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(57) Abstract: To conclude, in a preferred embodiment in accordance with the invention, the sound system comprises two loud-
speakers (LA, LB) which mask their spectral signatures at the ear (C1) of the listener by positioning the two loudspeakers (LA, LB)
such that their maxima of the polar radiation patterns have directions which at least differ 30 degrees, and which generate coherent
&\ sound in the direction of the listener. These two aspects together cause different gradients of the sound of the two loudspeakers
(LA, LB) at the same ear (C1) of the listener, while the information which reaches the ear (C1) from the spatially shifted different
loudspeakers (LA, LB) is still coherent and not blurred by diffusion. The loudspeakers LA, LB should be spaced apart to obtain

sufficient different gradients of their sound at the same ear.
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A SOUND SYSTEM.

Field of the invention

The invention relates to a sound system for improved electro -acoustical
transmission of auditory sound information, to a multi -channel sound system comprising
for at least two channels such a sound system for impro ved electro-acoustical
transmission, a stand for use in the sound system, a single encasing comprising the
sound system, and a storage medium or transmission signal comprising a first signal and
a second signal obtained from the electro -acoustical transduc er structures of the sound

system.

Background of the invention

Prior art sound systems comprise one - or multi- channel transducer arrays
to improve the quality of the transmission of target sound information. For example,
transducer arrays such as the tw o loudspeaker boxes in a stereo set -up, may provide a
listener with two similar sound signals. A binaural listener is able to localize a
stereophonic sound source in -between the two loudspeakers if the ears receive the two
signals more or less concurrently and with equal intensity as is disclosed in GB 394,325.
The summing localization mechanism of the binaural ear -brain system then provides the
listener with the impression that one or more virtual sources are present in -between the
two adjacent physical sp eakers. This is disclosed in B.C.J. Moore, An Introduction to the
Psychology of Hearing, 4th Ed., Academic, San Diego (1997) p.232, 234. However,
although especially with multi channel arrays, the transmitted sound is now perceived to
have a better integri ty of the target sound information than the sound of one speaker
alone, such sound systems have the problem that the respective transducers of the
array are localizable because the spatial -spectral character of the loudspeakers remains
detectable, which af fects the advantages of this technique negatively, as is disclosed in
G. Theile, "Uber die Lokalisation im iiberlagerten Schallfeld". Dissertation, Techn.
Universitat Berlin (1980)

All sound transducers which are impedance matched to the air, most

efficiently interact with those sound waves that have wavelengths corresponding to the
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physical dimensions of the transducer structure. This effect influences the frequency
response to vary with direction and causes resonant characteristics. The resulting sound
wave fronts are modified by the so called baffle step. More information on the baffle step
is found in the article of Andy Unruh, “Understanding Cabinet Edge Diffraction”, Unruh
Acoustics, http://www.speakerdesign.net/understand.html . Reflection and diffraction of
the waves according to the shape of the enclosure of the transducer element and by the
shape of the transducer element itself, cause frequency dependent particle velocity
gradients of the pressure differences which model the polar response pattern of the
transducer structure. Relevant publications are Olson, H. F., "Direct Radiator
Loudspeaker Enclosures", JAES Vol.17, No.1, 1969 October, pp.22 -29; Joerg Panzer,
“Far-field radiation from a source in a flat rigid baffle of finite size”, New Transducers Ltd,
Huntingdon, U.K; and W.R. Woszcsyk, “The Increase of Transducer Directivity Using
Diffractive Attachments”, J. Acoust. Soc. Am., Supplement 1, Vol. 84, 1988.

This shape related transfer function, further referred to here as the spatial -spectral
contour of the transducer, is apparent in the sound waveforms reaching the ear -drum of
the before mentioned listener from the speaker array. This spatial -spectral contour,
which is also referred to as the spectral signature when an observer is involved, causes
the localizability and affects the perceptual qualities of any resulting virtual sources
embedded in the input signal, as disclosed in the publication: G. von Bekesy (1960), E.
G. Wever (Editor), “Experiments in Hearing”, New York, NY, McGraw Hill,. In the now
following the spectral signature is used for both situations, it will be clear from the
context what is actually meant.

Summary of the invention

It is an object of the invention to prov ide a sound system which decreases
the masking of the waveform shape of the target sound due the spatial-spectral contours

of sound transducer structures.

A first aspect of the invention provides a sound system as claimed in
claim 1. A second aspect of t he invention provides a multi -channel sound recording
system as claimed in claim 28. A third aspect of the invention provides a stand for use in
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the sound system as claimed in claim 33. A fourth aspect of the invention provides a
single encasing as defined in claim 34. A fifth aspect of the invention provides a storage
medium as defined in claim 35. A sixth aspect of the invention provides a transmission
signal as defined in claim 36. A seventh aspect of the invention provides a sound system

as defined in claim 37. Advantageous embodiments are defined in the dependent claims.

The human hearing system is very sensitive to the transient shape
patterns of the amplitude fluctuations of the waveform of the sound that reaches the
pressure-only-sensitive ear drums, see B.C.J. Moore, Interference effects and phase
sensitivity in hearing, Phil. Trans. R. Soc. Lond. A 360: 833-858 (2002). The invention is
based on the insight that the monaural spectral coding resolution of this sensitivity of the
hearing system appear s to be lower than the binaural cross correlation resolution.
Monaural spectral coding is defined by Blauert, J., (1983), Spatial hearing - the
psychoacoustics of human sound localization, The MIT Press, Cambridge, MA. This
offers the opportunity to re -shape the waveform to be less deteriorated by the spectral
signature of the transducers in order to improve the overall system transparency and
stability. The ear may now be exposed to two different air particle velocity gradients
which relate to the spectral signature of the two transducer structures, respectively.
These different air particle velocity gradients interfere with each other and therefore
make the particular spectral signatures less detectable by the ear. On the other hand,
the coherency of the p ressure waves that excite the ear drum is preserved. This
decrease of the influence of the spectral signatures of the transducer structure on the
resulting waveform envelope causes the transducers to become less pronounced, thus
less localizable, effectuating the advantages of the arraying technique. It appeared that if
the localizability of the physical sources of the sound is suppressed by diffusing their
spatially shifted spectral signatures, other engineering criteria such as concerning
linearity are far less decisive. The effect relies on the deduction that the hearing system
is a navigation system that primarily senses its physical environment and is, by nature,
not developed to deal with virtual sources to be derived from the physical present

transducers.

The sound system in accordance with the first aspect of the invention

comprises a first and a second transducer structure. A transducer structure usually
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comprises at least one electro -acoustic transducer and its encapsulation or encasing
and optional wave guides. Each transducer structure may comprise a single loudspeaker
or may comprise a plurality of loudspeakers. Alternatively, each transducer may be a
single microphone or a plurality of microphones, or a single loudspeaker or a plurality of
loudspeakers and the other one of the transducers comprises one or more microphones.
The plurality of loudspeakers or microphones may be implemented to obtain a desired
directivity. These loudspeakers or microphones may cover the complete frequency band.
Alternatively, the plurality of loudspeakers or microphones may be implemented to cover
together the complete frequency band.

The first transducer structure has a first axis which extends in a maximum
directional sensitivity of a uni -axial polar response patte rn or which is a rotational
symmetry axis of its toroidal polar response pattern. The second transducer structure
has a second axis which extends in a maximum directional sensitivity of a uni -axial polar
response pattern or which is a rotational symmetry a xis of a toroidal polar response
pattern. The transducers may have different polar response patterns. If the polar
response pattern is uni -axial, the defined axis is the axis extending in the direction of the
maximum in the response pattern. If the polar r esponse is toroidal, the defined axis is the
rotational symmetry axis of the polar response pattern. The definition of these axes is
required to make clear in the now following how the transducer structures have to be
arranged to decrease the effect of the spectral signature of the transducer structures.
The toriodal and the uni -axial polar response patterns need not be present in a complete
circle or over the full audio frequency range. Preferably, their directivity spectra are
related to a baffle step of the same order of magnitude. Preferably, the baffle step is
related to a radiation surface not exceeding the dimensions of about a human head:
about 14-23 cm. It has to be noted that the transducer structures may have different
maximum directional sensitiv ities for different frequencies, and that for low frequency the

transducer structures may have an omni -directional polar response pattern.

The transducer structures are positioned to obtain:
an angle in a range of substantially -30 to 30 degrees between a median plane of a
human reference listener and a line connecting acoustic centers of the first acoustic

transducer and the second transducer. The median plane is disclosed in the publication



10

15

20

25

30

WO 2006/100250 PCT/EP2006/060925

B.C.J. Moore, An Introduction to the Psychology of Hearing, 4th Ed., Academic, San
Diego (1997), P.214. This line is further referred to as the interconnect line. This means
that both the first and the second transducer are present at a same side of the median
plane or in the median plane, and that the difference in di stance between both
transducers and the median plane is within limits defined by the angles. Preferably, the
interconnect line extends substantially parallel to the median plane such that the
transducers have substantially equal distances to the median pla ne.

The human reference listener is an imaginary person. In the embodiments
wherein the transducers all are loudspeaker, actually a listener may be present at this
imaginary position. In the embodiments wherein the transducers all are microphones,
actually the head of the listener may be thought to be present at this position. The sound
recorded by the microphones reflects what a person would hear if he were at this
position.

If both the first and the second transducer have either a uni -axial or
toroidal polar response pattern, the transducers should further be positioned to obtain an
angle of substantially 70 to 110 degrees between the first axis and the second axis. It
has to be noted that the sound propagates in directions substantially along the first or
second axis if the transducer has a uni -axial polar response pattern, and that the sound
propagates substantially in a plane perpendicular to the first or second axis if the
transducer has the toroidal polar response. The main propagation direction of the sound
waves is also referred to as their main particle velocity. The different angles of the axes
cause main particle velocities which for the first and second transducers are directed in
different directions. Preferably the different directions of the main particle velocities have
an angle of substantially 90 degrees.

Thus, if two transducers are used which both have a uni -axial polar
response pattern; the two axes which indicate the two main particle velocities make an
angle between 70 to 110 degrees . If a real listener is present at the location of the
reference listener, the sound fronts of both transducers reach the listener with particle
velocity gradients which have different directions on the surface of the ear of the listener.
As will be elucid ated later, this causes the ear to become unable to detect the spectral

signatures in the respective waveforms with the positive effect that the colorization of the
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sound due the spectral signatures is decreased. The same holds for microphones which
have their maximum directivity for particle velocities components in different directions
that are defined by a baffle step. Now, the colorization of the recorded sound due to

spectral signatures of the microphones is decreased.

To conclude, the differently di rected gradients of the particle velocities
prevent the ear to segregate the spectral signatures of the sound sources by means of
monaural spectral coding. Or said differently, the spectral signatures of the two acoustic
transducer structures mask each oth er, because also binaural cross correlation is
prevented, thus the interacting transducer structures now can not be localized. The
sound is more natural and the dimensions of the sound generating items of the original
sound stage are reproduced more precis ely without being limited in their auditory

dimensions by the dimensions of the drivers as reflected in their spectral signatures.

Alternatively, if two transducers are used which both have a toroidal polar
response pattern, the planes of maximum directiv ity which extend substantially
perpendicular to the rotational symmetry axes, make an angle in the defined range.
Again, although in each plane maximum directivities exist which have the specified
angles, the angle between the planes takes care that the di rectivities for the toroidal
polar response pattern do not occur in the same plane.

Still for the same configuration of polar response patterns, the transducers
should be further positioned to obtain an angle of substantially 70 to 110 degrees
between said median plane and either the first or the second axis. Thus, at least one of
the main particle velocities should be directed to the median plane, within the defined
range. Preferably, this angle is 90 degrees. It has to be noted that seen from the positio n

of the human reference listener both transducers are directed off -axis.

If the first acoustical transducer has a uni -axial polar response pattern and
the second transducer has a toroidal polar response pattern, the transducers have to be
positioned to obtain an angle of 70 to 110 degrees between the first axis and a plane
perpendicular to the second axis. Again, the main particle velocity of the uni -axial

transducer has the defined angle with the plane such that this main particle velocity has
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a non-zero angle with respect to all particle velocities of the toroidal transducer. Further,
the transducers of this configuration are positioned to obtain an angle between 70 to 110
degrees between the median plane and either the first axis or the plane perpendic ular to
the second axis.

It suffices that the first and second transducers expose increasing
directivity with increasing frequency, provided that their polar response patterns are both
monotonous diffuse field frequency responses and linear free field fre quency responses
on the off -axes that are directed to the reference listener. The first and second
transducer structures comprise transducers with a flat or convex membrane with respect
to the wavelengths of the frequencies to be transferred. This type of transducer
structures has several advantages over transducer structures with a concave membrane.
Due to fewer converging reflections of the sound waves against the transducer structure,
less profiled destructive interference occurs and thus the spectral si gnature comprises
less pronounced fluctuations. Consequently, the polar response pattern shows less
directivity at higher frequencies and the polar response pattern has a more regular
shape. This allows having an off -axis free field response which is more flat for the
relevant frequency range. It has to be noted that it is also important that the off -axis
response is optimal because the reference listener is at a position off -axis. It has been
experimentally found that the desired effect is not obtained wit h transducers which have,
relative to the wavelengths of their pass band, a concave shaped membrane. Convex
shaped membranes which protrude out of the encasing provide the best condition for
mutual interference of their off -axis wave fronts.

In a loudspe aker system, the sounds originating from the first and the
second transducer structure should be substantially time aligned at the position of the
reference listener. If the sound waves originating from the different loudspeakers do not
have substantial equal arrival instants for corresponding frequency components, the
improvement reached by masking the spectral signature of the loudspeaker boxes may
be destroyed. Both sound waves should present substantially the same phase
information to the listener for a t least said information which is common for the
loudspeakers. Thus the signals supplied to the loudspeakers may have a common part
(often referred to as the sum -part) and a difference part. The sum -part should have
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substantially the same phase difference over the relevant frequency range at the
position of the listener.

By way of example only, in an embodiment wherein the first and the
second transducer structures contain identical pistonic transducers with convex, thus
protruding, cones. It is also possi ble to use flat membranes or bending wave
loudspeakers with a flat or convex membrane, or a hybrid combination of pistonic and
bending wave loudspeaker membranes. The effect is best obtained if the angle of lines
connecting the acoustical centre of the tra nsducers with the position of the reference
listener with respect to the first or second axis are identical. Preferably, the distance
between the acoustic centers of the two transducers to the reference listener is identical.

Of course, deviations are allo wed if a somewhat less optimal behavior is accepted.

If the first and second transducers are microphones, the same holds
because the microphones operate reciprocally to loudspeakers.

If, for example, the first transducer structure is a loudspeaker box a nd the
second transducer comprises microphones, the loudspeaker is used to supply an
amplified signal recorded by the microphones. The defined positioning of the
transducers minimizes the crosstalk between the loudspeaker and the microphones.

This allows a higher amplification of the microphone signal. In a preferred embodiment,
the defined positioning and the matching baffle steps as well as the coherent off -axis
responses of the transducers maximize the spatial spectral interference and minimize
the frequency dependent crosstalk between the loudspeaker and the microphones. This
stabilizes the feed back loop, which allows a higher amplification of the microphone

signal without increase of colorization that masks the target sound information.

It has to be noted that several attempts have been made in the prior art to
improve the sound quality of sound reproduced in stereo or multi-channel loudspeaker
systems. For example, many systems use differently directed loudspeakers to generate
a uniform distribution o f sound through a room. But none of these systems achieved that
the sounds of the different loudspeakers reach the ears with main particle velocities

having sufficiently interfering directions, while at the same time being sufficiently phase
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coherent with respect to each other over the relevant audible frequency range. The
relevant frequency range at least covers two octaves. In fact the best effect is reached if
the frequency range is covered which is relevant to detect directionality of the sound
source monaurally, that is from about 0.5 to 16 kHz.

The polar radiation pattern may be obtained with one or more pressure
gradient transducer elements and/or with a transducer and a waveguide, as long as the
combination provides the defined directional frequency response and the phase
coherence is sufficiently retained within the relevant frequency range over an off -axis of
the polar diagram. For example, an elliptical reflector may be used as the waveguide or
both tranducers may share one enclosure providing a ¢ ommon baffle step. Although the
polar radiation patterns are defined as uni -axial patterns and toroidal patterns, the actual
patterns with respect to frequency may have other forms, such as for example cardioid,
or hemisphere, provided the frequency depend ent directionality of the transducer is
smoothly sloping. All these patterns have either a well defined maximum along an axis
(the uni-axial pattemns), or a multitude of maxima arranged around a central rotational

symmetry axis in a plane (the toroidal pat terns).

US-A-5,309,518 discloses a loudspeaker box which comprises at least
three loudspeakers which are arranged in vertical direction and which have different
angles with respect to each other. The loudspeakers are operative over a number of
octaves in the audio frequency range and co -act to illuminate with sound a
predetermined solid angle centered at the loudspeaker system substantially uniformly
over said number of octaves. Such a construction is used to control the directionality
characteristics to b e substantially the same across the entire frequency region. Although
this prior art discloses to direct the loudspeakers in different directions, this prior art does
not disclose that the sound fronts of the different speakers reach the listener phase
coherently and with substantially a same frequency response. This is a solution to obtain
a more uniform distribution of sound through a room, but not to decrease the signal

distortion produced by the spectral signature of the loudspeakers in their box.

US-A-5,949,893 discloses a loudspeaker box for faithfully reproducing
stereophonic sound. The box is divided into at least two chambers hermetically sealed
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form each other. The speaker at the front of the box is propagating sound in the direction
perpendicular to the front. The speaker at the top of the box propagates sound in the
vertical direction but this sound is reflected against a diffuser such that an omni -
directional polar radiation pattern is obtained of which the rotational symmetry axis is
directed vertically. This speaker/diffuser combination propagates the sound horizontally.
The front speaker has been added to change the relatively uniform sound distribution
generated by the speaker/diffuser combination to improve the stereophonic effect.

Although this loudspeaker box has two acoustic transducers which are
arranged under 90 degrees, the axis directed in the maximum of the uni -axial polar
radiation pattern of the front speaker lies in the plane perpendicular to rotational
symmetry axis of the polar radiation pattern of the speaker/diffuser combination. No care
is taken to obtain sound wave fronts of the different speakers which reach the listener
phase coherently and with substantially a same frequency response. Again, this is a
solution to obtain a more uniform distribution of sound through a room, but not to
decrease the signal distortion produced by the spectral signature of the loudspeakers in
their box.

DE-A-19605130 discloses that two loudspeakers should be directed to
point towards each other. These two loudspeakers may be positioned under an angle to
obtain a directionality of the radiation pattern. If more than two loudspeakers are used,
these loudspeakers are directed such that their rotational symmetry axes intersectin a
common point. The loudspeakers may have a convex cone. This prior art is directed to
make a phantom or virtual source at the intersection point. It does not disclose the two
loudspeakers which are positioned as claimed in the present invention. Such a phantom
source is only observed by a listener if the real sources produce a dual mono or a stereo
sound, thus when the real sources are present at opposite sides of the median plane of
the listener. This is in contrast to the present invention where the transducers are
positioned at the same side of the median plane. Further, as shown in the Figures of this
prior art, the loudspeakers are positioned near to each other, this generates a lot of
uncontrolled reflections of the sound waves of one of the loudspeakers at the cone of t he
other loudspeaker which completely destroys the coherent behavior and reveals a more

pronounced spectral signature.
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In an embodiment in accordance with the invention defined in claim 2, the
first and the second acoustic transducer structures have, with respect to the relevant
frequency range, off axis flat free field responses along a line of latitude with respect to
the main axis or the main plane , and monotonous diffuse field responses . In contrast to
concave membranes, the flat or convex membranes ar e able to provide such a field

relatively easy.

In an embodiment in accordance with the invention defined in claim 3, the
response patterns are rotational symmetrical to obtain a same behavior in all directions.
This is advantageous because the homogeneit y of the sound in the listening area
improves and the listener is not confronted with large variations in sound quality when

moving his head or even when walking through the room.

In an embodiment in accordance with the invention defined in claim 4, the
first and second acoustic transducer structures generate respective polar response
patterns relating to a baffle step of the same order of magnitude. This causes the

transducers to have a same behavior which improves their mutual masking effect.

In an embodiment in accordance with the invention defined in claim 5, the
baffle step is related to a radiation surface area having the dimensions of about a human
head. This appeared to further improve the mutual masking effect. Most probably
because the thus incre ased mutual similarity of the respective spectral signatures of both
the transducers and the human head establishes an even more complex interference

pattern which density exceeds the resolution of the monaural spectral coding  ability.

In an embodiment in accordance with the invention defined in claim 6, the
main axis or plane of the first transducer structure points substantially to an acoustical
centre of the second transducer structure. This has the advantage that the angle
between the directions of ma in axes of the first and second transducer structure and the

reference listening position are identical for the two sound transducer structures.

In an embodiment in accordance with the invention defined in claim
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7, the line connecting the acoustic centers of the first transducer structure and the
second transducer structure extends substantially vertical. This allows using a vertical
stand to mount the two transducer structures. Instead of a stand, also rod or wires may
be used which extend from a ceiling. Further, in this position, the two transducer
structures create a minimal difference sound component and thus do not interfere with

the sum-localization effect of the two ears and the brain.

In an embodiment in accordance with the invention defined in ¢ laim
8, the acoustic centers of the two transducer structures have a same distance to the
position of the listener. This usually takes care that the two sound waves are time
aligned because they have to travel over a same distance. If the acoustic centers of the
transducer structures are now also offset in vertical direction, the distance of each one of

the transducer structures to a same ear is equal for both ears.

In an embodiment in accordance with the invention defined in claim
9, the first transducer structure comprises a plurality of transducer elements being
concentrically arranged for covering together the relevant frequency range. If several
transducer elements are used to cover the complete audible frequency range, the
concentric arrangement provi des the required phase coherent wave fronts. It is still
possible to add a sub -woofer or a super tweeter to the system provided their working
range is far below their baffle step in order to prevent a spectral signature contour in the

Cross over area.

In an embodiment in accordance with the invention defined in claim
10, the sound system comprises, for a monophonic channel only, the first and the
second transducer structures at the position defined. No further transducer structures
are required then the tw o defined. Of course, each one of the first and second
transducer structures may comprise concentric arranged transducers. Also, a sub -
woofer and or a super tweeter may be present besides this arrangement of the two

transducer structures.

In an embodiment in accordance with the invention defined in claim 11,

the means for positioning is adapted to position the transducer structures at a distance
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with respect to each other to obtain an angle in a range from 10 to 170 degrees between
on the one hand a first imaginary line connecting an acoustical centre of the first
transducer structure with the position of the human reference listener and on the other
hand a second imaginary line connecting an acoustical centre off the second transducer
structure with said s ame position. Now, the transducer structures are positioned at a
predetermined distance from each other such that the defined angle is obtained. This
further improves the masking of the spectral signature of the transducer structures
because the main parti cle velocity vectors have now different gradients over the ear in

two dimensions. Preferably this angle is in the range from 30 to 120 degrees.

In an embodiment in accordance with the invention defined in claim
12, the first and the second transducer stru ctures are positioned at substantial identical
distances with respect to the median plane. This has the advantage that maximally
different particle velocity gradients are obtained at the listening position which creates a

maximal masking effect.

In an embodiment in accordance with the invention defined in claim
13, the angle between the median plane of the human reference listener and the line
connecting acoustic centers of the first transducer structure and the second transducer is
substantially zero deg rees. Now, the two transducer structures do not cause any

binaural signal difference.

In an embodiment in accordance with the invention defined in claim
14, if both the first and the second transducer structures have either the uni -axial or
toroidal polar response pattern, the angle between the first axis and the second axis is
selected to be substantially 90 degrees, and the angle between said median plane and
either the first or the second axis is also selected to be substantially 90 degrees. And, if
the first transducer structure has the uni -axial polar response pattern and the second
transducer structure has the toroidal polar response pattern, the angle between the first
axis and a plane perpendicular to the second axis is selected to be substantially 90
degrees, and the angle between said median plane and either the first axis or the plane
perpendicular to the second axis is selected to be substantially 90 degrees. With this

positioning of the transducer structures, one of the transducer structures ha s atleasta
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main particle velocity vector directed substantially in parallel with the median plane and
the other one of the transducer structures has at least a main particle velocity vector

directed substantially perpendicular to the median plane.

In an embodiment in accordance with the invention defined in claim
15, the first and second transducer structures contain transducers being pistonic or
bending wave converters having flat or convex transducer elements. This type of
transducer elements has a dir ectional response pattern which slopes more continuously
with frequency than concave cones. A more stable directional response pattern over the
relevant frequency range improves the coherent behavior of the transducers and a

maximum interference of the two wave fronts is achieved.

In an embodiment in accordance with the invention defined in claim
16, the first and/or second acoustic transducers contain a plurality of concentric
membranes for generating a plurality of sub -sound waves for different frequen cy bands,
respectively. The concentricity of the plurality of membranes improves the coherent

behavior of the transducers over the frequency range.

In an embodiment in accordance with the invention defined in claim 17,
the first and/or second acoustic tra nsducers structures are rotational symmetric around
the first or second axis, respectively. This causes spectral signatures of these structures
which are congruent (preferably, but not essential: identical) in their respective directions
and which will gen erate a maximum interference by the positioning of the structures in
accordance with the present invention. Preferably, the enclosure constructions have

similar dimensions and shapes and thus similar baffle steps.

In an embodiment in accordance with the i nvention defined in claim
18, the first and the second acoustic transducers each comprise at least one
loudspeaker. In a loudspeaker arrangement in which the two loudspeaker boxes are
positioned in accordance with embodiments of the present invention, the spectral
signature of the loudspeaker boxes is masked and thus not or less perceived by the

listener.
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In an embodiment in accordance with the invention defined in claim
19, the sound system further comprises at least one amplifier which supplies a same
electrical signal to the first and the second loudspeaker boxes. The loudspeakers used
may be connected in parallel or in series. If a single loudspeaker is used at the different
positions this is straight forward. If multiple concentric loudspeakers are us ed at the
different positions, the speakers corresponding to the same frequency range may be

interconnected in parallel or series via a common cross -over network.

In an embodiment in accordance with the invention defined in claim
20, the first and the sec ond transducer structures each comprise at least one
microphone. In a microphone arrangement with two microphones at the two positions in
accordance with embodiments of the present invention, the spatial - spectral contour of
the microphones is masked in th e resulting wave form envelope and thus will add less
colorization to the sound recorded. It is alternatively possible to use a set of microphones
at one or both the positions dependent on which polar radiation pattern is desired.

In an embodiment in acco rdance with the invention defined in claim
22, the sound system further comprising an audio recorder device and a storage
medium for storing a first signal registered by the first microphone and a second signal
registered by the second microphone. These f irst and second signals can be used to
drive the loudspeakers which are arranged in a reciprocal configuration with respect to
the microphone configuration. Now, the sound produced by the loudspeaker
arrangement at the position of the listener is minimally colored because both the spatial -
spectral contours of the microphones used to record the original sound as the spectral
signature of the loudspeakers reproducing the sound are masked

In an embodiment in accordance with the invention defined in claim
25, the first acoustic transducer structure comprises at least one loudspeaker and the
second acoustic transducer at least one microphone. The off axis directional polar
response patterns of the loudspeaker at the one hand and the directional polar response
of the at least one microphone provide the possibility to increase the amplification of the
sound recorded by the microphone before it is fed to the loudspeaker . The normalization

of the off-axis frequency responses of the two transducers, on 45 degrees off axis of
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both speaker and microphone, is maintained for a reference listener generating the
sound source to be recorded. This improves the feedback loop stability and thus enables
the usability in a conference system because their spatial -spectral contours are diffused

in the resulting wave fronts.

In an embodiment in accordance with the invention defined in claim
26, the loudspeaker has a flat or convex membrane, and the second acoustic transducer
comprise a plurality of microphones arranged and interconne cted via a phase/shifting to
obtain a toroidal polar response pattern with the second axis in line with the first axis.
This system has the advantage that the polar response pattern of the microphone
combination has a maximum in a plane substantially perpe ndicular on the axis which
directs in the maximum of the polar response pattern of the loudspeaker. This allows
maximizing the amplification of the microphone signal, especially in reverberant
environment because the power response of the system is flat, w hich increases the
system’s feedback stability .

In an embodiment in accordance with the invention defined in claim
28, a multi-channel sound system comprising for at least two channels, a sound system
as claimed in claim 1. Thus, instead of using for the channels a single speakerora
speaker box with speakers which all are directed in the same direction, now in fact two
speaker boxes are used which are positioned such that the speakers which point in
different directions do not directly point to the liste ner and are positioned and driven in
such a manner that their wave fronts are coherent at the position of the listener.
Alternatively, the two speakers may be arranged in a single box. In fact two equivalent
sound apertures are used which are directed in d ifferent directions.

In an embodiment in accordance with the invention defined in claim
29, the laterally displaced with respect to the median plane left and a right channel of a
stereo sound system each comprise the two transducer structures. Preferably, the
corresponding first or the corresponding second acoustic transducers are identical (and
thus have the same baffle step) and have substantially oppositely directed first or

second axes. Or said differently, these transducers are looking towards each ot her.
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In an embodiment in accordance with the invention defined in claim
32, the acoustic transducers in the multi -channel audio system are loudspeakers, and at
least part of the signal for a sub -woofer channel is divided over the other loudspeakers.

Now less power is required and room -modes are exited more evenly.

Brief description of the drawings

Fig. 1 schematically shows a positioning of the sound transducer
structures with respect to a reference listener,

Fig. 2 schematically shows a loudspeaker ar rangement, in which two
loudspeakers which are present at the same side of an ear are directed towards each
others acoustic centre,

Fig. 3 schematically shows a loudspeaker arrangement, in which two
loudspeakers which are present at the same side of an ea r are directed in different
directions in accordance with the invention,

Fig. 4 schematically shows an audio system in accordance with an
embodiment of the invention which comprises a loudspeaker with a pistonic convex cone
and a uni-axial radiation pattemn and a bending wave loudspeaker with a toroidal polar
pattern,

Fig. 5 schematically shows a setup of two audio systems in accordance
with the invention,

Fig. 6 shows a block diagram indicating signals generated by a
microphone arrangement in accordanc e with the invention,

Fig. 7 shows a block diagram indicating signals generated by a
loudspeaker arrangement in accordance with the invention,

Figs. 8A and 8B schematically shows a combination of microphones and
a loudspeaker, and

Fig. 9 shows a block diagram of a circuit for driving the speaker of Figs. 8

with the signals of the microphones.

Description of embodiments
The same references in different Figures refer to the same items.
Fig. 1 schematically shows a positioning of the sound transducer

structures with respect to a reference listener. Fig. 1 shows an imaginary Cartesian X, Y,
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Z coordinate system which enables to define the positions and directions of the two
sound transducer structures SA, SB with respect to a particular position P which is
referred to as the position of a virtual reference listener. The sound transducer structures
SA, SB which comprise the sound transducers and their enclosures (not shown in Fig. 1)
are in the now following also referred to as transducers. It will be clear f rom the context
whether the actual transducers or the actual transducer structures are meant. The
transducer structures SA, SB may comprise more than one transducer. If the
transducers are loudspeakers, the virtual reference listener may be a real listener . Ifthe
transducers are microphones, the virtual reference listener is at the position where the
recorded signals by the microphones expect the listener to be when listening to the
recorded signals.

In the now following the positioning and the operation of the constellation
of Fig. 1 is elucidated for embodiments wherein the sound transducers SA, SB are
speakers and the listener is expected to be present at the particular position P. The
pinna of the ear of the listener is schematically indicated by a ci rcle C1, the head of the
listener is schematically indicated by a circle C2, and the median plane of the listener is
schematically indicated by the circle C3. The median plane C3 is in Fig. 1 arranged in
parallel with the XZ plane. The listener has an inte r-aural axis |A which extends through
his ears and which thus extends perpendicular to the median plane C3. In Fig. 1, the
inter-aural axis |A extends parallel to the Y axis. In the now following the situation will be
elucidated for a first embodiment in w hich the acoustic transducers SA, SB are speakers.
It will be clear that a reciprocal reasoning applies to the reciprocal embodiment in which
the microphones are present instead of the loudspeakers. Alternatively it is possible that
one of the sound transd ucers SA, SB is a loudspeaker and the other one of the sound

transducers SA, SB is a microphone or a microphone arrangement.

In the embodiment shown in Fig. 1, only one ear is shown and only one
set of two speakers which convey an information channel to t he ear. The information
channel may comprise a mono signal which is supplied to both loudspeakers. The
information channel may comprise different signals which have a common part. In a
stereo setup, the set of speakers shown may receive the left channel au dio signal and

another set of two speakers has to be present to transmit (or radiate) the right channel
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audio signal. In a multi -channel setup, the corresponding multiple sets of two speakers
have to be provided. It is possible to produce besides the usual lateral stereo sound also

a vertical stereo sound by adding a difference signal to the common signal.

The speakers may convert the complete frequency range with a single
sound transducer, or the speakers may comprise more than one sound transducer, each
one for a different frequency band, as is usual in two or three way speakers. The sound
transducers of different speakers for the same frequency band have to be positioned as
claimed in claim 1 for every frequency band. Preferably, all or a sub -set of the
transducers of the same speaker are arranged concentrically. Preferably, the
transducers for the high frequency range and the mid frequency range are arranged
concentric.

In the literature, the transducers are also referred to as drivers.

In the embodime nt shown in Fig. 1, the two transducers SA and SB are
present on the Z-axis, the ear is present at a distance D from the origin O, and the inter -
aural axis runs parallel to the Y -axis. The transducer SA is directed towards the origin O,
thus its main particle velocity vector VA lies on the Z -axis and points towards the origin O.
The transducer SB is directed to obtain a main particle velocity vector VB which has a
direction parallel to the Y -axis. In fact, the transducer SA is directed towards the
particular position P but not directly: a non -zero angle A1 is present between the particle
velocity vector VA and the imaginary line L1 which connects the centre of the driver SA
with the center of the ear which is the particular position P. The transducer SB is  directed
towards the particular position P but not directly: a non -zero angle A2 is present between
the particle velocity vector VB and the imaginary line LI12 which connects the centre of
the transducer SB with the particular position P. The distance betwe en the transducer

SA and the transducer SB determines an angle A3 between the lines LI1 and LI2.

In a preferred embodiment, the distance between the transducer SA and
the transducer SB is selected to obtain an angle A3 between 10 -170 degrees. The
angles A1 and A2 are selected such that taking the radiation patterns of the transducers
SA and SB into account, the sound waves are phase coherent at the particular position

P. With phase coherent sound waves is meant that the sound frequencies of the
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respective transducers SA, SB reach the particular position P with substantially constant
phase difference over the relevant frequency range. Preferably, the intensity ratio of the
sum part of the sound waves emitted by the transducers SA and SB is substantially
equal to one. The relevant frequency range is the range of frequency which is required

to obtain auditory masking of the spectral signature of the transducers. Usually this

range at least covers two to five octaves of the high and mid frequency ranges.
Preferably the angles A1 and A2 are between 30 and 60 degrees. Preferably, the Z -axis

extends in the vertical direction.

It has to be noted that Fig. 1 discloses a very specific embodiment only.
For example the transducers SA and SB need not be positioned on a v ertical line. The
interconnection line between the transducers SA, SB may make an angle in a range
between -20 to 20 degrees with the median plane. The angle between the velocity
vectors VA and VB may deviate from substantially 90 degrees. Preferably, this angle is
selected in a range from 70 to 110 degrees. The whole coordinate system XYZ may be
rotated around the particular position P. For example, the transducers SA and SB may
be present in substantially a horizontal plane above the particular position P , thus above
the head of the listener. Further, the transducers SA and SB may be interchanged such
that the transducer SA is directed to obtain a velocity vector VA parallel to the Y axis,
and such that the transducer SB is directed to obtain a velocity ve ctor on the Z-axis and
pointing to the origin O. If the first and or second acoustic transducers comprise more
than one transducer, the transducers which operate in the relevant frequency range
should be positioned substantially concentric to obtain substa ntially overlapping
acoustical centers to keep the phase coherence intact.

It has to be noted that Fig. 1 does not indicate that the nose of the listener
should point towards the origin or towards the Y axis. Depending on the radiation pattern
of the transducers SA and SB the coherent waves may converge exactly in the particular
position only. A deviation from the particular position may cause the coherency of the
sound waves received from the different transducers SA, SB to decrease. However, still
the different directed particle velocity vectors cause counteracting particle velocity
gradients across the pinna of the ear C1 and thus the spectral signature of the drivers

and the cabinet of the drivers is masked to a large extend because the density of the
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resultant interference patterns is out of the resolution range of the outer ear’s spectral
coding abilities. Preferably the radiation pattems of the drivers SA and SB are selected
such that at positions other than the particular position still the phases a re substantially
coherent for the common part of the information. Preferably, also the power of the
common part of the information is substantially the same at the position P. For example,
if the ear moves along a line parallel with the Z axis starting fro m the particular position
in the positive Z direction, both radiation patterns may be selected to cause the power of
both sound waves to decrease. A same effect occurs if the listener moves in another
direction.

The two transducers SA, SB may have an iden tical uni-axial radiation
pattern which has a maximum in the direction the transducer SA, SB is pointing and
which is decreased in a direction perpendicular to the direction the driver is pointing.
Preferably, the radiation pattern changes gradually from t he maximum to a minimum
value. The directivity may increase with an increasing frequency. Transducers which
comprise a cone which is convex, thus dome shaped, have such a radiation pattern.
Preferably, the cone protrudes out of the cabinet of the speaker. Such a radiation pattern
indeed allows the listener to move away from the particular position while the phase
coherence over the frequency range is substantially kept intact, and the intensity ratio of
the two sound waves still is kept substantially consta nt. A similar however less optimal
effect is reached with speakers with flat membranes, such as for example electrostatic
speakers like the Quad ESL 63 .

Both or one of the two transducers SA, SB may have a toroidal polar
radiation pattern. Now, the maximu m of the radiation pattern occurs in a plane
substantially perpendicular to the rotational symmetry axis of the drivers. Such a plane is
further referred to as the maximum plane. Because in such a maximum plane maximums
of the radiation pattern occur which are perpendicular with respect to each other, such a
transducer has already inherently some masking properties. But, in accordance with the
invention, if the transducers SA, SB both have a toroidal polar radiation pattern, their
symmetry axes are arrange d under an angle in the range from 70 to 110 degrees and
consequently, also the maximum planes have these same angles. Thus, by adding the
second transducer, at least one maximum of the radiation pattern of the second

transducer is directed to make the def ined angle with the maximum plane of the other
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driver, thereby increasing the masking effect. In the same manner, if one of the
transducers SA, SB has a uni -axial polar radiation pattern and the other has a toroidal
polar radiation pattern the maximum of t he uni-axial polar radiation pattern should be
directed to make the defined angle with the maximum plane of the toroidal polar

radiation pattern.

In the prior art, wherein only one loudspeaker, or more generally, one
acoustic transducer centre is present, the ear is confronted with a single sound wave
front only and is able to determine the origin of the sound which is distorted by the
spectral signature of the speaker and its encasing. In accordance with the invention the
outer ear and more specific the p inna of the ear receives two sound wave fronts which
represent the same information and which have differently directed main particle velocity
vector gradients. These differently directed main particle velocity vector gradients
together with the phase cohe rence of the common information prevent the ear to detect
the signature of the two sound sources. The sound sounds more natural and the
apparent volume of the sound generating items of the original sound stage are
reproduced more precisely without being li mited in their dimensions by the dimensions of
the drivers. It has been experienced that unmasking the dimensionality of the target
source increases the distinction of timbre and spatial contrasts which by necessity
improves the detection of residue pitch while increasing loudness. Residue pitch is
defined in B.C.J. Moore, An Introduction to the Psychology of Hearing, 4th Ed.,
Academic, San Diego (1997) p.188.

The vectors from the respective acoustic centers of the transducer
structures SA, SB in the off -axis direction are further referred to as the off -axis vectors.
At the position of the human reference listener P, where these off -axis vectors intersect,
the flat or convex membrane transducers generate phase coherent wave fronts for the
common informatio n. With coherent wave fronts is meant that the wave fronts are related
to, or composed of, waves having a constant difference in phase over the relevant
frequency range. Coherent sound comprises wave components which are coherent with
respect to each other, while, in contrast, diffuse sound consists of waves which all have

a randomized difference in phase over the frequency range.
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In the prior art wherein the loudspeakers, which are positioned at a same
side of the median plane have different angles but cr eate diffuse sound due to
interference, the gradients of the particle velocities may have different angles on the
pinna of the ear but, due to the uncontrolled interference at the sound source, the
coherency of the signals from the different loudspeakers i s lost and masking effect is
deteriorated. It is thus required that the transducer structures SA, SB each generate
phase coherent waves for the common part of the information, at least in the direction of

the position where the human reference listener P i s present.

Fig. 2 schematically shows a loudspeaker arrangement in which two
loudspeakers, which are present at the same side of an ear, are directed in the towards
each others acoustic centers. Such a positioning of loudspeakers with a convex cone is
disclosed in DE-A-19605130.

The loudspeakers L1 and L2 have acoustic centers AC1 and AC2,
respectively. The uni-axial polar radiations patterns of the loudspeakers L1 and L2 are
indicated by the circles through the acoustic centers AC1 and AC2. The main par ticle
velocity vectors V1 and V2 of the loudspeakers L1 and L2, respectively, are directed to
the acoustic centers AC2, AC1, respectively. The pinna C1 of the ear is stylistically
shown as a ellipse C1, and the auditory canal by the circle C4. The larger dimension of
the ear occurs in its vertical direction along the line E, the smaller dimension of the ear
occurs in its horizontal direction along the line L. It has to be noted that only one ear is
shown and that thus only monaural hearing is addressed. Th e dimensions of the ear are
largely exaggerated and schematically limited to the pinnae to clearly point out the effect
reached. The effect on the pinnae can be extrapolated to the complete outer ear,
involving head and torso, which is relevant for lower f requencies. Further, it is assumed

that a mono signal is supplied to the loudspeakers L1 and L2.

The lines L1E and L1H connect the acoustic center AC1 of the
loudspeaker L1 at intersections of the border of the pinna C1 with the line E. The lines
L1E and L1H indicate respective particle velocity vectors of the loudspeaker L1 towards
the pinna C1. The lines L2E and L2H connect the acoustic center AC2 of the
loudspeaker L2 at intersections of the border of the pinna C1 with the line E. The lines
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L2E and L2H indicate respective particle velocity vectors of the loudspeaker L2. The
gradient G1 of the particle velocity at the pinna C1 along the line E due to the particle
velocity vectors L1E and L1H has the opposite direction of the gradient G2 of the particle
velocity at the pinna C1 along the line E due to the particle vectors L2E and L2H. The
gradients G1 and G2 result from the polar response pattemns. For the loudspeaker L1,
the line L1E intersects the polar response pattern nearer to the acoustic center than the
line L1H. Consequently, the particle velocity increases when moving on the line E from
the intersection with the line L1E to the line L1H. Based on a corresponding reasoning
for the loudspeaker L2, the particle velocity increases when moving on the li ne E from
the intersection with the line L2H to the line L2E as indicated by the gradient G2.

The lines L1G and L1F connect the acoustic center AC1 of the
loudspeaker L1 at intersections of the border of the pinna C1 with the line L. The lines
L1G and L 1F indicate respective particle velocity vectors of the loudspeaker L1 towards
the pinna C1. The lines L2G and L2F connect the acoustic center AC2 of the
loudspeaker L2 at intersections of the border of the pinna C1 with the line L. The lines
L2G and L2F indicate respective particle velocity vectors of the loudspeaker L2. The
gradient G3 of the particle velocity at the pinna C1 along the line E due to the particle
velocity vectors L1G and L1F has the same direction as the gradient G4 of the particle
velocity at the pinna C1 along the line L due to the particle vectors L2G and L2F. The
gradients G3 and G4 result from the polar response patterns in a same manner as the
gradients G1 and G2. For the loudspeaker L1, the line L1F intersects the polar response
pattern nearer to the acoustic center than the line L1G. Consequently, the particle
velocity increases when moving on the line L from the intersection with the line L1F to
the line L1G. For the loudspeaker L2, the particle velocity increases when moving on the
line L from the intersection with the line L2F to the line L2G as indicated by the gradient
G4.

The result of the common direction of the gradients G3 and G4 is that the pressure
decreases with increasing distance between the position P and the interconn ect line Z.
This gradient in intensity is exploited by the binaural hearing system to detect the
distance to the source and thus to localize the source. It is much less likely that the

listening position changes significantly in the direction along the lin e E where the



10

15

20

25

30

WO 2006/100250 PCT/EP2006/060925

25

gradients are counteracting each other and cause a plane wave. Further, due to the
opposite direction of the gradients G1 and G2, the spectral signature of the

loudspeakers is clearly audible, because the two transducers create one stretched virtual
source with a distinct timbre that reflects the sum of the spectral signature related

angular transfer functions that each are differently encoded by the ear. The present
invention is based on the insight that the gradients G3 and G4 should have op posite
directions and the gradients G1 and G2 should be directed in the same direction. Or said
in other words, the gradients G1 and G2 should have equally directed components or at
least components which have a sufficiently small angle such that the eari s confused
about the origin of the sound.

If the same loudspeaker configuration is used in binaural hearing, the
loudspeakers have to be moved to the front of the listener such that the line connecting
the acoustic centers AC1 and AC2 extends perpendicula r on the median plane, and the
loudspeakers L1 and L2 have to be rotated such that the velocity vectors V1 and V2 are
directed substantially in parallel with the median plane of the listener. If now a stereo
signal is supplied to the loudspeakers, a usual stereo arrangement is obtained. In
contrast to the mono configuration each ear is only directly receiving one loudspeaker
signal and the other indirectly via the baffle of the head. Thus at each ear one of the
particle velocity gradients is predominant and causes a high amount of colorization of
the sound due the spectral signature of the loudspeaker. Due to the different sound at
the two ears, the sum -location processing of the ears and brain perceive phantom
sources in-between the loudspeakers, which howe ver, are distorted by the spectral
signatures of the loudspeakers. The colorization can easily be detected by monaurally
listening or by moving away from the sweet spot. The binaural system is requires heavy

processing to rule out the perceived coloration and image ambiguity.

Fig. 3 schematically shows a loudspeaker arrangement in which two
loudspeakers which are present at the same side of an ear are directed in different
directions in accordance with the invention. Fig. 3 is based on Fig. 2 wherein the
loudspeaker L2 is rotated such that the main particle velocity vector V2 of the
loudspeaker L2 is directed perpendicular to the median plane of the listener. The particle

velocity vector V1 is still directed to the acoustic center AC2 of the loudspeaker L2.
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The lines L1A and L1D, which indicate respective particle velocity vectors
of the loudspeaker L1 towards the pinna C1, connect the acoustic center AC1 of the
loudspeaker L1 at intersections of the border of the pinna C1 with the line E. The lines
L2A and L2D, which indicate respective particle velocity vectors of the loudspeaker L2
towards the pinna C1, connect the acoustic center AC2 of the loudspeaker L2 at
intersections of the border of the pinna C1 with the line E. The gradient G5 of the particle
velocity at the pinna C1 along the line E due to the particle velocity vectors L1A and L1D
has the same direction as the gradient G6 of the particle velocity at the pinna C1 along
the line E due to the particle vectors L2A and L2D.

The lines L1B and L1C, which indicate respective particle velocity vectors
of the loudspeaker L1 towards the pinna C1, connect the acoustic center AC1 of the
loudspeaker L1 at intersections of the border of the pinna C1 with the line L. The lines
L2B and L2C, which indicate respectiv e particle velocity vectors of the loudspeaker L2
towards the pinna C1, connect the acoustic center AC2 of the loudspeaker L2 at
intersections of the border of the pinna C1 with the line L. The gradient G7 of the particle
velocity at the pinna C1 along the line E due to the particle velocity vectors L1B and L1C
has the opposite direction as the gradient G8 of the particle velocity at the pinna C1
along the line L due to the particle vectors L2B and L2C.

It has to be noted that the positioning of the loudsp eakers L1 and L2 in
accordance with an embodiment of the invention, as shown in Fig. 3, causes on the
pinna vertical gradients which are directed in the same direction and horizontal gradients
which are oppositely directed. This in contrast to the prior ar t positioning, as shown in Fig.
2, where the vertical gradients are oppositely directed and the horizontal gradients have
the same direction. These differently directed gradients coherently acting in different
directions on the pinna may explain why the po sitioning in accordance with the invention
sounds much less colored than the prior art positioning. Further, besides these
differences in the directions of the gradients, the intensity of the wave front does not
depend much on the distance between the posi tion P and the interconnect line Z. The
arrangement now produces a plane wave which for the hearing system relates to a
diffuse field that is colorless by necessity . The hearing system now is forced to obtain

directional information from the source signal as the loudspeakers are not anymore
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localizable. It has to be noted that in a stereo setup, a further set of two speakers is
required which is positioned at the other side of the median plane of the listener with an
ear at the position P than the already p resent set. Further, as elucidated with respect to
Fig. 1, the configuration shown in Fig. 3 is a preferred embodiment only, and many
alternatives exist. It is clear that the masking of the spectral signature is already obtained,
be it somewhat less pronou nced, if the gradients G5 and G6, G7 and G8 make an angle
with respect to each other.

It has to be noted that in Figs. 2 and 3, the polar response patterns are
schematically drawn; the actual patterns are three dimensional and vary with frequency.
The actual polar response patterns depend on the transducers used. For example, in Fig.
4, for a particular frequency range, the transducer shown at the top has a kidney shaped
uni-axial polar response patterns, while the transducer shown at the bottom has a

toroidal polar response pattern.

Fig. 4 schematically shows an audio system in accordance with an
embodiment of the invention which comprises a transducer with a pistonic convex cone
and a uni-axial polar radiation pattern and a bending wave transducer with a convex
cone and a toroidal polar radiation pattern. The latter transducer may be turned upside
down.

The acoustic transducer structure SA comprises the driver LA with a
pistonic convex cone, and an encasing B1, B2. In the embodiment shown, the encasing
of the driver LA comprises a cylindrical part B2 which holds at one end the driver LA and
which at the other end is at least partly open. For example, the opposite end is
completely open or is provided with holes. Additionally or instead, holes may be pro vided
in the side wall at the opposite end. The cylindrical part B2 is arranged within a box B1
with a square cross -section with dimensions such that the cylindrical box B2 is tightly
clamped. A free space exists between the opposite side of the cylindrica | box B2 and the
adjacent wall of the square box B1 such that the sound can travel in the free space
between the two boxes B1 and B2 and a front firing bass reflex port is obtained. One of
the four travel paths of the sound is indicated by the arrow TPS. S uch a construction is
very compact, stiff and simple: a single screw (not shown) extending from the closed end

of the box B1 may fix the driver LA. The maximum of the polar radiation pattern or the
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main particle velocity vector is indicated by the arrow VA . The pistonic driver with a
convex cone as such is known from US-4,590,333.

The acoustic transducer structure SB comprises the bending wave driver
LB which as such is known from US -3,424,873. The bending wave driver LB has a
toroidal polar radiation pattern, and thus the maxima of this radiation pattem are
substantially directed in a plane perpendicular to the rotational symmetry axis AXB of the

driver LB. The arrows VB indicate four vectors which lie in this plane.

By way of example only, the system of the two loudspeakers LA and LB is
arranged in a vertical direction. Preferably, the vector VA and the axis AXB are
positioned on the same line, but an offset is allowed as long as both drivers LA, LB are
present at the same side of the median plane of the listener. The drivers LA and LB may
be hold in different boxes B1, B2, and SB, respectively, which are held in their position
by a vertical stand (not shown), or may be incorporated in a single encasing.

As is clear from Fig. 4, the maximum direction of the uni-axial polar
radiation pattern of the acoustic transducer structure SA with the driver LA is arranged
substantially perpendicular to the plane in which the maximum directions of the toroidal
polar radiation pattern of the acoustic transducer structu res SB with driver LB lie.

The driver LA with the uni -axial polar radiation pattern may be exchanged
by a driver with a toroidal polar radiation pattern of which the rotational symmetry axis
extends substantially perpendicular with respect to the rotatio nal symmetry axis AXB of
the driver LB. Consequently, now the planes of the maxima of the two toroidal polar
radiation pattemns extend substantially perpendicular with respect to each other.
Altematively, the driver LB with the toroidal polar radiation pa ttern may be exchanged by
a driver with a uni -axial polar radiation pattern with a maximum in a direction extending

substantially perpendicular to the vector VA.

In a practical setup which proved the remarkable effect reachable with an
embodiment in accor dance with the invention, the vertical distance between the drivers

LA and LB was in the range of 1 to 3 meters if the ear of the listener was in a range of 3
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to about 10 meters from the connection line on which the vector VA and the axis AXB lie.
The sound clearly sounded if no drivers are present at all, while the positioning of the
target sound was extremely spacious without loose of pin -point imaging and without
being increasingly affected by room acoustics when increasing the distance of the

listening position.

Again, it should be noted that the embodiment shown in Fig. 4 is a
preferred embodiment only and that many alternatives exist as is discussed with respect
to Fig. 1. The main item is that the spectral signatures of the structures SA and SB are
masked at the ear of the listener by positioning the two structures such that their maxima
of the polar radiation patterns have non -overlapping directions which at least differ 30
degrees and which generate in -phase and coherent sound in the direction of th e listener
for the information which is common for the two loudspeakers. These two aspects
together cause different gradients of the sound of the different drivers LA, LB at the
same ear of the listener, while the information which reaches the ear from the different
drivers LA, LB is still phase coherent and not blurred by uncontrolled interference.

Fig. 5 schematically shows a setup of two audio systems in accordance

with the invention.

The audio system S1 comprises an acoustic transducer structure SA1 and
an acoustic transducer structure SB1. The acoustic transducers structure SA1 comprises
a transducer TA1 with a convex cone and has a uni -axial polar radiation pattern of which
the maximum is directed in the direction indicated by the arrow VA1. The si gnal fed to or
received from the transducer TA1 is stylistically indicated by DA1. The acoustic
transducers structure SB1 comprises a transducer TB1 with a convex cone and has a
uni-axial polar radiation pattern of which the maximum is directed in the dire ction
indicated by the arrow VB1. The signal fed to, or received from, the transducer TB1 is
stylistically indicated by DB1. The angle between the arrows VA1 and VB1 is
substantially 90 degrees.

The audio system S2 comprises an acoustic transducer struct ure SA2 and

an acoustic transducer structure SB2. The acoustic transducers structure SA2 comprises
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a transducer TA2 with a convex cone and has a uni -axial polar radiation pattern of which
the maximum is directed in the direction indicated by the arrow VA2. The signal fed to or
received from the transducer TA2 is stylistically indicated by DA2. The acoustic
transducers structure SB2 comprises a transducer TB2 with a convex cone and has a
uni-axial polar radiation pattern of which the maximum is directed in t he direction
indicated by the arrow VB2. The signal fed to or received from the transducer TB2 is
stylistically indicated by DB2. The angle between the arrows VA2 and VB2 is
substantially 90 degrees.

The audio systems S1 and S2 are arranged in front of th e listener, the
system S1 at the left side of the median plane of the listener, and the system S2 at the
right side of the median plane. In a multi -channel system (which also comprises a stereo
system), the left channel signal is supplied to or received fr om the system S1 and the
right channel signal is supplied to or received from the system S2. If the interconnection
lines which interconnect the acoustic centers of the transducers substantially extend in
the vertical direction, the distance of the acousti cal centers of the transducers to the
median plane is identical, and if all the transducers are identical, preferably the same left
signal is supplied to the transducers TA1 and TB1, and the same right signal is supplied
to the transducers TA2 and TB2. If the signals are recorded with the system shown
wherein the transducers are microphones, the signals are fed to the corresponding
transducers of the system which has to reproduce the recorded information. The
recorded information may actually be recorded on a recording medium, it may also be
directly transmitted or broadcasted. Preferably, if the transducers are loudspeakers, the
head of the listener is present at the equal distance with respect to all the transducers.
However, due to the selected polar radi ation patterns, the position of the head may
move relatively far away from this optimal position (often referred to as the sweet spot),
this in contrast to the usual multi -channel systems. Or said differently, the sound image

is more stable in space than w ith a usual setup.

Preferably, the four transducers TA1, TB1, TA2, TB2 are presentin a
same substantially vertical plane which extends substantially perpendicular to the
median plane of the listener. Both the arrows VA1 and VA2 are directed downwards.

Both the arrows VB1 and VB2 are directed horizontally, and point towards each other.
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Although preferably, the arrows VA1, VA2 point to the acoustical centers of the
transducer VB1, VB2, respectively, an offset is allowed. For example, the transducers
TA1, and TA2 may have a larger distance with respect to the median plane than the
transducers TB1 and TB2. Further, it has to be noted that the tolerances with respect to
the positioning of the transducers with respect to their optimal position, which are
claimed and which are discussed with respect to Fig. 1, are allowed while still the

desired effect shows an improvement over the prior art.

In the multi-channel system shown, if the transducers are loudspeakers,
further an optional sub -woofer SW may be present.

If instead of a single driver, a plurality of drivers is used per acoustic
transducer structure, preferably, these drivers are, as far as they convert the relevant
frequency range, positioned concentric to preserve the phase coherency of the sound.
Alternatively, the system may be subdivided in subsystems with mutual supplemental
frequency bands.

These subsystems need not be positioned coaxial or coincident as long as their mutual

position is according the specification of claim 1.

If loudspeakers are us ed in the systems shown in Fig. 4 and Fig. 5, itis
not required to feed signals of different channels to the different systems S1 and S2. If a
mono signal is supplied to the two systems, an array of systems is provided which
produces a sound which has a | ow amount of colorization and which produces a stable
sound image. The array may comprise more than two systems S1, S2. For example, on
a platform of a railway station or the stage of a theater, multiple systems shown in Fig. 4
are positioned in a line alo ng the platform, eventually terminated with systems S1 and S2.
Such a system provides an improved clarity of speech because in such a setup, the
position and the moving direction of the listener is not of influence at all. Such a multiple
of sound systems may also be connected respectively to different signal channels, for
instance to generate surround sound. This also holds for multiple microphone systems in

accordance with the present invention.
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It further has to be noted that the signals supplied to th e systems S1 and
S2 need not be identical, it suffices that these signals have a common part: the sum
signal.

Fig. 6 shows a block diagram indicating signals generated by a
microphone arrangement in accordance with the invention. The block S1 may compris e
a microphone arrangement in which the microphones are positioned in accordance with
an embodiment of the invention. For example, the microphones may be positioned as
elucidated with respect to Figs. 1, 4 or 5. It is commonly known how microphones should
be positioned and which type of microphones should be used to obtain the uni -axial
and/or toroidal polar radiation patterns. Some examples are disclosed in  US4,675,906.

If is assumed that the microphones are arranged as shown in the left hand
system S1 of Fig. 5, the microphones supply the signals DA1 and DB1. A processing
circuit SD receives the signals DA1 and DB1 and supplies processed signals DA1’" and
DB1’. The processing circuit SBT may comprise amplifiers to amplify the input signals
DA1 and DB1. The processed signals DA1’ and DB1’'may be recorded as separate
tracks on a recording medium (not shown) such as for example a CD, SACD, DVD.
Alternatively, the two processed signals DA1’ and DB1’ may be transmitted or
broadcasted. These signals may be used to drive two loudspeakers which are positioned
correspondingly, as is discussed with respect to Fig. 7.

The processed signal DA1’and DB1°’may be further processed to obtain a
single signal which is used to drive both the loudspeaker of a set of loudspeakers in
accordance with the invention with a same signal, or to drive a loudspeaker box of prior

art setups.

Fig. 7 shows a block diagram indicating signals generated by a
loudspeaker arrangement in accordance with the invention. An amplifier block AMP
comprises amplifiers for amplifying the input signals DA1’ and DB1’ which may be read
from a storage medium, or which may be received by broadcast, as generated with the
system shown in Fig. 6. If is assumed that the loudspeakers are arranged as shown in
the right hand system S2 in Fig. 5, the amplified input signals DA2 and DB2 are provided
to the system S2.
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Alternatively the signals DA2 and DB2 supplied to the loudspeakers may
be the same signals. It is also possible to process a mono signal or a signal represe nting
a channel of a multi-channel signal to obtain different signals, this is especially relevant if
the speakers do not have substantially equal distances to the listener to obtain equal

arrival instants of the sum signal.

Figs. 8A and 8B schematically show a combination of microphones and a
loudspeaker mounted on a common structure providing congruent baffle steps for both
transducers ensuring equivalent power responses and controlled equivalent pressure
gradient slopes for both transducers. Fig 8A show s a side view, and Fig. 8B a top view of
a combination of a loudspeaker C, its encasing ENC and four microphones MA, MA’, MB,
MB’. The loudspeaker C comprises a tweeter LS2 which is arranged concentrically with
a low/mid speaker LS1. Both speakers LS1, LS2 have convex cones which protrude out
of the encasing ENC. Both speakers have a uni -axial polar radiation pattern of which the
maximum is directed as indicated by the arrow VC. The microphones are arranged to
obtain a toroidal polar radiation pattern in th e plane substantially perpendicular to the
arrow VC as is indicated by the arrows VA+B. The shown arrangement of four
microphones is as such known from US 4,675,906. The signals from the microphones
MA, MA’, MB, MB’ are processed and amplified to drive the loudspeaker C. Because the
maximum direction of the polar radiation pattem of the microphones MA, MA’, MB, MB’
is directed in a plane substantially perpendicular to the maximum direction VC of the
polar pattern of the loudspeaker C and both transducers b ehave as rotation symmetrical
coherent line sources with equivalent baffle steps, the roughness of their directional
frequency responses will interfere into a wave front pattern with a very dense succession
of minima and maxima which cannot anymore be reso Ived by the ear and the influence
of the sound produced by the loudspeaker C on the microphones MA, MA’, MB, MB' is
minimal as is the reverberant feedback from the loudspeaker to the microphone due to
room acoustics. Consequently, the amplification factor of the amplifier can be selected
larger than in prior art systems because less colorization is generated.

The optional enclosure OENC prevents that a user is able to acoustically
shield the microphones. This enclosure OENC may be an open construction whic h

prevents to shield or damage the loudspeaker C and the microphones MA, MA’, MB, MB'.
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If the side walls are not too open, the enclosure may be also be used as a bass port as
is elucidated with respect to the acoustical transducer structure SA shown in Fig . 4. Of
course, the side walls should be sufficiently open around the microphones MA, MA’, MB,
MB?’ to allow the sound to reach the microphones. MA, MA’, MB, MB’. By way of example,
the cross section of the encasing ENC may be circular, while the cross sect ion of the
encasing OENC is square. The square has dimensions to tightly clamp the circle. If the
encasing ENC is recessed at the position of the microphones MA, MA’, MB, MB’ the
dimension of the encasing OENC can be minimized. Preferably, the recess is ¢i rcularly,
and the microphones MA, MA’, MB, MB’ do not anymore protrude out of the encasing
ENC.

Such a system can be advantageously used in a conference system,
wherein usually the vector VC points in the vertical direction but where the optimized off -
axes of both microphone and loudspeaker preferably points to all listeners. The convex
loudspeaker LS provides a more evenly spread polar radiation pattern around the vector
VC which does vary less over the frequency range relevant to speech than concave
loudspeakers. This together with the higher possible amplification factor improves the
understandability of speech. The conference system may be used to locally amplify the
sound received by the microphones MA, MA’, MB, MB’ to supply this amplified sound to
the speaker C. The conference system may also be used to pickup the sound of the
locally participating conference members to transport this to a remote loudspeaker
where remote participating conference members are present. The sound of the remote

participating conference members is fed to the loudspeaker C.

Another interesting application is to replace at least one of the transducer
structures SA1, SA2, SB1, SB2 in Fig. 5 with a combination of a loudspeaker and
microphones as discussed with respect to Figs. 8A and 8B. Now, the microphones may
be coupled with a telephone system to broadcast sound (which may be speech) to a
remote location. The sound from the remote location is fed to the loudspeaker of the
loudspeaker/microphone combination. Preferably, two o pposing acoustic structures have
such a combination of loudspeakers and microphones. Other applications as for
example in domotica are possible.
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Fig. 9 shows a block diagram of a circuit for driving the speaker of Figs. 8
with the signals of the micropho nes. A subtractor 1 subtracts the signals of the
microphones MA and MA'’ to obtain a difference signal SWA. A subtractor 2 subtracts the
signals of the microphones MB and MB’ to obtain a difference signal SWB. The signal
SWA is phase-shifted over +45 degree s to obtain the signal PA, and the signal SWB is
phase-shifted over -45 degrees to obtain the signal PB. Other phase shifts are possible,
what counts is that the phases of SWA and SWB are with respect to each other shifted
over 90 degrees. The signals PA a nd PB are added to obtain the signal SAB which is
fed to the amplifier 6. The amplified signal SAB is supplied to the loudspeaker C in a
conventional manner. However, the amplified signal may instead be supplied to a
loudspeaker at a remote location. The m icrophones are preferably pressure sensitive

electret transducers.

To conclude, in a preferred embodiment in accordance with the invention,
the sound system comprises two loudspeakers LA, LB which mask their spectral
signatures at the ear C1 of the listen er by positioning the two loudspeakers LA, LB such
that their maxima of the polar radiation patterns have directions which at least differ 30
degrees, and which generate phase coherent sound in the direction of the listener for the
common part of the signa Is supplied to the two loudspeakers. Further, both the
loudspeakers LA, LB are present at the same side of, or in, the median plane of the
(reference) listener. The loudspeakers LA, LB should be spaced apart to obtain sufficient
different gradients of thei r sound at the same ear. These aspects together cause
different gradients of the sound of the two loudspeakers LA, LB at the same ear C1 of
the listener, while the information which reaches the ear C1 from the different
loudspeakers LA, LB is still coheren t and not blurred by diffusion.

Because microphones operate reciprocal to loudspeakers, in another
embodiment in accordance with the invention the microphones can be positioned such
that the baffle step defined maxima of their polar response pattems have directions
which at least differ 30 degrees, and which have a coherent behavior for sound

projected to a reference position which is called the position of the reference listener.
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It should be noted that the above -mentioned embodiments illustrate rather
than limit the invention, and that those skilled in the art will be able to design many
alternative embodiments such as headphones, Multimedia - Theater- PA- TV-and PC
speakers, paging systems, universal HRTF -coding microphones, microphone and
loudspeaker arrays and combinations of them, without departing from the scope of the

appended claims. The transducers mentioned may have segmented membranes.

In the claims, any reference signs placed between parentheses shall not
be construed as limiting the claim. Use of the verb "comprise" and its conjugations does
not exclude the presence of elements or steps other than those stated in a claim. The
article "a" or "an" preceding an element does not exclude the presence of a plurality of
such elements. The invention may be implemented by means of hardware comprising
several distinct elements, by means of a suitably programmed computer. In the device
claim enumerating several means, several of these means may be embodied by one and
the same item of hardware. The mere fact that certain measures are recited in mutually
different dependent claims does not indicate that a combination of these measures

cannot be used to advantage.
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CLAIMS

A sound system comprising:

for at least one information channel in at least a f requency range relevant
for directivity, at least one pair of exactly two acoustic transducer structures (SA,
SB), wherein a first acoustic transducer structure (SA) has a first axis (VA)
extending in a maximum directional sensitivity of an uni -axial polar response
pattern or being a rotational symmetry axis of a toroidal polar response pattern, a
second acoustic transducer structure (SB) having a second axis (VB) extending in
a maximum directional sensitivity of a uni -axial polar response pattern or being a
rotational symmetry axis of a toroidal polar response pattern, wherein the first and
second acoustic transducer structures (SA, SB) have a flat or convex membrane

with respect to the wavelengths of transmission,

means for directing the acoustic transd ucer structures (SA, SB) to obtain:

an angle of substantially -30 to 30 degrees between a median plane (C3)
of a human reference listener (C2) and a line (Z) connecting acoustic centers (AC,
BC) of the first acoustic transducer structure (SA) and the seco nd acoustic
transducer structure (SB), wherein both the first and the second acoustic
transducer structures (SA, SB) are present at a same side of, or on, the median
plane (C3),

if both the first and the second transducer structures (SA, SB) have either
a uni-axial or toroidal polar response pattern, an angle of substantially 70 to 110
degrees between the first axis (VA) and the second axis (VB), and an angle of
substantially 70 to 110 degrees between said median plane (C3) and either the first
or the second axis (VA, VB), and

if the first acoustical transducer structure (SA) has a uni -axial polar
response pattern and the second transducer structure (SB) has a toroidal polar
response pattern (SB), an angle of 70 to 110 degrees between the first axis (VA)
and a plane perpendicular to the second axis (VB), and an angle between 70 to
110 degrees between said median plane (C3) and either the first axis (VA) or the

plane perpendicular to the second axis (VB),
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wherein a position (P) of the human reference list ener (C2) is off-axis with
respect to respective main axes and/or planes of maximum directional sensitivity of
the first and second acoustic transducer structures (SA, SB), and

means for processing (SBT; AMP) electrical signals received from or
supplied to the transducer structures (SA, SB), wherein if the transducers
structures are loudspeakers (L1, L2) the means for directing and the means for
processing (AMP) are adapted to obtain substantially phase coherent sound waves
at said position (P) for at leas t said information which is common for said
loudspeakers (L1, L2).

A sound system as claimed in claim 1, wherein the first and second acoustic
transducer structures (SA, SB) have, with respect to the relevant frequency range,
monotonous diffuse field r esponses and have off axis flat free field responses
along a line of latitude with respect to the main axes and/or planes of maximum
directional sensitivity of the first and second acoustic transducer structures (SA,
SB).

A sound system as claimed in claim 1 or 2, wherein the first and second acoustic

transducer structures (SA, SB) have a rotational symmetric polar response pattern.

A sound system as claimed in claim 1, wherein the first and second acoustic
transducer structures (SA, SB) have pola r response patterns derived from baffle
steps of the same order of magnitude.

A sound system as claimed in claim 4, wherein the baffle step is related to an air

coupling surface having the dimensions in the order of a human head.

A sound system as claimed in claim1, wherein the main axis or plane of the first
acoustic transducer structure (SA) points substantially to an acoustical centre (BC)
of the second transducer structure (SB).
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A sound system as claimed in claim 1, wherein the line connect ing the acoustic
centers (AC, BC) of the first acoustic transducer structure (SA) and the second

acoustic transducer structure (SB) extends substantially vertical.

A sound system as claimed in claim1, wherein the means for directing is adapted
to obtain a same distance between their acoustic centers (AC, BC) and the position

(P).

A sound system as claimed in claim 1, wherein the first acoustic transducer
structure (SA) comprises a plurality of transducers being concentrically arranged
for covering together said frequency range.

A sound system as claimed in claim 1, comprising, for a monophonic channel, only
the first transducer structure (SA) and the second acoustic transducer structure
(SB).

A sound system as claimed in claim 1, wherein th e means for positioning is
adapted for positioning the first and second acoustic transducer structures (SA, SB)
at a distance with respect to each other to obtain an angle in a range from 10 to

170 degrees between on the one hand a first imaginary line con necting an
acoustical centre (AC) of the first acoustic transducer structure (SA) with the
position (P) of the human reference listener and on the other hand a second
imaginary line connecting an acoustical centre (SB) off the second acoustical

transducer structure (SB) with said same position (P).

A sound system as claimed in claim 1, wherein the first transducer structure (SA)
and the second acoustic transducer structure (SB) are positioned at substantially

identical perpendicular distances with resp ect to the median plane (C3).

A sound system as claimed in claim 1, wherein the angle between the median
plane (C3) of the human reference listener and the line connecting acoustic
centers (AC, BC) of the first acoustic transducer structure (SA) and t he second

acoustic transducer structure (SB) is substantially zero degrees.

PCT/EP2006/060925
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A sound system as claimed in claim 1, wherein if both the first and the second
transducer structures (SA, SB) have either the uni -axial or toroidal polar response
pattern, the angle between the first axis (VA) and the second axis (VB) of
substantially 90 degrees, and the angle between said median plane (C3) and
either the first or the second axis (VA, VB) is substantially 90 degrees, and if the
first acoustical transducer (SA) has the uni-axial polar response pattern and the
second transducer structure (SB) has the toroidal polar response pattern, the angle
between the first axis (VA) and a plane perpendicular to the second axis (VB) is
substantially 90 degrees, and the angle b etween said median plane (C3) and either
the first axis (VA) or the plane perpendicular to the second axis (VB) is

substantially 90 degrees.

A sound system as claimed in claim 1, wherein the first and second acoustic
transducers structures (SA, SB) ¢ omprise transducers (L1, L2) are selected out of
transducers being pistonic or bending wave converters having flat or convex

membranes wherein the convex membranes are protruding out of said structures.

A sound system as claimed in claim 15, wherein t he first and/or second acoustic
transducers (L1, L2) have a plurality of concentric membranes for generating a
plurality of sub-sound waves for different frequency bands, respectively.

A sound system as claimed in claim 1, wherein the first and/or se cond acoustic
transducers structures (SA, SB) are rotational symmetric around the first or second
axis (VA, VB), respectively.

A sound system as claimed in claim 1, wherein the first and the second acoustic

transducer structures (SA, SB) each comprise at least one loudspeaker (L1, L2).

A sound system as claimed in claim 18, further comprising at least one amplifier
(AMP) for supplying a same electrical signal to the first and the second acoustic
transducers (L1, L2).

PCT/EP2006/060925
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A sound system as claim ed in claim 1, wherein the first and the second acoustic

transducer structures (SA, SB) each comprise at least one microphone.

A sound system as claimed in claim 20, wherein the first acoustic transducer
structure (SA) is a single first microphone and the second acoustic transducer
structure (SB) is a single second microphone.

A sound system as claimed in claim 21, further comprising an audio recorder
device (S1) and a storage medium (SB) for storing a first signal (DA1) registered
by the first microphone and a second signal (DB1) registered by the second
microphone.

A sound system as claimed in claim 18, further comprising an amplifier (AMP) for
supplying an amplified first signal (DA2) to the first loudspeaker (L1) and an
amplified second s ignal (DB2) to the second loudspeaker (L2).

A sound system as claimed in claim 23, wherein a configuration of the first and
second loudspeaker (L1, L2) is reciprocal to a configuration of microphones as

claimed in claim 18.

A sound system as clai med in claim 1, wherein the first acoustic transducer
structure (SA) comprises at least one loudspeaker (C) and the second acoustic
transducer at least one microphone (MA, MA’, MB, MB’).

A sound system as claimed in claim 25, wherein the loudspeaker ( C) has a flat or
convex membrane, and wherein the second acoustic transducer comprise a
plurality of microphones (MA, MA’, MB, MB’) arranged and interconnected via a
phase-shifting network (1, 2, 3, 4, 5) to obtain a toroidal polar response pattern with
the second axis (VC) substantially in line with the first axis (VC).

A sound system as claimed in claim 1, wherein at least one of the first or second

transducer structures (SA, SB) is part of, or is build in, a wall or a ceiling.
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A multi-channel sound system comprising for at least two channels (S1, §2), a

sound system as claimed in claim 1.

A multi-channel sound system as claimed in claim 28, being a stereo system
comprising a left channel and a right channel, each comprising a first sound
system (S1) as claimed in claim1, and a second sound system (S2) as claimed in
claim 1, respectively, being laterally displaced and present at different sides of the
median plane (C3).

A multi-channel sound system as claimed in claim 29, wherein either the
corresponding first or second transducers structures (SA, SB) are identical and

have substantially oppositely directed first or second axes (VA, VB).

A multi-channel sound system as claimed in claim 30 wherein the corresponding
first or second transducers structures (SA, SB) with substantially oppositely
directed first or second axis (VA, VB) are pointing to each others acoustical centers
(AC, BC).

A multi-channel sound system as claimed in claim 23, wherein a signal for asub -

woofer channel is divided over the other loudspeakers (L1, L2).

A stand for use in the system as claimed in claim 7, the stand, when in use,
extending substantially in a vertical direction and having a first holder for holding
the first transducer structure (SA) with its first axis (VA) extending substantially
vertically and being directed towards a second holder for holding the second
transducer structure (SB) with its second axis (VB) extending substantially

horizontally.

A single encasing comprising the first and the second transducer structures (SA,
SB) as claimed in claim 1.

A storage medium (SB) comprising a first signal (DA1) and a second signal (DA2)
as defined in claim 22.
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36. A transmission signal comprising a first signal (DA1’) and a second signa | (DB1’)

as defined in claim 22.

5 37. A sound system comprising:

a loudspeaker (C) having a first axis (VC) extending in a maximum
directional sensitivity of its uni -axial polar response pattem,

a microphone arrangement (MA, MA’, MB, MB’) having a seco nd axis
(AX2) extending in a maximum directional sensitivity of its uni -axial polar response

10 pattern or being a rotational symmetry axis of its toroidal polar response pattern,

means for directing the loudspeaker (C) and the microphone arrangement
(MA, MA’, MB, MB’) to obtain an angle of 70 to 110 degrees between the first axis
(VC) and a plane perpendicular to the second axis (AX2).

15 38. A sound system as claimed in claim 37, wherein the loudspeaker (C) has
a flat or convex membrane, and wherein the secon d acoustic transducer comprise four
microphones arranged to obtain a toroidal polar response pattern with the second axis

(AX2) in line with the first axis (VC).
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