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ABSTRACT

We propose the concept of gentle acoustic crosstalk cancelation,
which aims at reducing the crosstalk between a loudspeaker and the
listener’s contralateral ear instead of eliminating it completely as
aggressive methods intend to do. The expected benefit is higher ro-
bustness and a tendency to collapse less unpleasantly. The proposed
method employs a linear loudspeaker array and exhibits two stages:
1) Use the Spectral Division Method to illuminate the ipsilateral ear
using constructive interference of the loudspeaker signals. This ap-
proach provides only little channel separation between the listener’s
ears at frequencies below approximately 2000 Hz. 2) There we ad-
ditionally use destructive interference by Recursive Ambiophonics
Crosstalk Elimination (RACE). RACE was chosen because of its
tendency to collapse gently. In a sample scenario with realistic pa-
rameters, the proposed method achieves around 20 dB of channel
separation between 700 Hz and 9000 Hz, which appears to be suf-
ficient to achieve full perceived lateralization when only one ear is
illuminated.

Index Terms— Acoustic crosstalk cancelation, Spectral Divi-
sion Method, Ambiophonics, transaural, loudspeaker array

1. INTRODUCTION

Many spatial audio presentation methods rely on the independent
control of the sound pressure at the two ear drums of a listener. The
most prominent examples are methods that employ head-related
transfer functions (HRTFs) [1]. The crosstalk that arises between
the ears of a listener in headphone presentation is negligible in most
situations, which makes it particularly well suited for HRTF-based
approaches. When signals that carry HRTF information are pre-
sented via loudspeakers in free space then crosstalk cancelation has
to be applied, which refers to reducing or eliminating the signal
radiated by a loudspeaker in free space that arrives at the listener’s
contralateral ear. The ipsilateral ear is defined here as the ear that is
primarily illuminated by the loudspeaker under consideration. The
literature on crosstalk cancelation is extensive so that the following
citations can only be representative but not complete.

Crosstalk cancelation dates back to the 1960s and typically as-
sumes a two-loudspeaker setup [2, 3, 4] or a setup with a slightly
higher number of loudspeakers [5, 6, 7]. It is also referred to as
transaural presentation. All methods require the listener’s head to
be either in a predefined location or its position to be tracked. The
solution is usually obtained by some sort of numeric inversion of
the transfer function of the crosstalk path(s). One common problem
is the circumstance that this type of crosstalk cancelation is very
sensitive towards inaccuracies of the tracking system or inaccura-
cies of the estimation of the crosstalk path, which can make them

collapse in an unpleasant way. Since all these methods aim at com-
pletely eliminating the crosstalk we propose to categorize them as
aggressive crosstalk cancelation.

Some applications do not require the crosstalk to be elimi-
nated completely. Full lateralization of virtual sound sources can
be achieved with a channel separation of slightly more than 20 dB
without explicit application of HRTFs [1]. We therefore propose in
this paper the concept of gentle crosstalk cancelation, the core idea
of which is reducing the crosstalk just enough so that a given desired
result such as full lateralization is achieved. The expected benefit
is an increase of the robustness and a gentler collapse. Examples
from the literature that are comparable to the presented approach
are [8, 9]. Both approaches are two-stage with the first stage be-
ing either a circular loudspeaker array above the listener in order
to evoke a sound field that maximizes the natural head shadowing
between the ears [8] or a beamforming approach [9], respectively.
Both approaches employ an aggressive crosstalk canceler in the sec-
ond stage and over the entire frequency range.

We propose an approach to gentle crosstalk cancelation that
employs linear loudspeaker arrays in order provide more freedom
in terms of possible listener positions compared to [8]. There are
indications that constructive interference of the sound fields emit-
ted by loudspeakers is more robust than destructive interference in
terms of transducer mismatch and the like. We therefore rely on an-
alytic sound field synthesis wherever it is possible. It turns out that a
careful design of the synthesized sound field together with the shad-
owing of the listener’s head already provide considerable crosstalk
cancelation at frequencies above 2000 Hz. Below 2000 Hz, how-
ever, constructive interference does not allow for a sufficiently nar-
row beam towards to ipsilateral ear and also the shadowing of the
contralateral ear is reduced because of diffraction.

At this lower frequency range we propose to apply Recur-
sive Ambiophonics Crosstalk Elimination (RACE) [10]. Although
RACE relies on destructive interference, it tends to collapse very
gently in that the perceived spaciousness is reduced but the timbre
of the signal is hardly affected [11].

We will describe this two-stage approach in detail and analyze
its properties based on numeric simulations of a sample scenario.

2. SPECTRAL DIVISION METHOD

The Spectral Division Method (SDM) is an analytic approach for
sound field synthesis and was proposed in [12]. For the case of
linear loudspeaker arrays, it allows for prescribing the synthesized
sound pressure along a reference line that is parallel to the array and
provides a perfect solution for the case of a continuous distribution
of secondary sources of infinite extent. A detailed treatment of the
theoretic possibilities in this context is beyond the scope of this pa-



secondary source contour

Figure 1: Conceptual illustration of the prescribed sound field: A
plane wave with propagation direction kpy illuminates only a sec-
tion of width d of the reference line is created. The dashed line
indicates the reference line and the gray area indicates the illumi-
nated part of the reference line. L and R denote the listener’s left
and right ear respectively.

per. We therefore outline the theory only briefly and then concen-
trate on a specific sample loudspeaker array. We assume that the
secondary source distribution is located along the z-axis, that the
listener’s ears are located at a known location inside the horizontal
plane, and that the listener looks perpendicularly at the secondary
source distribution.

The sound pressure S(x,w) evoked by such a continuous sec-
ondary source distribution is given by an integration over the driving
function D(xo,w) of the secondary source that is located at xo =
[0 0 0] and its spatio-temporal transfer function G(x, xo,w). The
integration is performed along the entire secondary source contour
as

S(x,w) = / D(x0,w)G(x — xo,w) dzo . (1)

The driving function D(k,,w) for the synthesis of a desired sound

field S(ks,y = yi, 2 = 0,w) on the reference line Xeer = [ 41 0]7
can then be determined in wavenumber domain as [12]

Dlky,w) = L e

G(k17y =Y,z = 0>X0 = [000]T>w)

which can then be transferred to time-frequency domain or time do-
main via numeric Fourier transforms. G(-) in (2) may not exhibit
zeros, which is fulfilled for omnidirectional secondary sources. The
employment of discrete loudspeakers in practice constitutes a spa-
tial sampling of the continuous secondary source distribution. The
consequences of this spatial discretization have been treated exten-
sively in the literature [13]. We discuss the aspects that are relevant
in the current context in Sec. 4. Further details on the implementa-
tion of SDM are discussed in [14].

‘We choose to illuminate the listener’s ipsilateral ear with a plane
wave. Other virtual sound fields may also be useful. In order to ex-
ploit natural shadowing due to the listener’s head we limit the extent
of the illuminated part of the reference as indicated in Fig. 1: We
choose the illuminated part to be of width d and center the listener’s
head at one of its boundaries. All other parts of the reference line
are chosen to be quiet. S(-) is (2) can be obtained via a numeri-
cal Fourier transform from S(-), which is described analytically as
outlined above.

Under ideal assumptions, a sharp transition between the illu-
minated part and the quiet parts of the reference line can indeed
be achieved. However, this requires substantial evanescent sound
field components, which have to be avoided in practice as transducer
mismatch can render the result unusable. We therefore trigger only
the propagating components of the desired sound field by setting
D(kz,w) = OV |kz| > |#] in (2) [13]. The absence of evanescent
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Figure 2: Synthesized monochromatic sound fields for f =
1000 Hz and listening position ; = 0, y; = 1.5 m. The marks
indicate the positions of the loudspeakers; the circle indicates the
assumed position of the listener’s head. The scattering of the latter
is not considered in the simulation. Fig. 2(a) and (c) show the real
part of the synthesized sound field, (b) and (d) show the magnitude
on a logarithmic scale.

sound field components as well as the sampling and truncation of
the secondary source distribution will smear the energy and the in-
tended quiet parts of the reference line will not be perfectly quiet.
At this stage, it would be reasonable to chose d = co. However, as
will be shown, it is important to chose d to be relatively small. We
set d = 0.5 m for convenience and assume an array of 16 equally
spaced omni-directional loudspeakers that are arranged symmetri-
cally with respect to the y-z-plane.

Fig. 2(a) and (b) show the synthesized sound field for illumina-
tion of the right ear for f = 1000 Hz at listening position z; = 0,
vy, = 1.5 m. The azimuth of the plane wave propagation direction
is Opw = 76.0°. Note that all sound field components that are ap-
parent in Fig. 2 other than the beam that illuminates the ipsilateral
ear are artifacts mostly due to spatial truncation of the secondary
source distribution.

The resulting channel separation at the ‘ears’ of a rigid spheri-
cal head for the chosen parameters is indicated by the dotted lines
in Fig. 3(a) again for illumination of the right ear. The channel sep-
aration is in the order of 20 dB between 2000 Hz and 9000 Hz and
lower elsewhere.

The spatial sampling of the secondary source distribution be-
comes significant at higher frequencies. Simulations show that
propagating spatial aliasing artifacts of significant amplitude arise
above f, ~ 2200 Hz. These artifacts are copies of the desired field
that propagate in different directions. The higher the considered
frequency is the more copies arise and the more these copies prop-
agate ‘away’ from the array and therefore get closer to the listener.
Refer to Fig. 4 for examples. For the considered parameters and
loudspeaker spacing, it is above approximately fimic = 9000 Hz
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Figure 3: Magnitude of the transfer function from the loudspeaker
array to the surface of a rigid sphere of similar radius like a human
head (r = 8.5 cm); R refers to the sound pressure at the location
that its equivalent to the location of the right ear; L refers to the
pressure at the left ear; dotted lines: SDM only; solid lines: SDM +
RACE

that the aliasing artifacts that carry considerable energy illuminate
the contralateral ear and therefore reduce the channel separation.
This circumstance is also apparent in Fig. 3(a), where the channel
separation shows a significant step around this frequency. Choosing
a small loudspeaker spacing or smaller width d of the illuminated
area will further increase fiimit.

We will not attempt to further increase the channel separation
above 9000 Hz — or reduce the crosstalk, respectively — because
the considered wave lengths are very short and the system therefore
becomes vulnerable to changes in the speed of sound, loudspeaker
misplacement, and the like. Additionally, most signals like speech
or music exhibit very little energy in this frequency range so that
crosstalk may be assumed to be tolerable there.

The crosstalk below 2000 Hz, on the other hand, cannot be tol-
erated. The circumstance that the crosstalk is higher here is due to
the fact that pure constructive interference does not allow for creat-
ing a sharp transition between illuminated and quiet areas and ad-
ditionally, more diffraction around the listener’s head occurs. We
therefore have to apply destructive interference here as outlined in
Sec. 3. We choose to employ Ambiophonics because if its tendency
to collapse gently [11].

3. AMBIOPHONICS

The heart of Ambiophonics is RACE [10], which is a heuristic ap-
proach to crosstalk cancelation, and is designed for symmetric two-
loudspeaker setups. It consists essentially in canceling the crosstalk
at a given contralateral ear by a delayed and attenuated copy of the
signal that caused the crosstalk. The cancelation signal has opposite
sign and is emitted by the considered ear’s ipsilateral loudspeaker.
The delay At with respect to the original signal accounts for the
longer path to the ear under consideration and the attenuation Aa
accounts for head shadowing. RACE is typically applied in the fre-
quency range between 250 Hz and 5000 Hz. Remarkably, frequency
independent delay and attenuation seem to be sufficiently accurate,
which makes the implementation of RACE straightforward.

There occurs of course also crosstalk with respect to the can-
celation signal so that an according cancelation of the cancelation
signal has be performed and so forth. Each recursion is attenuated
by a few dB so that the cancelation signals become inaudible after
a handful of recursions. RACE can indeed achieve impressive re-
sults [11] but it requires a carefully tuned setup of carefully chosen
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Figure 4: Synthesized sound field with aliasing artifacts apparent;
the color scale was set different from Fig. 2(a) and (c) for conve-
nience;
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Figure 5: Block diagram of the ;L)‘rsoposed system; L: left channel of
input signal; R: right channel of input signal; LP: low-pass filter;
d: RACE direct path; c; RACE crosstalk path; SDM;: SDM that
creates the sound field that illuminates the indexed ear; LS: loud-
speaker array

hardware and it requires the listener to be located on the symmetry
plane between the two loudspeakers. The proposed employment of
a loudspeaker array partly remedies these challenges.

We are using RACE only below 2000 Hz where we want to
increase the channel separation whereby the cancelation signal is
obtained from the input via an equiripple linear-phase low-pass fil-
ter. The cancelation signal is then transmitted by a plane wave the
illumination area as well as the propagation direction of which are
mirrored with respect to the initial plane wave. A block diagram of
the resulting system is depicted in Fig. 5.

4. RESULTS

As can be seen from Fig. 2(c) and (d), applying RACE in the
present context creates a corridor of very low amplitude. Appro-
priate choice of the delay and attenuation will make the location of
this corridor include contain the location of the contralateral ear so
that cancelation/reduction is achieved. We set the heuristic values of
At = 104 ps and Aa = —8 dB in this example. The low-amplitude
corridor expands approximately perpendicularly to the loudspeaker
array. This suggests that a certain amount inaccuracy in the esti-
mation of the listener’s distance by the tracking system is tolerable.
This finding applies to other approaches as well [3, 4, 6, 7].

The resulting channel separation can be deduced from the solid
lines in Fig. 3(a). The chosen parameters cause a slight reduction
of the amplitude at the ipsilateral ear but also increase the channel
separation by more than 15 dB at certain frequencies. The trans-
fer function above 2000 Hz is unaffected. The channel separation
is comparable to what is achieved in [8, 9] but lower than for ag-



gressive methods, e.g. [7]. The perceptual localization experiments
presented in [3, 6] show that this amount of channel separation is
not sufficient in order to achieve comparable performance like head-
phone presentation. However, informal listening suggests that the
achieved crosstalk reduction is indeed sufficient to achieve full lat-
eralization.

Using symmetric sound fields for the recursive cancelation
seems to be preferable from a perceptual point of view although this
does not exploit the maximum possible natural head shadowing for
off-center listening positions. One sample result for an off-center
listening position is depicted in Fig. 3(b). The listening position
z; = —0.3 m, ¥y = 1.0 m is shown and the RACE parameters
were set heuristically to At = 521 us and Aa = —14 dB. The az-
imuth of the propagation direction the illuminating the plane wave
is Opw = 77.3°. Illuminated areas were shifted in direction of the
ipsilateral ear by 0.05 m compared to the illustration in Fig. 1.

The result from Fig. 3(b) suggests that the channel separation
drops significantly compared to the central listening position when
the listener is located close to one of the boundaries of the loud-
speaker array. The reason for this is a significant reduction in the
natural head shadowing that can be evoked.

Fig. 6 illustrates the robustness of the presented approach with
respect to random loudspeaker displacement (Fig. 6(a)) as well as
listener displacement (Fig. 6(b)) from the locations assumed by the
driving signals. The loudspeakers in Fig. 6(a) are displaced ran-
domly with respect to both the = and y axes by values obtained from
anormal distribution with mean 0 and standard deviation o = 1 cm.
These parameters are rather generous as loudspeaker arrays can be
manufactured with millimeter precision. Fig. 6(a) suggests that ac-
cording loudspeaker displacements do not reduce the channel sepa-
ration by a substantial amount in the range below 4000 Hz.

Fig. 6(b) depicts the ear signals for displacement of the listener
along the z-axis in the interval [—5 cm, 5 cm]. Such displacements
occur due to inaccuracies or latency of the employed listener track-
ing system. As expected, the channel separation at low frequencies
is rather vulnerable to listener displacement and the channel sep-
aration can drop below 10 dB. This suggests that a high-accuracy
and low-latency listener-tracking system should be employed. This
seems to be an inevitable requirement due to the relatively short dis-
tance between the ears of around 15 cm. Remarkably, it is primarily
the contralateral side below 3000 Hz that is affected by this type of
displacement, which suggests that only a moderate perceptual im-
pairment occurs.
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Figure 6: Equivalent to Fig. 3(a) but for random loudspeaker dis-
placement (Fig. 6(a)) and for listener displacement (Fig. 6(b)). The
setup is identical to Fig. 2. The black line indicates the result with-
out displacement, i.e., the solid line from Fig. 3(a)

The overall energy radiated by a system driven with the pre-
sented approach is significantly lower than for some of the aggres-
sive cancelers, e.g. [6], which is desirable as it avoids excessive re-

verberation from the listening room. Comparison of the robustness
of the presented approach with the literature is difficult because data
on the robustness are either not available or reported in incompatible
ways. The available datain [3, 4, 6, 7] suggest that different systems
tend to behave differently with respect to listener displacement so
that an ultimate judgement requires a perceptual comparison.

5. CONCLUSIONS

We presented the concept of gentle crosstalk cancelation using a lin-
ear loudspeaker array. The approach uses purely constructive syn-
thesis above approximately 2000 Hz where the natural head shad-
owing provides sufficient channel separation. Below 2000 Hz we
additionally apply Recursive Ambiophonics Crosstalk Elimination.
The achievable channel separation is somewhat lower than for ag-
gressive methods and is dependent on the listener position and is
significantly lower for listener positions close to the ends of the
loudspeaker array. A reliable comparison with respect to the ro-
bustness can only be performed based on a comparative perceptual
study.

Future work includes considering the actual loudspeaker
directivity in the approach as demonstrated in [13] as well as
rotations of the listener’s head.
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