-channel real-world
approach ( 4C real), over the fixed listening area with a plane wave target, with all

the modal frequencies of the enclosure denoted as .

TABLE 4.5: Frequency banded mean error [dB], RMS [dB] and MSV [dB], over the
fixed listening area with a plane wave target.

M
et

ho
d

30 Hz > f ≥ 100 Hz 30 Hz > f ≥ 40 Hz 40 Hz > f ≥ 70 Hz 70 Hz > f ≥ 100 Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

RS 0.00 1.93 35.49 0.00 2.44 41.96 0.00 2.03 28.56 0.00 3.04 40.13

4CModel -13.98 0.24 4.59 -25.40 0.18 0.09 -14.63 0.01 8.05 -12.34 0.59 2.65

4CReal -13.45 0.21 5.07 -17.09 0.14 0.56 -14.37 0.33 9.04 -12.04 0.10 2.64

In Table 4.5, the modelled data shows a good level of improvement from the raw data
across the whole frequency band (30−100 Hz), with ε̄ at -13.98 dB more effective than
the raw signal and the real-world data within 0.53 dB to −13.45 dB. However, the data
was less effective than the analytical model of the same room in the previous section.
This was expected, as the model could not consider all environmental factors; never-
theless, this was still a good level of control. All the other metrics in Table 4.5 showed
a good improvement on the raw signal, and the model data showed a good correlation
with real-world data apart from the |RMS∆| in the upper-frequency range. Here, the
model was outperformed by the real-world data and raw signal. The reason for this
can be seen in Figure 4.15, which shows the SA across the listening area for the fre-
quency range of 20−100 Hz with a plane wave target sound field. Above 70 Hz, both
the model and the real-world data moved away from the target, but the real-world data
stayed closer to the target and moved back to the target above 90 Hz.

In Figure 4.15, it is clear how well the model data could predict the real-world result.
Apart from the large trough at 57.9 Hz, both sets of data were within 2 dB of the target
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FIGURE 4.15: SA against the frequency of the raw signal with no cancellation ( RS),
four-channel approach model ( 4C Model) and four channel real-world approach
( 4C real), over the fixed listening area with a plane wave target, with all the modal

frequencies of the enclosure denoted as .

and showed a good level of control over the raw signal.

The first n3 mode was 57.9 Hz, and it was also shown in Figure 4.14 as the least effec-
tive frequency of control. Figure 4.15 shows a relatively small peak in the raw signal
SA at this frequency but a much larger trough in the SA for both the 4C Model and the 4C

Real , as if the filters built for the real-world measurements had overcompensated for the
small peak. Through testing, it was inferred that this trough was due to a phase issue
in the filters. This trough can no longer be seen if the filters are applied as zero-phase.
However, changing to zero-phase filters creates a larger issue across the frequency do-
main. Therefore, it was accepted that the original filters should be used to get the best
overall result.

In Table 4.5 the MSV data reinforced what was already asserted: both the model data
and the real-world data showed a good level of control over the raw signal, and the
model predicts the real world well. The MSV going from above the 35 dB unacceptable
threshold for the raw signal, to below the 15 dB threshold for both the 4C Model and the
4C Real , meaning that the four-channel least-squares approach channel demonstrates
good real-world performance in improving the receiver-to-receiver variance.

4.3.2.2 Spherical wave target sound field

Moving from the plane wave target to the spherical wave target sound field, all the data
in this section showed the same trends as in the previous sections, namely that both the
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model data and the real-world data show a good level of control over the raw signal
and that the model predicts the real world.

FIGURE 4.16: Error ratio ε against the frequency of the raw signal with no cancel-
lation ( RS), the four-channel approach model ( 4C Model) and the four channel
real-world approach ( 4C real), over the fixed listening area with a spherical wave

target, with all the modal frequencies of the enclosure denoted as .

TABLE 4.6: Frequency banded mean error [dB], RMS [dB] and MSV over the fixed
listening area with a spherical wave target.

M
et

ho
d

30 Hz > f ≥ 100 Hz 30 Hz > f ≥ 40 Hz 40 Hz > f ≥ 70 Hz 70 Hz > f ≥ 100 Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

RS 0.00 1.71 31.26 0.00 3.36 37.73 0.00 1.11 24.33 0.00 2.97 35.90

4CModel -13.74 0.23 2.06 -20.17 0.15 1.04 -13.41 0.04 5.22 -13.01 0.58 0.04

4CReal -12.62 0.15 2.33 -15.93 0.09 0.29 -13.42 0.32 5.18 -11.32 0.00 0.36

Figure 4.16 shows the raw signal ( RS) with both least-squares approaches ( 4C

Model & 4C Real) and a sizable improvement of 12.62 dB for the real-world data and
13.74 dB for the model across the whole frequency band. Although the real-world data
did not track the model as closely as in Figure 4.14, a delta of up to 10 dB could now
be seen between the data sets in the range of 60−90 Hz. As discussed in the review
of the plane wave result in the previous section, this is likely to be an issue with the
phase in the filter. However, although the issue was clear in the range of 60−90 Hz in
Figure 4.16, it was not reflected in the SA data shown in Figure 4.17, meaning the drop
in effectiveness may not be audible to the end-user. In the band-limited data shown in
Table 4.6, the modelled data was still a good predictor for all real-world metrics.

In Figure 4.17 (which shows the SA across the listening area for the frequency range of
20−100 Hz with a spherical wave target sound field), there is again a large trough at
57.9 Hz. However, both least-squares data sets again showed a good level of control
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FIGURE 4.17: SA against the frequency of the raw signal with no cancellation ( RS),
four-channel approach model ( 4C Model) and four channel real-world approach
( 4C real), over fixed listening area with a spherical wave target, with all the modal

frequencies of the enclosure denoted as .

over the raw signal and were within 1 dB of the target up to 90 Hz. The model data
showed a good level of prediction for the real-world data.

4.3.3 Study summary

This was a short real-world experimental study, and it was not long enough to draw
major conclusions. However, there was enough data to make the following two state-
ments:

1. Although less effective than the analytical model in Section 4.2, the level of control
seen in the real-world data does show that the four-channel approach for acoustic
control in cuboid rooms is effective when transferred to the real world.

2. When the transfer functions created using Green’s functions are replaced with
real-world data, the model offers a high level of accuracy in predicting real-world
results.

4.4 Multiple room layouts

As real-world measurements can be time-consuming, the analytical model can be used
to investigate multiple room layouts. This section provides the results from several
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studies carried out to obtain a better understanding of the limitations and effectiveness
of these four methods of control:

• two-channel (rear) least-squares approach

• three-channel least-squares approach

• four-channel least-squares approach

• plane wave cancellation method

Due to the amount of pre-existing work and the poor performance of the two-channel
(front) control approach in Section 4.2, it was removed from the testing. However, the
plane wave cancellation method was still included as a benchmark.

So far, all the studies using the analytical model except those in Section 3.3 used a layout
that was optimal for the plane wave cancellation method. The aim of this section is
to move away from the ideal layout in order to gain a better understanding of the
performance of the least-squares approaches. The studies carried out for this section of
the work are repetitive in nature, and the full details are in Appendix A. In this section,
a brief overview of the setups and a summary of the findings are given.

4.4.1 Study setup

The dimensions of the rooms were again based on the Bowers & Wilkins listening room
at their now closed SRE office, which has been used for all the models so far. In this
section, the room was used in two orientations, as given in Table 4.7. These were the
long thin room (LT) in the same orientation previously used and the short wide room
(SW) (a rotation of 90 ◦).

For all studies, the analytical model was the same as in Section 4.2, which used Green’s
function to create transfer functions where ζn = 11.052

ωn
. The filters were created as de-

scribed in Section 4.1, with both plane and spherical wave target sound fields used.

TABLE 4.7: Room orientation.

Name l1 l2 l3

Long Thin Room (LTR) 8 m 4.93 m 2.96 m

Short Wide Room (SWR) 4.93 m 8 m 2.96 m

Five layouts in total were studied in this work, namely

1. a layout ideal for the plane wave control method, denoted as layout C
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2. a layout where s1 and s2 were moved into a stereo placement, denoted as layout
S

3. a layout where s1 and s2 were offset, denoted as layout O

4. a layout with dual listening areas, denoted as layout D

5. a layout with triple listening areas, denoted as layout T

For all studies in the long thin room, the receiver locations are given in Table 3.6. Three
source configurations were studied, the locations of which are listed in Table A.2. As
shown in the graphical representation in Figure 4.18, they all focused on moving the
front two sources s1 and s2. These layouts were

Layout 1: LTC (Plot 4.18a) - ideal for the plane wave control method up to 69.6 Hz,
as calculated using (3.7).

Layout 2: LTS (Plot 4.18b) - s1 and s2 were moved into a stereo placement.

Layout 3: LTO (Plot 4.18c) - s1 and s2 were offset.

(a) LTC layout. (b) LTS layout. (c) LTO layout..

FIGURE 4.18: Graphical representations of the LT room layouts in the test.

There were two reasons for the short wide room studies. This first reason was to un-
derstand how effective these systems can be when l1 is not the largest dimension in
the environment. The second reason was that the dimensions of the short wide room
allowed more listening areas. Each study had three sets of results, and for all studies,
the receiver locations when one listening area was in use are given in Table A.4. In the
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first short wide room study, three source configurations were used, and the locations
are given in Table A.5. These are shown in the graphical representation in Figure 4.19.
They all focused on moving the two front sources, s1 and s2. The layouts were

Layout 1: SWC (Plot 4.19a) - an ideal layout for plane wave control. However, the
increased distance between the sources should lower the maximum fre-
quency of a plane wave that can be created (as outlined in Section 3.1) to
42.9 Hz, as calculated using (3.7).

Layout 2: SWS (Plot 4.19b) - s1 and s2 were moved into a stereo placement.

Layout 3: SWO (Plot 4.19c) - s1 and s2 were offset.

(a) SWC. (b) SWS. (c) SWO.

FIGURE 4.19: SW room layouts.

Previous studies looked at the effectiveness of the control over a single listening area
while changing the front source locations. Here, the stereo layout was used, but the
effect of the added second and third listening areas was investigated. The locations of
the sources are given in Table A.5 as SWS, and the first listening zone receiver locations
are given in Table A.4, the second in Table A.7 and third in Table A.8. Figure 4.20 shows
a graphical representation of the two layouts in the test. These were compared with the
SWS data from the previous section:

Layout 1: SWD (Plot 4.20a) - dual listening areas. These also showed the effectiveness
of an asymmetrical layout.

Layout 2: SWT (Plot 4.20b) - triple listening areas.
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(a) SWD (b) SWT.

FIGURE 4.20: SW room listening zone layouts.

4.4.2 Study summary

These studies continued to expand the information on the effectiveness and possible
limitations of the least-squares approaches.

• The four-channel, three-channel and two-channel (rear) approaches were always,
on average, more effective than the plane wave cancellation method. Although
a change in layout changed the effectiveness of these methods, the decline in
effectiveness was deemed small enough not to be a limitation of the least-squares
approaches.

• Only the two-channel (rear) approach showed the limitation of being worse than
the raw signal when using a long thin room in a stereo layout with a plane wave
target.

• When l1 was not the longest dimension in the environment, all the methods were
less effective, but the drop in the effectiveness of the four-channel approach was
less than the drop in the effectiveness of the plane wave cancellation method.

• The effectiveness of the least-squares approaches decreased as the number of
areas of control increased, whereas on the whole, the plane wave cancellation
method was constant, even though the least-squares approaches still outperformed
the plane wave cancellation method. This was to be expected. As discussed
in Chapter 3, the plane wave cancellation method was developed to control the
sound field across a whole room. Therefore, its performance should be constant
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no matter how many listening zones are used. However, the effectiveness of
the least-squares approaches is inversely proportional to the number of listening
zones used. Therefore, the more zones that are in use, the less targeted the least-
squares approaches control can be for any zone-specific issues. Nevertheless, it
is theorised that when trying to control the sound field across a whole room, the
four-channel approach should still be no worse than the plane wave cancellation
method, which is investigated later in this chapter.

The next discussion focuses only on the findings from the plane wave cancellation
method and four-channel approach. Figure 4.21 and Figure 4.22 cross-compares the
band-limited ε̄ values for both room orientations with the plane and spherical wave
target sound fields.

In both Figure 4.21 and Figure 4.22 it is shown that layout C was the most effective in
all data sets. The reason for this (covered in Section 3.3.2) is that when a source is on
the boundary, the signal from that source propagates as a single wavefront. However,
when a source is just off the boundary, the signal from that source propagates as a
wavefront, closely followed by the delayed reflection from the boundary. It is always
going to be easier to control a single wavefront. The drop in the effectiveness of layouts
C and O between the two room orientations is interesting. The change in the distance
between sources s1 and s2 from the LT room to the SW room decreased the maximum
frequency at which the image method (introduced in Section 3) could create a plane
wave. The effect of this was clear in the data for the plane wave cancellation method in
Figure 4.21 in the 70−100 Hz band range for layout C. However, this did not explain the
delta in the plane wave cancellation method shown in the same figure in the range of
10–40 Hz. This range was below the maximum frequency at which a plane wave could
be created for both orientations. It is thought that this is due to the distance between
the sources and the location of the listening zone. In the LT room, the distance between
sources (or imaged sources) was 2.47 m with the listening zone starting 5 m away. In
the SW Room, the distance was 4 m with the listening zone starting 3.43 m away. This
meant that in the SWR, the listening zone started in the near field to the sources before
the image method formed the plane wave.

In Section 3.3.2, it was shown that the largest drop in the effectiveness of the plane wave
cancellation method was as the front sources were moved away from the front wall.
The data here indicates that the same may be true for the four-channel approach, which
is investigated later in this chapter. The data also shows that the drop in effectiveness
when moving the front sources away from the front wall may be inversely proportional
to the room’s width and the distance between the sources.

All gathered data support the use of the four-channel least-squares approach. For the
rest of this thesis, only the four-channel least-squares approach is used, as it is clearly
the most effective in all given situations.
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FIGURE 4.21: Compares the band-limited ε̄ [dB] over the fixed listening area between
the LT and SW Rooms, with the C, S, and O layouts with plane wave target sound
fields, for the plane wave cancellation method ( PWC LT room), the four-channel
approach ( 4C LT room), the plane wave cancellation method ( PWC SW room),

and the four-channel approach ( 4C SW room).

FIGURE 4.22: Compares the band-limited ε̄ [dB] over the fixed listening area between
the LT and SW rooms, for the C, S, and O layouts with spherical wave target sound
fields, of the plane wave cancellation method ( PWC LT room), the four-channel
approach ( 4C LT room), the plane wave cancellation method ( PWC SW room),

and the four-channel approach ( 4C SW room).

4.5 Limitations of the four-channel approach

The four-channel least-squares approach was shown in the previous sections to be the
most effective of all the methods studied here in controlling the sound field of the listen-
ing area(s). The aim of this section is to further compare the four-channel least-squares
approach with the plane wave cancellation method to gain more information about the
system’s limitations. In order to do this, a number of studies were carried out.

• The three studies from Section 3.3 were repeated with the addition of the four-
channel least-squares approach.
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• A comparison between the plane wave cancellation method and the four-channel
least-squares approach over a whole enclosure rather than a fixed listening area
was made.

• A comparison of 3,000 source location combinations over a fixed listening area
was made. This was not about finding the optimal source locations but investi-
gating how the source locations alter the effectiveness of the control method.

Unless otherwise stated in the following studies, a long thin room as defined in Ta-
ble 4.7 was used with a stereo layout, the source and receiver locations as given in
Table A.2 and Table 3.6, respectively. The analytical model is defined in Section 4.2,
and the damping of ζn = 11.052

ωn
.

4.5.1 Rerunning the limitations of the plane wave cancellation method test
from chapter 3

In this section, the studies from Section 3.3 were repeated with the plane wave cancel-
lation method now compared with the four-channel least-squares approach.

4.5.1.1 The effect of damping

As in Section 3.3.1, this study compared the results from five different damping coeffi-
cients namely when ζn = 11.052

ωn
, ζn = 13.003

ωn
, ζn = 15.789

ωn
, ζn = 20.095

ωn
and ζn = 27.631

ωn
.

Figure 4.23 shows the changes in ε̄ (Plot 4.23a), the RMS level (Plot 4.23b) and the MSV
(Plot 4.23c) across the frequency range as the damping of the enclosure was increased.
In Plot 4.23a, it is clear that the four-channel least-squares approach was not just more
effective than the plane wave cancellation method for all damping coefficients tested,
but unlike the plane wave cancellation, the four-channel approach became slightly (ap-
proximately 0.75 dB) more effective as the damping increased. This is due to the fact
that as damping increases, the environment is less reverberant and therefore easier for
the four-channel approach to control.

When ζn = 11.052
ωn

, it was expected that the plane wave cancellation method RMS level
in Plot 4.23b would match the target (as explained in Chapter 3). The four-channel
approach was never the same as the target but tracked the target at a –0.17 dB difference
at each point, and it was more effective than the plane wave cancellation method once
the damping increased.

In Section 3.3.1, it was discussed that if the error in the plane wave cancellation method,
as the damping of the enclosure increases, is only due to the gain change, it can be ex-
pected that the plane wave cancellation method MSV would show a flatter line. Even if
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(a) Change in ε̄. (b) Change in RMS.

(c) Change in MSV.

FIGURE 4.23: ε̄, RMS and MSV for different damping coefficients. The raw signal
( RS), the plane wave cancellation method ( PWC), the four-channel approach

( 4C) and the target ( Target) are shown.

the level changes at each receiver point, the variance should stay the same. This can be
seen in the four-channel approach in Plot 4.23c, meaning not only did the four-channel
approach outperform the plane wave cancellation method, but the performance was
more consistent. Although both the plane wave cancellation method and the four-
channel approach are under the 15 dB threshold that denotes a good system, the four-
channel approach shows a variance of approximately 1 dB for all damping values.

4.5.1.2 The effect of moving s1 and s2 perpendicular to the front wall

The study in Section 3.3.2 was repeated, wherein the sources s1 and s2 were moved
as a pair from the ideal position on the front wall into the room in 0.1 m increments
along the x-axis from 0 to 2 m to provide 21 sets of data. When using the plane wave
cancellation method, as the front sources were moved into the room, the time delay of
the rear source signals was lowered to compensate for the new locations.
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(a) Change in ε̄ (b) Change in RMS.

(c) Change in MSV.

FIGURE 4.24: Change in ε̄, RMS and MSV when moving the front sources perpendic-
ular to the front wall. The raw signal ( RS), the plane wave cancellation method

( PWC), the four-channel approach ( 4C) and target ( Target) are shown.

Plot 4.24a shows the ε̄ over the frequency range. At all points, the four-channel ap-
proach outperformed the plane wave cancellation method. However, the effectiveness
of the four-channel approach decreased as the sources were moved away from the front
wall. At 1 m, the four-channel approach had a minimum effectiveness of approximately
–8.25 dB, which did show a limitation of the approach. However, at the same location,
the plane wave cancellation method was approximately -1 dB. This minimum effective-
ness of the four-channel approach still improved the sound field.

Plot 4.24b shows the change in the RMS level over the frequency range as the source lo-
cation changed. As expected, the plane wave cancellation method RMS level matched
the target when the sources were in the ideal locations. Up to 0.2 m and between 0.7
m and 0.9 m, the plane wave cancellation method outperformed the four-channel ap-
proach. The four-channel approach was never closer than –0.17 dB from the target.
However, once the plane wave cancellation method started to diverge from the target,
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the four-channel approach was clearly better because, at worst, it was only approxi-
mately 0.6 dB from the target.

In Figure 4.24c, the four-channel approach was lower in value than the plane wave
cancellation method. Although the MSV does rise as the sources move away from the
front wall, the four-channel approach is always below the 15dB threshold. However,
the plane wave cancellation method goes over the 15 dB threshold at 0.9 m and is only
in the acceptable range for subsequent data sets.

4.5.1.3 The effect of moving s1 and s2 parallel to the front wall

The study in Section 3.3.3 was repeated, wherein the sources s1 and s2 were fixed on
the front wall but moved along the y-axis. Each source was moved independently up
to ± 1.0 m (in 0.1 m increments) from their ideal positions along the same horizontal
plane, resulting in 421 permutations for the pair of front sources.

ε̄(dB)

(a) The plane wave cancellation method. (b) Four-channel least-squares approach.

FIGURE 4.25: Surface plot of ε̄ for 421 pairs of the sources s1 and s2. The locations of
the front sources are along the front wall.

Figure 4.25 shows the ε̄ values for 421 pairs of sources s1 and s2. Their locations using
the plane wave cancellation method are shown in Plot 4.25a and the four-channel least-
squares approach in Plot 4.25b. From these two plots, it is clear that the four-channel
approach was more effective for all source locations. These data sets are clearer in
the histogram shown in Figure 4.26, which shows that the difference between the least
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effective values of the four-channel approach and the most effective values of the plane
wave cancellation method was over 0.5 dB. The range of the four-channel approach was
wider, which meant that the effectiveness was more susceptible to the locations of the
sources, s1 and s2. Figure 4.26 introduces a new type of plot to the thesis, a histogram,
to allow easier comparison between the two sets of data. Each set of data had the same
bin size and was plotted as a normalised probability density function (pdf).

FIGURE 4.26: Histograms of ε̄ for 421 pairs of the sources s1 and s2. The locations of
the front sources are along the front wall for the plane wave cancellation method (

PWC) and four-channel approach ( 4C).

|RMS∆|(dB)

(a) The plane wave cancellation method. (b) Four-channel least-squares approach.

FIGURE 4.27: Surface plot of |RMS∆| for 421 pairs of the sources s1 and s2. The loca-
tions of the front sources are along the front wall.

Figure 4.27 shows the |RMS∆| from the target for 421 pairs of the sources s1 and s2 using
the plane wave cancellation method in Plot 4.27a and the four-channel least-squares



110 Chapter 4. Application of the least-squares method for room acoustics

approach in Plot 4.27b. In both plots, the lowest values of |RMS∆| from the target
indicated by the black dots (the ideal positions of s1 and s2) were 0 dB for the plane
wave cancellation method and 0.08 dB for the four-channel approach. In Figure 4.27,
the plane wave cancellation method appears more effective at achieving the RMS target
for a wider range of source locations (also shown in Figure 4.28). However, Figure 4.28
also shows that the four-channel approach had a smaller range of 0.86 dB versus 1.75
dB and that both methods had a similar mean. Although the four-channel approach
did not obtain the target RMS over the listening area, its achievable RMS level was less
susceptible to the locations of the sources s1 and s2.

FIGURE 4.28: Histograms of |RMS∆| for 421 pairs of the sources s1 and s2 with the
locations of the front sources along the front wall, for the plane wave cancellation

method ( PWC) and the four-channel approach ( 4C).

Figure 4.29 shows the MSV from the target with 421 permutations for the pair of front
sources. The locations using the plane wave cancellation method are shown in Plot 4.29a
and the four-channel approach in Plot 4.29b. In both plots, the lowest values of MSV
from the target indicated by the white dots (at the ideal positions of s1 and s2) were
5.85 dB for the plane wave cancellation method and 0.99 dB for the four-channel ap-
proach. In Figure 4.29b, the only drop from a good level of variation to an acceptable
level of variation was when the sources were at their closest. This may be a limitation
in that there must be a minimum distance between the sources for the four-channel ap-
proach to be effective. However, as shown in Figure 4.30, the mean of the four-channel
approach outperformed the plane wave cancellation method by 7.23 dB.

4.5.1.4 Study summary

Repeating the studies from Section 3.3 comparing the plane wave cancellation method
with the four-channel approach and for the cases tested here, the following results were
obtained:
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MSV(dB)

(a) The plane wave cancellation method. (b) Four-channel least-squares approach.

FIGURE 4.29: Surface plot of MSV for 421 pairs of the sources s1 and s2 with the loca-
tions of the front sources along the front wall.

FIGURE 4.30: Histograms of MSV for 421 pairs of the sources s1 and s2, with the loca-
tions of the front sources along the front wall, for the plane wave cancellation method

( PWC) and the four-channel approach ( 4C).

• In the vast majority of the cases, the four-channel approach outperformed the
plane wave cancellation method. The only metrics that show this is not the case is
where the RMS values of the plane wave cancellation method achieved the target
when used in an ideal setup and ζn = 11.052

ωn
. However, as discussed in Chapter 3,

the RMS level of the plane wave target was chosen specifically as a value that can
be achieved by the plane wave cancellation method in this setup and when ζn =
11.052

ωn
.
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• Changing the damping coefficients resulted in little change in the effectiveness of
the four-channel approach.

• There was a degradation in the effectiveness of the four-channel approach when
the front sources were moved away from the wall. However, the four-channel
approach always showed an improvement over the raw signal.

• The four-channel approach ε̄ was more susceptible than the plane wave cancel-
lation method to the location of the source on the wall but always outperformed
it.

4.5.2 Whole room

As discussed in Chapter 3, the plane wave cancellation method controls the whole
room, and in Section 4.4.2 it was shown that as the number of listening areas increases,
the effectiveness of the four-channel approach decreases. This study investigates whether
the four-channel approach is limited to the listening areas or can also control the whole
room. The modelled room was split into a grid with a receiver point at every 0.1 m in
the x direction and 0.0986 m in the y. This grid was a flat surface with a height of 1.48
m. In this study, the target sound field across the whole room was a plane wave, as
defined in Equation 4.34.

FIGURE 4.31: Error ratio ε against the frequency of the raw signal with no cancella-
tion ( RS), the plane wave cancellation method ( PWC) and four-channel approach
( 4C), over the whole room with a plane wave target, with all the modal frequencies

of the enclosure denoted as .

Figure 4.31 shows the results of the error ratio for the raw signal ( RS), plane wave
cancellation method ( PWC) and four-channel approach ( 4C) across the defined
surface in the room. The figure shows that the four-channel approach outperformed the
plane wave cancellation method in achieving a plane wave over the room. As theorised



4.5. Limitations of the four-channel approach 113

in Section 4.1.2.3, the four-channel approach can never be worse than the plane wave
cancellation method due to the degree of freedom in the calculation of the filters.

TABLE 4.8: Frequency banded mean error [dB], RMS [dB] and MSV over the whole
room with a plane wave target.

M
et

ho
d

30 Hz > f ≥ 100 Hz 30 Hz > f ≥ 40 Hz 40 Hz > f ≥ 70 Hz 70 Hz > f ≥ 100 Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

RS 0 1.81 29.57 0 1.99 25.37 0 0.85 30.59 0 2.82 32.82

PWC -8.98 4.02 8.01 -10.86 2.3 5.17 -9.33 5.45 8.97 -7.43 5.04 9.91

4C -13.26 0.46 2.46 -19.84 0.1 0.84 -16.52 0.25 1.06 -9.62 1.09 5.48

Table 4.8 compares the data metrics for the plane wave target sound field across the
whole room. It shows that the four-channel approach was less effective when targeting
the whole room (compared to a single listening area in Section 4.2.1.1 ), but still of-
fered a good level of improvement over the raw signal and the plane wave cancellation
method. Therefore, the four-channel approach does not have to be limited to a fixed
listening area.

4.5.3 Testing the source location

In this study, there were 25 possible front source locations, shown in Table 4.9, and five
possible rear source locations, shown in Table 4.10, with the receiver locations given in
Table 3.6. This layout is represented in Figure 4.32. All possible combinations of the
source locations were tested following the rules that only s1 & s2 can be the front source
locations and only s3 & s4 can be the rear source locations.

The motivation behind this study was to understand more about the possible effect of
an end-user placing the source at any location in the listening environment. It has been
discussed how the plane wave cancellation method is constrained by source location.
Therefore, when using the plane wave cancellation method, as the front sources were
moved into the room, the time delay of the rear source signals was lowered to compen-
sate for the new locations. It was impractical to test all possible source locations, but
this study aimed to highlight any constraint to the four-channel approach due to the
source locations.

TABLE 4.9: Possible front source locations.

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

1 (0.50, 0.50, 1.48) 6 (1.50, 0.50, 1.48) 11 (2.50, 0.50, 1.48) 16 (3.50, 0.50, 1.48) 21 (4.50, 0.50, 1.48)

2 (0.50, 1.4825, 1.48) 7 (1.50, 1.4825, 1.48) 12 (2.50, 1.4825, 1.48) 17 (3.50, 1.4825, 1.48) 22 (4.50, 1.4825, 1.48)

3 (0.50, 2.465, 1.48) 8 (1.50, 2.465, 1.48) 13 (2.50, 2.465, 1.48) 18 (3.50, 2.465, 1.48) 23 (4.50, 2.465, 1.48)

4 (0.50, 3.4475, 1.48) 9 (1.50, 3.4475, 1.48) 14 (2.50, 3.4475, 1.48) 19 (3.50, 3.4475, 1.48) 24 (4.50, 3.4475, 1.48)

5 (0.50, 4.4300, 1.48) 10 (1.50, 4.4300, 1.48) 15 (2.50, 4.4300, 1.48) 20 (3.50, 4.4300, 1.48) 25 (4.50, 4.4300, 1.48)
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TABLE 4.10: Possible rear source locations.

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

26 (7.50, 0.50, 1.48)

27 (7.50, 1.4825, 1.48)

28 (7.50, 2.465, 1.48)

29 (7.50, 3.4475, 1.48)

30 (7.50, 4.43, 1.48)

FIGURE 4.32: All possible source locations.

The target sound field over the listening area in this study was a plane wave, as de-
fined in Equation 4.34. The data sets are listed in Figures 4.33, 4.34 and 4.35. Each
figure shows two histograms for the plane wave target when using all defined source
locations for both the four-channel approach and the plane wave cancellation method,
highlighting the minimum, maximum and average values for each set of data.

In Figure 4.33, the two histograms show the ε̄ over the frequency band. The effective-
ness of the four-channel approach clearly relied on the source locations, as the results
show a range of effectiveness varying by 10.27 dB from –16.37 dB to –6.1 dB. How-
ever, ε̄ data show that, across the full frequency band, the four-channel approach still
offered an improvement over the raw signal at the 0 dB reference at all the locations
and a mean effectiveness of –9.7 dB. Comparing the four-channel approach with the
plane wave cancellation method, the plane wave had a range of 18.88 dB, and the vast
majority of the source locations provided a ε̄ that offered a worse outcome than the raw
signal at the 0 dB reference. It was outperformed by the four-channel approach.

In Figure 4.34, the two histograms show the |RMS∆| from the target in the frequency
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FIGURE 4.33: Histograms of ε̄ for all defined source locations of a plane wave tar-
get sound field over the listening area, with the plane wave cancellation method (

PWC) and the four-channel approach ( 4C).

FIGURE 4.34: Histograms of |RMS∆| for all defined source locations of the plane wave
cancellation method ( PWC) and the four-channel approach ( 4C).

band. As shown in the previous RMS data, the plane wave cancellation method outper-
formed the four-channel approach with a lower delta from the target of 0.09 dB versus
0.4 dB, but in the whole data set, the four-channel approach outperformed the plane
wave cancellation method. The four-channel approach data had a range of |RMS∆|,
2.22 dB from the target, whereas the plane wave cancellation method had a range of
13.05 dB. The data showed that the four-channel approach worked well in all the tested
locations.

Figure 4.35 shows the two histograms of the MSV from the target in the frequency band.
The majority of the data for the plane wave cancellation method had an MSV value
greater than the 35 dB threshold, which means that the variation between the receivers
was too high for the system to have any acceptable value, as stated in Section 2.3. In
contrast, with the four-channel method, the inverse is true; the majority of the data
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is below the 35 dB threshold, and with a mean of 18.33 dB, most of the locations are
therefore, either in the low quadrant of the acceptable range (≤ 20dB), or below the 15
dB threshold and therefore denoted as good.

FIGURE 4.35: Histograms of MSV for all defined source locations of the plane wave
cancellation method ( PWC) and the four-channel approach ( 4C).

Appendix B gives the results of an identical study with a spherical wave target. As
there was very little difference in the findings, it was decided not to include the study
in the body of the thesis. The only points of note are that when the sources were in loca-
tions that gave the minimum ε̄ value, the data showed the system was more effective at
achieving a plane wave target with a value of –16.37 dB than the spherical wave target
with a value of –15.67 dB. However, over all possible locations, the system was more
consistent at achieving a spherical wave target, with the mean of the ε̄ values show-
ing –9.7 dB and –10.38 dB effectiveness at achieving a plane wave and spherical wave
target, respectively. The difference between the two targets was minimal, so nothing
could be gained from cross-analysis.

4.5.4 Section summary

This section reported on a number of simulation studies to understand how the control
methods are affected by changes in the system arrangement and to find the limits of
control. There was no point at which the four-channel approach was shown to perform,
on average, worse than using the raw signal (or the plane wave cancellation method).
This means the only limitation on the system is the amount of improvement possible
for a given layout, room dimensions and target.

Repeating the studies from Section 3.3 to compare the plane wave cancellation method
with the four-channel approach, for the cases tested here, it was shown that, in the vast
majority of cases, the four-channel approach outperformed the plane wave cancellation
method. Changes to the damping coefficients had little effect on the effectiveness of the
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four-channel approach, and although the four-channel approach ε̄ could be affected by
both the location of the source on the wall and moving the front sources away from the
wall, at worst these had a ε̄ of –13.18 dB and at best of –19.35 dB, compared with the
plane wave cancellation method values of –6.5 dB and –18.9 dB, respectively.

When targeting the plane wave sound field across the whole room, the effectiveness
ε̄ of the four-channel approach across the frequency range of 10–100 Hz dropped to
–11.31 dB. Compared with the plane wave cancellation method value of –9.13 dB, the
four-channel approach was clearly not limited by the whole room target.

Comparing 3,000 source location combinations using the four-channel approach method
versus no control, in each layout, the ε̄ across the frequency range of 10–100 Hz showed
that no matter the layout, there was a minimum mean effectiveness of 6.1 dB. The mean
of the ε̄ values showed –9.7 dB and –10.38 dB effectiveness at achieving a plane wave
and spherical wave target, respectively.

4.6 Chapter review

The chapter and review were split into four main areas.

1. Introduction of the least-squares approaches for acoustic control and compari-
son with the plane wave cancellation method
This section introduced four methods of control to supersede the plane wave can-
cellation method and provided results from studies carried out using a numerical
model to compare the four methods to both the plane wave cancellation method
and each other. These methods were

• two-channel (front) least-squares approach

• two-channel (rear) least-squares approach

• three-channel least-squares approach

• four-channel least-squares approach

The section showed that with both plane wave and spherical wave targets,

• the four-channel least-squares approach performed significantly better than
the plane wave cancellation method and outperformed all other methods;

• the four-channel least-squares approach was the most effective, followed by
the three-channel least-squares approach and then the two-channel (rear)
least-squares approach; and

• the two-channel (front) approach was not only the worst performer of the
least-squares approaches, but it was also worse than the plane wave cancel-
lation method.
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It can confidently be said that

• when a room is set up to be ideal for the plane wave cancellation method, it is
always more effective to use the four-channel, three-channel or two-channel
(rear) least-squares approach than the plane wave cancellation method.

2. Experimental studies
The process, methods and results from real-world studies based on the four-
channel approach were detailed. It was shown that the effectiveness transfers
from the analytical model to the real world and that by running the model with
real-world measurement data, it can give an accurate prediction of what the final
real-world result will be.

3. Control for different room layouts
This section showed further results from running the analytical model for multi-
ple layouts, which resulted in the following conclusions:

• The four-channel, three-channel and two-channel (rear) approaches are al-
ways, on average, more effective than the plane wave cancellation method.
Although the change in layout changes the effectiveness of the methods, the
decline in effectiveness is deemed small enough not to be a limitation of the
least-squares approach.

• When l1 is not the longest dimension in the environment, all the methods are
less effective, but the drop in the effectiveness of the four-channel approach
is less than the drop in effectiveness of the plane wave cancellation method.

• The effectiveness of the least-squares approaches decreases as the number of
areas of control increases, whereas on the whole, the plane wave cancellation
method is constant, though the least-squares approaches still outperform the
plane wave cancellation method.

4. Limitations of the four-channel approach
This section used an analytical model to examine the four-channel approach to
find its limitations, and although the effectiveness of the approach was shown to
be dependent on the source location, it never became less effective than either the
plane wave cancellation method or not controlling the raw signal.

It can also be confidently stated that the four-channel least-squares approach performed
significantly better than the plane wave cancellation method in all the tested situations.
Therefore, any acoustic control system with a four-source setup should favour the four-
channel least-squares approach rather than the plane wave cancellation method.

One assumption made in this chapter that might create limitations for the four-channel
least-squares approach: The area(s) under control will always be located between two
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pairs of sources. There is no guarantee this will be the case in a home listening envi-
ronment. Therefore further testing is needed to understand the effect of sources layout
which do not adhere to this format.
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Chapter 5

Predicting & controlling the sound
field within an enclosure

One of the most significant issues with any consumer product that offers room correc-
tion is the end-user effort required to set up the system. Historically, systems that offer
the best level of control require a higher level of data (Bharitkar and Kyriakakis (2011);
Bharitkar (2003); Pedersen (2012)). This can lead to two drawbacks:

• Time & effort. The end user needs to work hard to get the best results, as most
systems can require some (if not all) of the following:

1. Multiple room sweep measurements at several locations

2. Source and listener locations

3. Room dimensions (Budd et al. (2015))

• User error. Depending on the user interface supplied and the amount of work
the user is willing to put into the measurements, errors are highly likely.

A poorly set up system may offer a worse experience than that achieved by not using
correction. The ideal system does everything possible with minimal user interaction.

In Chapter 4, it was shown that a high level of control over the listening environment
can be achieved with the four-channel least-squares approach. However, this still re-
quires several acoustic measurements – 20 for a four-source five-receiver system. This
chapter focuses on understanding and predicting the sound field in a cuboid listening
environment to minimise the end-user effort required to set up a system. The objec-
tive is to use real-world measurements taken with microphones built into the sources
to create an accurate analytical model of a cuboid enclosure and thereby predict the
frequency response at any location within the enclosure. The end user then only has
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to measure at a single point to define the centre of the area to be controlled. These en-
hanced analytically modelled transfer functions need to be accurate enough to be used
with the four-channel least-squares approach from Chapter 4.

As has already been defined in this thesis, the analytical model used is the Green’s
function solution to the Helmholtz equation. In order to calculate the transfer func-
tion between two points in a cuboid enclosure, the Green’s function must include the
coefficients for the dimensions of the enclosure, the locations of the two points of in-
terest (source and receiver) and the damping of the enclosure surface. The theory is
that, if all of the coefficients are correct for a specific real-world cuboid enclosure, the
Green’s function will provide an accurate model of said enclosure (Luan and Jacob-
sen (2008); Cox et al. (2004)). This work aims to estimate these coefficients from the
real-world measurements. This chapter is split into five sections to test and prove the
theory. These cover the following areas:

1. Employing Green’s function as a transfer function estimator. An investigation
is conducted to see how close the analytical model is to a real-world measurement
when the coefficients are known.

2. Estimating or compensating for damping coefficients. Four methods are pro-
posed and tested, two of which estimate the damping coefficient(s) within the
Green’s function itself and two that aim to compensate for unknown damping
coefficients by filtering the Green’s function.

3. Estimating the dimensions of a cuboid enclosure. An algorithmic process that
estimates the dimensions of an enclosure from the frequency response data is
introduced and tested.

4. Estimating the source and receiver locations within a cuboid enclosure. Using
the previously estimated room dimensions, an algorithmic process using con-
strained least-squares and trigonometric calculations to estimate the locations (in
Cartesian coordinates) from the frequency response data is introduced and tested.

5. Using the enhanced analytical model to combine acoustic control with the four-
channel least-squares approach. Combining this chapter with the work from
Chapter 4, to compare the difference in effectiveness when creating the filters for
the four-channel least-squares approach to control a fixed listening area, when
using either real-world measurements, the transfer functions produced using the
enhanced analytical model or a combination of both.
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5.1 Green’s function as a transfer function estimator

As stated, the aim is to use the Green’s function to predict the sound field at any loca-
tion in a cuboid enclosure, where the parameters of the Green’s function have been esti-
mated for real-world measurements. To do this, the first step is to understand whether
the Green’s function solution can provide a method to predict these measurements
within a known space.

To briefly review, in this thesis, the Green’s function pressure model is defined as

P̂(r|s) =
∞

∑
n=0

ωρ0c2
0Q ψn(r)ψn(s)

[2ζnωnω + i(ω2 − ω2
n)]V

(5.1)

which, as previously stated, gives the radiated pressure at the point rm due to a source
at sw, where Q is the volume velocity of the source (unless otherwise stated, Q = 1), ζn

is the damping coefficient, V is the volume of the space in m3 and ψn(rm) and ψn(sw)

are the values of the nth mode calculated at the locations of the receiver and source
respectively, such that for a cuboid room

ψn(rm) = cos
xmn1π

l1
cos

ymn2π

l2
cos

zmn3π

l3
,

ψn(sw) = cos
x̃wn1π

l1
cos

ỹwn2π

l2
cos

z̃wn3π

l3
,

(5.2)

and l = (l1, l2, l3) are the dimensions of the space in the form (Length, Width, High).
The receiver and source positions within the space are defined in three-dimensional
Cartesian coordinates as rm = (xm, ym, zm) and sw = (x̃w, ỹw, x̃w), respectively, where n
is the mode number in the form of n = (n1, n2, n3).

The room used in Chapter 3 was no longer available for real-world measurements, it
was necessary to move to a new room in the Bowers & Wilkins Southwater research
office [SRO1]. This room is an acoustically treated listening environment measuring
4.66 m × 5.20 m × 2.59 m. The locations of the source and receiver used in the room
throughout this chapter are provided in Table 5.1 and Table 5.3. As stated, a second set
of receivers is used in this chapter; these were built into each source and are denoted by
r̂ŵ, where ŵ is the same source as w, in that receiver r̂1 was built into source s1. These
receiver locations are provided in Table 5.2. They are the same x̃, ỹ as the source, but 0.3
m higher. Unless stated, any measurement taken with the built-in receivers does not
include the data from the receiver built into the source and generating the measurement
signal, such as in P̂(r̂ŵ|sw) ŵ ̸= w.

Throughout this chapter, the loudspeaker response introduced in Section 4.3.1 was
taken into consideration when creating each model.
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TABLE 5.1: Real-world testing loudspeaker source location.

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

Source

No.

Source Location

(x̃ m, ỹ m, z̃ m)

s1 (1.004, 1.339, 0.25) s3 (4.418, 1.503, 0.25)

s2 (1.005, 3.861, 0.25) s4 (4.418, 3.690, 0.25)

TABLE 5.2: Real-world testing loudspeaker source built-in receiver location.

Built in

Receiver

No.

Built in

Receiver Location

(x̃ m, ỹ m, z̃ m)

Built in

Receiver

No.

Built in

Receiver Location

(x̃ m, ỹ m, z̃ m)

r̂1 (1.004, 1.339, 0.55) r̂3 (4.418, 1.503, 0.55)

r̂2 (1.005, 3.861, 0.55) r̂4 (4.418, 3.690, 0.55)

TABLE 5.3: Real-world testing microphone receiver location.

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

r1 (2.505, 1.800, 0.958) r4 (3.500, 1.803, 0.958)

r2 (2.501, 3.392, 0.958) r5 (3.496, 3.395, 0.958)

r3 (3.004, 2.598, 0.958)

In this section, all the parameters are known; however, an issue arose when defining a
known damping coefficient. In Section 2.1, when discussing reverberation, the Sabine
reverberation time was introduced. When designing and building a listening room,
a target reverberation time can be defined and approximately achieved by selecting
building materials for their absorption coefficient (Everest (1989)). Furthermore, a pre-
existing room can have its reverberation time changed by adding to or removing mate-
rials from surfaces or objects in the space, if both the absorption coefficient and the area
of a surface are known and the damping can be calculated (Morse and Ingard (1968)).
However, an accurate method of measuring the damping coefficient that an end user
can use in the real world is unrealistic, meaning the damping coefficient must be cal-
culated from an acoustic measurement. In Section 2.1, it was shown how the damping
coefficient can be calculated from the RT60, as used in models in Chapters 3 and 4. As
presented in this chapter, the RT60 was calculated from the real-world measurement
taken by using the receivers built into the sources. The impulse response of each mea-
surement was used to calculate an RT60 value; these were then averaged to calculate a
single damping coefficient using Equation 2.25.

The main issue foreseen in the RT60 method is that the frequency band of interest is
below 100 Hz, and at low frequencies, the sound pressure does not always decay expo-
nentially. If the decay curve deviates from a straight line on a logarithmic plot (Bruel
(1951); Kuttruff (2017)), the RT60 may not be the best estimator.
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5.1.1 Results

This section provides the results of comparing the real-world measurements RS
taken in SRO1 and the analytical model GFRT60 at the receiver location r3, using the
RT60 estimate from 12 real-world measurements to calculate ζn. The real-world transfer
function measurements data from the receiver location r3 were not used in the calcula-
tion of ζn; only the data from the receiver locations r̂1 r̂2 r̂3 r̂4 were used in the analytical
model.

(a) Frequency responses at receiver r3
from s1.

(b) Frequency responses at receiver r3
from s2.

(c) Frequency responses at receiver r3
from s3.

(d) Frequency responses at receiver r3
from s4.

FIGURE 5.1: Comparison of frequency responses at receiver r3 from each source with
the real-world measurements ( RS) and the analytical model ( GFRT60).

Figure 5.1 compares the frequency responses from each source at receiver r3 with the
real-world measurements and the analytical model. The four plots in Figure 5.1 show
that, when given the dimensions of an enclosure, the locations of the sources, the loca-
tion of the receiver and the damping coefficients calculated from real-world RT60 mea-
surements, the analytical model can provide an estimation of real-world measurements
in only the broadest terms. Rough trends and significant peaks can be seen in both
plots; however, none of these matches are identical to the real-world measurements.
Figure 5.2 shows the average frequency response plots from both the real-world mea-
surements and the analytical model, with the RT60 estimation methods at the receiver
location r3 using all sources. The average frequency response (FA) is defined as

FA( f ) = 20 log10[|
1

W

W

∑
w=1

( p̃w( f ))|], (5.3)
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where p̃w( f ) is either the modelled or measured pressures at receiver points r3( f ).

FIGURE 5.2: Comparison of FA at receiver r3 from each source with the real-world
measurements ( RS) and the analytical model ( GFRT60).

Figure 5.2 concurs with the data shown in Figure 5.1, confirming that again, in gen-
eral terms, there is a good match between the measurements and prediction − up to
approximately 75 Hz. Later in this chapter, it will be shown that the RT60 method is
not accurate enough to build effective correction filters for use with the four-channel
least-squares approach. However, the RT60 method does give a benchmark for testing
against which to compare other methods. To simplify this comparison, Figure 5.3 in-
troduces a new plot that shows the absolute delta of the FA data from the target [|FA∆|]
and the mean absolute delta of the FA from the target [|FA∆|] over the frequency band
20 to 100 Hz.

FIGURE 5.3: Comparison of |FA∆| at receiver r3 from each source with the real-world
measurements ( RS) and the analytical model ( GFRT60).

Figure 5.3 shows the |FA∆| for the RT60 method with an |FA∆| of 3.09 dB. To improve
on the RT60 method, new methods will need to have a lower |FA∆| and show an im-
provement on the |FA∆| data.
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5.2 Estimating or compensating for damping coefficients

In the last section, it was demonstrated that the analytical model can provide an es-
timation of real-world measurements when calculating the damping coefficients from
the RT60. Using this as a benchmark, four methods are introduced here to improve the
estimation from the analytical model. There are two overarching approaches:

1. Compensation. Methods that do not estimate the damping coefficient within the
Green’s function but try to compensate for the unknown damping coefficient by
filtering the Green’s function with filters derived from real-world measurements.

2. Estimation. Methods that estimate the damping coefficient within the Green’s
function.

All the methods in this section use the real-world measurements taken using the re-
ceivers built into the sources. The methods used to estimate or compensate for the
damping coefficients are as follows:

• Compensation approaches

1. Vector method. This method groups measurement data by source and uses
them to create one filter per source. The mathematics in this method are not
new; however, nothing has been found that shows it being used in this way.

2. Matrix method. This method takes all the measurement data to create a
single (W by W) filter matrix that all the source inputs pass through. In
theory, this should optimise the enclosure itself. Again, the mathematics in
this method are not new; however, nothing has been found that shows it
being used in this way.

• Estimation approaches

1. Q factor estimation method This method uses the Q factor of the modal
resonance (Everest (1989)) to estimate ζn.

2. Modal decay (MT60) method. This method uses the MT60 calculation (Mag-
alotti and Cardinali (2018)) to estimate ζn.

5.2.1 Compensation approaches

This section explores each of the compensation approaches in greater depth.
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5.2.1.1 Vector method

Start with a single source in a cuboid environment at location sw. This creates a real-
world impulse response, P( rm|sw), which is measured at a receiver elsewhere in the
environment. The pressure P(rm|sw) can be expressed as a vector in the frequency
domain, which is the transfer function between two points: sw and rm. The Green’s
function given in Equation 5.25 calculates P̂(rm|sw), modelling the transfer function
between the two points sw and rm. The objective is to create a vector in frequency υ, so
that

P(rm|sw) = P̂(rm|sw) · υ. (5.4)

For this, single-source, single-receiver example, a scalar value can be calculated for
each value υ( f ), which will give a perfect result. However, in this case, υ( f ) is only
valid for two specific points: sw and rm. The theory behind both the vector and matrix
methods is to use multiple pressure measurements to create a vector υ( f ) (or matrix)
filter that is not fixed to specific points and can be used in conjunction with the Green’s
function, using the locations of sw and rm, to calculate transfer functions when there are
no corresponding measurement data.

In the vector method, and using the receivers built into the source, the measurements
P(r̂ŵ|sw) and Green’s function P̂(r̂ŵ|sw) are grouped by source, providing a single
source to a multiple-receiver system. These grouped frequency responses are then split
into sets according to frequency and put into vectors, so that


P(r̂1|sw)( f )
P(r̂2|sw)( f )

...
P(r̂ŵ|sw)( f ))

 =


P̂(r̂1|sw)( f )
P̂(r̂2|sw)( f )

...
P̂(r̂ŵ|sw)( f ))

 υw( f ), (5.5)

where

pw( f ) =


P(r̂1|sw)( f )
P(r̂2|sw)( f )

...
P(r̂ŵ|sw)( f ))

 & gw( f ) =


P̂(r̂1|sw)( f )
P̂(r̂2|sw)( f )

...
P̂(r̂ŵ|sw)( f ))

 . (5.6)

This can be solved by minimising the cost function,

Jvec( f ) = ||pw( f )− gw( f )υw( f )||2. (5.7)
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This is an overdetermined system. Therefore, at each frequency, the least-squares solu-
tion (Elliott (2000)) is used to find υw, so that

υw =
[
gH

w gw

]−1
gH

w pw. (5.8)

This method only applies to fixed source locations and has to be run for each source,
which means that each source has its own filter, a filter that would be non-optimal if the
source were to be moved or replaced. But this method should allow a transfer function
to be predicted from these fixed source locations to any receiver.

5.2.1.2 Matrix method

In the matrix method, the real-world measurements P(r̂ŵ|sw) and Green’s function
P̂(r̂ŵ|sw) are grouped as one, providing multiple sources to a multiple-receiver system.
These grouped frequency responses are then split into sets by frequency and placed
into two matrices, P( f ) and G( f ) so that

P =



P(r̂1|s1)( f ) P(r̂1|s2)( f ) . . . P(r̂1|sw)( f )
P(r̂2|s1)( f ) P(r̂2|s2)( f ) . . . P(r̂2|sw)( f )
P(r̂3|s1)( f ) P(r̂3|s2)( f ) . . . P(r̂3|sw)( f )

...
...

. . .
...

P(r̂ŵ|s1)( f )) P(r̂ŵ|s2)( f ) . . . P(r̂ŵ|sw)( f )


(5.9)

and

G =



P̂(r̂1|s1)( f ) P̂(r̂1|s2)( f ) . . . P̂(r̂1|sw)( f )
P̂(r̂2|s1)( f ) P̂(r̂2|s2)( f ) . . . P̂(r̂2|sw)( f )
P̂(r̂3|s1)( f ) P̂(r̂3|s2)( f ) . . . P̂(r̂3|sw)( f )

...
...

. . .
...

P̂(r̂ŵ|s1)( f )) P̂(r̂ŵ|s2)( f ) . . . P̂(r̂ŵ|sw)( f )


, (5.10)

This leads to the minimisation of the cost function

Jmet( f ) = ||P( f )− G( f )Υ( f )||2. (5.11)

In this case, a Frobenius norm is used, as it is a matrix under evaluation; again, how-
ever, this leads to a least-squares solution being used to find Υ( f ):

Υ =
[
GHG

]−1
GHP. (5.12)

This method may be less intuitive than the vector method, as it aims to correct for
the environment as a whole, with Υ(W×W) filter the number of sources is fixed by the
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method. In theory, this method can predict any number of receivers from this fixed
number of sources.

5.2.2 Estimation approaches

This section explores each of the estimation approaches in greater depth.

5.2.2.1 Using the Q factor to estimate ζn

The Q factor (Q̂) is a well-known method used to describe the resonance behaviour
of any system with a harmonic oscillator (Elliott (2000)). In acoustics, the Q factor of
individual modes in a frequency response can be defined as

Q̂ =
fc

fH − fL
, (5.13)

where fc is the centre frequency of the mode and fH and fL are the frequency points
above and below the centre frequency where the level drops 3 dB from the level of
the centre frequency (Rumsey and McCormick (2002)). Q̂ can then be converted to the
damping coefficient (Elliott (2000))

ζn =
1

2Q̂n
. (5.14)

The first step was to find the modes within a frequency response; an example of how
the modes were found is shown in Figure 5.4. First, the raw frequency response was
smoothed to remove any noise; this smoothing is a simple moving average over a fixed
(small) number of points within the frequency response. Double differentiation was
then used to find an estimation of the peak frequencies. Although this method has
not been found in any of the literature, it is just a basic implementation of standard
calculus to find local maxima of a curve. The first differentiation finds the frequency of
points with a gradient of zero, while the second differentiation allows any peaks to be
identified. Once the peaks are estimated in the smoothed data, these are then used as a
reference point to find the closest peak value in the original raw response and thereby
obtain the precise modal frequencies.

Once the peaks were found, the 3 dB down point could be located for each peak and
the Q factor could be calculated. ζn



5.2. Estimating or compensating for damping coefficients 131

FIGURE 5.4: Double differentiation of smoothed frequency response to find modes.

5.2.2.2 MT60 estimating ζn

This method repurposes the works of Everest (1989), Magalotti and Cardinali (2018),
Magalotti and Cardinali (2019), Magalotti (2019) and Magalotti and Ponteggia (2019) to
address the low-frequency issue seen in the RT60 method. The MT60 method focuses
on estimating the decay time of individual low-frequency modes, so that the damping
coefficients can be calculated.

As outlined in Magalotti and Ponteggia (2019), the MT60 method takes in an impulse
response, from which it creates a frequency response. Magalotti and Ponteggia (2019)
rely on a third-party algorithm to find the modal peaks. However, this was found to be
less accurate than the method outlined in Section 4.2.2.1, so the double differentiation
method has been used here. Once the modal resonances have been found, an iterative
process starts that aims to look at each mode in isolation. Using each mode as the centre
frequency, the system applies a set of filters in the frequency domain to limit the band-
width around the centre frequency. These bandwidths range from 1

3
rd

octave to 1
192

nd

octave. Then, for each bandwidth, a recursive algorithm tries to find the resonance of a
single-degree-of-freedom system that gives the curve that best fits the peak. Each result
of the recursive algorithm is given a score, with zero being the perfect fit. The result
with the lowest score in each of the bandwidths is compared across all bandwidths to
find the bandwidth-and-resonance combination with the best score. The single-degree-
of-freedom system with this resonance is then transferred to the time domain, and the
MT60 is calculated. The MT60 calculation is akin to RT60; it is the time it takes for the
single mode’s linear decay to drop by 60 dB. The process outputs the scores, the MT60

and the dB delta of the peak-to-noise floor for each mode.

In this thesis, the impulse response for each transfer function was analysed using the
above method; the results were then grouped by modal frequency. In these groups, the
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data were cleaned to remove outliers by reviewing the score and dB delta peak-to-noise
floor for each resonance. The remaining values were then averaged and converted to a
damping coefficient using Equation 2.25.

If any mode is missing a MT60 value, this value is inferred from the available data. For
example, if a mode missing a MT60 value is defined as (n1a,n2b,n3c), where a, b and c
denote that n1, n2 and n3 are the fixed values for the mode under investigation, then
(as it is assumed that the MT60 will change linearly with frequency) the missing value
can be calculated using other available modes that satisfy either

(n1â, n2b, n3c) & (n1ã, n2b, n3c) where n1a ̸= n1â ̸= n1ã

or

(n1a, n2b̂, n3c) & (n1ã, n2b̃, n3c) where n2b ̸= n2b̂ ̸= n2b̃

or

(n1a, n2b, n3ĉ) & (n1a, n2b, n3c̃) where n2c ̸= n2ĉ ̸= n2c̃.

(5.15)

Here, â, ã, b̂, b̃, ĉ, and c̃ denote their respective n1, n2 and n3 values, which are fixed for
the modes used as reference in each iteration of this calculation. If, for the mode under
investigation, more than one of the formulae in (5.15) gives a result, these results are
then averaged.

The process outlined in this section gives a damping coefficient specific to each mode.
These values were then used within the Green’s function as ζn.

5.2.3 Real-world testing results

This section shows the results from testing each method against real-world data, using
the data from the RT60 method as a baseline. In each case, the method under test used
data from the real-world measurements taken using the receivers built into the sources
in room SRO1 to predict the real-world measurements at the receiver r3. All the other
parameters for the Green’s function were known, similar to the method in Section 5.1.
The FA and |FA∆| were plotted for each test.

The RT60 value was used to set the damping coefficients for the vector and matrix com-
pensation methods. As in Section 5.1 the real-world transfer function measurement
data from the receiver location r3 were not used in the calculation of ζn; only the data
from the receiver locations r̂1 r̂2 r̂3 r̂4 were used in the analytical model.
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5.2.3.1 Vector method

This section provides the results of comparing the real-world measurements, the RT60

method and the vector method. The vector method is denoted as GFv .

FIGURE 5.5: Comparison of FA at receiver r3 from each source with real-world mea-
surements ( RS) and with two analytical models, the RT60 method ( GFRT60) and

the vector method ( GFv).

Figure 5.5 compares the FA for the real-world measurements and the analytical models
using the RT60 method and the vector method, with Figure 5.6 comparing the |FA∆|
data for the analytical models using the RT60 method and the vector method. In Fig-
ure 5.5, it can be seen that the vector method is more effective than the RT60 method
between 35 and 42 Hz and shows a good match to the real-world signal in the range of
65 to 75 Hz. Any differences in the two methods are easier to see in Figure 5.5.

FIGURE 5.6: Comparison of |FA∆| at receiver r3, with two analytical models, the RT60
method ( GFRT60) and the vector method ( GFv).

In Figure 5.6, the two methods seem to offer a similar level of performance; both ap-
proximate the same peak at 75 Hz, and neither clearly outperforms the other. However,
the |FA∆| is 2.23 dB from the vector method, an improvement of 0.86 dB over the RT60
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method. A second data set analysed concerns the percentage of the method under test
that is closer to the target value than the RT60 method. This percentage value aims to
account for issues where a small set of very high or low values may bias the mean. In
this case, the data show that the vector method offers an improvement over the RT60

method for 63.3 % of the frequency band.

5.2.3.2 Matrix method

This section shows the results of comparing the real-world measurements, the RT60

method and the matrix method. The matrix method is denoted as GFm .

FIGURE 5.7: Comparison of FA at receiver r3 from each source with real-world mea-
surements ( RS), with two analytical models, the RT60 method ( GFRT60) and the

matrix method ( GFm).

Figure 5.7 compares the FA for the real-world measurements and the analytical mod-
els using the RT60 method and the matrix method, with Figure 5.8 comparing the
|FA∆|data for the analytical models using the RT60 method and the matrix method.
Figure 5.7 shows a clear improvement in the accuracy of the analytical model when us-
ing the matrix method, with the shape tracking of the real-world measurements being
much closer than that of the RT60 method.

Figure 5.8 concurs with the data in Figure 5.7, with an |FA∆| 1.22 dB from the matrix
method, an improvement of 1.87 dB over the RT60 method, while the matrix method
shows an improvement for 71.7 % of the frequency band. Unlike the vector method in
Figure 5.6, it is clear just by looking at the data in Figure 5.8 that the matrix method
is more effective than the RT60 method, as none of the peaks in the matrix method are
comparable in size with those of the RT60 method, and only three of the peaks of the
matrix method were worse than the |FA∆| of the RT60 method.
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FIGURE 5.8: Comparison of |FA∆| at receiver r3, with two analytical models, the RT60
method ( GFRT60) and the matrix method ( GFm).

5.2.3.3 Q factor method

This section provides the results of comparing the real-world measurements, the RT60

method and the Q factor method. The MT60 method is denoted as GFQ .

FIGURE 5.9: Comparison of FA at receiver r3 from each source with real-world mea-
surements ( RS), with the two analytical models, the RT60 method ( GFRT60) and

the Q method ( GFQ).

Figure 5.9 compares the FA for the real-world measurements and the analytical models
using the RT60 method and the Q factor method, with Figure 5.10 comparing the |FA∆|
for the analytical models using the RT60 method and the Q factor method. In Figure 5.9,
a minimal difference is seen between the RT60 method and the Q factor method. This
is shown in the data in Figure 5.10, where the Q factor method only offers an improve-
ment over the RT60 method for 62.8% of the frequency band, and the |FA∆| only drops
by 0.41, to 2.68 dB.
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FIGURE 5.10: Comparison of |FA∆| at receiver r3, with two analytical models, the RT60
method ( GFRT60) and the Q factor method ( GFQ).

5.2.3.4 MT60 method

This section shows the results of comparing the real-world measurements, the RT60

method and the MT60 method. The MT60 method is denoted as GFMT60 .

FIGURE 5.11: Comparison of FA at receiver r3 from each source with real-world mea-
surements ( RS), with two analytical models, the RT60 method ( GFRT60) and the

MT60 method ( GFMT60).

Figure 5.11 compares the FA for the real-world measurements and the analytical mod-
els using the RT60 method and the MT60 method, with Figure 5.12 comparing the |FA∆|
for the analytical models using the RT60 method and the MT60 method. In Figure 5.11,
it can be seen that the MT60 method tracks the shape of the real-world measurements
much more closely than the RT60 method (between 38 and 82 Hz), although both meth-
ods show a similar offset on the first peak. This is also seen in Figure 5.9. It can be
speculated that this offset is not due to an error in the damping estimation, but is be-
cause of an error in the measured dimension of the room or because the temperature on
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the day of the measurement affected the speed of sound, meaning that 343 ms−1 is the
wrong constant. However, multiple iterations of the model were run, adjusting both
the dimensions and the speed of sound, and any situation that corrected for this offset
gave a massively degraded result across the rest of the frequency band.

FIGURE 5.12: Comparison of |FA∆| at receiver r3, with two analytical models, the RT60
method ( GFRT60) and the MT60 method ( GFMT60).

Figure 5.12 shows the improvement the MT60 method offers over the RT60 method.
The |FA∆| is improved by 1.22 (to 1.87 dB) by the MT60 method, although the MT60

method is only closer to the target for 64.25 % of the frequency band. However, the
MT60 method is closer to the target at frequencies where the RT60 method shows large
peaks from the target.

5.2.3.5 Combined method MT60+

This section combines the matrix method with MT60 to create a hybrid method de-
noted as MT60+. Both methods have been shown to perform well on their own, which
raises the question as to whether an improved performance could be achieved by ap-
plying the matrix method of compensation to a model after estimating the damping
with MT60. This is a simple method of combination, where both processes are run in
series. First, the MT60 method tries to find the best estimation of the damping coef-
ficients for each mode. This allows the Green’s function given in (5.1) to be updated
to include the estimated damping coefficients, the output of which is now denoted as
P̂

+
(rm|sw). This feeds into the matrix methods in Section 5.2.1.2, such that G is replaced

with

G+ =



P̂
+
(r̂1|s1)( f ) P̂

+
(r̂1|s2)( f ) . . . P̂

+
(r̂1|sw)( f )

P̂
+
(r̂2|s1)( f ) P̂

+
(r̂2|s2)( f ) . . . P̂

+
(r̂2|sw)( f )

P̂
+
(r̂3|s1)( f ) P̂

+
(r̂3|s2)( f ) . . . P̂

+
(r̂3|sw)( f )

...
...

. . .
...

P̂
+
(r̂ŵ|s1)( f )) P̂

+
(r̂ŵ|s2)( f ) . . . P̂

+
(r̂ŵ|sw)( f )


, (5.16)
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changing the cost function to

Jmet+( f ) = ||P( f )− G+( f )Υ( f )||2. (5.17)

Here are the results of comparing the real-world measurements, the RT60 method and
the MT60+ method. The MT60+ method is denoted as GFMT60+ .

FIGURE 5.13: Comparison of FA at receiver r3 from each source with real-world mea-
surements ( RS), with two analytical models, the RT60 method ( GFRT60) and the

MT60+ method ( GFMT60+).

Figure 5.13 compares the FA for the real-world measurements and the analytical mod-
els using the RT60 method and the MT60+ method, with Figure 5.14 comparing the
|FA∆|. In Figure 5.13, it can clearly be seen that the MT60+ method provides a result
that is very close to the real-world measurement.

FIGURE 5.14: Comparison of |FA∆| at receiver r3 from each source with real-world
measurements ( RS), with two analytical models, the RT60 method ( GFRT60) and

the MT60+ method ( GFMT60+).



5.3. Estimating the dimensions of a cuboid enclosure 139

Figure 5.14 shows how close the MT60+ method is to the target, with the majority of the
data no more than 1.5 dB from the target and an |FA∆| of 0.89 dB, thus outperforming
the RT60 method over 84.4% of the frequency band.

5.2.4 Results review

Table 5.4 brought together all the methods of estimation and compensation for the
damping coefficients that were tested, showing the |FA∆| for each and the percentage
of the frequency band for which the method under test that is closer to the target value
than the RT60 method. Each method outperformed the RT60 method.

TABLE 5.4: Comparing all methods for the estimation or compensation of damping
coefficients by |FA∆| and the percentage by which each method outperformed the RT60

method coefficient.

Method |FA∆| [dB] %

GFRT60 3.09 N/A

GFv 2.23 63.3

GFm 1.22 71.7

GFQ 2.68 62.8

GFMT60 1.87 64.3

GFMT60+ 0.89 84.4

In Table 5.4, it is clear that, of the four original methods, the matrix method performed
best, with MT60 coming second. However, as discussed, the matrix method can be
applied to the data after MT60. Combining these two methods, the MT60+ method
provided the best performance.

At this point, it was decided to move on from the damping coefficient and focus on the
other variables needed for the Green’s function to allow the fully enhanced analytical
model to be created and tested and to determine whether the accuracy provided by the
MT60+ method was acceptable.

5.3 Estimating the dimensions of a cuboid enclosure

To achieve the objective of understanding and predicting the sound field in a cuboid
listening environment, the other parameters in the Green’s function also need to be
estimated, starting with the dimensions of the cuboid enclosure.

This method estimates the dimensions of a cuboid enclosure from the frequency re-
sponses. As outlined in Section 2.1, the resonance frequencies of a cuboid enclosure are
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the product of the dimensions of the enclosure. Therefore, any peaks in a frequency
response measured within an enclosure are created by a resonance directly linked to
the dimensions of the said enclosure. The theory is that an algorithm will converge on
the dimensions through a mathematical analysis of the distribution of the peaks in the
measured frequency response. The higher the number of available measured frequency
responses within the enclosure, the more accurate the result. There are two stages in
the proposed algorithm:

Stage 1 Analysing the data by grouping peaks and calculating rough estimates for
the dimensions.

Stage 2 Using estimates to create a bounded linear least-squares solution with which
to re-analyse the original data for a more accurate result.

5.3.1 Stage 1

In Chapter 4, the matrix C was made up of individual transfer functions for each
loudspeaker-to-microphone pairing. For each element in the matrix C, the absolute
values of each frequency response were calculated and analysed to find the local min-
ima and maxima, using the same method as that used in Section 5.2.2.1. An example is
shown in Figure 5.4.

The local peaks were taken from the resonance frequencies present at that location.
The Q factor was also calculated for these local peaks. The Q factor is not an effec-
tive method for estimating the damping coefficient for use within the Green’s function;
rather, it was used here to correct the offset in the modal frequencies. The damping of
a mode can change its resonance frequencies (Fahy and Walker (1998)), so each of the
resonance frequencies (Elliott (2000)) was corrected using the equation

fnζ=0 =
fn√

(1 − 2Q̂−2
n )

, (5.18)

where fn is the local peak and fnζ=0 is the correct value with zero damping. This process
yielded an array for each element in the matrix C. Each array contains the corrected
resonance frequency values, the level of these resonance frequencies, the frequency at
which the local minima values were found and the level of the local minima.

The arrays were then analysed together and used to create groups of similar frequen-
cies. These groups contain the individual resonances found in multiple measurements.
The two considerations when defining the group boundaries were as follows:

1. Any resonances must be separated by two or more local minima.
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2. No group can have more resonances than the total number of original transfer
functions.

FIGURE 5.15: Example plot showing how the resonate frequencies are split into groups
using the local minima.

Figure 5.15 shows a plot for the test with three transfer functions (from one loudspeaker
location to three microphones). For the sake of clarity, the level of each resonance was
normalised to 1.0 and that of each local minima to 0.5. This plot is a representation of
how these resonances were grouped with the local minima used to define the group
boundaries.

The next step was to convert these frequencies to wavelengths. The wavelengths in
the first group were taken to be related to the standing wave created in the longest
dimension of the space when n = (1, 0, 0). The values in this group were used to
find all n = (n1, 0, 0) groups, where fn ≤ fmax. A cross comparison was then carried
out over the individual frequencies across these groups to find the closest approximate
common multiples. The system returned the common multiples from the groups with
the smallest mean error. This step was repeated by taking the second group as the
second-longest dimension of the space when n = (0, 1, 0). These two steps provided
rough estimates of (l1) & (l2), which were then used to estimate the axial and tangential
mode wavelengths for these two dimensions with the equation

λn =

√(
n1

l1

)2

+

(
n2

l2

)2

. (5.19)
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The first wavelength group found that was not a product of Equation 5.19 was taken to
be the standing wave created in the shortest dimension of the space when n = (0, 0, 1),
and the process to estimate its length (and error) was rerun.

The outcome of this process provided estimates of (l1) (l2) & (l3) and error values for
each. The smaller the error value, the higher the degree of confidence in the estimated
length.

This method returned three lengths, such that (l1) < (l2) < (l3). It did not make any
choices regarding the order of the height, length and width. In a cuboid space, the
Green’s function needs three-dimensional data, but the orientation is not important.

5.3.2 Stage 2

During early testing, the estimates from stage one were good, but further improvement
was needed, so a second stage was introduced to the process. This stage took the es-
timates of (l1) (l2) & (l3) and the given error values to improve the accuracy of the
results.

The first step was to use the estimates (l1) (l2) & (l3) and all possible combinations of
n in which fn < fmax to create a vector fest1n , where

fest1n(n) =
c
2

√(
n1

l1

)2

+

(
n2

l2

)2

+

(
n3

l3

)2

. (5.20)

Then, returning to the matrix C, the absolute values of each frequency response were
summed together and analysed to find the local minima and maxima, as explained in
the previous stage. The new frequency values were then placed in the vector fest2n .

The result was two vectors fest1n and fest2n , where fest1n contains all the possible modal
frequencies for the enclosure calculated with the estimated values (l1) (l2) & (l3), and
fest2n contains all the resonance frequencies present in the summed transfer functions.
By running an automated process to compare fest1n and fest2n , the corresponding values
of n = (n1, n2, n3) could be assigned to the frequencies in fest2n . Then, by rearranging
the equation

fest2n =
c
2

√(
n1

lest21

)2

+

(
n2

lest22

)2

+

(
n3

lest23

)2

(5.21)

into the form
f̄ = N̄l̄, (5.22)
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where 
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 , (5.23)

a bounded linear least-squares solution could be used to minimise the equation

||N̄l̄ − f̄||2. (5.24)

The upper and lower bounds for the possible values of l̄ were set using the estimates
(l1) (l2) & (l3) ± as the error value for each. This extra stage either improved the
accuracy of the results or returned the original estimated values. It was found to have
the biggest effect on the (l3) estimates.

5.3.3 Testing

The processes outlined in the two stages were tested with three sets of real-world data:
first with the measurements from room SRO1 and then from two acoustically treated
listening environments at the Bowers & Wilkins Southwater research office ([SRO2]
and [SRO3]). In each case, only the data from the four sources with the four built-in
receivers were used, resulting in 12 data sets. The results from these tests are shown in
Table 5.5. These results show a high level of accuracy, with the largest error being 2 cm
(rounded to the nearest cm).

TABLE 5.5: Comparing the measured and estimated dimensions of the real-world
cuboid listening environment.

D
im

en
si

on SRO1 SRO2 SRO3

Measurement Estimation Measurement Estimation Measurement Estimation

(m) (m) (m) (m) (m) (m)

l1 4.66 4.6522 7.86 7.870 8.00 7.986

l2 5.20 5.2073 4.66 4.643 4.93 4.939

l3 2.593 2.5750 2.59 2.596 2.96 2.947

The results in Table 5.5 furnished a high degree of confidence in this part of the process.

5.4 Estimating source and receiver locations

The previous section showed that it is possible to estimate the dimensions of a cuboid
enclosure from the frequency responses. This section shows how the locations of the
source and receiver can also be estimated from the frequency responses. As stated in
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the last section, the distribution of the peaks in the frequency responses is related to the
dimensions of the enclosure. This section works on the theory that the relative levels
of the peaks (and troughs) are defined by the locations of the source and receiver, re-
spectively, from which the transfer function is taken. Through a mathematical analysis
of the levels in the transfer functions, which share either a source or receiver location,
it should be possible to estimate each source and receiver location.

5.4.1 Coordinate estimation

This method is designed to estimate the coordinate locations of rm = (xm, ym, zm) and
sw = (x̃w, ỹw, x̃w) by using well-known mathematical processes. No pre-existing meth-
ods have been found that use these processes in this way to estimate the coordinate
locations of a source and receiver in a cuboid listening environment. This method also
uses the estimated dimensions l = (l1, l2, l3), real-world measurements, and the Green’s
function Equation 5.1 given as

P̂(rm|sw) =
N

∑
n=0

ωρ0c2
0Qψn(rm)ψn(sw)

[2ωnωζn + i(ω2 − ω2
n)]V

, (5.25)

rearranging the Green’s function into the form

ḡ = Θφ (5.26)

to give
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(5.27)

Here, each row of ḡ and Θ corresponds to a given frequency shown in Θ as Ω ḟ . First,
the estimated dimensions are used to calculate the modal frequencies of the enclosure,
such that

fn =
c0

2

√[n1

l1

]2
+
[n2

l2

]2
+
[n3

l3

]2
, (5.28)

where n = (n1, n2, n3). Then, taking a set of measurement data for a point ṗ(r̂ŵ|sw)

and creating a vector such that p̂ = ṗ(r̂ŵ|sw)( fn), a column vector holding the pressure
values at the modal frequencies was found. A sub-matrix Θ̂ was created from Θ. Θ̂
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has the same columns as Θ, but only the rows where Ω ḟ = 2π fn, resulting in a matrix
where each row represents a modal frequency.

In an ideal situation like p̂ = Θ̂φ, everything in Θ̂ is known and φ is unknown, but
with the following constraints. First, both p̂ and Θ̂ have to be complex values; however
φ is not complex, therefore

ℜ{p̂} = ℜ{Θ̂}φ. (5.29)

Second (ignoring phase), the magnitude of p̂ cannot be exceeded. As such,

|p̂| ≥ |Θ̂|φ (5.30)

and

φ(n) =

{
1 n = 0

−1 < φ(n) < 1 n > 0
(5.31)

φ(n) can be calculated, and each element in φ is equal to

φn = ψn(rm)ψn(sw) = cos
xmn1π

l1
cos

ymn2π

l2
cos

zmn3π

l3
. . .

cos
x̃wn1π

l1
cos

ỹwn2π

l2
cos

z̃wn3π

l3
,

(5.32)

which can be solved using a selection of n values, where n = (n1, n2, n3). Starting
with the single-dimension modes, it is best to begin with the first two modes in any
dimension, ideally at as low a frequency as possible (as the low-frequency modes give
the most accurate results). For example, n1 = (0, 1, 0) and n4 = (0, 2, 0), meaning that
both n1 and n3 are equal to 0. Equation 5.32 can be written as

φn = cos
ymn2π

l2
cos

ỹwn2π

l2
, (5.33)

and if ym is used as the starting point, ỹw can be expressed as ỹw = ym + ym0 , where
both ym and ym + ym0 are ≤ l2. The expression for each φn can be written as

φ1 = cos

(
ymπ

l2

)
cos

(
(ym + ym0)π

l2

)
(5.34)

and

φ4 = cos

(
2ymπ

l2

)
cos

(
2(ym + ym0)π

l2

)
(5.35)
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using the double-angle identity (Stroud and Booth (2001))

φ4 =

[
2 cos2

(
ymπ

l2

)
− 1
][

2 cos2

(
(ym + ym0)π

l2

)
− 1
]

. (5.36)

Let

β = cos

(
ymπ

l2

)
& γ = cos

(
(ym + ym0)π

l2

)
; (5.37)

∴ φ1 = βγ & φ4 = (2β2 − 1)(2γ2 − 1), (5.38)

leading to

φ4 = (2β2 − 1)(2
φ1

β2

2
− 1) (5.39)

which provides a quadratic in β2. Leading to

2β4 + (φ4 − 4φ2
1 − 1)β2 + 2φ2

1 = 0, (5.40)

where φ1, φ4 and l2 are known, which can then be solved. Once the first estimation
is made, the process is then repeated in the other dimensions, (n1, 0, 0) and (0, 0, n3).
These can then be confirmed and improved by conducting a cross-comparison with
other measurements that share either a source or receiver location and looking at the
time of flight between the source and the receiver (as outlined in Bell (2011) and Sec-
tion 2.4). All the locations can be estimated by repeating this process from each source-
to-receiver pairing.

5.4.2 Testing

The process outlined was tested with the data sets from three real-world rooms: SRO1;
SRO2; and SRO3. In each case, two sets of data were analysed:

1. The data from the four sources with the four built-in receivers, providing the
locations for both the sources Table 5.6 and the built-in receivers Table 5.7.

2. The data from the four sources to the freestanding receivers, providing the loca-
tions of the freestanding receivers Table 5.8.

The results in Tables 5.6, 5.7 and 5.8 show a high degree of confidence in this process.
However, the results may be too good, as they show a maximum error of ± 2.5 cm from
the measured location. The issue is that the physical measurement should have been
taken from the acoustic centre of the loudspeaker driver. But this is not an easily de-
fined point (Vanderkooy (2010)), and although every effort was made to measure each
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TABLE 5.6: Comparing the measured and estimated source locations in real-world
cuboid listening environments SRO1, SRO2 and SRO3.

So
ur

ce
SRO1 SRO2 SRO3

Measurement Estimation Measurement Estimation Measurement Estimation

(m) (m) (m) (m) (m) (m)

s1 (1.004, 1.339, 0.25) (0.981, 1.340, 0.229) (1.475, 1.015, 0.850) (1.497, 1.033, 0.858) (2.0, 1.30, 0, 85) (2.023, 1.285, 0, 842)

s2 (1.005, 3.861, 0.25) (1.022, 3.846, 0.235) (1.471, 3.705, 0.888) (1.469, 3.701, 0.904) (2.00, 3.63, 0.85) (2.003, 3.646, 0.839)

s3 (4.418, 1.503, 0.25) (4.395, 1.521, 0.227) (6.732, 1.210, 0.840) (6.718, 1.211, 0.825) (7.9, 1.7, 1.15) (7.906, 1.701, 1.137)

s4 (4.418, 3.690, 0.25) (4.395, 3.701, 0.242) (6.712, 3.519, 0.843) (6.690, 3.543, 0.852) (7.90, 3.23, 1.15) (7.887, 3.233, 1.161)

TABLE 5.7: Comparing the measured and estimated built-in receiver locations in real-
world cuboid listening environments SRO1, SRO2 and SRO3.

R
ec

ei
ve

r SRO1 SRO2 SRO3

Measurement Estimation Measurement Estimation Measurement Estimation

(m) (m) (m) (m) (m) (m)

r̂1 (1.004, 1.339, 0.55) (0.981, 1.340, 0.570) (1.475, 1.015, 1.150) (1.497, 1.033, 1.148) (2.0, 1.3, 1.15) (2.023, 1.285, 1.141)

r̂2 (1.005, 3.861, 0.55) (1.022, 3.846, 0.561) (1.471, 3.705, 1.188) (1.469, 3.701, 1.204) (2.00, 3.63, 1.15) (2.003, 3.646, 1.142)

r̂3 (4.418, 1.503, 0.55) (4.395, 1.521, 0.548) (6.732, 1.210, 1.140) (6.718, 1.211, 1.135) (7.9, 1.7, 1.45) (7.906, 1.701, 1.467)

r̂4 (4.418, 3.690, 0.55) (4.395, 3.701, 0.527) (6.712, 3.519, 1.143) (6.690, 3.543, 1.155) (7.90, 3.23, 1.45) (7.887, 3.233, 1.4691)

TABLE 5.8: Comparing the measured and estimated freestanding receiver locations in
real-world cuboid listening environments SRO1, SRO2 and SRO3.

R
ec

ei
ve

r SRO1 SRO2 SRO3

Measurement Estimation Measurement Estimation Measurement Estimation

(m) (m) (m) (m) (m) (m)

r1 (2.505, 1.800, 0.958) (2.505, 1.800, 0.958) (3.566, 1.505, 0.972) (3.581, 1.488, 0.959) (5.0, 1.60, 1.0) (5.000, 1.587, 0.977)

r2 (2.501, 3.392, 0.958) (2.501, 3.392, 0.958) (3.494, 3.511, 0.972) (3.506, 3.507, 0.959) (5.0, 3.60, 1.0) (4.977, 3.612, 0.997)

r3 (3.004, 2.598, 0.958) (3.004, 2.598, 0.958) (4.492, 2.518, 0.946) (4.486, 2.515, 0.952) (6.0, 2.60, 1.0) (6.008, 2.580, 1.018)

r4 (3.500, 1.803, 0.958) (3.500, 1.803, 0.958) (5.505, 1.508, 0.956) (5.506, 1.487, 0.952) (7.0, 1.60, 1.0) (6.996, 1.590, 1.018)

r5 (3.496, 3.395, 0.958) (3.496, 3.395, 0.958) (5.505, 3.505, 0.961) (5.512, 3.516, 0.982) (7.0, 3.60, 1.0) (7.014, 3.581, 1.012)

source’s physical location from the acoustic centre, as in Vanderkooy (2010) the acous-
tic centre of a Bowers & Wilkins sealed-cabinet subwoofer was calculated to be 12.0 cm
directly in front of the assumed flat-piston source, and as this work was undertaken in
partnership with Bowers & Wilkins, a set of four subwoofers identical to the one used
in the paper were built and used for all the measurements. The error from the mea-
sured location cannot, therefore, be seen as an error resulting from the acoustic centre
of a loudspeaker driver; rather, the real accuracy test is how well data calculated in this
way models the real-world measurement when used in the enhanced analytical model.
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5.5 Acoustic control with the four-channel least-squares approach
using an enhanced analytical room model

In this section, the three processes from this chapter are combined to build enhanced
and analytically modelled transfer functions that can replace real-world measurements
when building the filters required by the four-channel least-squares approach to acous-
tic control introduced in Chapter 4, with their effectiveness tested in real-world scenar-
ios.

The process was tested in the real-world rooms SRO1, SRO2 and SRO3. The dimen-
sions of each room are given in Table 5.5. Each room contains four sources with built-in
receivers, the locations of which are given in Tables 5.6 and 5.7, and five freestanding
receivers, the locations of which are given in Table 5.8. In each case, the 12 measure-
ments between the sources and the built-in receivers were used to create an enhanced
analytical model tailored to the specific acoustic environment. As in the previous stud-
ies in Chapters 3 and 4, the aim was to control a single listening area defined by the
layout of the five freestanding receivers. A multichannel sound card was used (the
RME Fireface UFX II with an the RME OctaMic II) so that all the receivers could take
simultaneous measurements.

In each study in this section, four different filter banks were created for use in the four-
channel least-squares approach. These were two reference banks of filters that gave a
worst and best case result, and two sets of filter banks under investigation that used
the enhanced analytical model. The full details of each filter bank are outlined below.

Filter bank type 1: Reference filters

(a) Best-case filters. These were built with the real-world measurement data
taken at each freestanding receiver for the best possible result with the four-
channel least-squares approach, as outlined and tested in Chapter 4. This was
the target for the enhanced analytical model. Throughout this section, the fil-
ters designed in this way are referred to and denoted as 4C and plotted as
( ).

(b) Worst-case filters. These were built using a non-enhanced analytical model, as
outlined in Section 5.1, with the RT60 used to calculate the damping and with
the dimensions and locations all known. The non-enhanced analytical model
was used to create the transfer functions at four out of the five freestanding
receiver locations. These locations were those of receivers r1, r2, r4 and r5,
which were then combined with the real-world acoustic measurements at r3

to create the filter. If the enhanced analytical model could not improve on this
non-enhanced analytical model, there would be no reason to use the enhanced
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analytical model. Throughout this section, the filters designed in this way are
referred to and denoted as 4CRT60 and plotted as ( ).

Filter bank type 2: Enhanced analytical model filters

(a) Four-point filters. Here the enhanced analytical model was used to create the
transfer functions at four out of the five freestanding receiver locations. These
were receivers r1, r2, r4 and r5, which were then combined with the real-world
acoustic measurement at r3 to create the filter. This approach represented the
end-user taking an acoustic measurement at one point to define the centre of
the listening area (tested up to approximately 4 m2). Throughout this section,
the filters designed in this way are referred to and denoted as 4C4MT60+ and
plotted as ( ).

(b) Five-point filters.The enhanced analytical model was used to create the trans-
fer functions for all five freestanding receivers and thereby build the filter. This
represents a system that can track the end-user and automatically puts them
in the centre of the listening area (tested up to approximately 4 m2), without
any need for the end-user to take any acoustic measurements. Throughout
this section, the filters designed in this way are referred to and denoted as
4C5MT60+ and plotted as ( ) or ( ).

The process used to build the filters employs the steps outlined in Section 4.3, with the
following adjustments:

1. The transfer functions from each source to all possible receivers were measured.

2. Following the above measurement of the transfer functions, they were processed
to create the filters for the four-channel approach, either by using the transfer
functions to the freestanding receivers to create the target 4C filters (for Filter
bank type 1:a) or by using the transfer functions to the built-in receivers to cal-
culate the RT60 for the 4CRT60 filters (for Filter bank type 1:b) and create the en-
hanced analytical model.

3. The enhanced analytical model transfer functions were then calculated and used
to create the 4C4MT60+ filters (for Filter bank type 2:a) or combined with the data
from the freestanding receiver r3 to create the 4C5MT60+ filters (for Filter bank
type 2:b).

4. The four banks of filters were applied individually to the source signal and a new
set of measurements was taken at the five freestanding receivers, as explained
below.

In each case, both plane and spherical wave targets, as defined in Section 4.2, were
used.
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All studies followed these steps:

Step 1 − Measure the individual sources-to-receiver transfer functions. A swept
sine-wave from 10 to 400 Hz was used to measure the signal from each
loudspeaker to each measurement point. These measurements were then
convolved with the inverse of the swept sine to create an impulse response.

Step 2 − Create the target. As discussed, both plane- and spherical-wave targets
were used, and the required target was created in the band-limited region
of 10−200 Hz.

Step 3 − Calculate the filter banks. As outlined earlier in this section, four sets
of different filter banks were created using the four-channel approach out-
lined in Equation 4.10. These were the best-case filter banks using the real-
world measurement data taken at each freestanding receiver, and three fil-
ter banks using modelled data (as described).

Step 4 − Each bank of filters were applied to the sine sweep to create four sets of
four uniquely filtered sine sweeps, where each sweep within a set of four
is assigned to a single source.

Step 5 − New measurements were taken at the five freestanding receivers using
each set of filtered sine sweeps to obtain real-world results. Each measure-
ment was obtained by simultaneously playing a single set of filtered sine
sweeps through their assigned sources.

5.5.1 Results

This section provides the results from the studies in the three rooms. Figure 5.16 shows
both the ε̄ and the SA for all methods over the listening area for a frequency range of 20
to 100 Hz and with a plane-wave target in the rooms SRO1, SRO2 and SRO3. Figure 5.17
shows the same data as Figure 5.16 but with a spherical-wave target. Table 5.9 gives
the ε̄, |RMS∆| and the MSV from the target. As in Section 4.3.2, the frequency data in
the tables were analysed from 30 to 100 Hz.

Plots 5.16a, 5.16c and 5.16e, show the ε̄ in the rooms SRO1, SRO2 and SRO3, respec-
tively. The first point of note is that the 4CRT60 filters show a poor level of effectiveness
across the frequency band. This lack of control is seen in Plots 5.16b, 5.16d and 5.16f, as
well as in all the plots in Figure 5.17. For all the data in Tables 5.9, the 4CRT60 method
performed less effectively than all the other methods; in some instances, the data are
even worse than the raw signal. From this, it can be seen that the non-enhanced ana-
lytical model, when the dimensions and locations are all known and the RT60 is used
to calculate the damping, is not good enough to build a filter for use in the real world.
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A comparison of the 4C4MT60+ filters with the 5C4MT60+ filters shows an almost-identical
level of effectiveness in Plots 5.16a, 5.16c and 5.16e. In Plots 5.16a and 5.16e, the largest
deviation between the two methods is around 80 Hz and approximately 2 dB in size.
In Plot 5.16c, the largest deviation between the two methods is around 85 Hz, approxi-
mately 6 dB in size. This shows that the enhanced analytical model can provide a con-
stant result, whether it is given the real-world acoustic measurement at r3 or just the
location of r3. In Plots 5.16a, 5.16c and 5.16e, the 4C4MT60+ filters, the 5C4MT60+ filters
and the 4C filters all show a drop in effectiveness at around 60 Hz. In each room, this
coincides with the approximate wavelength of the (0, 0, 1) mode in each room. Around
60 Hz, in Plots 5.16b and 5.16d, it can clearly be seen that the RS jumps from a trough
to a peak. The 4C4MT60+ filters, the 5C4MT60+ filters and the 4C filters all show a good
match with the target. However, Plot 5.16f is different; that is, there is a smaller trough
in the 4C line, just below the approximate frequency of the (0, 0, 1) mode, where the
4C4MT60+ filters, the 5C4MT60+ filters and the 4C filters do not match with the target. As
in Section 4.3.2, this issue seen in Figure 5.16f will be due to the phase of the filtered
signal. This raises questions as to whether, at frequencies this low, human hearing
can perceive the direction of audio propagation and whether the audio would sound
disjointed across the frequency band. It is commonly understood that humans have
trouble locating sound sources below 200 Hz (Blauert (1996)), but this would need to
be assessed through listening tests outside the remit of this thesis.

Next, the 4C4MT60+ and 4C5MT60+ filters are compared with the 4C filters. In Plot 5.16a,
the 4C4MT60+ and 4C5MT60+ filters track the 4C filters almost identically, with small
differences of 2 dB or less at 55 Hz to 63 Hz, and a difference of 6 dB at 85 Hz. In
Plot 5.16a, the 4C4MT60+ and 4C5MT60+ filters track the 4C filters within a difference of 2
dB at 40 to 60 Hz. At 65 Hz, there is a maximum 13 dB difference, which continues up
to 75 Hz; this is related to the phase issue that creates the drop in effectiveness around
60 Hz. There is about an 8 dB difference at 82 Hz. Plot 5.16e also shows that there is
a large section of the frequency band at which the 4C4MT60+ and 4C5MT60+ filters are
within 1 dB of the 4C, although both diverge from the 4C filters above 75 Hz.

In Plots 5.16b, 5.16d and 5.16f, it is hard, in many places, to separate the 4C4MT60+ and
4C5MT60+ filters from either 4C or the target, confirming the effectivity of the enhanced
analytical model. When the 4C4MT60+, 4C5MT60+ and 4C filters do diverge, they are still
within 1 dB of each other and the target in Plots 5.16b and 5.16d. In Plot 5.16f, there
is the previously discussed trough just below 60 Hz; additionally, while the 4C4MT60+,
4C5MT60+ and 4C filters diverge above 80 Hz, they are still within 2 dB of each other.

The plots in Figure 5.17 show that, when the target was changed to a spherical wave,
the results were very close to those seen in Figure 5.16. Again, there is very little dif-
ference in effectiveness between the 4C4MT60+ filters and 4C5MT60+ filters, nor between
the 4C4MT60+ and 4C5MT60+ filters and the 4C filters.
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(a) Room SRO1: ε (b) Room SRO1: SA

(c) Room SRO2: ε (d) Room SRO2: SA

(e) Room SRO3: ε (f) Room SRO3: SA

FIGURE 5.16: Comparing both ε̄ and SA for all methods with a plane wave target in
rooms SRO1, SRO2 and SRO3 with the raw signal ( RS), target ( ), 4CRT60 ( ), 4C

( ), 4C4MT60+ ( ), 4C5MT60+ ( ) in the ε̄ plots or ( ) in SA plots .

In Plot 5.17a, as in Plot 5.16a, the 4C4MT60+ and 4C5MT60+ filters track the 4C filters
within 2 dB above 40 Hz, except for in the 63 to 70 Hz range, where there is a maximum
10 dB difference, and in the 80 to 83 Hz range, where there is a maximum 6 dB differ-
ence. The 4C4MT60+ and 4C5MT60+ filters in Plot 5.17c are the closest to the 4C filters of
any plot: no worse than a 3 dB difference at any point. Again, Plot 5.17e matches what
can be seen in Plot 5.16e. There is very little difference between the 4C4MT60+, 4C5MT60+

and 4C filters in Plots 5.17b, 5.17d and 5.17f, with no more than a 3 dB difference (at
worst) across all plots.

Figures 5.16 and 5.17 are confirmed by the data in Table 5.9. First, when comparing
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(a) Room SRO1: ε (b) Room SRO1: SA

(c) Room SRO2: ε (d) Room SRO2: SA

(e) Room SRO3: ε (f) Room SRO3: SA

FIGURE 5.17: Comparing both ε̄ and SA for all methods with a spherical wave target
in rooms SRO1, SRO2 and SRO3 with the raw signal ( RS), target ( ), 4CRT60 ( ),

4C ( ), 4C4MT60+ ( ), with 4C5MT60+ ( ) in the ε̄ plots or ( ) in SA plots.

4C4MT60+ and 4C5MT60+, ε data across the full frequency shows a difference no greater
than 0.45 dB in any of the rooms or with either target. The room itself seemed to de-
termine whether the 4C4MT60+ or 4C5MT60+ filter would be more effective. In SRO1,
4C4MT60+ was more effective for both targets, whereas in SRO3, 4C5MT60+ was more
effective for both targets. However, in SRO2, 4C4MT60+ was more effective with the
spherical-wave target, and 4C5MT60+ was more effective with the plane-wave target.
Comparing both the 4C4MT60+ and 4C5MT60+ filters with the 4C filter in ε, the data across
the full frequency shows a difference of no greater than 4.24 dB in room SRO3 with the
spherical-wave target. The MSV over the full frequency band also shows very little
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TABLE 5.9: Frequency banded mean error [dB], RMS [dB] and MSV [dB] over the fixed
listening area with both targets.

T a
rg

et

La
yo

ut

M
et

ho
d

30 Hz > f ≥ 100 Hz 30 Hz > f ≥ 40 Hz 40 Hz > f ≥ 70 Hz 70 Hz > f ≥ 100 Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

Pl
an

e
W
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e

SR
O

1

RS 0.00 2.35 36.80 0.00 11.63 40.86 0.00 2.71 51.74 0.00 0.63 31.08

4C -21.43 0.05 0.25 -39.99 0.00 0.06 -20.53 0.06 0.21 -19.87 0.04 0.41

4CRT60 -1.24 2.51 17.63 -3.80 8.28 15.21 0.48 3.13 8.99 -2.24 1.13 27.92

4C4MT60+ -18.62 0.11 0.65 -38.06 0.00 0.10 -16.04 0.16 1.27 -19.35 0.08 0.41

4C5MT60+ -18.33 0.10 0.66 -37.88 0.01 0.11 -15.92 0.15 1.28 -18.70 0.07 0.41

SR
O

2

RS 0.00 6.24 22.92 0.00 7.44 74.00 0.00 5.53 20.17 0.00 6.27 9.13

4C -14.15 0.19 1.26 -38.67 0.01 0.03 -15.95 0.24 1.69 -11.13 0.17 1.67

4CRT60 -1.43 0.78 20.22 -12.83 2.63 12.18 -1.41 0.61 35.25 0.71 1.88 12.74

4C4MT60+ -15.06 0.18 1.10 -39.00 0.02 0.03 -15.86 0.10 1.83 -11.41 0.24 1.10

4C5MT60+ -14.18 0.18 1.22 -39.07 0.02 0.03 -15.01 0.12 1.74 -11.52 0.22 1.50

SR
O

3

RS 0.00 13.11 38.83 0.00 11.96 43.26 0.00 12.27 28.59 0.00 17.99 40.15

4C -13.53 0.37 3.91 -27.71 0.01 0.09 -10.65 0.43 7.75 -14.99 0.35 2.65

4CRT60 13.16 12.34 30.24 -6.47 0.63 33.80 17.40 16.47 31.53 -5.96 2.90 35.54

4C4MT60+ -11.73 0.34 4.49 -27.75 0.01 0.09 -10.15 0.06 6.36 -10.85 0.61 5.59

4C5MT60+ -11.74 0.39 4.31 -26.99 0.00 0.11 -10.41 0.11 5.65 -10.60 0.71 5.81

Sp
hi

er
ic

al
W

av
e

SR
O

1

RS 0.00 5.17 32.59 0.00 14.45 36.65 0.00 5.53 47.53 0.00 2.19 26.88

4C -24.21 0.02 0.63 -47.98 0.00 0.13 -22.27 0.04 0.58 -23.77 0.02 1.01

4CRT60 4.03 5.07 18.46 -6.65 8.87 14.89 1.45 3.46 6.88 7.17 5.53 32.23

4C4MT60+ -22.21 0.10 0.81 -44.65 0.02 0.43 -20.30 0.04 0.68 -21.74 0.15 1.21

4C5MT60+ -21.95 0.12 0.82 -44.50 0.02 0.44 -20.30 0.04 0.69 -21.14 0.17 1.23

SR
O

2

RS 0.00 9.54 16.24 0.00 10.74 67.31 0.00 8.82 13.48 0.00 9.57 2.44

4C -15.69 0.14 1.83 -38.88 0.00 0.45 -19.54 0.13 1.24 -12.37 0.16 3.37

4CRT60 -4.57 0.03 15.06 -15.69 1.66 27.43 -1.06 0.21 24.12 -8.50 0.26 6.67

4C4MT60+ -14.83 0.07 2.07 -38.10 0.01 0.39 -18.62 0.04 1.08 -11.14 0.10 4.21

4C5MT60+ -14.38 0.04 2.25 -38.30 0.01 0.38 -17.49 0.03 1.33 -10.99 0.06 4.45

SR
O

3

RS 0.00 10.60 34.60 0.00 9.45 39.04 0.00 9.76 24.37 0.00 15.48 35.93

4C -13.35 0.34 1.77 -22.73 0.05 1.02 -11.41 0.38 5.30 -15.18 0.34 0.00

4CRT60 17.92 15.00 19.53 0.02 2.31 20.39 22.16 19.12 36.48 -6.77 0.20 4.80

4C4MT60+ -9.11 0.30 2.32 -22.57 0.09 1.03 -10.60 0.34 4.79 -6.22 0.69 1.98

4C5MT60+ -9.27 0.24 1.96 -22.42 0.09 1.02 -10.12 0.50 4.04 -6.26 0.68 1.76

difference between the 4C4MT60+ filters and the 4C5MT60+ filters: no more than a 0.36
dB delta, and the highest of all the MSV of 6.36 dB, well below the 15 dB, which Welti
(2012) set as a benchmark for the best-performing systems.

Looking at the |RMS∆| over the full frequency, there are a couple of places where the
4C4MT60+ and 4C5MT60+ filters outperform the 4C filters; for example, in room SRO3
with the spherical-wave target. This was unexpected. However, as the level difference
is only 0.1 dB, it would be wrong to conclude too much from this, as it may have been
due to a temperature change between measurements or a small change in the source or
receiver location. It is also highly unlikely that the measurements are precise enough
to offer a 0.1 dB accuracy. The acoustic measurement may have given undue weight to
an issue in the environment when building the 4C filters. Regularisation needs to be
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improved for compensation; the enhanced analytical models automatically compensate
for this, as they do not rely on local measurements in the area being controlled. In
this thesis, it was more important that the 4C4MT60+ and 4C5MT60+ filters showed a
comparable level of effectiveness when compared to the 4C filters.

5.6 Chapter review

This chapter has described the creation and testing of an enhanced analytical model
that can replace the requirement for end-user effort in terms of taking acoustic mea-
surements for a room compensation system. The model is based on the use of real-
world data from a specific test environment to improve the accuracy with which the
Green’s function can predict the transfer functions for any chosen location. The chap-
ter provides the following:

1. A study that estimates or compensates for the damping coefficients to under-
stand the best method of accounting for specific environmentally damping in-
formation from a real-world enclosure, for use with the Green’s function. It
was found, when comparing the results with real-world data, that combining
the MT60 method of estimating damping with the introduced matrix method for
room compensation provided the best results.

2. The introduction and testing of a method for determining the dimensions of a
cuboid room from real-world acoustic measurements taken within the room. This
was shown to be effective with real-world data.

3. The introduction and testing of a method for determining the source and receiver
locations within a cuboid room from real-world acoustic measurements taken
within the room. This was also shown to be effective with real-world data.

This chapter has shown that the enhanced analytical model can accurately predict real-
world measurements within a cuboid enclosure by analysing real-world measurements
between a set of sources and receivers (where all receivers but one receiver are inte-
grated into the sources). Furthermore, the accuracy of the predictions is such that,
when used to create filters needed for the four-channel least-squares approach to room
acoustic compensation, the control is of a comparable level to when real-world mea-
surements are used to create these filters.

For the home listening environment, this means that a system needs very little or no
end-user effort to achieve an effective level of acoustic control over the listening area.
Once the source is in place, the system sets itself up through automated measurements
between the sources and the built-in receivers. The only other needed data point is the
end user’s location to denote the centre of the listening zone, which has been tested up
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to a size of approximately 4 m2. This measurement can involve the end user (acoustic,
manual entry, Bluetooth beacon, etc.) or not (if a visual sensor is built into the system).
This system has only been shown to be effective within a cuboid enclosure and in a lim-
ited number of user cases. Any systems to market would need further study; however,
this thesis establishes a strong base upon which to build.

Several assumptions have been made in this chapter which may create limitations for
this work. Firstly the room under study must be cuboid. Further work would be
needed to understand how well the processes outlined would transfer to a non-cuboid
room. In addition, the current method for determining the dimensions searches for
three distinct values, raising the question of how it would handle a situation where
two or all of these dimensions were equal. Preliminary testing has taken place of
a potential amendment to the algorithm which handles this case. However, further
testing is needed. It is also assumed that the sources with built-in receivers are dis-
tributed around the enclosure and not co-located. The Green’s function assumes a
lightly damped enclosure, therefore, the enhanced analytical model assumes the same.
Further work would be required to understand how the processes would work in more
heavily damped spaces. However, as discussed in Chapter 2, as the damping increases
in the space, the level of the resonances decrease, meaning the environment may no
longer require additional acoustic control to improve the perceived audio experience.
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Chapter 6

Conclusions and future work

This chapter summarises the conclusions drawn from the key findings of this thesis
and discusses areas for potential further work.

6.1 Conclusions

The acoustic environment in home-listening rooms determines the audio experience
perceived by the listener. The perceived audio experience relies on two main elements.
The first is the environment’s physical characteristics, which define the modal reso-
nances and reverberation time, and the second is the location of the loudspeakers and
listener, determining precisely how the physical characteristics will affect the audio
experience. The perfect listening experience may be achieved by carefully combining
these two components. However, this is unachievable for most people, as their lis-
tening environment is a multi-purpose space, meaning these components are typically
compromised for ease of living, resulting in a non-ideal audio experience. This thesis
has focused on low-frequency audio in cuboid rooms, investigating applying a least-
squares approach to creating audio filters that can correct a non-ideal acoustic environ-
ment. This approach requires knowledge of the listening environment, which requires
end-user effort in setting up the system in the real world. The research investigated
methods by which the system can automatically understand the acoustic environment
to build an enhanced analytical model specific to the environment under test to negate
the need for this end-user effort. It then investigated if the data from the model could be
used to create audio filters using the least-squares approach, which would offer a com-
parable improvement to a system set up manually. Although these areas are linked in
the final process, the main conclusions from each area are presented individually in the
following three sections of this chapter.
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6.1.1 A least-squares approach to acoustic control

The study identified a least-squares approach to designing the required filters for the
acoustic control as a potential solution to the issues caused by low-frequency reso-
nances on perceived audio experience over a fixed listening area in a non-ideal listening
environment. This thesis has investigated the viability of such a least-squares approach
through numerical simulations and real-world experiments in a cuboid listening room.
Previous research has shown that the plane-wave cancellation method offers a high
level of control over resonances while also delivering a good level of subjective audio
improvement. Therefore, the plane-wave cancellation method was used as a reference
for the target level of resonance control.

Although highly effective, the plane-wave cancellation method is constrained by two
conditions: the environment’s dimensions and the placement of the loudspeakers within
the environment. In many home-listening environments, it would be unrealistic to con-
sider optimum conditions achievable. Therefore, the effect of suboptimal conditions
has been investigated through numerical simulations. It has been concluded that the
reduced effectiveness of the plane-wave cancellation method (under suboptimal condi-
tions) provides adequate justification for further study into the least-squares approach.

The plane-wave cancellation method has been extensively compared with the least-
squares approach for controlling room acoustics using numerical simulations. It has
been concluded that when a cuboid room has the optimum conditions for adopting
the plane-wave cancellation method, it is always more effective to use a four-, three-
or two-channel (rear) least-squares approach when aiming to control a fixed listening
area. The four-channel least-squares approach performed significantly better than the
plane-wave cancellation method in all test situations, including when controlling the
acoustics of the whole room. Therefore, the study concludes that any four-source setup
acoustic control system should use the four-channel least-squares approach rather than
the plane-wave cancellation method.

6.1.2 Automatic understanding of the acoustic environment

The Green’s function has been used extensively in previous research as an analytical
model for creating audio transfer functions in enclosed acoustic environments. This
thesis has investigated the accuracy of the use of this model in cuboid rooms when all
coefficients are known. It can be concluded that the Green’s function can give an ac-
curate approximation of real-world acoustic transfer functions in the frequency range
of interest (low frequency). With this knowledge, this thesis investigated methods for
extracting the coefficients required by Green’s function from the analysis of real-world
measurements. There are four coefficients in Green’s function, based on the real-world
physical properties of the modelled environments. These are: the dimensions of the
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enclosure, the location of the source, the location of the receiver, and the damping coef-
ficients of the enclosure’s surfaces. Previous research has required all four of these to be
measured manually and the data entered into the model. The first three physical prop-
erties can be measured in any room. The accuracy of the measurements depends on
the time and effort the user is willing to take over the process and is, of course, open to
user error. The fourth physical property, damping, can only be known for an enclosed
space specifically designed to achieve a target level of damping. As this rarely applies
in home-listening environments, this thesis focused on estimating damping.

The thesis has proposed a method for extracting the room dimensions of a cuboid envi-
ronment from a frequency analysis of real-world acoustic measurements. This method
groups modal resonances from multiple acoustic measurements taken within the room
and shows that by mathematically analysing the frequency distribution of the reso-
nances, the room’s dimensions can be obtained with high accuracy. Therefore, it has
been concluded that it is possible to establish the dimensions of a cuboid enclosed space
from real-world acoustic measurements. The accuracy of the method depends on the
number of acoustic measurements taken. However, in a multi-channel system with the
receiver built into the sources, it has been shown that once there are four sources, the
estimation can be accurate to within 2 cm of the physical measurements.

With the room dimensions estimation method shown to be effective, a proposed method
for extracting source and receiver locations within a cuboid environment from the fre-
quency analysis of real-world measurements has been developed. The method anal-
yses the relative resonance levels within real-world measurements and groups these
measurements by either a shared source location or a shared receiver location. The
mathematical analysis of these relative levels results in a trigonometric solution from
which the location can be estimated. Again, this method achieves a significant accu-
racy in the source and receiver locations. However, it raises the question of where the
acoustic centre of the source is and how this compares to the geometrical measurement.
There is an argument that estimating the locations from acoustic measurements is likely
closer to the source’s actual acoustic centre than when estimated from a manually ge-
ometrical measurement. The thesis’s results support this. The model, which uses the
previously outlined methods for estimating the source and receiver locations, shows
an excellent result compared to real-world measurements. In conclusion, it has been
shown that it is possible to extract the source and receiver locations within a cuboid
enclosed space from real-world acoustic measurements.

Having shown it is possible to estimate the first three physical properties (the dimen-
sions of the enclosure and the locations of the source and receiver), a more significant
issue is estimating the room’s damping. In a non-purpose-built environment, damping
can only be estimated from loco measurements. Therefore, the thesis has compared
three methods for estimating damping and introduced two compensation methods to
create a modelled transfer function as close to the real-world measurement as possible.
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As a reference, the RT60 method for damping estimation was used because this is the
simplest and most straightforward way to understand an environment’s acoustic pro-
file over time. Following an extensive comparison between methods, this research has
concluded that the closest results to the real-world data resulted from a combination of
an estimation method, analysing of the individual modal resonances within the real-
world measurements, multiple group measurements by mode number, and averages
of their results to estimate damping coefficients for each mode, with a compensation
method that groups all available measurement data to build a filter though the least-
squares method.

6.1.3 A least-squares approach to acoustic control using modelled transfer
functions

The work in the previous section on estimating the physical properties of a cuboid
environment is a unique contribution to this thesis. However, the estimation of dimen-
sions, damping, and source and receiver locations, can be used to build an enhanced
analytical model that can create pseudo-real-world measurements in locations where
no real-world measurements are available. This is, again, unique. These pseudo-real-
world measurements are accurate enough to adequately control room acoustics in a
fixed-shape listening area when used with the four-channel least-squares approach. It
has been shown in three listening rooms that through either the combination of pseudo-
real-world measurements with a single real-world measurement point at the centre of
the listening zone or only the pseudo-real-world measurements (with a non-acoustic
measurement method used to specify the centre of the listening zone), the four-channel
least-squares approach can create filters that provide a level of effective control of the
acoustic field. This is not only an improvement on the unfiltered sound field but is
comparable to a system that has only used real-world measurement data. Therefore,
a multi-channel audio system can be created that understands and predicts the sound
field in a listening environment from a small set of acoustic measurement points. The
system then compensates for audio quality issues at low frequencies produced in the
listening area due to sub-optimum loudspeaker placements and environmental acous-
tic anomalies, whereby the centre of the listening area is denoted by either an acoustic
measurement or known by some other method

6.2 Future work

Apart from continuing to improve the methods in Chapter 5 to investigate if the accu-
racy of the methods used in this study can be enhanced when using real-world data.
The following are two suggested areas on which further work could focus.
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6.2.1 Non-cuboid rooms

The methods used in this thesis have assumed cuboid listening rooms when estimat-
ing the physical properties of the environment and then used an enhanced analytical
model to create pseudo-real-world measurements. To move into the home-listening
environment, a large study must be undertaken to examine whether an enhanced ana-
lytical model can work in non-cuboid environments. Such a study could be split into
two areas of investigation. First, how well does the current system work in an environ-
ment that is close to cuboid and at what point does it stop being effective? Second, can
the method be transferred from a cuboid Green’s function to a Green’s function using
arbitrary geometries?

6.2.2 Listening tests

This thesis has shown that the four-channel least-squares approach outperforms the
plane-wave cancellation method when controlling modal resonances. However, the
plane-wave cancellation method has been demonstrated in previous studies to deliver
a good level of subjective audio improvement. This study focused on the objective
metrics to show the total amount of control possible when the least-squares approach
is used to design the control filters. It has previously been theorised that trying to
tune the system subjectively could reduce possible control levels. Therefore, the tuning
process has been left outside the remit of this thesis.
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Appendix A

Multiple room layouts study

This appendix holds the information for the studies and results that are summarised
in Section 4.4. Further information on the studied layouts and a detailed analysis of
the data are provided. Every attempt had been made to limit repetition between this
appendix and Section 4.4 to a minimum, the majority of which will be found in the
description of the studies.

Several studies were carried out in order to gain a better understanding of the limita-
tions and effectiveness of the four methods of control, these are the

• two-channel (rear) least-squares approach

• three-channel least-squares approach

• four-channel least-squares approach

• plane wave cancellation method.

Due to the amount of pre-existing work and poor performance of the two-channel
(front) control approach in Section 4.2, it was removed from the testing. However,
the plane wave cancellation method was still included as a benchmark.

A.1 Study setup

In this work, one room was used in two orientations, as given in Table A.1. These were
called the long thin room (LT) and the short wide room (SW).

For all studies, the analytical model was the same as in Section 4.2, which used Green’s
function to create transfer functions where ζn = 11.052

ωn
. The filters were created as out-

lined in Section 4.1, with both plane and spherical wave target sound fields used.
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TABLE A.1: Room orientation.

Name l1 l2 l3

Long Thin Room (LTR) 8 m 4.93 m 2.96 m

Short Wide Room (SWR) 4.93 m 8 m 2.96 m

In total, there were five layouts studied in this work, which were

1. a layout ideal for the plane wave control method, denoted as layout C

2. a layout where s1 and s2 are moved into a stereo placement, denoted as layout S

3. a layout where s1 and s2 are offset, denoted as layout O

4. a layout with dual listening areas, denoted as layout D

5. a layout with triple listening areas, denoted as layout T

A.2 Long thin room

The long thin room’s dimensions are outlined in Table A.1, and for all studies, the
receiver locations are given in Table 3.6. Three source configurations were studied, the
locations of which are provided in Table A.2. As shown in the graphical representation
in Figure A.1, they all focused on moving the front two sources, s1 and s2. These layouts
were

Layout 1: LTC (Plot A.1a) – ideal for the plane wave control method up to 69.6 Hz, as
calculated using (3.7).

Layout 2: LTS (Plot A.1b) – s1 and s2 were moved into a stereo placement.

Layout 3: LTO (Plot A.1c) – s1 and s2 were offset.

TABLE A.2: Source locations of the long thin room layouts in the test.

Source Location (x̃ m, ỹ m, z̃ m)

s1 s2 s3 s4

LTC (0.0, 1.23, 1.48) (0.0, 3.70, 1.48) (8.00, 1.23, 1.48) (8.00, 3.70, 1.48)

LTS (2.0, 1.30, 1.48) (2.0, 3.63, 1.48) (8.00, 1.23, 1.48) (8.00, 3.70, 1.48)

LTO (0.0, 2.465, 1.48) (0.0, 4.93, 1.48) (8.00, 1.23, 1.48) (8.00, 3.70, 1.48)
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(a) LTC layout. (b) LTS layout. (c) LTO layout.

FIGURE A.1: Graphical representations of the long thin room layouts in the test.

Each of the studies in this section generated a large amount of data. Therefore, tables
like A.3 compare the band-limited ε̄, |RMS∆| from the target, and MSV data for the set
of layouts under test with both plane and spherical wave target sound fields.

To help analyse the data, a new format of graph was introduced, the first example
of which can be seen in Figure A.2. These plots provided an easy way to view and
compare each control method, with the layout of each set of band-limited data for the
matrix under review in one plot. As with the tabled data, the same four frequency
bands were given, reading from left to right. These were used to compare the relevant
metrics, with the aim to keep wordy analysis to a minimum.

FIGURE A.2: Band-limited ε̄ [dB] over the fixed listening area for the LTC, LTS and
LTO layouts, with the plane wave target sound field; showing the raw signal ( RS),
the plane wave cancellation method ( PWC), two-channel (rear) approach ( 2CR),

three-channel approach ( 3C) and four-channel approach ( 4C).
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TABLE A.3: Band-limited ε̄ [dB], RMS [dB] and MSV over a fixed listening area for
the LTO, LTS and LTC layouts with both plane and spherical wave target sound fields

used.

T a
rg

et

La
yo

ut

M
et

ho
d

10Hz > f ≥ 100Hz 10Hz > f ≥ 40Hz 40Hz > f ≥ 70Hz 70Hz > f ≥ 100Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

Pl
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e

L T
C

RS 0.00 1.75 46.17 0.00 2.14 23.93 0.00 2.67 47.72 0.00 2.72 67.00

PWC -12.24 0.00 5.85 -9.80 1.73 2.73 -15.13 1.21 7.85 -13.62 1.26 6.99

2CR -17.45 0.93 1.78 -19.77 0.13 0.82 -19.74 1.36 0.84 -14.83 1.43 3.69

3C -20.33 0.26 1.26 -26.67 0.10 0.17 -24.65 0.28 0.44 -16.53 0.40 3.17

4C -21.32 0.08 1.03 -33.60 0.00 0.02 -28.69 0.02 0.25 -16.91 0.23 2.81

LT
S

RS 0.00 3.37 64.28 0.00 2.28 16.07 0.00 2.36 25.24 0.00 4.93 151.74

PWC 5.53 6.24 23.51 -3.77 1.94 5.57 7.53 8.02 12.66 6.66 7.52 52.37

2CR 1.60 1.28 7.98 -8.42 1.64 4.13 1.92 3.12 3.57 4.23 0.26 16.29

3C -4.56 0.77 13.38 -9.29 0.56 4.85 -5.16 1.16 13.08 -2.01 0.62 22.25

4C -12.30 0.45 4.99 -16.95 0.04 0.57 -15.06 0.51 1.46 -9.01 0.84 12.96

LT
O

RS 0.00 2.32 51.71 0.00 2.79 27.76 0.00 3.02 41.34 0.00 0.83 86.21

PWC -8.90 1.64 12.54 -7.14 2.41 6.88 -11.16 0.94 13.28 -9.34 1.04 17.49

2CR -15.10 0.68 4.48 -18.07 0.06 2.13 -15.94 1.05 2.48 -12.87 1.00 8.85

3C -15.46 0.72 4.20 -19.98 0.27 1.14 -16.05 0.93 2.46 -12.97 0.99 9.01

4C -17.03 0.28 3.27 -27.53 0.02 0.20 -19.62 0.18 1.52 -13.29 0.65 8.08

Sp
he

ri
ca

l W
av

e

L T
C

RS 0.00 1.75 46.17 0.00 2.14 23.93 0.00 2.67 47.72 0.00 2.72 67.00

PWC -8.59 0.00 4.32 -7.52 1.73 1.19 -11.22 1.21 6.32 -7.88 1.26 5.45

2CR -12.90 1.73 1.94 -16.37 1.14 -0.24 -15.46 2.01 0.48 -9.89 2.11 5.59

3C -16.74 2.38 1.26 -21.94 1.70 0.01 -17.56 2.55 0.47 -14.01 2.99 3.30

4C -21.07 1.79 0.45 -33.52 1.70 -0.06 -22.80 1.79 -0.50 -17.50 1.89 1.92

LT
S

RS 0.00 3.37 64.28 0.00 2.28 16.07 0.00 2.36 25.24 0.00 4.93 151.74

PWC 3.11 8.92 20.07 -2.30 0.74 2.13 5.91 10.70 9.22 2.18 10.20 48.93

2CR -5.44 0.00 18.45 -9.82 1.58 6.09 -2.56 2.11 28.58 -7.00 2.28 20.76

3C -9.10 1.17 8.94 -11.13 0.30 5.38 -6.89 2.08 7.99 -10.57 1.33 13.48

4C -15.93 0.49 4.56 -21.24 0.09 0.70 -18.39 0.66 0.36 -12.63 0.75 12.63

LT
O

RS 0.00 2.32 50.22 0.00 2.79 26.27 0.00 3.02 39.84 0.00 0.83 84.72

PWC -7.75 2.35 11.04 -6.09 1.20 5.38 -9.78 2.47 11.79 -8.17 3.17 15.99

2CR -14.04 0.71 3.41 -16.40 0.05 0.99 -15.41 1.09 0.96 -11.75 1.02 8.30

3C -15.39 0.18 3.55 -21.94 0.23 0.91 -16.73 0.67 1.18 -12.28 0.31 8.56

4C -17.59 0.34 2.75 -26.48 0.07 0.16 -19.98 0.25 0.73 -13.97 0.74 7.36

Figures A.2 and A.3 plot the band-limited ε̄ values from Table A.3 for the plane and
spherical wave target sound fields, respectively. Across all the data, it is clear that the
control methods followed the expectations laid out in the hypotheses in Section 4.1.2.3,
i.e. all least-squares approaches would outperform the plane wave cancellation method,
and the effectiveness of the least-squares approaches would be in direct correlation to
the number of degrees of freedom. All the least-squares approach plots in both figures
show that the effectiveness of each method decreased as the frequencies rose and also
that each method’s effectiveness was more susceptible to the front source moving away
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from the front wall than the source being moved along the front wall, as the LTO lay-
out outperformed the LTS layout in each plot. It is clear that for all methods, the LTC
layout was the most effective. It is interesting that with the four-channel approach, the
LTS layout gave a ε̄ of –12.30 dB, which was in line with the value from the real-world
study in Table 4.5 that took place in the room these studies were modelled on.

With the LTS layout, the two-channel (rear) approach crossed the raw signal reference
line when the target was a plane wave sound field, meaning the overall outcome of
this approach was worse than doing nothing to the signal. Across the whole frequency,
all of the least-squares approaches were more effective at achieving the spherical wave
target in Figure A.3 than the spherical wave target in Figure A.2, apart from when using
the LTC Layout.

FIGURE A.3: Band-limited ε̄ [dB] over the fixed listening area for the LTC, LTS and LTO
layouts with the spherical wave target sound field; showing the raw signal ( RS),
the plane wave cancellation method ( PWC), two-channel (rear) approach ( 2CR),

three-channel approach ( 3C) and four-channel approach ( 4C).

In Table A.3, the |RMS∆| data showed that, apart from when using the plane wave
cancellation method in the LTC setup analysing the entire frequency band (where the
error was zero) for the reasons already discussed in Chapter 3, the three-channel and
four-channel least-squares approaches showed an improvement on the plane wave
cancellation method. Furthermore, all least-squares approaches, except LTS with the
two-channel (rear) plane wave and the raw signal full frequency band, showed an im-
provement.Table A.3 shows that the MSV data for all methods of control are below the
acceptable threshold of 35 dB; also, it is clear that the four-channel approach consis-
tently gives MSV values that were always below the 15 dB threshold, denoting a good
system.

All the data in this set of studies agreed with the data already seen in Chapter 4, namely
that in order of effectiveness, the four-channel, three-channel and two-channel (rear)
approaches were more effective than the plane wave cancellation method. Although
the change in layout did change the effectiveness of the methods, nothing has arisen
so far to point to a limitation of the least-squares approach, especially when compared
with the plane wave cancellation method. Due to this fact, when considering four
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sources, the four-channel approach will always be the most effective least-squares op-
tion.

A.3 Short wide room

The reason for the short wide room was to understand how effective these systems
can be when l1 is not the largest dimension in the environment. The short wide room
dimensions are outlined in Table A.1, and for all studies, the receiver locations are
given in Table A.4. Again, three source configurations were studied, and the locations
are given in Table A.5. These are shown in the graphical representation in Figure A.4.
They all focused on moving the two front sources, s1 and s2. The layouts were

Layout 1: SWC (Plot A.4a) – ideal layout for plane wave control. However, the in-
creased distance between the sources should lower the maximum frequency
of a plane wave that can be created (as outlined in Section 3.1) to 42.9 Hz,
as calculated using (3.7).

Layout 2: SWS (Plot A.4b) – s1 and s2 are moved into a stereo placement.

Layout 3: SWO (Plot A.4c) – s1 and s2 are offset.

(a) SWC. (b) SWS. (c) SWO.

FIGURE A.4: Short wide room layouts.

In this section, Table A.6 shows the band-limited ε̄, |RMS∆| from the target, and MSV
data for the STO, STS and STC layouts with both plane and spherical wave target sound
fields for all methods in the test.



A.3. Short wide room 169

TABLE A.4: Short wide room receiver locations.

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

r1 (3.43, 3.00, 1.48) r4 (3.93, 3.00, 1.48) r7 (4.43, 3.00, 1.48)

r2 (3.43, 4.00, 1.48) r5 (3.93, 4.00, 1.48) r8 (4.43, 4.00, 1.48)

r3 (3.43, 5.00, 1.48) r6 (3.93, 5.00, 1.48) r9 (4.43, 5.00, 1.48)

TABLE A.5: Short wide room source locations.
La

yo
ut Source Location (x̃ m, ỹ m, z̃ m)

s1 s2 s3 s4

SWC (0.0, 2.0, 1.48) (0.0, 6.0, 1.48) (4.93, 2.0, 1.48) (4.93, 6.0, 1.48)

SWS (0.5, 1.25, 1.48) (0.5, 3.68, 1.48) (4.93, 2.0, 1.48) (4.93, 6.0, 1.48)

SWO (0.0, 2.4, 1.48) (0.0, 5.6, 1.48) (4.93, 2.0, 1.48) (4.93, 6.0, 1.48)

FIGURE A.5: Band-limited ε̄[dB] over the fixed listening area for the SWC, SWS and
SWO layouts, with plane wave target sound fields; with the raw signal ( RS), the
plane wave cancellation method ( PWC), two-channel (rear) approach ( 2CR),

three-channel approach ( 3C) and four-channel approach ( 4C).

FIGURE A.6: Band-limited ε̄ [dB] over the fixed listening area for the SWC, SWS and
SWO layouts, with spherical wave target sound fields; with the raw signal ( RS),
the plane wave cancellation method ( PWC), two-channel (rear) approach ( 2CR),

three-channel approach ( 3C) and four-channel approach ( 4C).

Figure A.5 and Figure A.6 plot the band-limited ε̄ values from Table A.6 for the plane
and spherical wave target sound fields, respectively. In these plots, it can be seen that
the four-channel approach was more effective at achieving the spherical wave target
over the full bandwidth. All methods showed a similar level of effectiveness for both
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TABLE A.6: Band-limited ε̄ [dB], RMS [dB], and MSV over a fixed listening area for the
SWO, SWS and SWC layouts with both plane and spherical wave target sound fields

used.

Ta
rg

et

La
yo

ut

M
et

ho
d

10Hz > f ≥ 100Hz 10Hz > f ≥ 40Hz 40Hz > f ≥ 70Hz 70Hz > f ≥ 100Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

Pl
an

e
W

av
e

SW
C

RS 0.00 3.88 41.66 0.00 4.33 0.51 0.00 1.18 35.14 0.00 5.20 89.46

PWC -6.28 1.42 12.75 -12.23 1.48 1.16 -7.84 4.19 6.68 -3.16 0.30 30.46

2CR -10.81 1.58 10.45 -21.05 0.38 0.68 -11.44 1.78 5.40 -7.70 2.99 25.32

3C -13.55 0.57 6.82 -32.22 0.02 0.07 -18.56 0.23 1.59 -9.28 1.65 18.82

4C -14.11 0.42 7.02 -33.25 0.01 0.05 -19.64 0.09 0.81 -9.78 1.29 16.24

SW
S

RS 0.00 3.09 29.89 0.00 4.14 -0.04 0.00 1.27 27.99 0.00 3.40 61.83

PWC -3.10 1.20 16.45 -11.13 2.25 2.16 -1.07 2.65 10.92 -2.12 0.55 36.32

2CR -9.48 1.71 9.42 -19.68 0.47 1.02 -9.59 1.71 3.41 -6.62 3.48 23.87

3C -12.02 0.69 6.99 -32.88 0.02 0.06 -12.70 0.51 2.93 -8.72 1.74 18.01

4C -13.34 0.38 6.41 -34.23 0.01 0.04 -13.49 0.21 1.36 -10.27 0.99 17.85

SW
O

RS 0.00 3.35 38.09 0.00 3.15 3.45 0.00 2.17 38.08 0.00 4.45 72.87

PWC -2.79 1.98 27.94 -10.63 2.04 10.41 -6.46 1.93 9.98 1.03 5.41 63.52

2CR -9.28 1.25 19.87 -19.60 0.47 0.99 -11.55 1.45 10.80 -5.63 1.97 47.89

3C -11.68 0.97 15.25 -27.66 0.05 0.27 -13.54 0.88 7.50 -8.01 2.27 38.04

4C -12.87 0.62 9.61 -29.67 0.02 0.21 -16.38 0.28 3.84 -8.83 1.76 24.80

Sp
he

ri
ca

lW
av

e

SW
C

RS 0.00 3.88 41.66 0.00 4.33 0.51 0.00 1.18 35.14 0.00 5.20 89.46

PWC -4.27 0.24 11.59 -9.43 8.86 -0.01 -4.30 2.73 5.52 -1.95 4.00 29.29

2CR -9.02 0.59 11.07 -17.44 0.77 1.25 -10.58 0.63 5.00 -5.67 0.36 27.01

3C -12.34 0.61 6.86 -27.34 0.26 -0.40 -16.92 0.13 3.08 -8.15 1.58 17.92

4C -16.46 0.25 2.70 -36.34 0.05 -0.04 -21.53 0.09 0.10 -12.17 0.64 8.06

SW
S

RS 0.00 3.09 29.89 0.00 4.14 -0.04 0.00 1.27 27.99 0.00 3.40 61.83

PWC -2.49 0.98 14.96 -12.00 8.49 0.67 -0.73 0.73 9.42 -1.06 4.44 34.83

2CR -10.75 0.70 11.16 -20.44 0.88 -0.30 -11.28 0.33 3.02 -7.71 0.90 30.79

3C -12.84 0.60 5.76 -27.04 0.31 -0.38 -13.85 0.16 1.26 -9.48 1.45 16.42

4C -15.54 0.25 2.35 -35.38 0.10 -0.02 -15.14 0.19 0.50 -12.77 0.48 6.57

SW
O

RS 0.00 3.35 38.09 0.00 3.15 3.45 0.00 2.17 38.08 0.00 4.45 72.87

PWC -2.49 4.41 27.07 -10.80 6.68 9.54 -6.81 0.35 9.11 1.47 8.44 62.64

2CR -9.55 0.58 18.82 -18.98 0.89 -0.31 -12.52 0.55 9.79 -5.78 0.34 47.05

3C -12.15 0.92 16.87 -27.25 0.20 0.14 -14.05 0.65 7.76 -8.49 2.16 42.76

4C -13.41 0.68 9.40 -29.46 0.16 0.13 -16.88 0.33 3.82 -9.39 1.71 24.27

targets in the range of 10−40 Hz. The plane wave method showed a similar level of ef-
fectiveness for both targets in all ranges. Both the two-channel (rear) and three-channel
approaches showed a drop in effectiveness between achieving the plane wave target
and spherical wave target in the SWC layout.

For the MSV data in Table A.6, almost all methods of control are below the acceptable
threshold of 35 dB. The exceptions are the plane wave cancellation method, the two-
channel(rear) and the three-channel in the SWO layout with both targets in the band
70−100 Hz, which are above 35 dB. Again from Table A.6, it is clear that, again, the
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four-channel approach consistently gave MSV values which were always below the 15
dB threshold, denoting a good system.

Comparing the ε̄ values in the full frequency band between Table A.6 and Table A.3,
the short wide room offered less effective control for the majority of methods. The
improvement in the SWS also meant the plane wave cancellation method in this stereo
layout offered effective control over the raw signal, whereas in LTS, the plane wave
cancellation method was worse than the raw signal. The rest of the data in Table A.6
followed the same pattern of being worse than the long thin room except for the stereo
layout where it is mixed.

All the data in this set of studies again agreed with the data already seen in the chapter,
namely that in order of effectiveness, the four-channel, three-channel and two-channel
(rear) approaches were more effective than the plane wave cancellation method. Al-
though the change in layout did change the effectiveness of the methods, and the
change in the room orientation clearly had a large effect, nothing has arisen from this
study to propose a limitation of the least-squares approach.

A.4 Short wide room zones

The dimensions of the short wide room allowed more listening areas. Previous studies
looked at the effectiveness of the control over a single listening area while changing
the front source locations. Here, the stereo layout was used, but the effect of the added
second and third listening areas was investigated. The locations of the sources are given
in Table A.5 as SWS, and the first listening zone receiver locations are given in Table A.4,
listening zone two in Table A.7 and listening zone three in Table A.8. Figure A.7 shows
a graphical representation of the two layouts in the test. These were compared with the
SWS data from the previous section.

Layout 1: SWD (Plot A.7a) – dual listening areas. This also shows the effectiveness
of an asymmetrical layout.

Layout 2: SWT (Plot A.7b) – triple listening areas.

TABLE A.7: Zone two receiver locations.

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

r10 (1.93, 0.50, 1.48) r13 (2.93, 0.50, 1.48) r16 (3.93, 0.50, 1.48)

r11 (1.93, 1.00, 1.48) r14 (2.93, 1.00, 1.48) r17 (3.93, 1.00, 1.48)

r12 (1.93, 1.50, 1.48) r15 (2.93, 1.50, 1.48) r18 (3.93, 1.50, 1.48)
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(a) SWD (b) SWT.

FIGURE A.7: Short wide room listening zone layouts.

TABLE A.8: Zone three receiver locations.

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

Receiver

No.

Receiver Location

(x m, y m, z m)

r19 (1.93, 6.50, 1.48) r22 (2.93, 6.50, 1.48) r25 (3.93, 6.50, 1.48)

r20 (1.93, 7.00, 1.48) r23 (2.93, 7.00, 1.48) r26 (3.93, 7.00, 1.48)

r21 (1.93, 7.50, 1.48) r24 (2.93, 7.50, 1.48) r27 (3.93, 7.50, 1.48)

In this section, Table A.9 shows the band-limited ε̄, |RMS∆| from the target, and MSV
data for the STO, STS and STC layouts with both plane and spherical wave target sound
fields for all methods in the test.

In Table A.9, there is a trend in the ε̄ values for the least-squares approaches. The effec-
tiveness dropped as the number of areas of control increased, whereas the effectiveness
of the plane wave cancellation method did not drop with more areas of control.

Figure A.8 and Figure A.9 plot the band-limited ε̄ values from Table A.9 for the plane
and spherical wave target sound fields, respectively. These plots clearly show the afore-
mentioned drop in the effectiveness of the least-squares approaches as the number of
areas of control increased. In all cases, the least-squares approaches were still more
effective than the plane wave cancellation method. As asserted, the four-channel ap-
proach should always be as good as or better than the plane wave cancellation method.
With more receiver points, the least-squares filter averaged for the whole environment,
meaning that local issues that may occur in a small number of measurements are less
likely to be addressed.
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TABLE A.9: Band-limited ε̄ [dB], RMS [dB] and MSV over a fixed listening area for the
SWS, SWD and SWT layouts with both plane and spherical wave target sound fields

used.
Ta

rg
et

La
yo

ut

M
et

ho
d

10Hz > f ≥ 100Hz 10Hz > f ≥ 40Hz 40Hz > f ≥ 70Hz 70Hz > f ≥ 100Hz

ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV ε̄ |RMS∆| MSV

Pl
an

e
W

av
e

SW
S

RS 0.00 3.09 29.89 0.00 4.14 -0.04 0.00 1.27 27.99 0.00 3.40 61.83

PWC -3.10 1.20 16.45 -11.13 2.25 2.16 -1.07 2.65 10.92 -2.12 0.55 36.32

2CR -9.48 1.71 9.42 -19.68 0.47 1.02 -9.59 1.71 3.41 -6.62 3.48 23.87

3C -12.02 0.69 6.99 -32.88 0.02 0.06 -12.70 0.51 2.93 -8.72 1.74 18.01

4C -13.34 0.38 6.41 -34.23 0.01 0.04 -13.49 0.21 1.36 -10.27 0.99 17.85

SW
D

RS 0.00 2.58 29.72 0.00 2.77 3.18 0.00 2.14 27.20 0.00 2.51 58.90

PWC -4.65 0.81 21.36 -12.37 1.16 4.58 -4.96 2.94 19.10 -1.85 0.84 40.46

2CR -8.03 1.77 13.13 -18.80 0.47 1.08 -8.08 2.11 9.66 -5.18 3.15 28.69

3C -9.14 1.63 12.39 -26.13 0.04 0.32 -9.21 2.02 10.01 -6.13 3.57 26.87

4C -11.30 0.69 8.41 -32.27 0.01 0.09 -14.41 0.27 3.12 -7.31 2.07 22.05

SW
T

RS 0.00 2.49 27.90 0.00 2.30 2.30 0.00 3.19 25.11 0.00 3.65 56.41

PWC -4.81 1.69 20.77 -12.90 0.85 4.14 -5.69 3.04 18.12 -1.73 3.93 40.12

2CR -7.11 1.87 13.41 -17.93 0.75 0.64 -6.68 1.91 14.73 -4.51 3.34 24.92

3C -7.91 1.68 15.08 -24.07 0.09 0.60 -7.68 1.78 18.43 -5.07 4.02 26.27

4C -8.48 1.31 14.04 -24.95 0.05 0.53 -8.46 1.14 12.53 -5.53 3.36 29.12

Sp
he

ri
ca

lW
av

e

SW
S

RS 0.00 3.09 29.89 0.00 4.14 -0.04 0.00 1.27 27.99 0.00 3.40 61.83

PWC -2.49 0.98 14.96 -12.00 8.49 0.67 -0.73 0.73 9.42 -1.06 4.44 34.83

2CR -10.75 0.70 11.16 -20.44 0.88 -0.30 -11.28 0.33 3.02 -7.71 0.90 30.79

3C -12.84 0.60 5.76 -27.04 0.31 -0.38 -13.85 0.16 1.26 -9.48 1.45 16.42

4C -15.54 0.25 2.35 -35.38 0.10 -0.02 -15.14 0.19 0.50 -12.77 0.48 6.57

SW
D

RS 0.00 2.58 29.72 0.00 2.77 3.18 0.00 2.14 27.20 0.00 2.51 58.90

PWC -2.93 2.22 15.61 -9.41 2.09 -1.16 -3.24 1.78 13.35 -0.26 3.87 34.71

2CR -8.66 0.62 11.15 -15.67 1.06 -1.20 -8.38 0.40 9.74 -6.25 2.00 24.96

3C -11.72 0.94 6.43 -21.86 0.41 -0.02 -11.33 1.24 0.35 -9.14 1.23 18.97

4C -12.22 1.19 5.20 -23.92 0.33 -1.13 -11.82 1.23 -0.71 -9.58 2.24 17.46

SW
T

RS 0.00 2.49 27.90 0.00 2.30 2.30 0.00 3.19 25.11 0.00 3.65 56.41

PWC -0.71 1.40 12.81 -4.34 3.86 -3.83 -0.33 2.70 10.16 0.99 3.11 32.16

2CR -4.79 1.53 18.86 -9.35 2.20 14.41 -3.08 1.95 14.20 -4.09 3.22 28.05

3C -8.91 0.96 15.46 -18.90 1.39 0.11 -7.75 1.02 14.10 -6.87 0.53 32.23

4C -9.38 1.21 14.14 -21.01 0.71 1.11 -7.97 1.61 12.01 -7.47 1.92 29.36

In Table A.9, the trend in ε̄ is repeated across all the data values, with the plane wave
cancellation method being constant (or improving), and for the least-squares approaches,
the effectiveness dropping as the number of zones increased. This raised the question
about how effective a least-squares approach would be across the whole room, and this
was investigated in Section 4.5.2.

The results are summarised in Section 4.4.
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FIGURE A.8: Band-limited ε̄ [dB] over the fixed listening area for the SWS, SWD and
SWT layouts with plane wave target sound fields; showing the raw signal ( RS),
the plane wave cancellation method ( PWC), two-channel (rear) approach ( 2CR),

three-channel approach ( 3C) and four-channel approach ( 4C).

FIGURE A.9: Band-limited ε̄ [dB] over the fixed listening area for the SWS, SWD and
SWT layouts with spherical wave target sound fields; showing the raw signal ( RS),
the plane wave cancellation method ( PWC), two-channel (rear) approach ( 2CR),

three-channel approach ( 3C) and four-channel approach ( 4C).
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Appendix B

Testing the source location:
Spherical wave target sound field

In this appendix, the study from Section 4.5.3 was re-run with the target sound field
over the listening areas as a spherical wave, as defined in Equation 4.35. The data
in each figure show two histograms for the spherical wave target when using all the
defined source locations for both the four-channel approach and the plane wave can-
cellation method. The minimum, maximum and average values for each set of data are
highlighted.

FIGURE B.1: Histograms of ε̄ for all defined source locations with a spherical wave
target sound field over the listening area, with the plane wave cancellation method

( PWC) and the four-channel approach ( 4C).

In Figure B.1, the two histograms show the ε̄ in the frequency band. The effectiveness of
the four-channel approach had a range of 9.18 dB from –15.67 to –6.49 dB with a mean
of –10.38 dB, whereas in Figure 4.33, the four-channel approach had a range of 10.27
dB from –16.37 to –6.1 dB with a mean of –9.7 dB. The performance of the four-channel
approach was relatively consistent with both targets. At its best, it was slightly more
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effective at achieving the plane wave target, but at its worst, it was slightly more ef-
fective at achieving the spherical wave target. On average, the four-channel approach
was 0.68 dB more effective at achieving the spherical wave target. Obversely, the plane
wave cancellation method was on average 0.61 dB less effective at achieving the spher-
ical wave target. Importantly, the four-channel approach was still no worse than the
raw signal at the 0 dB reference for any of the 3,000 possible source combinations, as it
always offered an average improvement of at least 6.49 dB.

FIGURE B.2: Histograms of |RMS∆| for all defined source locations with a spheri-
cal wave target sound field over the listening area, with the plane wave cancellation

method ( PWC) and the four-channel approach ( 4C).

In Figure B.2, the two histograms show the |RMS∆| from the target in the frequency
band. The four-channel approach outperformed the plane wave cancellation method,
with the lowest plane wave cancellation value at 2.21 dB, which was 0.44 dB better
than the worst four-channel approach value and 0.9 dB worse than the mean four-
channel approach value. For these data, the four-channel approach had a range of
2.13 dB from 0.52 to 2.65 dB with a mean of 1.31 dB, whereas in Figure 4.34, the four-
channel approach had a range of 2.22 dB from 0.4 to 2.62 dB with a mean of –1.18 dB.
The difference here was minimal, but it showed that for this measure, the four-channel
approach was very slightly more effective at achieving the plane wave target.

Figure B.3 shows the two histograms of the MSV from the target in the frequency band.
The majority of the data for the plane wave cancellation method had an MSV value
greater than the 35 dB threshold, which meant that the variation between the receivers
was too high for the system to have any acceptable value, as stated in Section 2.3. As
for the four-channel method, the inverse is true; the majority of the data is below the 35
dB threshold, and with a mean of 17.28 dB, most of the locations are, therefore, either
in the low quadrant of the acceptable range (≤ 20dB) or below the 15 dB threshold and
therefore denoted as good.
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FIGURE B.3: Histograms of MSV| for all defined source locations with a spherical
wave target sound field over the listening area, with the plane wave cancellation

method ( PWC) and the four-channel approach ( 4C).
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