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ABSTRACT

A classical crosstalk cancellation and equalization (CTCE) system
uses two loudspeakers and assumes only one listener. In this paper,
the idea is generalized to the design of using multiple loudspeakers
for multiple listeners. We will show that if the number of loudspeak-
ers is equal to the number of ears, only a least-squares (LS) solution
can be obtained, while using more loudspeakers than ears we have
more options: either an LS solution or an exact solution for perfect
CTCE. Via simulations using real impulse responses measured in
the varechoic chamber at Bell Labs, we learn that a CTCE system
employing more loudspeakers will be more robust to errors in the
estimated acoustic impulse responses.

Index Terms— Crosstalk cancellation, equalization, inverse fil-
tering, 3D sound reproduction, multichannel acoustic signal process-
ing

1. INTRODUCTION

Spatial audio systems have the potential to be used in many appli-
cations such as computer gaming and multi-party teleconferencing
over the IP networks, where there is a great need for the participants
to be able to differentiate competing sounds or voices. But wearing
a tethered headphone to enjoy spatial audio is anyway inconvenient
and undesirable, if not cumbersome. Alternatively 3D sound can
be delivered to a listener using loudspeakers. But crosstalk arises
and the rendered binaural signals are distorted by room reverbera-
tion when arriving at the listener’s two ears, which leads to the need
for a crosstalk cancellation and equalization (CTCE) system.

The concept of CTCE was invented by Atal and Schroeder [1]
and Bauer [2] in the early 1960’s. As illustrated in Fig. 1, a classi-
cal CTCE system employs two loudspeakers and assumes only one
listener.

Let s1(k) and s2 (k) be the binaural signals (k is the time index),
x1(k) and z2(k) the two loudspeaker signals, and y: (k) and y2(k)
the signals at the listening points (i.e., the two ears). The objective of
CTCE is then to find the filters gmp (m, p = 1, 2) in such a way that
crosstalk signals are suppressed and the effect of the channel impulse
responses hn,m (n, m = 1,2) from the loudspeakers to the ears is
reduced. This is equivalent to demanding ideally yn (k) = sn(k—k)
(n = 1, 2) with x being a constant delay.

The loudspeaker signals are:

$m(k') :Sl(k)*gm1+52(k)*gm27 m = 1727 (1)
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Fig. 1. Schematic diagram of a classical CTCE system using two
loudspeakers.

where the operator ‘x’ denotes convolution. We can now write the
signals at the listener’s ears as,

yn(k) = 21(k) * hn1 + x2(k) * hn2, n=1,2. ?)
Substituting (1) into (2), we get:

2
Yn(k) =D (g1p * bt + g2p % ha) % 5p(k), n=1,2,  (3)

p=1
which we can put in a more convenient vector/matrix form:

2

Y(k) =Y st (k) Hpg,, n=1,2, )

p=1
where ()T denotes a vector/matrix transpose,
811 812
G=|8, 85| =
[ 81 B2 ] {gm 822 }

is a matrix of size 2L, X 2,

T
gmp = I:ng»O g7”1’«1 e gmp,Lg—l ] I m7p = 17 27

is an FIR filter of length L4, whose input and output are s, (k) and
xm (k), respectively,

H— Hi. | _ | Hiy Hi
Ho. H21 Hae
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is the channel impulse response matrix of size 2L x 2Ly, with L =
Ly+ Ly —1,

hnm,O hnm,Lh—l 0 0 T
0 hnm,O hnm,thl Tt 0
Hypm =
0 0 hnm,O o hnm,Lh—l

is a Sylvester matrix of size L x Lg,

hnm = I:hnm,O hnm,l e hnm,thl ]T, m,n = 17 27

is the acoustic impulse response, of length Ly, from the mth loud-
speaker to the nth ear, and

sp(k) = [sp(k) sp(k—1) - sp(k—L+1)]", p=1,2,

is a vector containing the L most recent samples of the source signal
Sp-

Then the conditions for CTCE are mathematically expressed as
follows:

u, 0
HG[O uﬁ], 5)
where u, = [0 - 010 --- O]Tisavectoroflength L,

whose xth component is equal to 1, and 0 is also a vector of length L
containing only zeroes. Assuming that H has full column rank and
Ly, > 1, it is easy to see from (5) that this linear system has more
equations than unknowns since 2L > 2L,. In this situation, the best
(and only) estimator that we can derive from (5) is the least-squares

solution [3], [4], i.e.,
u, 0
0 u, |~

However, this solution may not be good enough in practice for sev-
eral reasons. First, we do not know how to determine L,. Second, H
may not even be of full rank. Third, from this approach it’s not clear
what LS does best, crosstalk cancellation or equalization. In other
words, we can not quantify in a clean way the residual crosstalk sig-
nals or the equalization error. Fourth, it is very well known that this
method is not very robust to head movements [5]. The idea of using
more loudspeakers has been proposed [6], [7]. In an earlier study [9],
we have shown that using more loudspeakers is more advantageous
for CTCE. But these CTCE algorithms can deliver 3D sound to only
one listener and therefore are found inadequate for multi-user spatial
audio applications (e.g., teleconferencing with immersive audio). In
the following section, we will generalize the idea of CTCE to the
design of using multiple loudspeakers for multiple listeners.

G = (H"H) 'H" [ ©6)

2. GENERALIZED CTCE USING MULTIPLE
LOUDSPEAKERS FOR MULTIPLE LISTENERS

Here we suppose to use M loudspeakers and try to deliver P (P >
2) channels of signals s, (k) (p = 1,2, - - -, P) to a number of listen-
ers whose overall IV ears are at various positions, as shown in Fig. 2.
Apparently P < N and presumably M > N. In general N is even
(since everyone has two ears) but this is not necessarily required.

Using the same notation as the previous section, we can easily
see that the signals at the listener’s ears are:

P

yn(k) = Zs}j,p(k)ﬂnig:;ﬂ n= 17 27 e 7N7

p=1

0
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Fig. 2. Illustration of the generalized CTCE system using M loud-
speakers for 3D sound reproduction at the overall IV ears of a number
of listeners.

where this time,

211 812 gip
21 822 gaop
G:[gtl g:2“'g:P]: . . .
v 8m2 7 8mp
is a matrix of size M Ly x P, and
H;. Hi; Hie Hin
Ho. H2: Hao Ha
H= =
Hy. Hyi Hy2 --- Hywu

is the channel impulse response matrix of size NL x M L.
We now deduce the conditions for the generalized CTCE:

upp U2 uip
uz; U22 uzp

HG=U= ) ) : ; (®)
uyi un2 --- UNP

where forn =1,2,---

v = {

The linear system (8) has (P x N x L) equations and (P X M x Lg)
unknowns. Assume that H has full column rank. Depending on how
we choose Ly, we have three very different solutions:

7N’p:1727"'7P:

if supposedly yn (k) = sp(k — k),
otherwise.

Uy

0

1. Least-Squares Solution:

To obtain the least-squares solution, we should take L, in
such away that NL > M L4, which anyway holdsif M = N



and L, > 1. But for M > N, this condition implies that
Ly < N(Lp — 1)/(M — N). In such cases,

-1

G" = (H"H+6lyp,«mr,) H'U, ©9)

where & is a non-negative regularization factor and

IarL, < ML, is the identity matrix of size M Ly x M Lg. Reg-

ularization is used to reduce its sensitivity to errors in the
measured impulse responses [8].

2. Exact Solution:

An exact solution can be derived if we can make H a square
matrix. This is possible if NL = M Ly, which implies that
Ly = N(Lp — 1)/(M — N) if the result of such division is
an integer. Hence,

G™ = (H+0lnr,xuz,) U (10)

3. Minimum-Norm Solution:
This solution can be obtained if we decide to have more equa-
tions than unknowns, i.e., Ly > N(L, — 1)/(M — N).
Hence,

—H" (HH") 'U. (11)

GMN
Discussion: The first important thing to notice is that when using
more loudspeakers (i.e., M > N), we have a pretty good idea on
how to determine L, (the length of the CTCE filters). While there
are more CTCE filters, their required length will probably be much
smaller than the length of the filters in the case of M = N, with
likely much better performances.

The least-squares technique may be the most interesting in prac-
tice since it gives an upper bound for Ly. Moreover, H may not be
full column rank. In this case, we can reduce the length L, until we
get an acceptable solution.

The exact solution for which Ly, = N(L, — 1)/(M — N) can
be seen as a generalization of the multiple-input/output inverse the-
orem (MINT) [10]. Recall that the MINT can exactly equalize any
number of points in a room using a monaural signal only. Here, we
generalized the idea to multichannel signals.

The minimum-norm solution seems useless from a practical sys-
tem design point of view because there is no good reason why we
should choose Ly, much longer than necessary. In particular, when
the number of used loudspeaker is low, L, for the minimum-norm
solution can be much longer than the length of the acoustic impulse
responses Aynm.

3. SIMULATIONS

In this section, we evaluate the performance of the proposed CTCE
system by simulations.

3.1. Performance Measures

Similar to [9], two performance measures are employed in these sim-
ulations: signal-to-crosstalk ratio (SCTR) and signal-to-distortion
ratio (SDR). Let’s first denote

fin fi2 - fip
for fao -+ fop

HG =F = . . . . (12)
fn1 fy2 -+ fvp

NLXP
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Fig. 3. Floor plan of the varechoic chamber at Bell Labs (coordinate
values measured in meters).

So what the nth ear hears due to the signal s, (k) is found as

Yn,sp (k) = s p(k), n=1,2,--- N, p=1,2,---,P. (13)

Suppose that we intend to deliver at the nth ear the signal sp,, (k).
Then the SCTR at the nth ear would be

E{yn., (k)}
Zzl;l,pipn, E {y%’SP (k)}

where E'{-} denotes mathematical expectation. Substituting (13)
into (14) leads to

SCTR,, =

; (14)

T
fnpn R5pn Spn f"Pn
P T ’
szlyp#pn frpRsp syt

where Rs s, = E {sL,p(k:)sEp(k)} (p=1,2,---, P)is the auto-
correlation matrix of s, (k). In general, the SCTRs depend not only
on the CTCE filters gy, but also on the spatial sound signals s, (k).
Since our interest is merely in the CTCE system, without any loss
of generality, we can assume that the spatial sound signals are white
and have the same strength. Then Rs,s, = UEPI Lx 1. Consequently,
the SCTR,, are calculated as follows

SCTR,, = (15)

£, frn
SCTR, = ——2= ; (16)
ZPZLP#IM f"pf"p
and the average SCTR is given by SCTR = ij:l SCTR,,/N.

At the nth ear, the signal distortion is defined as
dn(k) = Yn,sp, (k) =5p,, (F=K) = Yns,,, (K)—usep, (k). (17)
Substituting (13) into (17) produces
dn (k) = (fap, — 0x)" 819, (). (18)
Then the SDR at the nth ear is determined by

SDR, = E{[quL,pn(k)]Q}/E {dn(k)}

T
— Uy Rspn Spn U . (19)
(fapn — )" Ry sy, (Fap, — i)




Using the assumption of white spatial sound signals, we deduce that
SDR, = 1/ [(fup = we)” (Fupn — )] (20)

and the average SDR = ZnNzl SDR,,/N.

3.2. Simulation Setup

The simulations were carried out using the impulse responses mea-
sured in a real, reverberant environment: the varechoic chamber at
Bell Labs [11]. A detailed description of the chamber can be found
in [12]. In our simulations, three panel configurations were inves-
tigated: 75%, 30%, and 0% open panels. Their average Tgo rever-
beration times are approximately 310 ms, 380 ms (moderately rever-
berant), and 580 ms (highly reverberant), respectively. The original
impulse responses were measured at 8 kHz and had 4096 samples.
For these panel configurations, the impulse responses were truncated
to Ly = 310, 380, and 580 samples, respectively. These numbers
were carefully chosen to avoid a too complicated CTCE system with
a memory requirement that our laptops cannot sustain. Gaussian
random noise is added in the impulse responses with 30 or 15 dB
signal-to-noise ratio (SNR). The regularization factor ¢ is specified
as 0.01 and 0.5, respectively, at 30 and 15 dB SNR. We investigated
using M = 3 and 5 loudspeakers for CTCE with P = 2and N = 3.
The ears with odd index are supposed to hear s; (k) and the ears with
even index hear s2(k). The positions of the loudspeakers and the
three microphones (to simulate the ears of the listeners) are shown
in Fig. 3.

3.3. Simulation Results

The simulation results are summarized in Table 1. It is clearly
demonstrated that the performance of a CTCE system is significantly
improved by using more loudspeakers in either lightly or heav-
ily reverberant environments. From these simulations, we learned
that the exact solution is ideal in the absence of noise in the im-
pulse responses. But in practice where the impulse responses can-
not be precisely measured, the study suggests to use an LS algo-
rithm and choose an L, that is only slightly smaller than LEX =
N(Lp,—1)/(M — N).

4. CONCLUSIONS

In this paper, the idea of crosstalk cancellation and equalization
(CTCE) was generalized to the design of using multiple loudspeak-
ers for multiple listeners. We showed mathematically that using the
same number of loudspeakers as the number of overall ears of the lis-
teners, only a least-squares (LS) solution can be obtained. By using
more loudspeakers we can take advantage of acoustic channel diver-
sity and get either an LS or an exact solution by choosing a proper
length for the CTCE filters. As a result, we can design a more robust
generalized CTCE system that is less sensitive to errors in the mea-
sured impulse responses. Finally, these analyses were justified by
simulations using real impulse responses measured in the varechoic
chamber at Bell Labs.
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