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ABSTRACT
In this paper, we investigate the 3D virtual-loudspeakersbased multichannel sound system. This system uses the
HRTFs (head related transfer functions) as the directional
perception cues and makes the transmission paths transparent by using the crosstalk cancellers. We propose both
the forward and feedback types of crosstalk cancellation systems and compare their complexities and performance such
as equalization and crosstalk suppression factors.

the signals received at either ear, X R or X L , is a combination of the signals played at both loudspeakers. In order to
recover the signals, Atal and Schroeder[lO] proposed a concept of crosstalk canceller, which can equalize and reduce
the crosstalk to suppress the distortion of the received signals. Using matrix notations and referring to Figure 2, we
can write:
X ( Z )= G(z)* Y ( z )

where g11(z) and gm(2) represent the forward path transfer
functions; g12(z) and g21 ( x ) represent the cross path transfer
functions. What we should do is finding out the inverse of
the transfer function matrix H ( z ) represented as follows:
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Figure 1: Virtual sound source playback via headphones.

1. INTRODUCTION
In the early stereophonic techniques, virtual sound source
could be playbacked on the horizontal plane at a desired azimuth. [l] proposed a stereophonic law of sines with the IID
(interaural intensity difference) set to be zero and the position of the virtual sound source can be moved by changing
the ITD (interaural time difference). [l]also used the phasor
analysis to explain these stereophonic phenomena, but the
location of the virtual sound source is blurred because of the
crosstalk . To render the 3D sound, the concept of head related transfer function must be included, which can provide
sufficient directional perception cues including IID, ITD and
spectral cues. Using these transfer functions, we can realize
the technology to place the virtual sound source at any 3D position. Figure l uses headphones playback to mimic a sound
source at location +, where H ~ and
L H*R axe the left and
right HRTFs at location a. To get rid of earphones, a pair of
loudspeakers can be used for playback as long as a crosstalk
canceller is inserted to compensate the loudspeaker/listener
paths. The idea can be explained in Figure 2. In this scheme,
we can place several virtual loudspeakers at different 3D positions simply using a pair of physical loudspeakers as long
as the loudspeaker/listener crosstalk can be cancelled. The
problem of crosstalk can be stated as follows. During the
transmission through the paths from the two loudspeakers
to two ears, the problems rise. The problem can be stated
as follows. In a two-loudspeakers system as Figure 2 shows,

where A(z) = gll(z).g22(2)-912(2).g21(z),
noting that A(z)
may be nonminimum-phase so that the elements of the inverse matrix H ( z ) may be unstable. Besides, there must be
proper delays to make elements of the inverse matrix causal.
There are several structures for us to implement the inverse
filters. In this paper, we investigate two forms of crosstalk
cancellers and discuss the complexity of their design procedure and their performances. After finding out the proper
structure of crosstalk canceller, we can use it as the main
part of our virtual-loudspeakers-based multichannel sound
system to make the transmission paths transparent. The basic structure of the virtual-loudspeakers-based multichannel
sound system have been shown in Figure 2. In this system,
the location of the j - t h virtual loudspeaker can be determined by two HRTFs, H$R and H s L . Low-order modeling
[12] of the head related transfer functions has been used in
order to simulate in real time without losing the directional
perception information.

2. CROSSTALK CANCELLERS
2.1. Forward type crosstalk canceller
The structure of the forward type crosstalk canceller is shown
in Figure 3. There are four filters to process the signals sent
to the loudspeakers. In our approach, we adopt the FIR filter
structure and use the least square error method to find out
the finite impulse responses of the inverse filters. This can
assure the stability of systems. The least square error method
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Figure 2: The structure of the virtual-loudspeaker-based multichannel sound system.
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Figure 4: The signal to crosstalk ratio with various order
filter versus delay.

can be expressed in the matrix form as follows:

where G11, G22, Glz and Gzl represent the convolution matrices of the forward and cross paths' impulse responses,
g l l ( n ) , g22(n), g l a ( n ) and g z l ( n ) , respectively. The desired
response d = [l 0 0 O...]' represents the impulse response in
time domain, and Q represents the zero vector. Both lengths
of d. and Q are decided according to the order of the FIR inverse filter h l l , hl2, h21 and h22. In practice, the HRTF usually has a transmission delay. To assure the system causality,
we would insert a latency into the desired response d. F'urthermore, an extra delay would be added to the latency to
decrease the minimum least square error in this approach.
[a] explains this phenomena in that the head related transfer
function is nonminimum phase which would make its inverse
filter unstable. Assuring the stability of the inverse filter,
nonetheless, would make it noncausal. An extra delay can
aid the least square error FIR filter to closely approach the
inverse of the HRTF. The choice of the extra delay would depend on the distribution of zeros of the HRTF. When its zeros
outside the unit circle are farther away from the unit circle,
the smaller number of the extra delay is needed. Usually,
the amount of the extra delay is set to be half the order of
the FIR inverse filters. Figure 4 shows the signal to crosstalk
ratio versus delays. The loudspeakers are located at f45'
azimuth and the signal to crosstalk ratio is defined as

#$.

For filters with various orders, the maximum signal to
crosstalk ratio occurs at the delay near the sum of the transmission delay(47, in our case) and half of the filter order.
Concerning the orders of the FIR filters, the order is affected

by the characteristics of transfer functions and the performance requirement, we use a simple example to illustrate
how the HRTFs affect the choice of the filter order. Assume
g l l ( z ) = g22(z) = 1 andg12(.z) = g 2 l ( z ) = a.2TD,where D is
the ITD of the two transfer functions and Q is the reciprocal
of the IID of the two transfer functions. We have
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hlz = h21 = 1 - a 2
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If we rewrite the transfer functions in Taylor series form as
follows:
hll

1 + a2 . z - ~ D + a 4 .z-4D
+a6.

pD
+ ...

+

h12 = - a . z - D ( 1 + o2 2 - 2 0 + Q 4 . z - ~ D + 0 6 . z - 6 D
...)
From the Taylor series expansion expression, we find that
when the IID increases and the ITD remains the same, the
decaying rate of the series also increases. It means that when
the IID increases and ITD remains the same, the required
order of the FIR inverse filters can be reduced. To the contrary, if the ITD increases and the IID remains the same, the
necessary order of the FIR inverse filter increases. The orders
increases, because the distance between each impulse of the
inverse filers increase with the ITD and in order to approximate the IIR responses exactly, the order of inverse filters
must be increased. It is should be mentioned that when the
ITD decreases, the IID also decreases since the difference of
distances from source to two ears decreases. If we want to
find the proper positions to locate the loudspeakers, there
will be a tradeoff between IID and ITD to make the filter
order small.

2.2. Feedback type crosstalk canceller
From section 1, we know the signals sent to the loudspeaker
can be represented as follows:

Y = H . S (*)
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Figure 3: The structure of the forward type crosstalk canceller.

To derive the filters of feedback type crosstalk canceller, we
can rewrite (*) as follows:

Y=F.Y+S

discuss the symmetry case, which assumes 911 is identical to
g22 and g12 is identical to g21. Under this assumption, fl(z)
and fi(2) are the same and can be expressed as the model
We have assumed anechoic condition, and use the
HRTFs from the MIT media laboratory as the transfer function of the room. Then the stability of the feedback crosstalk
canceller can be guaranteed when ( p ( z ) + z (.)). 1( p ! z ) - z ( z ) ) is
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stable. Hence, a lemma follows to guarantee stability of systems.
Figure 5: The basic structure of the feedback type crosstalk
canceller.

Y=H.S
H-l .Y

= s (**)

(I - F ) . Y

=s

Y=F.Y+S

To simplify the structure of the feedback type crosstalk canceller, we can multiply both side of (**) a diagonal matrix
with two diagonal elements
and
to zero-out the
diagonal element of F , namely,

&
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LEMMA
For an asymmetric structure of feedback crosstalk canceller,
the stability can be guaranteed as long as all zeros of
P1(z)P2(z)- 21(z)Z2(z) locate in the unit circle; as to the
symmetnc structure, the stability can be guaranteed as long
as both zeros of P ( z ) + Z ( x ) and P ( z ) - Z ( z ) locate in the
unit circle.
In order to efficiently reduce the orders of the model, we
use pole-zero models to approximate the impulse response of
f l ( z ) and f ~ ( z and
)
it should be mentioned that when we
model the response of f(z), we extract the ITD of 911 and
912 out. What we model is the remainder, and the ITD will
be restored after modeling.

3. COMPUTER SIMULATIONS
In our simulation, we have the assumptions as follows:

g11(z) is the same as g22(z) and 912(z) is the same as
g 2 1 ( z ) , so the structure of the crosstalk canceller is symmetric.
We use the HRTFs from MIT Media Lab as our database
of the simulation.
The scheme of the simplified feedback type crosstalk canceller
is shown in Figure 5. To design f ~ ( z and
) f2(z), we would
use the zero-pole signal modeling approaches to reduce the
filter orders. In the design procedure, the HRTFs are first
modeled as their minimum phase parts with transmission
delays. This step enables f i ( z ) and f 2 ( z ) to generate stable impulse responses for signal modeling but without losing
directional perception cues. When we model the responses,
the stabilities of the models can be achieved by adding zeros
to the response end. Achieving the stabilities of the signal
model does not guarantee the stability of the feedback type
crosstalk canceller. To see the relationship between the signal models and the stability of the feedback type crosstalk
canceller, we attempt to express the transfer functions of the
crosstalk canceller in f l ( z ) and fz(z) as follows:

To compare the crosstalk-suppression performances of
these crosstalk canceller, we assume the transfer function g11(z) = 1 for simplicity and the other HRTFs
should be normalized by g 1 1 ( z ) .
To justify the performance of crosstalk cancellers, we propose
the crosstalk suppression factor (CSF) defined as follows:

To justify the performance of the crosstalk canceller, we not
only consider the crosstalk suppression, but also the equalization result. Here, we come up with the equalization factor
(EQ) to see the equalization performance in frequency domain. At first, we define the average variance S of X R .
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where AV = &
2010g I z ~ ( m )and
l
X R ( ~ )is the Mpoint DFT of X R , then the equalization factor can be defined
a5 the average variance with crosstalk cancellation subtracted
by that without crosstalk cancellation. In the assumption,
we have assumed the HRTFS are normalized by g11, so the
smaller the C F be the better performance crosstalk canceller
~~~~

#

Assume the models of fib) and f2(-e) *e
a d
respectively, the stability of the feedback type crosstalk canceller can be guaranteed as long as all zeros of Pl(z)P2(z)Z l ( z ) & ( z ) locate in the unit circle. In this paper, we only

do.
To design the filter f in the feedback type canceller, we use
the Prony method to model the response. Since the response
of
decays quickly, we can use small order to model the
response but the lemma of stability should be satisfied. Figure 6 shows the results of a feedback type canceller with
denominator and numerator orders being 5 and 9, respectively, and the loudspeakers are at 1 6 0 ” azimuth. The CSF
is 5.3613dB and E& is -0.0947dB in this example. Figure 7
shows both CSF and E& of the forward type crosstalk cancellers with different filter orders and the loudspeakers are
also located at 160” azimuth. Both CSF and E& are worst
before filter order is 50 dpe to the large ITD (21 samples),
which means that we should use larger order to perform better. The reasons have been discussed in section 2.1. Compare Figure 6 and Figure 7, we find that the feedback type
crosstalk can achieve the largest E& of forward type with a
much smaller order. To accomplish better CSF, we can enlarge the order of feedback type crosstalk canceller but the
lemma of stability would be guaranteed with more difficulty.
In the introduction, we have mentioned that the crosstalk
canceller play a role equivalent to the inverse matrix of the
transfer functions matrix. [3] use the condition number to
identify the frequency hard to be inverted. The condition
numbers in [3] would varies with frequency. The larger the
condition number be, the more difficult the transfer function
matrix be inversed. In order to perform better, we would find
out the proper transfer function which has smaller condition
numbers.

4. CONCLUSION
In HDTV multichannel sound system, our poposed virtualloudspeaker-based system with crosstalk cancellation can
greatly reduce the cost of required physical loudspeakers. By
appropriate modeling of HRTFs and taking into account of
filter structures, complexity and stability issues, it appears to
be very promising in the application of multichannel sound
system.
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Figure 7: The CSF and E& of forward type crosstalk canceller with different filter order.

