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Loudspeakers in virtual sound imaging systems are usually modeled as omnidirectional monopole
sources. These models are, however, only an approximation for the low frequency range. This paper
presents an analytical model of crosstalk cancellation systems in a free field which takes into
account the scattering and spatial characteristics of the sound sources. Based on the proposed model,
the effects caused by the spatial characteristics of the sound source and its misalignments on the
performance of the crosstalk cancellation system are studied numerically. It is found that although
the factors such as the directivity of the sound sources and the distance between the sound sources
and receiver affect the performance of the system to a certain extent, the channel separation of the
crosstalk cancellation system, however, is most sensitive to the misalignment of the subtended angle
of the sound sources. Therefore, if highly accurate binaural cues are required in practical
applications, the type and characteristics of the playback sound sources, their locations, and
orientations all should be considered carefully.
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I. INTRODUCTION

During the past few decades, considerable attention has
been paid to the area of sound field reproduction, raising
many issues in acoustics and signal processing. Several ap-
proaches can be used to reproduce a required sound with
loudspeakers, from which the most popular are the binaural
techniques, ambisonics, and wave field synthesis.1,2 If the
sound is required to be reproduced at only two points in
space �the ears of a listener�, two loudspeakers can be used to
generate a virtual sound image by pre-filtering the sound
signal with a pair of causal linear filters.2–6 If the sound
arrival directions at the center point of a volume are of most
interest, an ambisonics system with a small number of loud-
speakers can be used, which is based on spherical harmonic
decomposition of the acoustic field centered at the listener
position.7 For even larger listening area, the wave field syn-
thesis concept based on the Kirchhoff–Helmholtz integral
equation and the high order ambisonics technique can be
used.7–9 This paper concentrates on the particular binaural
virtual sound imaging system that uses two loudspeakers to-
gether with the crosstalk cancellation �CTC� technique.

The head related transfer functions �HRTFs� describe the
filtering of the sound from a specific location by the diffrac-
tion and reflection properties of the head, pinna, and torso of
an individual before it reaches the individual’s eardrums.1–4

A synthesized binaural signal can be created by convolving a
sound with the appropriate HRTFs for generating spatial au-
dio effects by using headphones or loudspeakers. The diffi-
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culty with the loudspeaker binaural virtual sound imaging
system is the crosstalk in the contralateral paths from the
loudspeakers to the listener’s ears, which destroys the three-
dimensional �3D� cues of the binaural signal, and the CTC
technique is the most commonly used way to solve the prob-
lem.

CTC systems �the systems that use CTC technique� have
been studied for nearly 50 years, and an in-depth review of
relevant literature can be found in recent book and papers.1–4

It has been observed that a nearly perfect CTC �greater than
40 dB up to 5000 Hz� can be obtained for a matched CTC
system where the playback HRTFs are the same as the setup
HRTFs used to design the CTC filters. However, for a mis-
matched system, the channel separation drops significantly. It
has been concluded by Akeroyd et al.3 that although test
trials with CTC systems are very impressive and provide
compelling subjective test results on the angle perception,
only a matched system can yield sufficiently accurate binau-
ral cues required for spatial hearing experiments.

There are many factors that make the playback HRTFs
mismatch the setup ones. For instance, the difference be-
tween HRTFs of different individuals whose pinnae, heads,
and torsos differ in size and shape, the misalignment of the
listener’s head position and orientation, the misalignment of
position and orientation of playback sound sources, the
variation in the spatial and temporal characteristics of the
playback sound sources, and the variation in the playback
acoustics environment caused by wall reflections. The loss in
performance caused by the difference between the setup
HRTFs and the playback HRTFs of different individuals has
been studied by Akeroyd et al.3 and it turned out that the

average channel separation can decrease by up to 20 dB in
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some cases. The study of the robustness to head misalign-
ment by Takeushi et al.5 shows that a system with loudspeak-
ers that are positioned closer to each other is more robust to
the misalignment of the listener’s head. Rose et al.6 further
analyzed this fact in terms of the off-axis asymmetric listener
locations and found that the width of tolerable lateral head
translations for asymmetric locations is comparable to that
for the symmetric case. A recent study carried out by Bai et
al.4 shows that, despite the fact that using a small source
span angle of 10° results in a large relative sweet spot, using
a larger source span of 60° or even 120° is more desirable in
practical applications. This can produce a larger absolute
sweet spot where the channel separation performance is
guaranteed.

In addition to these robustness studies which focused
mainly on the listener, there are also several studies on the
influence of playback environments. Ward10 developed a
closed-form expression to predict the performance of a CTC
system in a reverberant environment. Subjective tests carried
out by Lentz show that adding reflecting walls to the listen-
ing environment decreases the performance of the CTC sys-
tem significantly.11 In some practical applications, such as
spatial hearing experiments, where highly accurate binaural
cues are required, it becomes evident that the scattering and
reflections from the loudspeaker cabinets have to be taken
into account.3 However, little is known about effects of mis-
matched playback sound sources on the CTC system. In the
design of the CTC filters, the setup HRTFs used are usually
measured in prior with an ideal small sound source which
radiates equally in all direction. But the sound sources used
in playback are usually not the same ones, and their time and
spatial characteristics might be different. These mismatches
might deteriorate the performance of a CTC system.

In sometime applications, for example, in a cave auto-
matic virtual environment �CAVE�, the directivity of the
sound sources needs to be considered. A CAVE is an immer-
sive virtual reality environment where video projectors are
directed to three, four, five, or six of the walls of a room-
sized cube.11 In a CAVE, a user can walk around to have a
proper view of 3D objects from different directions by wear-
ing special glasses, so a dynamic CTC system has to be used
to provide a valid CTC filter set for each position the user
might be to generate proper virtual sound images. The term
“dynamic” here means updating the CTC filter dynamically
�adaptively� with the listener position change detected by a
head tracker. Under this situation, the relative angle between
the loudspeakers’ orientation and the listener is not fixed and
it might not be easy to align the orientation of the playback
sound sources with the moving listener adequately in prac-
tice, so the directivity of the sound sources might need to be
taken into account to achieve the required performance.11

All these facts motivate the current research to investi-
gate the significance of the effects caused by the spatial char-
acteristics and misalignment of playback sound sources.
Loudspeakers used in CTC systems are usually considered as
monopoles in existing models, but this model is only an ap-
proximation in the low frequency range. This paper develops
first of all an analytical model of CTC systems in a free field,

which takes into account the scattering and spatial character-
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istics of the sound sources. Then, based on the proposed
model, the effects of the spatial characteristics and misalign-
ments of sound sources on the performance of CTC systems
are studied.

II. ANALYTICAL MODEL

A CTC system is modeled with three rigid spheres
with a radius of ai �i=1,2 ,3�, as shown in Fig. 1. Each
sphere has its own spherical coordinate system referred
to as Oi �i=1,2 ,3�. The coordinate systems O2 and O3 are
obtained by a translational movement of the original spheri-
cal center from ro1= �0,0 ,0� to ro2= �do2 ,�o2 ,�o2� or ro3

= �do3 ,�o3 ,�o3� in the coordinate system O1. The same re-
ceiving point is called r1r= �r1r ,�1r ,�1r� in the coordinate
system O1 or r2r= �r2r ,�2r ,�2r� in the coordinate system O2

or r3r= �r3r ,�3r ,�3r� in the coordinate system O3.
Sphere 1 is used to model the head of a listener and

Spheres 2 and 3 are used to approximate the loudspeaker
cabinets. The model for the sound source used here consists
of a rigid sphere with a radially vibrating cap �gray part
shown in Fig. 1� defined by a certain solid angle. It is based
on the assumption that the diffraction effects caused by a
sphere and a cube with similar dimensions are similar if the
dimensions of the diffracting bodies are considerably smaller
than the acoustic wavelength.12 Despite the fact that the error
caused by this idealization increases in higher frequency, it
can be used to show the general effects of the loudspeaker’s
directional proprieties and diffractions on the performance of
the CTC systems and provides some insights into the basic
mechanisms.

The simplest Z axis symmetrical case is considered first
to calculate the spherical harmonic coefficients of a cap
source in its own coordinate system. The velocity distribu-
tion of a cap source located at the North Pole on the surface

FIG. 1. The free field geometrical arrangements of the CTC systems with
two vibrating cap sound sources on two rigid spheres and two receiving
points on a third rigid sphere.
of such a sphere is assumed as
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Uo��,�� = �u0, 0 � � � �s,0 � � � 2�

0, �s � � � �,0 � � � 2� ,
� �1�

where �s is half of the cap source span angle, and the time-
dependent factor ej�t is suppressed throughout the analysis.
The velocity distribution of this radially vibrating polar cap
can be expanded in terms of spherical harmonics as13

Uo��,�� = �
l=0

�

�
m=−l

l

Ulm
o Ylm��,�� , �2�

where the spherical harmonics functions are defined as

Ylm��,�� =�2l + 1

4�

�l − m�!
�l + m�!

Pl
m�cos ��ejm�, �3�

Pl
m�cos �� is the associated Legendre function of degree l

and order m evaluated at cos �, and the spherical harmonic
coefficients are given by

Ulm
o = 	u0

2
� 4�

2l + 1
�Pl−1

0 �cos �s� − Pl+1
0 �cos �s�� , m = 0

0, m � 0.


�4�

For l=0, P−1
0 �x�=1.

After rotating the center of the vibrating polar cap to a
new position with an elevation angle of �D and an azimuth
angle of �D, the spherical harmonic coefficients of the ob-
tained source velocity distribution on the sphere surface in
the original coordinate can be written as14–17

Ulm
D =� 4�

2l + 1
Ul0

o Ylm
� ��D,�D� , �5�

where superscript “*” denotes the complex conjugate.
The center of the first source on the surface of Sphere 2

is assumed to be ��L ,�L� in its own coordinate system O2

and that of the second source on the surface of Sphere 3 be
��R ,�R� in its coordinate system O3; then the spherical har-
monic coefficients of the velocity distribution of each source
in its own coordinate systems are

Ulm
L =� 4�

2l + 1
Ul0

o Ylm
� ��L,�L� , �6�

Ulm
R =� 4�

2l + 1
Ul0

o Ylm
� ��R,�R� . �7�

The total sound field produced by the sources and the
three spheres consists of three parts: the radiated and scat-
tered sound fields from source 1 �Sphere 2� and source 2
�Sphere 3�, and the scattered field from the listener’s head
�Sphere 1�. It can be expressed in each coordinate system as

pt�r1r� = ps1
�r1r� + ps2

�r2r� + ps3
�r3r� ,

pt�r2r� = ps1
�r1r� + ps2

�r2r� + ps3
�r3r� ,

pt�r3r� = ps �r1r� + ps �r2r� + ps �r3r� . �8�

1 2 3
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The sound field �radiated and/or scattered� from each
sphere can be conveniently expressed in its own coordinate
system as

ps1�r1r� = �
l=0

�

�
m=−l

l

Clmhl�kr1r�Ylm��1r,�1r� ,

ps2�r2r� = �
l=0

�

�
m=−l

l

Dlmhl�kr2r�Ylm��2r,�2r� ,

ps3�r3r� = �
l=0

�

�
m=−l

l

Elmhl�kr3r�Ylm��3r,�3r� , �9�

where Clm, Dm, and Em are unknown spherical harmonic co-
efficients to be determined by applying the boundary condi-
tions on the surfaces of the spheres. k=� /c0 is the wave
number and c0 is the sound speed. hl�x�= jl�x�− jnl�x� is the
spherical Hankel function of order l, jl�x� is the spherical
Bessel function of order l, and nl�x� is the spherical Neu-
mann function of order l.

The difficulty in solving the above equations is that there
are functions and variables in three different coordinate sys-
tems. This can be simplified by using the translational addi-
tion theorem,18–22 which expresses the sound pressure of the
same point in space, originally represented on the coordinate
system Oj in terms of the coordinate system Oi by

hl�krjr�Ylm�� jr,� jr�

= �
p=0

�

�
q=−p

p

Qpq
lm�roij�jp�krir�Ypq��ir,�ir�,

i, j = 1,2,3, �10�

where roij =roj −roi= �roij ,�oij ,�oij�.

Qpq
lm�roij� = �

n=�l−p�:2

l+p

4��− j�p+n−lhn�kroij�

�Yn,m−q��oij,�oij�g�m,l,− q,p,n� , �11�

with n= l+ p , l+ p−2, . . . , �l-p�, and

g�m,l,− q,p,n�

= �− 1�m��2l + 1��2p + 1��2n + 1�
4�

�� l p n

0 0 0
� l p n

m − q − m + q
 �12�

is related to the Gaunt coefficients, which are expressed as
products of the Wigner 3j symbols, as shown in Eq.
�12�.18,19,21,22

Substituting Eqs. �9� and �10� into Eq. �8� and using the
boundary condition j	0�vn�r�=−�pt�r� /�r at the surface of
each rigid sphere in its own coordinate system �where 	0 is

the density of the medium� yield
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�
l=0

�

�
m=−l

l

Clmhl��ka1�Ylm��1r,�1r�

+ �
l=0

�

�
m=−l

l

Dlm�
p=0

�

�
q=−p

p

Qpq
lm�ro12�jp��ka1�Ypq��1r,�1r�

+ �
l=0

�

�
m=−l

l

Elm�
p=0

�

�
q=−p

p

Qpq
lm�ro13�jp��ka1�Ypq��1r,�1r�

= 0,

�
l=0

�

�
m=−l

l

Clm�
p=0

�

�
q=−p

p

Qpq
lm�ro21�jp��ka2�Ypq��2r,�2r�

+ �
l=0

�

�
m=−l

l

Dlmhl��ka2�Ylm��2r,�2r�

+ �
l=0

�

�
m=−l

l

Elm�
p=0

�

�
q=−p

p

Qpq
lm�ro23�jp��ka2�Ypq��2r,�2r�

= − j	oco�
l=0

�

�
m=−l

l

Ulm
L Ylm��2r,�2r� ,

�
l=0

�

�
m=−l

l

Clm�
p=0

�

�
q=−p

p

Qpq
lm�ro31�jp��ka3�Ypq��3r,�3r�

+ �
l=0

�

�
m=−l

l

Dlm�
p=0

�

�
q=−p

p

Qpq
lm�ro32�jp��ka3�Ypq��3r,�3r�

+ �
l=0

�

�
m=−l

l

Elmhl��ka3�Ylm��3r,�3r�

= − j	oco�
l=0

�

�
m=−l

l

Ulm
R Ylm��3r,�3r� . �13�

The prime denotes the differentiation with respect to the
argument of the function. Truncating the number of summa-
tions to L �depending on the calculation precision required�
and equating the coefficients of Ylm��1r ,�1r�, Ylm��2r ,�2r�,
and Ylm��3r ,�3r� in Eq. �13�, the following coupled linear
complex equations can be obtained:

Clmhl��ka1� + �
p=0

L

�
q=−p

p

DpqQlm
pq�ro12�jl��ka1�

+ �
p=0

L

�
q=−p

p

EpqQlm
pq�ro13�jl��ka1� = 0,

�
p=0

L

�
q=−p

p

CpqQlm
pq�ro21�jl��ka2� + Dlmhl��ka2�

+ �
p=0

L

�
q=−p

p

EpqQlm
pq�ro23�jl��ka2�

= − j	ocoUL ,
lm
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�
p=0

L

�
q=−p

p

CpqQlm
pq�ro31�jl��ka3�

+ �
p=0

L

�
q=−p

p

DpqQlm
pq�ro32�jl��ka3� + Elmhl��ka3�

= − j	ocoUlm
R . �14�

For all l and m�l=0,1 ,2 , . . . ,L ;m=−L ,−L+1, . . . ,
0 ,1 ,2 , . . . ,L�, the equations above can be expressed in a
more compact form by using matrix notations as

� S1 Q12 Q13

Q21 S2 Q23

Q31 Q32 S3
��C

D

E
� = �A1

A2

A3
� , �15�

where the lmth element of the �L+1�2 row vectors A1, A2,
and A3 are 0, −j	ocoUlm

L , and −j	ocoUlm
R , respectively. The

three groups of �L+1�2 row unknown vectors are

C = �C0,0 C1,−1 C1,0 C1,1 ¯ Cl,m ¯ CL,L�T,

D = �D0,0 D1,−1 D1,0 D1,1 ¯ Dl,m ¯ DL,L�T,

E = �E0,0 E1,−1 E1,0 E1,1 ¯ El,m ¯ EL,L�T,

�16�

and the three groups of �L+1�2� �L+1�2 diagonal complex
matrices are

S1 = diag�s0,0
�1� s1,−1

�1� s1,0
�1� s1,1

�1�
¯ sl,m

�1�
¯ sL,L

�1� � ,

sl,m
�1� = hl��ka1�, ∀ m ,

S2 = diag�s0,0
�2� s1,−1

�2� s1,0
�2� s1,1

�2�
¯ sl,m

�2�
¯ sL,L

�2� � ,

sl,m
�2� = hl��ka2�, ∀ m ,

S3 = diag�s0,0
�3� s1,−1

�3� s1,0
�3�

¯ s1,1
�3�

¯ sL,L
�3� � ,

sl,m
�3� = hl��ka3�, ∀ m �17�

The element of �L+1�2� �L+1�2 complex matrix Qij is


lm,pq
ij = Qlm

pq�roij�jl��kai� , �18�

where the row index is lm and the column index is pq, in the
orders of

lm = ��0,0��1,− 1��1,0��1,1� ¯ �l,m� ¯ �L,L�� ,

pq = ��0,0��1,− 1��1,0��1,1� ¯ �l,m� ¯ �L,L�� . �19�

Having obtained the 3�L+1�2 unknown spherical har-
monic coefficients Clm, Dlm, and Elm, the total sound field can

be calculated by using any equation in Eq. �8�. For example,
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pt�r1r� = �
l=0

L

�
m=−l

l

Clmhl�kr1r�Ylm��1r,�1r�

+ �
l=0

L

�
m=−l

l

Dlmhl�kr2r�Ylm��2r,�2r�

+ �
l=0

L

�
m=−l

l

Elmhl�kr3r�Ylm��3r,�3r� . �20�

It is often convenient to designate the complex acoustic
pressure p as the output and the complex source volume
acceleration j�	0q /4� as the input.2 For the radially vibrat-
ing cap source, q=2�ai

2�1−cos �s�u0. The relation between
the source input signal and the receiving output signal or the
frequency response from one sound source to the receiving
point can be obtained the same way as that for Eq. �20�.
Nevertheless, the given source spherical harmonic coeffi-
cients used now are the followings instead of Eqs. �6� and
�7�,

Ulm
L =� 4�

2l + 1

Ul0
o Ylm

� ��L,�L�
j�	0a2

2�1 − cos �s�u0/2
. �21�

Ulm
R =� 4�

2l + 1

Ul0
o Ylm

� ��R,�R�
j�	0a3

2�1 − cos �s�u0/2
. �22�

Obviously, this model can be used to model similar sys-
tems where the radii of the spheres are different or when the
vibrating cap sound sources are located at different positions
on the sphere with different apertures. The model can also be
extended to more sophisticated settings with multiple listen-
ers and loudspeakers.23

III. NUMERICAL RESULTS AND DISCUSSION

A. Sound source characteristics

The sound sources used in the simulations include a
single point source, a baffled piston, a single radially vibrat-
ing cap on a rigid sphere, and a radially vibrating cap on a
rigid sphere with another rigid sphere aside. The single re-
ceiving point is on the central axis line of the sound source
with a distance of 1.0 m from the source acoustic center. If
the source is a vibrating cap on the surface of a sphere, the
distance is that between the center of the cap on the surface
of the sphere �not the center of the sphere� and the receiving
point. The radius of the baffled piston is 0.1 m and the radius
of source spheres is a1=a2=0.1 m. Half of the cap source
span angle, �s, is 30°, which is about the size of a 4 in.
loudspeaker. For settings with two source cases where an-
other sphere is introduced, the two sources subtend angles of
60° and 20° at the receiving position, and the distance be-
tween the centers of the two spheres are 1.1 and 0.382 m,
respectively. Even though the “stereo dipole” configurations2

require the two sources to be closely spaced with only a 10°
subtended angle, the size of the source sphere in this paper is
too large for a 10° subtend angle, so that a subtended angle
of 20° is used in the simulations. The locations of the vibrat-
ing cap center on the surface of the left sphere �Sphere 2� are

��L=150°, �L=0°� and ��L=170°, �L=0°� in coordinate sys-

1800 J. Acoust. Soc. Am., Vol. 126, No. 4, October 2009
tem O2, respectively, for the 20° and 60° subtended angle
configurations, and the locations of the vibrating cap on the
surface of right sphere �Sphere 3� are ��R=150°, �R=180°�
and ��R=170°, �R=180°� in coordinate system O3.

In a series of preliminary calculations, it was detected
that using a spherical harmonics expansion degree of L=10
provides sufficient iteration precision, with the errors smaller
than 1% for the current setup in the frequency range up to 4
kHz. Higher expansion degrees should be used for larger
ratio of the size of the sphere to the wavelength. As this
acoustical model can only approximate the characteristics of
a loudspeaker up to a certain frequency range with the wave-
length larger than the source size, no attempt has been made
to obtain results at higher frequencies. Nevertheless, the
range up to 4 kHz covers the basic and most important fre-
quency range in fields such as communication and sound
reproduction.

The frequency response functions �FRFs� are calculated
for all above mentioned configurations with a source input of
the same volume acceleration at 257 evenly distributed
points between 0 and 4096 Hz, and the results are presented
in Fig. 2. The lower solid line with 0 dB magnitude is the
FRF of the point source, and the upper solid line with a
magnitude of 6 dB is that of the baffled piston. The dotted
curve is the FRF of a single cap source on a rigid sphere, and
finally the middle solid and dashed curves are that of the two
sphere cases. The second source on the right sphere is not
active and the sphere is assumed to be rigid for the configu-
rations with two sound sources, so that the frequency re-
sponse is just that of one source. As expected, the sources of
a vibrating cap on a rigid sphere do not have a flat frequency
response �in comparison to an ideal point source�. The vi-
brating cap on a rigid sphere radiates like a point source in
the low frequency range. In the high frequency range, it al-
most behaves like a baffled piston and the pressure it radiates
is nearly two times higher, which is caused by the scattering
of the rigid sphere where the cap sound source is located.

From the FRF curves of the configurations with two
rigid sphere sound sources, it can be seen that the scattering
from a neighboring rigid sphere adds extra fluctuations on

FIG. 2. Magnitude of the calculated FRFs for various sound source configu-
rations. The lower solid line with 0 dB magnitude is that of the point source,
the upper solid line with a magnitude of 6 dB is that of a baffled piston, the
dotted curve is that of a single cap source on a rigid sphere, and the middle
solid and dashed curves are for the two sphere sound sources with 60° and
20° subtended angles, respectively.
the original FRF curves. The magnitude and frequency of the
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fluctuations depend on the distance between the two spheres,
and the fluctuation magnitude becomes larger for nearer dis-
tance. The magnitude variation, for example, caused by the
neighboring rigid sphere scattering can be as large as about 1
dB around 2000 Hz. It also can be observed that the magni-
tude of the fluctuation decreases at higher frequencies. This
is because the cap source behaves more directional at higher
frequencies, so less sound is radiated to and scattered from
the neighboring sphere.

Figure 3 illustrates the directional behavior of the simu-
lated systems, which depicts the calculated transfer functions
at a specific frequency of 2000 Hz. At this frequency, the
receiving point swings from �30° �left� to 30° �right� �with
the distance between the source and the receiving point re-
maining at 1.0 m�. 0° is the angle for the central axis line.
The lower solid line of 0 dB is for the monopole source. The
upper solid curve is that of the baffled position, the dotted
curve is for one rigid sphere sound source, and the middle
solid and dashed curves are for the two rigid sphere sound
sources that subtend angles of 60° and 20°, respectively. As
expected, the vibrating cap on a rigid sphere presents a di-
rectional behavior and the magnitude of the FRF at 30° can
be nearly 2 dB lower than that at 0°. The scattering from the
neighboring rigid sphere makes the sound pressure spatial
distribution more complicated. This might result in a large
difference in the excess sound pressure level between two
ears of a CTC system.

B. CTC systems with non-omnidirectional sound
sources

Assume that C is the 2�2 plant transfer function matrix
in a CTC system, V= �v1 ,v2�T is the source input signal vec-
tor, H is the 2�2 CTC matrix being designed, and U
= �u1 ,u2�T is the recorded/synthesized binaural signal vector.
The system output W= �w1 ,w2�T can be expressed as

W = CV = CHU . �23�

In order to ensure the reproduction of the binaural sig-
−j��

FIG. 3. Magnitude of the calculated FRFs at 2000 Hz when the receiving
point swings from �30° �left� to 30° �right� for the configurations of Fig. 2.
The distance between the source and the receiving point remains at 1.0 m.
The lower solid line is that for the point source, the upper solid curve is that
for the baffled piston, the dotted curve is that for the single cap source on a
rigid sphere, and the middle solid and dashed curves are that for the two
sphere sound sources with 60° and 20° subtended angles, respectively.
nals at the receiving points, W=Ue , where � is a delay
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to ensure causality, it is necessary that CH=Ie−j��; thus H
=C−1e−j��. However, the matrix could be ill-conditioned in
some situations, so the following approximate solution is of-
ten used:2–5

H = �ĈHĈ + I�−1ĈHe−j��, �24�

where Ĉ is the estimation of C, and for the matched case,

Ĉ=C. In this paper, Ĉ is also referred to as the setup plant
transfer functions or setup HRTFs, while C is referred to as
the playback plant transfer functions or HRTFs.  is a regu-
larization parameter which constraints the energy of the

source input signals and prevents the singularity of ĈHĈ
from saturating the filter gains. The performance of a CTC
system is described by the performance matrix below:

P = CH , �25�

where P should be a unit matrix under ideal CTC and the
elements of the matrix should be P11= P22=1 and P12= P21

=0. Channel separation is used here to illustrate the perfor-
mance variation with frequency, which is defined as the ratio
of the ipsilateral ear response to the contralateral ear re-
sponse from the left �or right� recorded/synthesized binaural
signal source:4,5,24

JL��� = 20 log10��P11���/P21����� ,

JR��� = 20 log10��P22���/P12����� . �26�

For the left-right symmetrical configurations, the right to
left channel separation JR �for the right recorded/synthesized
signal� and the left to right channel separation JL �for the left
recorded/synthesized signal� are equal. The channel separa-
tions are thus interchangeably and the term “channel separa-
tion” is used to refer to both.

The commonly used models for studies dealing with
CTC systems are the free field model and the spherical head
model, which both assume that the playback sound sources
are ideal point sources. The model shown in Fig. 1 provides
the basis for this paper and is used to study non-ideal sound
sources and their interaction. Here, the distance between the
source center and the center of the listener head is 1.0 m, and
the two sound sources subtend an angle of 60° at the listener
position, the radius of source spheres is a1=a2=0.1 m, and
the radius of receiver sphere �head� is a3=0.09 m.

To emphasize the effects of the sound source directivity
on the CTC performance, the spherical head model with two
ideal point sources is used first of all by assigning different
gains at different directions on its playback plant transfer
functions. More complicated situations involving orientation
changes of the playback sound sources are studied in Secs.
III C and III D. Figure 4 shows the simulation results of the
corresponding CTC systems. The dotted line corresponds to
the ideal omnidirectional playback sound sources and the
solid lines correspond to the playback sound sources without
omnidirectional directivities. Note that a channel separation
greater than 50 dB is clipped at 50 dB throughout the paper.

In the above simulations, the setup plant transfer func-
tions obtained from the spherical head model with two ideal

point sources are used to design the CTC filters. While cre-
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ating the filters, the regularization parameter  is adjusted to
make the channel separation just greater than 40 dB above
500 Hz under the matched situation throughout the paper. In
this simulation,  is 0.012. The directivities of the playback
plant transfer function are simulated by directly multiplying
small values of 0.95, 0.90, 0.85 0.80, and 0.5 on the crosstalk
path transfer functions from the same spherical head model
with two ideal point sources, which corresponds to differ-
ences between the signals at two ears of about 0.4, 0.9, 1.4,
1.9, and 6 dB of excess sound pressure level. This simple
approximation might be too rough for modeling the
frequency-dependent directivities of real loudspeakers, yet it
shows clearly that a small difference in the magnitude be-
tween two responses at two ears reduce the channel separa-
tion significantly. For example, it can be seen from the figure
that if the excess sound pressure level difference between
two ears caused by the source directivity is about 2 dB, and
the channel separation drops significantly from above 40 dB
to less than 20 dB.

C. Dynamic CTC systems with non-ideal sound
sources

Figure 5 shows an example of a dynamic CTC system
where a listener moves to a location which is not at the
center of a symmetrical loudspeaker setup.11 This situation

FIG. 4. Channel separations of the CTC system using playback plant trans-
fer functions with different directivities. The setup plant transfer functions
are obtained with the point sources of the spherical head model. The play-
back sound sources are the same as the setup ones �dotted line� or the ones
that radiate less in the crosstalk path direction with the transfer function
magnitude k �k=0.95, 0.90, 0.85, 0.80, and 0.50� times of that of the original
�solid curves, the curve with the highest channel separation of above 30 dB
is that for 0.95, then 0.90, 0.85, 0.80, and the lowest curve is that for 0.50�.

FIG. 5. A dynamic CTC system with the listener being located at an asym-

metrical position.
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can often be met in a CAVE-like environment where the user
can walk around freely inside. At the stage of designing the
binaural virtual sound imaging system for a CAVE, the plant
transfer functions �or HRTFs� from a database are used as the
setup ones to design a set of CTC filter for each potential
listener position and direction in the CAVE. It should be
emphasized that these plant transfer functions �or HRTFs� in
the database were usually measured in prior with an ideal
omnidirectional sound source for sound from different dis-
tances and directions. However, in practical applications in a
CAVE, the loudspeaker is rarely ideal and usually radiates
differently in different directions, and it might also not be
realistic sometimes for the loudspeakers to be rotated in re-
altime according to the listener’s position.

In the example shown in Fig. 5, the setup plant transfer
functions are obtained with ideal point sources, the playback
sound sources are the vibrating cap sources, their orienta-
tions were fixed in prior, and the listener at the present posi-
tion is not on the central axis line of the right source. The
distance between the two source centers is 1.0 m and the
distances from the listener’s head to the left and the right
sources are 0.5 and 0.866 m, respectively. In the coordinate
system O1, the center of the listener head is ro1= �0,0 ,0�, the
center of the left source sphere is ro2= �0.6,30° ,180°�, and
that of the right source sphere is ro3=ro2+ �1.1,90° ,0°�. The
location of the vibrating cap center on the surface of the left
sphere is ��L=150°, �L=0°� in its own coordinate system
O2, and the location of the vibrating cap on the surface of the
right sphere is ��R=150°, �R=180°� in its own coordinate
system O3.

The left to right and the right to left channel separations
of the CTC system, which are based on different playback
plant transfer functions, are shown in Fig. 6. The regulariza-
tion parameter  is 0.035. The dotted curves show the chan-
nel separation when the playback sound sources are the same
as the setup ideal point sources, while the solid curves are for
vibrating cap playback sources in the original pre-fixed ori-
entation. The dashed curves show the channel separation,
while the orientation of the right source of Fig. 5 is adap-
tively rotated to face the listener so that the listener is on the
central axis line of the sound sources. This kind of rotation is
sometimes hard to be implemented in practice; however, its
simulation results are included in the figure to show the ef-
fects of the source orientation on the channel separation.

For this configuration, the center of the right source
sphere is at ro3= �0.966,60° ,0°� and the location of the vi-
brating cap on its surface is ��R=120°, �R=180°� in its own
coordinate system O3. By comparing the dashed and dotted
curves, it can be observed that the mismatch between the
spatial and spectrum characteristics of the point sources and
cap sources reduces the channel separation from over 40 dB
to around 30 dB. By comparing the dashed and solid curves,
it can be seen that the channel separation will be further
reduced by a few decibels for the pre-fixed source orienta-
tions, especially in higher frequency range due to the higher
directivity of the cap source. Unfortunately, it is often hard in
practice to have the orientation of the right source rotated in
realtime to face the listener so that the listener is on the

original pre-fixed direction or central axis line of it. It can
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also be found that the right to left channel separation fluctu-
ates more frequently than the left to right one, and this is
because the distance between the listener’s head and the right
source sphere is larger than that with the left one.

The magnitude difference of the frequency responses be-
tween the present and the original pre-fixed orientations can
be larger than 3 dB at 4000 Hz due to the directional prop-
erties of the source. Nevertheless, the performance loss is
much smaller than that shown in Fig. 4, which illustrates that
a small alteration of only 0.9 dB in terms of the difference in
excess sound pressure level between two ears caused by the
source directivity can reduce the channel separation from
more than 40 to about 25 dB. The smaller performance loss
for the dynamic CTC system can be explained by the fact,
that even though the magnitude difference of the frequency
responses in the present and the original pre-fixed directions
caused by the source directional properties is larger than 3
dB at 4000 Hz, the change in the excess sound pressure level
difference between two ears caused by the change in source
orientation is much smaller than 3 dB as the two ear sub-
tended angle seen from the source is much smaller than the
value of the change in the source orientation angle �30°
here�. With the increase in the distance between the listener
and the source, the two ears’ subtended angle seen from the
source becomes narrower, and this weakens the influence of
the source directional properties on the channel separation of

FIG. 6. Channel separations of a dynamic CTC system using different play-
back sound sources. The setup plant transfer functions are obtained with the
point sources instead of the vibrating cap sources in Fig. 5. The playback
sound sources are the same as the setup ones �dotted curve�, or are the
vibrating cap sources with the right source being rotated to face the listener
head �dashed curve�, or are the vibrating cap sources in original pre-fixed
orientation �solid curve�. �a� The left to right channel separation. �b� The
right to left channel separation.
the dynamic CTC systems.
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D. CTC systems with misaligned sound sources

In order to highlight the basic mechanisms, the impact
of misalignments of the source-listener distance and the
source subtended angle are illustrated by using the spherical
head model with two ideal point sources, as shown in Fig. 7,
while the effect of source orientation misalignment is illus-
trated by the cap sources. The channel separations of the
CTC system with playback sound sources at different dis-
tance are depicted in Fig. 8, where the setup plant transfer
functions are obtained when the distance between each of the
sources and the listener is 1.0 m and the two sound sources
subtend an angle of 60°. The playback functions are the same
as the setup functions or obtained by only changing the dis-
tance from each of the sources to the listener to 1.1, 1.2, 1.3,
1.4, and 1.5 m along the original source-listener lines, as
shown in Fig. 7�a�. It can be observed from the figure that a
small change in the distance along the original source-
listener lines does not have a significant impact on the chan-
nel separations. Even if the distance is increased by 50% to
1.5 m, the average channel separation is still greater than 30
dB.

Figure 9 shows the channel separations of the CTC sys-

FIG. 7. The configurations for the CTC system with misaligned ideal point
sound sources: �a� sources and the listener distance misalignment; �b�
sources’ subtended angle misalignment.

FIG. 8. Channel separations of the CTC system with distance misaligned
playback sound sources. The setup plant transfer functions are obtained with
the spherical head model with two ideal point sources when the distance
between each of the sources and the listener is 1.0 m and the two sound
sources subtend an angle of 60°. The playback ones are the same as the
setup ones �dotted curve� or obtained by changing the distance from each of
the sources to the listener to 1.1, 1.2, 1.3, 1.4, and 1.5 m �solid curves, the
curve with the highest channel separation is that for 1.1 m, then 1.2 m, 1.3

m, 1.4 m, and the lowest curve is that for 1.5 m�.
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tem with the playback sound sources at different subtended
angles as the configurations shown in Fig. 7�b�. The setup
plant transfer functions are the same as that used for Fig. 8.
The playback functions are the same as the setup functions
or obtained by increasing the two source subtended angle
from 60° by 1°, 2°, 3°, 4°, and 5°, while the distance from
the source to listener remains at 1.0 m. The figure underlines
that changing the sources’ subtended angle has a larger in-
fluence on the channel separation than changing the distance.
The average channel separation drops to nearly 30 dB for a
1° change and to nearly 15 dB for a 5° change. It appears
that this kind of change causes larger differences between the
transfer functions between two ears and the source than those
caused by changing the distance.

The loudspeaker box center �for example, the rigid
sphere center in the model instead of the cap center� is some-
times improperly treated as the acoustic center of the sound
source in practical applications. If the source orientation mis-
alignment is referred to this box center, the channel separa-
tion drops significantly from more than 40 dB to about 20 dB
with a misalignment of only 10°. Detailed analyses of pre-
liminary simulations show that the main reason for this per-
formance loss is the change in the sound source subtended
angle seen from the listener, which is caused by the rotation
of the sound source whose physical center �box or rigid
sphere center� is not the acoustic center.25 The performance
loss caused by the misalignment of the subtended angle of
the sources has already been shown in Fig. 9. In the follow-
ing simulations, as shown in the configurations of Fig. 10,
the relative positions �angle and the distance� between the
acoustic center of the sound sources �the center of the sound
cap� and the listener remain unchanged and only the orien-
tations of the cap sources are changed to focus on the influ-
ence of the directional properties of the source.

Before the orientation of the cap source changes, the
center of the listener head is ro1= �0,0 ,0�, the center of the
left source sphere is ro2= �1.1,30° ,180°�, and that of the
right source sphere is ro3= �1.1,30° ,0°� in the coordinate
system O1 of Fig. 1. The location of the vibrating cap center

FIG. 9. Channel separations of the CTC system with subtended angle mis-
aligned playback sound sources. The setup plant transfer functions are the
same as that in Fig. 7. The playback ones are the same as the setup ones
�dotted curve� or obtained by increasing the two source subtended angle
from 60° with 1°, 2°, 3°, 4°, and 5° �solid curves, the curve with the highest
channel separation is that for 1°, then 2°, 3°, 4°, and the lowest curve is that
for 5°�.
on the surface of the left sphere is ��L=150°, �L=0°� in its

1804 J. Acoust. Soc. Am., Vol. 126, No. 4, October 2009
own coordinate system O2 and that of the right vibrating cap
is ��R=150°, �R=180°� in its own coordinate system O3.
After rotating the orientation of the cap source � degree
outside �positive value� or inside �negative value� with the
center of cap source, the center of the left source sphere is
ro2= �1.0,30° ,180°�+ �0.1,30°−� ,180°� and that of the
right source sphere is ro3= �1.0,30° ,0°�+ �0.1,30°−� ,0°�.
The location of the vibrating cap center on the surface of the
left sphere is ��L=150°+�, �L=0°� in its own coordinate
system O2 and the location of the vibrating cap on the sur-
face of right sphere is ��R=150°+�, �R=180°� in its own
coordinate system O3. In the simulation results shown here,
� was set as 15°.

The channel separations of the CTC system caused by a
change in the orientation of the directional source are shown
in Fig. 11 where the regularization parameter  is 0.03. It
becomes evident that the channel separation decreases sig-
nificantly from more than 40 dB to about 25 dB, and the
channel separation is larger for higher frequency because of
the stronger directional properties of the source at high fre-
quencies. It is also interesting to note that there are some
frequencies �peaks in the curves� where the channel separa-
tion does not drop so much. These frequencies correspond to
the impact of the scattering from the neighboring sphere,
where the frequency responses differences at the two ears
that can be observed for different configurations might be
similar due to the scattering. By comparing the dashed curve
and the solid curve, it can be found that the channel separa-

FIG. 10. The configurations for the CTC system with orientation misaligned
directional sound sources. �a� The listener is on the central axis line of the
sound sources, �b� the orientation of the cap sources is rotated 15° outside
with the center of cap source, and �c� the orientation of the cap sources is
rotated 15° inside with the center of cap source.

FIG. 11. Channel separations of the CTC system caused by the orientation
change in the directional sources for the 60° source span system. The setup
plant transfer functions are obtained with the original orientation. The play-
back ones are the same as the setup ones �dotted curve� or obtained by
rotating the orientation of the cap sources 15° outside �dashed curve� or

inside �solid curve� with the center of cap source.
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tion is lower when the playback sound sources are rotated
inside �solid curve�. This might be explained by the larger
scattering from the neighboring sphere due to the directivity
of the cap source at high frequencies when the playback
sound sources are rotated inside.

IV. DISCUSSIONS

By comparing the results of Fig. 11 with Fig. 9, where
the two sources subtended angle changes by only a few de-
grees, it can be concluded that the influence on the channel
separation of the CTC system, caused by the change in the
directional source orientation, is smaller than the influence of
the misalignment of the two sources subtended angle. Simi-
lar simulations were also carried out for the 20° source span
system and when the source orientation rotates to different
degrees. As the results are similar, they are not presented in
this paper. All these results show that a slight change in the
distance between the sources and the listener �still on the
source-listener axis line� causes only a minor performance
loss. The directional properties of the playback sound
sources are responsible for a slight performance loss, espe-
cially at high frequencies, while the scattering from the
neighboring sphere sometimes increases and sometimes de-
creases the channel separation in the middle frequency range.
However, the most sensitive source misalignment is trig-
gered by changing the subtended angle of the playback
sound sources seen from the listener.

Extensive experiments have been carried out in the
semi-anechoic chamber at the Institute of Technical Acous-
tics of the RWTH Aachen University to investigate the ef-
fects of using different playback sound sources, the channel
separations of the dynamic CTC system with different source
orientations, and the channel separations of the CTC system
with misaligned sound sources.26 The trends that could be
detected from those experiment results are in concordance
with that of the numerical simulations presented in this pa-
per, so they are not given in this paper for conciseness. These
results clearly show that the playback sound sources also
play an important role in CTCs. Even though the different
types of sources, the spatial characteristics �or directivity in
the far field� of the sources, and positions of the sound
sources all have a certain influence on the performance of the
system, the channel separation of the CTC is most sensitive
to the subtended angle of the playback sound sources. If
highly accurate binaural cues are required in practical appli-
cations, the type and characteristics of the playback sound
sources, their locations, and orientations all should be con-
sidered carefully.

For a CTC system, the factors that make the playback
HRTFs mismatch the setup ones include the variation in in-
dividual HRTFs, the misalignment of the listener’s head po-
sition and orientation, the misalignment of position and ori-
entation of playback sound sources, the variation in the
spatial and temporal characteristics of the playback sound
sources, and the variation in the playback acoustics environ-
ment. The channel separation can decrease more than 15 dB
just due to the difference between two individuals’ HRTFs,

and that caused by the position and orientation misalignment
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of the listener’s head and/or the playback sound sources can
be even larger depending on the degree of misalignment. It
has also been found that the variations in the playback sound
sources and the playback acoustics environment both can
decrease the performance of the CTC system significantly.
From all results obtained in this paper and the earlier studies
by others on the robustness of the CTC systems, it can be
deduced that even though any kind of playback and setup
transfer function mismatches can reduce the channel separa-
tion performance of the CTC system to a certain extent, the
CTC system is more sensitive to the mismatch that makes
the change in propagation time from a source to one ear be in
opposite direction to that to the other ear �reverse time re-
sponse structures at two ears�.4–6,11

For binaural virtual sound imaging systems that use two
loudspeakers together with the CTC techniques, it has been
proved that the system can only deliver accurate binaural
cues when the setup and playback plant transfer functions are
closely matched.3 Two kinds of approaches can be used to
address this problem: the dynamic �adaptive� CTC system
and the robust design. The robust design means to optimize
the physical properties �for example, locations of the sound
sources� of the CTC systems so that its performance is not
sensitive to the mismatch.4,5 To implement either approach,
the relation between the performance change and the basic
parameters of the system need to be understood. From pre-
vious research and the findings in this paper, it is clear that a
small change in the magnitude and phase difference between
the transfer functions of two ears might reduce the perfor-
mance of a CTC system significantly because of the coherent
canceling between two waves. In the high frequency range, a
small misalignment in space can cause a large change in
phase, so that the robustness of the CTC system decreases in
the high frequency range. Fortunately, human heads and
loudspeaker boxes usually show more directionality in the
high frequency range, and a hybrid system that uses both
CTC and the inherent natural channel separation capabilities
of sound sources and human head might offer more robust-
ness and better channel separation performance.4,24

V. CONCLUSIONS

In the field of virtual acoustic imaging studies, there are
several analytical models that are usually used. In the models
such as the free field model and the spherical head model,
the sound sources involved are treated as omnidirectional
point sources. Based on spherical harmonics decomposition
and the translational addition theorem, an analytical model
has been developed in this paper that can take the scattering
and spatial characteristics of the sound sources into consid-
eration. The model is universal and could be useful when it
comes to modeling similar systems with different sizes of
spheres and with different positions and apertures of the cap
sound sources. The model can also be extended and thus
used for more sophisticated applications with multiple listen-
ers and loudspeakers.

The effects of the spatial characteristics of a sound
source and a misalignment on the performance of the CTC

systems were studied based on the proposed model. It was
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found that despite the fact that the different types of sources,
the spatial characteristics of the sources, and the positions of
the sound sources all have a certain influence on the system
performance, the channel separation of the CTC is most sen-
sitive to the misalignment of the subtended angle of the play-
back sound sources. The influence of the spatial characteris-
tics of the source on the channel separation can be
diminished somehow by placing the sources as far away
from the listener as possible, so that the subtended angle
from the source to two ears of the listener becomes smaller.

Future work can be extending the proposed model to
investigate the influence of large reflective walls on the CTC
system quantitatively and to investigate more sophisticated
settings with multiple listeners and loudspeakers in a CAVE-
like environment or an ordinary room.
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