WO 2006/089595 A1 || 0000000 0 000 D 0 0 A

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property Organization
International Bureau

(43) International Publication Date
31 August 2006 (31.08.2006)

I
s

(10) International Publication Number

WO 2006/089595 Al

(51) International Patent Classification:
HO4M 9/08 (2006.01)

(21) International Application Number:
PCT/EP2006/000197

(22) International Filing Date: 11 January 2006 (11.01.2006)

(25) Filing Language: English

(26) Publication Language: English

(30) Priority Data:
05000404.3 11 January 2005 (11.01.2005) EP

(71) Applicant (for all designated States except US): HAR-
MAN BECKER AUTOMOTIVE SYSTEMS GMBH
[DE/DE]; Becker-Goering-Strasse 16, 76307 Karlsbad
(DE).

(72) Inventors; and

(75) Inventors/Applicants (for US only): HAULICK, Tim
[DE/DE]; In dem Schlosswiesen 14, 89143 Blaubeuren
(DE). SCHMIDT, Gerhard, Uwe [DE/DE]; Jorg-Syr-
lin-Str. 26, 89081 Ulm (DE). LENHARDT, Harald
[DE/DE]; Fischergasse 29, 89073 Ulm (DE).

(74)

(81)

(84)

Agent: WEIGELT, Udo; Griinecker, Kinkeldey, Stock-
mair & Schwanhidusser, Maximilianstrasse 58, 80538
Miinchen (DE).

Designated States (unless otherwise indicated, for every
kind of national protection available): AE, AG, AL, AM,
AT, AU, AZ, BA, BB, BG, BR, BW, BY, BZ, CA, CH, CN,
CO, CR, CU, CZ, DE, DK, DM, DZ, EC, EE, EG, ES, HI,
GB, GD, GE, GH, GM, HR, HU, ID, IL, IN, IS, JP, KE,
KG, KM, KN, KP, KR, KZ, LC, LK, LR, LS, LT, LU, LV,
LY, MA, MD, MG, MK, MN, MW, MX, MZ, NA, NG, NI,
NO, NZ, OM, PG, PH, PL, PT, RO, RU, SC, SD, SE, SG,
SK, SL, SM, SY, TJ, TM, TN, TR, TT, TZ, UA, UG, US,
UZ,VC, VN, YU, ZA, ZM, ZW.

Designated States (unless otherwise indicated, for every
kind of regional protection available): ARIPO (BW, GH,
GM, KE, LS, MW, MZ, NA, SD, SL, SZ, TZ, UG, ZM,
ZW), Burasian (AM, AZ, BY, KG, KZ, MD, RU, TJ, TM),
European (AT, BE, BG, CH, CY, CZ, DE, DK, EE, ES, FI,
FR, GB, GR, HU, IE, IS, IT, LT, LU, LV, MC, NL, PL, PT,

[Continued on next page]

(54) Title: FEEDBACK REDUCTION IN COMMUNICATION SYSTEMS

1 h(n) 2

¥n)

—— 000 “w——
[72]
=

(57) Abstract: The present invention relates
to a method for processing a microphone signal
and a system for audio signal processing with
feedback reduction. The method comprises
processing the microphone signal by an adaptive
feedback suppression filtering means; processing
the microphone signal by an adaptive feedback
compensation filtering means; and wherein the
processing by the adaptive feedback suppression
filtering means is performed in dependence on the
processing by the adaptive feedback compensation
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P

yn)
>

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.
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Feedback Reduction in Communication Systems

Field of Invention

The present invention relates to audio signal processing with feedback reduction. In
particular, it relates to feedback reduction in speech communication systems.

Prior Art

In two-way speech communication of two parties mutually transmitting and receiving
audio signals, in particular, speech signals, some suppression of signals of the remote
subscriber that are emitted by the loudspeakers and therefore received again by the
microphone(s) at the near side is of particular imporfance. Otherwise, unpleasant
feedback effects can severely affect the quality and intelligibility of voice conversation.
in the worst case, acoustic feedback can even lead to a complete breakdown of com-

munication.

One prominent example for speech communication suffering from feedbacks is hands-
free voice communication in vehicles. Present vehicle communication systems not
only allow for hands-free telephony with remote subscribers at a far end outside the
vehicle but also for inter-cabin communication. Microphones and loudspeaker pro-
vided for front-seat and back-seat passengers allow for a better acoustical under-‘
standing, in particular, if background noises increase during high-speed traveling on

motorways.

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

used, e.g., on stage.



WO 2006/089595 PCT/EP2006/000197

In the art, efforts have been made to solve the problem of acoustic feedbacks by utiliz-
ing non-adaptive filters as notch (Kerb) filters that pass all frequencies except 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 adjust to temporally
changing dominant feedback frequencies. Changing temperatures, e.g., in concert
halls or vehicular cabins influence the dominant feedback frequencies and thus, non-
adaptive filters necessarily fail to minimize feedbacks in a real environment over a
considerable time. The only way out would be to replace the primarily used notch filter
with a second one optimized for a different blocking frequency. This not only repre-
sents a troublesome but also an again short-living solution.

Alternatively, adaptive filters have been used to reduce acoustic feedback distur-
bances. Adaptive feedback suppression filters are digital filters including algorithms,
as a normalized least mean square (NLMS) algorithm, which permanently re-calculate
the filter coefficients. Thereby, the adaptive filters are capable to follow a temporal
variability of the dominant feedback frequency or frequencies to be suppressed.

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 previously be performed. In the context of
acoustic feedback, the problem arises that the adaptive filter suppresses the dominant
feedback frequency thereby reducing the power output at that frequency. The reduced
power output though results in a reduction of the amount of suppression of the domi-
nant 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.

A further method to reduce acoustical feedback effects that is suggested in the art is
based on the utilization of compensation filters similar to the usage of echo compen-
sation filters in mobile phones. By means of linear or non-linear adaptive filters, a rep-
lica of the acoustic feedback can be synthesized and a compensation signal can be
obtained from the received signal of the loudspeakers. The compensation signal can
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be subtracted from the sending signal of the microphone thereby generating a result-
ing signal with improved intelligibility to be sent to the remote subscriber.

However, in practical applications it 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 employed algorithms. The impulse response
can be identified definitely for the frequencies showing the strongest feedback effects
only, thereby allowing, in principle, adaptation of the filter coefficients for these
frequencies, whereas the filters do not work reliably for other frequencies.
Consequently, perceptible artifacts caused by acoustic feedback still affect the
intelligibility of acoustic signals.

Given the above-mentioned drawbacks and deficiencies in the art it is the object of the
present invention to provide a system and a method for acoustic and, in particular,
speech signal processing showing an improved feedback reduction. A particular prob-
lem underlying the present invention is to improve communication in a vehicle by re-

ducing feedback artifacts.

Description of the invention

The above mentioned problems are solved by a method for audio signal processing
with feedback reduction according to claim 1 and a system for audio signal processing
with feedback reduction according to claim 14.

According to claim 1 it is provided a method for processing a microphone signal to
obtain an output signal with acoustic feedback reduction, comprising

processing the microphone signal by an adaptive feedback suppression filtering

means,

processing the microphone signal by an adaptive feedback compensation filtering
means; and wherein
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the processing by the adaptive feedback suppression filtering means is performed in
dependence on the processing by the adaptive feedback compensation filtering

means.

It also is provided a system for audio signal processing with feedback reduction, com-
prising 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.

An audio signal is detected by one or more microphones and a, preferably digitized,
microphone signal can be generated. Some pre-processing for generating a micro-"
phone signal may comprise a Fast Fourier Transform and thus, may resuit in a com-

plex-valued microphone signal.

Before any signals are input in the feedback suppression filtering means they prefera-
bly are time delayed, e.g. with a delay of about 2 ms, in order to avoid suppressing
short time correlations, i.e., in particular, the short time spectral envelope. Without the
short time spectral envelope the processed speech signal would become rather artifi-

cial.

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 processing. It should be noted that any
processing of the microphone signal does not exclusively mean to input the micro-
phone signal itself into the filter paths, but rather comprises processing signals repre-
senting arbitrary modifications or processed variants of the microphone signal.

The suppression filtering means generates feedback components of the microphone
signal that subsequently can be subtracted from the latter. The compensation filtering
means provides an estimate for the impulse response that can be subtracted from the
microphone signal. it may be sufficient to adapt the filter coefficients of the compensa-
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tion filtering means for the dominant feedback frequency or dominant feedback fre-

quencies only.

The result of the adaptation process of the feedback compensation filtering means
influences the processing of an input signal for the feedback reduction filtering means.
Accordingly, the feedback suppression depends on the feedback compensation and
advantages of both filtering methods can result is a desirable synergetic effect.

The method and the system according to claims 1 and 14, respectively, solve the
above-mentioned problems in improving the sound quality and, in particular, speech
intelligibility in speech signal processing. Acoustic feedback effects, in particular, in
communication systems used in closed rooms, e.g., vehicular cabins, are reduced
with a higher efficiency and reliability than described in the art. Besides, some in-
crease of volume above the presently tolerable levels may be possible without an in-

tolerable loss in signal quality.

The combined usage of feedback suppression and feedback compensation filter struc-
tures results in a stable feedback reduction without significant oscillations of the sup-
pression characteristics. ldeally, feedback effects are reduced below perceptibility.

According to one embodiment of the method a first input signal for the adaptive feed-
back suppression filtering means can be generated on the basis of the adapted filter
coefficients of the adaptive feedback compensation filtering means and the filter coef-
ficients of the adaptive feedback suppression filtering means can be adapted on the
basis of the first input signal.

The feedback compensation filtering means can be used to estimate an impulse re-
sponse and the filter coefficients are accordingly adapted. If the thus adapted com-
pensation filtering means is used to generate the first input signal for the feedback
suppression filtering means, the dependence of the latter on the compensation filter is
realized in an efficient way. Consequently, the output signal profits from both filtering
processes that do not operate independently from each other giving rise to an im-
proved intelligibility of the speech signal.
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Further, the processing by the adaptive feedback suppression filtering means can be
performed in a signal path and in a non-signal path, the adaptation of the fiiter coeffi-
cients of the adaptive feedback suppression filtering means can be performed in the
non-signal path and subsequently the adapted filter coefficients can be used in the

signal path.

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 artifacts due
to the feedback compensation being mixed with the output signal. Different from the
art such artifacts generated during the adaptation of the compensation filtering means
only influence the signal input, i.e. a working signal, in the shadow path and not the

output audio signal.

After completion of the adaptation of the suppression filtering means on the basis of
the achieved filter coefficients of the compensation filtering means, the adapted filter
coefficients may be used without modifications in the signal path to generate one or
more rather accurate feedback components that can be subtracted from the micro-
phone 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 particu-
lar applications, however, some modifications of the filter coefficients obtained in the
shadow path may be carried out before using them in the signal path. '

According to one specific realization of the disclosed 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 re-
sult of an estimated impulse response obtained by the adaptive feedback compensa-
tion filtering means and feedback components of the microphone signal previously
obtained by processing the microphone signal by the adaptive feedback suppression
filtering means, and
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the microphone signal be input in the signal path.

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 for feedback
components by the feedback suppression fitering means. At the beginning of the
processing of the microphone signal, the feedback components may be primarily ob-
tained by some pre-determined filter coefficients. 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 méans of the
feedback compensation filtering means that provides an impulse response.

By this method, a particularly efficient realization of the entire feedback reduction
comprising feedback suppression in dependence on feedback compensation is
achieved. Artifacts generated by the feedback compensation filtering means only in-
fluence the working signal rather than affecting the output signal directly. The neces-
sary algebraic manipulations can be performed efficiently by robust and well-approved
algorithms known in the art.

The usage of an adaptive or non-adaptive decorrelation filtering means may enhance
the convergence characteristics of the adaptation algorithms. No inverse decorrelation
filtering means is necessary, if the signal decorrelation occurs in the shadow path

only.

Alternatively, the following steps for audio signal processing with feedback reduction
may be performed. 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 estimated feedback signal obtained by the adaptive feedback
compensation filtering means from the microphone signal and the convolution resuit of
an estimated impulse response obtained by the adaptive feedback compensation fil-
tering means and feedback components of the microphone signal previously obtained
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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.

As a result, the feedback compensation is carried 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 advantageous for applications for, e.g., an

acoustic hearing apparatus.

Again, the usage of an adaptive or non-adaptive decorrelation filtering means may
enhance the convergence characteristics of the adaptation algorithms. An inverse
decorrelation filtering means is necessary, since the signal decorrelation occurs in the

signal path.

Accordingly, it is provided a method that further may comprise processing the first in-
put signal by an adaptive or non-adaptive decorrelation filtering means and processing
the output signal by an inverse decorrelation filtering means. The decorrelated signal
may be further noise reduced by an adaptive or non-adaptive noise reduction filtering

means.

The adaptive feedback suppression filtering means may comprise a finite impulse re-
sponse filter or an infinite impulse response filter.

Whereas finite impulse response (FIR) filters are stable, since no feedback branch is
provided, recursive infinite impulse response (IIR) 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 IIR
filters. The latter suffer, however, from the need of permanent stability checks.

Adaptation of the filter coefficients of the adaptive feedback suppression filtering
means and/or the adaptive feedback compensation filtering means can be performed
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on the basis of a normalized least mean square algorithm that provides a well ap-
proved and robust calculation means with satisfying convergence characteristics.

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 processed by
an adaptive and/or non-adaptive noise reduction filtering means.

If more than one microphone is used to detect audio signals, the microphone signal
used for the signal processing including feedback reduction may be obtained by an
adaptive or non-adaptive beamforming means that processes signals detected by at
least two microphones. Each of the microphones provides a microphone 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 proc-
essing by the feedback compensation and suppression filtering means.

The beamforrging means may comprise a blocking matrix and an adaptive noise can-
celing means’a means configured to subtract noise signals obtained by the adaptive
noise canceling means from beamformed signals. The intelligibility of the output audio,
in particular, speech signal is enhanced by this kind of noise reduction suitable for

processing signals coming from muitiple microphone channels.

Furthermore, the present invention provides a computer program product, comprising
one or more computer readable media having computer-executable instructions for
performing the steps of embodiments of the inventive method for audio signal
processing with improved feedback reduction as described above.

The system for audio signal processing with feedback reduction may comprise an
adaptive feedback compensation filtering means and an adaptive feedback suppres-
sion filtering means configured to be adapted on the basis of the adapted filter coeffi-
cients of the adaptive feedback compensation filtering means.

Also, the system may comprise means for generating a first input signal for the adap-
tive feedback suppression filtering means using the adapted filter coefficients of the
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adaptive feedback compensation filtering means, and the adaptive feedback suppres-
sion filtering means may be configured to be adapted on the basis of the first input

signal.

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.

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

Furthermore, the system may be configured to

generate the first input signal from the microphone signal and the convolution result of
an estimated impulse response obtained by the adaptive feedback compensation fil-
tering means and feedback components of the microphone signal previously obtained
by processing the microphone 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.

it may be desired that the system further comprises an adaptive or non-adaptive
decorrelation filtering means configured to process the first input signal.

According to one embodiment the system for audio signal processing with feedback

reduction may be configured to

generate the first input signal from a reduced microphone signal generated by a sub-
traction of an estimated feedback signal obtained by the adaptive feedback compen-
sation filtering means from the microphone signal and the convolution result of an es-
timated impulse response obtained by the adaptive feedback compensation filtering



WO 2006/089595 PCT/EP2006/000197

i1

means and feedback components of the microphone signal previously obtained by
processing the reduced microphone signal by the adaptive feedback suppression fil-

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

input the microphone signal reduced by an estimated impulse response that is ob-
tained by the feedback compensation means in the signal path.

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 decorrelation filtering means configured to process the first
input signal and an inverse decorrelation filtering means configured to process the

output signal.

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.

The adaptive filtering systems used in the system may be configured to be adapted by
means of a normalized least mean square algorithm.

The system may further comprise adaptive and/or non-adaptive noise reduction filter-

ing means.

Moreover, the system can further comprise a microphone array comprising at least
two microphones and an adaptive or non-adaptive beamforming means. If a micro-
phone array is used to detect local signals, the microphone array may comprises at

least one directional microphone.

Furthermore, the present invention is directed to the use of the previously de-
scribed systems in a vehicle communication system. An improved feedback
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reduction is particularly desirable in the acoustically challenging context of
communication of the passengers in vehicular cabins.

In addition, it is provided a vehicle communication system for a vehicle comprising one
of the above-described systems for audio signal processing with feedback reduction.
The system may also comprise directional microphones and loudspeakers located in
the vicinity of each seat of the vehicle.

The invention also provides an acoustic hearing apparatus comprising one of the sys-
tems described above. In particular, a system performing feedback compensation 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 feedback reduction structure as compared to the art.
In addition, the effectiveness of feedback reduction is more independent of the fast
changing conditions of the feedback path.

Additional features and advantages of the invention will be described with reference to

the drawings:

Figure 1 is a block diagram illustrating an embodiment of the method for feedback
reduction comprising feedback suppression in the signal path and feedback compen-
sation in the shadow path.

Figure 2 is a block diagram illustrating an embodiment of the method for feedback
reduction comprising both feedback suppression and feedback compensation in the

signal path.

Figure 3 illustrates a vehicle communication system according to an embodiment of
the present invention comprising microphones and loudspeakers provided for each
vehicle seat and a signal processing system comprising feedback suppression and

compensation filtering means.
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In the description, reference is made to the accompanying figures that are meant to
illustrate preferred embadiments of the invention. It is to be understood that such em-
bodiments do not represent the full scope of the invention. Similar elements in differ-
ent Figures have been given the same reference numerals for purposes of consis-

tency and simplicity.

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 commu-
nication party, which is to be output with minimized disturbances to another party.

in addition to the local signal, s(n), the microphone 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 loudspeaker-room-
microphone-system — consists of a mixture 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.

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 micro-
phone signal y(n) where n is the frequency bin. If instead of one microphone, a micro-
phone array is used, e.g., an array of directional microphones, the pre-processing may
include a time-delay of the different microphone signals. For each microphone signal
the time delay has to be computed and compensated, based, e.g., on the geometry of
microphones, in order to synchronize the microphone signals corresponding to a de-
sired target signal. The delays correspond to the acoustic time delays for sound travel-
ing with sound velocity and coming from different directions and/or positions.

Furthermore, an adaptive weighted-sum beamforming means may be empioyed that
combines the pre-processed, in particular, time delayed signals of the muitiple micro-
bhones to obtain one resulting beamformed signal — herein also named microphone
signal for simplicity - y(n) with an improved signal-to-noise ratio. The beamforming
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means may contain an adaptive blocking matrix as well as an adaptive noise cancel-

ing filter.

The microphone signal y(n) has to be corrected for feedback contributions included in
the finite impulse response h(n). An adaptive feedback suppression filtering means 3
with a coefficient vector c(n) is therefore provided to reduce acoustic feedback effects.
According to the presently discussed embodiment, this filtering means is a finite im-
pulse response (FIR) filter, i.e. there is no feedback branch for the filtered signal and
the phases of the signals are not affected. If acoustic feedback effects occur at par-
ticular frequencies, the FIR filter tries to suppress these frequencies.

Before any filtering process the microphone signal 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 respec-
tive 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 particular, 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 artificially by
a human communication partner. Desirably the filter contains from 80 to 120 filter co-
efficients, if a sampling rate of 16 kHz is assumed. The filter coefficients can be calcu-

lated by, e.g., an NLMS algorithm.

In the art the FIR filter is adapted using the microphone 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 generated (working) signal y(n)is used instead

of y(n). The signal y(n) is generated by means of a feedback compensation filtering

means 5 comprising the vector of adaptable filter coefficients };(n) . As for the FIR filter

the feedback compensation filtering means may be realized by several filter compo-
nents working independently, e.g., in different frequency ranges.

By means of the feedback compensation filtering 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 im-
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pulse response an estimated feedback signal é(n) can be obtained. The signal e(n)

obtained by subtracting the estimated feedback signal &(n) from the microphone sig-

nal y(n) is used for the subsequent adaptation of the compensation filtering 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.

To obtain the respective working signal ¥(») 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 unit 4 and subsequently the feedback components #(n) are sub-
tracted from y(n) by the feedback suppression filtering means 3. Convolution of the
feedback components #(n) with the estimated impulse response and adding the con-
volution result to the microphone signal y(n) results in the working signal y(n). Sub-
sequently, y(») is used as an input signal for the feedback suppression filtering
means 3’ that, according to the presently described embodiment, does not include a
feedback path.

Adding of the convolution of the feedback components with the estimated impulse
response is only performed in the background, i.e. the shadow path, rather than the
actual signal path. The signal 5(n)is not used for the audio signal output from the sig-
nal processing structure but is used for the adaptation of the (background 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). Adap-
tation is carried out optimizing for the shadow path output #(n) that results from sub-

tracting feedback components from the microphone signal in the shadow path.

The adaptation of the suppression filtering means 3’ and accordingly 3 may preferably
be performed with relatively small step sizes, e.g., from 10% to 10%, if a variant of the
NLMS algorithm is used.
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As an alternative to the FIR filter used in the above described example, some infinite
" impulse response (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.

Furthermore, the feedback suppression filtering means 3’ can be enabled to converge
faster by processing the working signal ¥(n) by a decorrelation filter (not shown) be-

fore 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 em-
ployed. The decorrelation filter itself may be an adaptive one. '

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.

As in Figure 1 a microphone 1, or a microphone array, detects audio signals output by
a loudspeaker 2, or an 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.

By means of the adaptive compensation filter 5 comprising the vector of filter coeffi-

cients A(n), an impulse response is estimated and used to obtain an estimate for the
feedback signal c?(n) . which then is subtracted from the microphone signal y(n). This
subtraction results in the reduced signal e(n). A copy of the coefficient vector ﬁ(n) 5
is used to generate the signal &(n) that after time delay 4’ is input in the feedback

suppression filtering means 3'.

Convolution of the feedback components 7(n) with the estimated impulse response
and adding the convolution result to the signal e(n) resuits in the signal ¢(n) subse-
quently representing the input signal to the feedback suppression filter 3’ that may be

an FIR or and IIR filter, alternatively. Adaptation of the coefficient vector h(n) of the
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filter 3' is carried out my means of the signal €(n) optimizing for the resulting signal

#(n). A copy of I;(n) is used to correct the signal g{n) for feedback components 7(n)

by means of the adaptive feedback suppression filter 3. As a result of the signal proc-
essing with feedback suppression the signal u(n) is output by the loudspeaker.

Usage of decorrelation and inverse decorrelation filters can fasten the adaptation
processes. If more than one microphone is used, a beamforming means may advan-
tageously be used. Additional employment of adaptive or non-adaptive noise reduc-

tion filters may be provided.

The example described with reference to Figure 2 can, e.g., advantageously be ap-
plied 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 appro-
priate choice of the feedback suppression filtering means 3 and 3, respectively.

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 loudspeak-
ers 2 are installed in the vehicular cabin. In particular, communication between front-
and back-passengers can be facilitated by means of the vehicle communication sys-

tem.

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

rected to the driver 6.

The signal processing means 9 and 10 are characterized by improved feedback re-
duction, i.e. the vehicle communication system comprises adaptive feedback suppres-
sion filters and feedback compensation filters as described, for example, with refer-
ence to Figures 1 and 2. This implies that the processing of signals input at the back
and output at the front 9 and the pracessing of signals input at the front and output at
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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.

All previously discussed embodiments are not intended as limitations but
serve as examples illustrating features and advantages of the invention. it is
to be understood that some or all of the above described features can also be
combined in different ways.
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Claims

1.

Method for processing a microphone signal to obtain an output signal with
acoustic feedback reduction, comprising

processing the microphone signal by an adaptive feedback suppression filter-

ing means;

processing the microphone signal by an adaptive feedback compensation filter-

ing means; and wherein

the processing by the adaptive feedback suppression filtering means is per-
formed in dependence on the processing by the adaptive feedback compensa-

tion filtering means.
Method according to Claim 1, wherein

a first input signal for the adaptive feedback suppression filtering means is
generated on the basis of the adapted filter coefficients of the adaptive feed-

back compensation filtering means, and .

the filter coefficients of the adaptive feedback suppression filtering means are
adapted on the basis of the first input signal.

Method according to claim 1 or 2, wherein

the processing by the adaptive feedback suppression filtering means is per-
formed in a signal path and in a non-signal path;

the adaptation of the filter coefficients of the adaptive feedback suppression fil-
tering means is performed in the non-signal path; and subsequently
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the adapted filter coefficients are used in the signal path.

Method according to claim 3, wherein the adapted filter coefficients are used
without modifications in the signal path.

Method according to claim 3 or 4, wherein
the first input signal is input in the non-signal path; and

the first input signal is generated from the microphone signal and the convolu-
tion result of an estimated impulse response obtained by the adaptive feedback
compensation filtering means and feedback components of the microphone
signal previously obtained by processing the microphone signal by the adaptive
feedback suppression filtering means, and

the microphone signal is input in the signal path.

Method according to one of the claims 2 - 5, further, comprising processing the
first input signal by an adaptive or non-adaptive decorrelation filtering means.

Method according to claim 3 or 4, wherein
the first input signal is input in the non-signal path; and

the first input signal is generated from a reduced microphone signal generated
by a subtraction of an estimated feedback signal obtained by the adaptive feed-
back compensation filtering means from the microphone signal and the convo-
jution result of an estimated impulse response obtained by the adaptive
feedback compensation 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
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14.
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the microphone signal reduced by the estimated impulse response that is ob-
tained by the feedback compensation means is input in the signal path.

Method according to claim 7, further comprising processing the first input signal
by an adaptive or non-adaptive decorrelation filtering means and processing
the output signal by an inverse decorrelation filtering means.

Method according to one of the above claims, wherein the adaptive feedback
suppression filtering means comprises a finite impulse response filter or an infi-
nite impulse response filter.

Method according to one of the above claims, wherein adaptation of the filter
coefficients of the adaptive feedback suppression filtering means and/or the
adaptive feedback compensation filtering means is performed on the basis of a
normalized least mean square algorithm.

Method according to one of the above claims, wherein the microphone signal
and/or the output signal is processed by an adaptive and/or'non-adaptive noise
reduction filtering means.

Method according to one of the above claims, wherein the microphone signal is
obtained by an adaptive or non-adaptive beamforming means that processes

signals detected by at least two microphones.

Computer program product, comprising one or more computer readable media
having computer-executable instructions for performing the steps of the method
according to one of the Claims 1 - 12.

System for audio signal processing with feedback reduction, comprising

an adaptive feedback compensation filtering means; and
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an adaptive feedback suppreséion filtering means configured to be adapted on
the basis of the adapted filter coefficients of the adaptive feedback compensa-

tion filtering means.
System according to claim 14 further comprising

means for generating a first input signal for the adaptive feedback suppression
filtering means using the adapted filter coefficients of the adaptive feedback

compensation filtering means, and

wherein the adaptive feedback suppression filtering means is configured to be
adapted on the basis of the first input signal.

System according to claim 14 or 15, wherein the adaptive feedback suppres-

sion filtering means
comprises a signal path and a non-signal path; and is configured to
adapt its filter coefficients in the non-signal path; and

subsequently use the filter coefficients adapted in the non-signal path in the

signal path.

System according to claim 16, wherein the adaptive feedback suppression fil-
tering means is configured to use the filter coefficients adapted in the non-
signal path without modifications in the signal path.

System according to claim 16 or 17, configured to

generate the first input signal 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
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signal previously obtained by processing the microphone 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.

System according to one of the claims 15 - 18, further comprising an adaptive
or non-adaptive decorrelation filtering means configured to process the first in-

put signal.
System according to claim 16 or 17, configured to

generate the first input signal from a reduced microphone signal generated by
a subtraction of an estimated feedback signal obtained by the adaptive feed-
back compensation filtering means from the microphone signal and the convo-
jution result of an estimated impulse response obtained by the adaptive feed-
back compensation filtering means and feedback components of the micro-
phone signal previously obtained by processing the reduced microphone 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 compensation means in the signal path.

System according to claim 20, further comprising an adaptive or non-adaptive
decorrelation filtering means configured to process the first input signal and an
inverse decorrelation filtering means configured to process the output signal.

System according to one of the claims 14 - 21, wherein the adaptive feedback
suppression filtering means comprises a finite impulse response filter or an infi-
nite impulse response filter.
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System according to one of the claims 14 - 22, wherein the adaptive feedback
suppression filtering means and/or the adaptive feedback compensation filter-

. ing means are configured to be adapted by means of a normalized least mean

square algorithm.

System according to one of the claims 14 - 23, further comprising adaptive
and/or non-adaptive noise reduction filtering means.

System according to one of the claims 14 - 24, further comprising a micro-
phone array comprising at least two microphones and an adaptive or non-
adaptive beamforming means.

Acoustic hearing apparatus comprising a system according to one of the claims
14 - 24.

Vehicle communication system apparatus comprising a system according to
one of the claims 14 - 25.
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