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Audio processing system

The present invention relates in general to an audio processing system,
especially suitable for presenting music and/or songs to an audience. More specifically, the
present invention relates to an audio processing system suitable for karaoke.

In the following, the phrase "driver" will be used for a device capable of
converting electric input power to output sound waves. In some conventions, such device is
also indicated as speaker or loudspeaker, but in the context of the present invention the
phrase "loudspeaker" will be used for an assembly comprising a housing or cabinet and one
or more drives mounted in said housing, while the phrase "speaker" will be used for a person,
such as for instance a person speaking, or singing, or playing an instrument; however, in
order to try to avoid misconception, usually the phrase "singer" will be used for such person.

Stereo audio processing systems for presenting sound or song to an audience
are generally known. Basically, such system comprises two or more loudspeakers driven by a
stereo amplifier device, which may receive a conventional audio signal from a conventional
source, such as a recording on CD. As is commonly known, stereo systems have a problem
relating to the fact that listeners are capable of perceiving a direction from which sounds
originates. In the case of two loudspeakers, a listener will perceive the sound as originating
from a virtual source having a virtual source location which depends on the location of the
listener. In a symmetric set-up, a listener positioned in a median plane with respect to said
loudspeakers will perceive the virtual source location at a central location between said two
loudspeakers. However, a listener positioned outside said median plane will perceive the
virtual source location as substantially coinciding with the location of the closest
loudspeaker.

The problem becomes somewhat more complicated if the audio source is
visible to the listeners. This applies in the case of an "imaged" audio source such as a
television screen, and also in the case of a "true" audio source such as a person carrying a
microphone, who may for instance be a speaker or a singer or a musician, and who is free to
move on a stage. Listeners will perceive the microphone-generated sound as originating from
a fixed virtual source location, which will be a fixed location in space, for instance coinciding

with the center between said two loudspeakers or substantially coinciding with the location of
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the closest loudspeaker. However, the speaker or singer may be moving on a stage or the like,
so that in general the physical location of the speaker or singer does not correspond to the
virtual source location as perceived by a listener. For such listener, the experience of seeing a
person in one location and perceiving his voice originating from another location is a strange
experience, lacking reality.

It is an objective of the present invention to solve or at least mitigate this
problem.

The problem becomes even more complicated if a plurality of independently
moving audio sources is visible to the listeners, for instance a group of singers and/or
musicians. Now, all sound seems to originate from one fixed virtual source location, whereas
the listener can see different persons at different locations.

It is an objective of the present invention to also solve or at least mitigate this
problem.

According to an important aspect of the present invention, an audio processing
system comprises actual source location detection means for generating a signal indicative of
the actual location of an audio source such as a speaker, and processing means responsive to
this detecting means to adapt the balance of the driving means for the loudspeakers such that
the virtual source location is shifted such as to substantially correspond to the speaker
location as detected.

In one specific embodiment, the actual source location detecting means
comprise a signal transmitter associated with the microphone or carried by the
speaker/singer. In this embodiment, the detection means may further comprise a system of
receivers adapted to receive the signal emitted by the sender, and a processor adapted to
combine the receiver signals such as to determine the sender location (for instance by
triangulation method).

In another, more sophisticated embodiment, the audio processing system is
adapted to generate a microphone-bearing signal, preferably having a frequency outside the
audible range, which microphone-bearing signal is picked-up by the microphone and sent
back to the audio processing system, which is capable of calculating the distance from the
microphone to each loudspeaker and hence to calculate the location of the microphone in
space with respect to the coordinate system as defined by the loudspeakers.

The problem as explained above already exists in the case of a speaker or
singer or musician speaking or singing or playing without background music. The problem is

even more complicated in the case of a singer or musician who is accompanied by
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(background) music. In such case, a listener should ideally perceive two virtual source
locations, one associated with the singer and one associated with the music. This music may
originate from a live instrument or live orchestra, having a fixed location on stage, but the
music may also originate from a sound carrier such as an audio disc, such as for instance in
the case of karaoke, in which case a virtual music source location is associated with the
recording. In conventional audio processing systems, no measures are taken to assure a
correct positioning of said two virtual source locations. Therefore, according to a further
important aspect, the present invention provides an audio processing system capable of
producing audio with one set of loudspeakers in such a way that two or even more virtual
source locations are generated, i.e. (at least) one virtual music source location and (at least)
one virtual singer source location , wherein the virtual music source location is a fixed
location independent from the actual singer location, and wherein the virtual singer source
location moves with the position of the singer as he moves around the stage. In an
embodiment, an audio system comprises at least two sound processing channels, a first
frequency channel substantially comprising music signals and a second channel substantially
comprising microphone signals. Audio signals within the first channel are treated such as to
result in a fixed virtual source location. In contrast, audio signals within the second channel
are treated such as to result in a variable source location corresponding to the variable singer
location.

Another problem relates to the speaker or singer himself. Since he can hear his
own voice being reproduced by the loudspeakers, he can be considered as being one of the
listeners, with the important difference that he will generally be located closer to the
loudspeakers than the actual audience. He also will perceive a virtual source location, but due
to his being close to the loudspeakers, the virtual source location as perceived by the singer
will typically coincide with the location of the closest loudspeaker.

The present invention also aims to provide a solution to this problem.

In one approach, the balance of the loudspeakers is adapted such that the
virtual singer source location as perceived by the singer is a fixed location, for instance
corresponding to the center C between the two loudspeakers, or, alternatively such that the
virtual singer source location as perceived by the singer is a variable location moving along
with the moving singer.

In another approach, the singer wears a set of earphones, and the balance of
signal supplied to the set of earphones is set such that the virtual singer source location as

perceived by the singer is a fixed location halfway the two earphones.
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These and other aspects, features and advantages of the present invention will
be further explained by the following description with reference to the drawings, in which
same reference numerals indicate same or similar parts, and in which:

Fig. 1 is a schematic top view of an arrangement of loudspeakers and listeners;

Fig. 2 is a schematic top view of an arrangement of loudspeakers and listeners,
for illustrating an adaptable virtual source location according to the invention;

Figs. 3A and 3B are schematical block diagrams illustrating microphone
location detection means;

Fig. 4 is a schematical block diagram illustrating an audio processing system;
and

Fig. 5 is a schematical block diagram illustrating another embodiment of an

audio processing system.

The present invention will first be explained for the case of one
speaker/singer/musician; later, the case of a plurality of speakers/singers/musicians will be
discussed.

Reference is made to Fig. 1, which schematically shows a sound producing
system 1 comprising an arrangement of two loudspeakers LSy, and LSy, arranged next to each
other, at a certain mutual distance. Herein, each loudspeaker may comprise one or more
individual drivers. A central location halfway between said two loudspeakers LSy and LSy is
indicated at C. A median plane between said two loudspeakers LSy, and L.Sg is indicated at
M. More specifically, the two loudspeakers LS, and LSg are placed in a symmetrical
arrangement with respect to this median plane M. The subscripts L and R denote left and
right, as seen by a listener. The figure shows a first listener L1 located in a position
coinciding with said median plane M, and a second listener L2 located besides the first
listener L1, at a certain distance from said median plane M.

The figure also shows radiation diagrams R1;, and R1y of said two
loudspeakers LSy, and LSg, respectively. A radiation diagram indicates the relative intensity
of sound generated by the corresponding loudspeaker into a certain direction, assuming that
all sound originates from one point Sy, Sg, respectively, which point is taken as origin of a

polar coordinate system. For instance, with respect to the left-hand loudspeaker LS;, a line
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through said point S;, parallel to said median plane M, is taken as X-axis in this coordinate
system. A position A in front of the left loudspeaker LSy is defined in polar coordinates r and
¢, wherein r is the distance |A-Sy| and wherein ¢ is the angle between the X-axis and the line
AS;.

The intensity of sound, generated by a loudspeaker into a direction ¢, is
indicated by the length of a line piece from said one originating point to the intersection with
the corresponding radiation diagram. For instance, the relative intensity of sound into the
direction of the first listener L1 is indicated by the length |Sp-By|. For calculating the absolute
intensity of sound received at the location of the first listener L1, it may be assumed that the
sound intensity decreases with the distance in a predetermined manner, typically with the
inverse square of the distance.

The shape of such radiation diagram represents a characteristic of the
loudspeaker in question. Normally, such diagram is symmetric with respect to ¢=0. By way
of example, for a case where the loudspeakers radiate in a uniform manner, the radiation
diagrams R1;, and R1g constitute a (part of a) circle.

As is well known, when the two loudspeakers produce the same (mono)
sound, a listener will perceive the sound as originating from a virtual source having a virtual
source location VSL which depends on the location of the listener. Assuming that the two
loudspeaker systems LSy and LSg have uniform radiation diagrams R1;, and Rlg, and that
they are driven in a symmetrical way, the first listener L1 will perceive the virtual source
location VSL at said central location C, whereas the second listener L2 will perceive the
virtual source location as substantially coinciding with the location of the closest
loudspeaker, i.e. the right-hand loudspeaker LSg in Fig. 1.

In the case of stereo music played by such audio system, the first listener L1
will perceive good stereo quality, involving a good separation between left-hand channel
sound and right-hand channel sound, whereas the second listener L2 will perceive all sound
as originating from the right-hand loudspeaker LSg, which seriously affects or even
eliminates the stereo perception.

This is mainly caused by two effects. First, the listener L2 receives sound from

the closest loudspeaker LSr earlier than the sound from the more remote loudspeaker LS.

Second, the listener L2 receives sound from the closest loudspeaker LSg with larger intensity
than the sound from the more remote loudspeaker LS.
The area in space where good stereo quality is perceived is indicated as the

"sweet spot". In the conventional setup described above, the sweet spot will more or less
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coincide with the median plane M. In an improved and preferred setup, the sweet spot is
broadened by using loudspeaker having a non-uniform radiation characteristic, such that the
sound intensity radiated towards the median plane is larger than the sound intensity radiated
in the direction ¢=0. This is schematically illustrated in Fig. 1 by radiation diagrams R2;, and
R2g, respectively.

Again, the two loudspeakers are arranged symmetrically, while further said
two non-uniform radiation characteristics are mutually mirror-symmetrical, so that the
situation does not change for listeners located along the median plane M.

Again, the second listener L2 receives sound from the closest loudspeaker LSg
earlier than the sound from the more remote loudspeaker LS;. However, the second listener
L2 receives sound from the closest loudspeaker LSg with relatively less intensity as
compared to the intensity of sound received from the more remote loudspeaker LSy. This
intensity difference can be more than 10 dB.

As is known per se, this intensity difference at the location of the second
listener L2 can counter-act the effect of the earlier arriving sound wave from the closest
loudspeaker, such that the listener 1.2 will also perceive a virtual source location at C. Thus,
effectively, the extent of the area (sweet spot) where all listeners will perceive the same
virtual source location has increased.

For a more detailed description of this known effect, indicated as
time/intensity trading, reference is made to the book "Spatial hearing: The Psychophysics of
Human Sound Localization" by J. Blauert, The MIT Press, 1983.

Fig. 1 also shows schematically a movable audio source, indicated at W,
which source is free to move on a stage, as indicated by arrows in an Y-direction. By way of
example, it will be assumed that this source W is a person, who may be speaking, singing, or
playing his instrument. Sound generated by this person W is picked up by a microphone 11
carried by this person W. As mentioned above, the audio signal produced by the microphone
is processed by the audio processing system, and sound is emitted from the loudspeakers LS,
and LSg. In a conventional system, the microphone signal Sy is treated as "normal" mono
signal, and is fed, after suitable amplification, to both loudspeakers LS. and LS in equal
intensities. As explained above, the listeners will perceive the microphone-generated sound
as originating from a fixed virtual source location VSL, which will be a fixed location in
space. However, the speaker or singer may be moving on a stage or the like, so that in
general the physical location of the speaker or singer W does not correspond to the virtual

source location VSL as perceived by a listener.
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In the present invention, a balance ratio parameter prr will be 'deﬁne(‘l as the
ratio Gi/Gg, wherein Gy, and Gg indicate the gain of the Ieft-hand audio channel and the
right-hand audio channel, respectively. More particularly, the balance ratio parameter prgr
may depend on signal frequency f. The balance ratio parameter p;r may be specified for a
certain frequency, which will be indicated as prr(f) = GL(f)/Gr(f). The balance ratio
parameter prr may also be specified as a substantially constant value for all frequencies
within a frequency range from a first frequency £l to a second frequency {2, which will be
indicated as

prr[fl;£2] = Gr[f1;£2)/Gg[f1;2].

In a normally balanced mode, the balance ratio pyr = 1; this means in practice
that, if a mono signal is received, this signal is applied to the left-hand loudspeaker and to the
right-hand loudspeaker with equal amplification. As explained above, this will lead to a
virtual source location VSL located at said center C, at least for listeners within the sweet
spot. The present invention is partly based on the understanding that the virtual source
location VSL can be shifted towards either loudspeaker by changing the balance ratio
parameter prg.

In the following, with reference to Fig. 2, a sound production system 2 in
accordance with the present invention will be described, which is capable of providing a
movable virtual source location. First, the invention will be explained for the case of only one
source. As will be explained, such sound production system 2 is particularly desirable in case
the source of the audio is mobile and visible to the listeners. Such sound production system is
already useful in the case of a relatively narrow sweet spot, but preferably it implements the
widened sweet spot technology as described above.

As illustrated in Fig. 2, the sound production system 2 comprises an
arrangement of two loudspeakers LSy and LSg, connected to loudspeaker outputs 17 and 18,
respectively, of an audio processing system 10. Fig. 2 further indicates a person W, equipped
with a microphone 11, who is free to move on a stage. The microphone 11 generates a
microphone signal Sy which is transferred, either through a wire-coupling or a wireless
coupling such as known per se, to a microphone input 16 of said audio processing system 10.
Said audio processing system 10 receives and processes the microphone signal Sy and drives
the loudspeakers LS and LSg accordingly. As explained above, listeners will perceive the
microphone sound as originating from a virtual source location. In accordance with the

present invention, said audio processing system 10 provides for an adaptive virtual singer
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source location AVSSL. More particularly, said audio processing system 10 is capable of
generating sound in such a way that the virtual source location as perceived by a listener
corresponds to the actual location of person W, as indicated in Fig. 2. Thus, if this person W
is moving, indeed, said audio processing system 10 controls its output signals to the
loudspeakers such that the adaptive virtual singer source location AVSSL is actually moving
along with said person W.

To this end, the audio processing system 10 according to the present invention
utilizes the effect that the virtual source location shifts towards the loudspeaker with the
highest sound intensity. Thus, in the case depicted in Fig. 2, where the person W is located
closer to the right-hand loudspeaker LSg, the audio processing system 10 according to the
present invention would generate its left-hand output drive signal at a lower magnitude than
its right-hand output drive signal. More particularly, the audio processing system 10
according to the present invention is adapted to change the balance ratio prr in accordance
with the actual location of person W.

It is noted that the audio processing system 10 may be used in combination
with various types of loudspeakers. Preferably, however, the loudspeakers are of a type
having an asymmetric radiation diagram R2L, R2R, as explained above with reference to
Fig. 1, such that the shifting of the virtual source location AVSSL will be perceived by all
listeners in relatively large sweet spot, while the shified virtual source location will be
approximately the same for all listeners in the increased sweet spot.

Ideally, the shifting of the virtual source location will be such that the shifted
virtual source location substantially coincides with the actual source location of person W. To
be able to do so, the audio processing system 10 needs to have information on the actual
source location. To this end, the audio processing system 10 is provided with actual source
location detection means 40.

In one embodiment, illustrated in Fig. 3A, such actual source location
detection means 40 comprise a transmitter 41 carried by the person W or, preferably,
associated with the microphone 11, and at least one receiver 42 coupled to the audio
processing system 10 for sending a receiver signal S42 to the audio processing system 10.
The transmitter 41 is adapted to emit a predefined signal S41, which is received by the
receiver 42. Said predefined signal S41 is such that the receiver 42, or alternatively the audio

processing system 10, is capable of calculating the actual location of the transmitter 41.
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There are various ways to implement this embodiment. For instance, the
transmitter 41 may be associated with a GPS module (not shown), and the predefined signal
S41 may actually communicate the GPS-coordinates to the audio processing system 10.

It is also possible that the system comprises an array of receivers 42 coupled to
the audio processing system 10, and that the transmitter 41 is adapted to emit a pulsed signal,
which may be a light signal or a radio signal but which preferably is a sound signal, more
preferably an ultrasound signal. When the emitted signal S41 is received by the receivers 42,
the times of arrival depend on the actual distances between the transmitter 41 and the
respective receivers 42. Thus, on the basis of one emitted signal pulse S41, the audio
processing system 10 will receive a plurality of receiver signals S42, the relative order and
time differences being representative for the actual location of the transmitter 41 with respect
to the receivers 42.

In another embodiment, illustrated in Fig. 3B, the audio processing system 10
is designed to generate predetermined microphone bearing signals S43 through the
loudspeakers LSy, and LSg, typically pulsed signals. Preferably, these location bearing signals
S43 are generated within a frequency range inaudible to the human ear but within the
capabilities of the loudspeakers and the microphone. The emitted signals S43 are picked up
by the microphone 11, the respective times of arrival depending on the actual distances
between the microphone 11 and the respective loudspeakers LSy and LSg. The signals S43 as
picked up by the microphone 11 are converted into electrical signals S44 and, as part of the
normal microphone signal Sy, are transmitted to the input 16 of the audio processing system
10 through the normal microphone channel 12 (which may be a wireless channel).

The signals S43 as emitted by the respective loudspeakers LSy, and LSy are
coded such as to make possible a distinction between the different loudspeakers. Thus, the
audio processing system will receive a plurality of microphone pickup signals S44;, and
S44g, arriving in a certain relative order and with a certain time difference. It is noted that the
audio processing system 10 is also aware of the emission times, and is consequently capable
of calculating traveling times. The audio processing system 10 is designed to filter out these
microphone pickup signals S44; and S44y and process them in order to calculate the actual
location of the detecting microphone 11 with respect to the respective locations of the
loudspeakers LSy, and LSg, on the basis of the respective traveling times of the microphone
pickup signals S44;, and S44g.

The coding of the microphone bearing signals S43 may be any suitable coding,

suitable for adequate distinction by the audio processing system 10. In one embodiment, the
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microphone bearing signals S43;, and S43g may be mutually identical but emitted at different
times for different loudspeakers. In this respect, the repetition time between successive
signals emitted from different loudspeakers may even be longer than the travelling and
processing time. In another embodiment, the microphone bearing signals S43;, and S43g may
comprise pulse trains having mutually different carrier frequencies. In another embodiment,
the microphone bearing signals S43;, and S43r may comprise pulse trains containing a pulse
width coding or a pulse distance coding.

A suitable coding is a coding of which the auto correlation function resembles
a pulse as much as possible, such as a Barker code. It is also possible to use pairs of codes,
such as for instance Golay codes; for more detailed information on Golay codes, reference is
made to the article "The Merit Factor Of Long Low Autocorrelation Binary Sequences” by
M.J.E. Golay in IEEE Transactions on Information Theory, (May 1982), vol.28, nr.3,
p.543-549.

In any case, the audio processing system 10 is adapted to derive, from the
signals S42 or S44 as received at its input 16, a signal or parameter value indicating the
actual source location of person W. Herein, the implementation of said signal or value is not
relevant: it may for instance be an analog value such as a voltage level, or alternatively it may
be a digital value. In this respect, it is noted that it is not specifically necessary to actually
calculate such location. It will be sufficient if the audio processing system 10 has access to a
relationship between on the one hand the received microphone signals S42 or S44 and on the
other hand an adequate balance 'ratio prr. This relationship may be stored in a memory 13
associated with the audio proce:ssing system 10, for instance in the form of a translation table.
In order to allow for different arrangements of the loudspeakers, it is preferred that the
relationship is adjustable, such that in a learning phase, for various microphone locations,
adequate control settings can be determined and stored in said memory.

Evidently, apart from the pickup signals S44, the microphone signal Sy also
contains sound signals, indicated as voice signals SV, to be processed by the audio
processing system 10 for reproduction through the loudspeakers LSy, and LSg, for which
purpose the audio processing system 10 generates loudspeaker drive signals SDy, and SDg,
respectively, at its outputs 17 and 18. Specifically, these loudspeaker drive signals SDy and
SDg, respectively, comprise individual drive signals for the individual drivers of the
loudspeakers. The audio processing system 10 is adapted to control the balance ratio prg of
the loudspeaker drive signals SD;, and SDx to the loudspeakers LSy, and LSg such that a

virtual spot location AVSSL will be perceived corresponding to the actual source location of
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person W as indicated by the received microphone signals S42 or S44. In the situation
illustrated in Fig. 2, where the singer W is closer to the right-hand loudspeaker LSg, the audio
processing system 10 will decrease the balance ratio pyg, either by a relative amplification of
the loudspeaker drive signals SDg to the right-hand loudspeaker LS, or by a relative
attenuation of the loudspeaker drive signals SDy. to the left-hand loudspeaker LSy, or both.

In the above, the present invention has been explained for the case of a listener
L1, L2 in an audience, i.e. at a relatively large distance from the loudspeakers. For such
listener, the invention provides in correlating the sound perception to the visual perception of
viewing the person W. However, a similar problem exists with respect to the person W
himself. This person W also is a listener in the sense that he will hear his own voice (or the
music produced by his instrument) being reproduced by the loudspeaker systems. However,
there are two important differences between the listener W and the listener L1, 1.2 in an
audience. A first important difference is the fact that the listener W is relatively close the
loudspeakers. A second important difference is the fact that the listener W has no visual
perception of viewing a singer. Therefore, the speaker/singer W suffers from the strange
perception of hearing his own voice (music) coming from outside himself, from a location
not coinciding with his own location. Typically, the speaker/singer W will hear his own voice
(music) as coming from a location (virtual source location) coinciding with the closest
loudspeaker, unless he is located in the median plane M.

In some cases, it may be desirable that this problem is solved for the
speaker/singer W instead of for the audience listeners L1, L2. It is noted that the technical
measures proposed for providing a singer-related solution are different from the technical
measures proposed for providing an audience-related solution, but it is noted that in both
cases the technical measures are based on the same inventive concepts. Further, an audio
processing system implementing the technical measures proposed for providing a singer-
related solution may be physically distinct from an audio processing system implementing
the technical measures proposed for providing an audience-related solution. However, in the
preferred embodiment shown, the audio processing system 10 comprises a selection switch
14, and the audio processing system 10 is responsive to a signal received from this switch 14
to operate either in an "audience" mode as described above, or in a "singer" mode as will be
discussed below.

Briefly stated, in the "singer" mode, the audio processing system 10 operates
oppositely with respect to the "audience" mode. As explained in the above, in the "audience"

mode the audio processing system 10 shifts the balance ratio pyr towards the loudspeaker
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(LSgR) closest to the speaker/singer W. In contrast, in the "singer" mode, the audio processing
system shifts the balance ratio prr towards the loudspeaker (LS;) which is the most remote
from the speaker/singer W. This balance shift may be such that the speaker/singer W
perceives a virtual source location independent of his actual location, such as for instance the
center C between the two loudspeakers. Preferably however, the balance shift is such that the
speaker/singer W perceives his own voice (music) as coming from his own location, i.e. an
adaptive virtual singer source location AVSSL coinciding with his actual location.

In both cases, the audio processing system needs to be provided with location
detection means in order to be able to calculate the required amount of balance shift. For
these location detection means, and the way in which a relation between detection signals and
balance shift is determined, the same applies as mentioned above with respect to the
"andience" mode.

In an alternative preferred embodiment, the audio processing system is capable
of solving the problem for the speaker/singer W as well as for the audience listeners 11, 12. In
this preferred embodiment, schematically illustrated in Fig. 3A, the speaker/singer W is
equipped with a headset 48 of earphones, and the audio processing system 10 has a further
output 19 coupled to a transmitter 47 for transmitting, preferably wireless, an output signal to
the headset 48. The selection switch 14 may be omitted in this case. With respect to its
outputs 17 and 18 driving the loudspeakers LSy and LSg, the audio processing system 10
operates in the "audience" mode as described above. With respect to its output 19, the audio
processing system 10 may operate in a mono mode, such that the speaker/singer W hears his
own voice with equal timing and equal intensity from the left-hand earphone and from the
right-hand earphone and will perceive his own voice as coming from his own location. In this
case, too, the virtual source location as perceived by the speaker/singer W moves along with
the actual source location, i.e. the actual location of the speaker/singer W.

It is noted that, in this embodiment, the transmitter 41 may be associated with
the headset 48 instead of the microphone 11.

In the above, the present invention has been explained with respect to a single
sound source, i.e. speaker/singer-generated signals only. This would apply, for instance, to a
speaker addressing an audience, or a singer singing without accompanying music, or a single
musician playing an instrument. The situation becomes more complicated in the case of two
or more sound sources. Several situations are conceivable.

In a first situation, there is only one sound signal from a moving source

(speaker/singer) and one or more signals from a stationary source, such as for instance in case
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of a singer being accompanied by music. The stationary source may be a live orchestra, or a
recording played from, for instance, CD. The recording may even comprise singing. In the
following, such stationary audio will be called "background"; in contrast, the audio produced
by the person W will be called "foreground".

In a second situation, there are two or more sound signals from moving
sources, such as for instance in case of two or more individual singers moving on stage
independently from each other. In this case, there may be stationary sources as well.

The present invention also provides solutions to these further complications.

Fig. 4 illustrates an embodiment of the audio processing system 10 comprising
an input 51 for receiving background signals, for instance from a CD player. It is assumed
that input 51 is a stereo input; therefore, two signal lines are shown. Although the audio
processing system 10 is capable of receiving foreground signals from a stereo microphone, it
is assumed here that microphone input 16 is a mono input; therefore, only one signal line is
shown.

The recorded background may comprise audio of the same nature as the
foreground. For instance, the person W may be a singer, and the recorded background may
comprise singing. In another example, the person W may be a musician such as a violin
player, and the recorded background may comprise violin music. In any case, the sound
signals corresponding to this background audio having the same nature as the foreground will
be indicated as "same nature background audio signals". If desired, these same nature
background audio signals may be suppressed by a band reject filter 52. A suitable frequency
range is, for example, 300 - 4500 Hz for the case of voice audio such as singing. Further, the
microphone signals received at microphone input 16 may contain background, for instance
because the microphone picks up the sound of an accompanying music band; if desired, these
background signals may be suppressed by an echo feedback suppressor 53 or, alternatively, a
band pass filter. In case the person W produces voice audio such as singing, a suitable
frequency range is, for example, 300 - 4500 Hz.

In case the person W plays an instrument, other frequency ranges may be set
in accordance with the typical frequency spectrum of such instrument, instead of the
frequency ranges mentioned above, as should be clear to a person skilled in the art.

The audio processing system 10 comprises music processing means 54 for
processing the background signals in a suitable manner; this background processing means
54 may be a conventional processing means, and is not discussed in great detail. The

background processing means 54 has outputs S6L and S6R (stereo).
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The aundio processing system 10 comprises foreground processing means 55
for processing the microphone signals (voice; music) in a suitable manner; this foreground
processing means 55 may be a conventional processing means, and is not discussed in great
detail. The foreground processing means 55 may have two different outputs 57L and 57R for
handling a stereo signal; however, in this embodiment, the foreground processing means 55
has one output 57.

The audio processing system 10 further comprises two controllable amplifiers
591, 59R, both having their input connected to the output 57 of the foreground processing
means 55. The audio processing system 10 comprises control means 60 generating control
signals to the controllable amplifiers 59L, 59R such as to set the gains Gsor, Gsor of said
controllable amplifiers 591, 59R in response to the microphone bearing signals S42 or S44,
the output signal from mode selection switch 14, and the information in memory 13, as will
be clear to a person skilled in the art, such as to produce weighted foreground signals Ss7.
and Ss7g. A first adder 61 has inputs connected to the left-hand output S6L of the background
processing means 54 and to the output of left-hand amplifier 59L, and has its output
connected to first output 17 to provide the left-hand loudspeaker drive signal SDy. A second
adder 62 has inputs connected to the right-hand output 56R of the background processing
means 54 and to the output of right-hand amplifier 59R, and has its output connected to
second output 18 to provide the right-hand loudspeaker drive signal SDr.

The ratio Gsor/Gsor of said two gains corresponds to the balance ratio prx.

The embodiment shown in Fig. 4 is also capable of providing a headset drive
signal SDy to a headset output 19. A third adder 63 has inputs connected to the output 57 of
the foreground processing means 55 and to the left-hand output 56L and the right-hand
output 56R of the background processing means 54. All these signals are added without
weighing. The mono signal at output 19 will generate a virtual source location between the
earphones of the headset 48.

Thus, the audio processing system 10 illustrated in Fig. 4 comprises at least
two signal processing paths for processing the movable microphone signals differently from
the stationary source signals. Fig. 5 schematically illustrates a more complicated embodiment
of audio processing system 10, capable of handling an arrangement of two or more movable
microphones. Generally, Fig. 5 is comparable to Fig. 4, but the filters 52, 53 and processing
units 54, 55 are omitted for sake of convenience. The audio processing system 10 has a
plurality of microphone input ports 16i (in the example shown: three), and separate signal

processing paths for each microphone signal, such signal processing path including
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controllable amplifiers 59Li and 59Ri. For controlling the gains of the controllable amplifiers
in each individual signal processing path, the audio processing system 10 will comprise
corresponding control units 60i, responsive to a corresponding microphone location detection
means (not shown). Thus, before being combined in adders 61 and 62, each microphone
signal is individually processed as described earlier, in correspondence with the actual
location of the corresponding microphone. In the overall signal as supplied to the
loudspeakers LSy and LSg, each microphone signal component is reproduced by the
loudspeakers LSy, and LSy such that a corresponding adaptive virtual singer source location
results, actually corresponding to the actual location of the corresponding singer.

In a preferred embodiment, the audio processing system 10 has a plurality of
headset outputs 19i, each for supplying a headset output signal SDHi to a headset to be used
by one respective singer. A processing unit 70 receives all weighted microphone signals
S57Li and S57Ri. All headset output signals may be mono, and may be identical to each
other. However, in a more sophisticated processing, the illusion of directivity regarding the
other singers is created in each headset output signal. To that end, all headset output signals
are preferably stereo. In respect of each headset output signal SDHi, the corresponding
weighted microphone signals S57Li and S57Ri are added and supplied in mono. Also,
possible background from background input 51 is supplied in mono. The microphone
components of the other singers may be supplied with such left/right weighing that virtual
source locations are perceived corresponding to the actual locations of the other singers.

It should be clear to a person skilled in the art that the present invention is not
limited to the exemplary embodiments discussed above, but that various variations and
modifications are possible within the protective scope of the invention as defined in the

appending claims.
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CLAIMS:

1. Sound producing system, comprising:

a microphone;

an audio processing system having a microphone input for receiving a
microphone signal from the microphone, the audio processing system further having
loudspeaker outputs for outputting loudspeaker drive signals reproducing at least part of the
microphone signal from the microphone;

wherein said audio processing system is adapted to generate said loudspeaker
drive signals with a certain adaptable balance ratio;

the sound producing system further comprising source location detection
means associated with the audio processing system for generating a location signal
representing the actual source location of the microphone;

wherein the audio processing system is responsive to the location signal

received from said source location detection means to amend the setting of said balance ratio.

2. Sound producing system according to claim 1, wherein the audio processing
system is associated with a memory containing information regarding a relationship between

on the one hand said location signal and on the other hand an adequate balance ratio.

3. Sound producing system according to claim 2, wherein said relationship is
adjustable.
4. Sound producing system according to any of claims 1-3, wherein said actual

source location detection means comprise:

a mobile transmitter to be carried by a microphone user, capable of emitting a
predefined signal;

and at least one receiver coupled to the audio processing system, each receiver
being capable of receiving said predefined signal and sending receiver signals to the audio

processing system,;
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wherein the audio processing system is adapted to derive a location
information from said receiver signals, for instance from the relative order and time

differences of said receiver signals obtained from a plurality of receivers.

5. Sound producing system according to claim 4, wherein said transmitter is

associated with the microphone.

6. Sound producing system according to claim 4, wherein said transmitter is

associated with a headset.

7. Sound producing system according to any of claims 1-3, further comprising a
set of loudspeakers, connected to said loudspeaker outputs, respectively, adapted to generate
sound in response to said loudspeaker drive signal;

wherein said audio processing system is designed to generate predetermined
microphone bearing signals through the loudspeakers;

and wherein said audio processing system is designed to derive a location
signal from the relative order and time differences of microphone pickup signals,

corresponding to the microphone bearing signals as emitted by the respective loudspeakers.

8. Sound producing system according to claim 7, wherein said location bearing

signals are generated within a frequency range inaudible to the human ear.

9. Sound producing system according to claim 7 or 8, wherein the audio
processing system is designed to take into account the emission time points of the

microphone bearing signals, and is capable of calculating traveling times.

10. Sound producing system according to any of claims 1-9, operable in an
audience mode, wherein the audio processing system is adapted to shift said balance ratio

towards a loudspeaker closest to the actual source location of the microphone.

11. Sound producing system according to claim 10, wherein the audio processing
system is adapted to amend the setting of said balance ratio such that an adaptive virtual

source location substantially corresponds with the actual source location of the microphone.
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12. Sound producing system according to any of claims 1-9, operable in a singer
mode, wherein the audio processing system is adapted to shift said balance ratio towards a

loudspeaker system most remote from the actual source location of the microphone.

13. Sound producing system according to claim 12, wherein the audio processing
system is adapted to amend the setting of said balance ratio such that an adaptive virtual spot
location, as perceived by a user of the microphone, substantially coincides with the actual

source location of the microphone.

14. Sound producing system according to claim 12, wherein the audio processing
system is adapted to amend the setting of said balance ratio such that a virtual spot location,
as perceived by a user of the microphone, substantially coincides with a substantially
constant location independent of the actual microphone location, such as for instance the

center between the two loudspeakers.

15. Sound producing system according to any of the previous claims 1-14, further
comprising a mode selection switch, the audio processing system being responsive to a signal

received from said switch to operate either in an "audience" mode or in a "singer" mode.

16. Sound producing system according to any of the previous claims 1-14,
wherein said audio processing system further comprises a headset output for outpuiting
headset drive output signals reproducing at least part of the microphone signal from the
microphone, and wherein the audio processing system is adapted to generate said headset
drive output signals with a constant setting of said balance ratio, or to supply mono output
signals to said headset output, such that a virtual spot location, as perceived by a user of the

headset, coincides substantially with the center between the headset earphones.

17. Sound producing system according to any of the previous claims 1-16,
comprising at least one microphone input and at least one background input for receiving
background signals;

the audio processing system having a first signal processing path for
processing any background signals received at said at least one background input, and for
generating loudspeaker drive signals corresponding to said background signals at a constant

first balance ratio;
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the audio processing system having a second signal processing path for
processing any microphone signals received at said at least one microphone input, and for
generating loudspeaker drive signals corresponding to said microphone signals at an
adaptable second balance ratio differing from the first balance ratio;

wherein the audio processing system is responsive to the location signal
received from the source location detection means to amend the setting of said second

balance ratio.

18. Sound producing system according to claim 17, further comprising a band
reject filter associated with the background input for suppressing foreground signals, wherein
the band reject filter has a reject band corresponding to the frequency range of said

foreground signals, for instance in the order of 300 - 4500 Hz.

19. Sound producing system according to claim 17 or 18, further comprising an
echo suppressor or a band pass filter associated with the microphone input for suppressing
background signals, wherein the suppressor or band pass filter preferably has a pass band
cotresponding to the frequency range of foreground signals, for instance in the order of
300 - 4500 Hz.

20. Sound producing system according to any of the previous claims 1-19,
comprising a plurality of microphone inputs and at least two source location detection means
corresponding to respective microphones;

the audio processing system having a plurality of signal processing paths for
processing respective microphone signals received at a respective one of said microphone
inputs; ‘

the audio processing system being adapted to generate loudspeaker drive
signals for said loudspeakers, the loudspeaker drive signals comprising a plurality of
loudspeaker drive signal components, each loudspeaker drive signal component
corresponding to a respective one of said microphone signals;

wherein said audio processing system is adapted to generate said loudspeaker
drive signal components at respective adaptable balance ratios;

the sound producing system further comprising source location detection
means associated with the audio processing system for generating respective location signals

representing the actual source locations of the respective microphones;
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wherein the audio processing system is responsive to said location signals

received from said source location detection means to amend the settings of said balance

ratios.

21. Sound producing system according to claim 20, wherein the audio processing
system is adapted to amend the settings of said balance ratios such that respective adaptive
virtual source locations substantially correspond with the respective actual source locations

of the respective microphones.
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