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Transaural rendering allows for the reproduction of binaural audio material without the need of
wearing headphones. This is achieved by the use of cross talkcancellation systems, which are
generally implemented with stereo loudspeaker pairs. The robustness and quality of the crosstalk
cancellation depends on the frequency of the reproduced sound and on the source span of the
stereo set up. As this limits the frequency bandwidth where effective crosstalk cancellation can
be achieved, nested stereo systems with different source spans have been proposed as a method to
enhance the bandwidth of the crosstalk cancellation. This technique is compared in this paper to
a linear loudspeaker array of 16 uniformly sources used as a crosstalk cancellation system. The
performance of the uniform array is first compared to that of anested stereo array by means of
off-line simulations. The robustness of the crosstalk cancellation is analysed with respect to room
reflections and reverberation. This effect is also studied by investigating the total acoustic energy
produced by the linear array, in comparison with that produced by the nested stereo array.

1. Introduction

Binaural audio reproduction allows for the creation of stable virtual audio images. A binaural
signal contains spatial information such as interaural level difference (ILD) and interaural time dif-
ference (ITD) [1]. The binaural signals can be obtained by recording an audio source with a dummy
head, or can be also synthesised by combining an audio track of a mono source with the head-related
impulse responses containing the ILD and ITD of a given incoming direction, so that the mono source
can be placed, ideally, everywhere in the space. Ideally, binaural reproduction can produce the same
signals at the ears as those experience if the listener were at the live event.

Transaural reproduction allows for the reproduction of binaural signals through loudspeakers,
hence without the need of wearing headphones. Transaural reproduction is based on the principle of
cross talk cancellation, which reduces the cross talk of thesignal intended to reproduce in theipsilat-
eral (same side) ear in thecontralateral (opposite side) ear. This method was first proposed by Atal
and Schroeder [2]. After this invention, transaural reproduction has been largely studied by many re-
searchers as for example by Cooper and Bauck [3] and later by Kirkebyet al. [4, 5], with both sets of
authors using two loudspeakers. After that, transaural reproduction has evolved towards more robust
reproduction by including regularisation [6]. The robustness with respect of the required loudspeaker
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span was also studied by Ward and Elko[7], who realised that in order to provide a good cross talk at
lower frequencies, a larger span was needed. These was lateraddressed by using special loudspeakers
arrangements which allow for an uncoloured audio reproduction of the whole audio spectrum, as for
examples those presented by Bauck [8] or by Takeuchi [9].

One key limitation of conventional cross talk cancellationsystems arise from the fact that listener
movements exceeding 75-100 mm may completely destroy the desired spatial effect[10, 11]. The use
of a loudspeaker array of more than two sources can be beneficial with respect to a set up using just
two loudspeakers, as it can allow for a greater cross talk cancellation and be less sensitive to errors
[12]. This has been implemented previously in the way of a circular array surrounding the head of
a listener [13], in a linear array with the sources spaced to maximise the cross talk response along
frequency [14]. Line arrays of large number of loudspeakerssurrounding a TV have been also used to
reproduce 22.2 multichannel sound [15]. Loudspeaker arrays have also been used to provide binaural
material to more than a single listener simultaneously [16].

This paper analyses the use of a loudspeaker array of 16 sources for single listener transaural re-
production, compared with a three-way optimal source distribution (OSD) array [9, 17]. The main
intention of the paper is to investigate whether the use of anarray can provide a better cross talk
cancellation performance for a single listener in normal environments. To this end, simulations mod-
elling the array sources as point monopoles are performed, first in the free field in Section 2, and then
using a model of the reverberant field in Section 3.

1.1 Optimal Source Distribution Nested Arrays
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Figure 1: Geometry of a stereo dipole (a) and of a loudspeakerarray (b) , where theM=2 microphones
simulate the ears of a listener.

An example of transaural reproduction using cross talk cancellation is introduced in Fig. 1a. The
system comprisesL = 2 control sources,l1 and l2, driven by signalsv = [vL(jω), vR(jω)]

T

respectively. This produces a soundfield in theM = 2 microphonesm1 andm2 which respectively
captures pressure signalsp = [pL(jω), pR(jω)]

T at left and right ears of the listener. The relation
between the control loudspeakers and the microphones simulating the ears of the listener can be
written as

(1) p = Cv,

whereC is the matrix of plant transfer functions, which based on thegeometry of Fig. 1a and
assuming that each source behaves as a point monopole sourcecan be written as

(2) C =
ρ0
eπ

[
e−jkr11

r11
e−jkr12

r12
e−jkr21

r21
e−jkr22

r22

]
,
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wherek = ω/c0 is th wavenumber,ω = 2πf is the radiating frequency andc0 is the speed of sound
in air. A time conventionejwt is used. As observed in the geometry of Fig. 1ar11 andr12 are the
distance from the loudspeaker 1 and 2 to the left microphone (microphone 1) andr21 andr22 are the
distance from loudspeaker 1 and 2 to the right microphone (microphone 2).

The binaural signals that are to be synthesised at the receivers are defined by the elements of a
complex vectord = [dL(jω), dR(jω)]

T . In order to reproduce those signals at each receiver, a filter
matrix containing the cross talk cancellation filters,H, is introduced so thatv = Hd. This matrix is
defined as follows

(3) H =

[
HLL(jω) HLR(jω)
HRL(jω) HRR(jω)

]
,

which allows to express the pressure at the ears as

(4) p = CHd

For afully determined control system, as the case of a single listener cross talk cancellation system
using an stereo set up, a set of filters can be obtained by direct inversion of the matrix of plant transfer
functions, which in the case of a2 × 2 matrix can be computed analytically. However, to achieve a
more stable system, regularisation can be included. In thiscase the source filters to obtain the required
cross talk cancellation system are given by

(5) H =
[
CHC+ βI

]
CH ,

whereβ is a regularisation parameter, which allows to control the energy used by the control filters
[18]. Regularisation can also be used to increase the robustness of an array to small mismatches in
the loudspeaker transfer functions [19].

1.2 Multichannel Loudspeaker Array

A control geometry containing a loudspeaker array can be observed in Fig. 1b. In this case the
array usesL loudspeakers and there areM = 2 control microphones, corresponding to the ears of a
listener. As the number of control loudspeakers is larger than the number of control sources,L > M ,
the matrix of plant transfer functions is not square, which requires to calculate the pseudo inverse of
the matrix instead [20]. If regularisation is used, the loudspeaker feeds are obtained in this case by

(6) H =
[
CHC+ βI

]
CH ,

wherein this caseH is aL×M matrix.

1.3 Performance metrics

In order to analyse the cross talk cancellation performanceof both arrays two metrics are intro-
duced. The first metric is used to assess the channel separation along frequency, which is performed
by including the crosstalk matrix,R, defined by

(7) R = HHCHCH =

[
|RLL(jω)|

2 |RLR(jω)|
2

|RRL(jω)|
2 |RRR(jω)|

2

]
,

The ratio between the elements of this matrix define the crosstalk cancellation spectrum,ψ(jω),
which for the case of a symmetrical listening situation is given by

(8) ψ(jω) =
|RLL(jω)|

2

|RRL(jω)|2
=

|RRR(jω)|
2

|RLR(jω)|2
.
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Apart from this metric, it is also important to characterisehow much energy the cross talk cancella-
tion filters require, as often they need large boosts of acoustical energy to control the soundfield at
frequencies at which the system is not well conditioned [9].To this end, a metric known as array ef-
fort (AE) is introduced here [18]. The array effort is definedas the norm of the control filters, divided
by the norm input signal,hS, that a single loudspeaker requires to obtain the same pressure as that
produced by the cross talk system in a given ear. The normalised array effort is thus defined as

(9) AE =

∑L
l=1

(|Hl1(jω)|
2 + |Hl2(jω)|

2)

|hS|2
.

This quantity is proportional to the amount of electric power employed to maximise the response in
one ear and reduce it on the other ear, assuming the electroacoustic interaction between the transduc-
ers of the array is negligible. The magnitude of the array filters can be controlled by constraining
the array effort to be lower than a given value at each frequency, which is achieved by varying the
regularisation parameter,β. By limiting the array effort, ill-conditioning with respect to the inversion
of the propagation matrix is also avoided, and so the array ismade more robust to changes in the
environment [19]. Array effort and acoustic contrast are dimensionless quantities, whose levels are
typically plotted in decibels.

2. Free field performance

The performance of both the loudspeaker array (LA) and the OSD cross talk cancellation systems
is assessed here by means of crosstalk cancellation performance system in the same control geometry.
The OSD array is divided in three frequency bands, low, medium and high. In a practical implemen-
tation of an OSD array the input is first filtered in three different bands (using a low-pass, a band-pass,
and a high-pass filter), with the three filtered versions of the input reproduced by the corresponding
array. The separation between the loudspeakers of the OSD arrays are 120 cm for the low frequency
channel, 30 cm for the medium frequency channel and 8 cm for the high frequency channel. The
loudspeakers of the LA are separated by 8 cm. The arrays were placed at a distance of 2 m from
the microphones representing the listener ears, with the ears of the listener separated by 18 cm. The
cross talk performance of both the LA and the OSD loudspeakerarray was calculated by limiting the
array effort below 10 dB, as it would be done in a practical situation in order to prevent loudspeaker
overdrive [21].

The reproduced pressures in the ipsilateral and controlateral ears, the cross talk spectrum,ψ, and
the array effort are shown for the LA and for the OSD array in Fig. 2. It can be observed how the
response is limited at low frequency. This is due to the use ofregularisation for the creation of the
filters defined in Equations 5 and 6. This requires a low frequency boost, which is obtained by a ap-
plying a gain to the filters so that the frequency response at the ipsilateral ear is flattened. The effect
can be observed in Fig. 2a. After this equalisation the directional response is the same, but the audio
quality is better as there is less colouration.

Fig. 2c shows the cross talk cancellation performance. The low frequency response for both arrays
is reduced, due to the use of regularisation. The LA is able toobtain a higher cross talk cancellation
starting at 150 Hz, whilst the OSD starts to be effective at about 250 Hz. The performance of the LA
is better than that of the OSD for the whole frequency range, with the exception of certain frequencies
at which the performance of the OSD is better. The sound radiation patterns, shown in the right hand
side of the figure, show how the LA is able to produce a very narrow radiation pattern. The radiation
pattern of the OSD shows how, throughout the whole of the frequency range, the control filters create
a null in the contralateral ear. This is also how the LA obtains the cross talk cancellation at low fre-
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Figure 2: Pressure response at the ipsilateral ear, (a), cross talk cancellation performance, (b), and
array effort simulated for the LA and for the OSD array, (c). The right hand side plots show the
radiation patterns for the LA (solid line) and the OSD array (dashed line) at 500 Hz, (d), 1.5 kHz, (e),
and 6 kHz, (f).

quencies, however, it acts similar as a delay and sum array athigher frequencies, beamforming at the
ipsilateral ear.

The array effort obtained with the cross talk cancellation filters of both arrays is shown in Fig. 2e.
The array effort for the LA and for the OSD array has been limited by using regularisation to be below
10 dB at every frequency. The filters were then equalised to produce a flat frequency response in the
ipsilateral ear. After equalisation is applied, it can be seen how both systems require a larger boost at
low frequency, which grows until 15 dB at 100 Hz. The OSD arrayrequires about 1 dB more at low
frequency than the LA to obtain the same pressure at the ear. Note that the array effort is a measure
of the total energy, hence the average energy of the signal driving each loudspeaker is proportional to
AE/L. This suggest that the OSD requires larger loudspeaker signals.
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3. Simulated reverberant performance

Using the method presented in [22], it is possible to simulate the reverberant performance of a
cross talk cancellation system in a room, based on the free-field radiation pattern of the device and
the acoustic characteristics of the room. The acoustic power radiated by each of the two cross talk
cancellation systems,W (jω), can be estimated by sampling the pressure in a surrounding sphere of
radiusr [23], which can be written as

(10) W (jω) =
r2

ρ0c0

2π/∆θ∑

m=1

π/∆φ∑

n=1

|p2(jω, φn, θm, r)|| sinφn|∆φ∆θ,

where∆θ = 2π/NH and∆φ = π/NV represent the angle in radians between each horizontal and ver-
tical measurement point, whereNH is the number of horizontal measurements andNV is the number
of vertical measurements. As both arrays have a symmetricalradiation pattern with respect to thez
axis, the radiated acoustic power has been estimated for both arrays using a semicircular measure-
ment slide of 180 point microphones, hence obtaining an accuracy of 1 degree. The acoustic power
has been measured at a distance of 3 m from both radiators. Theresults of the simulation are shown
in Fig. 3a. At low frequencies the LA produces a larger acoustic power which increases until about
150 Hz, where it decreases due to the increase in directivityof the device. The radiated power of both
arrays decrease, with the LA radiating about 10 dB less of power than the OSD array thanks to the
increased directivity obtained by the larger number of sources used.
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Figure 3: Radiated acoustical power (a) and cross talk cancellation performance (b) with the three
way nested OSD array and with the 16 source LA. The reverberant performance is simulated inside a
room of 90 m2 with an average absorption coefficientα = 0.6 .

Under steady-state conditions the power input of a source into a diffuse field is balanced by the
absorption of the room walls. The space-average squared reverberant pressure is related to the power
radiated by the source,W , by [24]

(11)
〈
|pR|

2
〉
=

4ρ0c0
R

W,

whereR = Sα̂
1−α̂

, 〈〉 denotes spatial averaging,S represents the surface of the enclosure walls and
α̂ is the average absorption coefficient of the walls. This equation allows us for the calculation of
the reverberant pressure that any source produces inside a reverberant environment, once the source
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radiated acoustic power and the absorptive characteristics of the room are known. The radiated power
in a diffuse field is assumed to be the same as that radiated into a free space, as originally shown for
a monopole[25]. The reverberant pressure component can then be combined with the direct pressure
component radiated by the cross talk cancellation system, leading to the matrixRREV , defined as

(12) RREV = HHCHCH+
〈
|pR|

2
〉 [1 1

1 1

]
=

[
〈|RLLREV

(jω)|2〉 〈|RLRREV
(jω)|2〉

〈|RRLREV
(jω)|2〉 〈|RRRREV

(jω)|2〉

]
.

In the case of a symmetrical listening configuration, the space-average cross talk cancellation spec-
trum is given by

(13) 〈ψ(jω)〉 =
〈|RLLREV

(jω)|2〉

〈|RRLREV
(jω)|2〉

=
〈|RLRREV

(jω)|2〉

〈|RRRREV
(jω)|2〉

.

This formulation has been used to simulate the performance of both the OSD array and the LA in a
room with a surface of 902 with a frequency independent absorption coefficient along the frequency
rangeα=0.6. At low frequencies both cross talk cancellation systems have a similar performance in-
side the reverberant room. In this frequency range the aperture of both arrays is small compared with
the radiated wavelength, and hence they are not efficient to cancel the pressure at the contralateral ear
given the power constraint that was imposed to the systems. As the frequency increases both arrays
become more directional. Above 500 Hz the cross talk cancellation of the OSD array is between 15
and 20 dB until 20 kHz, thanks to the action of the three separate channels. Above 500 Hz the array
becomes more directional thanks to the contribution of the larger number of individual loudspeakers,
obtaining about 10 dB more of performance than the OSD array.

4. Conclusion

This paper has presented a performance comparison between a16 channel loudspeaker array and
a three way optimal source distribution array for transaural reproduction. The performance was sim-
ulated using free field point Green functions, which allow tomodel loudspeakers at low frequencies
and give a first insight of the device performance. The analysis has been carried out so that both ar-
rays produce the same pressure in the ipsilateral ear, with the control filters created so that they do not
exceed a certain level of array effort before these are equalised. The free field operation has shown
that the 16 source loudspeaker array is able to obtain a larger performance than the optimal source
distribution three-way 2 source loudspeaker array when using a similar level of electrical power.

The performance of the device inside a normal room has been also simulated, based on the power
input of the array to the reverberant field, which is given by the total acoustical power the source ra-
diates, the surface of the room walls and the absorption coefficient. This has shown that the 16 source
loudspeaker array is able of radiating a much lower acoustical power above 500 Hz. This allows for a
much larger cross talk cancellation performance in the reverberant field, which suggests that the use
of an array is beneficial for transaural reproduction insidereverberant spaces. This study has shown
that the 16-channel LA achieves better cross-talk cancellation that an optimal source distribution ar-
ray, especially in a reverberant environment. This advantage, however, comes at the price of using
a larger number of loudspeakers, which in turn require a larger costs and computational power. It is
also likely than an OSD soundbar may be capable of generatinghigher quality sound since different
loudspeakers are used for different frequency bands. Nevertheless, equalisation and the use of sub-
woofers may allow for good quality transaural reproductionthrough a loudspeaker array of contained
size.
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