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(57)  The present invention relates to a method for
echo compensation of at least one microphone signal (y
(n)) comprising an echo signal contribution due to a loud-
speaker signal (x(n)) in a loudspeaker-room-microphone
system, comprising the steps of converting at least a part
of the at least one microphone signal to microphone sub-
band signals (y,(n)) down-sampled by a first down-sam-
pling rate (r=r,*r,); converting the loudspeaker signal to
loudspeaker sub-band signals down-sampled by a sec-
onddown-sampling rate (r) less than the firstdown-sam-
pling rate (r) to obtain first loudspeaker sub-band signals;
storing the first loudspeaker sub-band signals down-

x{(n)

sampled by the second down-sampling rate; folding the
first loudspeaker sub-band signals with an estimate for
the impulse response of the loudspeaker-room-micro-
phone system in the predetermined number of sub-
bands; down-sampling the folded first loudspeaker sub-
band signals by a third down-sampling rate (r,) to obtain
for each of the predetermined number of sub-bands an
echo signal contribution (d,(n)) that is in effect down-
sampled by the first down-sampling rate; and subtracting
for each sub-band the estimated echo signal contribution
from the respective microphone sub-band signal to ob-
tain error sub-band signals (e, (n)).

Printed by Jouve, 75001 PARIS {FR)



10

15

20

25

30

35

40

45

50

55

EP 1 936 939 A1
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 by processing
of down-sampled sub-band signals.

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 wanted signal, e.g., a speech signal of a user of a speech recognition system or a hands-
free telephony set, but also disturbing signals output by loudspeakers of the same communication system that are
installed in the same room as the microphones. In case of a hands-free set, e.g., it has to be avoided that signals received
from a remote party and output by loudspeakers at the near end are fed again in the communication system by micro-
phones 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 removed.

[0003] In the 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 (impulse response) of the loudspeaker-room-microphone (LRM) - system by means of an adaptive finite impulse
response (FIR) filter.

[0005] One well-known method for adapting the echo compensation filter is based on the Normalized Least Mean
Square algorithm. However, convergence is known to be usually rather slow in the case of speech signals, since
consecutive signal sample are often correlated. Acceleration of the convergence characteristics, on the other hand,
demands for relatively high computing resources in terms of memory capacities and processor load. In order to contain
the need for high-performance computational means to a reasonable level, the signal processing is usually performed
in a down-sampled sub-band regime in which the computational complexity, in principle, can be reduced as compared
to the full-band processing.

[0006] The higher the down-sampling rate of the sub-band signals that are processed for echo compensation is
selected the more the computation costs can be reduced. However, in the art the choice of an appropriate down-sampling
factor is generally limited by the known problem of aliasing. Hann windows or other filters chosen show different aliasing
characteristics. Artifacts increase with increasing down-sampling rate and, moreover, the echo damping rate is insufficient
when the down-sampling rate exceeds some threshold.

[0007] Thus, despite the engineering progress in recent years there is still a problem in efficient echo compensation
of audio signals with a tolerable time-delay and, in particular, echo compensation in verbal hands-free communication.

Description of the Invention

[0008] The above mentioned problem is solved or at least alleviated by a method for echo compensation in a loud-
speaker-room-microphone system. At least one microphone signal (y(n)) comprising an echo signal contribution (d(n))
due to aloudspeaker signal (x(n)) is echo compensated. The provided method according to claim 1 comprises the steps of
converting at least a part of the at least one microphone signal (y(n)) to microphone sub-band signals (y,(n)) of a
predetermined number of sub-bands wherein the microphone sub-band signals (y, (n)) are down-sampled by a first
down-sampling rate;

converting the loudspeaker signal (x(n)) to loudspeaker sub-band signals down-sampled by a second down-sampling
rate less than the first down-sampling rate to obtain first loudspeaker sub-band signals;

storing the first loudspeaker sub-band signals down-sampled by the second down-sampling rate;

folding the first loudspeaker sub-band signals with an estimate for the impulse response of the loudspeaker-room-
microphone system in the predetermined number of sub-bands;

down-sampling the folded first loudspeaker sub-band signals by a third down-sampling rate to obtain for each sub-band
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(in which the microphone signal is divided) an echo signal contribution (au(n)) that is in effect down-sampled by the first
down-sampling rate; and A

subtracting for each sub-band the estimated echo signal contribution (d, (n)) from the respective microphone sub-band
signal (y,,(n)) to obtain error sub-band signals (e, (n)) (one for each sub-band).

[0009] Thesub-bandsignals (eM(n)) that represent echo compensated microphone sub-band signals can subsequently
be up-sampled by a predetermined up-sampling rate, in particular, the same rate as the first down-sampling rate (which
is the product of the second and third down-sampling rates), and synthesized to obtain an enhanced microphone signal.
The enhanced microphone signal can be transmitted to a remote communication party. It is to be understood, however,
that the sub-band error signals (e, (n)) may be subject to further processing before being up-sampled or synthesized.
[0010] The at least one microphone signal (y(n)) is detected by a microphone being part of the loudspeaker-room-
microphone (LRM) system. A loudspeaker signal (also referred to as a reference audio signal) (x(n)) is detected in
accordance with the actual impulse response of the LRM system and, thus, gives raise to an echo contribution (d(n))
that is present in the at least one microphone signal (y(n)). The at least one microphone signal (y(n)) also includes a
wanted signal, e.g., a speech signal of a local speaker, that is to be enhanced by echo compensation. It might be
preferred not to divide the entire microphone signal in sub-band signals that are processed for echo compensation but
only some part, e.g., including a pre-determined frequency range only, of the microphone signal. The impulse response
of the loudspeaker-room-microphone system is estimated/modeled by adaptive filter coefficients of an employed echo
compensation filtering means.

[0011] According to the inventive method the first loudspeaker sub-band signals are stored (e.g., in a ring buffer) for
the subsequent process of estimating for each sub-band (of a predetermined number of sub-bands in which both the
at least one microphone signal (y(n)) and the loudspeaker signal (x(n)) are divided) an echo signal contribution (d,,(n))
in the microphone sub-band signal (y,(n)). This estimation is performed on the basis of the first loudspeaker sub-band
signals, i.e. the estimation is generated using the stored loudspeaker sub-band signals (sampled at the second down-
sampling rate) but it is computed only at the first sampling rate (the one of the microphone sub-band signals). Estimating
the echo signal contribution and subtracting for each sub-band the estimated echo signal contribution from the respective
microphone sub-band signal is performed at the first down-sampling rate. According to this, the advantages of both
down-sampling rates (low aliasing terms for the lower down-sampling rate [reference signal] and low computational
complexity for the higher down-sampling rate [microphone signal]) canAbe exploited.

[0012] Since the process of estimating the echo signal contributions (d, (n)) is required only at the first down-sampling
rate, the computational complexity can be reduced by a large amount (compared to a setup that would operate entirely
at the second down-sampling rate). If the process of estimating the echo signal contributions was performed entirely at
the first sampling rate, only a very low cancellation quality due to large aliasing terms in the loudspeakers sub-band
signals, would be achieved.

[0013] The above described estimation process, that uses different sampling rates for the loudspeaker sub-band
signals (second down-sampling rate) and for the other signals, i.e., the microphone sub-band signals (y,,(n)), estimated
echo sub-band signals (d,(n)) and error sub-band signals (e, (n)), is able to achieve good aliasing properties for the
sub-band loudspeaker signals at a low computational complexity.

[0014] However, besides the stored first loudspeaker sub-band signals that are only down-sampled by the second
down-sampling rate that is less than the first one, the echo compensation process makes use of the estimated echo
signal contributions that are further down-sampled to the down-sampling rate of the microphone sub-band signals (y}L
(n)). These estimated echo signal contributions (or second filtered loudspeaker sub-band signals) are used for generally
more expensive operations included in the echo compensation process. Thus, compared to the art computer resources
are more effectively used and estimation of the echo contribution is performed faster with a lower memory demand.
[0015] Whereas, the second sampling rate is chosen to guarantee that (almost) no aliasing occurs, the sub-sequent
down-sampling by the third down-sampling rate may result in second loudspeaker sub-band signals exhibiting some
aliasing components. These second loudspeaker sub-band signals are used for such operations in the process of
estimating the impulse response of the LRM and, thereby, the echo contribution signals in the microphone sub-band
signals, that are not that much sensible to aliasing. A

[0016] According to one embodiment, the step of estimating the echo signal contributions (d, (n)) for the respective
sub-bands comprises the steps of adapting the filter coefficients of an echo compensation filtering means on the basis
of the stored first loudspeaker sub-band signals but down-sampled by the first down-sampling rate. In other word, only
some of the stored first loudspeaker sub-band signals are used for the adaptation process that is performed at the first
down-sampling rate.

[0017] Thus, the adaptation of the filter coefficients of an echo compensation filtering means which is the most ex-
pensive operation in the entire signal processing for echo compensation can be performed for the highest reasonable
down-sampling rate (e.g., of 128 for a number of 256 sub-bands) thereby saving memory and significantly reducing the
processor load as compared to the art. The third down-sampling rate may be chosen, e.g., from 2 to 4, e.g., as 2 or 3.
[0018] The filter coefficients of the echo compensation filtering means can efficiently be adapted for each sub-band,
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e.g., by the Normalized Least Mean Square algorithm, according to

x(n)e(n)

h(n+1)=h(n) + c(n) :
[x(m)]

for the signal vector x(n) = [x(n), x(n-1), .., x(n-N+1)]",

where N is the length of the filter ﬁ(n), | || denotes a norm, and the error signal e(n) = y(n) - d(n) = y(n) - GT(n) x(n). The
quantity c(n) describes the step-size of the adaptation process.

[0019] According to an embodiment of the herein disclosed method for echo compensation the at least a part of the
at least one microphone signal (y(n)) is converted to microphone sub-band signals and/or the loudspeaker signal (x(n))
is converted to loudspeaker sub-band signals by means of an analysis filter bank with, e.g., a first sampling rate that is
equal to half of the number of sub-bands comprising square-root Hann window filters and wherein the sub-band signals
(e,(n)) are up-sampled by a predetermined up-sampling rate, preferably, by the first sampling-rate mentioned above,
and synthesized by a synthesis filter bank comprising square-root Hann window filters to obtain the enhanced microphone
signal (/s\(n)).

[0020] Employment of square-root Hann windows is particularly efficient and robust in terms of stability and the square-
root of the Hann window functions are readily implemented. The length of the filters of the analysis and the synthesis
filter banks may be chosen identical and equal to the number of sub-bands in which the at least one microphone signal
and the reference audio signal are divided. Filter banks of M parallel filters may comprise one prototype low-pass filter
hgy(n) and modulated band-pass filters h;(n) = hy(n) wy, " with wy, = e2%M._ |n this case, only one filter has to be designed.
It is also noted that a very efficient implementation based on Discrete Fourier Transforms in the form of a polyphase
technique providing a fairly flat frequency response is available in this modulation approach.

[0021] Experiments have shown that good results for the echo compensation can be achieved when the pure Hann
window filters (no square-root) of the analysis filter bank are raised to the power of a predetermined first rational number,
in particular, 0.75, and pure Hann window filters of the synthesis filter bank are raised to the power of a predetermined
second rational number, in particular, 0.25, such that the sum of the first rational number and the second rational number
is 1. Since the analysis filter bank affects the quality of the eventually achieved enhanced microphone signal more than
the synthesis filter bank, the first rational number is preferably chosen larger than the second one.

[0022] As mentioned above the error sub-band signals may be further processed before being up-sampled and syn-
thesized. For example, the error sub-band signals (e, (n)) may by filtered by a noise reduction filtering means and/or a
residual echo suppression filtering means to further enhance the quality of the processed signal. By the noise reduction
filtering means background noise that might be present in the microphone signal (y(n)) and, thus, in the microphone
sub-band signals and error sub-band signals is suppressed. Some residual echo that might be still present in the error
sub-band signals is suppressed by the residual echo suppression filtering means as it is known in the art.

[0023] The inventive method according to one of the above examples can also be applied to the case of more than
one microphone signal. For example, a microphone array may be present in the LRM system providing a number of
microphone signals (channels) that are beamformed for enhancing the signal-to-noise ratio. For example, a delay-and-
sum beamformer may be used (or any other beamforming means known in the art).

[0024] Thus, in one variant of the above-described examples a number of microphone signals (y,(n)) each comprising
an echo signal contribution due to the loudspeaker signal (x(n)) is converted to microphone sub-band signals (y,, (n))
down-sampled by the first g\own-sampling rate;

echo signal contributions (d, (n)) are estimated for the microphone sub-band signals (y,, \(n)) of each of the number
of microphone signals (y,(n)); A

for each sub-bandthe respective estimated echo signal contribution (d,, (n)) is subtracted fromthe respective microphone
sub-band signal (y, x(n)) of each of the number of microphone signals (y,(n)) (for each microphone channel) to obtain
error sub-band signals (e, (n)) for each of the number of microphone signals (y,(n)); and it is performed
beamforming of the error sub-band signals (e, \(n)) for each of the number of microphone signals (y(n)) to obtain
beamformed error sub-band signals. A

[0025] The echo signal contributions (d,, (n)) are estimated by folding the first loudspeaker sub-band signals with an
estimate for the impulse response of the loudspeaker-room-microphone system in the predetermined number of sub-
bands for each of the number of microphone signals (y,(n)) and down-sampling the folded first loudspeaker sub-band
signals by the third down-sampling rate.

[0026] The presentinvention also provides a computer program product, comprising one or more computer readable
media having computer-executable instructions for performing the steps of one of the above examples for the herein
disclosed method for echo compensation.

[0027] The above-mentioned problem is also solved by a signal processing means for echo compensation of at least
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one microphone signal (y(n)) comprising an echo signal contribution (d(n)) due to a loudspeaker signal (x(n)), comprising
a first analysis filter bank configured to convert at least a part of the at least one microphone signal (y(n)) to microphone
sub-band signals (y,(n)) down-sampled by a first down-sampling rate;

a second analysis filter bank configured to convert the loudspeaker signal (x(n)) to loudspeaker sub-band signals down-
sampled by a second down-sampling rate less than the first down-sampling rate (r) to obtain first loudspeaker sub-band
signals;

a memory, in particular, a ring buffer configured to store the first loudspeaker sub-band signals that are down-sampled
by the second down-sampling rate (ry);

and

an echo compensation filtering means configured to fold the first loudspeaker sub-band signals with an estimate for the
impulse response of the loudspeaker-room-microphone system and to down-sample/{he folded first loudspeaker sub-
band signals by a third down-sampling rate (ry) to obtain echo signal contributions (d, (n)) down-sampled by the first
down-sampling rate (r =rq - ;) and to echo compensate the microphone sub-band signals (yu(p\)) by the echo signal
contributions (d,,(n)) to obtain echo compensated microphone sub-band signals (e, (n) =y, (n) - d,(n)).

[0028] The echo compensation by the echo compensation filtering means is performed based on the stored first
loudspeaker signals that are sampled at the second sampling rate but is computed only at the first rate, i.e. the one of
the microphone sub-band signals. It is the filling of the memory that is to be performed at the higher rate (ry); the more
expansive processing is performed at the lower rate.

[0029] The signal processing means may further comprise a synthesis filter bank configured to up-sample and syn-
thesize the echo compensated microphone sub-band signals (e, (n)) to obtain an enhance microphone signal(’s\(n)). The
up-sampling can be performed by the synthesis filter bank comprising an up-sampling means for up-sampling at the
same rate (by the same factor) as the first down-sampling rate.

[0030] According to one example, the signal processing means further comprises a residual echo suppression filtering
means and/or a noise reduction filtering means configured to filter the echo compensated microphone sub-band signals
(eM(n)) in order to suppress some background noise and/or a residual echo contribution that is not removed by the echo
compensation filtering means.

[0031] The first and the second analysis filter bank and the synthesis filter bank each may each comprise parallel
square-root Hann window filters. For the window filters of the first and the second analysis filter banks Hann windows
that are raised to the power of a predetermined first rational number, in particular, 0.75, and Hann window filters of the
synthesis filter bank raised to the power of a predetermined second rational number, in particular, 0.25, such that the
sum of the first rational number and the second rational number is 1, might be utilized preferably. The second rational
number may be chosen lower than the first one.

[0032] The signal processing means of one of the above examples may comprise a number of first analysis filter
banks each configured to convert one of a number of microphone signals (y,(n)) or at least a part of the number of
microphone signals (y,(n)) to microphone sub-band signals (y,, \(n)) down-sampled by a first down-sampling rate (i.e.
for each microphone channel a predetermined number of microphone sub-band signals (y,, ((n)) is generated); and
the echo compensation filtering means may be configured to echo compensate each of the microphone sub-band signals
(¥, k(n)) of each of the number of microphone signals (y,(n)) to obtain error sub-band signals (e, ,(n)) for each of the
number of microphone signals (y,(n)); in which case the signal processing means further comprises

abeamforming means configured to beam form the error sub-band signals (e, (n)) for each of the number of microphone
signals (y,(n)) to obtain beamformed error sub-band signals.

[0033] The beamforming means may be a delay-and-sum beamformer or a Generalized Sidelobe Canceller. The
Generalized Sidelobe Canceller consists 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,
see, e.g., "An alternative approach to linearly constrained adaptive beamforming", by Griffiths, L.J. and Jim, C.W., IEEE
Transactions on Antennas and Propagation, vol. 30., p.27, 1982.

[0034] The above example of the inventive signal processing means can advantageously be incorporated in systems
for electronically mediated communication and automatized speech recognition. Thus, it is provided a hands-free te-
lephony system and also a speech recognition means each comprising the signal processing means according to one
of the above examples. Furthermore, it is provided a speech dialog system or a voice control system comprising such
a speech recognition means.

[0035] Moreover, the presentinvention provides a vehicle communication system, comprising at least one microphone,
in particular, a microphone array that may comprise one or more directional microphones, at least one loudspeaker and
a signal processing means as mentioned above or comprising a hands-free telephony system as mentioned above.
[0036] 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.

[0037] Figure 1 shows a flow diagram illustrating essential steps of an example of the inventive method for echo



10

15

20

25

30

35

40

45

50

55

EP 1 936 939 A1

compensating a microphone signal comprising a two-stage down-sampling of a reference audio signal.

[0038] Figure 2 illustrates an example of a signal processing means according to the present invention in which a
reference audio signal is down-sampled and filtered by an echo compensation filtering means.

[0039] Figure3illustratesafurther example of a signal processing means according to the presentinvention comprising
a microphone array and a beamforming means.

[0040] Basic steps of the herein disclosed method for an echo compensation of a microphone signal are shown in
Figure 1. In step 1 the microphone signal is divided into sub-band signals and down-sampled by some down-sampling
factor r =r, - r,. A reference audio signal is down-sampled 2 by a down-sampling factor r in a first stage of a two-stage
down-sampling process of the reference audio signal. The reference audio signal represents an audio signal received
from a remote communication party and that is input to a loudspeaker at the near end. The corresponding signal output
by the loudspeaker is modified due to the impulse response of the loudspeaker-room-microphone (LRM) system at the
near end and detected by the microphone of the LRM.

[0041] The thus down-sampled sub-band signals of the reference audio signal are stored 3 in a ring buffer. The first
down-sampling is performed with a down-sampling rate r, that guarantees that aliasing is sufficiently suppressed. Next,
a second down-sampling by a down-sampling factor r, is performed 4 to arrive at a down-sampling rate r =ty - 1,
corresponding to the one of the down-sampled microphone sub-band signals. Adaptation of filter coefficients of an echo
compensation filtering means and, thereby, the estimation of echoes that are present in the microphone sub-signals is
performed 5 at this relatively high down-sampling rate r =r; - t,.

[0042] At this down-sampling rate r = t, - I, the estimated echoes are subtracted from the microphone sub-signals in
order to obtain enhanced microphone sub-signals. These enhanced microphone sub-signals are then synthesized to
obtain an enhanced audio signal that can be transmitted to the remote communication party.

[0043] Inthe above-described example of the inventive method the expensive processing steps of adaptation of the
filter coefficients of the employed echo compensation filtering means the folding of the filter coefficients with the accord-
ingly down-sampled reference sub-band signals can be performed for signals down-sampled by a down-sampling rate
r=rq - 15 that is higher than down-sampling rates used in the art for the process of generating the sub-band signals of
the reference signal. In fact, down-sampling rates of, e.g., r =ty - r, = 128 in combination with a total number of sub-
bands of M = 256 can be used for a still satisfying echo compensation.

[0044] Figure 2 shows an example of the herein disclosed signal processing means used to enhance the quality of a
microphone signal y(n) (where n denotes the discrete time index). The microphone signal y(n) is obtained by a microphone
being part of an LRM system 10. The microphone detects a speech signal s(n) of alocal speaker and an echo contribution
d(n) which is due to a loudspeaker or reference audio signal x(n) that is detected by the microphone after modification
according to the actual LRM impulse response h(n).

[0045] The microphone signal y(n) is input in an analysis filter bank 12 that divides the total-band signal into sub-
bands, . =0, .., M-1, by a filtering means with filter coefficients g,, ana =[9,..0.ana, 9,.1,ana, ..., 9,Nana-1,ana 1T, where the
upper index T indicates the transposition operation and Nana the filter length. The sub-band signals are down-sampled
by a down-sampling means with a down-sampling factor of r =r, - r, with integers r; andr,. The resulting down-sampled
microphone sub-band signals y,, (n) are further processed for echo compensation.

[0046] Forthe echocompensation of the down-sampled microphone sub-band signals yu(n) the reference audio signal
x(n) is also input in an analysis filter bank 15. According to the present example the reference audio signal x(n) is filtered
by the same filtering means 13 with filter coefficients g, ,,, as used for the microphone signal y(n) to obtain sub-band
signals and it is down-sampled by a down-sampling means 16 with a down-sampling factor of ry, e.g., ry = 64 for a
number of M = 256 sub-bands (the sampling rate of the microphone signal may be, e.g., 11025 Hz).

[0047] In principle, the adaptation of the filter coefficients of an echo compensation filtering means 17 used for the
echo compensation could be performed after this first down-sampling by a down-sampling factor of ry. According to this
example of the present invention, however, the sub-band signals that are down-sampled by r, are stored in a ring buffer
(not shown) and subsequently the adaptation of the filter coefficients and the actual echo compensation is performed
after a second down-sampling by a down-sampling factor of r,, e.g., r, = 2 for the choice of r; = 64 for a number of M
= 256 sub-bands. In particular, the most expensive operations for the overall echo compensation, as the adaptation of
the filter coefficients, are performed for signals down-sampled by r =r, - r, which results in a very effective reduction of
processor load and fastening of the overall signal processing.

[0048] In the frequency (£2) domain, the analysis filter bank 15 outputs the sub-band signals (short-time spectra)

M,ana

Xp(ejQ)= E ej[%_%ﬂm] G e’{%‘%ﬂm)
m=0
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[0049] Theses short-time spectra are folded in an echo compensation filtering means 17 to obtain echo compensated
spectra

. . fy-1 {2_2_"_",) 1[9-2—"m} .
D,(e™=X(e) He™) = | X Xe " /1G, . e " /| IA,(e)

m=0

with the filter coefficients I/-\IM(eJ'Q) (in the frequency domain) of the echo compensation filtering means 17. The coefficients
HM(eJQ) represent the temporally adapted estimates for the corresponding impulse response of the LRM Hu(eiQ) (ac-
cording to the coefficients of h(n) in the time domain).

[0050] For . = 0 aliasing terms of the analysis filter bank can be eliminated for the choice

j(g_ng 1, form=0

0

G €

0,ana

0,forme{1,..,r,-1}

or

( 1, ifjo <27
M
GO,ana(eiQ) =<arbitrary, Ifz—Tr< |Q| <2_TT
M r,
0.if o) > 2T
L L

[0051] Here, all sub-bands M have the same sub-band width. The other filter Guyana(eJQ) with w =1, .., M-1, can be
deduced from the above filter for the sub-band . = 0 by a simple frequency shift operation. Thus, only one filter has to
be designed. A

[0052] The thus obtained sub-band estimates d, (n) for the echo contribution d(n) that is detected by the microphone
of the LRM and is accordingly present in the microphone signal y(n) are subtracted from the down-sampled microphone
sub-band signals y,.(n) to obtain sub-band error signals e,,(n). It has to be stressed that the estimates for the sub-band
estimates du(n) are generated using the stored loudspeaker signals (sampled at the second sampling rate) but they are
computed only at the first rate (the one of the microphone sub-band signals). It might be preferred to filter the sub-band
error signals e, (n) for the reduction of background noise that usually is also present in the microphone signal y(n) and
residual echo reduction.

[0053] As shown in Figure 2 the sub-band error signals eM(n) are input in a synthesis filter bank 19 comprising an up-
sampling means 20 with an up-sampling factor of r = r - r, and a filtering means 21 comprising high-pass, band-pass
and low-pass filters to eliminate imaging terms as known in the art. The resulting synthesized speech signal s (n) is
characterized by a significantly reduced acoustic echo.

[0054] Figure 3 illustrates an incorporation of the inventive echo compensation in a communication system including
a microphone array comprising directional microphones and a beamforming means 22. Multiple microphone signals y,
(n) are obtained from the microphone array. Each of the microphone channels k of the microphone array is connected
with a respective analysis filter bank 12’ operating as the ones described above witp\ reference to Figure 2.

[0055] Accordingly, an echo compensation filtering means 17’ comprises filters h,, (n) for each of the microphone
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channels and the down-sampled estimates au’k(n) for the echo contribution of each channel are subtracted from the
microphone sub-band signals ¥,.k(n). Thereby, error signals eu’k(/r\l) are obtained that are input in the beamforming
means 22. The estimates d,, ,(n) are obtained by folding the filters h , , (n) with the sub-band signals obtained from the
reference audio signal x(n) by the analysis filter bank 15’. The filter coefficients of the echo compensation filtering means
17’ and the folding of these coefficients with the sub-band reference signals is again performed at a down-sampling rate
that is similar to the down-sampling rate of the analysis filter bank 12’ that receives the microphone signals y,(n) (see
also description above).

[0056] The multi-channel system of the present example may make use of adaptive or non-adaptive beamformers,
see, e.g., "Optimum Array Processing, Part IV of Detection, Estimation, and Modulation Theory" by H. L. van Trees,
Wiley & Sons, New York 2002. The beamforming means 22 combines the error signals e, ,(n) for the microphone
channels to obtain beamformed sub-band signals which are input in a filtering means 23 that suppresses a residual
echo and enhances the quality of the beamformed sub-band signals by noise reduction as known in the art.

[0057] The filtering means 23 may, e.g., comprise a Wiener filter perfor/r\ning reducti(/)\n of background n/(\)ise according
to a filter characteristic in the frequency regime given by W(el%, n) = 1 - §,,(e}, n) / Sgq(e/%, n), where S,,(€/, n) and
S.o(e/%, n) denote the estimated short-time power density of the background noise and the short-time power density of
the (full-band) error signal, respectively.

[0058] The enhanced sub-band signals /s\u(n) are input in a synthesis filter bank similar to the one described with
reference to Figure 2. After up-sampling by an up-sampling factor of r = ry - r, performed by an up-sampling means 20
and filtering by a filtering means 21 comprising high-pass, band-pass and low-pass filters to eliminate imaging terms
eventually the synthesized speech signal /s\(n) is obtained.

[0059] Itis to be understood that some or all of the above described features can also be combined in different ways.

Claims

1. Method for echo compensation of at least one microphone signal (y(n)) comprising an echo signal contribution (d
(n)) due to a loudspeaker signal (x(n)) in a loudspeaker-room-microphone system, comprising the steps of:

converting at least a part of the at least one microphone signal (y(n)) to microphone sub-band signals (y,(n))
down-sampled by a first down-sampling rate (r);
converting the loudspeaker signal (x(n)) to loudspeaker sub-band signals down-sampled by a second down-
sampling rate (ry) less than the first down-sampling rate (r) to obtain first loudspeaker sub-band signals;
storing the first loudspeaker sub-band signals down-sampled by the second down-sampling rate (ry);
folding the first loudspeaker sub-band signals with an estimate for the impulse response of the loudspeaker-
room-microphone system in the predetermined number of sub-bands;
down-sampling the folded first loudspeaker sub-band signals by a third down-sampling rate (ry) to obtain for
each of the predetermined number of sub-bands an echo signal contribution (d,(n)) that is in effect down-
sampled by the first down-sampling rate (r); and A
subtracting for each sub-band the estimated echo signal contribution (d,,(n)) from the respective microphone
sub-band signal (y,, (n)) to obtain error sub-band signals (e (n)).
2. The method according to claim 1, wherein the step of obtaining the echo signal contributions (au(n)) comprises the
step of adapting filter coefficients of an echo compensation filtering means on the basis of the stored first loudspeaker
sub-band signals at a rate equal to the first down-sampling rate (r).

3. The method according to claim 2, wherein the filter coefficients of the echo compensation filtering means are adapted
by the Normalized Least Mean Square algorithm.

4. The method according to claim 2 or 3, wherein the third down-sampling rate (r,) is chosen from the interval of 2 to 4.

5. The method according to one of the preceding claims, wherein the at least a part of the at least one microphone
signal (y(n)) is converted to microphone sub-band signals (y,,(n)) and/or the loudspeaker signal (x(n)) is converted
to loudspeaker sub-band signals by means of an analysis filter bank comprising square-root Hann window filters
and wherein the sub-band signals (eu(n)) are up-sampled by a predetermined up-sampling rate and synthe/s\ized
by a synthesis filter bank comprising square-root Hann window filters to obtain the enhanced microphone signal (s(n)).

6. The method according to one of the claims 1 to 4, wherein the at least a part of the at least one microphone signal
(y(n)) is converted to microphone sub-band signals (y,(n)) and/or the loudspeaker signal (x(n)) is converted to
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loudspeaker sub-band signals by means of an analysis filter bank comprising Hann window filters and wherein the
sub-band signals (e ,(n)) are up-sampled by a predetermined up-sampling rate andAsynthesized by a synthesis filter
bank comprising Hann window filters to obtain the enhanced microphone signal (s(n)), wherein the Hann window
filters of the analysis filter bank are raised to the power of a predetermined first rational number, in particular, 0.75,
and the Hann window filters of the synthesis filter bank are raised to the power of a predetermined second rational
number, in particular, 0.25, such that the sum of the first rational number and the second rational number is 1.

The method according to one of the preceding claims, further comprising filtering the error sub-band signals (e ,(n))
by a noise reduction filtering means and/or a residual echo suppression filtering means.

The method according to one of the preceding claims, wherein

a number of microphone signals (y,(n)) each comprising an echo signal contribution due to the loudspeaker signal
(x(n)) is converted to microphone sub-band signals (¥, (n)) down-sampled by the first down-sampling rate (r);
echo signal contributions (d,, ,(n)) are obtained for the microphone sub-band signals (y, (n)) of each of the number
of microphone signals (y,(n)) on the basis of the first and the second Iog\dspeaker sub-band signals;

for each sub-band the respective estimated echo signal contribution (d,, \(n)) is subtracted from the respective
microphone sub-band signal (y,, ,(n)) of each of the number of microphone signals (y,(n)) to obtain error sub-band
signals (e, ((n)) for each of the number of microphone signals (y,(n)); and wherein the method further comprises
beamforming the error sub-band signals (e, ((n)) for each of the number of microphone signals (y,(n)) to obtain
beamformed error sub-band signals.

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.

Signal processing means for echo compensation of at least one microphone signal (y(n)) comprising an echo signal
contribution (d(n)) due to a loudspeaker signal (x(n)) in a loudspeaker-room-microphone system, comprising

a first analysis filter bank (12, 12’) configured to convert at least a part of the at least one microphone signal (y(n))
to microphone sub-band signals (y,(n)) down-sampled by a first down-sampling rate (r);

a second analysis filter bank (15, 15’) configured to convert the loudspeaker signal (x(n)) to loudspeaker sub-band
signals down-sampled by a second down-sampling rate (r,) less than the first down-sampling rate (r) to obtain first
loudspeaker sub-band signals;

a memory, in particular, a ring buffer configured to store the first loudspeaker sub-band signals that are down-
sampled by the second down-sampling rate (r4); and

an echo compensation filtering means (17; 17°) configured to fold the first loudspeaker sub-band signals with an
estimate for the impulse response of the loudspeaker-room-microphone system and to down-sample tt}\e folded first
loudspeaker sub-band signals by a third down-sampling rate () to obtain echo signal contributions (d, (n)) down-
sampled by the first down-sampling rate (r) and to echo compensate the microphone sub-band signals (y,(n)) by
the echo signal contributions (d,, (n)) to obtain echo compensated microphone sub-band signals (e, (n)).

The signal processing means according to claim 10, further comprising a synthesis filter bank (19) configured to
up-sample and synthesize the echo compensated microphone sub-band signals (eM(n)) to obtain an enhance mi-
crophone signal(’s\(n)).

The signal processing means according to claim 10 or 11, further comprising a residual echo suppression filtering
means (23) and/or a noise reduction filtering means (23) configured to filter the echo compensated microphone
sub-band signals (e, (n)).

The signal processing means according one of the claims 10 to 12, wherein the first and the second analysis filter
bank (12, 12’, 15, 15’) and the synthesis filter bank (19) each comprises multiple square-root Hann window filters.

The signal processing means according one of the claims 10 to 12, wherein the first and the second analysis filter
bank (12, 12’, 15, 15’) and the synthesis filter bank (19) each comprises multiple Hann window filters, wherein the
Hann window filters of the first and the second analysis filter banks (12, 12’, 15, 15’) are raised to the power of a
predetermined first rational number, in particular, 0.75, and the Hann window filters of the synthesis filter bank (19)
are raised to the power of a predetermined second rational number, in particular, 0.25, such that the sum of the first
rational number and the second rational number is 1.

The signal processing means according to one of the claims 10 to 14, comprising a number of first analysis filter
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banks (15’) each configured to convert at least a part of one of a number of microphone signals (y,(n)) to microphone
sub-band signals (y,, \(n)) down-sampled by a first down-sampling rate (r); and wherein

the echo compensation filtering means (17; 17’) is configured to echo compensate each of the microphone sub-
band signals (y,, (n)) of each of the number of microphone signals (y,(n)) to obtain error sub-band signals (e, \(n))
for each of the number of microphone signals (y,(n)); and further comprising

a beamforming means (22) configured to beamform the error sub-band signals (e, \(n)) for each of the number of
microphone signals (y,(n)) to obtain beamformed error sub-band signals.

The signal processing means according to claim 15, wherein the beamforming means (22) is a delay-and-sum
beamformer or a Generalized Sidelobe Canceller.

Hands-free telephony system, comprising the signal processing means according to one of the claims 10 or 16.
Speech recognition means comprising the signal processing means according to one of the claims 10 or 16.
Speech dialog system or voice control system comprising the speech recognition means according to claim 18.
Vehicle communication system, comprising at least one microphone, in particular, a microphone array, at least one

loudspeaker and a signal processing means according to one of the claims 10 to 16 or comprising a hands-free
telephony system according to claim 17.

10
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