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Reading Instructions

This report is divided into chapters numbered by the order in which they appear. Sections and
subsections are numbered following the same methodology, but subsubsections appear without
numbers.

Figures, tables, equations and code examples are numbered by the chapter they appear in as
well as the order. E.g. gure 5 in chapter 4 will be nhumbered as 4.5. Appendices are found in
the end of the report and will be numbered with letters, starting from A, which will be referred

to throughout the report.

The reference methodvVancouver is used throughout the report. A list of the references is found
at the end of the report, numbered and organized by the order they are used in the report.
References are indicated in the text with a number that matches the list in the back.

Relevant scripts can be found in a Dropbox folder using following link:
https://www.dropbox.com/sh/2ggo8jza86w5o07a/AADofgZZC18bWDROs5BN-afKa?dI=0

A demo of the system can be found by using following link:
https://www.youtube.com/channel/UCreJ9ZWh51PoUBAXMNNcXLQ?view _as=subscriber
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1 Introduction

Personal sound zones gives the ability for a listener to have their own audio zone without
physical isolation or the use of headphones [1], which would isolate the individuals and inhibit
social interaction. The usage of personal sound zones can be many. E.g. patients in a row
of hospital beds may be watching di erent television stations, museum exhibits may feature
associated audio tracks [2] or in a living room where a TV sound system (e.g. a soundbar) boost
the frequencies and audio level in a certain area where hearing impaired listeners are seated [3].
In the last example, the goal is to minimize the radiation in all other areas than the target zone,
so that the normal hearing perceive the audio without being disturbed [3]. A typical scenario
as the one described is illustrated in gure 1.1.

Figure 1.1: lllustration of a living room scenario with three sound zones.

The aim of the personal sound zones is to create an acoustically bright and an acoustically dark
zone, with minimum leakage between the two zones [4]. The bright zone refers to an area where
the sound should be reproduced with high acoustic energy, and the dark zones refers to an area
where the goal is to minimize the acoustic energy [1], this approach relies on superposition [5].
Superposition assumes a linear system and can be used to describe the total pressure in a point
as the sum of all the pressure contributions. If more listeners are in the same room and should
have their own zone, the bright zone for one person will be a dark zone for the other. If there are
Q sound zones, there will be one bright zones an@ 1 dark zones, for each listener, meaning
that all other zones than the bright zone will be referred as dark zones [1], this is illustrated in
gure 1.2.




1. Introduction Group 20gr1076

Figure 1.2: lllustration of the principle of superposition, with three di erent sound zones. In solution 1,
sound zone 2 and 3 are seen as dark zones, solution 2 are sound 1 and 3 seen as dark zones and solution
3, 1 and 2 are seen as dark zones.

Di erent Types of Sound Zones

As mentioned earlier there are di erent applications for sound zones. Where the absolutely
optimal setup for a personal sound zone would be to simulate the use of a headset, where you
can move around freely, listening to your own audio, with no leakage to the other zones but
without being insulated from the surroundings. This would have to be feasible for the entire
audio spectrum, with no limitations to spacing of the sound zones. However this is both very
complex, expensive and almost impossible to realize all of the features at once. In most cases
compromises of these features can be made to reduce the complexity and expense of a practical
solution, but still achieve a desired performance for speci c scenarios. An example of this is e.g.
a row of hospital beds, where it is preferred to work for the entire audio spectrum in order to
get the best listening experience. However, because the beds are stationary there is no desire for
the zones to be movable. Another application could be in a conference hall, e.g. used for global
politics, where di erent listeners might need to listen to the speakers in a di erent language.
As the audio signal in this scenario almost exclusively contains speech signals, the frequency
range can be reduced to only be within the range of speech. In this application, the listeners are
seated closer than in the hospital scenario meaning that a higher requirement for the preciseness
of the sound zone would be required in order to make up for the smaller spacing of the sound
zones. It is again not desired to be able to move the sound zones. Whereas in the living room
scenario the sound zones are in a much higher degree preferred to be movable, since it allows
for movement within the living room. However here the zones are not expected to be as close
as in the former mentioned conference hall scenario.

Di erent Methods for Creating Sound Zones

Sound zones can be made using an array of loudspeakers, but it should be noted that di erent
methods are more suitable for some frequency regions. In the mid-range frequencies, the
beamforming technique can be used. This technique uses the knowledge about constructive and
destructive interference, to direct a beam in a certain direction using an array of loudspeakers.
Due to the natural directivity of the loudspeakers at higher frequencies the beamforming
technique is not viable here, as overlap of the loudspeakers are required in order for it to
work e ciently. For these frequencies, simple pointing a loudspeaker in a certain direction
can often provide good results. Likewise there is a lower limitation of the frequencies viable
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in beamforming, which is that the array should be much larger than the wavelength [6],
meaning that for a setup at home the loudspeaker array would simple be too large in order
for beamforming to be a viable solution at the lowest frequencies. Here active sound control
can be used instead. This technique makes use of some strategically placed loudspeakers around
in the room. Summed up, this means that in general three di erent methods are considered
when trying to reproduce the sound in a desired region while trying to reduce the sound in other
regions. The methods are: active control techniques which are used at low frequencies (L kHz),
conventional beamforming is used to mid-range frequencies (1 - 3 kHz) and for high frequencies
(> 3kHz), directive loudspeaker is used [7]. This is conceptually illustrated in gure 1.3. It
should be noted that the frequency range described can variate, dependent on the loudspeaker
array.

Figure 1.3: lllustration of the di erent methods of creating sound zones at di erent frequencies.

If the application should be an "out of the box" solution in form of a soundbar to place under
the TV, the setting up procedure without a technician to help, will be preferable. Thus, no
measurements of the room should be made. Here the low frequencies will often require more
knowledge about the room due to the physical properties of the frequencies, such as wave length
and the time it takes the frequencies to die out. Therefore, beamforming at mid-range frequencies
will be preferable, as it allows an array of loudspeakers to steer an audio stream in a specic
direction. However the performance of the beamforming is still sensitive to the room response
due to the re ections in the room, thus the robustness of a proposed system should be tested
for di erent scenarios, and how sensitive it is to changes in the transfer function of the room. A
scenario could be increased audio level for hearing impaired listeners in the speech frequencies
region, which contains mid-range frequencies, or if the same movies is available in two di erent
language, two di erent persons could see the movie in their preferred language. In this scenario
the low and the high frequencies are not important to separate as in a movie these frequencies
mostly contain the background music and the sound e ects which is the same for both listeners.

Based on a living room situation, where a soundbar is the loudspeaker array (linear array),
some di erent challenges such as: the amount of loudspeakers accessible, the room and also the
seating positions of the listeners, can a ect the creation of the sound zones. The amount of
loudspeakers is important in order to achieve good performance as more loudspeakers allows for
a more precise reproduction of a desired signal in a certain area, which then allows for more and
smaller sound zones [1]. E.g. tests described in [1] tells that using an array of three loudspeakers
have showed a contrast between the bright and dark zone of 10 dB, compared to an array of
nine loudspeakers which gives more that 19 dB contrast in an anechoic chamber. However when

3
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this setup is moved outside of the anechoic chamber, a well known challenge is the reverberation
of the room. This can cause an impaired performance when trying to reproduce a sound eld

[1].

Another challenge is that with sub-optimal position of the individual sound zones, there will in
some cases be sound zones shadowing for each other for certain loudspeakers in the loudspeaker
array. Two examples of this are illustrated in gure 1.4. The examples are based on the living
room scenario with a line array. If the loudspeakers where distributed di erently, this might not

be an issue or introduce some other challenges.

Figure 1.4: lllustration of three di erent positions of a two di erent sound zones. In two of the examples
one of the sound zones are in the shadow of the other. The blue lines show the path from the loudspeaker
to the rst zone and the red lines show the path to the second zone. Where shadowing occur if the lines
are crossing through one of the sound zones.

As it can be seen illustrated in gure 1.4 the audio stream from the loudspeaker in the direct
path to the zone, the leakage between the zones will be expected to be higher if the line(s) are
crossing another zone. An idea to solve this problem is simply to turn o the loudspeakers where
one zone are blocking the direct path to the other. This concept is illustrated in gure 1.5.

Figure 1.5: lllustration of three di erent positions of a two di erent sound zones showing the principal
of turning o loudspeakers where the direct paths to a zone are blocked by another zone.

The light grey loudspeakers are the ones that should be turned o when having Zone 2 as bright
and Zone 1 as dark. However, as it can bee seen in the gure, when having Zone 1 as bright
and Zone 2 as dark, no direct path from the loudspeaker array to the zone are blocked, thus it
is assumed that there is no need to turn o these loudspeakers in this con guration.

In this project a line array will be used to recreate the living room scenario described above,
meaning that the focus is beamforming and the mid-range frequencies. A study of di erent state
of the art algorithms used for personal sound zones, and an investigation in order to determine
their performance in sub-optimal setups (illustrated in gure 1.4) will be made. A proposed
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method of how to separate the array into subarrays will be made in an attempt to reduce the
leakage between the sound zones. Leading up to the problem statement.

1.1 Problem Statement

Can the performance of beamforming be improved in sub-optimal positions by dividing the line-
array into smaller subarrays and strategically removing speci ¢ loudspeakers?







2 Multizone Sound Control

In this chapter, the concept of personal sound zones and the general principles when using a
linear loudspeaker array will be described. Then two fundamental sound zone control techniques
and their properties will be described. Next, a state of the art algorithm will be reviewed and
simulated to investigate its performance. Here, a summary will be made of the parameters that
can have in uence on the performance and robustness of the algorithm when trying to create
personal sound zones. Finally di erent methods of how to evaluate the results is proposed and
described.

2.1 Signal Model and the Delay and Sum Beamformer

Before discussing the properties of the sound zones, a generalized signal model will rst be
introduced. The basics of controlling the sound eld can be achieved by using an array of

loudspeakers [8]. When the loudspeakers are all fed the same original signal with di erent

Itering, the system are able to focus the acoustic pressure in certain positions - this is

called beamforming [1]. The simplest one being the delay and sum (DS) beamformer, which
just introduces a delay on each of the loudspeakers [6]. Beamforming uses constructive and
destructive interference in order to change the amplitudes of a signal based on the direction [9].
A system like this can be seen illustrated in gure 2.1.

Figure 2.1: Diagram for a simple beamformer.

The signal played from the loudspeakers can be described with the following equation:

g(n) = s(n) g(n) (2.1)

Where s(n) is the source signal fed to all of the loudspeakersy is the individual Iter for each
loudspeaker, andg; describes the signal played from the loudspeakers, with=1;2;::;;L. Based
on this, the pressure in the point, P, (n), can be described as a convolution of the signal played

7
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from the loudspeakers and the acoustic transfer function of the roomh. This can be written
as:

S
Pr,(n)= gi(n) hi(n) (2.2)
i=1

This transfer function can be simply estimated with a free eld assumption as a delay, based on
the distance between a loudspeaker and a point, and a reduced pressure based on the distance
square law. This can be written as:

n kl’b rik
c
hi = 4 krp rik (2:3)

Where rp 2 R® is the position of the target point and r; 2 R3 is the position of the loudspeaker.
It is known that a convolution in the time domain is a multiplication in the frequency domain. In
order to reduce the computational complexity, the signal model is transformed into the frequency
domain using the discrete Fourier transform (DFT):

i krb rik
j ==

e

4 kry Tk 4

X
Po(1)= g(!)
1

Two examples of the DS-beamformer can be seen in gure 2.2, one is aiming towards a point
and the other aiming in a direction as well as an example without any beamforming. It uses
the structure of the diagram showed in gure 2.1. Where the delay is calculated in order to
maximizes the amplitude in a single direction. However this algorithm does not make any e ort
to minimize the amplitude in other directions.

Figure 2.2; illustration of DS-beamforming at 1 kHz, with the rst gure beamforming to a point (1 ; 1),
the second beamforming in a direction at 45 and the third without beamforming. The array consists of
29 point sources placed with a distance of 0.05 m, and center in (0)).

As it can be seen in gure 2.2 both beamforming to a point and in the direction of the point,
provide an increased amplitude in that direction compared to the one without beamforming.
Here it can be seen that beamforming to a point, provides a more narrow beam, compared
to beamforming in a direction and that natural directivity occurs when no Itering is done.
However a lot of unwanted sound is radiated in all directions and would, in an actual room,
create a lot of re ections. By using optimal Iters, the radiation in the directions that are not of
interest can be reduced. This is shown later where DS-beamforming will be compared to more
advanced beamforming techniques, by their ability to create a contrast between two control
points.

8
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2.2 Techniques for Multizone Sound Control

The method of making multizone sound control is to formulate an optimization problem which
describes a separation of the sound eld of a physical space intd, smaller subareas while still
being restricted to the same physical space, this is called sound zones [1]. A block diagram of a
sound zone system can be seen in gure 2.3. The basic idea is that di erent Iters are calculated
and applied to the signal for each loudspeaker in order to make a sound zone separation. The
Iters are calculated with an optimization algorithm and are based on the acoustic transfer
functions. The Itered signals are then played in the loudspeaker array and the sound eld in
each zone can then be evaluated to see the system performance.

Figure 2.3: Block diagram of the signal path in the system for creating sound zones with a loudspeaker
array.

The optimization problems are dependent on two types of control points. The ones in the bright
zone where the goal is to produce a desired sound eld and maximizing the acoustic energy and
the ones in the dark zone is where the goal is to minimize the acoustic energy. The control
points consist of M measuring microphones in each of th&) sound zones, for a total ofQM
control points. This is used to reduce the amount of leakage between the bright zone and the
dark zones. The measured sound pressure for each of the control points are represented as a
vector: pq =[p(Xq: 1;!); 5 p(Xg M; T ] with Xgq = hgg and given by:

Pg=Hgq 9 (2.5)

Where g = [0i(s;!);5500(s; 1)), is a vector of the loudspeakers driving signals for a given
frequency,! =2 f . Hq is a matrix of the acoustic transfer functions between the loudspeakers
in the array and the M control points in sound zoneq 2 1;2;::;Q [1]. Most state of the
art algorithms used for sound zone control, is based on sound control techniques that can be
broadly classi ed in two di erent categories: acoustic contrast control (ACC) and pressure
matching (PM) [1]. These techniques will be described in the following subsections.
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2.2.1 Acoustic Contrast Control

The acoustic contrast control is an optimization problem that aims to maximize the ratio between
the average potential acoustic energy in the bright zone and the dark zone. The average potential
energy can for the bright and dark zones be described as in equations 2.6 and 2.7. The subscript
'b"and "d" indicates the bright and dark zones respectively.

Ep = kppk?® = kHpgk® (2.6)

Eq = kpgk?® = kHqgk® (2.7)

Where H, = H1, denotes the bright zone andH4 = [HY;:::;HG]" denotes the dark zone. In
order to ensure that the desired sound energy is optimized simultaneously both for the bright
and the dark zones, the optimization problem can be formulated so that the sound energy in the
bright zone is maximised with the constraint of the energy in the dark zones being limited to a
very small value Dy. An additional constraint to limit the power consumption of the loudspeaker
array, the array e ort, is added kgk2 < E . The array e ort describes the maximum amount of
energy that can be supplied to the loudspeakers. It can be an issue if too much energy is fed
to the loudspeaker, because the loudspeaker is only linear in a given span, meaning that too
much ampli cation could cause distortion which can be both linear or non-linear [10]. Thus,
the array e ort in such a system is preferred to be low, because the system is calculated as
an linear-time-invariant (LTI) system. If this condition is not ful lled, the system can not be
assumed to behave as in the calculations. The constraint to the array e ort also ensures that the
leakage outside of the sound zones are not excessive and do in general make the implementation
more robust both to driver positioning errors, and changes in the acoustic environment [1]. The
acoustic contrast control optimization problem can then be written as:

mglx kH bgk2 (2.8)
subject tokH 4gk* Dy (2.9)
kgk? Eg (2.10)

Using the Lagrangian this can be rewritten into an unconstrained optimization problem [11]:

mgaxLC(g)zkHbgk2 1 kHqgk?® Do » kgk? Egq ; 1.2 O (2.11)

Where i1 and » are the Lagrangian multipliers. These are used and scaled in order to determine
the importance of each constraint. ; controlling the constraint for the energy in the dark zone
and » controlling the array e ort. The solution that maximizes the Lagrangian is found by
taking the derivative of L. with respect to g, and setting this equal to zero [8]:

@L(9)

@ =2(HlH,g  1HHH4g 20)=0 (2.12)

With this vector being equal to zero, it can be rewritten as a generalized eigenvector problem:

10
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HHHpg= 1 HEHg fl g (2.13)

Where g is chosen to be the eigenvector that corresponds to the largest eigenvalue of the matrix
HYHGg+( 2= )11 YHEHp] in order to maximize L. This can be rewritten to a form which
later is comparable to the solution of pressure matching [12]:

HEHa+( 2= )11 YHHHplg= 19 (2.14)

The Lagrangian multipliers are weightings to the constraints, where the ratio between them,

= ,= 1, is the tradeo between the performance and the array e ort of the loudspeaker
array. An important note is, the smaller the value gets, the less stable the system will become,
since helps the matrix to not be ill conditioned, which can cause large numerical errors when
doing a matrix inversion [8].

2.2.2 Pressure Matching

The aim of the pressure matching (PM) method is to reproduce the sound eld in the bright

zones at full strength while trying not to produce any signal in the other zones. The target
sound eld is described aspges, Which is the desired pressure that should be reproduced in the
bright zone. The objective for the PM along with constraints on the sound energy in the dark

zones and the array e ort constraint is formulated by [1]:

m@}n kHpg  Pgesk? (2.15)
subject tokH 4gk*> Dy (2.16)
kgk?® Eg (2.17)

As in ACC, the problem can be rewritten into a single cost function using the Lagrangian. The
cost function is given as:

minLp() = kHog  Poesk”+ 1 kHagk® Do + 5 kgk® Eo ; 1 2 0 (218)

The solution which minimize the cost function in (2.18) is formulated in (2.20) and is obtained
by taking the derivative of L, with respect to g, equal to zero:

@1lx(9)

@ =2H{ (Hbg Paes)+2 1H{Hag+2 29=0 (2.19)

|
HEHp+ tHEHg+ 2l 9= HH paes (2.20)

To choose appropriate values for the Lagrangian multipliers, 1 and », equation (2.20) can be
solved using an interior point algorithm [13]. A more simple approach can be made by setting

11



2. Multizone Sound Control Group 20gr1076

the parameter ; = 1, which will give equal e ort, to matching the pressure in the bright zone
and minimizing the energy in the dark zone [1]. This solution can then be written as:

1
HEHp+ HYHg+ 2l "Hi paes= gp (2.21)

Where it can be seen that the only constraint is , which control the array e ort and add some
robustness, by avoiding ill-conditioned problems [1]. It can also be seen that, with 1 = 1,
equation (2.21) is identical to the ACC (equation (2.14)) if the following two criterias are met:

1. The target pressure pges in the bright zone should be an ACC solution, given that
Pdes = Hpgc, Where the subscript 'c" is used for indicate ACC.
2. The constrains forDg and Eq should be identical.

A combination of the two techniques has also been proposed in [3, 14]. The optimal solution is
given by:

1
HE'Hb"'(l )Hng HE'pdesz Jcb (2.22)

Where the value is a weighting factor that determines the balance between the energy in the
dark zone and the mean square error (MSE) in the bright zone [14]. The value should be
within (0 < 1) [3, 14]. When goes to 0, the solution approximates the ACC and when
goes to 1, the solution approximates the PM [14].

2.2.3 Comparison Between Acoustic Contrast Control and Pressure
Matching

ACC always gives a high contrast level between the zones with a low array e ort. However, the
downside is that the sound eld reproduction would not be as accurate for the listener [1]. This
is due to the optimization problem that tries to maximize the di erence between the zones with
no constraints to the target sound eld. However in PM, part of the optimization problem is
to retain the desired signal, and thus provide a better reproduction of the signal compared to
the ACC where the reproduction error is higher, due to the goal solely being to maximize the
acoustic contrast [1].

Both of these algorithms assume knowledge of the acoustic transfer functions from the
loudspeaker to each of the control points. In an anechoic environment this is quite simple
and can easily be estimated as shown in section 2.1. However, in a real application this is not
always the case. The transfer function will here include re ections, which are dependent on the
the room shape, including the walls, windows, the objects within it and the temperature. These

parameters will be discussed later in section 2.4.

In the next section the state of the art algorithms will be explained, where one will be chosen
and tested with di erent settings.

12
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2.3 State of the Art Beamforming Algorithms

When using beamforming for personal sound zones, di erent algorithms are proposed, where
they in general are based on either acoustic contrast control (ACC) or pressure matching (PM).
The dierent algorithm have di erent strengths in order to solve some of the limitations of
beamforming, often by adding more constrains to the optimization problem. E.g. A. Canclini et
al. have in [15] tried to take the room into account by adding a simple room model as a part of
the optimization problem, where di erent orders of re ection can be used. Also, the di erence
by solving the optimization problem in the time domain or the frequency domain should be
determine, where e.g [4, 15] are solved in the frequency domain and Marcos F. Sinon Galvez
et al. gives a method in [3] to do the calculations in the time domain. The study also include
the amount of samples needed to calculate the lters. A downside by doing the optimization
in the time domain is, that the dimensions of the problem can become large relatively quickly
compared to do the independent optimization in the frequency domain [5]. However, to create
the lter, as an impulse response, lter weights calculated in the frequency domain can be
truncated when using an inverse fast Fourier transform (IFFT) [3, 5], due to the active window
size of the transform.

In the following subsection an algorithm proposed by Vicent Moks-Cases et al. in [4] will be
described. The algorithm is calledWeighted Pressure Matching Total Variation (WPM-TV),
which is based on a hybrid between the acoustic contrast control and pressure matching as
described in equation (2.22). This algorithm is chosen for further examination because it allows
the possibility to determine the balance between the two. Also, the TV part of the algorithm
aims to make a more uniform sound image in the dark zone, which will be described in details
later.

2.3.1 Weighted Pressure Matching With Total Variation

The Weighted Pressure Matching with Total Variation (WPM-TV) is an algorithm proposed in
[4], which deal with one of the limitations of the pressure matching algorithm. When trying to
minimize the mean acoustic potential energy in the dark zone one problem is that the sound
eld is not necessarily uniform, some of the control points in the dark zone can have high
acoustic energy with others having low acoustic energy, while still having an overall low mean
acoustic energy [4]. If the acoustic energy levels are very uneven within the dark zone, this can
be disturbing for a listener located within the dark zone, due to the sudden changes in energy
[4]. Graph Signal Processing (GSP) is used to apply an additional constraint in order to take
the spatial uniformity of the acoustic potential energy in the dark zone into account. A block
diagram of the algorithm and which parameters that can be tweaked can be seen in gure 2.4.
This diagram corresponds to the "algorithm block" in gure 2.3. The di erent parameter will

be described in the following.

13



2. Multizone Sound Control Group 20gr1076

Figure 2.4: Block diagram showing the signal in the wPM-TV algorithm.

wPM

The system consist of an array ofL loudspeakers and two regions: the bright zone withM
control points, and the dark zone with M4 control points. The acoustic pressure in a them'th
control point in zone g can be described as in (2.23)g = fb;dy and describe the total amount
of zones, where the subscripb is used for the bright point and d is used for the dark points.

X
Pgm = hgmi O = hgmg (2.23)
1=1

whereg is a vector which describes the source strength for all loudspeakers to a given frequency.
The vector hgm containing the acoustic transfer functions (ATF) for the L loudspeakers and the
m'th control point. For all g zones, the ATF's can be described as:
2 3 2 3
hq]_ hql;l M- hq1;|_

Ho=4 : 6=8 : -~ § (2.24)

The ATF between the L loudspeakers and them'th measuring point can be expressed as the
free- eld propagation model which was described in section 2.1:

| k qm;l k
e c
0y ————
Where ¢m; is the distance between a loudspeakelr and a measuring pointgm, ! =2 f and

c is the speed of sound in air.
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For each frequencies! , of interest, the aim of the algorithm is to nd the source strength vector
g that minimize the cost function given in (2.26):

Jwpm(9) = @)+ (@ )Ea(9)+ kgk® (2.26)

Where 0< < 1 is a weighting factor as described in (2.22) and is a regularization parameter
which is used to control/limit the energy of g - the array eort. Eg4 and , are the mean
acoustic potential energy for the dark zone and the mean square error (MSE) for the bright zone
respectively. These are given by (2.27) and (2.28)

_ 1 2_ 1 no K
Ed = Md kH dgk = Mdg Hd Hdg (2.27)
1 2_ 1 H
b= 5 KHpg dpk™= ——(Hpg dp)" (Hog db) (2.28)
Mo My

Where dy, is a vector of the target sound eld in the m'th control point in the bright zone. As

described in the former section, the optimal source strength vectorg is found by taking the

gradient of the cost function. The gradient of the cost function (2.26) for wPM is given by [4]:
1

Fodun(@=2 o HEHug HEdy + S

HiHw+ g (2.29)
My

Where the optimal solution is whenr 4Jwpm(9) = 0, and a closed solution is given by [4]:

I T TVIN l—HHd (2.30)
Mg 9 ¢ Mp °°° '

— H
gwpm - |\/|inbe+

To see the performance of the algorithm, simulations with a simple setup have been made. The
simulations also include the in uence of , to see the di erence between ACC, PM and a mix
of the two. When = 0 the optimal solution will be ACC and when = 1 it will be PM.
However, if =0 the optimal solution will be g =0, meaning that the optimal solution will be

to just turn o the loudspeakers, which seen from the algorithms point of view will be in nite
contrast. Therefore, is set to a small value in the simulation, 1e-9. The results can be seen
in gure 2.5, and the settings are: ! =1 kHz, 29 loudspeakers spaced 0.05 m from each other
and are simulated as point sources, =le-5, one bright zone placed in [075;1] and one dark
zones placed in [ 0:75; 1]. It should be noted that =1e-5 will increase the array e ort, thus

in a real application, the loudspeakers might distort if the array e ort is too high, and needs
to be chosen to avoid that from happening. The value of in this case is chosen for illustration
purpose.
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Figure 2.5: Simulation of wPM algorithm, which show the impact of the tuning parameter , with a
xed regularisation parameter =1e-5. 29 loudspeakers are used spaced 0.05 m from each other with
center in [0; 0], a bright zone placed in [075; 1] and a dark zone placed in [ 0:75; 1]. The plot is with the
frequency set to 1 kHz. The contrast is the di erence between the bright zone and the dark zone. The
color bar is given in normalized dB.

As it can be seen in gure 2.5 ACC provide higher contrast than PM and the mixed is in
between. However when = 1e 9 the amplitude is so low that there is e ectively no signal,
this is also indicated in the high reproduction error. so even though the contrast is higher, this
would provide very bad experience for the listener. Changing the array e ort regularization
parameter to another value in the same scenario, the di erence in contrast is not as big. This
can be seen in gure 2.6 with = 0:1. However, the contrast between the two zones decreases
as the value of increases, Thus a lambda value that assures stability should be found before
implementing it in a real system. Also it can be seen that the MSE increases, which make sense
since there are less energy to reproduce the signal.

Figure 2.6: Simulation of wPM algorithm, which show the impact of the tuning parameter , with a
xed regularisation parameter = 0:1. 29 loudspeakers are used spaced 0.05 m from each other with
center in [0; 0], a bright zone placed in [075; 1] and a dark zone placed in [ 0:75; 1]. The plot is with the
frequency set to 1 kHz. The contrast is the di erence between the bright zone and the dark zone. The
color bar is given in normalized dB.

To compare the results of the wPM algorithm the same setup is simulated using the DS-
beamformer. The results can be seen in gure 2.7.
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Figure 2.7: Simulation of DS-beamformer. 29 loudspeakers are used spaced 0.05 m from each other
with center in [0; 0], a bright zone placed in [075; 1] and a dark zone placed in [ 0:75;1]. The plot is
with the frequency set to 1 kHz. The contrast is the di erence between the bright zone and the dark
zone. The color bar is given in normalized dB.

When comparing the wPM algorithm it can be seen that the performance of the two algorithms
is very similar when = 1, with dierence between the contrast of the wPM and the DS-
beamformer being only 1.1 dB. This is because, as mentioned earlier, wPM with = 1 becomes
PM, meaning that the optimization is mainly reducing the MSE in the bright zone, and only
uses a low e ort towards minimizing the pressure in the dark zone. The DS-beamformer is not
solving an optimization problem but is instead based on delays calculated to ensure that the
phase align for each loudspeaker in the desired point, meaning that no e ort is being used to
reduce the pressure in the dark zone, and therefore provide very similar results as PM. However
a slight change in  will improve the contrast even if the zones are placed less optimally.

In order to show how a small change in a ects both the contrast and the MSE a test is made,
where is increased by 0.1 starting from 1e-9 to 1. The results can be seen in gure 2.8. The
plot is shown for f = [300;100Q 150Q 2000 3000] Hz. The changes in the MSE's are, in this
case, so small that they are all placed on top of each other.

Figure 2.8: The contrast and MSE as function as di erent values of for f =[300; 1000 1500 200Q 3000]
Hz, with =0:1.
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As it can be seen in gure 2.8 a quick decrease in the MSE is seen at lowvalues, where the
change is much smaller at the higher values of. The contrast seems to decrease at a more
constant rate up until the higher values, where this is decreased even further.

Figure 2.9 show the relationship between the array e ort regularization parameter and the
contrast between the zones, as well as its impact on the MSE. The plot is again shown for for
f =[300;100Q 150Q 2000 3000] Hz and = 0:9. It should once again be noted that decreasing
the value of increases the array e ort which can cause distortion in a nal system. This will
be investigated and described in more details later in the report. The changes in the MSE's are
again, in this case, so small that they are all placed on top of each other.

Figure 2.9: The contrast and MSE as function as di erent values of for f =[300; 1000 1500 200Q 3000]
Hz, with  =0:9.

Finally the array e ort for this setup will be examined. This will be done in order to see how the
array e ort behaves with di erent values of  and di erent array sizes. The array e ort can be
calculated by equation (2.31), which is the total energy fed to the array relative to the pressure
in the bright zone, p, [16].

|
H !
gwpm Owpm

Eort=10lo —
J10 Tp

(2.31)

The results can be seen in gure 2.11, where the decreasing of the array are towards the middle.
The arrays can be seen in gure 2.10.
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Figure 2.10: lllustration of the di erent array sizes and the placement of the bright (yellow) and dark
(black) zones. The loudspeakers are space 0.05 m from each and the center of the array is inqp

Figure 2.11: Array e ort as function of frequency with di erent  's and amount of loudspeakers.

As it can be seen in gure 2.11, the array e ort depends on the amount of loudspeakers in
the array which becomes more and more clear as the value of decreases. When having more
loudspeakers, the array e ort is close to the same when the value of changes, since more
loudspeakers can be used to reproduce the desired signal, and therefore the energy needed can
be distributed to more loudspeakers. When the array e ort becomes higher, it implies poor
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acoustical e ciency, where high sound pressure levels are emitted in to the room [16].

On a last note, these results will vary from setup to setup and frequency to frequency, which
will be clari ed in the next chapter.

WPM-TV

Using equation (2.30), the solution can minimize the acoustic potential energy in the dark zones.
This will not necessarily be true if there are used more control points. The algorithm is therefore
expanded, by adding a new constrain, to improve the spatial uniformity. As earlier mentioned
GSP is used in order to include the spacial uniformity of the acoustic potential energy of the
dark zone in the optimization problem.

A graph is used to characterize the relation between the acoustic potential energy in the di erent
control points in the dark zone. A graph refers to graph theory in which it is used to describe
a mathematical structure. A graph is de ned as G = (V;A) [17], whereV is a set of vertices
of G, which in this context is associated with the control points in the dark zone, resulting in a
total of My vertices dened asV =1;::::Mgy. A2 RMd Ma js a subset ofP,(V), meaning that

the edge,A, is a set of two-element subsets of describing the similarity between the vertices
[4]. This is illustrated in gure 2.12.

Figure 2.12: lllustration of the similarity of the vertices with four control points in the dark zone,
Md =4,

In the wPM-TV algorithm, the proposed similarity is based on the distance between the control
points within the dark zone, with reasoning being that it re ects the physical relation between
the control points [4]. The elements of theA is de ned as:

kei 2k
aj = e 22 (2.32)
j

Where: z; 2 R3 is the spatial coordinates for each control point and is given by:

2 Na ¥
= — kzi ij (2.33)

MaMa 1)y i
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Which is the mean distance between all of the control points within the dark zone. The graph
signal is de ned as a column vector with the signal for each of tha vertices. In this case, the
pressure for each of the control points are de ned asfgm = pgm = g™ hg'mhdmg. The graph
signal can then be used to calculate the Total Variation (TV) of the graph which can be used
as an indicator of the uniformity of the sound eld in the dark zone [4]. The TV of the graph
is de ned as [18]:

X ¥ 1
T(fd) = fJ Lfd = Iij fdifq = éaij (f di fq )2 (2.34)
i=1 j=1
This TV is then included in the cost function, as a constraint to optimize towards a uniform
acoustic eld in the dark zone. The new cost function, which is used in the wPM-TV algorithm
is then de ned as:

In(@)= Jupm(@)+ T (fa(@) = "n(@)+(@  )Eq(@)+ kgk’+ T (fa(9)) (2.35)

Where: 2 R* is the weighting of the TV of the graph in the cost function. The higher value
of the higher uniformity in the dark zone. In order to nd an optimal solution, g, for the new
cost function, the gradient of the cost function Jypm (g) with respect to g is found.

9 — 1
rgfam(9) =14 gH hﬂmhdmg = m
m

And from this the Jacobian matrix of f4(g) with respect to g can be written as:

himhamg (2.36)

J(Fa(@) =1 gfas;::5r gfamy(@)]" (2.37)

By using equation (2.34) and (2.37) the gradient of the Total Variance can be expressed as in
equation (2.38) [4]:
0 1

Mo ¥

rgT(fa(@)=r14@ li faifgA =23(fa(9)) "L a(9) (2.38)
i=1 j=1

Combined with the gradient of Jwpm(g) found in equation (2.29), the gradient of the new cost
function with the uniformity of the dark zone included (2.35) can be derived as:

rgdw(9) = 1 gJwpm(9) +2 23(fa(9)) "Lfa(9) (2.39)

However since a analytical solutiong for r 4Jw (g) = O can not be found according to [4],
steepest descent is then used to nd the optimal values for the vectog. The steepest descent
algorithm is given by [19] as:

get =gk 1 gdw(gk) (2.40)

Where s the step size of the steepest descent algorithm anll is the iteration number. By
choosing the initial g, = Owpm to be the optimal solution of wPM the local minimum found is
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the closest to the solution of the global minimum of the wPM cost function, meaning that the
solution does not change considerable compared to the wPM solution, but is still improving the
uniformity in the dark zone [4].

To test the TV-part of the algorithm, a simulation is made. The loudspeakers placement are
the same as in gure 2.5, but this time, a grid of control points are used in the dark zone. This
is used in order to make the algorithm make the graphs between the points, and make the dark
zone more uniform for all the control points. The grid is 3 3 with the points spaced 0.05 m
with center in [ 0:45; 1], so that it covers an area of 10 10 cm. The bright zone is placed
in [0:5; 1], and the testing frequency is at 1 kHz. The results can be seen in gure 2.14. The
regularization parameter =0:1,and =0:9.

When performing the wPM-TV, the steepest descent algorithm is used, since it is a non-convex
problem. The steepest descent algorithm can be written i MATLAB as in code example 2.1,
where the values showed is also those used in the simulation showed in gure 2.14.

Code example 2.1: Steepest descent implemented in MATLAB.

stepsize = 0.1;
max_iterations = 10000;
g_hew = gwpm;
precision = 2/(-23);
for i = 1:max_iterations
g_old = g_new;
g_new = g_old - stepsize * Grad_Jtv(g_old);
if max(abs(g_new - g_old)) < precision
break;
end
end

The max_iterations ensure that the algorithm does not run forever if the precision is never
reached. The step size is chosen because it have shown ne results and have a good relation
between speed and precision. Finally, the precision is chosen because of the bit-resolution that
high quality music is played with, which is 24-bit. In order to see the mean square error (MSE) as
function of iterations, test with di erent values of  have been done. Additionally the di erence

in the Iter coe cients are plotted to see the behaviour of the steepest descent seen in gure
2.13. Here it can be seen that the changes in the coe cients becomes smaller with the number of
iterations. The reason why the plots have di erent lengths, is because of the stopping/precision
criteria.
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Figure 2.13: Simulation of the behavior of the MSE and di erence in the lIter coe cients as function
of iterations in the steepest descent algorithm with di erent values of

As it can be seen in gure 2.13 the MSE increases with a higher value of. Also it can be seen
that the di erence in the Iters from iteration to iteration behaves as expected. It can be seen

that the higher value of , the more iterations are needed before the stopping criterion is met.
It may be due to the speci ¢ problem and the step size.
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(&) wPM (b) wPM-TV: =0
(c) wPM-TV: =0:2 (d) wPM-TV: =1
Figure 2.14: Simulation of wPM-TV algorithm, which show the impact of parameter . =0:995 and

the regularization parameter = 0:1. 29 loudspeakers are used spaced 0.05 m from each other with center
in 0, a bright zones placed in [05;1] and a 3 3 grid of dark zones with center in [ 0:45; 1], separated
0.05 m from each other. The plot is with the frequency set to 1 kHz.

It can be seen in gure 2.14, that the higher value of the more uniform the dark area becomes.
Also it can be seen that when =0, itis similar to wPM as expected. By choosing a smaller step
size, , when gets higher the amount of iterations requires can be reduced. In this simulation,
the gure 2.14b stopped after 1 iteration, gure 2.14c stopped after 308 iterations, and gure

2.14d reached the precision after 329.

However choosing the right step size is also important, both to ensure fast convergence but
also to avoid making the system unstable and unable to nd a su cient solution. A small step
size ensures that a su cient solution can be found, where a bigger step size often result in a
faster convergence. However if the chosen step size is too large, the algorithm is unable to nd a
su cient solution. In gure 2.15, the amount of iterations needed for di erent  's and step sizes,

, can be seen, for two di erent setups of the bright and dark zones. The maximum amount of
iterations was 10,000 meaning that if this amount was reached the algorithm was stopped and
did not nd a su cient precise solution.
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Figure 2.15: Iterations needed to nd a solution, showed for dierent step sizes and weighting
parameters . =0:995 and the regularization parameter = 0:1. 29 loudspeakers are used spaced 0.05
m from each other with center in [G;0]. The rst setup with a bright zone placed in [0:5;1] and a3 3
grid of dark zones, placed with center in [ 0:5; 1], separated 0.05 m from each other. The second setup
with a bright zone placed in [0;2] and a 3 3 grid of dark zones, placed with center in [Q1], separated
0.05 m from each other.

Here it can be seen that the amount of iteration needed is highly dependent on the position of
the dark and bright zones as well as the value. Here it can be seen that when = 0:2, the
rst setup uses signi cantly more iterations than the second setup. When = 0:8 it can be seen
that for both setups, the algorithm are having trouble nding solutions with = 0:5.

2.4 Robustness of the Algorithms Used for Personal Sound
Zones

When implementing the algorithm described in the section 2.3, di erent considerations should
be taken into account, so that the implementation is not very sensitive to small changes in the
acoustic transfer function, requiring new lters to be calculated. When beaming in a direction,
far- eld assumptions are used for the optimization. This does however not mean that this
would be the same for a real room. E.g. re ections can have an impact on the beamforming
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performance. Meaning that if a side lobe with high energy hit a wall, re ections will be radiated
into the room, where the re ected energy is determined by the re ection coe cient of the
material. Measurements done by Sinon Gelvez M. et al. described in in [20] showed that
the extra pressure component, due to re ections, lowered the performance of the beamforming.
Also by increasing the reverberation time of the room, the contrast between the two zones were
lowered. However, the robustness of a line array was also tested. Here it was shown that small
mismatches in the transfer functions leads to high reduction in the free eld directivity, but does
not have as high reduction in the performance when the directivity was measured [20].

The deviation in the placement of the loudspeakers and changes in temperature and their impact
on the performance have been investigated by Coleman P. et al. described in [21]. The deviations
of the loudspeakers placement were tested with 10 mm random deviation and showed that both
ACC and PM is sensitive to the changes in the placement. The temperatures tested was with a
change in temperature of 17C. This corresponds to a change in the speed of sound of 10 m/s.
According to [21] the results showed that only PM is sensitive to the temperature changes.

Another parameter that can have impact on the performance, is how sensitive the system is
to small variations in magnitude and phase in the loudspeakers responses [5]. Therefore, the
system can preferably be simulated with these errors to test the robustness of the system.

2.5 Evaluation and Comparison of Results

In order to compare the results a common performance indicator is required. The simplest one
to use is simply achieved by taking the mean of the control points in the dark zone and see
how it compares with the bight zone. However this does not take the listening experience into
account, and this does not take the uniformity of the dark zone into account, which is why this
is not in every case the best comparison.

A big challenge when it comes to the evaluation of the performance of sound zone control, is
that the performance is both evaluated based on how well a system is able to create a contrast
between the personal sound zones, but is also measured on the ability to be able to create the
desired signal in the bright zone. These measurements are, however, often achieved with a trade-
0 between minimizing the mean square error and maximizing the contrast. This is seen in the
wPM algorithm (2.26), where the parameter, determines whether an accurate reproduction of
the sound eld, a high contrast between the zones or a mix of the two, are preferred.

So in order to make an actual performance evaluation, some kind of measure of how an increase
in MSE compares to a higher contrast, in terms of listening experience both for the listener in
the bright zone but also the listener seated in the dark zone is needed.

2.5.1 Perceptual Evaluation of Contrast Between Sound Zones

When evaluating the results, an important part is how people perceive sound. The importance
of this aspect is to give an idea of how high contrast is needed when creating sound zones, and
also how the sound quality is. The target sound quality have been investigated by Baykaner
K. et al. described in [22], by listing tests, between di erent sound zone methods, including
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ACC and PM, as described earlier. The results showed that ACC provided a higher contrast
compared to PM, but PM had a more accurate representation of the sound eld. The results

also showed that the sound quality was dependent on the quality of the reproduced sound and
the distraction from interfering sounds [22].

In [23], the target to interferer ratio (TIR) has been investigated. It was a comparison between
speech and music, and the results showed, that when TIR was above 25 dB the variance between
the test subjects was low and the participants seemed to have reached a consensus that the
scenarios were not distracting anymore [23]. However below the 25 dB, the results had a larger
variance, which is probably a results of when people think something is distracting or not.
However, it should be noted that this values is only a guideline. When the two signals shares
a lot of the same frequency content, more masking [24] will occur and lower TIR-values will be
acceptable.

However this does not tell anything about the perceptual di erence between the original signal
and reproduced signal. For this, an informal listening test done by the authors will be made.

2.6 Summary

Personal sound zones can be achieved by the use of beamforming described as an optimization
problem. General optimization problems which forms the foundation of the most state of the art
beamforming algorithms used for personal sound zones have been described. The two techniques
described was acoustic contrast control (ACC) and pressure matching (PM), where the tradeo

is between the contrast and the reproduction error.

Di erent state of the art beamforming algorithms have been studied and one is chosen, described
and implemented. The algorithm is called Weighted Pressure Matching Total Variation (WPM-
TV) and builds on a hybrid between ACC and PM. The TV part of the algorithm is a constraint
that ensure an uniform sound image in the dark zone so that the listeners in the dark zone
are not disturbed by sudden changes in energy. The simulation showed that algorithm able
to create a high contrast between the sound zones and a low reproduction error, where the
di erent parameters, such as the mix between ACC and PM, still needs to be settled for an
real implementation. The parameters impact on the performance and results, are described and
shown throughout the chapter. Next a description of the di erent parameters and their impact
on the robustness of the algorithm has been made. This is important when implementing it in
a real application.

Last a discussion of how to evaluate the results have been made. Both an objective method and
perceptual evaluation have been described. Here it was found, that in general 25 dB contrast
between the dark and bright zone should be achieved to ensure a general consensus of good
separation in personal sound zones [23]. However, this values are highly dependent on the
scenario and the signals.
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3 System Design and Simulation
Environment

In this chapter, the system design and additional simulation will be described. With the only
di erence being an additional constraint which is made to improve the uniformity and thereby

the perceptual experience in the dark zone. It is seen in gure 3.1 that the wPM and wPM-TV
algorithm are both very similar in terms of contrast and MSE. However, the real measurement
of this additional constraint requires an elaborate listening test. This is not the focus of this
project, therefore the less computational complex wPM algorithm is used.

Figure 3.1: Comparison of the contrast and MSE of the wPM and wPM-TV algorithm using 39
loudspeakers in a line array. Bright zone center is placed at [0,2], dark zone center is placed at [0,1],
=0:1, =0:9, =0:2, =0:1, max iterations are 10000, and the stopping criterion is 223.

An extension of the algorithm will be made in order to divide the loudspeaker array into smaller

subarrays to potentially achieve a higher contrast between a bright and dark zone in sub-optimal
positions as described in the introduction. Looking at gure 2.3, the extension will be applied

before the algorithm, so that the subarrays will be used as the loudspeakers location input. This
system is illustrated in gure 3.2.
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Figure 3.2: Block diagram of the signal path in the system for creating sound zones with a loudspeaker
array and with the additional subdivision model.

The method used for dividing the array into subarrays will be made with use of the the ray space
transform. It will be investigated how the transform can help by determining which loudspeaker
that should be turned o in the di erent sub-optimal positions. The aim is to de ne a general
method which can then be tested in a real application and compared to the algorithm without
the extension.

Before describing the problems with sub-optimal zone positions and describing the ray space
transform, it will be examined how the Iters from the wPM algorithm behaves in the time
domain. Itis especially important when the goal is to implement the system in a real application,
to ensure that the system is stable e.g. when changing the array e ort regularization parameter

. These test will also help to specify what the di erent parameters of the algorithm should be.

3.1 Delimitation in Simulation Environment

In this project a line array will be used and placed up against a wall, to 'recreate" a living room
scenario with a soundbar under the television. However, the simulation will start by assuming
free- eld conditions, with loudspeakers modeled as point sources, with a constant speed of sound
(343 m/s) and the assumption that the room behaves as an linear-time-invariant (LTI) system.
When doing the simulation, no restriction to the amount of loudspeakers used in the array will
be made in the simulation. Therefore, di erent array sizes will be used throughout this chapter
to get an idea of the algorithm's behavior.

The optimization will be done in the frequency domain. This is chosen because it is faster than
optimization in the time domain, especially for scaling problems, and Marcos F. Sinon Galvez
et al. have in [3] showed almost equal performance as long as the lter length, when using an
inverse fast Fourier transform (IFFT), is more than 128 samples. This is not a problem as the
focus is not a real time implementation. Analysis of the created impulse response will be done
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in order to check for artifacts such as pre-/post-ringing, which can make audible artifacts in the
resulting bright zone [5]. To evaluate the results both the MSE and contrast will be used as a
measure of performance.

3.2 Test of Weighted Pressure Matching in Time Domain

The most important part of creating the sound zones is the lItering of the signal for each

loudspeakers. This can simply be done with a convolution of the signals and the Iter impulse
response. In this section, a description of how the calculated lIters in the frequency domain are
transformed into impulse responses in the time domain will be made. The di erent parameters
in the wPM algorithm and their a ect on the impulse responses will be tested.

3.2.1 Filters as Impulse Responses

To get the Iters impulse responses an inverse fast Fourier transform (IFFT) can be used.

However, the amplitude of the impulse and if there is some pre-/post-ringing, needs to be
looked at when creating these impulse responses. Pre-/post-ringing can make artifacts in the
played sound and aggravate the listening experience [25]. If pre-/post-ringing is a problem, it
is possible to apply a lter to the impulse response to shape it and reduce the ringing, without

compromising the resulting acoustic separation between the zones [25].

The amplitude of the impulse can provide extra gain in the system. Normally a digital music
signal is represented by numbers between -1 and 1 with a given bit-depth [26]. If the numbers
becomes larger than 1 the signal will over ow and distort. Therefore, to ensure that distortion

is not a problem, the amplitude of the impulse response should be within -1 and 1. However,
even with the impulses between 1, it can still provide more gain in some frequencies resulting
in over ow, thus the amplitude response of the Iters will also be looked at in the frequency
domain.

Creating Filters As Impulse Responses

In the algorithm, the optimization is done in the frequency domain for the frequencies of interest.
Just taking the IFFT of the output of the algorithm, will not take the sampling frequency into
account. Therefore, some steps before the IFFT is required to create the impulse responses of
the lIters, the following have been done:

1. Determine which frequencies that should be optimized for. This is determined by a start
frequency, f siart , @ stop frequencyf siop and a parameterf yins that controls the resolution.
E.g. if fpin = 2, every second frequency between start and stop will be a part of the
optimization.

2. The output of the algorithm gwpm, Needs to be zero padded so that the length of the
output have a connection to a given sampling frequencyfs. The amount of zeros that

31



3. System Design and Simulation Environment Group 20gr1076

needs to be added before and after the Itergwpm are de ned as followed:

f

Before = -2 =) feanr  foin (3.1)
stop

After= 152 Tstop (3.2)
foin ~ foin

3. The output from step 2 now need a DC component, which should be zero.

4. The new vector from step 3 then needs to be extended with a mirrored version, excluding
the DC component and the Nyquist sampling frequency.

5. The IFFT is then used on the output from step 4, and is shifted circularly with half of the
length of the output of the IFFT.

In gure 3.3 the impulses of all the lters are shown for a setup where: =0:9, =0:1, a bright
zone is located in [0.5, 2] and the center of the dark zone is placed at [-0.5, 2] with control points
placed in a 3 3 with a spacing between each control point of 0.05 m. Filters are calculated
from 300 Hz to 3.5 kHz in steps of 1 Hz, and the amount of loudspeakers in the line array are
29 spaced 0.05 m and with center in [0, 0]. The sampling frequency is set to 48 kHz, thus the
length of the output of IFFT is 48000 samples when the Iter calculations are in 1 Hz steps.

Figure 3.3: The calculated lters for each loudspeaker as impulse responses. The left plot shows all
impulses for all loudspeakers, where the right plot shows every 7th impulse zoomed so that the impulses
can be seen in more details.

In gure 3.3 it can be seen that ringing before and after the main pulse occurs. This is probably
a result of the zero padding of the Iter [27]. To test this, the same setup have been tested, but
this time, the lter are calculated from 1 Hz to 3.5 kHz, 300 Hz to 3.5 kHz, 300 Hz to 24 kHz
(half sampling rate) and 1 Hz to 24 kHz. The results can be seen in gure 3.4.
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Figure 3.4: Results of using di erent start and stop frequencies when calculating the lters. The plots
shows the e ect with and without zero padding.

As it can be seen in gure 3.4, the ringing becomes slightly less when the lIters are calculated

from 1 Hz to 3.5 kHz. However, the best results are obtained when there is no need for zero
padding. Calculating the impulse with less zero padding, also increases the amplitude of the
impulse. In gure 3.5 the impulses from gure 3.4 can be seen in the frequency domain from 20

Hz to 24 kHz

Figure 3.5: Impulse responses from gure 3.4 in frequency domain.

As it can be seen in gure 3.5, sharp edges with noise occurs where the zero padding is done.
This is probably the cause of the extra ringing seen in the time domain, thus calculating the
Iters from 1 Hz to 24 kHz will be preferable.

However, calculating a Iter for each frequency can, as mentioned earlier, be very time
consuming, as the wPM algorithm optimizes for each frequency. It could therefore be bene cial
to calculate the Iters with a lower resolution than 1 Hz steps. However, when calculating
the lters with lower resolution, less frequencies can be represented. This could be a problem if
di erent frequencies placed close to each other requires di erent Itering. Thus, if the resolutions
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is not high enough the ltering is assumed not to be accurate. Test to see how di erent frequency
steps a ects the amplitude response have been made and can be seen in gure 3.6.

Figure 3.6: Amplitude responses for di erent impulses calculated with di erent frequency steps. All
the amplitude responses are made with a 48000 points FFT.

It can be seen in gure 3.6 that less frequency bins provide more ripple in the lters compared to
the Iter calculated with 1 Hz frequency steps. However, as it can be seen, the biggest di erences
is happening in the low frequencies. Thus might not be a problem when using beamforming, since
beamforming works best at mid-range frequencies. To determine the impact that the introduced
ripple have on the performance of the beamforming, tests would be required to determine the
tradeo . Therefore frequency steps of 1 Hz will be used for further tests.

To see the regularization parameters, , in uence on the impulse response, tests with di erent
values of have been made. It was found, that e ects the impulse with more ringing when

it becomes smaller. A plot of this can be seen in gure 3.7. The setup is the same as described
above, just with di erent values of . Again, for readability, the impulses showed are the ones
used for the rst loudspeaker in the array beginning from left.

Figure 3.7: Impulse responses created for the same setup but with di erent values of the regularization
parameter .
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It can be seen in gure 3.7, that the amplitude of the impulse decreases when the value of
increases. This is probably a result of the decreased array e ort in the system with higher values
of . The increased amount of pre/post-ringing can also be a results of the fact that stabilize
the matrix inversion, where higher values provide a more stable system as described in section
2.2.1 right under equation (2.14).

To see the amplitude response of the lters and see how they behave at di erent frequencies, an
FFT have been performed on the impulses. The results can be seen in gure 3.8.

Figure 3.8: Amplitude response for the impulses seen in gure 3.7.

As it can be seen in gure 3.8, when decreasing the value of it introduces more ripple in
the amplitude response in the high frequencies, and gain in the low frequencies. It can also be
seen that all Iters calculated with a 0:0001 requires more than 0 dB gain at the lower
frequencies. This means that even though the impulses have amplitudes lower thanl, there

is still a risk that the Itered signal will over ow. E.g. a convolution between a sine wave with
frequency 300 Hz and amplitude 1, and the impulse for = 0:0001 will result in over ow and
therefore a distorted signal.

However, as it can be seen in gure 3.8, the boost in frequencies are outside the range where,
based on the size of the array, the beamforming will work best (mid-range frequencies). To see
if this holds for all the 29 Iters. The amplitude responses of the lters, band pass Itered from
300 Hz to 3.5 kHz, for each value of , can be seen in gure 3.9. Additionally, the band pass
Itered impulse responses can be seen in gure 3.10.
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Figure 3.9: All the amplitude responses for the impulses seen in gure 3.7.

Figure 3.10: Impulse responses created for the same setup but with di erent values of the regularization
parameter .

Figure 3.9 shows that some of the lters also boost the signal within the given frequency range
(300 Hz to 3.5 kHz). E.g. for 0:001 a boost is applied within the region of interest.
However as these lters are very dependent on the speci ¢ setup, simulations will be made later
to determine the value for used for the actual measurements.

As it can be seen in gure 3.10, a lot of the ringing in the lters are removed when using a band
pass lter as well as a decrease in the amplitude of the impulses. However, when band pass
Itering the lters, ringing in the impulse occurs as seen earlier in gure 3.4.
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