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ABSTRACT

This paper presents a novel approach for implementing immersive
audio rendering filters for a single listener using loudspeakers. We
address the problem of crosstalk cancellation inherent in loudspeaker
rendering and propose to implement the crosstalk cancellation filters
using minimax finite impulse response (FIR) filters. The formula-
tion is based on the Atal-Schroeder crosstalk canceller. The use of
the optimal FIR filter design procedure ensures significant amount
of separation between the direct path and the cross path. An alter-
native topology which requires the approximation of just one filter
has also been explored using the same design principles. The min-
imax techniques provides superior solutions as compared to a least-
squares design and the alternate structure is shown to be robust in its
performance.

1. INTRODUCTION

A 3-dimensional audio system can be used to position sounds around
alistener [1], [2]. There has been a tremendous amount of interest in
3-D audio technology in the recent past. Its applications include use
on multimedia desktop computers. A direct approach to implement
a 3-D audio system is to use headphones. Headphones have several
advantages such as excellent channel separation, invertibilty of the
transmission paths from the transducers to the ears and the ability
to isolate the listener from external sounds and reverberations. How-
ever, they also suffer from some disadvantages. In most applications,
non-individualized head-related transfer functions (HRTFs) are used
and headphones have difficulty in creating external frontal images
while synthesizing the directional cues [1], [2]. That is, headphones
induce errors in front and rear sound perception and are limited in
their ability to externalize sound. This tends to give the listener an
“inside the head” sensation. Finally, in applications such as video-
conferencing, headphones might become uncomfortable to use.

A key issue that should be addressed while reproducing sounds
to a listener is that the left ear signal must go to the listener’s left ear
only and similarly the right ear signal must only go to the listener’s
right ear. It is essential that there is no crosstalk, i.e., the left and
right channels remain separated. To mitigate crosstalk effects, we
can create a set of filters which will in combination with the acoustic
paths cancel the crosstalk signals at the ears [3].

In this paper, we present the method for designing the crosstalk
cancellation filters using minimax techniques. The crosstalk can-
cellation filters are modeled using FIR filters in our work [4], [5].
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We show that an approach based on the second-order cone program-
ming (SOCP) [5] technique provides excellent approximation to the
minimax solution. The design problem is formulated as a convex
optimization problem and solved using interior point solvers.

The classic Atal-Schroeder crosstalk canceler [3], [6] is shown
in Fig. 1 for the case of two loudspeakers. In this figure, the left

Fig. 1. Atal-Schroeder crosstalk canceller

and right signals are p;, and pg respectively, /1 and /> are the loud-
speaker signals and /; (ipsilateral term) and /. (contralateral term)
are the head-related impulse responses (HRIRs) to the same-side and
opposite-side ears, respectively. The objective is to design the filters
hi1, h2, hs and ha such that the crosstalk signals are cancelled, i.e.,
none of the py, signal is received at the right ear and similarly for the
pr signal and the left ear. Assuming that the system is acoustically
symmetric so that the transfer functions from the left loudspeaker
to the ears are the same as those for the right loudspeaker, it can
be shown that the required filter responses in terms of the HRTFs,
H;(w) and H.(w) are given by:

Hl(w)
) = pe-mw
B —H¢(w)
= me - nre
Hg(w) = HQ((U)
Hiw) = Hw) (1)

If the listener is in an asymmetric position with respect to the loud-
speakers, the above equations can be modified appropriately.
The frequency responses of the four crosstalk canceller filters
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can be expressed in matrix form as

1 Hl(w)

- - —He(w)
HP(w) — HZ(w) | —He(w)

H(w) Hi(w) @
This results in a slightly different realization of the crosstalk filters,
as shown in Fig.2. This realization requires the design of only one
filter for its implementation. This topology was suggested in [7].

PLT h [T b ED h; D
=L -h = h,
L —h = h
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Fig. 2. Single filter structure of crosstalk canceler

The desired frequency response of the single filter is given by

1

Hal) = oy — w2

3

Under ideal conditions, i.e., when the exact room impulse responses
are used to implement the filters in the matrix, crosstalk will be com-
pletely cancelled irrespective of the choice of the single filter that
must be designed for this topology. In general, Hg(w) has infinite-
length impulse response. However, we will approximate this re-
sponse using an FIR filter in this work. The most common way to
design the crosstalk cancellation filters is by using the least-squares
(LS) optimization technique [6]. In this paper, we compare the capa-
bilities of the minimax design to those of the LS design for both the
Atal-Schroeder structure and the single filter structure in [7]. Our
results indicate that the minimax design offers higher crosstalk can-
cellation as compared to the LS method. Furthermore, the alternate
structure of [7] appears to provide superior solutions to the crosstalk
cancellation problem.

The rest of the paper is organized as follows. In Section 2, we
discuss the design of crosstalk cancellation filters in the minimax
sense. Experimental results comparing the design techniques and
the two structures are given in Section 3. Finally, our conclusions
are provided in Section 4. Throughout the paper, we have denoted
vectors and matrices using bold-faced characters, R refers to the set
of real numbers and C? refers to a second-order cone of dimension

q.

2. MINIMAX APPROXIMATION OF CROSSTALK
CANCELLATION FILTERS

Given the desired crosstalk canceller frequency responses as in (1)
or (3), we can consider a general FIR filter design problem. Let
H(w) represent the frequency response of an N-tap FIR digital filter
as given by

N3
H(w) = Z h(n)e 7™ N =Ny —Ni+1, 4)

n=N1

where {n(n)}22 , represent the filter coefficients. Let D(w) be the
desired complex valued frequency response of the crosstalk filter on
a compact subset B of the frequencies in [-7,7). The minimax ap-
proximation problem consists of finding the filter coefficients that
will minimize the Chebyshev norm

[1B(w)ll = max | E(w)| ©)

where the weighted error is given by
E(w) = W(w)[D(w) — H(w)]. ©

In the above equation, W(w) is a real, positive and continuous weight-
ing function in the frequency domain. When approximating arbitrary
magnitude responses, the choice of the weighting function can play
a crucial role in the characteristics of the optimization algorithm.
This problem can be solved using the technique given in [4], which
employs the alternation theorem to iteratively find the minimax so-
lution. While this algorithm is easy to implement and has relatively
fast convergence properties, there are situations in which it may con-
verge only on a subset of B. When this occurs, we may need to use a
second stage of optimization to further refine the solution. One of the
approaches to solve this problem has been incorporated in MATLAB
as the second stage of the cfirpm function for minimax optimization
[8]. The numerical implementation of the crosstalk cancellation fil-
ters using this algorithm is computationally intensive and in several
of our simulations, the algorithm failed to converge.

To avoid this problem and to obtain filters optimized under the
weighted Chebyshev norm, we propose the use of second-order cone
programming (SOCP) to design the crosstalk cancellation filters in
the minimax sense. Recently Yan, et al. [5] provided a unified
framework for the use of the SOCP technique to design FIR filters
using various measures of norms. SOCP provides us with a flexible
structure to formulate the FIR filter design problem using frequency
domain specifications and the optimization problem can be solved
using interior point solvers such as those included in the SeDuMi
toolbox of MATLAB [9]. In order to see how the SOCP approach
works, we reformulate (5) and (6) in terms of the filter coefficients
h(n) so as to minimize the Lo, norm of the error given by

E(wy) = mg(W(wk)\D(wk)—eT(wk)h\)§ k=1 ,K (7
Wi
where h=[1(0), i(1), - - -, A(N-D)]", e(w)=[1,e77%, - -
and the optimization is performed over K frequency points. The
above optimization problem can be transformed as
nin 1) 8)
subject to W(wg)|D(wi) — e  (wp)h| <6 k=1,--- | K

‘We solve the K second-order cone constraints for h, using SeDuMi,
by redefining the conic problem as

maz bly, subject to ¢ — ATy € Qcone )

where y = [§, hT1T, b =[-1, 015 &7, such that § = - b7y,

| wennte | A= 0

and Qcone is a symmetric cone of dimension ¢ that can be defined as

c =

O1xn
W (wi)e” (wi) ]

xT _
Qcone = (|: X; :| 1x1 € ?R,XZ GCq 1,%1 Z ||X2||) .
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Before proceeding, we define the terms equalization and can-
cellation in the context of crosstalk cancellation. Equalization is a
measure of the signal coming the direct path and has an ideal value
of 0 dB. Cancellation is a measure of the signal arriving along the
cross path and should ideally be -co dB.

We implemented the crosstalk cancellation filters using the two
structures discussed in Section 1. The first structure basically de-
signs the two filters having frequency responses as given in (1) and
the second structure designs the filter having frequency response as
given in (3).

2.1. Selection of the weighting function

In all our designs, we chose the weighting function as

y_ PRW) QU - R()
W)= B T Dwe

10)

where

_ [ L D@)] > )
m”—{o;wwn<x’

P and Q are arbitrary positive constants that were chosen to be unity
in our work and D(w) is the desired frequency response of the filter
being designed. This choice was based on the perspective gained
from extensive experimentation. The basic idea is to give relatively
more weight to the frequency response if its magnitude is less than
a threshold A (we choose A=1 in our work). The parameters p and g
were chosen such that 2.5 <p <4.5,1.5<¢g<35andp > gq.

3. EXPERIMENTAL RESULTS

A number of simulations were conducted to evaluate the perfor-
mance of the crosstalk canceller, designed using the minimax algo-
rithms for both the conventional structure and the single filter struc-
ture. The crosstalk cancellers were implemented using 256-tap FIR
filters. The impulse responses used in our simulations had 128 co-
efficients and were taken from the set of HRTFs measured using a
Knowles Electronic Manikin for Acoustic Research (KEMAR) [10].
The systems were evaluated for different angles of elevations and az-
imuth and the results are tabulated in Table 1. The complex Cheby-
shev algorithm only gives the best approximate over a subset of the
frequencies in all cases. The percentage of sample frequencies in
B for which the algorithm converged to the “minimax solution” is
denoted as “% of B”. As mentioned before, SOCP technique can be
used as an alternative and it can design filters having a minimum
norm over the entire set B. The minimax filters were compared with
the filters designed using a weighted least-squares (WLS) optimiza-
tion criterion and the performance was evaluated through a measure
of the mean crosstalk cancellation offered in B. The weighted error
plots for the two filters for angle of elevation = 70°, angle of az-
imuth = 30° and the corresponding plots for the transfer functions
of the direct path and the cross path are shown in Fig. 3 and Fig. 4
respectively. The plots and the results in Table 1 indicates that the
maximum errors of the individual filters from the minimax design is
considerably lower than those obtained through a WLS design. Also,
the average cancellation across the entire frequency grid offered by
the minimax filters is lower than that offered by the WLS filters.
We note that none of the algorithms performed well at very low fre-
quencies. However, this may not be a problem in many applications
since the frequencies of interest are higher than the range over which
the crosstalk canceller performs poorly. An important parameter in-
volved in the design process is the modeling delay. On extensive

experimentation, satisfactory results were obtained for delays in the
range 60-80 samples.
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Fig. 3. Weighted errors of the crosstalk cancellation filters -
elevation=70°,azimuth=30° (minimax filters - dashed lines, WLS fil-
ters - solid lines)
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Fig. 4. Direct path and cross path transfer functions -
elevation=70° ,azimuth=30° (minimax design - thick lines, WLS de-
sign - thin lines)

The results for the single filter topology are tabulated in Table 2.
The evaluation criterion in this case was the measure of the mean
deviation of the achieved equalization from unity, i.e., mean(||T(w)|-
1]). The direct path transfer functions comparing the minimax design
with the WLS design is displayed in Fig. 5. Though this filter was
comparatively more difficult to approximate using an FIR model due
to its inherent all-pole structure, it can be seen that in general, the
minimax system offers better equalization as compared to a crosstalk
canceller system implemented using the WLS filters.

To conclude our analysis of the minimax crosstalk canceller fil-
ters, we studied the robustness of the two crosstalk cancellation sys-
tems experimentally. The room acoustics was simulated with the
HRTF measurements from [10]. Two statistically independent and
uncorrelated sequences were applied as loudspeaker inputs and the
elements of the room transfer function matrix were identified using
a least-mean-squares (LMS) algorithm. The inverse filters were then
designed using this estimated set of room impulse responses. The
performance of the filters as shown in Fig. 6 indicates that the single
filter design is more robust as it offers better crosstalk cancellation
and the “overlapping” near dc frequencies is absent in most cases.
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Table 1. Performance metrics for a conventional crosstalk canceller design

(Elevation, Filter Delay Chebyshev approximation SOCP WLS Mean minimax Mean WLS
Azimuth) type 0| maxerror %ofB max.error max.error crosspath (dB)  crosspath (dB)
(70°,30°) H; 80 0.0046 0.0144 93% 0.0046 0.3650 -123.7076 -116.7222

H» 79 0.0162 0.0440 95% 0.0162 0.1161
(70°,45°) H: 59 0.0062 0.0082 99% 0.0062 0.0340 -117.2189 -113.3327
H2 60 0.0222 0.0514 85% 0.0225 0.1235
Table 2. Performance metrics for a single filter crosstalk canceller design

(Elevation, Filter Delay Chebyshev approximation SOCP WLS Mean minimax ~ Mean WLS
Azimuth)  type | 0] max.error %ofB max.error max. error (||T(w)|-1]) (||T(w)|-1])
(70°,45°) H 80 0.0352 0.1113 98% 0.0353 0.8795 0.0252 0.0604

(0°,10°) H 80 0.1431 0.3941 99% 0.1432 0.1888 0.1023 0.1937
SOCP‘deslgn 5
g o . " termas - e e mr s na AR o n e awpa s = o st Aot
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Fig. 5. Direct path transfer functions for the single filter structure
- elevation=70° ,azimuth=45° (minimax design on top, WLS design
below)

4. CONCLUSIONS

We have proposed a novel method to design the crosstalk cancella-
tion filters for a conventional system as well as a single filter topol-
ogy using minimax techniques. While the complex Chebyshev ap-
proximation is a fast algorithm and it achieves near optimal solu-
tions, a more accurate and refined solution can be obtained through
a SOCP formulation. We also showed that the single filter structure
is more robust to errors in estimation of the room impulse responses
as it can offer better cancellation as compared to the conventional
design. Based on the results of our evaluations, we believe that the
method of this paper offers an attractive alternative to crosstalk can-
celler design techniques available in the literature.
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