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Description
Field of the Invention

[0001] The present invention relates to a system and a method for signal processing, in particular, speech signal
processing, with acoustic echo compensation. The invention particularly relates to echo compensation in multi-channel
systems exhibiting correlation between the individual channels.

Background of the Invention

[0002] Echo compensation is a basic topic in audio signal processing in communication systems comprising micro-
phones that detect not only the desired signal, e.g., a speech signal of a user of a speech recognition system or a hands-
free set, but also disturbing signals output by loudspeakers of the same communication system. In case of a hands-free
set, e.g., itis not desired that signals received from a remote party and output by loudspeakers at the near end are fed
again in the system by microphones at the near end and transmitted back to the remote party. Detection of signals by
the microphones that are output by the loudspeakers can result in annoying acoustic echoes that even may cause a
complete breakdown of the communication, if the acoustic echoes are not significantly attenuated or substantially re-
moved.

[0003] Inthe case of a speech recognition system used in a noisy environment a similar problem occurs. It has to be
prevented that signals different from the speech signals of a user are supplied to the recognition unit. The microphone
(s) of the speech recognition system, however, might detect loudspeaker outputs representing, e.g., audio signals
reproduced by audio devices as CD or DVD player or a radio. If these signals were not sufficiently filtered, the wanted
signal representing the utterance of a user would probably be embedded in noise to a degree that renders appropriate
speech recognition impossible.

[0004] Several methods for echo compensation have been proposed and implemented in communication systems in
recent years. Adaptive filters are employed for echo compensation of acoustic signals (see, e.g., Acoustic Echo and
Noise Control, E. Hansler and G. Schmidt, John Wiley & Sons, New York, 2004) that are used to model the transfer
function of the loudspeaker-room-microphone (LRM) - system by means of an adaptive finite impulse response (FIR)
filter. If multiple loudspeaker signals output by a number of loudspeakers separately, one filter has to be employed for
each loudspeaker.

[0005] US2003/0021389 A1 discloses a principal component analysis of two signals and the conversion of the signals
converted into two signals being put in an orthogonal relation, thereby generating two signals being non-correlated.
Those two signals are reproduced by speakers, and the voice generated fromthe speakers are collected by microphones.
The cross spectra of a signal as the result of subtracting an echo canceling signal from a voice collected by each
microphone, and a voice before it is generated from the speaker, are obtained. Those cross spectra are ensemble-
averaged for a predetermined period of time, and inverse Fourier transformed, thereby producing impulse response
estimation errors of each filter. Impulse responses of those filters are updated so as to cancel those impulse response
estimation errors

[0006] US 2003/0185402 A1 discloses a distortion manager and a method of managing distortion for use with an
acoustic echo canceller. In one embodiment, the distortion manager includes a coherence ascertainer coupled to an
adaptive distortion adder. The coherence ascertainer determines a coherency between audio streams and the adaptive
distortion adder selectively adds non-linear distortion to at least one of the audio streams based on the coherency.
[0007] In multi channel systems, however, a severe problem arises when the individual channels show significant
correlation as, e.g., in the case of multiple microphones detecting the utterances of a speaker. In the case of correlation
between individual channels, the process of adapting the echo compensation filters, i.e. the recursive calculation of the
respective filter coefficients, may not converge to the desired impulse response of the LRM system, since, e.g., portions
of the signals output by one loudspeaker and detected by one microphone might be compensated by an echo compen-
sation filter intended to echo compensate signals output by another loudspeaker and detected by another microphone.
[0008] In multi channel communication the optimization of the echo compensation filtering means, in particular, de-
pends on the exact position of a speaker. Thus, any movement of the speaker requires a re-calculation of the filter
coefficients.

[0009] Theabove-mentioned convergence problem results fromthe non-uniqueness of the adaptation problem. Known
approaches to re-establish uniqueness include time delay of the signals in individual channels and the introduction on
non-linearities in the channel paths (see, e.g., Investigation of Several Types of Nonlinearities for Use in Acoustic Echo
Cancellation, D.R. Morgan, J.L. Hall and J. Benesty, IEEE Transactions on Speech and Audio Processing, Vol. 9, No.
6, p. 686, September 2001; A Stereo Echo Canceller with Correct Echo-Path Identification Based on an Input Sliding
Technique, A. Sugiyama, Y. Joncour and A. Hirano, IEEE Transactions on Signal Processing, Vol. 49, No. 11, p. 2577,
November 2001).
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[0010] The main drawback of such methods, however, is given by the fact that such kinds of de-correlation of the
multi channel signals necessarily introduce perceivable artifacts that deteriorate the quality of the reproduced audio
signals and, in particular, the intelligibility of speech signals.

[0011] Thus, despite the engineering process in recent years there is still a problem in de-correlating multi channel
signals without deteriorating the output audio signals significantly.

Description of the Invention

[0012] The above mentioned problem is solved by a method for multi channel echo compensation according to claim
1 comprising providing a first audio signal (x,) in a first channel and a second audio signal (x,) in a second channel;
de-correlating the first (x;) and the second (x,) audio signals to generate a first (X;) de-correlated audio signal and a
second (X,) de-correlated audio signal;

outputting the first de-correlated audio signal (X;) by a first loudspeaker to generate a first loudspeaker signal and the
second de-correlated audio signal (X,) by a second loudspeaker to generate a second loudspeaker signal;

detecting the first and second loudspeaker signals and a wanted signal by at least one microphone to generate at least
one microphone signal (y); and

echo compensating the at least one microphone signal (y) by adapting the filter coefficients of an echo compensation
filtering means to generate an echo compensated signal (e);

wherein

the de-correlating of the first (x4) and the second (x,) audio signals includes controlling the value of a time-varying
parameter () on the basis of an adaptation state of the echo compensation filtering means (20) and generating the first
and second de-correlated audio signals (X4, X5) by applying time-varying all-pass filtering followed by adaptive non-linear
processing to the provided first and second audio signals (x4, Xo), said time-varying all-pass filtering using the time-
varying parameter ().

[0013] The two channels may be two stereo channels or two of multiple channels of a multi channel audio system. At
least one loudspeaker is provided for each individual channel. A microphone is intended to detect a wanted signal
different from the loudspeaker signals and it undesirably also detects loudspeaker signals that are to be reduced or
substantially removed from the microphone signal by echo compensating.

[0014] The echo compensation is performed by an adaptive echo compensation filtering means. The echo compen-
sation filter coefficients are adjusted dynamically for each channel separately in order to improve the quality of the
microphone signal, in particular, the intelligibility of a speech signal detected by the microphone and subsequently
transmitted, e.g., to a remote party in the context of a communication system.

[0015] The first and second audio signals are de-correlated in dependence on the performance of the echo compen-
sation filtering means, i.e. the adaptation state due to the dynamically adapted filter coefficients. If the echo compensation
filtering means is not well adapted for echo compensating the microphone signal, the de-correlating will relatively strongly
modify the provided audio signals. If, e.g., the performance of the echo compensation filtering means is considered
satisfying, the de-correlating may even by omitted (for determining the performance / adaptation state of the echo
compensation filtering means see discussion below).

[0016] By de-correlating the audio signals in a dynamic response to the echo compensation, the quality of the obtained
echo compensated microphone signal is enhanced significantly and reliably. Moreover, artifacts introduced by the de-
correlation step can be reduced to a minimum that is necessary to guarantee the intelligibility of echo compensated
speech signals. These signals can, e.g., be transmitted via a telephone to a remote party.

[0017] Preferably, the correlation of the provided audio signals can be determined and the de-correlating can be
controlled in dependence on the determination result. The correlation degree may be determined as it will be discussed
below. If the correlation is considered negligible, no de-correlating is necessary at all. In this case processing is most
simple and no artifacts are introduced by the de-correlating step. Strong correlation, on the other hand, demands for
significant de-correlation still performed in dependence on the adaptation state of the echo compensation filtering means.
[0018] The correlation, in general, may be calculated by the short time correlation of the provided audio signals.
Alternatively, the correlation property may be judged from the short time coherence (herein considered as a measure
for the correlation of the provided signals) and the de-correlating may be only performed, if the short time correlation or
short time coherence or a mean value of one of these is determined to exceed a pre-determined level.

[0019] The mean short time coherence can be defined by averaging over frequency and time after discrete Fourier
transformation in a sub-band p

C(n)=AC(n-1)+(1-A) %C(Qu,n)
p=0
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with

|« X,(,.n) X*, (Q,.n) >
<[X(Q,.nf > <[X,(@Q,.n) >

c(Q,.n) = , with ue[O,N"—”]

2

with the Fourier spectra Xy »(€2u. ,n) for the p-th sub-band with the center frequency . of the discrete time point
(sampling instant n). The symbol < > indicates smoothing in time, e.g., by a 15t order infinite impulse response filter, and
the asterisk the complex conjugate. The number of the nodes (sampling points) of the discrete Fourier transform (DFT)
spectra is given by N and A denotes an arbitrary time constant, e.g., chosen from [0.0, 0.99]. Reasonable values for
the pre-determined threshold lie within [0.96, 0.99].

[0020] Inexperiments, the shorttime coherence has provento be a suitable measure (control parameter) for controlling
the de-correlating step in terms of the quality of the echo compensated microphone signal.

[0021] The de-correlating step may comprise or consist of time varying filtering and/or adaptive non-linear processing
of the provided first and second audio signal. The parameters of the non-linear processing and the filter coefficients of
the time-varying filtering are different for the provided first and the second audio signal. Itis again stated that the disclosed
method can be applied to more than two channels. By time-varying filtering a delay of the signal is introduced. By non-
linear processing a non-linearity is introduced in the signal path of the first and the second audio signal X; and X, e.g.,
according to

(+a,,) x,,(n), if x,,(n)>0

X,,(n) =
X,2(n), else

where the tilde denotes the eventually de-correlated signals and o is an arbitrary parameter representing the degree of
the non-linearity.

[0022] These kinds of de-correlating multi channel audio signals are very effective and relatively robust in terms of
convergence. In particular, the time-varyingfiltering may be carried out in a very efficient way by all-pass filtering according
to x' (n) _-B(n) x(n) + x(n-1) + B(n) xX'(n-1) where [ is a time-varying parameter, n is the discrete time index, x is an audio
signal of one channel and the prime denotes the filtered audio signal. The coefficient § is to be chosen different for each
channel and may be varied slowly in time with, e.g., B € [-0.1,0.1].

[0023] Accordingtoone preferred example of the herein disclosed method that has proven very successful in enhancing
the quality of the echo compensated microphone signal the following steps are performed subsequently:

determining the correlation of the first and the second audio signals and, only if the determined correlation is above
a pre-determined threshold;

time-varying filtering the first audio signal and/or the second audio signal; and
adaptive non-linear processing of the filtered first and/or the second audio signals

wherein the degree of the non-linearity depends on performance of the echo compensation filtering means and, thus,
on the adapted filter coefficients of the echo compensation filtering means.

[0024] As mentioned above the de-correlating, e.g., the choice of the degrees of the employed non-linearity o and/or
the time-varying filtering B, may be performed in dependence on the adaptation state / performance of the echo com-
pensation filtering means given by the adapted echo compensation filter coefficients.

[0025] Inseveral studies it turned out that a suitable measure for the adaptation state is given by the system distance
defined as
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Ny-1

D(n) = 10 logso (—':I: Z(ﬁzt,l(n)-*'ﬁzz.i(n)))

i=0

where n is the discrete time index, N is the length of the echo compensation filtering means (i.e. number of filter coeffi-
cients), Ny is a pre-determined number of sampling times and hy (n) and h, (n) denote the filter coefficients (representing
the impulse responses) of the echo compensation filtering means for the first and the second channel, respectively.
[0026] If after some period of a communication between a near and a remote party, a satisfying echo compensation
atthe near side was obtained, further de-correlating may become less important at the near side (as long as subsequently
multi channel audio signals provided by the remote party do not show a drastically increased correlation as compared
to previously provided signals). If at a later time the echo compensation fails to sufficiently enhance the quality of the
microphone signal, e.g., due to an abrupt movement of the speaker whose utterances represent wanted signals, then
de-correlating is re-activated or enforced.

[0027] The overall quality of the echo compensated microphone signal can be further enhanced by using one or more
directional microphones being part of at least one microphone array and generating different microphone signals and
beamforming these signals in order to obtain one beamformed microphone signal including a wanted signal, e.g., the
utterance of a speaker, as well as disturbing components to be reduced or substantially eliminated by echo compensation.
[0028] The beamforming allows for providing a particular directivity for the microphone array, e.g., by simply delay
compensation and summing of the individual microphone signals.

[0029] The present invention also provides a computer program product, comprising one or more computer readable
media having computer-executable instructions for performing the steps of the examples of the inventive method de-
scribed above.

[0030] The above mentioned problem is also solved by a system for signal processing including multi channel echo
compensation, the system comprising a de-correlation means (10) configured to de-correlate audio signals (x4, X5)
provided by a multi channel source (60) and to generate de-correlated audio signals (X4, X,) on the basis of the provided
audio signals (x4, x);

an adaptive echo compensation filtering means (20) configured to echo compensate microphone signals generated on
the basis of the de-correlated audio signals (X4, X) to obtain an echo-compensated signal (e);

wherein

the de-correlation means (10) is configured to generate the de-correlated audio signals (X4, X,) by applying a time-
varying all-pass filter (11) followed by an adaptive non-linear processing means to the audio signals (x4, x,), wherein
the time-varying all-pass filter (11) has a time-varying parameter () and wherein the system further comprises a control
means (50) configured to control the time-varying parameter () on the basis of an adaptation state of the echo com-
pensation filtering means (20).

[0031] The multi channel source may be, e.g., a radio, a CD or DVD player or may be part of a telephone or video
conference system. In a telephone or video conference system one channel can be assigned to each of the participants
of the conference. The decorrelation means may output the de-correlated signals to loudspeakers, at least one loud-
speaker for each channel. Each loudspeaker outputs only signals from one channel. A microphone being part of a
loudspeaker room microphone (LRM) system can detect a wanted signal, e.g. a speaker’s utterance, and the loudspeaker
signals that are generated on the basis of the de-correlated audio signals and, therefore, the microphone generates
microphone signals that are also based (via the detected loudspeaker signals) on the de-correlated signals generated
by the de-correlation means.

[0032] The microphone signal is subsequently processed by the echo compensation filtering means. The signal gen-
erated by the echo compensation filtering means can be input in the control means to further control the de-correlating
means on the basis of the echo compensated signals generated by the echo compensation filtering means. Thus, the
control means can directly judge the quality of the echo compensated signal.

[0033] The echo compensation filtering means comprises one set of filter coefficients for each channel separately.
Each set has to be dynamically adapted for each individual channel.

[0034] The de-correlation means may comprise a time-varying filtering means, in particular, a finite impulse response
delay filter with two filter coefficients only, or an all-pass filter and/or a non-linear processing means (see also discussion
above).

[0035] The control means controls the de-correlation means in dependence on the performance of the echo compen-
sation filtering means given by the adaptation state due to the adapted filter coefficients of the echo compensation
filtering means. Thereby, a high quality of the echo compensated microphone signal generated by the echo compensation
filtering means can be secured. In particular, in the case of a satisfying adaptation of the echo compensation filtering
means the de-correlation means may be controlled to only slightly modify the provided audio signals (e.g. by a relatively
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small degree of the non-linearity introduced by the non-linear processing means and/or a small time delay caused by
the time-varying filtering) or may be even de-activated in order to reduce the introduction of artifacts as much as possible.
[0036] The control means may advantageously further be configured to control the decorrelation means on the basis
of a correlation state of the audio signals provided by the multi channel source and also to determine the correlation
state on the basis of the value or a mean value of the short time correlation or short time coherence of the audio signals
provided by the multi channel source.

[0037] Accordingtoafurther example of the inventive systemfor signal processing the control means may be configured
to determine the adaptation state of the adaptive echo compensation filtering means on the basis of the system distance
measure

Ny -1

D(n) = 10 logso {% Z(r‘ﬁ.s(n)ar F\’z.a(n))] |

i=0

where n is the discrete time index, N is the length of the echo compensation filtering means, Nt is a pre-determined
number of sampling times and hy (n) and hy(n) denote the filter coefficients of the echo compensation filtering means
for the first and the second channel, respectively. If D(n) exceeds a pre-determined value the control means may control
the de-correlation means to only slightly modify audio the provided by the multi channel source or may even de-activate
the de-correlation means. If after some time, e.g., caused by changes of the LRM system the distance measure falls
below the threshold the de-correlation means is activated (again) or is controlled to de-correlate the provided audio
signals more significantly.

[0038] The estimation of the system distance as well as the adaptation of the filter coefficients of the time-varying
filtering means, in particular, the all-pass filter need not to be performed for each sampling instant but, e.g., once a
second only.

[0039] The herein disclosed system may in a further embodiment comprise a microphone array comprising at least
one directional microphone and a beamforming means configured to receive microphone signals from the microphones
of the microphone array and to generate a beamformed microphone signal (y) on the basis of the individual microphone
signals. Beamforming is a well-known method to enhance the quality of microphone signals with respect to wanted
signals that are embedded in noise.

[0040] The system may also comprise a General Sidelobe Canceller, see, e.g., "An alternative approach to linearly
constrained adaptive beamforming", by Giriffiths, L.J. and Jim, CW., IEEE Transactions on Antennas and Propagation,
vol. 30., p.27, 1982, consisting of two signal processing paths: a first (or lower) adaptive path with a blocking matrix and
an adaptive noise cancelling means and a second (or upper) non-adaptive path with a fixed beamformer. Instead of the
fixed beamformer an adaptive one might be chosen as well.

[0041] The present invention also provides a hands-free set and a speech recognition system each comprising one
of the examples of the system for signal processing as described above which is particularly useful is such devices.
[0042] Moreover, a vehicle communication system comprising one of the examples of the system described above
and/or the mentioned hands-free set and/or the mentioned speech recognition system and a telephone or video con-
ference system comprising one of the examples of the inventive system described above is provided. The conference
system may also comprises the hands-free set mentioned above.

[0043] Additional features and advantages of the present invention will be described with reference to the drawings.
In the description, reference is made to the accompanying figures that are meant to illustrate preferred embodiments of
the invention. It is understood that such embodiments do not represent the full scope of the invention.

[0044] Figure 1 shows aflow diagram illustrating basics of an example of the inventive method comprising time-varying
filtering and non-linear processing of an acoustic input signal.

[0045] Figure 2 shows an example of the inventive systems for signal processing comprising a de-correlation means
controlled by a control means and an echo compensation filtering means.

[0046] Figure 3 shows an example of the inventive systems for signal processing comprising a time-varying filtering
means and non-linear processing means both controlled by a control means as well as an echo compensation filtering
means.

[0047] The control according to one example of the method for multi channel echo compensation disclosed herein is
described in the following with reference to Fig. 1. Consider a case in which in a loudspeaker-room-microphone system
being part of a multi channel communication system a microphone detects loudspeaker signals output by several loud-
speakers each outputting a signal of one individual channel.

[0048] Echo compensation of the microphone signal generated by the microphone is activated 1, i.e. filter coefficients
of an echo compensation filtering means are adjusted in order to reduce acoustic echoes caused by the loudspeaker
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signals detected by the microphone. After echo compensation has been activated, the next sampling instant or signal
frame received 2 from a remote communication party might be pre-processed for de-correlation before output by the
loudspeakers. Here and in the following examples, it is assumed that two separate audio channels are present, asin a
stereo system. Restriction to two channels is, however, only due to explanatory simplicity and the method and system
disclosed herein is by no means actually restricted to two channels.

[0049] According to the present example, the mean short time coherence of the signals of the first and the second
channel is calculated by averaging over frequency and time

C(n)=AC(n-1)+(1-A) Nf"ncm,,,n)
with

< X,(Q,.n) X*, (Q,.n) >
<[X(Q,.n)f > <X,(Q,.n) >

c(Q,.n) =

. N
, with 0,—2FC
it veotar]

with the Fourier spectra Xy 5(€2,,,n) for the p-th sub-band with the center frequency Q. of the discrete time point (sampling
instant n). The symbol < > indicates smoothing intime, e.g., by a 15t order infinite impulse response filter, and the asterisk
the complex conjugate. The number of the nodes (sampling points) of the discrete Fourier transform (DFT) spectra is
given by Npgr. It should be noted that in the terminology known by the skilled person C(Qu. ,n) is given by the ratio of
the root mean square of the cross periodogram, i.e. the root mean square of the complex short time cross power density
spectrum, and the product of the auto periodograms. The time constant A may be chosen from [0.9, 99].

[0050] If the mean short time coherence exceeds a pre-determined value, e.g., a value chosen from [0.96, 0.99], de-
correlation will be performed as described below. If the threshold is not reached, no de-correlation will be performed or
any de-correlating performed for former samples will be deactivated 4, respectively.

[0051] In the present example, de-correlating is performed at two stages. First, time-varying all-pass filtering is per-
formed 5 for both the signal of the first and the second channel

Xi,2(n) = -B1.2(n) X1.2(N) + x1.2(n-1) + B1.2(n) X;,(n-1)

where X, , is the received signal of the first or the second channel, respectively, 3 is a time-varying parameter that is
chosen differently for each channel, n is the discrete time index and the dash indicates the respective filtered signals.
Ifthe parameter 3 is changed sufficiently slowly, the modifications of the absolute value of frequency response is negligible.
[0052] The parameter B(n) may, e.g., be kept constant over multiple sampling instants, say over a period of one
second, at a value of §(n) = 0.1 and will subsequently be changed to 3(n) _-0.1 by linear interpolation over 200 sampling
instants. Such a modeling hardly results in perceivable artifacts in the loudspeaker signals. However, the obtained de-
correlation of the signals of the two channels is not sufficient.

[0053] Thus, the time-varying filtering is complemented by non-linear processing 7 of the filtered signals X'y » (n). It
should be noted, however, that the all-pass filtering already secures a minimum convergence velocity for the overall
adaptation and the following non-linear processing. The latter is performed by a non-linear characteristic according to

(1+a,,) X ,(n), if xi,(n)>0

%, (n) =
X;.(n), else

where the tilde denotes the eventually de-correlated signals and o is an arbitrary parameter representing the degree of
the non-linearity. When first activated the non-linear processing according to the above equation may be carried out,
e.g., witho =0.7.
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[0054] The degree of the non-linearity o can, however, be adapted rather than it is constant throughout the commu-
nication process. In fact, the system distance D(n)

Ny-1

D(n) = 10 log1o (Nﬁ 2(521_.(n)+ﬁ22-a(n)))

T =0

is periodically determined 6, where N is the length of the echo compensation filtering means used for echo compensation,
N+ is a pre-determined number of sampling times and h4(n) and hy(n) denote the filter coefficients of the echo compen-
sation filtering means for the first and the second channel, respectively.

[0055] The system distance is a measure for the performance of the employed echo compensation filtering means.
The better the echo compensation is achieved the lower the degree of the non-linearity is chosen. By controlling a(n)
on the basis of the system distance, artifacts in the processed audio signals can be kept low. A mapping from the system
distance to afn) to be chosen suitably for the non-linear processing can be performed by means of a stored appropriate
characteristic or table. It is considered sufficient to re-determine the system difference only after the parameter (3 of the
above time-varying filtering has been varied (e.g. every one second).

[0056] As an example, in the above control process the parameter a(n) of the non-linear processing (in this case, a
kind of half-wave rectifying) may be set 7 for one channel according to

(0.7, if D(n)>-15dB,

0.5, if-15dB >D(n) > -20dB,
a(n)=40.3, if -20dB >D(n) > -25 dB,
0.2, if-25dB >D(n)>-30dB,
0.1, else.

[0057] By the above mentioned example for controlling the de-correlating of multi channel signals after some seconds
of communication the degree of the employed non-linearity can be reduced as much as necessary to avoid audible
artifacts. If after a satisfying overall adaptation / performance of the employed echo compensation filtering means, the
LRM system significantly changes, a(n) is increased again until echo compensation is again successful.

[0058] Figure 2 shows an illustration of the inventive systems for signal processing. Two acoustic signals, x4(n) of a
first channel and x,(n) of a second channel, are received by a de-correlation means 10. The de-correlation means is
configured to generate decorrelated signals x4(n) and x,(n) based on the received signals. The de-correlated signals
are received by loudspeakers 30 being part of an LRM system. Loudspeaker signals generated by the loudspeakers 30
on the basis of the received de-correlated signals x4(n) and x5(n) are detected by a microphone 40 that generates a
microphone signal y(n) based on the detected loudspeaker signals. In the shown example one of the loudspeakers 30
outputs a signal of one channel and the other loudspeaker outputs a signal of the other channel.

[0059] The signals x4(n) and xx(n) are also input in an echo compensation filtering means 20 that comprises filter
coefficients h4(n) and hy(n) for the first and the second audio channel, respectively. The filter coefficients are adapted
in order to model transfer functions of the LRM system. The estimates for the echo components for each channel d4(n)
and d,(n) are added (d(n)) and subtracted from the microphone signal y(n). As a result an echo compensated signal e
(n) is obtained.

[0060] However, according to the present example the acoustic input signals x;(n) and xx{n) are also received by a
control unit 50. This unit is configured to determine the degree of correlation of the signals x4(n) and xs(n), e.g., by
means of a method as described above that may be implemented in form of a software product running on a computer.
If the degree of correlation is determined to be below a pre-determined threshold, the de-correlation means 10 is de-
activated by the control means 50. In this case, the decorrelated signals x4(n) and x5(n) are identical to the received
input signals x4(n) and x(n), respectively. If the correlation exceeds some threshold de-correlation carried out by the
de-correlation means in re-activated or enforced.

[0061] The control unit 50 also receives information about the adaptation state of the echo compensation filtering
means 20 and the echo compensated signal e(n). Therefore, the control unit 50 can judge the adaptation performance
of the echo compensation filtering means, e.g., on the basis of the system distance discussed above. In dependence
on the adaptation performance, i.e. the effectiveness of the echo compensation, the impact of the de-correlation means
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10, i.e. the degree of de-correlating the received audio signals x4(n) and x,(n), is controlled by the control means 50.
[0062] In Fig. 3 an example of the inventive system is illustrated in some more detail. Audio signals x;(n) and x,(n)
are provided by a multi channel source 60. This source may be a radio or a CD player with two stereo channels. The
wanted signal detected by the microphone 40 and enhanced by the echo compensation filtering means 20 is supplied
to a telephone 70 for communication with a remote party. Signals of the remote party output by loudspeakers 30 after
processing as well as signals from any other the multi channel source 60 are to be reduced as much as possible. Ideally,
only utterances of a speaker using the microphone 40 were transmitted via the telephone 70 to the remote party.
[0063] Asinthe example of Fig. 2, de-correlated signals are received by the loudspeakers 30 to generate loudspeaker
signals that are undesirably detected by the microphone 40 according to the transfer of the LRM system, e.qg., in addition
to a speaker’s utterance intended to be submitted to a remote party. The corresponding microphone signal y(n) is echo
compensated by an echo compensation filtering means 20. A control unit 50 determines the correlation of the multi
channel signals x4(n) and x,(n) and only initiates the processing described below, if the determined correlation lies above
a pre-determined significance level.

[0064] The signals x4(n) and X,(n) are de-correlated by means of a time-varying filtering means 11 and 13 and a half-
wave rectifying means 12 and 14 provided for each channel. All-pass filter with time-varying parameters 34 »(n) are
employed that operate as described with reference to Fig. 1. The filter coefficients of the filters are controlled by the
control unit 50. It might be preferred that B4 5(n) are controlled on the basis of the performance of the echo compensation
filtering means, in particular the system distance D(n), determined by the control unit as described above.

[0065] The filtered signals of both channels X'y 5(n) will be received by half-wave rectifying means 12 and 14 operating
according to

to

(1+a,,) X] 5(n), if X{,(n)>0
-inz (n) =
X, ,(n), else

where the tilde denotes the eventually de-correlated signals and o is an arbitrary parameter representing the degree of
the non-linearity controlled by the control means 50 (see also discussion above). In practical applications, after initiation
of the decorrelation by the time-varying filtering means 11 and 13 and the non-linear processing means 12 and 14 o
can be reduced to values that no longer result in perceivable artifacts due to the enforced de-correlation after only a few
seconds.

[0066] Both examples shown in Figs. 2 and 3 can be generalized for an arbitrary number of individual channels in a
straightforward manner.

[0067] All previously discussed embodiments are notintended 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.

Claims

1. Method for multi channel echo compensation, comprising
providing a first audio signal (x4) in a first channel and a second audio signal (x,) in a second channel;
de-correlating the first (x4) and the second (x,) audio signals to generate a first (X;) de-correlated audio signal and
a second (X,) de-correlated audio signal;
outputting the first de-correlated audio signal (X;) by a first loudspeaker to generate a first loudspeaker signal and
the second de-correlated audio signal (X,) by a second loudspeaker to generate a second loudspeaker signal;
detecting the first and second loudspeaker signals and a wanted signal by at least one microphone to generate at
least one microphone signal (y); and
echo compensating the at least one microphone signal (y) by adapting the filter coefficients of an adaptive echo
compensation filtering means to generate an echo compensated signal (e);
characterized in that
the de-correlating of the first (x;) and the second (x,) audio signals includes controlling the value of a time-varying
parameter (j3) on the basis of an adaptation state of the echo compensation filtering means (20) and generating the
first and second de-correlated audio signals (X4, X5) by applying time-varying all-pass filtering followed by adaptive
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non-linear processing to the provided first and second audio signals (x4, X,), said time-varying all-pass filtering using
the time-varying parameter ().

The method according to claim 1, further comprising controlling the value of a degree of non-linearity (o) of the
adaptive non-linear processing on the basis of the adaptation state of the adaptive echo compensation filtering
means.

The method according to claim 2, further comprising determining the correlation of the first (x;) and the second (x,)
audio signals and wherein the step of de-correlating the first (x4) and the second (x,) audio signals is controlled by
the determined correlation of the first (x4) and the second (x,) audio signals.

The method according to claim 3, wherein the correlation is determined by calculating the short time correlation or
short time coherence of the first (x4) and the second (x,) audio signals and wherein the step of de-correlating is
controlled to be performed only if a value or a mean value of the short time correlation or the short time coherence
exceeds a pre-determined threshold.

The method according to one of the preceding claims, wherein the adaptation state of the adaptive echo compen-
sation filtering means (20) is determined on the basis of the echo-compensated signal (e) and/or the filter coefficients
of the adaptive echo compensation filtering means (20).

The method according to claim 5, wherein the step of determining the adaptation state of the adaptive echo com-
pensation filtering means (20) on the basis of the adapted filter coefficients of the adaptive echo compensation
filtering means (20) is performed by calculating a system distance D(n) according to the formula

Ny -1

D(n) =10 |Og1o (NN— Z(ﬁ%,a(n) +ﬁzz.i(n)))

T &0

where n is the discrete time index, N is the length of the echo compensation filtering means, N is a pre-determined
number of sampling times and h (n) and h,(n) denocte the filter coefficients of the echo compensation filtering means
for the first and the second channel, respectively.

The method according to one of the preceding claims, wherein the time-varying all-pass filtering is performed
according to the following formula

x'(n) = -B(n) x(n) + x(n-1) + B(n) x'(n-1)

where B is the time-varying parameter, n is the discrete time index, x is an audio signal of one channel and X' is the
filtered audio signal.

The method according to one of the preceding claims, wherein the detecting of the first and second loudspeaker
signals and the wanted signal is performed by more than one microphone arranged in at least one microphone
array comprising at least one directional microphone and further comprising beamforming of the signals generated
by the microphones to generate a beamformed microphone signal (y) as the at least one microphone signal.

Computer program product, comprising one or more computer readable media having computer-executable instruc-
tions for performing the steps of the method according to one of the claims 1-8.

System for multi channel echo compensation, comprising

a de-correlation means (10) configured to de-correlate a first and a second audio signal (x4, xo) provided in a first
and a second channel by a multi channel source (60) and to generate a first and a second de-correlated audio
signals (X4,X> ) on the basis of the provided audio signals (x4, Xo);

an adaptive echo compensation filtering means (20) configured to echo compensate at least one microphone signal

10
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generated on the basis of the de-correlated audio signals (X; X,) to obtain an echo-compensated signal (e);
characterized in that

the de-correlation means (10) is configured to generate the de-correlated audio signals (X4, Xo) by applying a time-
varying all-pass filter (11) followed by an adaptive non-linear processing means to the audio signals (x4, x,), wherein
the time-varying all-pass filter (11) has a time-varying parameter () and wherein the system further comprises a
control means (50) configured to control the time-varying parameter (B) on the basis of an adaptation state of the
echo compensation filtering means (20).

The system according to claim 10, wherein the adaptive non-linear processing means has a degree of non-linearity
(o) and wherein the control means (50) further comprises means configured to control the value of the degree of
non-linearity (o) on the basis of the adaptation state of the adaptive echo compensation filtering means (20).

The system according to claim 10 or 11, wherein the control means (50) is further configured to control the de-
correlation means (10) on the basis of a correlation state of the audio signals (x4, X,) provided by the multi channel
source (60).

The system according to one of the claims 10 - 12, wherein the control means (50) is configured to determine the
adaptation state of the adaptive echo compensation filtering means (20) on the basis of the echo-compensated
signal (e) and/or the filter coefficients of the adaptive echo compensation filtering means (20).

The system according to one of the claims 10-13. wherein the control means (50) is configured to determine the
adaptation state of the adaptive echo compensation filtering means (20) on the basis of the system distance measure

Ny -1

D(n) = 10 logo ['—:-l— Z(ﬁzu(n)+ ﬁzz,i(n)))

T =0

where n is the discrete time index, N is theAIength of tr)\e echo compensation filtering means (20), Ny is a pre-
determined number of sampling times and hy, (n) and h, (n) denote the filter coefficients of the adaptive echo
compensation filtering means (20) for the first and the second channel, respectively.

The system according to one of the claims 10-14, wherein the time-varying all-pass filter is configured to filter
according to the following formula

x’(n) = -B(n) x(n) + x(n-1) + B(n) x'(n-1)
where § is the time-varying parameter, n is the discrete time index, x is an audio signal of one channel and X' is the
filtered audio signal.
The system according to one of the claims 10-15, further comprising at least one microphone array comprising at
least one directional microphone and a beamforming means configured to receive signals from the microphones of
the atleast one microphone array and to generate abeamformed microphone signal (y) as the atleast one microphone
signal.
Hands-free set comprising the system according to one of the claims 10 -15.

Speech recognition system comprising the system according to one of the claims 10 -17.

Vehicle communication system comprising the system according to one of the claims 10-16 and/or the hands-free
set of claim 17 and/or the speech recognition system of claim 18.

Telephone or video conference system comprising one of the systems according to one of the claims 10 -16 and/or
the hands-free set of claim 17.
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Patentanspriiche

1.

Verfahren zur Multikanalechokompensation, das umfasst

Bereitstellen eines ersten Audiosignals (x4) in einem ersten Kanal und eines zweiten Audiosignals (x,) in einem
zweiten Kanal;

Dekorrelieren des ersten (x4) und des zweiten (x,) Audiosignals, um ein erstes (X;) dekorreliertes Audiosignal und
ein zweites (X,) dekorreliertes Audiosignal zu erzeugen;

Ausgeben des ersten dekorrelierten Audiosignals (X;) aus einem ersten Lautsprecher, um ein erstes Lautsprecher-
signal zu erzeugen, und des zweiten dekorrelierten Audiosignals (X5) aus einem zweiten Lautsprecher, um ein
zweites Lautsprechersignal zu erzeugen;

Detektieren des ersten und des zweiten Lautsprechersignals und eines Nutzsignals mit zumindest einem Mikrofon,
um zumindest ein Mikrofonsignal (y) zu erzeugen;

Echokompensieren des zumindest einen Mikrofonsignals (y) durch Adaptieren der Filterkoeffizienten einer adaptiven
Echokompensationsfiltereinrichtung, um ein echokompensiertes Signal (e) zu erzeugen;

dadurch gekennzeichnet, dass

das Dekorrelieren des ersten (x,) und des zweiten (x,) Audiosignals das Einstellen des Werts eines zeitabhéngigen
Parameters (B) auf der Grundlage eines Adaptionszustands der Echokompensationsfiltereinrichtung (20) und das
Erzeugen des ersten und zweiten dekorrelierten Audiosignals (X X,) durch Anwenden einer zeitabhéngigen Allpass-
Filterung gefolgt von einer adaptiven nichtlinearen Verarbeitung auf das bereitgestellte erste und zweite Audiosignal
(X4, Xo) einschlieBt, wobei die genannte zeitabhéngige Allpass-Filterung den zeitabh&ngigen Parameter () verwen-
det.

Das Verfahren geméfn Anspruch 1, das weiterhin das Einstellen des Werts eines Grads der Nichtlinearitat (o) der
adaptiven nichtlinearen Verarbeitung auf der Grundlage des Adaptionszustands der Echokompensationsfilterein-
richtung umfasst.

Das Verfahren gemén Anspruch 2, das weiterhin das Bestimmen der Korrelation des ersten (x4) und des zweiten
(Xo) Audiosignals umfasst, und in dem der Schritt des Dekorrelierens des ersten (x4) und des zweiten (x,) Audiosi-
gnals durch die bestimmte Korrelation des ersten (x4) und des zweiten (x,) Audiosignals gesteuert wird.

Das Verfahren geméf Anspruch 3, in dem die Korrelation durch Berechnen der Kurzzeitkorrelation oder Kurzzeit-
koh&renz des ersten (x4) und des zweiten (x,) Audiosignals bestimmt wird, und in dem der Schritt des Dekorrelierens
dahingehend gesteuert wird, dass er lediglich dann ausgefiihrt wird, wenn ein Wert oder ein Mittelwert der Kurz-
zeitkorrelation oder der Kurzzeitkohérenz eine vorbestimmte Schwelle Uberschreitet.

Das Verfahren gemaf3 einem der vorhergehenden Anspriiche, in dem der Adaptionszustand der adaptiven Echo-
kompensationsfiltereinrichtung (20) auf der Grundlage des echokompensierten Signals (e) und/oder der Filterko-
effizienten der adaptiven Echokompensationsfiltereinrichtung (20) bestimmt wird.

Das Verfahren geméf3 Anspruch 5, in dem der Schritt des Bestimmens des Adaptionszustands der Echokompen-
sationsfiltereinrichtung (20) auf der Grundlage der adaptierten Filterkoeffizienten der adaptiven Echokompensati-
onsfiltereinrichtung (20) durch Berechnen eines Systemabstands D(n) gemaf3 der Formel

D(n) = 10 log1o (r:l NT_1(H21,;(n)+ﬁzz,a(n)))

T i=0

ausgefhrt wird, in der n der diskrete Zeitindex jst, L die Lfinge der Echokompensationsfiltereinrichtung ist, N eine
vorbestimmte Anzahl an Abtastzeiten ist, und hy(n) und hy(n) die Filterkoeffizienten der Echokompensationsfilter-
einrichtung fir den ersten bzw. den zweiten Kanal bezeichnen.

Das Verfahren geméf3 einem der vorhergehenden Anspriche, in dem die zeitabhéngige Allpass-Filterung geman
der folgenden Formel ausgefihrt wird
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x'(n) = -B(n) x(n) + x(n-1) +B(n) x'(n-1)

in der B der zeitabhéngige Parameter ist, n der diskrete Zeitindex ist, x ein Audiosignal eines Kanals ist und X’ das
gefilterte Audiosignal ist.

Das Verfahren geman einem der vorhergehenden Anspriiche, in dem das Detektieren des ersten und zweiten
Lautsprechersignals und des Nutzsignals von mehr als einem Mikrofon ausgeftihrt wird, die in zumindest einer
Mikrofonanordnung angeordnet sind, die zumindest ein Richtmikrofon umfasst, und das weiterhin Beamforming der
Signale umfasst, die von den Mikrofonen erzeugt werden, um ein gebeamformtes Mikrofonsignal (y) als das zu-
mindest eine Mikrofonsignal zu erzeugen.

Computerprogrammprodukt, das ein oder mehrere computerlesbare Medien umfasst, die computerausfihrbare
Anweisungen zum Ausfihren der Schritte des Verfahrens gemaf einem der Anspriiche 1-8 aufweisen.

System zur Multikanalechokompensation, das umfasst

eine Dekorreliereinrichtung (10), die dazu ausgebildet ist, ein erstes und ein zweites Audiosignal (X4, Xo) zu dekor-
relieren, die von einer Multikanalguelle (60) in einem ersten und einem zweiten Kanal bereitgestellt werden, und
ein erstes und ein zweites dekorreliertes Audiosignal (X; X,) auf der Grundlage der bereitgestellien Audiosignale
(X4, Xo) zu erzeugen;

eine adaptive Echokompensationsfiltereinrichtung (20), die dazu ausgebildet ist, das Echo zumindest eines Mikro-
fonsignal, das auf der Grundlage der dekorrelierten Audiosignale (X4, X5) erzeugt wird, zu kompensieren, um ein
echokompensiertes Signal (e) zu erhalten;

dadurch gekennzeichnet, dass

die Dekorreliereinrichtung (10) dazu ausgebildet ist, die dekorrelierten Audiosignale (X4, X,) durch Anwenden eines
zeitabhangigen Allpass-Filters (11) gefolgt von einer adaptiven nichtlinearen Verarbeitungseinrichtung auf die Au-
diosignale (x4, Xo) zu erzeugen, wobei der zeitabhangige Allpass-Filter (11) einen zeitabhangigen Parameter (f3)
besitzt, und wobei das System weiterhin eine Steuereinrichtung (50) umfasst, die dazu ausgebildet ist, den zeitab-
héngigen Parameter () auf der Grundlage eines Adaptionszustands der Echokompensationsfiltereinrichtung (20)
einzustellen.

Das System gemaf3 Anspruch 10, in dem die adaptive nichtlineare Verarbeitungseinrichtung einen Grad einer
Nichtlinearitat (o) aufweist, und in dem die Steuereinrichtung (50) weiterhin eine Einrichtung umfasst, die dazu
ausgebildet ist, den Wert des Grads der Nichtlinearitat (o) auf der Grundlage des Adaptionszustands der adaptiven
Echokompensationsfiltereinrichtung (20) einzustellen.

Das System gemdf3 Anspruch 10 oder 11, in dem die Steuereinrichtung (50) weiterhin dazu ausgebildet ist, die
Dekorreliereinrichtung (10) auf der Grundlage eines Korrelationszustands der Audiosignale (x4, x,), die von der
Multikanalquelle (60) bereitgestellt werden, zu steuern.

Das System gemaf3 einem der Anspriiche 10 - 12, in dem die Steuereinrichtung (50) dazu ausgebildet ist, den
Adaptionszustand der adaptiven Echokompensationsfiltereinrichtung (20) auf der Grundlage des echokompensier-
ten Signals (e) und/oder der Filterkoeffizienten der adaptiven Echokompensationsfiltereinrichtung (20) zu bestim-
men.

Das System gemaf einem der Anspriche 10 -13, in dem die Steuereinrichtung (50) dazu ausgebildet ist, den
Adaptionszustand der adaptiven Echokompensationsfiltereinrichtung (20) auf der Grundlage des Systemabstands

Np-1/ A
D(n) = 10 logo (Nﬁ (h21,i(n)+ hzz,i(n))]
T -0

zu bestimmen, wobei n der diskrete Zeitindex ist, L die Ladnge der Echokompensationsfiltereinrichtung ist, Nt eine
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vorbestimmte Anzahl an Abtastzeiten ist, und ﬁ1 (n) und ﬁz(n) die Filterkoeffizienten der adaptiven Echokompensa-
tionsfiltereinrichtung (20) fr den ersten bzw. den zweiten Kanal bezeichnen.

Das System geméf einem der Anspriiche 10 - 14, in dem der zeitabhéngige Allpass-Filter dazu ausgebildet ist,
geman der folgenden Formel zu filtern

x'(n) = -B(n) x(n) +x(n-1) +B(n) x'(n-1)

in der B der zeitabhéngige Parameter ist, n der diskrete Zeitindex ist, x ein Audiosignal eines Kanals ist und X’ das
gefilterte Audiosignal ist.

Das System geman einem der Anspriiche 10 -15, das weiterhin zumindest eine Mikrofonanordnung umfasst, die
zumindest ein Richtmikrofon und eine Beamformer-Einrichtung, die dazu ausgebildet ist, Signale von den Mikrofonen
der zumindest einen Mikrofonanordnung zu empfangen und ein gebeamformtes Mikrofonsignal (y) als das zumindest
eine Mikrofonsignal zu erzeugen, umfasst.

Freihandeinrichtung, die das System gemaf einem der Anspriche 10-15 umfasst.

Spracherkennungssystem, das das System geméf3 einem der Anspriiche 10-17 umfasst.

Fahrzeugkommunikationssystem, das das System geman einem der Anspriiche 10 -16 und/oder die Freihandein-
richtung von Anspruch 17 und/oder das Spracherkennungssystem von Anspruch 18 umfasst.

Telefon- oder Videokonferenzsystem, das das System gemaf einem der Anspriiche 10-16 und/oder die Freihand-
einrichtung von Anspruch 17 umfasst.

Revendications

1.

2,

Procédé de compensation d’écho multicanal, comprenant les étapes consistant a :

fournir un premier signal audio (x4) sur un premier canal et un deuxiéme signal audio (X,) sur un deuxiéme canal ;
décorréler les premier (x;) et deuxiéme (x,) signaux audio pour générer un premier signal audio décorrélé (X,)
et un deuxieme signal audio décorrélé (X,) ;

délivrer le premier signal audio décorrélé (X,) par un premier haut-parleur pour générer un premier signal de
haut-parleur et le deuxieme signal audio décorrélé (X,) par un deuxieme haut-parleur pour générer un deuxieme
signal de haut-parleur ;

détecter les premier et deuxiéme signaux de haut-parleurs et un signal voulu par au moins un microphone pour
générer au moins un signal de microphone (y) ; et

compenser 'écho dudit au moins un signal de microphone (y) en adaptant les coefficients de filtrage de moyens
de filtrage de compensation d’'écho adaptatifs pour générer un signal a écho compensé (e) ;

caractérisé en ce que

la décorrélation des premier (x4) et deuxieme (x,) signaux audio comprend la commande de la valeur d'un
parametre variable dans le temps () sur la base d’un état d’adaptation des moyens de filtrage de compensation
d'écho (20) et la génération des premier et deuxieme signaux audio décorrélés (X, X,) en appliquant un filtrage
passe-tout variable dans le temps suivi d’un traitement non linéaire adaptatif aux premier et deuxieme signaux
audio (x4, Xo) fournis, ledit filtrage passe-tout variable dans le temps utilisant le paramétre variable dans le

temps (f3).
Procédé selon la revendication 1, comprenant en outre la commande de la valeur d’un degré de non linéarité (o)
du traitement non linéaire adaptatif sur la base de I'état d’adaptation des moyens de filtrage de compensation d'écho
adaptatifs.

Procédé selon la revendication 2, comprenant en outre la détermination de la correlation des premier (x,) et deuxiéme
(X5) signaux audio, et dans lequel I'étape de décorrélation des premier (x;) et deuxiéme (x,) signaux audio est
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commandée par la corrélation déterminée des premier (x4) et deuxiéme (X,) signaux audio.

Procédé selon la revendication 3, dans lequel la corrélation est déterminée par le calcul de la corrélation a court
terme ou de la cohérence & court terme des premier (x4) et deuxiéme (X,) signaux audio, et dans lequel I'étape de
décorrélation est commandée pour étre effectuée uniquement si une valeur ou une valeur moyenne de la corrélation
a court terme ou de la cohérence a court terme depasse un seuil prédéterminé.

Procédé selon 'une des revendications précédentes, dans lequel I'état d’adaptation des moyens de filtrage de
compensation d’écho adaptatifs (20) est déterminé sur la base du signal a écho compensé (e) et/ ou des coefficients
de filtrage des moyens de filtrage de compensation d'echo adaptatifs (20).

Procédeé selon la revendication 5, dans lequel I'étape de détermination de I'état d’adaptation des moyens de filtrage
de compensation d'écho adaptatifs (20) sur la base des coefficients de filtrage adaptés des moyens de filtrage de
compensation d’écho adaptatifs (20) est effectuée en calculant une distance de systéme D(n) selon la formule

O(n) = 10 logio (N'l'f@\’,‘.(n) +ﬁ’u(n)))

T -0

ou n est lindex temporel discret, N est la longueur des moyens de filtrage de compensation d’écho, Nt est un
nombre de fois d’échantillonnage prédéterminé et hy (n) et h, (n) désignent les coefficients de filtrage des moyens
de filtrage de compensation d’écho pour les premier et deuxiéme canaux, respectivement.

Procédé selon I'une des revendications précédentes, dans lequel le filtrage passe-tout variable dans le temps est
effectué selon la formule suivante

x'(n) = -B(n) x(n) + x(n-1) +B(n) x’(n-1)

ou B est le paramétre variable dans le temps, n est l'index temporel discret, x est un signal audio d’un canal et x’
est le signal audio filtre.

Procédé selon I'une des revendications précedentes, dans lequel la détection des premier et deuxiéme signaux de
haut-parleurs et du signal voulu est effectuée par plusieurs microphones agencés en au moins un réseau de
microphones comprenant au moins un microphone directionnel et comprenant en outre la formation en faisceau
des signaux générés par les microphones pour générer un signal de microphone en forme de faisceau (y) en tant
que dit au moins un signal de microphone.

Produit-programme informatique, comprenant un ou plusieurs supports pouvant étre lus par un ordinateur compor-
tant des instructions exécutables par un ordinateur pour effectuer les étapes du procédé selon 'une des revendi-
cations 1 a 8.

10. Systéme pour la compensation d’écho multicanal, comprenant :

des moyens de décorrélation (10) configurés pour décorréler des premier et deuxieme signaux audio (x4, X»)
fournis dans des premier et deuxiéme canaux par une source multicanal (60) et pour générer des premier et
deuxiéme signaux audio décorrélés (Xy, X,) sur la base des signaux audio (x4, X) fournis ;

des moyens de filtrage de compensation d'écho adaptatifs (20) configurés pour compenser un écho d’au moins
un signal de microphone généré sur la base des signaux audio décorrélés (X;, X,) pour obtenir un signal a écho
compense (e) ;

caractérisé en ce que

les moyens de décorrélation (10) sont configurés pour générer les signaux audio décorrélés (X, X,) en appliquant
un filtre passe-tout variable dans le temps (11) suivi de moyens de traitement non linéaire adaptatifs aux signaux
audio (x4, Xo), dans lequel le filtre passe-tout variable dans le temps (11) a un paramétre variable dans le temps
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(B), et dans lequel le systéeme comprend en outre des moyens de commande (50) configurés pour commander
le paramétre variable dans le temps () sur labase d’'un état d’adaptation des moyens de filtrage de compensation
d’'echo (20).

Systéme selon la revendication 10, dans lequel les moyens de traitement non linéaire adaptatifs ont un degré de
non lingarité (o), et dans lequel les moyens de commande (50) comprennent en outre des moyens configurés pour
commander la valeur du degré de non linéarité (o) sur la base de I'état dadaptation des moyens de filtrage de
compensation d'écho adaptatifs (20).

Systéme selon la revendication 10 ou 11, dans lequel les moyens de commande (50) sont en outre configurés pour
commander les moyens de décorrélation (10) sur la base d'un état de corrélation des signaux audio (x4, X,) fournis
par la source multicanal (60).

Systéme selon I'une des revendications 10 & 12, dans lequel les moyens de commande (50) sont configurés pour
déterminer I'état d’adaptation des moyens de filtrage de compensation d’écho adaptatifs (20) sur la base du signal
aécho compensé (e) et/ ou des coefficients defiltrage des moyens defiltrage de compensation d’écho adaptatifs (20).

Systéme selon I'une des revendications 10 & 13, dans lequel les moyens de commande (50) sont configurés pour

déterminer I'état d’adaptation des moyens de filtrage de compensation d’écho adaptatifs (20) sur la base de la
mesure de distance de systéme

Ny - - -
D(n) = 10 logy (-NE- Z(h’a,.(n) +h'u(n)))
T s

ou n est lindex temporel discret, N est la longueur des moyens de filtrage de compensation d'écho (20), Ny est un
nombre de fois d’échantillonnage prédéterminé et hy, (n) et A (n) désignent les coefficients de filtrage des moyens
de filtrage de compensation d’écho adaptatifs (20) pour les premier et deuxiéme canaux, respectivement.

Systéme selon I'une des revendications 10 a 14, dans lequel le filtre passe-tout variable dans le temps est configuré
pour effectuer un filtrage selon la formule suivante

x'{n) = -B(n) x(n) + x(n-1) + B(n) x’(n-1)
ou (B) est le parametre variable dans le temps, n est I'index temporel discret, x est un signal audio d’'un canal et X’
est le signal audio filtre.
Systéme selon I'une des revendications 10 a 15, comprenant en outre au moins un réseau de microphones com-
prenant au moins un microphone directionnel et des moyens de formation de faisceau configurés pour recevoir des
signaux des microphones dudit au moins un réseau de microphones et pour générer un signal de microphone en
forme de faisceau (y) en tant que dit au moins un signal de microphone.
Ensemble mains libres comprenant le systéme selon I'une des revendications 10 a 15.
Systéme de reconnaissance vocale comprenant le systéme selon I'une des revendications 10 a 17.
Systéme de communication de véhicule comprenant le systéme selon 'une des revendications 10 a 16 et / ou
'ensemble mains libres selon la revendication 17 et/ ou le systéme de reconnaissance vocale selon la revendication

18.

Systéme de téléphone ou de visioconférence comprenant un des systéemes selon I'une des revendications 10a 16
et/ ou 'ensemble mains libres selon la revendication 17.

16
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