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(54) METHOD AND SYSTEM FOR FEEDBACK CANCELLATION

(67)  Thereis provided a of providing hearing assist-
ance, comprising: capturing an audio signal (30) by a
microphone arrangement (31, 32); processing the cap-
tured audio signal to generate a first processed audio
signal (83) and a second processed audio signal, em-
bedding afirstwatermark signal (92)in the first processed
audio signal to generate a first output signal (93), em-
bedding a second watermark signal to the second proc-
essed audio signal to generate a second output signal,
reproducing the first output signal by a first loudspeaker
(21), and reproducing the second output signal by a sec-
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ond loudspeaker (22). The first and second watermark
signals are inaudible and distinct in a manner so as to
allow to individually identify the first loudspeaker and the
second loudspeaker, respectively. The captured audio
signal or an intermediate audio signal obtained during
the processing of the captured audio signal is analyzed
so as to detect the first and second watermark signals.
The result (55) of said watermark analysis is used for
control of the processing of the captured audio signal so
as to reduce feedback.
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Description

[0001] The invention relates to a method and a system
for providing hearing assistance, wherein a microphone
arrangement is provided for capturing an audio signal
which is processed and then reproduced by a first and a
second loudspeaker. For example, such system may be
used for amplifying the voice of a speaker for an audience
in a room.

[0002] Depending on the location of the loudspeakers
and the microphone arrangement, as well as the system
gain, room acoustics and other parameters, acoustic
feedback may occur. Having feedback in such a system
limits its performance and is inconvenient for people in
the room.

[0003] Various approaches for feedback cancellation
are known in the art. For example, some systems use
tone detection to detect feedback. However, if an audio
source outside the feedback loop is providing a constant
tone, the system may falsely qualify it as feedback. Some
systems require calibration or predefined locations,
where the microphones and audio sources cannot freely
move, to avoid feedback. Some systems significantly
modify the audio signal, for example using frequency
shifting, resulting in an audible signal degradation.
[0004] EP 2574082 A1 relates to method for feedback
cancellation where an adaptive filtering method is applied
via injection of an inaudible probe signal into the proc-
essed microphone signal supplied to the loudspeaker so
as to embed the inaudible probe signal into the loud-
speaker output, which can be detected in the signal cap-
tured by the microphone.

[0005] EP 4047 956 A1 relates to a feedback system
for a hearing aid using feedback path estimation, wherein
an inaudible probe signal may be added to the signal
reproduced by the hearing aid loudspeaker.

[0006] EP 2276272 A1, relates to a hearing aid which
may use several feedback suppression methods, where-
in a single method is applied at a time and wherein the
selection may be based on a minimization of a watermark
signal added to microphone signal reproduced by the
hearing aid loudspeaker.

[0007] The paper "Watermark driven Acoustic Echo
Cancellation", by S. Djaziri-Larbi etal., [IEEE/ACM Trans-
actions on Audio, Speech and Language Processing,
2018 (https://hal.archives-ouvertes.fr/hal-
02520552/document) describes several methods to im-
prove a standard echo cancelling technique by embed-
ding a watermark in the audio input signal at the far-end.
[0008] EP 2 899 997 A1 relates to a method for cali-
brating a multi-loudspeaker sound system by assigning
individual audio watermarks to individual speakers. EP
2 899 720 A1 relates a method of determining the posi-
tions of loudspeakers in a room by assigning individual
audio watermarks to individual speakers. EP 2 899 987
A1 relates to a method of synchronizing reproduction of
audio content by multiple loudspeakers utilizing audio
watermarks.
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[0009] Itis an object of the invention to provide a hear-
ing assistance method and system, wherein feedback
can be avoided in a user friendly and efficient manner.
[0010] According to the invention, these objects are
achieved by a method as defined in claim 1 and a system
as defined in claim 15, respectively.

[0011] Theinventionis beneficial inthat, by embedding
anindividual acoustic watermarkin the signal reproduced
by each of the loudspeaker, individual feedback loops
can be detected and controlled in a manner, so as allow
for a particular precise and reliable feedback control,
without degradation of the sound reproduced by the loud-
speaker and without limitations of the positions and
movements of the microphone arrangement and the
loudspeakers.

[0012] Preferred embodiments of the invention are de-
fined in the dependent claims.

[0013] According to one example, the first and second
watermark signals may be spread over multiple frequen-
cy bins of the first and second output signals, respective-
ly, so as to reduce the watermark signal power per fre-
quency bin.

[0014] According to one example, the spectrum of the
firstand second watermark signals may be below a mask-
ing threshold as determined by a psychoacoustic model.
[0015] According to one example, the processing of
the captured audio signal may comprise pre-processing
of the captured audio signal by the microphone arrange-
ment so as to generate at least one pre-processed audio
signal which is further processed for generating the first
and second processed audio signals. In particular, the
result of the watermark analysis may be used for control
of the pre-processing of the captured audio signal.
[0016] Forexample,the microphone arrangement may
comprise a plurality of microphones for implementing
acoustic beamforming as part of the pre-processing of
the captured audio signal, wherein the result of the wa-
termark analysis may be used for control of the beam-
forming. In particular, the captured audio signal may be
split, by the beamforming, into a plurality of sector signals,
each being representative for a certain angular sector,
wherein each sector signal may be analyzed individually
for detecting watermark signals.

[0017] For example, in the pre-processing of the cap-
tured audio signal a sector signal of an angular sector
for which a critical feedback condition is determined from
a detected watermark signal may be muted.

[0018] Alternatively, in the pre-processing of the cap-
tured audio signal the gain applied to a sector signal of
an angular sector for which a critical feedback condition
is determined from a detected watermark signal may be
reduced relative to angular sectors for which no critical
feedback condition is determined.

[0019] According to a further alternative, in the pre-
processing of the captured audio signal a transfer func-
tion applied to a sector signal of an angular sector for
which a critical feedback condition is determined from a
detected watermark signal may be modified relative to
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transfer functions applied to angular sectors for which no
critical feedback condition is determined.

[0020] For example, in the pre-processing of the cap-
tured audio signal a speech enhancement algorithm may
be applied to sector signals of angular sectors for which
no critical feedback condition is determined.

[0021] For example, the pre-processing of the cap-
tured audio signal may include individual pre-processing
of the sector signals, wherein the sector signals may be
mixed after pre-processing, so as to form a single pre-
processed audio signal for further processing for gener-
ating the first and second processed audio signals.
[0022] For example, the at least one pre-processed
audio signal may be supplied to both the first and the
second loudspeaker, where it may be further processed
to generate the first and second processed audio signal,
respectively, by using the result of the watermark analy-
sis. In particular, a gain and/or a transfer function de-
pending on the result of the watermark analysis may be
applied to the at least pre-processed audio signal by the
first loudspeaker and by the second loudspeaker to gen-
erate the first processed audio signal and the second
processed audio signal, respectively.

[0023] For example, the analyzing of the captured au-
dio signal or the intermediate audio signal so as to detect
the first and second watermark signals may be carried
out by the microphone arrangement, wherein the result
of the analysis may be communicated from the micro-
phone arrangement to the first and second loudspeaker.
[0024] According to one example, the embedding of
the first watermark signal to the first processed audio
signal nay be carried out by the firstloudspeaker, wherein
the embedding of the second watermark signal to the
second processed audio signal may be carried out by
the second loudspeaker.

[0025] According to one example, when analyzing the
captured audio signal or the intermediate audio signal,
an intensity and/or a power spectral density of the first
and second watermark signals in the captured audio sig-
nal or in the intermediate audio signal, respectively, may
be determined and may be used for control of the
processing of the captured audio signal so as to reduce
feedback.

[0026] Accordingtoone example, the firstloudspeaker
may transmit the first watermark signal to the microphone
arrangement and the second loudspeaker may transmit
the second watermark signal to the microphone arrange-
ment so as to allow the microphone arrangement to iden-
tify the respective loudspeaker contribution in the cap-
tured audio signal.

[0027] Accordingto one example, the method may fur-
ther comprise:

capturing a second audio signal by a second micro-
phone arrangement;

processing the second captured audio signal to gen-
erate a third processed audio signal and a fourth

10

15

20

25

30

35

40

45

50

55

processed audio signal;

adding the third processed audio signal to the first
processed audio signal when generating the first out-
put signal; and

adding the fourth processed audio signal to the sec-
ond processed audio signal when generating the
second output signal;

wherein the second captured audio signal or an in-
termediate audio signal obtained during the process-
ing of the second captured audio signal is analyzed
so as to detect the first and second watermark sig-
nals, and wherein the result of said watermark anal-
ysis is used for control of the processing of the sec-
ond captured audio signal so as to reduce feedback.

[0028] According to one example, the at least one pre-
processed audio signal may be supplied to the first loud-
speakerand second loudspeaker via a wireless link, such
as a Bluetooth LE Audio link, or via a cable connection.
[0029] According to one example, the microphone ar-
rangement may be a table microphone, a lapel micro-
phone, a hand-held microphone, a lanyard microphone
or a network of multiple microphones.

[0030] Hereinafter, examples of the invention will be
illustrated by reference to the attached drawings, where-
in:
Fig. 1 is a schematic illustration of an example of a
hearing assistance system according to the in-
vention with a simple microphone arrangement;
Fig.2 is a schematic illustration of another example
of a hearing assistance system according to the
invention with a beamformer microphone ar-
rangement;

Fig. 3 is a schematic illustration of an example of the
signal processing in one of the two feedback
loops in Fig. 1;

Fig.4 is a schematic illustration of an example of the
signal processing in one of the two feedback
loops in Fig. 2;

Fig. 5 is a schematic illustration of an example of the
signal processing in a microphone arrange-
ment to be used with the invention;

Fig. 6 is a schematic illustration of an example of the
signal processing in a loudspeaker to be used
with the invention; and

Fig. 7 is a schematic illustration of an example of a
hearing assistance system according to the in-
vention with two microphone arrangements.
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[0031] A "microphone arrangement” as used hereinaf-
ter may comprise a single physical microphone (input
transducer) or a plurality of spaced apart physical micro-
phones allowing acoustic beamforming. In addition to the
input transducer(s) the microphone arrangement may in-
clude signal processing capabilities allowing for audio
signal (pre-)processing and/or signal analyzing capabil-
ities, such as to detect watermark signals in the captured
audio signal. Further, the microphone arrangement may
include an appropriate interface for a wireless or wired
connection for communicating with loudspeakers, such
as a Bluetooth interface.

[0032] A "loudspeaker" as used hereinafter comprises
a physical output transducer for generating sound from
an audio signal; in addition, it may include signal process-
ing capabilities allowing for audio signal processing, such
as applying gain and/or a transfer function to the audio
signal and/or embedding a watermark signal in the audio
signal. While typically each loudspeaker will be provided
with its own housing, in principle two or more loudspeak-
ers also may share acommon housing. Further, the loud-
speaker may include an appropriate interface for a wire-
less or wired connection for communicating with a micro-
phone arrangement, such as a Bluetooth interface.
[0033] An "intermediate audio signal" as used herein-
after is an audio signal obtained during processing of the
audio signal captured by the microphone arrangement,
i.e., the "intermediate audio signal" is an audio signal
which has not yet been fully or completely processed.
For example, the "intermediate audio signal" may be the
result of a pre-processing step included within the full
processing.

[0034] Schematic examples of a hearing assistance
system 10 comprising a microphone arrangement 31
connected to a first loudspeaker 21 and a second loud-
speaker 22 are illustrated in Figs. 1 and 2. The micro-
phone arrangement 31 is provided for capturing the voice
of aspeaking person 41, wherein the respective captured
audio signal is amplified and reproduced by the loud-
speakers 21, 22 to assist other persons (not shown) in
listening to the speaking person 41. Since the micro-
phone arrangement 31 and the two loudspeakers 21, 22
are located in the same room, the microphone arrange-
ment 31 may - inadvertently - capture sound 23, 24 re-
produced by the loudspeakers 21, 22, so that under cer-
tain conditions, in particular when the gain applied to the
signal captured by the microphone arrangement 31 is
too high, acoustic feedback may occur, resulting in un-
pleasant feedback noise.

[0035] Feedback issues may be avoided by embed-
ding inaudible acoustic watermarks in the audio signal
reproduced by the loudspeakers 21, 22, wherein each
loudspeaker 21, 22 uses its own individual watermark
signal, so that the respective watermark signal is also
present in the audio signal captured by the microphone
arrangement 31 from sound reproduced by the respec-
tive loudspeaker 21, 22. The presence - and strength -
of the watermark signal can be detected by analyzing the
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audio signal captured by the microphone arrangement
31 (such analysis may be based on the audio signal "as
captured" or e.g. after some pre-processing of the cap-
tured audio signal), and the result of such watermark
analysis can be used for control of the processing of the
audio signals captured by the microphone arrangement
31 prior to reproduction of the processed audio signals
by the respective loudspeaker 21, 22, so as to reduce or
eliminate feedback. Each loudspeaker 21, 22 may trans-
mit once its individual watermark signal to the micro-
phone arrangement 31, so that the microphone arrange-
ment 31 can find and recognize the respective individual
watermark signal and associate it with respective loud-
speaker 21, 22.

[0036] Through the use of individual watermarks sig-
nals, it is possible to detect individual feedback loops by
measuring the intensity of the watermark signal as re-
ceived by the microphone arrangement 31. In addition,
other properties of the received watermark signal may
be extracted, such as power spectral density for the steer-
ing of pre-processing and post-processing algorithms
(gains, transfer functions, equalisations, adaptive filters,
etc. ).

[0037] Usingaunique watermarkforeachloudspeaker
of the system allows to precisely detect different feed-
back loops and handle them separately. For example,
anti-feedback measures, like reducing gain, may be ap-
plied on the critical path only (e.g., to the audio signal
reproduced by the first loudspeaker 21), without affecting
the rest of the system (e.g., the audio signal reproduced
by the second loudspeaker 22).

[0038] Examples ofthe signal processingin such hear-
ing assistance systems, like that of Fig. 1, are illustrated
in Figs. 3, 5 and 6.

[0039] The microphone arrangement 31 picks up an
audio signal 30 primarily from the voice of a speaking
person 41, but in addition there may be contribution from
one or both loudspeakers 21, 22 of the systems (cf. loud-
speaker 21 in Fig. 3), and from other sources (e.g. noise
from the audience or other noise sources).

[0040] The picked up signal, i.e. the audio signal 30
captured by the microphone arrangement 31, is analysed
for watermark signals (see box 50 in Figs. 3 and 5). The
result of this analysis, which may be, for example, an
intensity and/or a power spectral density of each individ-
ual watermark signal or just an indication that the intensity
and/or a power spectral density of an individual water-
mark signal is below or above a critical feedback thresh-
old may be used in the processing of the captured audio
signal 30 in a manner so as to reduce or eliminate feed-
back. To this end, the result of the watermark analysis
may be distributed as metadata 55, together with the cap-
tured - and optionally pre-processed - audio signal 33 to
all loudspeakers 21, 22. For example, the microphone
arrangement 31 may provide metadata like "feedback
from loudspeaker with ID ’'L1'", "feedback from loud-
speaker with ID ’L2’ " or "no feedback". The metadata 55
also may be distributed to all microphone arrangements
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(an example with two separate microphone arrange-
ments 31, 32 is illustrated in Fig. 7).

[0041] As illustrated in Figs. 3 and 5, there may be
some pre-processing of the audio signal 30 captured by
the microphone arrangement 31, such as acousticbeam-
forming (which will be discussed in more detail with re-
gard to the example of Figs. 2 and 4 below), as indicated
at 70 in Figs. 3 and 5. The result of watermark analysis
may be used for controlling such audio signal pre-
processing (as indicated by a control unit 60 in Fig. 5).
[0042] The microphone arrangement 31 provides the
pre-processed audio signal 33 as an audio input to the
loudspeakers 21, 22, where pre-processed audio signal
33 is further processed as indicated at 80, with the meta-
data 55 concerning the result of the watermark analysis
provided by the microphone arrangement 31 being used
for controlling the further audio signal processing in a
manner so as to prevent conditions for a critical feedback
loop. This may include, in particular, an appropriate set-
ting of the gains and/or the transfer function applied to
the audio signals at 80. For example, the gain may be
reduced in case that the respective loudspeaker has
been identified as being critical by the watermark analy-
sis. Once the further processing of the audio input 33,
potentially including post-processing, such as sound
cleaning (noise reduction algorithms like noise cancel-
lers) and gain adjustment (applying a Gain Model which
adjusts the output signal level with regard to speech level
and ambient noise level), at 80 has been finished, result-
ing in a processed audio signal 83, a watermark signal
92 specific for the respective loudspeaker 21 or 22 may
be embedded in the processed audio signal 83 at 90 so
astogenerate an audio output signal 93 to be reproduced
by the respective loudspeaker 21 or 22.

[0043] As illustrated in Figs. 2 and 4, the microphone
arrangement 31 may comprise multiple physical micro-
phones 31A, 31B, 31C, allowing the creation of beams
in a pre-processing stage 70, wherein the result of the
watermark analysis may be used for control of the beam-
forming.

[0044] By the beamforming the captured audio signal
30 may be split into a plurality of sector signals, each
being representative for a certain angular sector B1, B2,
B3, ...Bx, wherein each sector signal may be analyzed
individually for detecting watermark signals, i.e., the de-
tection of watermarks can then be applied to each beam-
signal. The watermark analysis is indicated in Fig. 4 at
50, where the watermark analysis is based on an audio
signal which has already been pre-processed at 70 and
hence may be considered as an "intermediate audio sig-
nal" which is neither "as captured" nor fully processed
(full processing may change the captured audio signal
to an extent that no meaningful watermark analysis is
possible).

[0045] For example, a sector signal of an angular sec-
tor for which a critical feedback condition is determined
from a detected watermark signal may be muted. In other
words, this gives the possibility to mute a beam-signal
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where the coupling with the loudspeaker is strong (and
therefore might cause feedback).

[0046] Alternatively, the gain applied to a sector signal
of an angular sectorforwhich a critical feedback condition
is determined from a detected watermark signal may be
reduced relative to angular sectors for which no critical
feedback condition is determined. According to a further
alternative, a transfer function applied to a sector signal
of an angular sectorforwhich a critical feedback condition
is determined from a detected watermark signal may be
modified relative to transfer functions applied to angular
sectors for which no critical feedback condition is deter-
mined. In other words, it would also be possible to adapt
audio parameters of a single beam-signal such as gain
or transfer function.

[0047] According to a further example, in the pre-
processing of the captured audio signal a speech en-
hancement algorithm may be applied to sector signals
of angular sectors for which no critical feedback condition
is determined. In other words, beam-signals for which
there is only a weak coupling can be further processed
in post-processing to e.g. highlight speech. According to
one example, the pre-processing of the captured audio
signal may include individual pre-processing of the sector
signals, wherein the sector signals are mixed after pre-
processing, so as to form a single pre-processed audio
signal 33 for further processing for generating the proc-
essed audio signal(s) 83. In other words, the beam-sig-
nals can then be again mixed together, before embed-
ding the watermark and feeding the output signal 93 to
the respective speaker 21, 22.

[0048] For example, in the configuration illustrated in
Figs. 2 and 4, the microphone arrangement 31 picks up
the voice 40 of the speaking person 41 on beam /angular
sector B2. The audio signal captured by the microphone
arrangement 31 is processed, e.g., amplified, and then
rendered on both loudspeakers 21 and 22. Eventually a
feedback loop may take place between the loudspeaker
21 and beam/angular sector B3 which picks up sound 23
produced by the loudspeaker 21. In this case, feedback
conditions are detected by the microphone 31 by finding
a critical level of the watermark signal associated with
the loudspeaker 21 in the beam B3, and the loudspeaker
21 can reduce the gain applied to its audio input signal
33 below the feedback threshold, while audio signal cap-
tured from the voice 40 can be still fully rendered by the
loudspeaker 22 as long as no feedback conditions are
detected in the loop formed by the loudspeaker 22 and
the beam B1.

[0049] As an alternative to reducing the gain applied
to the audio signals rendered by the respective loud-
speaker, the microphone arrangement 31 may mute or
attenuate the respective beam involved in the feedback
loop. Hence, in the above example, the microphone ar-
rangement 31 may mute or attenuate the beam B3 in its
pre-processed audio signal 33 supplied to the loudspeak-
ers 21 and 22.

[0050] As afurther alternative, both measures may be
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combined, i.e., the critical beam may be attenuated and
the gain applied by the critical loudspeaker may be re-
duced, or, if both loudspeakers 21, 22 are found to be
critical, in one of them the gain may be reduced and in
for the other one the respective beam may be muted or
attenuated.

[0051] Finally, the individual audio signals correspond-
ing to the various beams B1, .., Bx may be mixed, as
indicated at 85 in Fig. 4, before the watermark signal is
embedded at 90. The individual beam signals may be
mixed before being supplied to the loudspeakers 21, 22,
or they may be supplied to the loudspeakers 21, 22 sep-
arately so that the beam signals may be further proc-
essed by the loudspeaker 21, 22 before being mixed.
[0052] As already mentioned above, the microphone
arrangement may be formed by single physical micro-
phone or by an arrangement of multiple microphones
(such microphones 31A, 31B, 31C) with applied
(pre-)processing (e.g. beamforming). The microphone
arrangement may be designed, for example, as a table
microphone, a lapel or lanyard microphone or a hand-
held microphone, or it may form part of a network of mul-
tiple microphones (as illustrated in Fig. 7). In general, the
microphone arrangement may be used in a stationary
manner or it may be moved around in the room.

[0053] In the example of Fig. 7, a second microphone
arrangement 32 is provided in addition to the microphone
arrangement 31, e.g. for capturing the voice 43 a second
speaking person 42. The second microphone arrange-
ment 32 may work in a manner analogous to the micro-
phone arrangement 31 and it may supply its - eventually
per-processed out signal 35 to both loudspeakers 21, 22,
where it may be mixed with the output signal provided
by the microphone arrangement 31 prior to reproduction
by the respective loudspeaker 21, 22 (the respective
loudspeaker's watermark signal of course also will be
embedded prior to reproduction of the combined signal).
The two microphone arrangements 31, 32 may commu-
nicate with each other concerning the detected water-
marks, e.g., they may exchange the respective metadata
supplied to the loudspeakers 21, 22.

[0054] In case multiple distinct microphone signals are
available, the proposed method may be applied to each
signal in each device (loudspeakers, table microphones,
hand-held microphones and lanyard microphones)in the
network.

[0055] Each device (microphone arrangement(s) and
loudspeakers) may have its own signal processing unit,
so that feedback loops can be handled independent of
each other. Processing can be done on the microphone
arrangement, on the loudspeakers or shared on the mi-
crophone arrangement and the loudspeakers.

[0056] Devices which have access to multiple micro-
phone signals may perform mixing of the audio data after
watermark detection and before feeding the audio to the
output.

[0057] Itis noted that in some cases it may be useful
to embed a watermark signal allowing to identify the re-
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spective microphone arrangement to the audio signal
captured by that microphone arrangement so that the
loudspeakers and/or another microphone arrangement
may recognize the origin of the respective audio signal
and use that information in the signal processing.
[0058] The microphone arrangement(s) may be con-
nected with the loudspeaker by wires or by a wireless
link which may be based, for example, on a proprietary
protocol or standard protocol, such as Bluetooth stand-
ard, in particular Bluetooth Low Energy or Bluetooth Low
Energy Audio.

[0059] There are many different ways of embedding
watermarks in an audio signal. Depending on the system
it may be needed to use a different way of implementing
a watermark to allow a proper detection. The watermark
signal may or may not be dependent on the audio signal.
An overview of audio watermarking techniques is found,
forexample, in *S.P.S. Chauhan and S.A.M. Rizvi"A sur-
vey: Digital Audio Watermarking Techniques and Appli-
cations", ICCCT, 2013.

[0060] While watermarking usually is used for identi-
fying the content and origin of a signal for copyright pro-
tection (for example, for music or video content), in the
present case watermarking is used for a different purpose
which is to individually identify the audio source rendering
the signal. In other words, watermarking here is used for
discriminating sounds coming from a certain loudspeaker
from other acoustic sources such as people voices and
room sounds and other loudspeakers.

[0061] Thus, the information to be conveyed in the wa-
termark can be limited to device (i.e., loudspeaker) iden-
tification. Therefore the amount of data to be detected is
very limited which may allow to make use of extra redun-
dancy for improving detection sensitivity. Depending on
the transmission protocol employed, robustness against
data compression may not be required, allowing the us-
age of psychoacoustic effects, such as the masking ef-
fect, to embed inaudible digital identification data.
[0062] For example, the watermark signal may be
spread over multiple frequency bins of the audio signal,
respectively, so as to reduce the watermark signal power
per frequency bin to render it inaudible. According to an-
other example, the spectrum of the watermark signal may
be selected to be below the masking threshold as deter-
mined by a psychoacoustic model.

Claims

1. A method of providing hearing assistance, compris-
ing:

capturing an audio signal (30) by a microphone
arrangement (31, 32);

processing the captured audio signal to gener-
ate afirst processed audio signal (83) and a sec-
ond processed audio signal,

embedding a first watermark signal (92) in the
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first processed audio signal to generate a first
output signal (93),

embedding a second watermark signal to the
second processed audio signal to generate a
second output signal,

reproducing the first output signal by a first loud-
speaker (21), and

reproducing the second output signal by a sec-
ond loudspeaker (22),

wherein the first and second watermark signals
are inaudible and distinct in a manner so as to
allow to individually identify the firstloudspeaker
and the second loudspeaker, respectively,
wherein the captured audio signal or an inter-
mediate audio signal obtained during the
processing of the captured audio signal is ana-
lyzed so as to detect the first and second water-
mark signals, and wherein the result (55) of said
watermark analysis is used for control of the
processing of the captured audio signal so as to
reduce feedback.

The method of claim 1, wherein the processing of
the captured audio signal (30) comprises pre-
processing of the captured audio signal by the mi-
crophone arrangement so as to generate at least
one pre-processed audio signal (33) which is further
processed for generating the first and second proc-
essed audio signals (83).

The method of claim 2, wherein the result (55) of the
watermark analysis is used for control of the pre-
processing of the captured audio signal (30).

The method of claim 3, wherein the microphone ar-
rangement (31, 32) comprises a plurality of micro-
phones (31A, 31B, 31C) for implementing acoustic
beamforming as part of the pre-processing of the
captured audio signal (30), and wherein the result
(55) of the watermark analysis is used for control of
the beamforming.

The method of claim 4, wherein the captured audio
signal (30) is split, by the beamforming, into a plu-
rality of sector signals (B1, .., Bx), each being rep-
resentative for a certain angular sector, and wherein
each sector signal is analyzed individually for detect-
ing watermark signals (92).

The method of claim 5, whereinin the pre-processing
of the captured audio signal (30) a sector signal (B1,
.., Bx) of an angular sector for which a critical feed-
back condition is determined from a detected water-
mark signal (92) is muted, wherein in the pre-
processing of the captured audio signal (30) the gain
applied to a sector signal (B1, .., Bx) of an angular
sector for which a critical feedback condition is de-
termined from a detected watermark signal (92) is
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reduced relative to angular sectors for which no crit-
ical feedback condition is determined, or wherein in
the pre-processing of the captured audio signal (30)
a transfer function applied to a sector signal of an
angular sector for which a critical feedback condition
is determined from a detected watermark signal (92)
is modified relative to transfer functions applied to
angular sectors for which no critical feedback con-
dition is determined.

The method of one of claims 5 and 6, wherein the
pre-processing of the captured audio signal (30) in-
cludes individual pre-processing of the sector sig-
nals (B1, .., Bx), and wherein the sector signals are
mixed after pre-processing, so as to form a single
pre-processed audio signal (33) for further process-
ing for generating the first and second processed
audio signals (83).

The method of one of claims 2 to 7, wherein the at
least one pre-processed audio signal (33) is supplied
to both the first and the second loudspeaker (21, 22),
where itis further processed to generate the firstand
second processed audio signal (83), respectively,
by using the result (55) of the watermark analysis.

The method of claim 8, wherein a gain and/or a trans-
fer function depending on the result (55) of the wa-
termark analysis are applied to the at least pre-proc-
essed audio signal (33) by the first loudspeaker (21)
and by the second loudspeaker (22) to generate the
first processed audio signal and the second proc-
essed audio signal (83), respectively.

The method of one of claims 2 to 9, wherein the an-
alyzing of the captured audio signal (30) or the inter-
mediate audio signal so as to detect the first and
second watermark signals (92) is carried out by the
microphone arrangement (31, 32), and wherein the
result (55) of the analysis is communicated from the
microphone arrangement to the first and second
loudspeaker (21, 22).

The method of one of the preceding claims, wherein
the embedding of the first watermark signal (92) to
the first processed audio signal (83) is carried out by
the first loudspeaker (21), and wherein the embed-
ding of the second watermark signal to the second
processed audio signal is carried out by the second
loudspeaker (22).

The method of one of the preceding claims, wherein
when analyzing the captured audio signal (30) or the
intermediate audio signal an intensity and/or a power
spectral density of the first and second watermark
signals (92) in the captured audio signal or in the
intermediate audio signal, respectively, is deter-
mined and is used for control of the processing of
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the captured audio signal so as to reduce feedback.

The method of one of the preceding claims, wherein
the first loudspeaker (21) transmits the first water-
mark signal to the microphone arrangement (31, 32)
and the second loudspeaker (22) transmits the sec-
ond watermark signal to the microphone arrange-
ment so as to allow the microphone arrangement to
identify the respective loudspeaker contribution in
the captured audio signal (30).

The method of one of the preceding claims, further
comprising:

capturing a second audio signal by a second
microphone arrangement (32);

processing the second captured audio signal to
generate a third processed audio signal and a
fourth processed audio signal;

adding the third processed audio signal to the
first processed audio signal (83) when generat-
ing the first output signal; and

adding the fourth processed audio signal to the
second processed audio signal when generat-
ing the second output signal;

wherein the second captured audio signal or an
intermediate audio signal obtained during the
processing of the second captured audio signal
is analyzed so as to detect the first and second
watermark signals (92), and wherein the result
of said watermark analysis is used for control of
the processing of the second captured audio sig-
nal so as to reduce feedback.

15. A system for providing hearing assistance, compris-

a microphone arrangement (31, 32) for captur-
ing an audio signal (30);

a first loudspeaker (21) for reproducing a first
output signal (93);

a second loudspeaker (22) for reproducing a
second output signal;

a processing unit (70, 80) configured to

process the captured audio signal to gen-
erate afirst processed audio signal (839 and
a second processed audio signal and
embed a first watermark signal (92) to the
first processed audio signal to generate the
first output signal and a second watermark
signal to the second processed audio signal
to generate the second output signal,
wherein the first and second watermark sig-
nals are inaudible and distinct in a manner
so as to allow to individually identify the first
loudspeaker and the second loudspeaker,
respectively; and

10

15

20

25

30

35

40

45

50

55

14

an analyzer unit (50) for analyzing the captured
audio signal an intermediate audio signal ob-
tained during the processing of the captured au-
dio signal so as to detect the first and second
watermark signals;

wherein the control unit is configured to use the
result (55) of said watermark analysis is for con-
trol of the processing of the captured audio sig-
nals so as to reduce feedback.
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