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Student : D. J. Su Advisor : S. F. Hsieh
Department of Communication Engineering
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Abstract

Traditional crosstalk cancellation is for two -loudspeakers. The most critical
problem bothering us is the effect of perturbation. In several literatures, we know that
multiple loudspeakers arrangement results in good performance of crosstalk
cancellation. In addition, it is more robust for perturbation than two loudspeakers
setup. In this thesis, we show different types of crosstalk canceller of multiple
loudspeakers arrangement and economical realizations with less computational
complexity is achievable. Perturbation analysis is proposed in comparing two and
three loudspeakers setup. The simulation results are used to compare their

performance numerically in this thesis.
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Chapter 1

Introduction

Using immersive audio techniques-it;is possible to render virtual sound sources in
3D space via a set of loudspeakers or headphones.-The goal of such systems is to
reproduce the same sound pressure: level-at the listener’s eardrums that would be
present if a real sound source was placed in the location of the virtual sound source.
However, reproducing the 3D sound via two or more loudspeakers will suffer from
several factors to degrade the performances, such as room reverberance, crosstalk
disturbance and imperfection of the loudspeakers. In this thesis, we will focus on
crosstalk cancellation.

Previous work [13] has investigated that the design of conventional crosstalk
cancellation systems which deliver binaural audio to a listener has the serious

constraint that the listener may not move. In many literatures, [2, 3, 4, 5, 6], have



demonstrated that the performance of crosstalk canceller suffered from head

movement and have mathematically calculated the robustness of crosstalk

cancellation system. The approach proposed in [1] is to track the listener and adjust

the loudspeaker signals to maintain the binaural transmission so that a more robust

crosstalk canceller is possible. Recent work [9, 23] has demonstrated that if a number

of loudspeakers is used which exceeds the number of points in the listening space, the

performance of such a system can be improved. In such case, the reproduction is

sought and has better immunity of the head movement. Therefore, multi-channel

sound reproduction is our main focus in this thesis.

In this thesis, we will discuss how to- synthesize the aural virtual reality

environment via multiple loudspeakers: We will foeus on how to reduce the crosstalk

and design different types of crosstalk canceller so that the 3D sound can be

reproduced at listener’s ear precisely. Also, we will discuss how to factorize the

crosstalk canceller matrix so that economical realizations and less computation are

possible. In addition, we will discuss the robustness of crosstalk canceller by

perturbation analysis. The perturbation analysis of different structures of crosstalk

canceller for multiple loudspeakers arrangement is shown in chapter 4.

This thesis is organized as follows. In chapter 2, we will introduce the properties of

HRTFs and discuss the problem of sound reproduction via headphones and



loudspeakers. Chapter 3 focuses on the design of crosstalk canceller using three

loudspeakers. Chapter 4 is the main part of this thesis; we will investigate the

robustness of crosstalk canceller and derive the optimum loudspeakers position for

different number of loudspeakers arrangement. In chapter 5, we will use computer

simulations to compare performances of different crosstalk cancellers and discuss the

robustness of crosstalk canceller. In chapter 6, we will make a conclusion to

summarize the results of the simulations.



Chapter 2

Transaural Stereo System

A transaural stereo system uses the binaural sound recording and reproduces them.
The system may have more than two loudspeakers. We will focus on the transaural
system with multiple loudspeakers. 1n this.chapter, we will first introduce how the
human localize the sound source by the principle of ITD (interaural time differences)
and ILD (interaural level difference).

In section 2.2, we will illustrate how HRTFs (head-related transfer functions) can
aid in distinguishing sound location from one position to listener. Section 2.3 will
investigate the problems encountered in binaural reproduction via loudspeakers and
the idea of crosstalk canceller will be presented in detail. In the last section, we will
investigate the design of the transaueal stereo system and two types of layout

reformatters will be presented in this section.



2.1 Spatial audio

The human hearing process is based on the analysis of input signals to the two ears
for differences in intensity, time of arrival, and directional filtering by the outer ear.
[11], [12] identified two basic mechanisms as being responsible for sound location
which are ITD (interaural time differences) and ILD (interaural level difference). As
described in [21], ITD and ILD cues that operated in different wavelength. For short
wavelengths (corresponding to frequencies in the range of about 4-20 kHz), the
listener’s head casts an acoustical shadow giving rise to a lower sound level at the ear
farthest from the sound source (ILD) as shown in Figure 2.1. (b). At long wavelengths
(corresponding to frequencies in the range of @about 20 Hz-1 kHz), the head is very
small compared to the wavelength; and localizationis based on perceived differences
in the time of arrival of sound at the two ears (ITD) as shown in Figure 2.1. (a). The
two mechanisms of interaural time and level differences formed the basis of what
became known as the duplex theory of sound localization. In the frequency range
between approximately 1 and 4 kHz, both of these mechanisms are active, which
results in several conflicting cues that tend to cause localization errors.

While time or intensity differences provide source direction information in the
horizontal plane, in the median plane, time differences are constant and localization is

based on spectral filtering. The reflection and diffraction of sound waves from the



head, torso, shoulders, and pinna, combined with resonances caused by the ear canal,

form the physical basis of the head-related transfer functions (HRTFs).

Interanral Time Difference Interanral Level Difference

Head shadow reduces sound
level at contralateral ear

Sound arrives first
at ipsilateral ear

<1000 Hz f> 4000 Hz

(a) (b)

Figure 2.1 The ITD and ILD. (a) In the low-frequency regime, sound is localized
based on differences in the time of arrival at each ear. (b) At higher frequencies, sound
localization is based on perceived level differences caused by head shadowing.

2.2 HRTFs

3D audio rendering systems are based on digital implementations of such
head-related transfer functions (HRTFs). In principle, it is possible to achieve
excellent reproduction of 3D sound fields using such methods, however, this requires
precise measurement of each listener’s individual HRTFs. In fact, the magnitude and

phase of these head-related transfer functions vary significantly not only for each



sound direction, but also from person to person. Current research [7] in this area is

focused on achieving good localization performance while using nonindividualized

HRTFs derived through averaging or modeling or based on the HRTFs of subjects that

have been determined to be “good localizer”. In [26], Begault found that there are

currently three major barriers in 3D audio implementations: 1) psychoacoustic errors

such as front-back reversals typical in headphone-based systems, 2) large amounts of

data required to represent measured HRTFs accurately, and 3) frequency and phase

response errors that arise from mismatches between nonindividualized and measured

HRTFs.

The HRTFs database we use-is;from MUT Multi-Media Lab in [27], each HRTFs

has 512 samples and with 44.1 kHz samplerate. The pickup of the HRTFs is a pair of

microphones embedded in the ears of a dummy head to simulate the ears of the

human head. The setup of the dummy head is shown in Figure 2.2. The spherical

space around the dummy head was sampled at elevations from -40 degrees (40

degrees below the horizontal plane) to +90 degrees (directly overhead). At each

elevation, a full 360 degrees of azimuth was sampled in equal sized increments. The

increment sizes were chosen to maintain approximately 5 degree great-circle

increments. In total, 710 different positions were sampled at elevations from -40

degrees to +90 degrees.



Sound

Source w

Figure 2.2 The setup of the dummy head.

2.3 Crosstalk Cancellation

A simple way to reproduce: the 3D sound is using headphones. Listening the
binaural signals via headphonescan avoid the crosstalk interference, since the audio
signals are sent solely to their own destination. Because the listener would feel the
virtual sound image exists inside the head and be unable to provide sufficient realistic
perceptual feeling. Hence, using headphone for 3D sound might not be proper. To get
rid of the phenomenon, we would replace the headphones with two or more
loudspeakers.

In the case of conventional crosstalk canceller, this situation states playbacking the
binaural signals via a pair loudspeakers for one listener. However, the left ear of

listener received the sound not only from the left loudspeaker but also the right



loudspeaker and vice versa. This phenomenon is called crosstalk. These crosstalks
would disturb the directional perception in 3D sound reproduction since it would
change the spectrum, conveying the direction perception cues of the audio signals. In

order to eliminate the crosstalk, the crosstalk cancellation should be introduced.

2.3.1 Problem Formulation
The algebraic structure of transaural stereo will be developed with the aid of Figure
2.3. In that figure, N program signals X, X,;=.-,x, are to be used to create M

loudspeaker signals y,,Y,, -, ¥y sWhich in-turn result in L ear signals s;,s,,-,s, .

Let these three sets of signals be represented by the vectors

x=[x % - x (2.1)
y=[% Y. - Yul (22)
s=[s, s, - s (2.3)

where T denotes matrix transposition. Next, define three matrices of transfer functions.

First let G be an LxM matrix, the acoustic matrix, such that element g; is the

transfer function to the ith ear from the jth speaker. Similarly, let C be an M xN

matrix, the crosstalk canceller matrix, for which c; is the transfer function of the



el ]

Crosstalk canceller C

U -
1@2 3@4"'L’-10®L °

Figure 2.3 Signal and transfer function definitions for transaural stereo.

crosstalk canceller from jth input to the ith output‘of the network, and let D be the
LxN matrix of desired transfer functions describing the overall transfer of signal
from the inputs of the crosstalk canceller-to the ears, for which d; is the transfer
function to the ith ear from the jth crosstalk canceller input. With this notation in place,
the acoustic propagation can be written as the matrix form

s=Gy, (2.4)
the action of the crosstalk canceller can be written

y =Cx, (2.5)
and the desired transfer of signals is

s =Dx. (2.6)

From these, a solution is found by solving

10



GC=D (2.7)
for C. In this thesis, where N=2, M =2,3,4andL=2sothat Gisa 2xM matrix,
Cisan Mx2 and GC results in a 2x2 desired transfer matrix D. In order to
deliver the binaural signals to listener precisely so that D must be an identity matrix.

Thus, we will find the crosstalk canceller by solving G, ,,C,,., =1,., in chapter 3.

11



Chapter 3

Crosstalk cancellers

To achieve good reproduction of 3D7audio it is necessary to precisely control the
acoustic signals at the listener’s-ear. The simplest way to do this is to deliver binaural
signals through headphones. However, in many applications, e.g., home entertainment
environment, spatialized video-conferencing, it is preferable that the listener is not
required to wear headphones. If loudspeakers are used to deliver binaural signals, the
crosstalk signal that arrives at each ear from the other loudspeakers must be canceled.
This is achieved by pre-filtering binaural signals before send to loudspeakers and is
shown in Figure 3. 1.

In this chapter, we will discuss difference structures of crosstalk canceller of three
loudspeakers arrangement. In addition, economical realizations, less computations

and performance comparison are our main focus.

12



Crosstalk
Canceller

______

Figure 3.1 Crosstalk cancellation system (Atal and Schroeder in 1963).

3.1 Conventional Two Loudspeakers Arrangement

First, we consider the typical crosstalk canceller. Assume a symmetrical case here.
This case has two channels, two loudspeakers, and two ears, as shown in Figure 3.1.

The acoustic transfer function matrix G(Z) is

_19(2) 9.(2)
G(Z){gzm gl(z)} ¢

In order to reproduce the binaural signal at each ear, C(z) must be the inverse of the

acoustic transfer function matrix G(z), so that

13



c(2) 1 {91(2) g

“TO-E @ -2 o

(ZZ))} (3.2)

From Eq. (3.2), it requires four filters to realize crosstalk cancellation which has
heavy computation load. However, some simplification is possible in implementation.
In 1989, Cooper and Bauck proposed shuffler structure which C(z) can be factored
by the standard diagonalization technique of finding its eigenvectors and eigenvalues.

This results in the shuffler form.

iy

2(0,(2)-9,(2))
The structure of the shuffler form crosstalk canceller-is shown in Figure 3. 2. We can

see only two filters > and A“.are needed, unlike the conventional four filters in

Figure 3.1.

Figure 3.2 Shuffler filter structure (Cooper and Bauck in 1989).

14



In our approach, we adopt the FIR filter and use the least square error method to

find out the finite impulse responses of the filters in Eq. (3.3). Let

1

Z(z)zm (3.4)
and
B 1
A(Z)_—gl(Z)—gz(Z) (3.5)
then we can obtain two equation as follows:
2(2) 6:(2)+2(2)-9,(2) = dy(2) (3.6)
A(2)-0:(2)-A(2)-0,(2) =, (2) (37)

where d,(z) and d,(z) are the signal that we want to approximate . In the matrix

form, these two equations can be expressed as follows:

Ge=D (3.8)

ERA AR 6
where G, and G, represent the convolution matrices of g,[n]+g,[n] and
9,[n]-g,[n] . respectively. The vector x={z[0] =[1] - =[J —1]} and
A={a[0] a[1] - a[J-1]} represent the inverse FIR filters with J taps. The
desired response d, ={d,[0] d[1] -+ d[K+J-2]}={1 0 O --} fori=1,2
represents the impulse response in time domain, where K is the number of taps of the

transfer functions.

In this method, we want the convolution sum approaches D[i] fori=0,1,2...

15



K+J-2 such that the following square error as small as possible.
e’=|D-G-¢[’ (3.10)
The least square error solution can be shown as
(G'G)-c=G'D (3.11)
c=(G'6)'G'D (3.12)
Hence, the FIR filter would be
z={c[0] c[1] - c[I-1]} (3.13)
A={c[I] c[I+1] - c[23-1]} (3.14)
It should be mentioned that thevdesired signal can not be the pure impulse. It
requires an extra delay to decrease the least square error while approximating the
desired signal. The extra delay we choice is typically the half of the inverse FIR filter

order.

3.2 Three Loudspeakers Setup

Next, we look at the situation depicted in Figure 3.3, a symmetrical arrangement of

three loudspeakers and one listener. We have

9(z) 9:(2) 9.(2)
0= g,2) 6 gl(z)} 419

It should be mentioned that the solution of crosstalk canceller is not unique. Since

there are three variables to be solved from only two equations. Thus, there exist an

16



infinite number of solutions of C,(z). In the following sections, we will discuss

some possible solutions of crosstalk canceller of three loudspeakers geometric and

illustrate how to find the crosstalk canceller.

|2

Crosstalk canceller C,,,

Figure 3.3 Geometry and transfer functions for three loudspeakers.

3.2.1 Direct Forward Type
This structure has proposed by Cooper and Bauck in [10]. In order to reproduce the
binaural signal at both ear accurately, the general solution is that C(z) must be the
pseudoinverse of G(z) as shown below
G'(2)=G"(z)(G(2)G" (2)) (3.16)
hence, the crosstalk canceller C(z) is

C(2)=G*(z) (3.17)

17



in which

and

Figure 3.4 The structure of the direct forward type crosstalk canceller.
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(3.19)

(3.20)

(3.21)

(3.22)

(3.23)



The structure of the direct forward type crosstalk canceller is shown in Figure 3. 4.
To perform these filters directly causes C, (z) unstable due to the denominator of

C, (z) has non-minimum phase. Thus, in order to avoid the stability problem we can

find these filters by using the least square method

3.2.2 Least Square Forward Type

In order to overcome the problem of stability, we can find the crosstalk cancellation

filters by using the least square method. The structure of this type crosstalk canceller

is same as Figure 3. 4. Our goal is that C(z) multiplied by G(z) equals an identity
matrix 1, , with some extra delay=Since symmetric.arrangement, the four equations

need to solve become two equations as‘'shown below

9,(2)C,(2)+9;(2)C,(2)+9,(z)C,(z)=d(2) (3.24)
gz(Z)Cl(Z)+gs(Z)C2(Z)+gl(Z)Cg(Z)ZO (3.25)
In the matrix form:
Gc =D, (3.26)
& & &
¢ |= (3.27)
G, 6, 6] |o

where G,, G, and G, represent the convolution matrices of g,[n], g,[n] and

g;[n], respectively. The vector ¢, fori=1,2, 3 represent the FIR filters with J taps.
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The desired response d :{0 0O - 10 } represents the impulse response
with K+J-1 taps and J/2 modeling delay in time domain. O represents the zero
vector with K+J-1 taps. Thus, the least square error solution can be obtained by Eq.

(3.11) and Eq. (3.12) then the FIR filter would be

¢ ={c[0] c[1] - c[I-1]} (3.28)
o ={c[I] c[I+1] - c[2I-1]} (3.29)
o ={c[23] c[23+1] - c[33-1]} (3.30)

This type crosstalk canceller requires six FIR filters and causes complex calculation.

In the next section, we will focus onsfactoring thie crosstalk canceller matrix C(z) S0

that economical realizations are-possible.

3.2.3 Shuffler Structure

This structure has proposed by Cooper and Bauck in [10]. Eq. (3.18) is useful in
showing that six filters are required, but of the six there are only three specifications.
Noticing that if we ignore the middle row of Eq. (3.18), the remaining elements have
the same symmetric form as Eq. (3.2), and we can benefit from the factorization of Eq.
(3.3). With this aid, we can write the factorization of Eq. (3.18) by inspection,

reinserting the middle row:
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[Cu(2)+Cy(2) o
10 1 5 -
c(z)=|0 1 C,(2) 0 L _J (3.31)
10 -1 . C,(2)-C,(2)
2
2,(2
10 1 2() 0 -
-0 1 0|C(z) o L _J (3.32)
10 -1 A, (2)
° 2

The shuffler topology of three loudspeakers setup is shown in Figure 3. 5. It can be
shown that of the three loudspeaker signals vy,, vy, and y,, y, and y, are
created from the symmetric combination of x, and x,, one signal can be found from
the other by replacing x, by x, andvice versa: In addition, y, is formed of only a

filtered x,+x, signal. If G(z) are real-valued, then

. (2)= 91(2)"'922(2) (3.33)
) (9,(2)%92(2)) +29:(2)

C,(2)= 93(2)2 (3.34)
) (9.(2)+9.(2)) +29i(2)

1

" 0,(2)-09,(2)

Note that these filters become identical to the corresponding filters of crosstalk

A, (2) (3.35)

canceller of Eg. (3.3) when gs(z):o. The impulse response of these filters are

shown in Figure 3.6, Figure 3.7 and Figure 3.8.
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Figure 3.5 The shuffler topology of three loudspeakers geometric (Cooper and
Bauck in 1996).
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Figure 3.6 The impulse response of the filter 2., .
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Figure 3.7 The impulse response of the filterC, .
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Figure 3.8 The impulse response of the filter A,.
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3.2.4 A Simplified Shuffler Form

As described above, the direct forward type requires six filters to realize crosstalk
cancellation and has heavy computation. Although the shuffler structure requires
fewer filters than direct implementation, the crosstalk cancellation filters of such
structure are not easy to realize. In this section, we derive one possible solution of
crosstalk canceller, that is, a simplified shuffler form, in which only two filters are
needed to realize crosstalk cancellation. In addition, the crosstalk cancellation filters
of this structure are easier to implement than those in shuffler form.

Now, we illustrate how to find:C. Ideally, G,.C,,=1,,. Since symmetric
arrangement so that G, ,C,, resultsintwo eguations as follows:

C,(2)9,(2)+C5(2)0,(2)+C;(2)9,(2) =1 (3.36)
C.(2)9,(2)+C,(2)9,(2)+C;(2)9,(2)=0 (3.37)
From Eq. (3.36) and Eq. (3.37), there are three variables to be solved by two
equations so that there exist infinite solutions of C,(z). The C;(z) we find here is
one possible solution. First, by subtracting and adding Eq. (3.36) and Eq. (3.37), we

have

C.(2)-Cy(2)=——t (3.38)

9:(2)-9.(2)

(C.(2)+Cy(2))(9:(2)+9,(2))+2C,(2)9,(2) =1 (3.39)

In order to cancel the right-hand-side of Eqg. (3.39), we then choose
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C,(2)

In addition, g,(z)+9,(z)#

1
_293(2)

0 so that

C.(2)+C,(2)=0

From Eqg. (3.38) and Eq. (3.41), we can obtain:

C.(z)

C.(2)

1

-1

- 2(91(2)_92(2))

" 2(0,(2)-9,(2))

Thus, one possible solution of crosstalk canceller can be:

1 -1
9:(2)-9,(2) 9(2)-9.(2)
1 1
95(2) g:(2)

-1 1

| 9u(2)70:(2)

9,(2)-9.(2)

(3.40)

(3.41)

(3.42)

(3.43)

(3.44)

Also, we can utilize the factorization as:described in section 3.2.3. If we ignore the

middle row of Eq. (3.44), the remaining elements have the same symmetric form as

Eqg. (3.2), then we can benefit from the factorization of Eq. (3.3) and we can write the

factorization of Eq. (3.44) by reinserting the middle row as shown below

=

0 1 0

1 0 L

0—193(2)
0
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The structure of this type crosstalk canceller is shown in Figure 3. 9 and the impulse
response of these filters are shown in Figure 3.10 and Figure 3.11. Obviously, this
structure is easier to implement than direct forward type and shuffler form. In addition,
it requires only two filters so that economical realization and less computation can be
achievable.

It should be mentioned that only the sum signal x +x, is fed to the center
loudspeaker, and only the difference.signal J_r(x1 — x2) is fed to the side loudspeakers.
One side gets the same signal-as the other side" loudspeaker, but inverted in sign.
Feeding the side loudspeakers “with “opposite sign signals is similar to a dipole,

especially when the side loudspeakers are placed close together as described in [17].

1/2 yl

Figure 3.9 The simplified shuffler structure of crosstalk canceller for three
loudspeakers arrangement.
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Figure 3.10 The impulse response of the filter H,.
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Figure 3.11 The impulse response of the filter A,.
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3.2.5 A Simplified Shuffler Form of Four Loudspeakers

Arrangement
Similarly, we can extend to four loudspeakers and derive the simplified shuffler
form. In this case, we deliver the binaural signals to listener via four loudspeakers as
shown in Figure 3.12. Under symmetric arrangement, the acoustic matrix Gisa 2x4

matrix and the crosstalk canceller matrix C isa 4x2 matrix as shown below

[80) %) 5@ a0

SO 0,0) 0 0 ue) (253
c.(2) c(2)

0 it ey
6. (@) G, (2)

Figure 3.12 Geometry and transfer functions for four loudspeakers.
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In addition, our desired transfer function matrix D is a 2x2 identity matrix. Thus,

we can obtain two equations as follows
C,(2)9,(z)+C,(2)9,(z)+C5(2)9;(2)+C,(2)9,(2)=1 (3.55)
C.(2)94(z)+C,(2)9:(2)+C4(2)9,(2)+C,(2)9,(2)=0 (3.56)

By subtracting and adding Eq. (3.55) and Eqg. (3.56), we have

(3.58)

We can further obtain

(3.59)

and

C.(2)=Cy(2) = (3.60)

9.(2)+9:(2)
then one possible solution of crosstalk canceller can be

1 -1
0.(2)-9.(2) 9.(2)-9.(2)
1 1
9.(2)+8:(2) 9,(2)+0:(2)
1 1
9.(2)+9:(2) 9,(2)+0(2)
-1 1

16:(2)-9.(2)  6:(2)=9.(2)

(3.61)

Using the factorization as described in section 3.2.3, we have

29



Fﬁ” S

The structure of this type crosstalk canceller is shown in Figure 3.13. Same as the
simplified shuffler form of three loudspeakers setup, it requires only the inversed-sum
filter X,(z) and the inversed-difference filter A,(z) to realize the crosstalk
canceller.

It should be mentioned that the approach we propose here is only one possible
solution. There must be lots of different-implementation of crosstalk canceller for four

loudspeakers arrangement.

Figure 3.13 The simplified shuffler structure of crosstalk canceller for four loudspeakers
arrangement.
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3.2.6 Reduced-Order Modeling
In order to efficiently reduce the orders of the model, we use pole-zero models to
approximate the impulse response of FIR filters. Here, we use Prony appoximation

method to model. Either model can be expressed by the system function:

_B(z2)  Xi,b (k)"
CO= @) Trena, (0 (569

The Prony approximation wants to minimize the error:
E(z)=A,(z)x(z)-B,(2) (3.64)
where x(z) is the system’s impulse response that we want to model. Since

b, (n) =0 for n>q, we may write theerror explicitly for each n as follows:

e(n)= X[n]+z|p=1ap[I]X[n_l]_bq[n] ; n=01,...,q
" {X[”]+Z|'llap[l]x[n—l] . n>q (3.65)

Prony approximation begins by finding the coefficients ap(k) that minimize the

square error

P 2

oy = 3 Je[n] =3 [x[n]+ D, [1]x[n-1] (3.66)

n=q+1 n=q+1 1=1

Form this equation, we know the modeled impulse response i[n] approximates
x[n] without error over the interval [0,q]. However, there is modeling error
between x[n] and X[n]. We will discuss how the modeling error affects the

performance of crosstalk cancellation in chapter 4.
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Chapter 4

Perturbation Analysis

The main disadvantage of crosstalk.canceller. system is that it is critically dependent
on the listener’s head being in-a fixed design position, the so called “sweet-spot”.
Many studies have shown that the lateral movement-away from the design position of
as little as a few centimeters results in 10ss of the 3D audio effect. In this chapter, we
will discuss the robustness of two and three loudspeakers arrangement. The analysis
of shuffler form and simplified shuffler form are our main focus here.

In addition, we will focus on the performances of crosstalk suppression, and see
how perturbations or modeling errors of these inverse filters will affect the crosstalk
suppression in the crosstalk canceller. In the following section, we will discuss which

type of crosstalk canceller has better immunity to perturbation.
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4.1 Perturbation Analysis for Filter Modeling

First, we will investigate the robustness of crosstalk canceller due to filter modeling
error as shown in Figure 4.1. Ideally, the product of C, and G results in an
identity matrix. After modeling, C, becomes C, which means there are modeling
errors inC, . Hence, the product of C, and G is no longer an identity matrix, since
the modeling error affects the performance of equalization and crosstalk cancellation.
In this section, we will analyze how the modeling errors affect the performance of two
and three loudspeakers shuffler forms and simplified shuffler form, since their

structures are similar.

I

[

Crosstalk canceller C, =C,

1 2 M ( After modeling )
O

Figure 4.1 The geometry of crosstalk cancellation system for multiple loudspeakers after
filter modeling

|
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4.1.1 Analysis on Shuffler Form of Two Loudspeakers Setup

From Figure 3.2, we can derive the relation between Y and X in a matrix form.
Y, +A 2 -A || X
AR z ! (4.1)

Y,| 2|2-A 2Z+A|| X,
After modeling, the filters >~ and Awill be changed to be >, and A, with
modeling error e, and e,,, respectively, so that the relation between Y, and X can
be written as follows:

Y+,l _ 1 _z+ +A+ z+ _A+ Xl

Y+,2 - 2 _z+ _A+ z+ +A+ XZ

[ Xe  ¥A+e,, X4e,-A-e, |[ X,
_Z+e511—A—ed'l 2+e, +A+e || X,

} (4.2)

where Y,, and Y, , representthe perturbed signals-sent to the loudspeaker pair. The

modeling errors after crosstalk cancellation-can be expressed as follows:

1 esy +e' es’ —e’ g
E2,Shufﬂer=_|: b ' dl”: l} (4.3)

2 es,l_ed,l es,1+ed,l g,

Now, we begin the analysis. First, we factorize the filters > and A as shown

below
= 1 :i. L (4.4)
%+9, O 1+F
Aot 1.1 (4.5)
9.-9, G 1-F
In Eq. (4.4) and Eq. (4.5), we let
F=2 (4.6)
9



1 1

% 1+F 0
1

X, RN BN
- 1-F g1

Figure 4.2 The factorized two loudspeakers shuffler form.

Thus, we can obtain the structure as:shown in‘Figure 4.2. It should be mentioned that

we focus on the perturbation of Fidue to filter modeling so that we assume there are

no modeling errors in 1/g, . By utilizing Taylor series, we have

Z:i-[“i(—F)"} (4.7)

9,

n=1
A:i-{uilﬂ (4.8)
9 L =

After low order filter design, F becomes F, with filter modeling error ¢, i.e.

e=F -F (4.9)
Therefore, we have
_1 1
g, 1+F,
1

:_.[1_(F+e)+(F+e)2_(F+e)3+..}
g

:gil-{ui(—l)“(F vy | (4.10)

n=1
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Using binomial series, we can obtain

o0 n o0 n n n
~ L (F) (Y [ ]ekF” (411)
gl n=1 n=1 k=1 k
Similarly,
N
g9, 1-F,
l w n RN n kK —=n-k
=—|1+D F"+> [ ]e F (4.12)
gl n=1 n=1 k=1 k
We then have
eslzz‘q_Z

1 % K= n-k

- e‘F

91 nZ: k=l ( ]

i( “e+2eFde’ ~3eF +3’F-e’+-)  (4.13)
g

Assume (2eF —¢)> (e2 —3eF2+3e’F —¢° +) so that

e, =—(2F-1)e (4.14)

and

s8{1)or

(e+2eF +e* +3eF* +3e’F +¢° +---) (4.15)

Assume the common error e much small so that
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edllzi-(ZF +1)e (4.16)

1

Thus, the modeling error vector can be written as follows

2Fe -
EZ Shuffler = i{ ° ° }{gl} (417)
’ 0, ¢ 2Fe]lo,

To further simplify this analysis, we will assume vectors are reduced to scalars,

g, =1 and g,=r to account for interaural intensity difference. Hence, F =r and

the error vector can be rewritten as

2re —e || 1
EZ,Shufﬂer; —e 2re r

er
- {e (o1 _1)} (4.18)

The first element of this error vector indicates the error of equalization part and the
second element represents the error of crosstalk part due to the filter modeling. In [20],

the author has investigated the perturbation analysis on direct forward type 2. The

E_l 0 elll
27 1-r%|e Ofr

! {er} (4.19)

T1-r?e

error vector can be derived as

It is difficult to compare which structure has better immunity of the perturbation. We

will make more detailed comparison from simulated results as shown in chapter 5.
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4.1.2 Analysis on Shuffler Form of Three Loudspeakers
Arrangement

Also, we take the same analysis on shuffler form of three loudspeakers arrangement

and derive the modeling error vector for comparison. In the same way, we derive the

relation between Y and X in the shuffler form crosstalk canceller of three loudspeakers

arrangement as follows:

- . _
Y, E(zz +A,) E(zz —A,)
Y, |= C, C, {Xl} (4.20)
Y, |1 1 X2

’ E(zz —A,) E(Zz +A,)

After modeling, the filters 2, ,+C, ;and A, will'be changed to be 2,,, C,, and
A,, with modeling error e, e , ande;,, respectively, so that the relation

between Y, and X can be written asfollows:

1 1
Y+1 E(Z+,2 +A+,2) E(Z+,2 _A+,2)

) Xl
Y+,2 = C+,2 C+,2 X
2

1 1
3 E(Z+,2 _A+,2) E(Z+,2 +A+,2)

1 1

E(zz €, +A2 +ed,2) E(zz € _Az _ed,z)
X

= C,+e,, C,+e,, {xl} (4.21)

1 1 ?
E(Zz €2 _Az _ed,z) E(zz +€s 2 +A2 + ed,z)

whereY,,, Y,, and Y,, represent the perturbed signals sent to the loudspeakers.

Then the modeling error after crosstalk cancellation can be expressed as follows:
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Figure 4.3 The factorized three loudspeakers shuffler form.

1
_(es.2+ed,2) €2 1(es,z_ed,z) 9
2

2
E3,shufﬂer = 1 1 g3 (422)

E(es,Z_ed,Z) €. E(es,2+ed,2) 9,

Now, we begin the analysis. First, we factorize. the filters >,, C, and A, as

follows:
1 1 1
22: 91+292 2 - :g__ 21+F (423)
(91"‘92) +20; 1 1+2( 05 j
0,+0,
C,= % _1. (91+922)932. ! (4.24)
(9,+9,) +29; 9 (9,+9,) +29; 1+F
1 1 1
A = - (4.25)
? 9,0, 0, 1-F

where F is described in section 4.1.1. Thus, we can obtain the structure as shown in

Figure 4.3. The filters H, and H, in Figure 4.3 are shown below



1
H, = >
1+2(g3 ]
9.+0; (4.26)
oo (6:+0:)9
(9,+9,) +203
By utilizing Taylor series, we have
1 1 d "
>, =—- . ~{1+Z(—F) } (4.27)
o 1+2(93 J "
9,+0,
c,-L. (91+922)93 2{1+§(_F)ﬂ (4.28)
9 (9,+9,) +209; )
1 =
AZ:—-{1+ZF } (4.29)
9 =i

After low order filter design, F becomes: F_ with filter modeling error e as described

in Eq. (4.9) so that we have

- -[1-(F+e)+(F+e)2_(F+e)3+.-}

1 1

_L : -[1+§(—1)”(F +e)“} (4.30)

" 2[93 j
9, +9,

Using binomial series, we can obtain

Z+,2=gi- 1932-{1+Z(—F)"+ii(—l)"[£jekF”‘k} (4.31)
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Similarly,

1 (%+9)9, 1
9 (g1+gz)2+zg§ 1+F+

+,2

=i_ (g1+92)g3 ~[l+i(—|:)n+i

9 (g,+9,) +292

(—D“@ekF } (4.32)

n=1 n=1 k=1
A+2:i' 1
’ gl 1_F+
l - n O R n kK = n-k
Ly ey [ ]e 2 (4.33)
gl n=1 n=1 k=1 k
We then have
eszzz+,2 Z2
s} n n n
e 43751 W e
1 1+2[ g3 ] n=1 k=1 k
0, +0;
1 1 2 2 2 3
== ;-(~eF2eF+e’ —3eF* +3e’F —e’+-)  (4.34)
9, +0,

Assume (2eF —e)> (e2 —3eF?+3e’F -¢° +) so that

e Zzi- ! --(2F -1)e (4.35)

E 2(93

0.+0,
Similarly
2 _Cz

ec,2 = +,

:i_ (g1+g:)g3 . . - i(_l)n(nJean—k
9 (9,+0,) +29; wia K
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1 +
-1 (070 _.(2F -1)e (4.36)

(2F +1)e (4.37)
To further simplify this analysis, we will assume g,=1, g,=r and g,=a where

r <a <1. Hence, the modeling error vector can be rewritten as

1 1

_(es,z +ed,2) €2 _(es,z _ed,z) 1
E3,shufﬂer = i i [04
_(esl _ed,2) €2 _(es,z +ed,2) r

2 2

1 1
E(es,z +ed,2)+aec,2 +Er(e5r2 _ed'z)

=1 ] (4.38)
E(es’2 — & Aae, , +Er(e5’2 +€4,)
From the first element of Eq. (4.37), thatis;the equalized error:
lea| = 1(1+ r);z(Zr—l)e+a- L > a<2r_1)e+£(1—r)(1+2r)e
2 ( a j ( a j 1+r 2
1+2| — 1+2| —
1+r 1+r
(4.39)

Assume 2r—1>0 so that the coefficients of common modeling error e are positive.
Thus, the norm of equalized error can be rewritten as

%(1+ r)(2r —1)e+a~w+l(l— r)(1+2r)e

lea < e 12

eB(H r)(2r —1)+%(1— r)(1+2r)+e’(2r —1)2(—0}”
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= e{r+a 2r 1 i
i=0

=[el-

r+a’(2r- 12 (4.40)
i=0

If r> a2(2r—1)i(—r)i,thus

i=0

Jea] <]le]-Ir| (4.41)

Also, the second element of Eq. (4.37), that is, the crosstalk error:

L a<2r_1)e—%(1—r)(1+2r)e

ler || = ; 1+r)—1 ~(2r-1)e+a- T
1+2(“) 1+2(“j o

1+r 1+r
(4.42)

Assume 2r-1>0 and r closes toj «r -Thus..the*norm of crosstalk error can be

rewritten as

M B a(2r=Dent
||cr|| 1+r)(2r le+a- T 2(1 r)(1+2r)e
1 1 >
=|e E(1+ r)(2r—1)—§(1—r)(1+2r +a®(2r-1) z }H
L i=0
=lle (2r2—1)+a (2r-1 i H
i i—0 i
~[e]-|(2r* -1)+ 2? (2r 1) 3 () (4.43)
i=0
If ‘Zr —]4 > | 2r 1) 3 (—r)i , then
i=0
Jor = e]-|2r* -1 (4.44)

The result in Eqg. (4.40) indicates that the norm of equalized error is smaller than that

43



of Eq. (4.17). It means that three loudspeakers shuffler form is not sensitive to
equalized error. Eq. (4.43) denotes that the norm of crosstalk error is similar to that of
Eq. (4.17) which means three loudspeakers shuffler has the same immunity as two
loudspeakers shuffler to crosstalk error. Thus, we can see that three loudspeakers
shuffler form has better immunity of filter modeling than two loudspeakers shuffler

form. But, the filters of three loudspeakers shuffler form is more complex.

4.1.3 Analysis on Simplified Shuftler Form
In this section, we will take the perturbation-analysis on filter modeling of the
simplified shuffler form. From Figure 3.6, we can derive the relation between Y and X

as shown below

Yl 1 3 _As X

Y, |==| H, H, { 1} (4.45)
2 X,

Y3 _Aa 3

After modeling, the filters H, and A, will be changed to be H,, and A,, with

modeling error e, , and e,,, respectively, so that the relation between Y, and X

can be written as follows:

Y. A, A,
1 1 3 3 Xl
Y+ 2 |75 H +,3 H+ 3
272 e T x,
Y+,3 _A+,3 +3
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L A3+ed,3 —A3+ed'3
= Hy+e,; Hy+e,, {xl} (4.46)

2
—A;+€, A+ €3

It should be mentioned that the filter H, includes the information of g, only and
the filter A, does notinclude g, as depicted in Eq. (3.45) and Eq. (3.46). Therefore,

the modeling error e, , and e,, are uncorrelated. Then the modeling error after

crosstalk cancellation can be expressed as follows:

g
£ 1{ed,3 €hs _ed,3i| '

3,simplified — E 0, (4-47)
9

_ed,3 €y 3 €4 3

Now, we begin the analysis. Since the filter "H,_without the information of g, and

g, so thatwe factorize filter A; as follows

I W< e (4.48)

9:— 90, 9, 1-F

where F is described in section 4.1.1. Thus, we can obtain the structure as shown in

Figure 4.4. By utilizing Taylor series, we can obtain

=3 {1+ZF } (4.49)

After low order filter design, F becomes F, with filter modeling error e as described

in Eq. (4.9) so that we have

AzlL

+,3

9 1-
:gi[ +(F+e)+ (F+e)2+(F+e)3+---}
1.

9

{l+i F+e) } (4.50)

n=1
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Figure 4.4 The factorized three loudspeakers simplified shuffler form.

As before, using binomial series,s0 that

A =i.[1+zF” ) [:jekF”k} (4.51)

We than have

I—‘,‘_P|I—‘
o
I
N
=
I
N

:—(e+2eF +e”+3eF? +3e°F +e3+---)

;i-(ZF +1)e (4.52)

9

In addition, the modeling error of H, is
eys=H, s —H; (4.53)

and the modeling error vector can be written as follows
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L eFie e, —L.(2F+1)eg,

E3,simplified ;% g;_ 1gl gs (454)
-—-(2F+1)e e,; —-(2F+1)e || g,
9 0

To further simplify this analysis, we will assume g,=1, g,=r and g,=a where

r < a <1. Hence, the error vector can be rewritten as

1| (2r+l)e e,; —(2r+1)e !
E, simplified = ’ a
‘ 2| —(2r+1)e e,,; (2r+1)e )

C 1 (X-r)(2r+l)e+ae,,
__{—(1—l‘)(2r+1)e+aeHJ (4.55)

2
From the above result, it is difficult to make theoretical comparison between Eq. (4.55)

and Eq. (4.18) or Eq. (4.38). Since the;modeling error e, , is uncorrelated with e

in Eq. (4.55). In chapter 5, we-will discuss which structure is more robust for filter

modeling error from simulated results:

4.2 Perturbation Analysis for Head movement

In this section, we will investigate the robustness of crosstalk canceller due to head
movement. In addition, we are interested in which loudspeaker positions can result in
a robust crosstalk canceller. Head movement, changes the default acoustic matrix G

to a perturbed acoustic matrix G, as shown in Figure 4.5. Thus, the product of C

+

and G, isno longer an identity matrix. The perturbation analysis of head movement
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will be shown in following sections.

|>

| s

Crosstalk canceller C

A Ry

G=0G,

Move .7 ( dye to head movement )
> i
1 2 | )

Figure 4.5 The geometry of crosstalk cancellation system for multiple loudspeakers
due to head movement.

|

First, we consider the shuffler form of-two loudspeakers arrangement as shown in

Figure 3.2. The crosstalk canceller of this structure is shown in Eq. (3.3). Ideally,

GC=1. If the head moves, G becomes G, so that G,C=1. It is because the

error exists between G and G, . By defining the acoustic channel error 6G, as

o 1)
5G, =[ 9 glz} (4.56)
5921 5g22
The acoustic channel error after crosstalk cancellation can be written as
EZ,Shufﬂer = §GZC2,Shufﬂer
:1 2(5911+§g12)+A(5911_5912) Z(5911"'5912)_A(§g11_5912) (4 57)
2 Z(5921"'5922)"'A(5921_5922) Z(5921"‘5922)_A(5921_5922)
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The diagonal elements of this error matrix denote the equalization error and the
off-diagonal elements represent the crosstalk error.
Now, we consider the simplified shuffler form of three loudspeakers arrangement

as shown in Figure 3.6. The crosstalk canceller of this structure is shown in Eq. (3.46).

If the acoustic channel error 6G, is

o o o
563 _ |: gll glz gl3:| (458)
5g21 5922 é‘923
then the acoustic channel error after crosstalk cancellation can be written as
E3,simplified = 563C3,simp|ified
:1|:H35912+A3(§gll_5913) H35912_A3(5gl1_§g13)} (459)
2 H35922+A3(5921_5923) H35922_A3(5921_5923)

Next, we consider the simplified shuffler form of four loudspeakers arrangement as

shown in Figure 3.8.. The crosstalk canceller of this structure is shown in Eq. (3.62).

Denote the acoustic channel error 6G, as

5G4 _ |:§gll 5912 5913 5gl4:| (460)
5921 é‘922 §g23 §g24
then the acoustic channel error after crosstalk cancellation can be written as
E4,simp|ified = 5G4C4,simplified
:1{24 (5912 +5ng)+A4 (5911 —5914) 2 (5912 +5g13)_A4 (5911 _5914)}(4 61)
2 Z4 (5922 +5gz3)+A4 (5921 _5924) Z4 (5922 +5923)_A4 (5921 _5924)

It should be mentioned that the above analysis is not complete yet. Since we can’t find
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a common channel error exists so that there is no relationship between these
acoustic channel errors. Therefore, it is difficult to compare which structure is more
robust for channel error from Eq. (4.57), Eq. (4.59) and Eq. (4.61). Therefore, we
will discuss how the changed channel affects the performance of crosstalk

cancellation by calculating the condition number of G.

4.3 Optimum Loudspeakers Position for Robust
Crosstalk Canceller
As shown in Figure 4.5, G indicates the perturbed acoustic transmission path
which can be represented as
G,=G+6G (4.62)
where 6G denotes the channel error, thus
G.C=(G+5G)C=1,, (4.63)
If C can be adjusted by 6C so that
(G+6G)(C+5C)=1,, (4.64)
From linear systems theory in [26], we can obtain that

locl

g <Ie el
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=c7lc|l- =1L
=cond {G}% (4.65)

Eq. (4.65) shows that the adjustment of C can be bounded by the condition number of
G. The larger condition number of G indicates that crosstalk canceller C is sensitive
to the channel error 6G. Thus, we can call such C is nonrobust for channel error.
Conversely, the smaller condition number of G represents the crosstalk canceller C
has better immunity to channel error so that we call such C is robust for channel error.

Here, the condition number of G is.defined as

oI NBGE)
o liogE)

where o, (-) and o, (-) represent-the Smallest and largest singular values,

cond {G} = (4.66)

respectively. When G is ill-conditioned, the crosstalk canceller designed according

to C=G™" or C=G" is inherently nonrobust. Thus, Eq. (4.66) serves as a useful
robustness measure for the crosstalk canceller. In following section, we will use Eq.

(4.66) to calculate the condition of multiple loudspeakers arrangement.
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4.3.1 Two Loudspeakers Arrangement

In the analysis in [3, 4, 5], the author let the acoustic transmission functions

between loudspeakers and the listener’s ears be

G -|9 gz}
_92 gl

(4.67)

N N ]

e j2zald, e j2m 7,
where A4 is the wavelength, and d, is the distance from the ith loudspeaker to the

ear. Then the condition number of matrix G, as shown below

O-max ( V GZGZH )

Ohmin ( \/GZGZH )

N \/1+\/cos 2747 B (4.69)
\/1—\/cos 2707 B

where S =d, —d, indicates the interaural path difference which can be used to

cond {G,} =

determine the angle of the loudspeakers. In [3], the interaural difference is given by

p=2r,siné@ (4.69)
where 1, is the radius of the head. Usually, r, is 0.0875 m. Since our goal is to
find the optimum S so that cond{Gz} approaches 1. It means that under such
loudspeaker arrangement the crosstalk canceller is more robust for perturbation of
head movement. The result in [3, 4, 5] as follows

(4.70)

cond (G} :{1, robust

oo, honrobust
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Figure 4.6 The condition numbers of G, with different loudspeakers position. The
solid line indicates the loudspeakers position of the side loudspeakers for condition
number equals to 1 and the dotted line indicates condition numbers close to
infinitity.

so that
argmincond{Gz}=£+ki, robust
B 4/1 2 (4.71)
arg ma cond {G,} = i? nonrobust
where i,k €Z, then
sin6=£:—+ki, robust
2r, 07 035
1 (4.72)
sinezizi—, nonrobust
2r, 035
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The loudspeaker positions obtained from Eq. (4.72) are shown in Figure 4.6. The
solid curve indicates the condition number is 1 and results in a robust crosstalk
canceller while loudspeakers pair located at these positions for different frequencies.
The dotted line should be avoided since they produce a nonrobust crosstalk canceller.
Ideally, the loudspeaker spacing should vary with frequency so that a more robust
crosstalk canceller is possible. In following sections, we can take the similar analysis

to derive the optimum loudspeakers position for multi-loudspeakers arrangement.

4.3.2 Three Loudspeakers Arrangement
Different from two loudspeakers. arrangement; there is an additional loudspeaker
located at 0° between the side loudspeakers in the case of three loudspeakers. Also,
we can let the acoustic transmission functions between loudspeakers and the listener’s
ears as shown in Eq. (4.73) to simplify analysis.
G, {gl 9 gz}
9 9 O

e j2ma i, e j2z27Md, e j2zaMd,
= (4.73)

ejzmrldz e j2z M, e j2z 7,

We then can derive the condition number of matrix G, as shown below

54



90

50 -

40 -

30

Loudspeaker angle (degrees)

20+

10+

0 1 1 1 1 1 1 1
0 1000 2000 3000 4000 5000 6000 7000 8000
Frequency (Hz)

Figure 4.7 The condition numbers of G, with different loudspeakers position. The
solid line indicates the loudspeakers position of the side loudspeakers for condition
number equals to 1 and the dotted line indicates condition numbers close to
infinitity.

\/\/§+\/1+ 2008274

cond {G, (4.74)
J[ JL+2c0s272 3
so that we can obtain the result as shown below
. A
argmincond {G,} ==+kA4, robust
; 3 (4.75)
arg ma cond {G,} =i, nonrobust

where i,k eZ, then
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B A )

sin@ = = +k . robust
2r, 0525 0.175
B (4.76)
sinezizi—, nonrobust
2r,  0.175

The loudspeaker positions obtained from Eq. (4.76) are shown in Figure 4.7. The
solid curve indicates the optimum positions and the dotted line should be avoided

since they produce a nonrobust crosstalk canceller.

4.3.3 Four Loudspeakers Arrangement

In this section, we will discuss the ‘robustness of four loudspeakers arrangement due
to head movement. In this case; there are additional closer loudspeakers pair between
wider loudspeakers pair. Thus;. there are two loudspeaker positions should be
considered. To simplify the analysis, we let the acoustic transmission functions

between loudspeakers and the listener’s ears be

642[91 9 9 94}
9, 93 9, O

e j2mald, e j2za M, e j2za7Md, e j2zald,
j2727d j2727d j2727d j27274d
e J 4 e 127 3 e 127 2 e 127 1

} (4.77)

We then can derive the condition number of matrix G, as shown below

B \/2+\/2 Cos 27741 B, + 2¢0s 2773,

cond {G,} (4.78)

J2—[2c0s 27227 B, + 2c05 270,
where f =d,—-d, and g,=d,—d, indicates the interaural path difference of
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wider loudspeakers pair and closer loudspeakers pair, respectively.

G, is well conditioned and we can obtain that

arg mﬂin cond {G,} =5, +§/1

so that
sing, =sin 6, +( 2k +1)i
0.35

As to nonrobustness, we can obtain that

arg max cond {G,} =(i+1)4
arg max cond{G,} =il
and

. >
sing, =———(1+1

' 0.175( )
sinezzli

0.175

From the results in Eq. (4.80) and Eq. (4.82), angle between two lo

. To be robust, the

(4.79)

(4.80)

(4.81)

(4.82)

udspeakers should

be considered. As shown in Eq. (4.80), the position of wider loudspeaker can be

obtained while the position of closer loudspeaker is determined for fixed frequency.

For f =2KHz, we let the closer loudspeaker locate at +5° then

position of wider loudspeaker is located at +35° and results in

canceller.

we can obtain the

a robust crosstalk

Here, we defined the parameter, that is, the robust bandwidth to indicate that the

condition number is below a specified value in the lowest continuous frequency range.

Figure 4.8 has shown that the robust bandwidth of different numbe
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while the condition number is under a specified value, say 3. The robust bandwidth of

four loudspeakers is wider than three and two loudspeakers in this figure. It means

that four loudspeakers arrangement can result in a more robust crosstalk canceller

than less loudspeakers arrangement. With the result as described above, we make a

conclusion about crosstalk canceller of multi-loudspeakers arrangement.

10

Condition number

1 1 1 1 1 1 1
0 1000 2000 3000 4000 5000 6000 7000 8000
Frequency (Hz)

Figure 4.8 The robust bandwidth of different number of loudspeakers with the side
loudspeakers located at +30°.
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4.4 Conclusions

From the description in section 4.1, with the common filter modeling error e, the
three loudspeakers shuffler form has better immunity of the perturbation than the two
loudspeakers shuffler form. From analysis on head movement, the result shows that
three loudspeakers arrangement for fixed position of the side loudspeakers has wider
robust bandwidth than two loudspeakers arrangement. In addition, four loudspeakers
can result in a more robust crosstalk canceller than fewer loudspeakers arrangement.
In chapter 5, the simulation results will demonstrate that the multiple loudspeakers

setup is more robust.
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Chapter 5

Computer Simulations

In this chapter, we will simulateiidifferent crosstalk cancellers to see their
performance. Numerous simulationsiwere conducted.to compare the performances of
different implementations of the crosstalk-canceller. Our simulations will focus on
delivering the binaural signals via three loudspeakers as shown in Figure 2.3. with
N=2, M=3 and L=2. An impulse signal is used as input of X, and a zero

signal as input of X, . The listener will receive no crosstalk and distortionless desired

signal if perfect crosstalk cancellation is achieved.

5.1 Assumptions

In our simulation, we have the following assumptions:

1. The structure of the crosstalk canceller is based on the symmetric loudspeaker
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arrangement so that the system performance is shown for one side only.
2. We use the HRTFs from MIT Media Lab as the acoustic channel data of the
simulation.
In order to evaluate the performance of crosstalk cancellers, we will define some

parameters. First, as described in Chapter 2, Eq. (2.7) has shown

z¢ 0
o o) o

where G is an LxM matrix, the acoustic matrix, C is an M xN matrix, the
crosstalk canceller matrix and Duis an—Lx N matrix of desired transfer functions. In

time domain, the errors between. the desired and the actual transfer function can be

shown below
d
e =Hg _{_} (5.2)
0
0
werie [} =

where H represents the convolution matrix of the acoustic matrix G, then we define
the total error as

s =\lef +[e.f 5.4
which denotes the sum of the distance of two received vector and desired vector. The
better performance of crosstalk cancellers, the smaller of ¢.

Next, we define another parameter, that is, the crosstalk suppression factor (CSF)
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2 2
CSF =10log % —10log % (5.5)
X withC's withoutC's
Now, we illustrate how to define the CSF. The product of GC as
GC= n N (5.6)
Lho h, '

where the diagonal elements of this matrix are equalization part and the off-diagonal
are crosstalk part. Therefore, the first term of Eq. (5.5) is the signal power ratio of

equalization part and crosstalk part after crosstalk cancellation, denote as

2

_0

h , . .
R, =10log . , and the second term is the one without crosstalk cancellation.

withC's

To justify the performance of,:the;crosstalk canceller, we not only consider the
crosstalk suppression, but also the equatlization result. Here, we use the equalization
factor (EQ) to see the equalization performance in frequency domain. First, we define

the average deviation & of S [n] as

8

<

-1

§|l—\

0

(2010g]s, (m) - AV)ZT 5.7)
where
1 M-1
AV =MZZOI09‘Sl(m)‘ (5.8)
m=0
and S,(m) is the M-point DFT of S,[n], then the equalization factor can be defined

as the average deviation with crosstalk cancellation subtracted by that without

crosstalk cancellation.
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EQ=06- 5with<:'s (5-9)

In the simulation, the larger the CSF and EQ be, the better performance crosstalk
cancellers achieve.

It should be mentioned that without crosstalk cancellation, in such case the C might

be an identity matrix for M =2. For M =3 (i.e. three loudspeakers), the problem

exists that the degree of freedom of the center loudspeaker can be used. Thus, we can

let the matrix C be

C=| q q (5.10)

where 0<q<1. If q=0, the center loudspeaker. is turned off. For q=1, the
binaural signals are delivered by‘the center Toudspeaker only. In following section, we
will use ¢, CSF and EQ to compare the performance of different structures of

crosstalk cancellers.

5.2 Two Loudspeakers Geometric

The typical crosstalk canceller of two loudspeakers setup is shown in Eg. (3.2). In
order to achieve economical realizations, we factorize the crosstalk canceller matrix C
in Eq. (3.2) and results in shuffler form as described in Eqg. (3.3).

From Eq. (3.3), it requires only two filters, that is, >(z) and A(z). First, we
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implement these two FIR filters by using least square error method. In our simulation,
we will try different number of filter taps to examine the performance of crosstalk
canceller.

Figure 5.1 and Figure 5.2 show the results of crosstalk cancellation with

loudspeaker pair located at +30°. In this example, the order of FIR filter is 200 taps

with 100 samples modeling delays. Since the maximum delay between gl[n] and
gz[n] is 40 samples, therefore we choose the extra delay as 140 samples. In this
scheme, the crosstalk cancellation performance can reach CSF =15.499dB and
EQ =13.046dB. From Figure 5.1,sthe equalization is worst at very low and high
frequencies and almost 8 kHz. Since the HRTFs have deep notches at very low and
high frequencies.

Table 5.1 lists the result that the performance of crosstalk canceller versus different
length of FIR filters. Obviously, the CSF and EQ is smaller while the order of FIR
filters decreases. In addition, ¢ is smaller with increased filter order. Thus, the larger

order of FIR filters, the performance of crosstalk canceller can be better.
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Figure 5.1 The crosstalk cancellation results in frequency domain by using least square
error method with loudspeaker located at +30°.

Parameter

FIR
EQ(dB) CSF (dB)

Filter

Order

50

9.9652

9.6569

0.47646

100

12.369

13.274

0.26971

200

13.046

15.499

0.17652

500

13.372

20.381

0.12575

Table 5.1 The performance of shuffler form for two loudspeakers setup with

different order of FIR filters.
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Figure 5.2 The crosstalk cancellation results in time domain by using least square
method with loudspeaker located at +30°.

5.3 Three Loudspeakers Geometric

5.3.1 Least Square Forward Type

In this section, we will design the crosstalk canceller generated by the least square
method. Using the least square method can avoid the stability problem. In our
simulation, the side loudspeakers are located at +30° and the center one is located at

0°. The FIR filter order is 200 taps with 140 modeling delay and the simulation
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results are shown in Figure 5.3 and Figure 5.4. In this scheme, the crosstalk

cancellation performance can reach CSF =22.021dB and EQ=11.722dB as

shown in Table 5.3. As described in section 5.1, the degree of freedom of using the

third loudspeaker should be considered. We will examine the different g as described

in Eq. (5.10) versus CSF and the result is listed in Table 5.2. This table shows that the

CSF is larger while only using the center loudspeaker (i.e.q=1) to deliver the

binaural signals without crosstalk cancellation. In the following simulation, we will

select g as 0.5.

Also, we can using least square-method to find the crosstalk canceller of four

loudspeakers arrangement. Table '5:4 lists the performance comparison of different

number of loudspeakers by using least'square method to realize crosstalk canceller.

Next, we summarize the results of simulations for two, three and four

loudspeakers arrangements. From Table 5.4, we can obtain that the performance of

crosstalk cancellation with the same FIR filter order can be improved and the total

error is smaller while the number of loudspeakers is increased. Figure 5.5 and Figure

5.6 has shown the results from Table 5.4.

q 0 05 0.8 1

CSF (dB) 18.474 22.021 26.403 26.583

Table 5.2 The CSF with different degree of freedom of the center loudspeaker.
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Figure 5.3 The crosstalk
forward type with the side
0.

Frequency (Hz) x 10%

cancellation results in frequency domain of least square
loudspeakers located at +30° and the center one located at

Parameter

FIR

Filter

Order

EQ(dB) CSF (dB) P

50

9.9411 11.426 0.36601

100

10.933 18.078 0.19728

200

11.722 22.021 0.13812

500

12.589 22.435 0.089119

Table 5.3 The performance of least forward type crosstalk canceller for three
loudspeakers setup with different order of FIR filters.
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Time domain
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Figure 5.4 The crosstalk cancellation results in time domain of least square forward
type with the side loudspeakers located at +30° and the center one located at 0°.

Parameter Two Three Four

FIR

Filter R. (dB) £ R. (dB) R. (dB) &£

order
50 16.1686 | 0.47646 | 18.9882 | 0.36601 |21.3454 | 0.25154
100 20.3828 | 0.26971 | 22.6403 | 0.19728 | 25.2167 | 0.14184
200 22.6076 | 0.17652 | 26.5829 | 0.13812 |27.5995 | 0.093848
500 27.4901 | 0.12575 | 26.9977 | 0.089119 | 42.187 | 0.01562

Table 5.4 The performance comparison of crosstalk cancellation by using least
square method for different numbers of loudspeakers arrangement.
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Figure 5.5 The signal power ratio R, of different numbers of loudspeakers with
different filter orders.
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Figure 5.6 The total error ¢ of different number of loudspeakers with different filter orders.
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5.3.2 Shuffler Structure

The shuffler form crosstalk canceller can be obtained by factorizing Eq. (3.18) and
results in Eq. (3.32). In this case, the side loudspeakers are located at +30° and the
center one is located at 0°. Obviously, it requires only three filters to form crosstalk
canceller and has less computational complexity than direct forward type. In our
simulation, we approximate these crosstalk cancellation filters by using FIR filter.
Figure 5.7 and Figure 5.8 show the results of crosstalk cancellation in frequency and
time domain; the FIR filter order is 200 taps with 140 modeling delays.

Table 5.5 lists the performance of.crosstalk canceller with different FIR filter order.
This table has shown that the jperformance -of crosstalk cancellation is better while
filter order is increasing. It should be mentioned that CSF is negative when filter order
was under 100 taps. It is because that the main part of impulse response of ideal
>,(z)and A,(z)is behind 100 taps so that the approximated FIR filter is not precise
enough. Therefore, the performance of crosstalk cancellation is worst. Next, we make
the comparison between shuffler form and least forward type crosstalk canceller. The
shuffler structure requires fewer filters than directly implement, but the performance
of shuffler form is worst. Thus, the tradeoff between the performance and the number

of the filter order must be considered while realizing the crosstalk canceller.
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Figure 5.7 The crosstalk cancellation results in frequency domain of shuffler structure
with the side loudspeakers located at +30° and the center one located at 0°.

Parameter

FIR
EQ(dB) CSF (dB) P

Filter

Order

50

8.3822

-0.7878

1.5602

100

10.6386

-0.74746

1.4318

200

11.3793

9.3135

0.42041

500

11.8342

11.635

0.32014

Table 5.5 The performance of shuffler form for three loudspeakers setup with

different FIR filter order.
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Figure 5.8 The crosstalk cancellation results in time domain of shuffler structure
with the side loudspeakers located at +30° and the center one located at 0°.

5.3.3 A Simplified Shuffler Form

As described in section 3.2.4, the crosstalk canceller of this structure is shown in
Eq. (3.46). It requires only two filters for implementation and has less computation
than the other structures introduced in previous section. In our simulation, we will use
the first 200 taps of these two filters for realization since the later terms of them are

smaller and can be ignored.

In addition, our case states that the side loudspeakers are located at +30° and the
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center one is located at 0°. Figure 5.9 and Figure 5.10 show the results of crosstalk

cancellation in frequency and time domain, respectively. Table 5.6 lists the

performance of crosstalk canceller with different filter orders. Same as previous

structures, which performance is better while the filter order increasing. It can be seen

that the CSF, EQ and ¢ of this structure are close to that of direct forward type and

only requires two filters so that the economical realization is achievable.

Figure 5.11 and Figure 5.12 have shown the performance comparison of least

square forward type, shuffler form and simplified shuffler form crosstalk canceller. It

can be seen that CSF and EQ of.simplified shuffler form is close to least square

forward type and is better than shuffler form-in Figure 5.11 and Figure 5.12. Also, we

can obtain the same result for total error as shown' in Figure 5.13. In summary, the

shuffler form has less computation than least square forward type but its error

performance is worse. Our proposed structure, the simplified shuffler form, which

requires two filters ( 2x200 multiplications) than shuffler form ( 3x200

multiplications) and least square forward type (6x200 multiplications) to realize

crosstalk cancellation and its performance is close to least square forward type.
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Figure 5.9 The crosstalk cancellation results in frequency domain of simplified
shuffler form with the side loudspeakers located at +30° and the center one located
at 0°.

Parameter
FIR
EQ(dB) CSF (dB) &
Filter

Order

50 9.7496 10.196 0.41702

100 11.277 16.534 0.2152

200 11.709 20.969 0.14937

500 11.937 24.138 0.11537

Table 5.6 The performance of simplified shuffler form for three loudspeakers setup
with different orders of FIR filters.
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Figure 5.10 The crosstalk cancellationzresults intime domain of simplified shuffler
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Figure 5.11 The CSF of different structure crosstalk canceller of three

loudspeakers arrangement.
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Figure 5.12 The EQ of different structure-erosstalk canceller of three loudspeakers
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Figure 5.13 The total error of different structure crosstalk canceller of three
loudspeakers arrangement.
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5.3.4 A Simplified Shuffler Form of Four Loudspeakers
Arrangement

In this section, we will discuss the crosstalk cancellation of four loudspeakers
arrangement. In our simulation, the wider loudspeakers pair are located at +30° and
the closer loudspeakers pair are located at +15°. A simplified shuffler form crosstalk
canceller is considered here. The structure of this type crosstalk canceller is shown in
Eqg. (3.62). Also, it requires only two filters to realize crosstalk canceller, that is,
>,(z) and A,(z). In this case, we will use FIR filter with 200 taps and 140
modeling delays to form these two filters.

Figure 5.14 and Figure 5.15 show the results of crosstalk cancellation in frequency
and time domain, respectively. Table 5.7 lists the performance of crosstalk canceller
with different filter orders. We can obtain that the performance of this type crosstalk
canceller is better while the filter order increasing. In addition, this structure has less
computation ( 2x200 multiplications) than directly implementation ( 8x200
multiplications) for four loudspeakers arrangement.

Figure 5.16 and Figure 5.17 show the performance comparison between two
loudspeakers shuffler form and three and four simplified shuffler form. It can be seen

the signal power ratio after crosstalk cancellation R, of three and four loudspeakers

simplified shuffler form is similar and is larger then two loudspeakers shuffler form.
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Also, the total error of four loudspeakers simplified shuffler is smaller then the other

two structures. From the results described above, we can obtain a good performance

crosstalk canceller while using multi-loudspeakers.
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Figure 5.14 The crosstalk cancellation results in frequency domain of simplified
shuffler form of four loudspeakers setup with the wider loudspeakers pair located at
+30° and the closer loudspeakers pair located at +15°.
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Figure 5.15 The crosstalk cancellation results in time domain of simplified shuffler form
of four loudspeakers setup with the wider loudspeakers pair located at +30° and the
closer loudspeakers pair located at +15°.

Parameter
FIR
EQ(dB) CSF (dB) &
Filter
Order
50 8.8797 21.369 0.37428
100 10.577 26.049 0.17729
200 10.982 29.515 0.11532
500 11.264 32.733 0.075

Table 5.7 The performance of simplified shuffler form for four loudspeakers setup

with different orders of FIR filters.
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Figure 5.16 The signal power ratio after-crosstalk-cancellation R. of two loudspeakers

shuffler form and three and four_loudspeakers:simplified shuffler form with different
FIR filter orders.
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Figure 5.17 The total error of two loudspeakers shuffler form and three and four
loudspeakers simplified shuffler form with different FIR filter orders.
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5.4 Perturbation Analysis

The previous works realize the crosstalk canceller for fixed position of listener’s
head. In this section, we will investigate the robustness of crosstalk canceller after
filter modeling and listener’s head movement. As shown in Figure 5.18 and Figure
5.19, the performance of crosstalk canceller is degrades due to perturbation. In our
case, the CSF reduces from 15.499 dB to 11.159 dB and the EQ from 13.046 dB to
9.601 dB and the total error from 0.17652 to 0.96565.

In addition, we will compare two loudspeakers arrangement with multiple
loudspeakers arrangement. From the simulation:results, it can be demonstrated that
multiple loudspeakers setup iS 'more robust than- two loudspeakers setup after

perturbation. Let’s begin the analysis on filter modeling.
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Figure 5.18 The crosstalk cancellation result in:frequency domain due to perturbation.
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Figure 5.19 The crosstalk cancellation result in time domain due to perturbation.
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5.4.1 Simulations on Filter Modeling

In our simulation, we will approximate the FIR filter by using pole-zero modeling
such as prony approximation method. We will discuss how the filter modeling error
affects the performance of crosstalk cancellation. First, we consider the two
loudspeakers shuffler form. As described in section 4.3.1, the modeling error vector

after crosstalk cancellation can be written as follows

1{e5,1(gl+92)+ed,1(91—92)}

zishfter = E es,l(gl +0, ) - ed,l(gl - gz)

| Ea.
= [Cr} (5.11)

where e, and e,, represent the error after perturbation of modeling filter >, and

A, respectively. The first element of Eq.(5.11) indicates the equalized error and the

second element represents the crosstalk-error. The theoretical e, and e,, are

described in Eq.(4.14) and Eqg. (4.16) so that the theoretical modeling error vector of

Eq. (5.11) is

eF
EZ,Shufﬂer = (2F2 —1)9 (512)

in which F=g,/g, with modeling error e. In our simulation, the theoretical
equalized and crosstalk error are obtained from Eq. (5.12).

Next, we illustrate how to obtain the experimental modeling error. Here we model

the FIR filters > and A by using Prony approximation method and results in the

84



lIR filters 2., and A, . Thus, the modeling error e, and e,, are
e, =2, —2 (5.13)
&, =A, —A (5.14)
We then can obtain the simulated equalized and crosstalk error from Eqg. (5.11), Eq.
(5.13) and Eq. (5.14).

Table 5.8 lists the result of theoretical and simulated error norm of Eg. (5.11). In
this table, the filter tap Nn/Np indicate the IIR filter with the tap of numerator and
denumerator, respectively. In addition, ||Eq) and |[Cr| denote the modeling error
norm of equalization and crosstalk part which means that the degree of modeling error
affects the performance of equalization and-crosstalk. In this table, there are lots of

differences between the theoretical and the experimental error norm as shown in

Figure 5.20 and Figure 5.21. The actual e, and e,, is found by approximating the
filter > and A directly. The theoretical e, and e,, is derived by extracting the
common part of > and A so that there is a common modeling error exists e, and
gy, - But we can obtain the same result that the modeling error norm is larger while
IIR modeling from theoretical analysis and numerical simulation. It is because the
modeling error is introduced and the performance of crosstalk cancellation is worse.
In addition, the error vector of direct forward type 2 derived in [20] is shown below
sl
0, —9;[9¢€
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_1eF
C1-F?| e

where F is as same as above. Figure 5.22 and Figure 5.23 show the equalized error

and the crosstalk error of shuffler structure and direct forward type 2. From Figure

5.22 and Figure 5.23, direct forward type 2 has better immunity of the perturbation

than shuffler form. But shuffler structure has less computation than direct forward

type two. In our case, the shuffler form only requires two FIR filters (i.e. 400

multiplications) and direct forward type two requires four FIR filters (i.e. 800

multiplications).

3.5

(5.15)

2.5¢

1.5¢

The norm of equalized error
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-~ © - Experimental

0.5+

BEYS o

o= !
200/0 120/50

IIR filter order

Figure 5.20 The norm of equalized error of two loudspeakers shuffler form with
different orders of IIR filter. The solid line indicates the theoretical value and the

doted line denotes the experiment result.
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Filter Theoretical Experimental

order [Ea] [cr [Ea] [cr]

200/0 9.8410x107*® | 3.9690x107Y" | 4.8783x10" | 5.1821x107"

120/50 0.7692 4.8939 0.1639 0.0746
80/50 0.7764 5.1283 0.9722 0.0805
50/50 3.037 20.5832 0.9879 0.5094

Table 5.8 The error norm of equalization and crosstalk part for two loudspeakers
shuffler form crosstalk canceller.
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The norm of crosstalk error
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IIR filter order

Figure 5.21 The norm of crosstalk error of two loudspeakers shuffler form with
different orders of IIR filter. The solid line indicates the theoretical value and the
doted line denotes the experiment result.
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Figure 5.23 The crosstalk error of shuffler form versus direct forward type 2.
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Next, we consider the three loudspeakers arrangement. The filter modeling error
vector of shuffler form as described in Eq. (4.22) and that of simplified shuffler form
as described in Eq. (4.47). Also, we can derive the modeling error vector of four
loudspeakers simplified shuffler form and can be written as

_1{ed,4(91—94)+es,4(92+93) (5.16)

4,simplified — E e, , (91 -9, ) +e, (gz + 93)

where e, and e, represent the filter modeling error of the summed filter 2,
and the differenced filter A,.

Figure 5.24 and Figure 5.25 show the equalized error norm and the crosstalk error
norm of different structures of crosstalk canceller. In Figure 5.24, it can be seen that
equalized error norm of four loudspeakers'simplified-shuffler form is smaller then the
other structures which means four loudspeakers simplified shuffler form has better
immunity of modeling error for equalization. From Figure 5.25, the crosstalk error
norm of three and four loudspeakers simplified shuffler form is smaller then the other
two structures. But the crosstalk error norm of three loudspeakers shuffler form is

worse than two loudspeakers shuffler form.
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Figure 5.24 The equalized error of different structures of crosstalk canceller with
different IR filter orders.
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Figure 5.25 The crosstalk error of different structures of crosstalk canceller with
different IR filter orders.
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5.4.2 Simulations on Head movement

Since the head movement will change the acoustic transmission path and worsen

the performance of crosstalk canceller for the default position. In this section, we will

discuss how the head movement affects the performance of crosstalk canceller for

difference numbers of loudspeakers.

In literature [2], it has shown that crosstalk canceller is sensitive for lateral

movement. Thus, the lateral head movement is our focus in the simulation. First, we

consider the shuffler structure of two loudspeakers arrangement. In our simulation,

the default position of loudspeaker pair are located at +30°. Table 5.9 lists the

performance of crosstalk canceller;after head‘moving. It can be seen the performance

is worse while head moving. In Table 5:9, R'and L represent the right side loudspeaker

and the left side loudspeaker, respectively. The first two rows of this table indicate the

head move to right and the last two rows indicate the head move to left.

Now, we consider the three loudspeakers arrangement. The structure of crosstalk

canceller we discuss here is the simplified shuffler form. In this case, we insert the

center loudspeaker at 0° facing the listener and the side loudspeakers are located at

+30° for default position. The simulated results are listed in Table 5.10. In Table 5.10,

R and L as described above and C represent the center loudspeaker. Also, the

performance of crosstalk canceller is worst while head moving in this case.
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Next, we discuss the robustness of head movement for four loudspeakers

arrangement. We let the wider loudspeaker pair located at +30° and the closer

loudspeaker pair located at +15° for default position. The simulated results are listed

in Table 5.11. Also, we can obtain the same result as described in Table 5.9 and Table

5.10. To compare these three tables. Same as analysis on filter modeling, it can be

shown that the crosstalk canceller of multiple loudspeakers is more robust while

listener’s head moving as shown in Figure 5.26 and Figure 5.27. In Figure 5.26,

where A indicates the default position of the side loudspeakers pair, B, C represent the

position corresponding to the listener’s head movement to right and D, E represent the

listener movement to left.

Parameter R.(dB) EQ(dB) Total error &
Position

R:30° L:30° 22.6076 13.046 0.17652

R:25° L:35° 12.224 11.06 1.7705

R:20° L :40° 8.577 9.9881 2.4567

R:35° L:25° 10.478 11.371 1.7705

R:40° L:20° 6.1287 11.279 2.4567

Table 5.9 The performance of crosstalk cancellation for two loudspeakers
shuffler form after head movement.
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Parameter
R.(dB) EQ(dB) Total error &
Position
R:30° | C:0° L:30° | 25.532 11.709 0.14937
R:25° | C:.-b° L:35° | 12.489 11.124 1.826
R:20° | C:-10° | L:40° | 6.9758 10.347 2.328
R:35° | C:5° L:25° | 13.582 10.436 1.826
R:40° | C:10° L:20° | 9.1144 9.5206 2.328

Table 5.10 The performance of crosstalk cancellation for three loudspeakers
simplified shuffler form after head movement.

Parameter
Position R.(dB) EQ(dB) Total error ¢
Wider Closer

R:30°L:30° | R:15°L:15° | 24.8598 10.982 0.11532
R:25°L:35° | R:10°L:20° | 14.629 10.633 1.769
R:20°L:40° | R:5°L:25° |9.7383 9.9711 2.3139
R:35°L:25° | R:20°L:10° | 14.417 10.56 1.769
R:40°L:20° | R:25°L:5° 10.396 9.697 2.3139

Table 5.11 The performance of crosstalk cancellation for four loudspeakers
simplified shuffler form after head movement.
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Figure 5.26 The signal power ratio R, sof.crosstalk cancellation after head moving

for different numbers of loudspeakers.
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Figure 5.27 The total error of crosstalk cancellation after head moving for different

numbers of loudspeakers.
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Chapter 6

Conclusions

In this thesis, we investigate the different structures of crosstalk canceller of three
loudspeakers arrangement and:we make the performance comparison such as the
signal power ratio after crosstalk cancellation R,, EQ and total error between
conventional two loudspeakers and multiple loudspeakers arrangement. From the
computer simulated results, we can see that R, and total error of crosstalk
cancellation is better while using multiple loudspeakers for 3D sound reproduction.

In addition, we develop a simplified shuffler form which only requires 2x200
multiplications and is less then least square forward type (6x200 multiplications)
and shuffler form (3x200 multiplications). In addition, simplified shuffler form is
easer to realize than the other structures of three loudspeakers setup such structure can

achieve the performance as well as least square forward type crosstalk canceller. Also,

95



we can use the same procedure as described in section 3.2.4 to find the simplified

shuffler form of four loudspeakers arrangement.

In chapter 4, we have discussed how the perturbation of filter modeling and head

movement affects the performance of crosstalk canceller. The theoretical analysis

results that the crosstalk canceller of multiple loudspeakers arrangement is more

robust for perturbation. We can demonstrate this fact from the computer simulations

as described in chapter 5. In addition, we derive the optimum loudspeakers position

for different loudspeakers arrangement.

Summarily, our proposed structure can reduce:the cost of required filters to realize

crosstalk canceller for 3D sound:reproduction while using multiple loudspeakers

which has better performance “of crosstalk” Ccancellation and better immunity for

perturbation.
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