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ABSTRACT

Pioneered in the sixties, Crosstalk Cancellation (CTC) allows for immersive sound reproduction from a limited
number of loudspeakers. Upcoming virtual reality and augmented reality applications, as well as widespread
availability of 3D audio content, have boosted interest in CTC technologies over the recent years. In this paper, we
present a novel multiband approach to CTC, evolving and superseding our original work based on modeling of the
system’s geometrical acoustics. This new solution, whilst keeping a simple processing model, offers improved CTC
effectiveness, reduced residual coloration and wider bandwidth. The enhanced performance of our new approach
has been confirmed by laboratory experiments.

1 Introduction

Crosstalk Cancellation (CTC) is an audio processing
technique allowing to deliver immersive 3D audio by
controlling the signals received at listener’s ears from a
set of speakers. In particular, CTC may be used in such
a way that contributions from a given source speaker
are received at one of the listener’s ears and cancelled
out at the other. Using binaural encoded content and
two source speakers, this allows for proper rendering
of binaural cues at the listener’s ears, hence providing
an immersive 3D audio experience.

CTC has been an active field of research for many
years and many approaches have been proposed among
which the Recursive Ambiophonic Crosstalk Elimi-
nation (RACE) initially presented by Glasgal [1] is a
time-domain processing approach that inspired many
modern solutions. In our previous work [2], we intro-
duced a variation of the RACE algorithm based on the
modelling and control of the propagation of acoustical
waves from the sources to the listener’s ears. Present-
ing high similarity to the ray tracing approach used

in computer graphics rendering, it provides increased
robustness by regularization of the order of the cancel-
lation signals cues.

Based on the same principles, we present a novel solu-
tion featuring a multiband approach to crosstalk cancel-
lation. The introduction of frequency-band dependent
CTC allows us to obtain enhanced cancellation, re-
duced coloration and wider bandwidth, whilst, at the
same time, achieving system robustness similar to the
solution presented in our previous paper. Sections 4 to
6 provide detailed information on the theoretical and
practical aspects of the newly proposed solution. Fi-
nally, in section 7, we present results from laboratory
experiments performed on a real-world implementation
of the newly proposed multiband approach to CTC. Re-
sults show that the new system clearly outperforms the
solution presented in our previous work.

2 CTC overview

Binaural reproduction over loudspeakers using CTC
has been an active research topic for a long time and im-



Alberto, Vancheri et al. Multiband time-domain crosstalk cancellation

mersive 3D audio content as well as upcoming virtual
and augmented reality applications have lately boosted
interest in the field. The principle of CTC was pio-
neered by Bauer [3] in the early sixties whereas the
first patent in the field was filed by Atal et al. in 1966
[4] and commercial applications appeared about 20
years later (Cooper Bauck Transaural). The works of
Masiero et al. [5] and Gardner [6] provide a good
overview of CTC technologies.

A CTC system based on two loudspeakers can be de-
scribed by the following z-domain matrix equation:

E(z) = H(z)S(z) (1)

where E(z) = (E1(z),E2(z))
T represents the left and

right ears signals, S(z) = (S1(z),S2(z))
T the left and

right speaker signals and H(z) is a 2x2 matrix whose
coefficients hi j are the transfer functions from speaker
i to ear j.

By introducing a filter at the input of the system, repre-
sented by a matrix CTC(z), the transfer function results
in:

E(z) = H(z)CTC(z)S(z) (2)

Perfect crosstalk cancellation is achieved if

E(z) = kz−δ S(z) (3)

where k is a gain factor and z−δ is pure delay. In other
words, CTC(z) is an approximation of the inverse of
the forward path matrix H(z), up to the gain factor k,
combined with a delay for causality reasons. Com-
putation of CTC(z) is thus closely related to a matrix
inversion problem and is generally ill-defined due to
the typically non-minimum phase nature of H(z). The
same formalism can obviously be applied to systems
with more than two loudspeakers or for multiple users.

It has been shown by Parodi [7] that correct sound
source localization requires cancellation levels of 20
dB and more. According to Choueiri [8], very high
levels of boost (reaching 30 dB and above) may be
required at frequencies where the matrix inversion is
problematic. At such frequencies, approximation er-
rors can result in high deviations between expected and
computed values, hence reducing crosstalk cancella-
tion effectiveness. These stringent constraints usually
result in a small sweet spot (i.e. the area where the
crosstalk cancellation is effective) and require CTC(z)

to be adapted to the actual listener position as shown
by Lee and Lee [9]. A variation of the RACE algo-
rithm able to support non-central user positions has
been presented by Cecchi et al. [10]. Whilst this paper
presents some similarities with our own previous work
[2], our solution, based on cancellation complexes, uses
truncated impulse responses instead of a full recursive
scheme, which provide benefits in terms of system sta-
bility.

Many approaches to achieve robust, artefacts-free CTC
have been studied, among which: optimized loud-
speaker positions (and types) as suggested by Ward
and Elko [11] and Takeuchi and Nelson [12], mapping
the inversion problem to an L∞ minimization problem
as proposed by Rao et al. [13] or stochastic approaches
based on random perturbation matrices as studied by
Xu et al. [14]. Technologies inspired by sound field
reproduction such as the analytical spectral division
method studied by Qiao [15] have also been success-
fully applied to the CTC problem.

Frequency-dependent or multiband CTC has been iden-
tified as an efficient mean to enhance CTC robust-
ness and effectiveness. For instance, in his work
[8], Choueiri presents a method for designing opti-
mal CTC filters for two loudspeakers systems based
on frequency-domain regularization, where different
frequency bands are associated with different analyti-
cally derived CTC impulse responses. Speaker arrays
and beam-forming are also widely used approaches for
the implementation of frequency-dependent CTC. Solu-
tions based on combinations of different technologies,
each being optimized for a given frequency band have
also been researched as exemplified by the works of Ma
et al. [16] or Bruschi et al. [17]. These works present
multiband CTC solutions based on a combination of
beam-forming for mid/high frequencies and modified
versions of the RACE algorithm for low frequencies.

Compared to the cited approaches, the novel multi-
band CTC solution presented in this paper is a RACE-
inspired, full time-domain approach based on a simple,
unified geometrical acoustics model, that offers both
high cancellation effectiveness and robustness as has
been confirmed by simulations and laboratory experi-
ments.

Furthermore, if the listener is allowed to move freely
(as is the case in virtual reality applications), H(z) be-
comes time variant and, consequently, the filter CTC(z)
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has to be updated in real-time to track the user’s po-
sition and orientation. A significant part of recent re-
search in the field of crosstalk cancellation has been
centered on the real-time computation, optimization
and smooth regularization of the inverse approximation
CTC(z) of the time-varying system forward path H(z).
Our approach being full time-domain based, provides
natural support for time-varying CTC filters as they can
be updated on a sample by sample basis. However, in
this paper, we will not cover the topic of moving users
which is a subject of on-going research by our team.

3 Background of our approach

Our approach to crosstalk cancellation is based on the
notion of cancellation complex, a system made of three
sources S0, S1 and S2 and two receivers E1 and E2
(the ears of the user), as depicted in figure 1. The ear
E1 is called the target ear. The speaker S0 outputs a
signal x0(t). The sources S1 and S2 work in such a
way that the signal y1(t) received at the target ear is
the propagation of x0(t) from S0 to E1, whereas the
signal received at the non target ear E2 is y2(t) = 0.
Sources S1 and S2 provide the recursive cancellation
signals needed to attain this goal. In this paper, xi(t)
will indicate a signal emitted from source Si and y j(t)
a signal received at the ear E j.

In order to compute the impulse responses m1(t) and
m2(t) associated to speakers S1 and S2, we consider six
acoustic paths labelled each with a couple of indexes
(i, j), where i refers to the source and assumes values in
{0,1,2} and j refers to the ears and assumes values in
{1,2}. For instance the path (0,2) refers to the acoustic
path between source S0 and non target ear E2.

The solution presented in our previous work [2] was
based on the assumption that the sound propagation
along the path (i, j) amounts to a global gain gi j and
a global delay τi j applied to the signal emitted from
the source i: if xi(t) is the signal emitted from the
source i, then the signal received at the ear j will be
y j(t) = gi jxi(t− τi j).

This propagation law is described by the impulse re-
sponse

hi j(t) = gi jδ (t− τi j) (4)

or, equivalently, by the transfer function

Hi j(ω) = gi j exp(−iωτi j) (5)

Fig. 1: Structure of a cancellation complex. The acous-
tic paths between the speaker Si and the ear E j
is labelled with (i, j). The original sound is
emitted from the speaker S0 and is directed to
the target ear E1 along the path (0,1). The
speakers S1 and S2 cooperate to cancel the
crosstalk generated along the path (0,2).

The delay τi j and the gain gi j include contributions
from free propagation in space and from the scattering
of the sound wave on the head. More precisely, the
delay is written as a sum τi j = τ

(0)
i +τ

(H)
i j of two contri-

butions, where τ
(0)
i is due to free propagation in space

and τ
(H)
i j represents the contribution of the head. The

propagation term is simply given by τ
(0)
i = Li

c , where Li
is the distance between the source and the center of the
head and c is the speed of sound. A similar definition
can be given for gi j, which is the product of a propa-
gation gain g(0)i , which is dependent on the distance Li

and a head related contribution g(H)
i j .

With these assumptions and notations, it can be shown
that, for a static user, the impulse response m j(t), j =
1,2, associated to the speaker S j is an infinite sequence
of delayed and dumped pulses:

m j(t) =
∞

∑
p=1

m j,pδ (t− t j,p) (6)

where m j,p and t j,p are, by definition, the magnitudes
and the releasing times of the p-th pulse. The pulses
m j,pδ (t − t j,p) are the p-th order response from the
speaker S j. The impulse responses are truncated at a
given cancellation order N.
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It can be shown that the releasing times t j,p are arith-
metic sequences:

t j,p = t j,1 +(p−1)T (7)

where t1,1 = τ02− τ22 + τ21− τ11, t2,1 = τ02− τ22 and
T = τ12 + τ21− τ11− τ22.

In a similar way, it is easy to show that the magnitudes
of the pulses m j,p are given by geometric sequences:

m j,p = m j,1Gp−1 (8)

where m1,1 =
g02g21
g11g22

, m2,1 =
g02
g22

and G = g12g21
g11g22

.

The p-th order response from the speaker S2 will be
called the p-th order cancellation signal, whereas the p-
th order response from S1 will be called the p-th order
decoloration signal. The reason for this terminology
is that the p-th component of m2(t) emitted from S2
is aimed at cancelling a crosstalk received at the non-
target ear E2, whereas the p-th component of m1(t)
emitted from S1 is aimed at cancelling the coloration
induced at the target ear E1 by the crosstalk produced
by m2(t). Here the use of the terms “cancellation” and
“decoloration” is slightly improper: we conventionally
call “cancellation signal” a signal aimed at cancelling a
crosstalk at the non-target ear and “decoloration signal”
a signal aimed at cancelling a crosstalk at the target
ear. But it is well known that a loss of spatiality of the
acoustic scene and the coloration effects induced by
crosstalk cannot be separated in a so simple way.

If X0(ω) is, in frequency domain, the input signal to
be reproduced, the CTC system described above does
not properly map X0(ω) to the target ear E1 up to a
global gain and delay as in the usual formulation of the
CTC problem. The signal received at the target ear will
indeed be Y1(ω) = P01(ω)X0(ω), where P01(ω) is the
transfer function from the speaker S0 to the target ear
E1, inclusive of the listener’s Head Related Transfer
Function (HRTF). In order to obtain X0(ω) one has to
pre-process X0(ω) in order to compensate the effect of
the HRTF.

Each audio signal to be reproduced needs a different
cancellation complex but the same speaker can be used
in different complexes and also be used twice in the
same complex. For example, in ordinary setups for the
reproduction of two audio channels, only two speakers
A and B can be used, with the first complex assigning

the speakers S0 = A, S1 = A and S2 = B, and the sec-
ond complex the speakers S0 = B, S1 = B and S2 = A.
The only constraints are that the same speaker cannot
be used in both roles S0 and S2 within the same com-
plex (indeed, S2 provides the first order cancellation of
the cross-talk produced by S0), and a complex cannot
assign S1 and S2 to the same speaker.

In experimental results shown in our previous work
[2], we computed the delays and gains (at a reference
frequency of 2000 Hz) for an elliptic head using a
model inspired by Brown and Duda [18]. This ap-
proach, based on an approximation of the HRTF with
a single gain and a single delay, has proven to provide
good cancellation performances but in a narrow fre-
quency band (performances of single band CTC are
also presented in section 7).

4 Multiband time-domain CTC

With the solution described in section 3, the cancella-
tion effectiveness is good only in a narrow frequency
band. This is not surprising as unique values of gain
g and delay τ correspond to an HRTF with constant
magnitude and linear phase response, which is not the
case in reality. Such an approximation is expected to
be effective only in a small interval around a frequency
ω0 where the delay and gain of the HRTF are τ and
g respectively. This suggests that a generalisation of
the approach, where several values of gain and delays
at different frequencies are considered, can lead to a
consistent improvement of CTC effectiveness. In this
section we will introduce such a generalisation.

The more general version of CTC presented in this sec-
tion is referred to as a multiband time-domain approach
because both the design of the CTC system, which is
based on a generalisation of impulse responses equation
6, and the implementation of the corresponding algo-
rithm are rooted in the time-domain (frequency-domain
methods are used in the next sections only as tools for
analysis). The term multiband refers to the general de-
sign of the CTC system, which is based on time-domain
CTC subsystems of the type described by equation 6,
each dedicated to the processing of the input signal
in a specific frequency band. The whole frequency
range, from 0 Hz up to the Nyquist frequency, is subdi-
vided into n disjoint frequency bands B(1),B(2), ...,B(n).
The bands B(1) and B(n) are called boundary bands and
cover low and high frequency ranges where we will
not apply crosstalk cancellation. Border bands B(1) and

AES 153rd Convention, 2022 October
Page 4 of 10



Alberto, Vancheri et al. Multiband time-domain crosstalk cancellation

Fig. 2: Circuital scheme of the multiband CTC system.
For simplicity of the representation, only two
bands have been considered.

B(n) are associated with low pass and high pass filters
respectively, whereas all other bands are associated
with band pass filters. The frequency response and the
related impulse response of the filter associated to the
band B(k) will be designated by H(k)(ω) and h(k)(t)
respectively.

The circuital schema of the multiband CTC system
is shown in figure 2. The system is made of n sub-
components, one for each band B(k), with associated
impulse responses m(k)

j (t), and related frequency re-

sponses M(k)
j (ω), defined as in equation 6 with band-

specific releasing times and magnitudes t(k)i,p and m(k)
j,p:

m(k)
j (t) =

∞

∑
p=1

m(k)
j,pδ (t− t(k)j,p) (9)

The releasing times t(k)j,p and the magnitudes m(k)
j,p are

defined as in equations 7 and 8, with the band-specific
delays and gains τ

(k)
i j and g(k)i j . The band-specific im-

pulse responses in equation 9 will be called partial
impulse responses.

For simplicity, we will treat boundary bands as nor-
mal cancellation bands with gains g(1)i j = g(n)i j = 0 in
such a way that no cancellation signal is sent in these
bands. The original signal X(ω) to be reproduced is
filtered with the filter system described above and each
component H(k)(ω)X(ω) is passed to the correspond-
ing subsystem. Each subsystem computes the partial
cancellation signals to be emitted from the cancella-
tion speakers S1 and S2 using band specific impulse

responses defined as in equation 9. The overall can-
cellation signal is obtained by adding up the partial
responses. As will be explained in section 5, we use
IIR filters H(k)(ω) for band separation and the signal
emitted from the speaker S0 is not the input signal
X(ω) of the system, but the sum of the bands signals
X0(ω) = ∑

n
k=1 H(k)(ω)X(ω).

As stated at the end of section 3, the CTC system de-
scribed above maps the signal emitted from the speaker
S0 to the target ear E1 by means of the transfer func-
tion P01(ω) connecting S0 with E1. Depending on the
concrete application, this can be a virtue or a shortcom-
ing. If needed, the band signals generated by the filters
H(k)(ω) can be processed with the delays and gains
τ
(k)
01 and g(k)01 before recombining them in the signal

emitted from the speaker S0, in such a way that the
effect of the HRTF is compensated and the target ear
E1 receives (an approximation of) the input signal.

5 Band filters

In this section, we present the practical implementa-
tion of the band filters used in the multiband approach
to CTC presented in this paper. As explained in the
previous section, the whole frequency range from 0
Hz to half the sampling rate is subdivided into n non-
overlapping bands B(1),B(2), ...,B(n), each associated
to specific delay and gain values τ

(k)
i j and g(k)i j with

k = 1, ...,n. As the frequency range of interest for CTC
is usually of bandpass nature, no cancellation is applied
for bands B(1) and B(n), which is equivalent to setting
g(1)i j = 0 and g(n)i j = 0.

Each band B(1),B(2), ...,B(n) is defined by a low cutoff
frequency f (k)low and a high cutoff frequency f (k)high with

f (k)high = f (k+1)
low , except for band B(1) which only has a

high-cutoff frequency and band B(n) which only has a
low-cutoff frequency.

The filters used for band separation are 4th order IIR fil-
ters configured as Linkwitz-Riley cross-overs between
bands. This choice is motivated by sufficient out-of-
band attenuation and by the fact that the gain of the sum
of the low-pass and high-pass branches of a Linkwitz-
Riley crossover amounts to 0 dB across the whole spec-
trum. In other words, the sum of the low-pass and
high-pass branches behaves like an all-pass filter, hav-
ing a flat amplitude response with a smoothly changing
phase response. Additional 2nd order all-pass filters
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Fig. 3: Band filters structure.

are used to maintain a coherent phase response across
all bands. The resulting filter structure is illustrated in
figure 3.

In our approach to CTC, the original signal is emitted
by the source speaker S0. However, as the bands extrac-
tion crossovers introduce phase shifts, the same shifts
must be applied to the original signal for proper CTC
operation. This can be achieved by running the input
signal through a set of all-pass filters corresponding
to the different crossovers. Alternatively, the outputs
of bands B(1) to B(n) can be summed together to con-
struct a phase shifted original signal. Both approaches
have been studied but the latter was preferred as it
makes sure that the original signal is exactly equal to
the sum of the band signals, thus reducing potential
error sources for CTC.

FIR-based band filters could also have been used, but
computational complexity is generally higher, espe-
cially for low cutoff frequencies. A further advantage
of the IIR-based approach is that filter coefficients are
computed from simple, closed-form formulas. For
instance, this could allow for dynamic adaptation of
crossover frequencies when possible onsets of CTC
instability are detected.

6 Theoretical analysis of the multiband
approach

In this section, we will define the cancellation residual
and the cancellation effectiveness and derive formula
for measuring these quantities at the first cancellation

order in a multiband approach. The cancellation resid-
ual r(t) is defined as the sum r(t) = y(ct)

2 (t)+y(c)2 (t) of
the cross talk y(ct)

2 (t) associated to the direct sound emit-
ted from S0 and received at the non target ear E2 and
the corresponding cancellation signal y(c)2 (t). If cancel-
lation is perfect, the residual r(t) is 0. The cancellation
effectiveness C(t1, t2) in a time window between t1 and
t2 is the ratio of the energy E [r(t)] of the residual r(t)

over the energy E
[
y(ct)

2 (t)
]

of the crosstalk y(ct)
2 (t):

C(t1, t2) =
E [r(t)]

E
[
y(ct)

2 (t)
] (10)

In this section, the cancellation effectiveness will be
computed in frequency domain with the impulse re-
sponses truncated in such a way that m(k)

1,p = 0 for all

p and m(k)
2,p 6= 0 only for p = 1 (see equation 9). This

quantity will be called first order effectiveness. We will
indicate with Pi j(ω) the true transfer function from the
source Si to the ear E j, inclusive of the free propagation
in space and the HRTF of the listener. Let us consider
an input X(ω). As written in section 4, the signal emit-
ted from the speaker S0 is X0(ω) =∑

n
k=1 H(k)(ω)X(ω).

Hence, the cross talk produced at the non-target ear E2
is

Y (ct)
2 (ω) = P02(ω)

n

∑
k=1

H(k)(ω)X(ω) (11)

The component of the system associated to the band
B(k) receives as input the filtered signal H(k)(ω)X(ω)
and computes the first order cancellation signal apply-
ing a forecast factor F(k)(ω) to this input to obtain the
partial signal F(k)(ω)H(k)(ω)X(ω), where:

F(k)(ω) =
g(k)02

g(k)22

exp
(

iω
(

τ
(k)
22 − τ

(k)
02

))
(12)

The forecast factor is used by the subsystem k to fore-
cast the intensity and timing of the cancellation signal:
it takes into account a forward propagation in time τ

(k)
02

from S0 to E2 and a back propagation in time τ
(k)
22 from

E2 back to to S2 and similar for the gains.

The partial responses of all the subsystems are then
added together, the sign is changed, and the resulting
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signal is emitted from S2 and propagated with P22(ω)
to E2. The resulting cancellation signal is:

Y (c)
2 (ω) =−P22(ω)

n

∑
k=1

F(k)(ω)H(k)(ω)X(ω) (13)

The cancellation residual is the sum of the crosstalk
Y (ct)

2 (ω) (eq. 11) and the cancellation signal Y (c)
2 (ω)

(eq. 13):

R(ω) = Y (ct)
2 (ω)+Y (c)

2 (ω) (14)

Finally, the relative complex amplitude A(ω) = R(ω)
X(ω)

of the residual R(ω) can be written in the following
way:

A(ω) =
n

∑
k=1

H(k)(ω)
(

P02(ω)−P22(ω)F(k)(ω)
)
(15)

The first order cancellation effectiveness C(ω) is the
ratio of the powers of the residual R(ω) (eq. 14) over
the crosstalk Y (ct)

2 (ω) (eq. 11):

C(ω) = 20log10

(∣∣∣∣∣ R(ω)

Y (ct)
2 (ω)

∣∣∣∣∣
)

(16)

Following the same approach, it is also possible to com-
pute the first order coloration residual defined as the
sum of the crosstalk generated by the first order cancel-
lation signal emitted from S2 and received at E1, and
the corresponding cancellation signal emitted from S1.
The definition of the cancellation and coloration resid-
uals include all the set of true propagation functions
Pi j(ω) and the whole series of gains and delays g(k)i j

and τ
(k)
i j . Cancellation and coloration residuals up to a

given order N can also be computed in a similar way.

The minimisation of the L2 norm of the residual relative
amplitude A(ω) is a complex optimisation process that
involves the choice of the bands B(k), of the associated
filters H(k)(ω) and of the delay and gain τ

(k)
i j and g(k)i j .

The problem becomes even more complicated if we
think that the optimisation should take into account dif-
ferent head positions and that a system of filters which
is well adapted to a given position could perform less
optimally in another one. This optimization problem is
a current research activity within our group. To validate

the newly proposed multiband approach, we will limit
ourselves here to a choice of filters based on general
considerations and use gain and delays derived from
experimental measures of the propagation functions
Pi j(ω) at the center of each band.

A short inspection of the forecast factors F(k)(ω) (eq.
12) shows that they approximate a mapping from
P22(ω) to P02(ω) and that the residual is small when
this mapping is accurate: F(k)(ω)' P02(ω)

P22(ω) .

When a propagation model Pi j(ω) is available (for in-
stance from experimental measures) these criteria give
us a simple method for the choice of the values of the
gains g(k)i j and delays τ

(k)
i j based on the minimisation of

the error Pi j(ω)−g(k)i j exp
(
−iωτ

(k)
i j

)
within the band

B(k). This is not the optimal solution because of the
overlapping between the transfer functions of the fil-
ters.

Finally, it is worthwhile to spend some words about
the role of the overlapping of transition bands of the
filters in the crosstalk cancellation process. Let us
consider a sinusoidal input x(t) = exp(iωt) and the
related output x0(t) = ∑

n
k=1 H(k)(ω)exp(iωt) from the

speaker S0. This sinusoidal input will induce, in a
cancellation speaker S j, j = 1,2, a sinusoidal response
x j(t) at order p:

x j(t) =
n

∑
k=1

H(k)(ω)m(k)
j,p exp

(
−iωt(k)j,p

)
exp(iωt)

(17)
where m(k)

j,p and t(k)j,p are the delay and gain at order p in
the sub-component k defined as in equations 7 and 8
for the component k. The transfer function connecting
x0(t) with x j(t) is

H(ω) =
∑

n
k=1 H(k)(ω)m(k)

j,p exp
(
−iωt(k)j,p

)
∑

n
k=1 H(k)(ω)

(18)

The form of this transfer function suggests that the
phase delay and gain relating x0(t) with x j(t) is a sort
of weighted average of the gains and delays m(k)

j,p and

t(k)j,p applied by the single components. This is true es-
pecially when the overlapping between filters is not
negligible. We consider this behaviour as an advantage,
as overlapping filters realize a sort of smooth interpo-
lation of gains and delays associated to the bands (see
figure 4). On the other hand, a system of almost ideal

AES 153rd Convention, 2022 October
Page 7 of 10



Alberto, Vancheri et al. Multiband time-domain crosstalk cancellation

filters would be equivalent to a step approximation of
the transfer functions Pi j(ω). The use of overlapping
filters enables a much smoother approximation.

This suggests a way to optimize the configuration of
the multiband CTC system. Following the method for
the construction of filters exposed in section 5, a CTC
multiband system is defined by the following data:

• a cancellation range
[

flow, fhigh
]
, that is a fre-

quency range where cancellation is applied;

• the partition of the cancellation range [ flow, fhigh]
into n−2 bands with n > 3;

• values of band gains and delays τ
(k)
i j and g(k)i j along

each of the six paths (i, j) for k = 2, ..,n−2

The optimal CTC system can be selected by minimizing
the difference between the interpolated gain and delays
(the solid black lines in figure 4) and the corresponding
quantities defined using the transfer functions Pi j(ω)
derived from laboratory measures with a cost function
depending on the number of bands n to avoid solutions
based on a too large number of bands.

7 Experimental Results

Laboratory experiments to assess the performance of
the new multiband approach to CTC have been con-
ducted using the same setup and conditions as in our
previous work [2]. The experimental setup consists
in a pair of stand mounted loudspeakers, located 2 m
in front of the user and spaced by 60 cm. Measure-
ments are made using a dummy head equipped with
in-ear microphones. The input solicitation signal is a
Gaussian-modulated sinusoidal pulse centered at 6 kHz
with a relative bandwidth of 2.

As introduced in section 6, the contribution of the head
to the delays τ

(k)
i j and gains g(k)i j have been computed

based on recordings performed, in laboratory, by means
of the same dummy head. The system operates at a
sampling rate of Fs = 48 kHz and the selected frequency
bands have been set according to Table 1. CTC is
applied on bands B(2), B(3) and B(4). The emission
signal consists in the sum of all band signals.

The performance of the system has been analysed
using two criteria: the cancellation effectiveness de-
fined in equation 10 and the residual coloration defined

Fig. 4: Smoothing (solid black lines) induced by the
band filters on the band coefficients g(k)02 and

g(k)22 (red circles) for k = 2,3,4

as Col(t1, t2) =
E[c(t)]

E
[
y(0)1 (t)

] , where c(t) = y(0)1 (t)− y1(t).

y1(t) and y(0)1 (t) are the signals received at the target
ear when the cancellation is on and off respectively.

The cancellation effectiveness measured on the dummy
head’s left ear is depicted in figure 5a, for a multiband
CTC with cancellation up to order N = 7. The spectrum
of the residual coloration for the same multiband CTC
experiment is represented in figure 6a.

As a comparison, figure 5b and figure 6b depict the
cancellation effectiveness and the residual coloration

Band flow [Hz] fhigh [Hz]

B(1) (0) 150
B(2) 150 500
B(3) 500 1500
B(4) 1500 5500
B(5) 5500 (Fs/2)

Table 1: Experimental setup frequency bands.
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(a) Multiband CTC.

(b) Monoband CTC.

Fig. 5: Cancellation effectiveness (in dB) with impulse
responses truncated at order 7.

obtained for a single band approach. The difference
between the monoband and multiband approaches is in
the band where the CTC is applied. In the monoband
approach, the frequency band of the used IIR filter is
from 0 Hz to 4500 Hz. Please note that, compared
to the approach described in [2], the type of filter has
changed from FIR to IIR.

By comparing the plots, it can be noticed that the multi-
band approach allows obtaining better performances
than the monoband on the entire band where the CTC is
applied. By using frequency dependent head contribu-
tions for gains and delays, it is possible to overcome the
limitations described in our previous paper [2]. Results
could further be optimized by splitting B(4) (1500 Hz
to 5500 Hz) into two or more bands to better take into

(a) Multiband CTC.

(b) Monoband CTC.

Fig. 6: Residual coloration (in dB) with impulse re-
sponses truncated at order 7.

account the fact that HRTFs generally don’t exhibit
constant group delay nor flat magnitude response over
the frequency range of B(4).

8 Summary and conclusions

In this paper, we have presented a new time-domain
approach to CTC, based on a multiband approximation
of the acoustical propagation model from the sound
sources to the listener’s ears. The proposed solution
extends the concept of cancellation complexes, intro-
duced in our previous work [2], to multiple frequency
bands allowing for a better approximation of the HRTF
related part of the propagation. Laboratory experiments
have been conducted, confirming the enhanced perfor-
mance of the multiband approach, especially in terms
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of CTC effectiveness, reduced coloration and achiev-
able bandwidth of interest.

These encouraging results motivate further develop-
ments of the proposed multiband, time-domain ap-
proach to CTC. Future research directions will focus
on integration of dynamic user tracking and support
for arbitrary user positions and orientations, especially
through optimization of the residuals.

This work is an extension of an initial research program
funded by Innosuisse, the Swiss funding agencies for
innovative technologies, under grant 42471.1 IP-ICT
INXS-3D.
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