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Abstract—In a reference paper, the authors suggested a new
sophisticated communication tool for air traffic controllers. The
communication tool should consist of a loudspeaker array that
focuses spatialized sound. Spatialization of the incoming signals
helps to better distinguish between the different communication
partners (i.e. the pilot and other co-controllers), and it is achievd
with the technique of Transaural Stereo. Sound focusing avoids
strong room excitation and is accomplished with a weighted Delay
& Sum Beamformer. This paper provides measurement results
that proof the concept of the outlined method. In particular, the
focusing properties of the array are proofed and the preconditims
for a correct rendering of the spatialized signals are investigated.

Index Terms—Transaural stereo, loudspeaker beamforming, Figure 1. Two distinct sound bubbles that bear the posibith share
weighted delay & sum beamformer, cross talk cancellation. communication information.

. INTRODUCTION II. CONCEPT OF TRANSAURAL STEREO WITH A

In air traffic control (ATC), the airspace is divided into LOUDSPEAKER ARRAY

several sectors. Each sector is controlled by two contolle ATC communication uses a bandwidth of only 300 to
Both controllers use headsets as communication interfates 2500Hz. The stereo channels of the ground controllers are

might be unpleasant and therefore lower the concentratiqfyis into a pilot channel for communication with the pilots
especially in long time use. Desktop integrated loudspeaie o, 4 controller channel for communication with controllers

microphone arrays as alternatives to head mounted commyply, neighboring sectors. This brings an auditive sepamati
cation interfaces are presented in [1] and [2]. The loudspea o yeen pilots and other controller, which however is nayve
array is used to produce a contro_llable focused sound. T, ural and probably annoying. A natural sound spatiatinat
position of the controller is steadily trlacked such that the,, separation can be achieved if sound sources are bilyaural
sound source can be focused onto his ears. The presentfdyqed [3], [4]. For binaural stereo, each transmissiamosl
beamforming approach causes two distinct sound spots whighyjrectiy transmitted to the left and right ear; and anyssro
also bear the possibility to share communication inforoati ;o has to be omitted. Therefore binaural stereo is gelyeral

like schematized in Fig.1. An underlying binaural encodaig esented via headphones. If loudspeakers are to be used, as
the communication signal further allows spatial augmmﬁat suggested in the reference papers, cross talk cancelk®io

for various distributed communication partners, evenedain |, applied as in [5]. Fig.2 sketches the concept of the trana

a party line. beamformer. The binaural Ambisonics system, introduced in

. In this paper, we will present an application of the _cqncepfg]' renders arbitrary many sound sourcest positionr as
given in the reference papers [1] and [2]. The paper willidel 5 >_channel binaural signal. The binaural signal is applied

measurement results and discussions on the limitations ang . 9 cross talk cancellation matrix before it reaches the
capabilities of the application. beamforming stage.

, , In the following chapters the beamforming stage and the
This work was supported in part by the Eurocontrol under ReseGrant . . . . . .
Scheme - Graz, (08-120918-C). cross talk canceler will be investigated in detail. The biah

Contact to the authors via e-mail: guldenschuh@iem.at, sohi@iem.at. Ambisonics system is not in the scope of this paper, as it Ik we
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Figure 2.  Arbitrary many sound sources can be rendered to lza2nel up to 2500 Hz. Bark bands simulate the frequency dependent
binaural signal. The binaural signal runs through a croscncellation filter  Sensitivity of the ear and are therefore also called ctitica
before it is led to the beamformer. bands. Their bandwidths were empirically determined by [9]

A reference measurement of all loudspeakers in one meter
distance was used to equalize the sound field measurement. In
the frequency domain, the equalization can be done by iavers
filtering

tracking
camera

described in [6]. More on different sound focusing methaus a
transaural stereo can be read in [7].

Hoons = Hyensure H 4. 1
IIl. NEAR FIELD DELAY & SUM BEAMFORMER measure.eq measure=-“ref @)

The near field delay & sum beamformer (NFDSB) weights The comparison will exemplarily be shown at 9 bark for the
the binaural signals with complex weigh¢gw) as shown in close side position. The sound pressure level (SPL) digtadibs
Fig.3. The absolute values of the weights are the reciproicalare shown in Fig.5, and the absolute value of their diffeeenc
the distance from the speakers to the focus point. The phasé-ig.6a. Errors outside of the focused area are less meva
of g(w) compensates for the delay of the loudspeaker signal

to the focus point. The delay is the same for all frequencies free field weighted d&s beam at 9 bark
w, therefore, the NFDSB can easily be realized with a variable 120
delay line and a simple multiplication per channel. This sk 100
the NFDSB very feasible and processing efficient, espgciall
compared to super directive beamformers like it is show]jn [ %
We developed a beamformer with 16 loudspeakers, arranged in § o0
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Figure 3.  The complex weightg(w) can be realized by a delay line and a
simple multipicator.

a segment of an ellipse. The loudspeakers can be mounted over
(or under) the screens of the air traffic controller, like ig.&
for example.

We also developed a simulation tool that allows us to predict
the sound field of the beamformer for arbitrary loudspeaker
weights g(w). Additionally, measurements were accomplished

to compare the simulated beams with beams of a real loud-

- " re 5. Comparison between the simulated and the measuredibdaae
speaker array. The comparison was done for 4 focus posﬂuﬂ&’e side position in the®® bark band. The solid white line represents the

(marked in Fig.15a) in 12 bark bands in the 384 evaluatiopds level line and the dashed line the -9dB level line.

points on an area ot12 x 168cm. The sound pressure in

the evaluation points was measured with a microphone arnafich is why we introduce a weighted differeneg, too. The

with a raster of7 x 7cm. This raster prevents spatial aliasingveights are the square root of the simulated sound pressure

(b) Measured beam



psim NOrmed by the pressure in the focus point. 3D directivity

L @
Pfocus

where L,, ; is the measured SPL in evaluation pointand

Lgim the SPL of the simulated sound field, respectively. As a

consequence the error in the focus point stays the sameg whil

errors in regions of low SPL are compressed. The weighted
difference is shown in Fig.6b

Cw,i = ‘Lm,z - Lsim,i

sound field difference 4B
120 . Figure 7. The array has a strong directionality towards tr@i$ point due
to its bent shape.
100 8
7
80 .
] [} 6
c N ‘
5 60 - | | | 5
4
40 3 g 20
< 18
20t Oy o° 2 5
[¢] (0] 1
0 %o, 00
50 0 -50

cm

(a) SPL differences in the close side position at 9 bark.
The highest difference is 9 dB.

Figure 8. SRR in 35 focus points. The SRR decreases with #tardie of

weighted sound field difference dB - A o 7
the focus point from the array. This means that the room ei@itan relation
120 4 to the SPL in the focus is higher if the beam has to be steemtdefuaway.
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(b) SPL differences, weighted with the square root

We define the difference between the SP},.,s in the focus
point and L, as spatial rejection ration (SRR):

of psim. Differences in regions of low SPL (like in
the upper left corner) are suppressed. The highest
difference is 4 dB.

SRR = Lfocus - L, (5)

The SRR for 35 focus positions is depicted in Fig.8.

Fig.9 shows the measured broad-band sound field of our
beamformer. Two effects can be observed. First, the beam

The median and the mean value over all SPL differences amekays very steep toward the sides and the rear end of the
weighted differences are listed in Fig.15 at the end of thiggn. sound field. As a consequence, the room will only be excited
Mean and median of the weighted difference lie under 2 dBarginally with sound energy. Second, the beam already pro-
which is a very satisfying result. Standard deviationshbig duces a desired cross talk reduction. This cross talk raguct
than 4dB only occur for the unweighted difference and hencan be seen in Fig.10.
in regions of low SPL and minor interest. The measurementA further cross talk reduction can be achieved by the usage
results give reason to the simulation tool and justify itg@ng of HRTF filters, as it can be read in the following section.
usage.

With the simulation tool, we also calculated the 3D direc- IV. CROSS TALK CANCELLATION
tivity of the array. The directivity diagram for a centralcfcs The binaural signalé and R are split into2 x 16 loudspeaker
point can be seen in Fig.7. With the help of the directivitg thsignals in the beamforming stage. The loudspeaker weights a
SPL L, of an excited reverberant room can be calculated [1Qhdicated withg;;. These2 x 16 loudspeakers signals reach the

Figure 6. SPL differences and weighted SPL differences &atvthe measured
and the simulated sound field in th&9bark band.

P,. ears overl6 x 2 head related transfer functiods;;
erlologp —10log A + 6dB, 3) g1 o
0 91::2 9;:2
where 4 is the sum of reflecting surfaceg, is the reference (B) = ( ,fj;l gjl . ,’j;gl) .. (B, (e

sound power ofl0~'2W and P,.. is the acoustic power of the

gi,16 9r,16



measured near field beam channel separation with XTC
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Figure 11. The channel separation with cross talk cané@atlas much higher.
Figure 9. The broad-band (300-2500 Hz) sound pressureuatien of a Especially for low frequencies.
measured beam is indicated through three level lines. A headdrawn into
the sound pressured distribution to indicate that the beleady causes a

notable cross talk reduction at the contralateral. Thesctatk over frequency measured near field beam
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Figure 10. Cross talk reduction due to beamforming, measurttdandummy ~ Figure 12.  The rear right ear is focused, but the left ear dsesl at the
head. The beam width decreases with the frequency [2]. Tdrerethe cross loudspeaker array. That is the reason why the beamformer dnesanse any
talk decreases, too. cross talk reduction for this constellation.

5
Let us define the product of the beamforming matrixygfand ‘
the HRTF matrix as transfer function matrik. Then /
EN _ (Tu Tu) (L % g R
E.) \T, T.)\R) 5 10| ;
The binaural signalé and R shall reach the ears without being 157 i /A\\ ' N
changed. In otherwordsgjv) shall equal &). This is achieved 0P/ e R TR T
by introducing a filter matrixC, which is the inverse dT’, such T focusedearwith XTC s,
i K 3 contralateral ear with XTC
that TC = E whereE is the unit matrix. — — focused ear without XTC
E o ey contralateral ear without XTC
(5) =TC(%)- ®)

. Figure 13. The cross talk canceler suppresses the unfoeasezignal more
The cross talk canceler (XTC) not only aims to cancel thescrogan 15ds, even in constellation where the beamformer caromtibute to

talk, it also equalizes the spectrum of the focused ear kigrihe channel separation.

because the binaural signals should reach the ears witbg b

altered. Both effects of the cross talk canceler can be seen i

Fig.11. The channel separation raises to at least 15 dB and tfe same as in Fig.15a. The channel separation is at leag& 10d

ripples of the focused ear spectrum are smaller than 3dB. and the ripple in the spectrum of the focused ear is 5dB in
The channel separation due to the beamformer works wtie worst case. These results are very satisfying, howtheyr,

for central user positions an@f"¢ head rotation. For a con-vary with the head position and rotation. A quality measure

stellation like depicted in Fig.12, the beam is very strohtha is introduced to judge the dependency on these positions and

unfocused ear, too. The cross talk canceler however, causastations. The quality measur@ shall consist of the channel

channel separation of 15dB for this constellation, too.F3g separation and the ripple in the frequency response. Theeha

shows the ear signals of the beamformer without XTC and afgparationSPLy;; is simply given by the average amplitude

XTC. difference in dB. The rippleSsPL,,, will be defined as the
We measured the cross talk for 4 head positions withc0 variance of the amplitude over frequency. The average @iann

and 30°¢ head rotation each. The measurement positions @@paration is 14 dB in the worst case and 22 dB in the best case.



The variance varies between 1 and 3dBo get a equal range, position beneft Q

SPLg;¢ is divided by 2 andSPL,,, is multiplied with 2, such . 8
that 1 Q ~ D 7
Q = *SPLdif -2 SPLVM. (9) 08 :
. L X® 6

The results of can be seen in Fig.14a. The central positions §°° Q v s
have the best XTC conditions, while the side positions with 04
30°ir¢ rotation have the worst. 029, & 4

Until now, only the correct binaural perception has been ®oo, 500° 3
considered for the quality factof). The excitation of the s oot
room, however, should also be taken into account. The SSR om
of the NFDSB varies between 15 and 19 dB for the given head () XTC quality. Central positions and*@< head

rotations have the best preconditions for a correct

positions and has therefore the same rage as the two already binaural perception.

considered (scaled) properties. The quality meagurancludes

the room excitation and is defined as position benefit with SNR o
1
Qo = §SPLdif — 2 SPLyar + SSR. (10) L 25
24
The results of@); are shown in Fig.14b. It can be concluded o8l Q ) D ”
that the quality of the transaural beamformer decreasds wit c 06 . ~ Q
the distance from the array, with the degree of head rotation ° 2
and with the distance from the symmetry axis. 04 =
024 52 20
V. CONCLUSION AND OUTLOOK ob %%y 5000 19
Following the reference papers [1] and [2], we developed 08 > 08
a transaural beamformer for the usage in air traffic control. (b) Transaural beamforming quality. The room ex-
The application is dynamic, since the user position is sfgad C:tation (;S included in the Im‘leasurE- Beams tO(the
; close side positions cause little room excitation (see
tracked with a camera. Measuremer_ﬁs proofed the_concept of also Fig.8), that is why the close side head posi-
the reference papers and show satisfying results in terms of tions also perform better in terms of the transaural
room excitation and cross talk cancellation. beamforming qualityl)s.

A study on the comfort of headphone free telephony woulkdgure 14. Evaluated head positions and rotations. Pleateethat the head
be very meaningful to evaluate the benefits of the transaupasitions on the symmetry axis are coincident for both rotstiorhe are

. ., .....only displaced for the representation. The quality of thesaural beamformer
beamformer. Future work could also examine the pOSSHEBIItIdecreases with the distance from the array, with the degréead rotation

to model the cross talk cancellation filter with parametrignd with the distance form the symmetry axis.
equalizers. This would avoid matrix inversions and thewefo
further reduce the processing costs.
[7] M. Guldenschuh, “Transaural beamforming,” Master’s the&raz Uni-
versity of Technology, Graz, Austria, 2009.
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(a) The comparison between the simu- (b) Error (i.e. the SPL differences between the
lated and the measured beams was done measured and the simulated beams) over frequency
for the marked 4 positions. As we as- at the four focus positions.
sume symmetry of the sound field, all
positions are chosen to be on the nega-
tive side of the x-axis.
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Figure 15. The errors are independent of the focus posititowever they increase with the frequency, where the areasons$tructive and destructive

superposition are smaller. A little phase error can theneausonstructive superposition at a location where the stionl@redicts a destructive superposition,
or vice versa.



