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Abstract—Within this paper different common approaches are .l.'I.
discussed which have the potential to establish a controlde .l '.I
sound field within a restricted area based on loudspeaker seps. l. a
Therefore the usage of headphones which is demanding ovemig
time periods can be avoided. In the case of air traffic controlat
controller working positions this invention might improve the
working process and therefore positively influence the safg
conditions. It will be shown how the excitation of the diffus
sound field and the radiation towards neighbouring workspaes
can be minimised. In order to enable an appropriate freedom b
movement the usage of beam-steering methods and further kits
to produce audio sculptures are discussed. Simulation rets
outline the abilities and limitations for the case of nearfidd Fig. 1. Schematic depiction of so called “Sound bubbles™oustically
beamforming. isolated/transparent working positions.

Index Terms—acoustic beamforming, sound field, focus

controller and co-controller should have the possibilityvork
|. INTRODUCTION within there own isolated communication zone but also sthoul
OMMUNICATION between aircraft pilots and con-have access to a shared area where information exchange with
trollers play one of the major roles within the airthe partner is possible without losing the contact to the own
traffic management. Therefore reliability and security foé t zone. The vision of two crossing so called“sound bubbles”is
communication line are of greatest importance. Besidetdithi depicted in fig. 1. As above already stated, loudspeakets wit
and degraded communication channels both communicatigigh directivity might be able to fulfil the demand not to exci
participants have to handle with their tasks in rather loutle diffuse sound field and to reduce the crosstalk to other
environments. Noise levels around 75dB A-weighted atgorking positions but it suffers form its inflexibility. A it
common. These circumstances further emphasise bad workifgrovement can be realized by the usage of a concave shaped
conditions. Caused by the traffic growth, the workload of thgcoustical mirror in addition to a proper located loudspeak
controller increases rapidly, too. That is why attentios teabe with high directivity. The loudspeaker will radiate the sou
paid to the controllers working conditions due to their iedt towards the mirror whereby the reflections will construelyv
impact on the safety in the ATC. interfere at a specific location in space (focus point) whgh
An essential part of the work in an air traffic control tower iglefined by the shape of the mirror and the geometrical arrange
the radio communication to airplane cockpits. As the usdge @ent of the system. This phenomenon is definitely nothing
headphones over long time periods is demanding, loudspeakgew and was at the latest used in the ancient Greece. More
are used which cause crosstalk between neighbouring veprkifexibility concerning the tracking of the controller pasit
positions, so that it becomes even harder to understand gag¢ be established by adding a number of static arranged
strongly band limited radio traffic and increase the intenf¢ |oudspeakers in the vicinity of the mirror. By simple parmin
ambient noise level. An approach to this problem is thaws, feeding these loudspeakers with different distirins,
usage of loudspeakers with a higher directivity, in order te location of the focus point can be arbitrarily choserhimit
minimise the excitation of the diffuse sound field and to @u 5 specific area.
the radiation towards neighbouring workspaces. In order tO|n the scientific audio community several audio render-
provide the controllers at their working positions (CWP) afhg approaches have been developed due to the existing
appropriate freedom and naturalness a sophisticated soupskticability of digital signal processing to establisyns
reproduction system is requested. This novel audio systeRasised sound fields with defined characteristics. Comynonl
should claim for an isolated sound reproduction at the ifie  3pproaches can be assigned to functional, physical eguigal
working positions, whereby it is able to track and follovyr in between as hybrid realisations. In case of approaches
the position of a defined controller at the CWP. Furthermopysed on physical equivalents they can further be diffeatet
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major strategies can be named. On the one hand Ambison- smart antenna
ics which was first invented independently by Gerzon [1]
and Cooper [2] was primarily developed to provide audio

rendering even in the third dimension. It convinces with a
compact notation and properties concerning the handling of
a decomposed sound field based on a plane wave model. In
[3] the theoretical framework up to arbitrary order (alsdezh

higher order Ambisonics, HOA) and the major properties of
the thereby realisable sound fields are discussed. Nelesthe
HOA in its primary convention is not able to render sound
sources at arbitrary distant locations. Therefore in [4] first
attempt has been suggested to overcome this drawback. An
alternative approach based on a reformulation concerhiag t
primary assumptions (spherical wave model) first invented i
[5] and further revisited and theoretical examined in [6§sBd
on further investigations in [7], [8] and [9] concerning drary
loudspeaker arrangements some limitations and restigtio
stated in the primary invention can be negotiated. Theeefor
some more potential might be found within this sound field
description approach. At

7]

g. 2. An array of antennas samples a wave in the distancevaialength.
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On the other hand Wave Field Synthesis which was ini- T IA?
tially invented in the late 80's by Berkhout [10] and further
developed at the TU Delft. The basic idea is related to di stance [nf di stance [nf
the Huygens’ Principle which states, that an arbitrary wave
front may be considered as a secondary source distributig'ﬁ: 3
Regarding the propagating wave from the given wave front

we cannot differentiate if it was either emitted by the arai

sound source (the primary source) or by a secondary souf? (éal equipment FOSt and h|gh_computat|on load. In the case
distribution along this wave front. As a consequence, the s& Io_cal sound field reproduction approaches the hardware
ondary source distribution may be substituted for the m.marequwements can be reduced dramatically. Caused by the non

source, in order to reproduce the primary sound field. BasgySting analytical description the cost raises when eyt

on this physical background we can state that WFS aimst'éﬁwked listing positions should be taken into account.

reproducing sound waves by (distributed) loudspeakeyarra | NS article explores realisation capabilities of praafien-
In [11] an excellent review concerning derivation, Systerﬂlementatlons by examining simulations of computer madels
description and properties can be found. Within the next section beamforming methods are explored

Considering approaches providing local reproduction v%ﬂd section Il will discuss the mtegrathn of c_:rosstallncalj
loudspeaker the invention of the stereo-dipole [12] haseo [ftion. The performance of beamforming will be examined
named. Binaural recorded or pre-processed audio materiall} IV @nd section V will provide an outlook to the time
emitted by two loudspeakers. In order to transmit the signgversal mirror (TRM) before the methods are resumed in the
of the left loudspeaker only to the left ear and the sign&enclusion.
of the right loudspeaker to the right ear the crosstalk of the
left speaker to the right ear and the right speaker to the left
ear has to be removed. The process of crosstalk cancella-
tion is resolved by an inversion of the transfer path matrix
which is determined through the geometrical arrangement of
loudspeakers and listening position. Therefore modeltng Beamforming was initially used in telecommunication tech-
even better measurements of the required transfer paths rigties for smart antennas. If several antennas are in a line
required. Utilising only two loudspeakers will lead to ah il in the direction of the incident wave with an interelementar
conditioned transfer path matrix, in general. Improveraendistance of a multiple of the wavelength, the arriving wave
can be achieved by frequency dependent signal distritaitida in phase on every antenna. (See fig. 2.) Thus the signal
over various loudspeakers (cf. [13]). Beside that, in [14g can be amplified by constructive addition. The same priecipl
possibility of enabling a higher listener mobility based ois applied in acoustics, for either reception with a micro-
adaptive systems have been investigated. phone array or transmission with a loudspeaker array. Fig. 3

Summarising the advantages of the above described gloflgistrates acoustical far field beamforming which empsesi
approaches it can be stated, that caused by the analytfgane waves in certain direction.
description alterations of the sound source position can beThe microphone array in fig. 3 records the plane wave,
easily adapted. Regarding the disadvantages of these fap-which the time delay of arrival corresponds to the angle
proaches practical implementations are tied with huge-teaf incidencea. For a unique assignment ef, the spatial
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Recording and reproduction of an incident wavefront

Il. BEAMFORMING

Far field beamforming
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Fig. 4. Recording and reproduction of a point source. Coetbéo far field

beamforming the delay times are not constant anymore. 2
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wherein Az is the distance between the elements (micro-

hon rl ker he wavelenath. In an anal ig. 6. The sound particle velocity distribution of a linerar on the z
phones o OUdSpea e S) ahdhe wavele gt ana aOguezxis. There is only sound particle velocity at the discretsitons of the

way, a plane wave can be produced with a delay line betwgglﬁhspeakers. The array has finite length. Hence the pudse is limited
the loudspeakers. However, in the case of a sound fietebugh a rectangle window.

concentration in a desktop environment, the generation of a
focused wave is desirable. Therefore we consider near field

beamforming in the next section. array properties, directivity patterns and spatial atigsit is
worth to throw a glance at acoustics and signal theory.
B. Near field beamforming The radiation of a linear array can be described by a cylin-

8rical wave expansion in the far field. We express an infinite

Near field beamforming aims to focus the sound field . ; . LT T
. L €quispaced linear array as a particle velocity distributi¢z)
somewhere in the vicinity of the loudspeaker array. It use . . : .
. . : . along a cylinder in the form of a pulse train [15]. The Fourier
geometrical properties (i.e. the distance from loudspetde

focus point) to calculate the delay time of the Ioudspeakterf”m]corm ofu/(2) yields the k space spectrud(k.) [15]

signals, such that the waves coincide in phase in the focus _ —ik.z
point. This means that the loudspeakers can be driven with a W(k) = [ viz)e dz, 3)

rather low signal because, in the foc oint, all the sgnall ) . . . .
W SIg use, ! us pol 9 with k. defined in eq. (4). The array itself, of course, is not

be constructively added and therefore amplified acoustical. .. . . e .
y P B nfinite. Therefore the pulse train has to be multiplied with

As a consequence, the listener who is sitting in the focustpol

hears an appropriate loud signal, while the sound pressureai window. A pulse train is not modified through a Fourier

the rest of the area is low. Hence it fulfills the requiremeawes transform, but a multlp_hcatpn W'th a rectqnglg window cor
stated in the introduction. Fig. 4 shows the main differartce responds to a convolution with a sinc function in k space. The

far field beamforming. The delay lines have to be independé’er'dowe.d pglse tr_am |s.sh_own in fig. 6 and the result of the
for each loudspeaker channel and there is no unique incidgﬂf‘vo'u“on IS deplctgd n .f'g' 7 L

angle anymore. As a consequence, eq. (1) does not apply. Th-le;he wavenumber in z direction is given as [15]

spatial resolution now depends on the distance from thetarg
point to the array, too. To guaranty aliasing prevention(&).
can be generalised to the worst case

k, = %cos(a), 4)

henceW(k,) is is a measure of directivity. The scaling of
A @) the k.-axis depends on the angular frequencyThe higher
2’ the frequency, the higher is the angular resolution onithe
axis. For evaluating the directivity, we are only intereste
The bandwidth in ATC reaches from 300 to 2500Hz. As m the angles form—= to = or from -90 degree to 90
consequence, the distance between the array elements rdegree, respectively. A finer resolution therefore leads to
not be larger than 7cm to prevent spatial aliasing. Fig. |&rger evaluation window. The main and side lobes of the
shows a directivity diagram of a linear array. The actuahbeasinc function correspond to the main and side lobes in the
that is directed to the focus point is denoted as main lobdirectivity patterns. If we increase the distance betwden t
whereas spatial aliasing appears in the form of strong sibeidspeakers, the pulse train in the k space gets narrower,
lobes. For a better understanding of the relation between thihich means that the sinc functions move closer together.

Az <
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Fig. 10. Comparison of a linear and a circular array in terrhspatial

evaluation window for w1 sampling of a spherical wave.

10

Psi

the decision for a certain window is always a tradeoff betwee

a sharp focus and reduced side lobes.

- iz o pii2 If we recall eq. (1) we notice that a higher maximal
kin z direction frequency is allowed if the plane wave fronts are parallel

Fig. 7. The wavenumber spectrum of a finite array. The k axss thabe to th? line array (i.e. ifo = O)', The analogue ,Case for a
scaled for a certain angular frequeney. In this scaling the wavenumber SPherical wave would be a semicircular array with the centre

spectrum can be evaluated fromr/2 to /2. at the point source location. Fig. 10 shows that a circulayar
samples a spherical wave indeed much better than a linear one
evaluation window for wi As a consequence we consider a curved loudspeaker array to

10 be more adequate to produce a focused sound field. Fig. 11
] compares the sound field of a linear array with a curved one.
Both simulations were done for 4500 Hz with an array-length
0 ] of one meter and 15 array elements. The figure shows two
w g 7 main advantages of the curved array over the linear ond, Firs
the pressure of the sound field behind the focus point (i.e.
Fig. 8. Increasing the loudspeaker distances makes thdisistions move petween the array and the focus) is much lower than in the
Eo_gftroe;).AcﬁﬁQ? igctﬂérsc;fséwﬁ ':;]?S'”ﬁg’frees appear in onduaton window o se of the linear array. Secondly, the two side lobes moved
' ' out of the region of interest.
However, moving the focus outside of the aperture yields
Aliasing occurs if more than one main lobe appears in tHOOr results: A wide main lobe and several side lobe pointing
evaluation window. (See fig. 8.) towards the centre. These effect are shown in fig. 12. Please
The delay times between the array elements correspond t34€; that in the following all simulation results and discu
multiplication of the pulse train with a linear phase terftf=. Sions are made for a circular shaped array.
With this multiplication, the directivity pattern is modued  The strength of the side lobe can be decreased, by attenuat-
towards the target direction. ing the loudspeaker signal at the side lobe side. In othedsyor
The knowledge of windowing properties helps to avoithe window over.the array |s.s_h|fted such thgt it follows the
strong side lobes. Instead of a rectangle window, the arrigpus- We call this techniqusliding aperture Fig. 13 shows
can be truncated by a smoother window that piecewise redull¥® results of a triangle window. As discussed above, the
the amplification of the loudspeakers. Fig. 9 shows the tesg§o0th Bartlett window suppresses side lobes but widens the
of a triangle window in the k space. The triangle windoyn&in lobe.

suppresses the side lobes, but widens up the main lobe. Thu§he problem of the widened main lobe can only be solved
by increasing the aperture of the array, i.e. increasing its

radius. This of course leads to a higher number of required

Psi
o

Z  tiangle window over the loudspeaker array loudspeakers if the sampling theorem should be fulfilled.
3 0s At this point, also elliptical arrays should be considered a
é gi tradeoff between a linear and a circular array.
502 | h h | The principle of near field beamforming is that the waves
§ =00 500 500 650 superpose constructively in the focus point. Thereforesit i
WavenumberSpectzr;:'fzr[:?;ngleWmdowed . e\_/ident that the sound pressure in the focus point increases
10 ‘ with the number of loudspeakers. Hence the sharpness of the
focus depends on the number of loudspeakers. The width of
g s the focus however also depends on the wavelength. The focus
. of a low frequency signal will be much broader, than the one
-y o o 7 of a high frequency signal. To enable a constant focus width
Kin z direction throughout the whole bandwidth, the array has to be windowed

Fig. 9. A triangle window over the array and its result in thespace. in dependence of the frequency. Whereas a smaller number of

The sidelobes are completely compressed, but thereforentie lobes are loudspeakers will be used for higher frequencies.
widened up. One demand for an ATC communication setup is that
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Fig. 11. Soundfield reproduction by a linear and a circulaayawith the
focus on the black dot. There are strong side lobes in thadinase that do
not appear for the circular shaped array.
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Fig. 12. Polar plot for a circular shaped array with the fopait outside
of the aperture. Two consequences can be seen: 1. The seferutved into
the centre. 2. The main lobe got very broad.
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Fig. 14. For an array length of 1.4m and a wide angle cameragaspace
of approximately 1.4 x 1.5 m can be drawn.

directed to the listener such that the focus point coincidiés

the listeners head. This would lead to the emersion of a mono
source in the head of the listener, which of course will not
cause a very natural impression. Producing two focus points
the vicinity of of the listener’s ears will enable the syrafseof

a spatialised sound. As it can be read in the following sactio
any source direction can be encoded onto a mono source if
two beams are produced.

IIl. TRANSAURAL STEREO

Spatialised hearing works above all over interaural time
differences (ITDs) and interaural intensity differencebg).
But also diffraction and shadowing caused by the head and
reflections from the pinna play an important part; especiall
when it comes to front back or elevational distinctions. In
general the acoustical free-field path from a sound source to
the ears is described by the head related transfer functions
(HRTFSs). In the first line, they are dependent on the incident
angles of the sound source. If near field HRTFs are concerned,

the controllers are free to move. The great advantage &g the radius has to be considered.

the beamforming approach is its analytical expression thatconyolving a mono source with a pair of HREFfor a
only bases on geometrical properties. Therefore it iS VeRgrtain direction produces a binaural signal. In other waha
easy to enable an adaptive system. Common head tracKifi9TFs encode the mono source with directional information.
technologies enable the determination of the position &ed tgegides it is possible to keep the virtual sound source at
orientation of the users. With this data a new focus posttam fixeq position, even if the user is turning his head. In [16]
be updated very fast. E.g. for a tracking system via webcafs well described how Ambisonics encoding can be used to

the only mobility restrictions are given by the length of thgompensate head rotations without the need of large HRTF
array and the focal length of the camera’s lense. A schemeffig pases.

these restrictions is given in fig. 14.

Until now, we only considered one beam that should beHRTFs for the right and the left ear, respectively.
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hs/(h3 — h3).
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Binaural signals are stereo signal, whereas the left channe 5
must be transmitted to the left ear only and the right channel
to the right ear. The ideal transmitter for such a signal is
of course a headphone as it prevents crosstalk between the
channels. But as we stated in the introduction, the usage of
headphones is hardly acceptable for a whole working day.
Thus we propose the usage of crosstalk filters to still be able
to generate spatialised audio.

Crosstalk cancellation bases on the knowledge of the HRTFs
from a loudspeaker to left and right ear of the listeners.1Hg Meter
shows crosstalk cancellation for a simple case. The depicte _ N
atice fier compensates for the crosstalk patheas wellas T3 17, %S o 10000 0 1 <25 o e, The e
for the direct pathes,. Its simplicity lies in the symmetry of gistinguishable. Also, there are clearly two separate sdurbbles.
the layout and in the limitation to two loudspeakers. For the
beamforming approach however, several loudspeakers bave t

be considered. In [17] one of the authors proposes an agapiymmunication bandwidth is 300Hz. This frequency has a

crosstalk cancellation for the usage with loudspeaketyarra \yayelength of more than 1 meter. Fig. 18 shows that the two

beams of these frequency are not distinguishable any more.

V. SIMULATIONS OF NEAR FIELD BEAMFORMING WITH Regarding one beam alone in fig. 19 however shows that it
MULTIPLE FOCI does not reach the second user as long as both users are in a

In section 1I-B we declared that the distance between tig&stance of more than half a meter from each other. The sound
loudspeakers should not exceed 7 cm to prevent spatiairgiag’r€Ssure level (SPL) decay at the position of the second user
up to 2500 Hz. For an array-length of 2 meter this would lead
to 28 array elements. Simulations in (fig. 16) show excellent
results with only 23 loudspeakers, if the windowing coneept
introduced in sec. II-B are applied. This is possible beeaus
the incident angle is far from being O degrees. Thus it is not
necessary to calculate the worst case, like it is proposed.in 10
2).

From the spatial aliasing point of view it is therefore no
problem to provide the listeners with two beams. Fig. 17 show
four beams, whereas the array was truncated with a rectangle
window. It can be seen, that their main lobes are very narrow
and the side lobes are still 10dB under the main lobes. -10

The above described simulation were done for a frequency
of 1000 Hz, which (in usual room conditions) corresponds to a
wavelength of 34 cm. Please not, that the physical limitdef trig. 18. 2 beams of 300Hz have a focus of more than half a metr a
focus width equal%. The lower cut off frequency for ATC occupy the whole sound field.
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Fig. 19. Here, one 300Hz beam is shown. The beam does not teach
second user (denoted as black dot) as he/she is in a disthmeere than a Fig. 21. Convolution of a schematic impulse response withtiihe reversal.
half meter.

reception transm ssion played back time invertéd the sound propagates back and
focuses on the initial emitter point. Mathematically exgsed,
we haveL recorded impulse responség(t) and their time
invertedh; (—t).

In acoustics, the properties of the propagation path from
source to sink are the same as from sink to source. Thus, if
the microphones are exchanged for loudspeakers, the way bac
to the focus point is as well described by(t). Evaluating the

Fig. 20. Reverberation cavity closed by microphones (vecenode) or played .baCk time m\./erteq SIQnam(._.t) m. the focus point,
loudspeakers (transmit mode).Adapted from [18] results in a convolution with the original impulse respanse

Sl(t) = hl(ft) * Ry (t) (6)

is -10dB. Hence the low frequency beams will not disturtn order to focus any signat(t) in the given point, it has to

the neighbouring sound bubble, but it will not be possiblee convolved withh;(—t) of the corresponding loudspeaker.

to generate two beams for two user in the low frequendyhus the loudspeaker signajgt) are calculated as

range. Thus the concept of transaural stereo, introduced in

the previous section, can only be applied for high frequesici y(t) = () x (=), )
Our simulation program also allows to calculate the dire@nd the signals in the focus point follow to

tivity and hence the distance factgrof the beamformer. In

generaly increases with the frequency. However if spatial si(t) = x(t) * ha(=t) * hu(t)- (8)

aliasing occurs, this tendency is compensated. For a sfimnla The frequency pendant of equation (8) is

of a 16 element arrayy varies between 3 and 5. Knowing .

~ allows to calculate the sound pressure of the diffuse field Si(w) = X(w) H{ () Hi(w), ©)

which is excited by the beam. where H;(w) is the conjugate transposed Hi(w) and their

roduct is called the time reversal operator. It can be seen
L, = Lqy—10log Py — 103 dB — 101 20logr —10logA P . ) - 1e ; '
! a—10log 7 —103d Ology+20logr —10 Ogés) that the input signalX (w) is filtered with the squared norm

For a sound pressure levél; = 60dB at the focus point of the frequency response of the path. fr_om microphone to
) . ) . loudspeaker, including room characteristics as well as the
in a distance ofr = 1m, 7 = 4, and with a surrounding characteristics of the electroacoustical transducersavimnd
reflecting surface ofA = 100m?, the sound pressure level

of the diffuse field is only 51 dB. Further 4dB can be gaineté]IS filtering, the time reversal operator should be eqalis

. 1 . SN :
easily, if absorbing material is put behind the user (coarsi with AR However, this equalisation is dangerous, if

. . . 2 I
that the listener himself will also absorb sound energy). | Hi(w)[® contains values close to zero. _ _
Impulse responses in a reverberating cavity as well as in

ATC workplaces will not only contain the direct wavefront
V. TIME REVERSAL MIRROR but also some reflexions over walls and desktops. A schematic

This section will introduce an alternative approaches igpulse response with a direct wavefront and reflectionspart
sound source focussing. The principle of the time reverddl drawn in figure 21. These reflexions will appear as pre-
mirror can be explained over a reverberating cavity that, #£hos, when played back time inverted. On the other hand,

a first step, is closed by an array of microphones like it is
P y y P 2Whereby the microphones are replaced by loudspeakers dithtical

_Showr? in fig. 20. At _Some pOim in this CaVity a_pU|Sive Soungt)atial properties. (l.e. the spatial sensitivity of themphones corresponds
is emitted. If the signals recorded by the microphones as@h the spatial radiation pattern of the loudspeakers.)




after having run through the reflection pathes adaimgy are [2]
also constructively added with the directional part. Tleisuits 3]
in a main impulse that is even stronger than the original first
wavefront has been. This effect is called super resolutiom]
Summing up, this means that reflections help to focus the

. o . 5
sound into a specific point, but they also cause pre—ech(gs]
that are disturbing especially for plosive sounds [18]. The
occurrence of pre-echos and their audibility depends on tHél
loudspeaker arrangement, the room size and its acoustical
properties, further on the reproduced focus point and on the|
position of the listener in this situation. The impact of ATC
desktops on the audibility of pre-echos will be a topic for[g]
further investigations.

The quality of the TRM depends on the reflection prop-
erties of the surrounding and, similarly to the beamforminég]
approach, on the number of loudspeakers. It also profits from
the bandwidth of the signal, as a higher bandwidth increasttlag]
the decorrelation outside of the focus point.

Time reversal mirroring can also produce multiple focugi]
points, if the impulse response from each focus point to
each loudspeaker is known. An adaptive system that is apj
to follow a moving user needs to know all the impulse
responses of the area in which the user can move. AccordIer%
to eq. (2) the maximal distance between the impulse resporis
measurement points for a bandwidth up to 2500Hz is 7cm.
In an area of one square meter approximately 210 impuldél
responses would be needed to determine. [15]

[16]
VI. CONCLUSION

Simulation results have shown that near field beamformiriy!
is very well suited to produce a focused sound field. Only
one consideration has to be taken, which is to prevent strongj
side lobes. This can be worked out by choosing a useful array
shape and appropriate windowing techniques. It is furtloeem
no problem to generate several distinct focus points, kegpi
in mind the physical limitations given by the half wavelemgt
of the played back signals.

For a further enhancement of the reproduced sound, we
proposed the usage of the transaural stereo approach. The
mono sources can be binaural encoded such that they contain
directional information. This technique demands two safgar
beams for each ear of the listeners and can thus only be used
for high frequencies, where the beams are narrow enough.

Finally an alternative sound focussing techniques was dis-
cussed. TRM makes use of reverberation to naturally inereas
the soundpressure in the focus point, whereas echos will
disturb the sound field in the beamforming approach. The big
disadvantage of this method is that transfer functions from
every possible user position to the loudspeakers have to be
known. Finding an analytical expression for such a transfer
function matrix will also be a field of future investigations
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