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Description
Field of Invention

[0001] The present invention relates to audio signal
processing with feedback reduction. In particular, it re-
lates to feedback reduction in speech communication
systems.

Prior Art

[0002] In two-way speech communication of two par-
ties mutually transmitting and receiving audio signals, in
particular, speech signals, some suppression of signals
of the remote subscriber that are emitted by the loud-
speakers and therefore received again by the micro-
phone(s) at the near side is of particularimportance. Oth-
erwise, unpleasant feedback effects can severely affect
the quality and intelligibility of voice conversation. In the
worst case, acoustic feedback can even lead to a com-
plete breakdown of communication.

[0003] One prominent example for speech communi-
cation suffering from feedbacks is hands-free voice com-
munication in vehicles. Present vehicle communication
systems not only allow for hands-free telephony with re-
mote subscribers at a far end outside the vehicle but also
for inter-cabin communication. Microphones and loud-
speaker provided for front-seat and back-seat passen-
gers allow for a better acoustical understanding, in par-
ticular, if background noises increase during high-speed
traveling on motorways.

[0004] Another well-known example for disturbing
feedback effects occurs inthe context of sounds systems
used in closed rooms as in concert halls. Music, e.g.,
output by loudspeakers that are distributed in the room
should not be fed back to the microphones used, e.g.,
on stage.

[0005] In the art, efforts have been made to solve the
problem of acoustic feedbacks by utilizing non-adaptive
filters as notch (Kerb) filters that pass all frequencies ex-
cept those in a stop band centered on a center frequency
of the feedback. One main disadvantage in using such
non-adaptive filters results from their incapability to ad-
just to temporally changing dominant feedback frequen-
cies. Changing temperatures, e.g., in concert halls or ve-
hicular cabins influence the dominant feedback frequen-
cies and thus, non-adaptive filters necessarily fail to min-
imize feedbacks in a real environment over a consider-
able time. The only way out would be to replace the pri-
marily used notch filter with a second one optimized for
a different blocking frequency. This not only represents
a troublesome but also an again short-living solution.
[0006] Alternatively, adaptive filters have been used
to reduce acoustic feedback disturbances. Adaptive
feedback suppression filters are digital filters including
algorithms, as a normalized least mean square (NLMS)
algorithm, which permanently re-calculate the filter coef-
ficients. Thereby, the adaptive filters are capable to follow
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atemporal variability of the dominant feedback frequency
or frequencies to be suppressed.

[0007] However, the adaptive filters used for feedback
reduction work similar to prediction error (PE) filters,
which implies that for adjusting them a minimization of
the power output of the loudspeaker signals must previ-
ously be performed. In the context of acoustic feedback,
the problem arises that the adaptive filter suppresses the
dominant feedback frequency thereby reducing the pow-
er output at that frequency. The reduced power output
though results in a reduction of the amount of suppres-
sion of the dominant feedback frequency. As a result, the
suppression of the acoustic feedback is not stationary
but exhibits oscillating suppression characteristics with
still perceptible and annoying acoustic feedback effects.
[0008] A further method to reduce acoustical feedback
effects that is suggested in the art is based on the utili-
zation of compensation filters similar to the usage of echo
compensation filters in mobile phones. By means of lin-
ear or non-linear adaptive filters, a replica of the acoustic
feedback can be synthesized and a compensation signal
can be obtained from the received signal of the loud-
speakers. The compensation signal can be subtracted
from the sending signal of the microphone thereby gen-
erating a resulting signal with improved intelligibility to
be sent to the remote subscriber.

[0009] R.LeBouquinJeannesetal.,"Combined Noise
and Echo Reduction in Hands-Free Systems: A Survey”,
IEEE Transactions on Speech and Audio Processing,
Vol. 9, No. 8, November 2001, pages 808 - 820, disclose
a review of methods for combined noise reduction and
echo reduction in hands-free systems and, in particular
echo canceling and post-filtering based on the estimation
of a closed-loop post-filter.

[0010] The US patent application US 2004/0252826
A1 discloses a method for echo canceling based on es-
timated echo signals generated by filtering incoming
communication signals through an adaptive transversal
filter.

[0011] V.Turbinetal., ina paper entitled "Comparison
of Three Post-Filtering Algorithms for Residual Acoustic
Echo Reduction”, IEEE International Conference in Mu-
nich, Germany 21 - 24 April 1997, Los Alamos, CA, USA,
IEEE Comput. Soc., US, vol. 1, 21 April 1997, pages 307
- 310, describe an echo control system comprising an
echo canceller and a post-filter implemented in an open-
loop structure in the frequency domain.

[0012] However, in practical applicationsit proves very
difficult to adapt the filter coefficients with both a high
accuracy, i.e. high efficiency of reduction of feedback
effects, and a tolerable speed of convergence of the em-
ployed algorithms. The impulse response can be identi-
fied definitely for the frequencies showing the strongest
feedback effects only, thereby allowing, in principle, ad-
aptation of the filter coefficients for these frequencies,
whereas the filters do not work reliably for other frequen-
cies. Consequently, perceptible artifacts caused by
acoustic feedback still affect the intelligibility of acoustic
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signals.

[0013] Giventhe above-mentioned drawbacks and de-
ficiencies in the art itis the object of the present invention
to provide a system and a method for acoustic and, in
particular, speech signal processing showing an im-
proved feedback reduction. A particular problem under-
lying the present invention is to improve communication
in a vehicle by reducing feedback artifacts.

Description of the invention

[0014] The above mentioned problems are solved by
a method for audio signal processing with feedback re-
ductionaccording to claim 1 and a system for audio signal
processing with feedback reduction according to claim 9.
[0015] Accordingto claim 1 itis provided a method for
processing a microphone signalto obtain an output signal
with acoustic feedback reduction, comprising
processing the microphone signal (y(n)) by an adaptive
feedback suppression filtering means (3, 3’) in a signal
path and in a non-signal path;

processing the microphone signal (y(n)) by an adaptive
feedback compensation filtering means (5); and
generating a first input signal from the microphone signal
(y(n)) and the convolution result of an estimated impulse
response obtained by the adaptive feedback compensa-
tion filtering means (5) and feedback components of the
microphone signal (y(n)) previously obtained by process-
ing the microphone signal (y(n)) by the adaptive feedback
suppression filtering means (3, 3’) and inputting the first
input signal in the non-signal path, and wherein

the microphone signal (y(n)) is input in the signal path
and the filter coefficients of the adaptive feedback sup-
pression filtering means (3, 3') are adapted on the basis
of the first input signal in the non-signal path and subse-
quently the adapted filter coefficients are used in the sig-
nal path.

[0016] It is also provide a system for audio signal
processing with feedback reduction, comprising

an adaptive feedback compensation filtering means (5);
an adaptive feedback suppression filtering means (3, 3)
comprising a signal path and a non-signal path and con-
figuredto adapt its filter coefficients in the non-signal path
and to subsequently use the filter coefficients adapted in
the non-signal path in the signal path;

means for generating a first input signal for the adaptive
feedback suppression filtering means (3, 3’) from the mi-
crophone signal (y(n)) and the convolution result of an
esti mated impulse response obtained by the adaptive
feedback compensation filtering means (5) and feedback
components of the microphone signal (y(n)) previously
obtained by processing the microphone signal (y(n)) by
the adaptive feedback suppression filtering means (3,
3’); and wherein

the adaptive feedback suppression filtering means (3, 3’)
is configured to be adapted on the basis of the first input
signal, and

the system is configured to input the first signal in the
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non-signal path, and to input the microphone signal (y
(n)) in the signal path.

[0017] An audio signal is detected by one or more mi-
crophones and a, preferably digitized, microphone signal
can be generated. Some pre-processing for generating
a microphone signal may comprise a Fast Fourier Trans-
form and thus, may result in a complex-valued micro-
phone signal.

[0018] Before any signals are input in the feedback
suppression filtering means they preferably are time de-
layed, e.g. with a delay of about 2 ms, in order to avoid
suppressing short time correlations, i.e., in particular, the
shorttime spectral envelope. Without the short time spec-
tral envelope the processed speech signal would be-
come rather artificial.

[0019] The feedback suppression filtering means and
the feedback compensation filtering means both are
adaptive ones. The respective filter coefficients are not
pre-determined but adapted during the signal process-
ing. It should be noted that any processing of the micro-
phone signal does not exclusively mean to input the mi-
crophone signal itself into the filter paths, but rather com-
prises processing signals representing arbitrary modifi-
cations or processed variants of the microphone signal.
[0020] The suppression filtering means generates
feedback components of the microphone signal that sub-
sequently can be subtracted from the latter. The com-
pensation filtering means provides an estimate for the
impulse response that can be subtracted from the micro-
phone signal. It may be sufficient to adapt the filter coef-
ficients of the compensation filtering means for the dom-
inant feedback frequency or dominant feedback frequen-
cies only.

[0021] Theresultof the adaptation process of the feed-
back compensation filtering means influences the
processing of an input signal for the feedback reduction
filtering means. Accordingly, the feedback suppression
depends onthe feedback compensation and advantages
of both filtering methods can result is a desirable syner-
getic effect.

[0022] The methodandthe system accordingto claims
1 and 14, respectively, solve the above-mentioned prob-
lems in improving the sound quality and, in particular,
speech intelligibility in speech signal processing. Acous-
tic feedback effects, in particular, in communication sys-
tems used in closed rooms, e.g., vehicular cabins, are
reduced with a higher efficiency and reliability than de-
scribed in the art. Besides, some increase of volume
above the presently tolerable levels may be possible
without an intolerable loss in signal quality.

[0023] The combined usage of feedback suppression
and feedback compensation filter structures results in a
stable feedback reduction without significant oscillations
of the suppression characteristics. Ideally, feedback ef-
fects are reduced below perceptibility.

[0024] According to one embodiment of the method a
first input signal for the adaptive feedback suppression
filtering means can be generated on the basis of the
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adapted filter coefficients of the adaptive feedback com-
pensation filtering means and the filter coefficients of the
adaptive feedback suppression filtering means can be
adapted on the basis of the first input signal.

[0025] The feedback compensation filtering means
can be used to estimate an impulse response and the
filter coefficients are accordingly adapted. If the thus
adapted compensation filtering means is used to gener-
ate the first input signal for the feedback suppression
filtering means, the dependence of the latter on the com-
pensation filter is realized in an efficient way. Conse-
quently, the output signal profits from both filtering proc-
esses that do not operate independently from each other
giving rise to an improved intelligibility of the speech sig-
nal.

[0026] Further, the processing by the adaptive feed-
back suppression filtering means can be performedin a
signal path and in a non-signal path, the adaptation of
the filter coefficients of the adaptive feedback suppres-
sion filtering means can be performed in the non-signal
path and subsequently the adapted filter coefficients can
be used in the signal path.

[0027] The separation into the signal path and the non-
signal path, i.e. a shadow path, for signal processing in
the background helps to avoid temporarily resulting arti-
facts due to the feedback compensation being mixed with
the output signal. Different fromthe art such artifacts gen-
erated during the adaptation of the compensation filtering
means only influence the signal input, i.e. a working sig-
nal, in the shadow path and not the output audio signal.
[0028] After completion of the adaptation of the sup-
pression filtering means on the basis of the achievedfilter
coefficients of the compensation filtering means, the
adapted filter coefficients may be used without modifica-
tions in the signal path to generate one or more rather
accurate feedback components that can be subtracted
from the microphone signal. Usage of the unmodified
copy guarantees direct dependence of the suppression
filtering process on the compensation filtering process
and keeps the employed algorithms clearly arranged.
Depending of the experiences made in particular appli-
cations, however, some modifications of the filter coeffi-
cients obtained in the shadow path may be carried out
before using them in the signal path.

[0029] According to one specific realization of the dis-
closed method may

the first input signal be input in the non-signal path; and
the first input signal be generated from the microphone
signal and the convolution result of an estimated impulse
response obtained by the adaptive feedback compensa-
tion filtering means and feedback components of the mi-
crophone signal previously obtained by processing the
microphone signal by the adaptive feedback suppression
filtering means, and

the microphone signal be input in the signal path.
[0030] The portion of the microphone signal that was
subtracted is modified and added to the first input signal
of the shadow path. The microphone signal is corrected
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for feedback components by the feedback suppression
filtering means. At the beginning of the processing of the
microphone signal, the feedback components may be
primarily obtained by some pre-determined filter coeffi-
cients. In general, the filter coefficients of the feedback
suppression filtering means are obtained on the basis of
the first input signal. The first input signal serves as a
working signal generated by means of the feedback com-
pensation filtering means that provides an impulse re-
sponse.

[0031] By this method, a particularly efficient realiza-
tion of the entire feedback reduction comprising feedback
suppression in dependence on feedback compensation
is achieved. Arifacts generated by the feedback com-
pensation filtering means only influence the working sig-
nal rather than affecting the output signal directly. The
necessary algebraic manipulations can be performed ef-
ficiently by robust and well-approved algorithms known
in the art.

[0032] The usage of an adaptive or non-adaptive
decorrelation filtering means may enhance the conver-
gence characteristics of the adaptation algorithms. No
inverse decorrelation filtering means is necessary, if the
signal decorrelation occurs in the shadow path only.
[0033] Alternatively, the following steps for audio sig-
nal processing with feedback reduction may be per-
formed. The first input signal may be input in the non-
signal path and

the first input signal may be generated from a reduced
microphone signal generated by a subtraction of an es-
timated feedback signal obtained by the adaptive feed-
back compensation filtering means from the microphone
signal and the convolution result of an estimated impulse
response obtained by the adaptive feedback compensa-
tion filtering means and feedback components of the mi-
crophone signal previously obtained by processing the
reduced microphone signal by the adaptive feedback
suppression filtering means, and

the microphone signal reduced by the estimated impulse
response that is obtained by the feedback compensation
means may be input in the signal path.

[0034] As a result, the feedback compensation is car-
ried out in the signal path. Whereas in this case some
artifacts from the compensation processing may occur
in the output signal, this embodiment is particularly ad-
vantageous for applications for, e.g., an acoustic hearing
apparatus.

[0035] Again,the usage of an adaptive or non-adaptive
decorrelation filtering means may enhance the conver-
gence characteristics of the adaptation algorithms. An
inverse decorrelation filtering means is necessary, since
the signal decorrelation occurs in the signal path.
[0036] Accordingly, itis provided a method that further
may comprise processing the first input signal by an
adaptive or non-adaptive decorrelation filtering means
and processing the output signal by an inverse decorre-
lation filtering means. The decorrelated signal may be
further noise reduced by an adaptive or non-adaptive
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noise reduction filtering means.

[0037] The adaptive feedback suppression filtering
means may comprise a finite impulse response filter or
an infinite impulse response filter.

[0038] Whereas finite impulse response (FIR) filters
are stable, since no feedback branch is provided, recur-
sive infinite impulse response (IR} filters typically meet
a given set of specifications with a much lower filter order
than a corresponding FIR filter. Feedback suppression
for a very narrow band typically can be achieved more
efficiently by IR filters. The latter suffer, however, from
the need of permanent stability checks.

[0039] Adaptation of the filter coefficients of the adap-
tive feedback suppression filtering means and/or the
adaptive feedback compensation filtering means can be
performed on the basis of a normalized least mean
square algorithm that provides a well approved and ro-
bust calculation means with satisfying convergence char-
acteristics.

[0040] In order to further enhance the intelligibility of
the final audio signal, in particular, speech signal, the
microphone signal and/or the output signal may be proc-
essed by an adaptive and/or non-adaptive noise reduc-
tion filtering means.

[0041] If more than one microphone is used to detect
audio signals, the microphone signal used for the signal
processing including feedback reduction may be ob-
tained by an adaptive or non-adaptive beamforming
means that processes signals detected by at least two
microphones. Each of the microphones provides a mi-
crophone signal input in the beamforming means that
subsequently outputs a beamformed signal - herein also
referred to as a 'microphone signal’ for simplicity - used
for the subsequent processing by the feedback compen-
sation and suppression filtering means.

[0042] The beamforming means may comprise a
blocking matrix and an adaptive noise canceling means
and a means configured to subtract noise signals ob-
tained by the adaptive noise canceling means from
beamformed signals. The intelligibility of the output au-
dio, in particular, speech signal is enhanced by this kind
of noise reduction suitable for processing signals coming
from multiple microphone channels.

[0043] Furthermore, the present invention provides a
computer program product, comprising one or more com-
puter readable media having computer-executable in-
structions for performing the steps of embodiments of
the inventive method for audio signal processing with
improved feedback reduction as described above.
[0044] The system for audio signal processing with
feedback reduction may comprise an adaptive feedback
compensation filtering means and an adaptive feedback
suppression filtering means configured to be adapted on
the basis of the adapted filter coefficients of the adaptive
feedback compensation filtering means.

[0045] Also, the system may comprise means for gen-
erating a first input signal for the adaptive feedback sup-
pression filtering means using the adapted filter coeffi-
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cients of the adaptive feedback compensation filtering
means, and the adaptive feedback suppression filtering
means may be configured to be adapted on the basis of
the first input signal.

[0046] The system can comprise a signal path and a
non-signal path and can be configured to adapt its filter
coefficients in the non-signal path and to subsequently
use the filter coefficients adapted in the non-signal path
in the signal path.

[0047] The adaptive feedback suppression filtering
means may be configured to use the filter coefficients
adapted in the non-signal path without modifications in
the signal path.

[0048] Furthermore, the system may be configured to
generate the first input signal from the microphone signal
and the convolution result of an estimated impulse re-
sponse obtainedby the adaptive feedback compensation
filtering means and feedback components of the micro-
phone signal previously obtained by processing the mi-
crophone signal by the adaptive feedback suppression
filtering means; and

input the first signal in the non-signal path, and

input the microphone signal in the signal path.

[0049] It may be desired that the system further com-
prises an adaptive or non-adaptive decorrelation filtering
means configured to process the first input signal.
[0050] According to one embodiment the system for
audio signal processing with feedback reduction may be
configured to

generate thefirstinput signal from a reduced microphone
signal generated by a subtraction of an estimated feed-
back signal obtained by the adaptive feedback compen-
sation filtering means from the microphone signal and
the convolution result of an estimated impulse response
obtained by the adaptive feedback compensation filtering
means and feedback components of the microphone sig-
nal previously obtained by processing the reduced mi-
crophone signal by the adaptive feedback suppression
filtering means; and

input the first signal in the non-signal path; and

input the microphone signal reduced by an estimated
impulse response that is obtained by the feedback com-
pensation means in the signal path.

[0051] In this embodiment also an adaptive or non-
adaptive decorrelation filtering means and, additionally,
an inverse decorrelation filtering means may be used.
Thus, it is provided a system for audio signal processing
with feedback reduction comprising an adaptive or non-
adaptive decorrelationfiltering means configuredto proc-
ess the first input signal and an inverse decorrelation
filtering means configured to process the output signal.
[0052] The adaptive feedback suppression filtering
means used in the embodiments of the inventive system
may comprise a finite impulse response filter or an infinite
impulse response filter.

[0053] The adaptive filtering systems used in the sys-
tem may be configured to be adapted by means of a
normalized least mean square algorithm.
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[0054] The system may further comprise adaptive
and/or non-adaptive noise reduction filtering means.
[0055] Moreover, the system can further comprise a
microphone array comprising at least two microphones
and an adaptive or non-adaptive beamforming means.
If a microphone array is used to detect local signals, the
microphone array may comprises at least one directional
microphone.

[0056] Furthermore, the present invention is directed
tothe use of the previously described systemsina vehicle
communication system. Animproved feedback reduction
is particularly desirable in the acoustically challenging
context of communication of the passengers in vehicular
cabins.

[0057] Inaddition, it is provided a vehicle communica-
tion system for a vehicle comprising one of the above-
described systems for audio signal processing with feed-
back reduction. The system may also comprise direc-
tional microphones and loudspeakers located in the vi-
cinity of each seat of the vehicle.

[0058] Theinvention also provides anacoustic hearing
apparatus comprising one of the systems described
above. In particular, a system performing feedback com-
pensation in the signal path can significantly improve the
intelligibility of speech signals detected by the hearing
aids. Thus, the quality of the signal output by the hearing
aid remains to a higher amount unaffected by the feed-
back reduction structure as compared to the art. In ad-
dition, the effectiveness of feedback reduction is more
independent of the fast changing conditions of the feed-
back path.

[0059] Additional features and advantages of the in-
vention will be described with reference to the drawings:

Figure 1 is a block diagram illustrating an embodi-
ment of the method for feedback reduction compris-
ing feedback suppression in the signal path and
feedback compensation in the shadow path.

Figure 2 is a block diagram illustrating an embodi-
ment of the method for feedback reduction compris-
ing both feedback suppression and feedback com-
pensation in the signal path.

Figure 3 illustrates a vehicle communication system
according to an embodiment of the present invention
comprising microphones and loudspeakers provid-
ed for each vehicle seat and a signal processing sys-
tem comprising feedback suppression and compen-
sation filtering means.

[0060] In the description, reference is made to the ac-
companying figures that are meant to illustrate preferred
embodiments of the invention. It is to be understood that
such embodiments do not represent the full scope of the
invention. Similar elements in different Figures have
been given the same reference numerals for purposes
of consistency and simplicity.
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[0061] Figure 1 illustrates the principal operation of an
example of the herein disclosed method for feedback
reduction. In a closed room a microphone 1 detects a
speech signal or local signal s(n), e.g. representing part
of a verbal utterance of one communication party, which
is to be output with minimized disturbances to another
party.

[0062] In addition to the local signal, s(n), the micro-
phone 1 detects signals from a loudspeaker 2. The total
impulse response h(n) between the loudspeaker 2 and
the microphone 1 - or to be more specific of the loud-
speaker-room-microphone-system - consists of a mix-
ture of signals coming directly from the loudspeaker 2
and loudspeaker signals reflected by the walls of the
closed room. The total impulse response h(n) shows the
reverberating characteristics of the room.

[0063] The signals detected by the microphone are
pre-processed. The pre-processing may comprise a Fast
Fourier Transform and thus, may result in the complex-
valued microphone signal y(n) where nis the frequency
bin. If instead of one microphone, a microphone array is
used, e.g., an array of directional microphones, the pre-
processing may include a time-delay of the different mi-
crophone signals. For each microphone signal the time
delay hasto be computed and compensated, based, e.q.,
on the geometry of microphones, in order to synchronize
the microphone signals corresponding to a desired target
signal. The delays correspond to the acoustic time delays
for sound traveling with sound velocity and coming from
different directions and/or positions.

[0064] Furthermore, anadaptive weighted-sumbeam-
forming means may be employed that combines the pre-
processed, in particular, time delayed signals of the mul-
tiple microphones to obtain one resulting beamformed
signal - herein also named microphone signal for sim-
plicity - y(n) with an improved signal-to-noise ratio. The
beamforming means may contain an adaptive blocking
matrix as well as an adaptive noise canceling filter.
[0065] The microphone signal y(n)has to be corrected
for feedback contributions included in the finite impulse
response h(n). An adaptive feedback suppression filter-
ing means 3 with a coefficient vector ¢(n) is therefore
provided to reduce acoustic feedback effects. According
to the presently discussed embodiment, this filtering
means is a finite impulse response (FIR) filter, i.e. there
is no feedback branch for the filtered signal and the phas-
es of the signals are not affected. If acoustic feedback
effects occur at particular frequencies, the FIR filter tries
to suppress these frequencies.

[0066] Beforeanyfiltering process the microphone sig-
nal y(n) has to be delayed by a delay unit 4 by N clock
rates (where N is to be chosen less than the inverse of
the respective feedback frequency; in many applications
N may be chosen to cause a delay of about 2 ms) in order
to avoid suppressing short time correlations, i.e., in par-
ticular, to preserve the short time spectral envelope.
Without the short time spectral envelope the processed
and output speech signal would be judged as being highly
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artificially by a human communication partner. Desirably
the filter contains from 80 to 120 filter coefficients, if a
sampling rate of 16 kHz is assumed. The filter coefficients
can be calculated by, e.g., an NLMS algorithm.

[0067] In the art the FIR filter is adapted using the mi-
crophone signal y(n) and the signal to be minimized for
feedback effects, i.e. the output signal u(n). According
to the present embodiment, however, an artificially gen-
erated (working) signal (n) is used instead of y(n). The
signal ¥(n) is generated by means of a feedback com-
pensation filtering means § comprising the vector of
adaptabile filter coefficients h(n). As for the FIR filter the
feedback compensation filtering means may be realized
by severalfilter components working independently, e.g.,
in different frequency ranges.

[0068] By means of the feedback compensation filter-
ing means 5 the real impulse response h(n) between the
loudspeaker 2 and the microphone 1 is modeled by an
estimated impulse response. By the convolution of the
output signal u(n) with the estimated impulse response
an estimated feedback signal d{n) can be obtained. The
signal e(n) gbtained by subtracting the estimated feed-
back signal d(n) from the microphone signal y(n) is used
for the subsequent adaptation of the compensation fil-
tering means 5. In particular, the signal e(n)is not directly
used for the generation of the actual audio output signal
u(n). The thus calculated filter coefficients of the filtering
means 5 are used to generate the working signal (n) as
follows.

[0069] To obtain the respective working signal y(n) for
the microphone signal y(n) by means of the estimated
impulse response represented by h(n), the microphone
signal y(n)is delayed by the delay unit4 and subsequent-
ly the feedback components ﬁn) are subtracted from y
(n) by the feedback suppression filtering means 3. Con-
volution of the feedback components ﬁn) with the esti-
mated impulse response and adding the convolution re-
sult to the microphone signal y(n) results in the working
signal #{n). Subsequently, (n) is used as an input signal
for the feedback suppression filtering means 3’ that, ac-
cording to the presently described embodiment, does not
include a feedback path.

[0070] Adding of the convolution of the feedback com-
ponents with the estimated impulse response is only per-
formed in the background, i.e. the shadow path, rather
than the actual signal path. The signal }(n) is not used
for the audio signal output from the signal processing
structure but is used for the adaptation of the (back-
ground or shadow path) feedback suppression filtering
means 3’ a copy of which is subsequently used in the
signal path for the generation of the desired loudspeaker
output signal u(n). Adaptation is carried out optimizing
for the shadow path output i{n) that results from sub-
tracting feedback components from the microphone sig-
nal in the shadow path.

[0071] The adaptation of the suppression filtering
means 3’ and accordingly 3 may preferably be performed
with relatively small step sizes, e.g., from 10-5 to 102, if
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a variant of the NLMS algorithm is used.

[0072] As an alternative to the FIR filter used in the
above described example, some infinite impulse re-
sponse (lIR) filter can be used for another advantageous
realization of the inventive method. An IIR filter usually
is a recursive filter in which the output depends on both
an input and a previous output.

[0073] Furthermore, the feedback suppression filter-
ing means 3’ can be enabled to converge faster by
processing the working signal y(n) by a decorrelation fil-
ter (not shown) before inputting it in the suppression filter
3'. Since adaptation is carried out in the shadow path
rather than the signal path, no inverse decorrelation filter
is to be employed. The decorrelation filter itself may be
an adaptive one.

[0074] Figure 2 illustrates another embodiment of the
inventive method. Different from the example shown in
Figure 1 the feedback compensation is performed in the
signal path rather than the shadow path.

[0075] AsinFigure 1 a microphone 1, or a microphone
array, detects audio signals output by a loudspeaker 2,
oran ensemble of loudspeakers, as well as local signals.
A digitized microphone signal y(n) is to be input in signal
processing means that, in particular, reduce acoustic
feedback effects.

[0076] By means of the adaptive compengation filter
5 comprising the vector of filter coefficients h(n), an im-
pulse response is estimated and used to obtain an esti-
mate for the feedback signal d(n), which then is subtract-
ed from the microphone signal y(n). This subtraction re-
sults in the reduced signal e(n). A copy of the coefficient
vector h(n) 5’ is used to generate the signal &(n) that after
time delay 4’ is input in the feedback suppression filtering
means 3'.

[0077] Convolution of the feedback components ?(n)
with the estimated impulse response and adding the con-
volution result to the signal e(n) results in the signal &(n)
subsequently representing the input signal to the feed-
back suppression filter 3’ that may be an FIR or and IR}
filter, alternatively. Adaptation of the coefficient vector h
(n) of the filter 3' is carried out my means of the signal é
(n) optimizing for the resulting signal &i(n). A copy of h(n)
is used to correct the signal e(n) for feedback compo-
nents ﬁn) by means of the adaptive feedback suppres-
sionfilter 3. As a result of the signal processing with feed-
back suppression the signal u(n) is output by the loud-
speaker.

[0078] Usage of decorrelation and inverse decorrela-
tion filters can fasten the adaptation processes. If more
than one microphoneis used, abeamforming means may
advantageously be used. Additional employment of
adaptive or non-adaptive noise reduction filters may be
provided.

[0079] Theexampledescribedwith referenceto Figure
2 can, e.g., advantageously be applied to hearing aids.
In this case it may be preferred to provide for a phase
shift of the processed microphone signal, i.e. a phase
shift between y(n) and u(n), by an appropriate choice of
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the feedback suppression filtering means 3 and 3, re-
spectively.

[0080] Figure 3 illustrates a vehicle communication
system. Close to the driver 6, the front-passenger 7 and
the back-passengers 8, respectively, microphones 1 and
loudspeakers 2 are installed in the vehicular cabin. In
particular, communication between front- and back-pas-
sengers can be facilitated by means of the vehicle com-
munication system.

[0081] Verbal utterances of the driver 6, for example,
are detected by the microphones 1 that are positioned
closest to himand the speech signals, that are processed
by a signal processing means 9 comprising feedback
reduction, can be output to one or more back-seat pas-
sengers 8. Accordingly, verbal utterances of a back-seat
passenger 8 are detected by the microphones 1 closest
to him, and after signal processing 10 directed to the
driver 6.

[0082] Thesignal processingmeans9and10arechar-
acterized by improved feedback reduction, i.e. the vehi-
cle communication system comprises adaptive feedback
suppression filters and feedback compensation filters as
described, for example, with reference to Figures 1 and
2. This implies that the processing of signals input at the
back and output at the front 9 and the processing of sig-
nals input at the front and output at the back 10 are not
independent on each other as indicated by the arrows
connecting 9 and 10. The means 9 and 10 may represent
units that are physically and/or logically separated from
each other.

[0083] All previously discussed embodiments are not
intended as limitations but serve as examples illustrating
features and advantages of the invention. It is to be un-
derstood that some or all of the above described features
can also be combined in different ways.

Claims

1. Method for processing a microphone signal (y(n)) to
obtain an output signal (u(n)) with acoustic feedback
reduction, comprising
processing the microphone signal (y(n)) by an adap-
tive feedback suppression filtering means (3, 3’) in
a signal path and in a non-signal path;
processing the microphone signal (y(n)) by an adap-
tive feedback compensation filtering means (5);
characterize by
generating a first input signal ((n),&(n)) from the mi-
crophone signal (y(n)) and the convolution result of
an estimated impulse response obtained by the
adaptive feedback compensation filtering means (5)
and feedback components (?(n)) of the microphone
signal (y(n)) previously obtained by processing the
microphone signal (y(n)) by the adaptive feedback
suppression filtering means (3, 3') and inputting the
first input signal (¥(n),&(n)) in the non-signal path,
and wherein
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the microphone signal (y(n)) is input in the signal
path and the filter coefficients (c(n)) of the adaptive
feedback suppression filtering means (3, 3) are
adapted on the basis of the first input signal (#(n),é
(n) in the non-signal path and subsequently the
adaptedfilter coefficients (c(n)) are used in the signal
path.

Method according to claim 1, wherein the adapted
filter coefficients (c(n)) are used without modifica-
tions in the signal path.

Method according to claim 1 or 2, further comprising
processing the first input signal (¥#(n),&(n)) by an
adaptive or non-adaptive decorrelation filtering
means.

Method according to one of the above claims, where-
inthe adaptive feedback suppression filtering means
(3, 3') comprises a finite impulse response filter or
an infinite impulse response filter.

Method according to one of the above claims, where-
in adaptation of the filter coefficients (c(n)) of the
adaptive feedback suppression filtering means (3,
3’) and/or the adaptive feedback compensation fil-
tering means (5) is performed on the basis of a nor-
malized least mean square algorithm.

Method according to one of the above claims, where-
in the microphone signal (y(n)) and/or the output sig-
nal (u(n)) is processed by an adaptive and/or non-
adaptive noise reduction filtering means.

Method according to one of the above claims, where-
in the microphone signal (y(n)) is obtained by an
adaptive or non-adaptive beamforming means that
processes signals detected by at least two micro-
phones (1).

Computer program product, comprising one or more
computer readable media having computer-execut-
able instructions for performing the steps of the
method according to one of the Claims 1-7.

System for audio signal processing with feedback
reduction, comprising

an adaptive feedback compensation filtering means
5);

an adaptive feedback suppression filtering means
(3, 3') comprising a signal path and a non-signal path
and configured to adapt its filter coefficients (c(n)) in
the non-signal path and to subsequently use the filter
coefficients (c(n)) adapted in the non-signal path in
the signal path;

characterized by

means for generating a first input signal ((n),&(n))
for the adaptive feedback suppression filtering
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means (3, 3') from the microphone signal (y(n)) and
the convolution result of an estimated impulse re-
sponse obtained by the adaptive feedback compen-
sation filtering means (5) and feedback components
(ﬁn)) of the microphone signal (y(n)) previously ob-
tained by processing the microphone signal (y(n))
by the adaptive feedback suppression filtering
means (3, 3'); and that

the adaptive feedback suppression filtering means
(3, 3) is configured to be adapted on the basis of the
first input signal ((n),&(n)), and

the system is configured to input the first signal in
the non-signal path, and to input the microphone sig-
nal (y(n)) in the signal path.

System according to claim 9, wherein the adaptive
feedback suppression filtering means (3, 3') is con-
figured to use the filter coefficients (c(n)) adapted in
the non-signal path without modifications in the sig-
nal path.

Systemaccordingto claim9or 10, further comprising
an adaptive or non-adaptive decorrelation filtering
means configured to process the first input signal (¥

(n),&(n)).

Systemaccording to one of the claims 9- 11, wherein
the adaptive feedback suppression filtering means
(3, 3') comprises a finite impulse response filter or
an infinite impulse response filter.

Systemaccording to one of the claims 9- 12, wherein
the adaptive feedback suppression filtering means
(3, ') and/or the adaptive feedback compensation
filtering means (5) are configured to be adapted by
means of a normalized least mean square algorithm.

System according to one of the claims 9 - 13, further
comprising adaptive and/or non-adaptive noise re-
duction filtering means.

System according to one of the claims 9 -14, further
comprising a microphone array comprising at least
two microphones and an adaptive or non-adaptive
beamforming means.

Acoustic hearing apparatus comprising a system ac-
cording to one of the claims 9-14.

Vehicle communication system comprising a system
according to one of the claims 9-15.

Patentanspriiche

1.

Verfahren zum Verarbeiten eines Mikrofonsignals (y
(n)), um ein Ausgabesignal (u(n)) mit Verringerung
einer akustischen Rickkopplung zu erhalten, das
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umfasst

Verarbeiten des Mikrofonsignals (y(n)) durch ei-
ne adaptive Rickkopplungsunterdriickungsfil-
tereinrichtung (3, 3') in einem Signalpfad und in
einem Nicht-Signalpfad;

Verarbeiten des Mikrofonsignals (y(n)) durch ei-
ne adaptive Rulckkopplungskompensationsfil-
tereinrichtung (5);

gekennzeichnet durch

Erzeugen eines ersten Eingabesignals (#(n), é(n))
aus dem Mikrofonsignal (y(n)) und dem Faltungser-
gebnis einer geschétzten Impulsantwort, die durch
die adaptive Rickkopplungskompensationsfilterein-
richtung (5) erhalten wird, und Riickkopplungskom-
ponenten (?(n)) des Mikrofonsignals (y(n)), die zuvor
durch Verarbeiten des Mikrofonsignals (y(n)) durch
die adaptive Ruckkopplungsunterdriickungsfilter-
einrichtung (3, 3’) erhalten worden sind, und Einge-
ben des ersten Eingabesignals (#(n), é(n)) in den
Nicht-Signalpfad, und wobei

das Mikrofonsignal (y(n)) in den Signalpfad einge-
geben wird, und die Filterkoeffizienten (c(n)) der ad-
aptiven Ruckkopplungsunterdriickungsfiltereinrich-
tung (3, 3') auf der Grundlage des ersten Eingabe-
signals (¥(n), é(n)) indem Nicht-Signalpfad adaptiert
werden, und die adaptierten Filterkoeffizienten (c(n))
danach in dem Signalpfad verwendet werden.

Verfahren gemén Anspruch 1, in dem die adaptier-
ten Filterkoeffizienten (c(n)) in dem Signalpfad ohne
Anderungen verwendet werden.

Verfahren gemaf Anspruch 1 oder 2, weiterhin das
Verarbeiten des ersten Eingabesignals ({n), é(n))
durch eine adaptive oder nicht-adaptive Dekorrela-
tionsfiltereinrichtung umfassend.

Verfahren geman einem der vorhergehenden An-
spriiche, in dem die adaptive Rickkopplungsunter-
driickungsfiltereinrichtung (3, 3) ein Filter mit endli-
cher Impulsantwort oder ein Filter mit unendlicher
Impulsantwort umfasst.

Verfahren geman einem der vorhergehenden An-
spriiche, in dem die Adaption der Filterkoeffizienten
(c(n)) der adaptiven Ruckkopplungsunterdriik-
kungsfiltereinrichtung (3, 3') und/oder der adaptiven
Rickkopplungskompensationsfiltereinrichtung  (5)
auf der Grundlage eines Verfahrens der normierten
kleinsten Fehlerquadrate ausgefihrt wird.

Verfahren geman einem der vorhergehenden An-
spriiche, in dem das Mikrofonsignal (y(n)) und/oder
das Ausgabesignal (u(n)) durch eine adaptive und/
oder nicht-adaptive Gerauschverringerungsfilterein-
richtung verarbeitet wird.
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Verfahren geméf einem der vorhergehenden An-
spriche, indem das Mikrofonsignal (y(n)) durch eine
adaptive oder nicht-adaptive Beamformer-Einrich-
tung erhalten wird, die Signale verarbeitet, die von
zumindest zwei Mikrofonen (1) detektiert werden.

Computerprogrammprodukt, das ein oder mehrere
computerlesbare Medien umfasst, die von einem
Computer ausfihrbare Anweisungen zum Ausfih-
ren der Schritte des Verfahrens geman einem der
Ansprilche 1 - 7 aufweisen.

System zur Verarbeitung von Audiosignalen mit ei-
ner Rickkopplungsverringerung, das umfasst

eine adaptive Rulckkopplungskompensationsfilter-
einrichtung (5);

eine adaptive Ruckkopplungsunterdriickungsfilter-
einrichtung (3, 3), die einen Signalpfad und einen
Nicht-Signalpfad umfasst und dazu ausgebildet ist,
ihre Filterkoeffizienten (c(n)) in dem Nicht-Signal-
pfad zu adaptieren und danach die Filterkoeffizien-
ten (c(n)), die in dem Nicht-Signalpfad adaptiert wor-
den sind, in dem Signalpfad zu verwenden;
gekennzeichnet durch

eine Einrichtung zum Erzeugen eines ersten Einga-
besignals (¥(n), é(n)) fir die adaptive Riickkopp-
lungsunterdriickungsfiltereinrichtung (3, 3') aus dem
Mikrofonsignal (y(n)) und dem Faltungsergebnis ei-
ner geschatzten Impulsantwort, die durch die adap-
tive Ruckkopplungskompensationsfiltereinrichtung
(5) erhalten wird, und Rickkopplungskomponenten
(Rn)) des Mikrofonsignals (y(n)), die zuvor durch
Verarbeiten des Mikrofonsignals (y(n)) durch die
adaptive  Ruckkopplungsunterdriickungsfilterein-
richtung (3, 3’) erhalten worden sind; und dadurch,
dass

die adaptive Ruckkopplungsunterdriickungsfilter-
einrichtung (3, 3) dazu ausgebildet ist, auf der
Grundlage des ersten Eingabesignals (#(n), &(n))
adaptiert zu werden, und

das System dazu ausgebildet ist, das erste Signal
in den Nicht-Signalpfad einzugeben und das Mikro-
fonsignal (y(n)) in den Signalpfad einzugeben.

System gemaf3 Anspruch 9, in dem die adaptive
Riickkopplungsunterdrickungsfiltereinrichtung (3,
3’) dazu ausgebildet ist, die Filterkoeffizienten (c(n)),
die in dem Nicht-Signalpfad adaptiert worden sind,
ohne Anderungen in dem Signalpfad zu verwenden.

System gemén Anspruch 9 oder 10, weiterhin eine
adaptive oder nicht-adaptive Dekorrelationsfilterein-
richtung umfassend, die dazu ausgebildet ist, das
erste Eingabesignal (¥(n), é(n)) zu verarbeiten.

System gemaf3 einem der Anspriiche 9-11, in dem
die adaptive Rickkoppfungsunterdriickungsfilter-
einrichtung (3, 3') ein Filter mit endlicher Impulsant-
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wort oder ein Filter mit unendlicher Impulsantwort
umfasst.

System geméan einem der Anspriche 9 -12, in dem
die adaptive Ruckkopplungsunterdriickungsfilter-
einrichtung (3, 3) und/oder die adaptive
Rickkopplungskompensationsfiltereinrichtung  (5)
dazu ausgebildet sind, mithilfe eines Algorithmus ei-
nes normierten kleinsten Fehlerquadrats adaptiert
zu werden.

System gema einem der Anspriiche 9-13, weiterhin
eine adaptive und/oder nicht-adaptive Gerauschver-
ringerungsfiltereinrichtung umfassend.

System gemaf3 einem der Anspriiche 9 - 14, weiter-
hin eine Mikrofonanordnung, die zumindest zwei Mi-
krofone umfasst, und eine adaptive oder nicht-ad-
aptive Beamformer-Einrichtung umfassend.

Hérgerat, das ein System gemaf3 einem der Anspri-
che 9-14 umfasst.

Fahrzeugkommunikationssystem, das ein System
gemaf einem der Anspriche 9 -15 umfasst.

Revendications

1.

Procéde pour le traitement d’un signal de micropho-
ne (y(n)), permettant d’obtenir un signal de sortie (u
(n)) avec une réduction de la rétroaction acoustique,
le procede comprenant les étapes consistant a :

traiter le signal de microphone (y(n)) par des
moyens de filtrage pour une suppression adap-
tative de la rétroaction (3, 3') dans une ligne
d’acheminement des signaux et dans une ligne
non d’acheminement de signaux ;

traiter le signal de microphone (y(n)) par des
moyens de filtrage pour une compensation
adaptative de la rétroaction (5) ;

caractérisé par les étapes consistant a :

générer un premier signal d'entrée (Y(n), &(n))
a partir du signal de microphone (y(n)) et du ré-
sultat de la convolution d’une réponse estimée
en impulsion obtenu par les moyens de filtrage
pour une compensation adaptative de la ré-
troaction (5) et des composantes de rétroaction
(/r\(n)) du signal de microphone (y(n)) préalable-
ment obtenues par le traitement du signal de
microphone (y(n)) par les moyens de filtrage
pour une suppression adaptative de la rétroac-
tion (3, 3), et a entrer le premier signal d’entrée
(¥ ("), (n)) dans la ligne non d’acheminement
de signaux ;



19
et dans lequel :

le signal de microphone (y(n)) est entré dans la
ligne d’'acheminement des signaux, et les coef-
ficients de filtrage (c(n)) des moyens de filtrage
pour une suppression adaptative de la rétroac-
tion (3, 3') sont adaptés sur la base du premier
signal d’entrée (¥(n), €(n)) dans la ligne non
d’acheminement de signaux et, a la suite de ce-
la, les coefficients de filtrage adapteés (c(n)) sont
utilises dans la ligne d'acheminement des si-
gnaux.

Procédé selon la revendication 1, dans lequel les
coefficients de filtrage adaptés (c(n)) sont utilisés
sans modifications dans la ligne d’acheminement
des signaux.

Procédé selon la revendication 1 ou 2, comprenant
par ailleurs I'étape consistant a traiter le premier si-
gnal d’entrée (¥(n), &(n)) par des moyens de filtrage
pour une décorrélation adaptative ou non adaptive.

Procédé selon I'une quelcongue des revendications
précédentes, dans lequel les moyens defiltrage pour
une suppression adaptative de la rétroaction (3, 3)
comprennent unfiltre a réponse finie a une impulsion
ou un filtre & réponse infinie a une impulsion.

Procédé selon I'une quelcongue des revendications
preécédentes, dans lequel une adaptation des coef-
ficients de filtrage (c(n)) des moyens de filtrage pour
une suppression adaptative de la rétroaction (3, 3)
et/ ou des moyens de filtrage pour une compensa-
tion adaptative de la retroaction (5) est accompli sur
labase d’'un algorithme normalisé des moindres car-
rés moyens.

Procédé selon I'une quelcongue des revendications
précedentes, dans lequel le signal de microphone
(y(n)) et / ou le signal de sortie (u{n)) est traité par
des moyens de filtrage pour une réduction adapta-
tive et / ou non adaptative du bruit.

Procédé selon I'une quelcongue des revendications
précedentes, dans lequel le signal de microphone
(y(n)) est obtenu par des moyens de formation de
faisceau adaptative ou non adaptative qui traitent
des signaux détectés par au moins deux micropho-
nes (1).

Produit programme d’ordinateur, comprenant un ou
plusieurs supports lisibles par un ordinateur conte-
nant des instructions executables par un ordinateur
pour accomplir les étapes du procéde selon I'une
des revendications 1 a 7.

Systéme pour un traitement de signaux audio avec
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réduction de la rétroaction, comprenant des moyens
de filtrage pour une compensation adaptative de la
retroaction (5) ;

des moyens de filtrage pour une suppression adap-
tative de la rétroaction (3, 3) comprenant une ligne
d’acheminement des signaux et une ligne non
d’acheminement de signaux, et configurés pour
adapter leurs coefficients de filtrage (c(n)) dans la
ligne non d'acheminement de signaux et pour, & la
suite de cela, utiliser les coefficients de filtrage (¢c(n))
adaptés dans la ligne non d’acheminement de si-
gnaux dans la ligne d’acheminement des signaux ;
caractérisé par :

des moyens pour générer un premier signal
d’entrée (§(n), €(n)) pour les moyens de filtrage
pour une suppression adaptative de la rétroac-
tion (3, 3) a partir du signal de microphone (y
(n)) et du résultat de la convolution d'une répon-
se estimée en impulsion obtenu par les moyens
de filtrage pour une compensation adaptative
de la rétroaction (5) et des composantes de ré-
troaction (/r\(n)) du signal de microphone (y(n))
préalablement obtenues par le traitement du si-
gnal de microphone (y(n)) par les moyens de
filtrage pour une suppression adaptative de la
rétroaction (3, 3') ; et en ce que :

les moyens de filtrage pour une suppres-
sion adaptative de la rétroaction (3, 3') sont
configurés pour étre adaptés sur la base du
premier signal d'entrée (Y(n), €(n)) ; et

le systéme est configuré pour entrer le pre-
mier signal dans la ligne non d’achemine-
ment de signaux, et pour entrer le signal de
microphone (y(n)) dans la ligne d’'achemi-
nement des signaux.

Systéeme selon la revendication 9, dans lequel les
moyens de filtrage pour une suppression adaptative
de la rétroaction (3, 3') sont configurés pour utiliser
les coefficients defiltrage (c(n)) adaptés danslaligne
non d'acheminement de signaux sans modifications
dans la ligne d’acheminement des signaux.

Systéme selon la revendication 9 ou 10, comprenant
par ailleurs des moyens de filtrage pour une décor-
rélation adaptative ou non adaptive configurés pour
traiter le premier signal d’entrée (Y(n), &(n)).

Systéme selon I'une des revendications 2a 11, dans
lequel les moyens de filtrage pour une suppression
adaptative de la rétroaction (3, 3') comprennent un
filtre & réponse finie & une impulsion ou un filtre a
réponse infinie & une impulsion.

Systéme selon I'une des revendications 2a 12, dans
lequel les moyens de filtrage pour une suppression
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adaptative de la rétroaction (3, 3') et/ou les moyens
de filtrage pour une compensation adaptative de la
rétroaction (5) sont configurés pour étre adaptés sur
labase d’'un algorithme normalisé des moindres car-
rés moyens.

Systéme selon 'une des revendications 9a 13, com-
prenant par ailleurs des moyens de filtrage pour une
réduction adaptative et/ou non adaptative du bruit.

Systéme selon 'une des revendications 9a 14, com-
prenant par ailleurs un ensemble de microphones
comprenant au moins deux microphones et des
moyens de formation de faisceau adaptative ou non
adaptative.

Appareil d'écoute acoustique comprenant un syste-
me selon 'une des revendications 9 a 14.

Systéme de communication d’'un véhicule compre-
nant un systéme selon l'une des revendications 9 &
15.
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