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Transaural reproduction allows rendering 3D binaural audio through loudspeakers. Although this is a
field that has been extensively studied for single-listener reproduction, reproduction of Transaural audio for
more than one listener is still an open research question. This paper introduces a signal processing approach
for performing 2-people Transaural reproduction using a combination of 2 single-listener cross-talk can-
cellation (CTC) beamformers, so that the CTC is maximised at one listener position and the beamformer
side-lobes radiate little energy not to affect the other listening position. Off-line response predictions using
measured transfer functions show a performance similar to that which would be obtained using more com-
plex approaches, where the sound-field is controlled at the ears of both listeners simultaneously.
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1. Introduction

Binaural audio allows for the reproduction of convincing 3D audio, relying on the fact that two independent
signals are delivered to the two ears of one or multiple. This is of particular advantage with respect to other
sound-field control methods, as it only requires an accurate reproduction on a small spatial area, whilst giving
very convincing and immersive virtual acoustic cues. Nowadays, binaural audio is experiencing an increase in
popularity thanks to the boost of virtual reality (VR) and augmented reality (AR) applications.

Although binaural audio is mostly consumed using headphones, binaural audio reproduction with loud-
speakers, also termed Transaural [1], represents an alternative to headphone reproduction, and allows to per-
ceive a very similar experience if the acoustical conditions are adequate [2]. The concept is not new, it was
invented in the 1960 [3], but to this day it is still an area of active research. Transaural reproduction needs to
cancel the cross-talk between left and right binaural signals at the opposite ears of a listener, which has lead
to the adoption of the term cross-talk cancellation (CTC) as a synonym of systems for binaural reproduction
with loudspeakers. Hence, the larger the channel separation between the reproduced pressure at both ears of
a listener, the better the performance of a CTC system. For a long time, scientists and engineers have tried to
achieve this effect using 2 loudspeakers [4, 5, 6]. However, 2-loudspeaker based control approaches showed to
cause a strong colouration on the reproduced signal, which lead to the development of more complex speaker
geometries [7, 8].

Whilst new, more complex, geometries offer a much improved sound quality, a drawback that Transaural
systems have suffered for a long time from is their very narrow sweet-spot, that is dependent on the listener’s
head position and orientation [9]. To solve this problem, researchers have proposed to adapt the sweet-spot
using head-tracking techniques and continuous updating of the loudspeakers CTC filters [10, 11, 12].

Transaural systems have been largely studied for performing single-listener reproduction, but little research
has been carried out on 2-people or multi-listener Transaural systems. As 2-people CTC requires a minimum
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of four loudspeakers, initial research was focused on the optimisation of the loudspeaker positions [13, 14] to
increase the performance of the sound-field control for both listeners.

This paper introduces a novel real-time implementation for the simultaneous rendering of binaural material
for 2 listeners using a linear loudspeaker array. Although the idea of using a head-tracked line array for 2-people
reproduction has been attempted beforehand, earlier studies showed difficulties adapting the array response for
off-axis listening positions [15]. To overcome this problem, this paper proposes a new approach in which 2
independent single-listener (2-point) CTC-beamformers are combined, minimizing the processing complexity
with respect to that required by a 4-point CTC beamformer, and in which the beamformers are created using
fully-adaptive dynamic CTC techniques [16]. The structure of the paper is as follows: Section 2 reviews the
listener adaptive theory, Section 3 shows a prediction of performance using measured transfer functions from
a 28 loudspeaker line array on an anechoic chamber and Section 4 introduces the real-time implementation of
the system.

2. Theory

A diagramatic representation of a 2-listener, linear-array-based CTC system is depicted in Fig. 1.Consid-
ering a Cartesian coordinates system, x = (x1, x2, x3), Fig. 1 shows a loudspeaker array of L radiators with
coordinates yl = (y1l, y2l, 0) and whose radiated acoustic pressure field is controlled at 4 points in the space,
x1, x2, x3 and x4. The notation employed along the document is that p(xm, jω) = p is the radiated pressure
at a point with coordinates xm = (x1m, x2m, 0) with ω = 2πf being the radiating frequency. The acoustic
pressures at the field points corresponding to the 2 listener’s ears are defined as p1 and p2, for the first listener
(1 in Fig. 1), and p3 and p4, for the second listener (2 in Fig. 1).
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Figure 1: Control geometry assumed for 2-people CTC.

The transfer functions between the array loudspeakers and the four pressure control points are contained in
a matrix, C, which is defined as

C =

[
C1

C2

]
, (1)

where

C1 =

[
c1
c2

]
, and C2 =

[
c3
c4

]
. (2)

The formulation used here assumes that each loudspeaker behaves as an ideal point-monopole source radiator,
and hence, for each control point, a vector cm is formed by cm =

[
cm1e

−jkrm1 , · · · , cmLe
−jkrmL

]
, where an

ejωt time dependence is assumed with k = ω/c0 and c0 being the speed of sound. The quantity cml = 1/rml

is an attenuation factor, with rml = ‖xm − yl‖.

In the proposed two sets of single-listener CTC-beamforming filters, H1 and H2 are created, each of which
controls only two of the four pressure points. The CTC-beamforming filters H1 will maximise the difference
of acoustic pressure between p1 and p2 and the set of filters H2 between p3 and p4. The set of filterss for the
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first and second single-listener CTC-beamformers are obtained by solving the least-squares inverse problems
given by

H1 = CH
1

[
C1C

H
1 + ψI

]−1
, (3)

for the first single-listener, and
H2 = CH

2

[
C2C

H
2 + ψI

]−1
, (4)

for the second single-listener, where ψ is a regularisation parameter used to control the amount of electric power
used by the array filters [17]. The full explanation of how these CTC-beamformers can be implemented in a,
dynamic, listener-position-adaptive manner can be found in [16, 18].

A vector of reproduced signals at the ears of both listeners, p, is obtained by combining the outputs of both
CTC-beamformers, so that

p =


p1
p2
p3
p4

 = p1 + p2, (5)

where
p1 = CH1v and p2 = CH2v, (6)

where v is the matrix of left and right binaural signals to be delivered to the listener’s ears, written as

v =

[
v1
v2

]
. (7)

In this case, Eq. 5 allows to monitor the pressures created by the two single-listener CTC-beamfomers.

Alternatively, filters can be created by controlling the reproduce sound-field at the 4 pressure control points.
This h is obtained by incorporating the matrix of transfer functions C when calculating the filter set, so that

H = CH
[
CCH + βI

]−1
. (8)

An analysis of the performance that is achieved by using filter sets created according to Eqs. 3 and 4 or to Eq.
8 is shown in the next section.

3. Predictions of free-field performance

2 m
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Figure 2: Control geometry used for the performance off-line simulations.

The performance of the formulation presented in Section 2 was simulated off-line using the transfer func-
tions from a 28 loudspeaker array with an inter element distance d = 5cm, as that shown in Section 4. The
transfer functions were measured using a Neumann KU-100 binaural microphone. The loudspeaker array
was driven with an Innosonix MA32/LP amplifier and a Ferrofish AC-16 MKII was used as input soundcard.
The loudspeaker transfer functions were measured using sine sweeps and deconvolved using the commercial
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software Matlab R©. The loudspeaker array and binaural microphone placement is sketched in Fig. 2. The loud-
speaker array was placed 2 m away from two listeners separated by 1 m, in a symmetrical configuration with
respect to the central plane that divides the loudspeaker array, with each listener forming and angle of 15◦ from
such plane.
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(b) p, Eq. 8.
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(c) p1, Eq. 3.
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(d) p, Eq. 3.

Figure 3: Predicted responses at the 4 pressure control points representing the ears of the listeners from Fig.
2 geometry, for the cases when sound is only beamed to the control point 2 ((a) and (c)) and when acoustic
pressure is beamed at control points 2 and 4 ((b) and (d)).

Fig. 3 shows the predictions of array response at the control points of Fig. 2, to illustrate the channel
separation that can be obtained at the listeners’ ears. The results are shown using v1 = 0 and v2 = 1 along the
whole frequency range, so that the pressure is maximised at the listeners’ right ears. The responses, predicted
using the formulation of Section 2 are compared with simulations using a single CTC-beamformer in which the
4 pressure control points are controlled using filters created according to Eq. 8.

The left hand side results of Fig. 3 show the effect of beaming acoustic energy to only the right ear of
listener 1. The top results (Fig. 3a) were calculated according to Eq. 8. These results show that the reproduced
pressure at p2 presents an almost flat spectrum, with the response being lower at the contralateral ear, p1 and
largely reduced at p3 and p4. The bottom plot (Fig. 3c) was calculated according to Eq. 3. For this control
configuration, the responses of p3 and p4 show a similar level to that of p2, as in this case p3 and p4 are not
taken in account by Eq. 3.
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The right hand side of Fig. 3 shows the results when both the output of p1 and p2 are combined, as in Eq.
5, again with v2 = 1 and v2 = 0, so that the acoustic pressure is maximised at control points 2 and 4. These
plots represent a common listening situation, in which acoustic energy is beamed to both listeners right ears.
These results show that the channel separation is mostly determined by that obtained at the different ears of
each listener, p1 vs. p2 and p3 vs. p4. The particularity of the outcome is that the channel separation between
using the set of filters H (Eq. 8) or H1 and H2 (Eqs. 3 and 4) is practically similar above 1 kHz. Below 1 kHz,
the responses at p2 and p4 have about 5 dB of ripple. Such ripple is caused by the phase variations of the side-
lobes from the other listener’s CTC-beamformer, causing a large boost below 500 Hz. The responses shown in
Fig. 3b, however, show an almost flat level along frequency, as the side-lobes are also controlled at the other
listener’s position along the whole frequency range. Nevertheless, the results presented in Fig. 3d encourage
the use the proposed formulation to perform 2 people listening reproduction, provided special attention is put
to equalise the response below 1kHz.

4. Real-time 2 people system

The formulation shown in Section 2 was implemented in MAX MSP 6 on a computer running Windows
8.1, and a Microsoft Kinect 2 was employed to perform the head-tracking of the two listeners. A block diagram
of the implementation can be observed in Fig. 4. The computer receives information from the Kinect on the
listeners’ position and modifies the output of both single-listener CTC-beamformers, so that the CTC is max-
imised between the ears of each listener. A binaural audio source is connected to the input of the computer, with
the array output being sourced by an Innosonix MA 32/LP amplifier and all the audio connections between the
different devices carried out via MADI.

Figure 4: Schematic of the real-time implementation of the 2-people transaural reproduction array.

The 28 loudspeaker array used for the real-time implementation can be observed in Fig. 5, where the image
shows two listeners observing a clip with binaural audio and both are immersed in a 3D binaural field.

Figure 5: Technology demonstration with two simultaneous listeners.
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Figure 6: Technology demonstration with two simultaneous listeners.

A complexity analysis is presented that assesses the number of floating point operations required per
listener-position update, comparing the proposed approach using a set of two single-listener CTC-beamformers,
which require 2 inversions of 2 × 2 sized matrices, with the use single 2-listener (4-control point) CTC-
beamformer, which requires the inversion of a 4 × 4 matrix. Every time one of the two listeners moves, the
control filters have to be calculated an updated. This analysis is estimated in the basis of how many arithmetical
operations are needed for a matrix inverse of size N × N , which requires a total of N (2.373) [19]. These
results, shown in Fig. 6, have been calculated for various NFFT sizes. The results, plotted on a logarithmic x
axis show a large complexity reduction of the proposed approach, which increases proportional to the NFFT

size.

5. Conclusion

This manuscript has introduced a signal processing scheme for 2-people transaural audio reproduction with
a loudspeaker array of an arbitrary number of loudspeakers. The presented formulation is based on the linear
superposition of two sub-systems, each of which controls only 2 of the 4 pressure control points corresponding
to both ears of a single listener. This reduces the processing complexity with respect to other approaches in
which the 4 pressure control points are controlled simultaneously.

Loudspeaker array response predictions using measured transfer functions have shown a similar behaviour
to that using a 4-point control approach, especially in the upper part of the frequency range, where the sound
beams created by the array are very narrow. This encourages the use of the proposed algorithm for performing 2
people transaural reproduction, although this shows, however, a non completely uniform frequency response at
low frequencies. Further work will investigate techniques to improve the uniformity of the reproduced response
along the whole frequency range.
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