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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 suppression. The invention particularly relates to echo suppression in loudspeaker-room-
microphone systems exhibiting impulse responses that are time-dependent.

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 or a speech dialog 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 dialog system, however, might detect loudspeaker outputs represent-
ing, e.g., synthesized speech signals output by a speech dialog system or audio signals reproduced by audio devices
as CD or DVD player or a radio. If these signals were not sufficiently suppressed in the microphone signal, the wanted
signal representing the utterance of a user could be deteriorated to a degree that renders appropriate speech recognition
impossible.

[0004] Echo suppression is particularly difficult, if the speaker using a microphone for communication with a remote
communication party is moving as, e.g., a driver using a hands-free set who steers a wheel while communicating with
a remote party by the hands-free telephone set. In this case, the impulse response of the loudspeaker-room-microphone
(LRM) system is time-variant. Usually residual echoes are still present in the processed audio signals to be provided to
a remote communication party. These residual echoes, e.g., result in so-called echo blips in hands-free telephone
systems thereby deteriorating the microphone signal significantly, in particular, due to the huge delay of current mobile
phone connections.

[0005] 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 LRM system by means of an adaptive finite impulse response. (FIR) filter. If multiple loudspeaker signals
are output by a number of loudspeakers separately, one filter has to be employed for each loudspeaker.

[0006] US 2004/0018860 A1 discloses a method for echo suppression wherein a spectral shaper is provided for
estimating the acoustic echo component when the speech activity is low or zero. The echo reducing system for hands-
free communication also disclosed in D1 comprises a speech detector receiving a microphone signal and a linear echo
canceller for subtracting an estimated echo from a microphone. The speech detector receives outputs from the subtractor
and the echo canceller.

[0007] Inpresent echo compensation processing an adaptive filter is used to model the impulse response of the LRM
system to generate an estimate for the echo signal that can be subtracted from the microphone signal. The adaptation
of the echo compensation filtering means is usually carried out by the normalized least mean square (NLMS) algorithm.
[0008] However, the echo compensation is a rather time-consuming and processor intensive procedure and usually
is restricted to some portion of the impulse response of the LRM system. Thus, echo compensation is often supplemented
by suppression of residual echoes by means of filtering the microphone signal after subtraction of the estimated echo
signal with an appropriate time-varying impulse response. This supplementary filtering is usually performedin a restricted
sub-band or some restricted Fast Fourier Transform (FFT) range bey some version of a Wiener filter.

[0009] However, current echo reduction processing is still not reliable, in particular, in LRM systems that show time-
varying impulse responses. Thus, despite the engineering process in recent years there is still a problem in satisfying
echo reduction of audio signal, in particular, speech signals in communication system, e.g., in hands-free telephone
sets and speech dialog systems.

Description of the Invention

[0010] The above-mentioned problem is solved by two alternative methods according to claims 1 and 8, respectively.
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According to claim 1 it is provided a method for reducing an echo in a microphone signal generated by a microphone,
comprising echo compensating the microphone signal by subtracting an estimated echo signal from the microphone
signal to generate an echo compensated signal; detecting a speech activity of a local speaker on the basis of the
microphone signal and the estimated echo signal; and suppressing a residual echo in the echo compensated signal on
the basis of the detected speech activity to obtain an output signal, wherein the microphone signal is converted to sub-
band microphone signals and the estimated echo signal comprises estimated sub-band echo signals and wherein the
echo compensating, detecting of the speech activity and suppressing of the residual echo is carried out in the sub-band
regime and wherein the detecting of the speech activity of the local speaker comprises the steps of: smocthing in
frequency the microphone sub-band signals, in particular, by first order recursive filtering; smoothing in frequency the
estimated sub-band echo signals, in particular, by first order recursive filtering; determining for each sub-band of a
predetermined range of sub-bands a distance between the smoothed microphone sub-band signals and the smoothed
estimated sub-band echo signals; and wherein

the suppressing of the residual echo in the echo compensated signal is based on the determined distances in each sub-
band of the predetermined range of sub-bands.

[0011] According to claim 8 it is provided a method for reducing an echo in a microphone signal generated by a
microphone, comprising echo compensating the microphone signal by subtracting an estimated echo signal from the
microphone signal to generate an echo compensated signal; detecting a speech activity of a local speaker on the basis
of the microphone signal and the estimated echo signal; and suppressing a residual echo in the echo compensated
signal on the basis of the detected speech activity to obtain an output signal, wherein the microphone signal is converted
to Fourier transformed microphone signals and the estimated echo signal comprises estimated Fourier transformed
echo signals and wherein the echo compensating, detecting of the speech activity and suppressing of the residual echo
is carried out in the Fourier regime and wherein the detecting of the speech activity of the local speaker comprises the
steps of: smoothing in frequency the microphone Fourier transformed signals, in particular, by first order recursive
filtering; smoothing in frequency the estimated Fourier transformed echo signals, in particular, by first order recursive
filtering; determining for each Fourier component of a predetermined range of Fourier components a distance between
the smoothed microphone Fourier transformed signals and the smoothed estimated Fourier transformed echo signals;
and wherein the suppressing of the residual echo in the echo compensated signal is based on the determined distances
in each Fourier component of the predetermined range of Fourier components.

[0012] Echo compensating is carried out by an adaptive echo compensation filtering means that models the loud-
gpeaker-room-microphone system transfer by animpulse response. The impulse response given by Ny, filter coefficients
h(n), where n is the discrete time index; is folded with the audio signal x(n) to obtain an estimated echo signal

N1

d(my="3 x(n- i) (n)

i=0

that is to be subtracted from the microphone signal. This microphone signal may, in general, include a speech signal
from a local speaker using the microphone and background noise in addition to the echo resulting from a loudspeaker
output, e.g., based on a speech signal received from a remote speaker. The adaptation of the adaptive echo compensation
filtering means can be carried out by the normalized least mean square (NLMS) algorithm.

[0013] After echo compensation some residual echo is still present in the echo compensated microphone signal.
According to the present invention this residual echo is suppressed in dependence on the result of a detection of speech
activity of a local speaker that uses the microphone for the communication.

[0014] Speech activity is detected by analyzing the microphone signal and the estimated echo signal. If, e.g., the local
speaker is silent, a relatively strong residual echo suppression can be carried out by a residual echo suppressing means.
On the other hand, a different characteristic of the residual echo suppressing means is preferred when utterances of
the local speaker are detected. Therefore, a very satisfying echo suppression of audio signals, in particular, speech
signals in communication system, e.g., in hands-free telephone sets, speech recognition systems and speech dialog
systems, is achieved.

[0015] Itis noted that the herein disclosed signal processing can be carried out in the sub-band or the Fourier transform
regime. In the following description of aspects of the present invention signal processing in the sub-band regime is
described. Itis understood that a corresponding processing in the Fourier regime after Fourier transform may alternatively
be carried out.

[0016] For processing in the sub-band regime the microphone signal is converted by filter banks to sub-band micro-
phone signals and the estimated echo signal comprises estimated sub-band echo signals. In this case, the echo com-
pensating, detecting of speech activity (speaker is silent or is speaking) and suppressing of residual echo is carried out
in the sub-band regime. After suppression of the residual echo in the sub-bands a synthesizing filter bank can be used
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to synthesize the desired output signal, which, e.g., is to be transmitted to a remote communication party, from the output
sub-band signals.
[0017] According to claim 1 the herein disclosed method the detecting of the speech activity of the local speaker
comprises the steps of:
smoothing in frequency the microphone sub-band signals, in particular, by first order recursive filtering;

smoothing in frequency the estimated sub-band echo signals, in particular, by first order recursive filtering;

determining in each sub-band of a predetermined range of sub-bands a distance between the smoothed microphone
sub-band signals and the smoothed estimated sub-band echo signals;

and wherein

the suppressing of the residual echo in the echo compensated signal is based on the determined distances in each
sub-band of the predetermined range of sub-bands.

[0018] The sub-band microphone signals Y{et,n) as well as the estimate for the echo signal in each sub-band 3
(et2,n) are smoothed in frequency over a predetermined range M of sub-bands . =0, M -1:

Si oo (1) = smooth|D(e’™,n), D(e’™ , n),..., D(e"™- )
S, oo (,,11) = smoothly (’%, n), ¥ (™™ , n),....¥ (/™ )]

where Q, denotes the mid-frequency of the sub-band p. and "smooth" indicates some kind of a proper smoothing function.
The pre-determined range of sub-bands may preferably cover 200 Hz to 3500 Hz. This range, generally, shows a
significant power for speech signals. For example, the magnitude or the square of the magnitude of the sub-band
microphone signals and of the estimated echo sub-band signals may be smoothed in both the positive (Qg to €2,,4) and
negative (Qy, 4 1o Qq) direction in frequency.

[0019] Suppressing the residual echo in the echo compensated signal in dependence on some distance measures
or differences of the smoothed microphone sub-band signals and the estimated echo sub-band signals, e.g., differences
of the respective magnitudes, in each sub-band of the predetermined range of sub-bands provides an efficient and
satisfying manner to suppress residual echoes on the basis of the detected speech activity to obtain an output signal
with an enhanced quality.

[0020] According to one advantageous embodiment of the inventive method for reducing an echo in a microphone
signal the power density spectrum of some background noise present in the microphone signal is estimated in sub-
bands; and

smoothing in frequency of the microphone sub-band signals comprises recursive filtering the power density spectrum
of the sub-band microphone signals to obtain a smoothed power density spectrum of the microphone sub-band
signals;

smoothing in frequency the estimated sub-band echo signals comprises recursive filtering the power density spec-
trum of the estimated sub-band echo signals to obtain a smoothed power density spectrum of the estimated sub-
band echo signals;

and wherein

determining in each sub-band a distance between the smoothed microphone sub-band signals and the smoothed
sub-band echo signals comprises

determining in each sub-band the maximum of the smoothed power density spectrum of the microphone sub-band
signals and the estimated background noise power spectrum enhanced by a first predetermined noise overestimate
factor to obtain a modified microphone power density spectrum;
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determining in each sub-band the maximum of the smoothed power density spectrum of the estimated sub-band
echo signals and the estimated background noise power spectrum enhanced by a second predetermined noise
overestimate factor, which may be the same as the first one, to obtain a modified echo power density spectrum;

comparing the modified microphone power density spectrum and the modified echo power density spectrum to
obtain a spectrum distance measure;

and wherein

the suppressing of the residual echo in the echo compensated sub-band signals is based on the spectrum distance
measure.

[0021] In this embodiment smoothing is carried out by

S smoo (€0, ) = Ub(e""o,n)r + |é(e"‘" ,n)r]
and

S i o (o) = 4,,§a,mm(ﬂp-.,n)+<l—4,,)|b<e’°',n)|’, for 0< u <M.

dd, smooth

[0022] in the positive direction and

l[de moon (Saa-2:1) + S ,.(QM-I:”)]

ddmooth(Q =12 )= 2

S s ) = AegSsi (s + (= A4S (Q,.7), fOr0 < pp <M-1

[0023] in the negative direction. S 3. smoo ‘h(Qﬂ,n) is the smoothed power density spectrum of the estimated sub-

band echo signals. Smoothing of the sub-band microphone signals Y{e®%,n) is performed accordingly to obtain the
smoothed power density spectrum of the sub-band microphone signals S,,, mod(€2,,,n). Experiments have shown that,
e.g., for a typical sampling rate of 11025 Hz and M = 256 sub-bands the smoothing parameter Ar,, is advantageously
chosen as 0.2 < Ag,, <0.8.

[0024] After the smoothing process the maximum values of the respective smoothed spectra and the power density
spectrum of background noise (in sub-bands) are calculated for the sub-bands to obtain a modified microphone power
density spectrum and a modified echo power density spectrum

Q. m=max{S; . (Q,n),K,5,(Q,.7) |

ddmod

and

Sw.rmd (Q;nn) = max{s»t..mooth(gp’n)’ KbS'bb (Qp:n) } .
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[0025] Experiments have shown that the noise overestimate factor K, may, e.g., be chosen as 2 < K, < 16. It might
be preferred that different noise overestimate factors are chosen for the modified microphone power density and the
modified echo power density. Comparison of the modified spectra provides some spectrum distance measure that can
advantageously be used for the controlling of the suppressing of the residual echo. As a result, an output signal with a
previously unknown echo reduction can be achieved. The method of this embodiment has proven to be particularly
reliable and efficient for echo reduction in a time-variant loudspeaker-room-microphone (LRM) system. One specific
example for the comparison of the modified spectra is given in the detailed description of the embodiment below.
[0026] According to one example of the inventive method estimating the power density of the echo compensated
signal and estimating the power density of the residual echo is carried out. In this case, the suppressing of the residual
echo in the echo compensated signal is based on the estimated power density of the echo compensated signal and the
estimated power density of the residual echo. The power densities are given by the squares of the magnitudes of the
respective signals.

[0027] If, e.g., the estimated power density of the echo compensated signal greatly exceeds the estimated power
density of the residual echo, suppression of the residual echo might be very faint in order not to modify the already
intelligible microphone signal too much. If, on the other hand, the estimated power density of the residual echo exceeds
the estimated power density of the echo compensated signal a more aggressive filtering of the echo compensated signal
iS necessary.

[0028] The suppressing of the residual echo in the echo compensated signal may comprise filtering the echo com-
pensated signal by a filter with the filter characteristic (frequency response)

(Q,.,n)

G(e™™,n)=1-
(G ) ﬂ() 5.0

where {S\ee(QM,n) and §88(an) denote the estimated power density of the echo compensated signal and the estimated
power density of the residual echo and [(n) is a filter parameter depending on the detected speech activity. If speech
activity, e.g., measured by a spectrum distance measure as mentioned above exceeding some predetermined detection
threshold, is detected, B(n) is high, e.g., about 3(n)= 1000 and otherwise it is low, e.g., B(n)=1. In particular, the B(n) is
a time-dependent parameter to account for a time-variant LRM system.

[0029] One may also prefer to limit the suppression to a pre-determined value given by G, i.e.

G(e'™,n) = max{G,,,1- méf "

m)

[0030] Experiments have proven that the shown filter characteristic is very efficient in suppressing residual echoes in
already echo compensated microphone signals in dependence on detected speech activity of a local speaker using the
microphone that generates the microphone signal that is to be improved in quality before transmission to a remote
communication party.

[0031] According to an even more efficient but somewhat more complicated filtering of the echo compensated signal
for suppressing a residual echo in the echo compensated signal the filter characteristic might be chosen as

(
)3 hm) if T(n)>C,,
e (S2,,,1)

74

1- B(n)

(T C/J!

G(e'n’,n) =4

max{S',, «Q,, n),lﬁ(e’n“ ,n)lz}
e 5.,

or as
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~

S.(Q,,n)
$..(Q,.n)

"’

1-B(n) , ifC)>C,,
G(e’™,n) =«

else

’b(ein,’n)r
Ll —ﬂ(")—-——-—. S

where C (n) is a measure for the detected speech activity and Gy is a predetermined threshold. For example, C(n)
may be a time-averaged spectrum distance measure. Again suppression may be limited to a pre-determined value G,
as mentioned above.

[0032] In a further example of the inventive method the power density of the output signal after echo compensation
and echo suppression processing as described above and the power density of background noise present in the micro-
phone signal are determined and compared. If the power density of the background noise exceeds the power density
of the output signal, artificial noise (so-called comfort noise) is transmitted to a remote communication party instead of
the output signal that may usually be transmitted to the remote party. By this, it is avoided that residual echo suppression
even suppresses background noise detected by the microphone which would result in annoying abrupt changes in the
background noise level received by the remote communication party.

[0033] 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 herein disclosed method according to
one of the above described examples.

[0034] The above mentioned problems are also solved by the system for processing a microphone signal generated
by a microphone according to claim 10, comprising an echo compensation filtering means configured to receive and
echo compensate the microphone signal to output an echo compensated signal based on the received microphone
signal; a speech activity detection means configured to detect speech activity of a local speaker by receiving and
analyzing the echo compensated signal and to output a detection signal; a residual echo suppressing means configured
to receive the detection signal and to receive and filter the echo compensated signal on the basis of the detection signal
to output an output signal; filter banks configured to convert the microphone signal and another audio signal to be output
by at least one loudspeaker installed in the same room as the microphone; a background noise estimation means
configured to estimate the background noise power spectrum of background noise present in the microphone signal,
and wherein the speech activity detection means comprises a recursive filtering means configured to smooth the power
density spectrum of sub-band microphone signals to obtain a smoothed power density spectrum of the microphone sub-
band signals; a recursive filtering means configured to smooth the power density spectrum of estimated sub-band echo
signals to obtain a smoothed power density spectrum of the estimated sub-band echo signals; a determining means
configured to determine in each sub-band the maximum of the smoothed power density spectrum of the microphone
sub-band signals and the estimated background noise power spectrum enhanced by a predetermined noise overestimate
factor and to generate a modified microphone power density spectrum of the determined maximum values; a determining
means configured to determine in each sub-band the maximum of the smoothed power density spectrum of the estimated
sub-band echo signals and the estimated background noise power spectrum enhanced by the predetermined noise
overestimate factor and to generate a modified echo power density spectrum of the determined maximum values; and
a comparing means configured to compare the modified microphone power density spectrum and the modified echo
power density spectrum and to generate a spectrum distance signal; and wherein the residual echo suppressing means
is configured to receive the spectrum distance signal and to receive and filter the echo compensated signal on the basis
of the spectrum distance signal.

[0035] In an alterative embodiment it is provided a system for processing a microphone signal generated by a micro-
phone, comprising an echo compensation filtering means configured to receive and echo compensate the microphone
signal to output an echo compensated signal based on the received microphone signal; a speech activity detection means
configured to detect speech activity of a local speaker by receiving and analyzing the echo compensated signal and to
output a detection signal; a residual echo suppressing means configured to receive the detection signal and to receive and
filter the echo compensated signal on the basis of the detection signal to output an output signal; Fourier transform means
configured to Fourier transform the microphone signal and another audio signal to be output by at least one loudspeaker
installed in the same room as the microphone; a background noise estimation means configured to estimate the background
noise power spectrum of background noise present in the microphone signal, and wherein the speech activity detection
means comprises a recursive filtering means configured to smooth the power density spectrum of Fourier transformed
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microphone signals to obtain a smoothed power density spectrum of the microphone Fourier transformed signals; arecursive
filtering means configured to smooth the power density spectrum of estimated Fourier transformed echo signals to obtain
a smoothed power density spectrum of the estimated Fourier transformed echo signals; a determining means configured
to determine in each Fourier component the maximum of the smoothed power density spectrum of the microphone Fourier
transformed signals and the estimated background noise power spectrum enhanced by a predetermined noise overestimate
factor and to generate a modified microphone power density spectrum of the determined maximum values; a determining
means configured to determine in each Fourier component the maximum of the smoothed power density spectrum of the
estimated Fourier transformed echo signals and the estimated background noise power spectrum enhanced by the pre-
determined noise overestimate factor and to generate a modified echo power density spectrum of the determined maximum
values; and a comparing means configured to compare the modified microphone power density spectrum and the modified
echo power density spectrum and to generate a spectrum distance signal; and wherein the residual echo suppressing
means is configured to receive the spectrum distance signal and to receive and filter the echo compensated signal on the
basis of the spectrum distance signal.

[0036] In the above examples of the inventive system the speech activity detection means can be configured to
estimate the power density of the echo compensated signal and the power density of a residual echo present in the
echo compensated signal; and the residual echo suppressing means can be configured to suppress the residual echo
in the echo compensated signal based on the estimated power density of the echo compensated signal and the estimated
power density of the residual echo.

[0037] The residual echo suppressing means may advantageously comprise a filtering means with one of the following
filter characteristic

Q
G(e’™,n) = 1- B(n) EEQW";
or
S§.Q.n . =
1 ﬂ(n)m, if C(n) > Cipres
G(e™ ,n) =
ax{S' = (Q,,1), |5(em. , ,,)Iz}
1- B(n) 3 , else
{ = (S, 1)
or
T N o 1Yo
ee y’n)
G(e™,n) =1
ID(e’n“,n)I
1-8(n) ) , else

where the mid-frequency of the sub-band . is denoted by Qy, §ee(QWn), gee(an) denote the estimated power density
of the echo compensated signal and the estimated power density of the residual echo, n is the discrete time index and
B(n) is a filter parameter depending on the detected speech activity, and where C(n) is a measure for the detected
speech activity and Gy, is a predetermined threshold.
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[0038] The filter characteristic of the residual echo filtering means my alternatively be limited by replacing one of the
above mentioned characteristics by max[Gp,,, G(€*%, n)] with some pre-determined value Gy,
[0039] The system may further comprise a noise generator configured to generate artificial noise;

a means configured to determine the power density of the output signal and of background noise present in the
microphone signal;

a means configured to compare the power density of the output signal with the power density of the background
noise; and

a control means configured to cause transmission of the output signal to a remote party, if the power density of the
output signal exceeds the power density of the background, and to cause transmission of the generated artificial
noise, noise if the power density of the background noise exceeds the power density of the output signal.

[0040] Thus, the desired signal that is, e.g., to be transmitted to the remote communication party or to be recognized
by a speech recognition system, may be composed of the sub-band signals

$em) E(e”™,n)G (e’™,n), if nocomfort noiseis to be output
e . n)=
B(e’™ ,n), if comfort noise only is to be output

where E{e!2,n) and B(e%,n) denote the echo compensated signal and the artificial noise signal (in sub-bands).
[0041] Itis also provided a hands-free telephone set comprising one of the above described examples of a system
for processing a microphone signal. The above described examples are particular useful for enhancing the quality of a
speech signal transmitted by a hands-free set to a remote communication party. In particular, the intelligibility of the
transmitted signal processed for echo compensation and echo suppression as disclosed above is enhanced with respect
to the prior art when the LRM system temporarily changes. In this context, a vehicle communication system is provided
comprising at least one microphone, at least one loudspeaker and the system according to one of the examples above
or the mentioned hands-free telephone set. The disclosed system is particularly efficient in reducing echoes in situations
in which a speaker driving a car is moving, e.g., due to steering a wheel.

[0042] The present invention furthermore provides a speech recognition system or a speech dialog system comprising
the system according to one of the above examples. The reliability of recognition results of speech inputs processed by
an example of the inventive system is greatly enhanced as compared to the art.

[0043] Additional features and advantages of the invention will be described in detail 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 that is defined by
the claims given below.

[0044] Figure 1 shows the structure of an echo reduction system for enhancing the quality of a microphone signal
generated on the basis of a speech signal, a loudspeaker signal and background noise detected by a microphone.
[0045] Figure 2 illustrates an example of the detection of speech activity that represents an important element of the
disclosed echo reduction processing.

[0046] Figure 3 shows basic elements of the suppression of a residual echo in an echo compensated microphone
signal comprising detection speech activity and adaptation of a filter characteristic of a residual echo suppressing means.
[0047] Figure 4 shows a result of a simulation experiment for the disclosed echo reduction processing of a microphone
signal.

[0048] Inthe following, an example of the signal processing (system) disclosed in this application is described in detail
with respect to Figs. 1 to 3. As shown in Fig. 1 a telephony hands-free set comprises a microphone 1 and a loudspeaker
2. Utterances of a local speaker are detected by the microphone 1 and the loudspeaker 2 generates a loudspeaker
signal based on an audio signal x(n) provided by a remote communication party.

[0049] The microphone not only detects the speech signal s(n) of a locate speaker but also a background noise signal
b(n) and the loudspeaker-room-microphone (LRM) transfer signal d(n) based on the impulse response of the LRM
system h(n). The microphone signal y(n), thus, includes contributions of the speech signal s(n), the background noise
signal b(n) and the echo signal d(n).

[0050] By n the discrete time index is denoted. In this example, echo compensation and residual echo suppression
performed by signal processing in sub-bands is described. Alternatively, processing in the frequency range (Fast Fourier



10

15

20

25

30

35

40

45

50

55

EP 1 855 456 B1

Transform range) can be performed after Fourier transforming the respective audio signal x(n) and the microphone
signal y(n).

[0051] Afirstfilter bank means 3 generates sub-band signals X{ &%, n) from the audio signal x(n) and sub-band signals
Y(e2,n) from the microphone signal y(n). The mid-frequency of the sub-band . is denoted by €,,. The audio sub-band
signals X(ef%,n) are filtered by an adaptive echo compensation filtering means 5. The filter coefficients of the echo
compensation filtering means 5 are determined in order to model the impulse response h(n) in the sub-bands. An estimate
for the echo signal in each sub-band D(e,n) is obtained by folding the audio sub-band signals X(gt%,n) with the
impulse response of the echo compensatiop filtering means in each sub-band H(e/ n).

[0052] Bysubtractingthe estimated echo D{e*,n) fromthe sub-band microphone signals Y{e!%.,n) echo compensated
signals in each sub-band E(ef%,n) are obtained. The echo compensated signals E(ef,n) are further processed for
suppression of residual echoes by a residual echo reduction means 6. The residual echo reduction means 6 may
comprise or be supplemented with a noise reduction means for substantially removing the background noise contribution
of the echo compensated signals E(e2:,n). The sub-band output signals S(e2,n) obtained by the residual echo reduction
means 6 can subsequently by synthesized to obtain a desired signal composed of the sub-band signals that can be
transmitted to a remote communication party.

[0053] The present invention is mainly concerned with the realization of the residual echo reduction means 6. It is
known in the art to simply employ some variant of a Wiener filter making use of the estimated power density spectrum
of the residual echo S(€2,, ,n) and of the echo compensated sub-band signals S,4(€2,,, n). The Wiener filter may exhibit
the following filter characteristic

G(e’™,n) = max{G_, ,1 -ﬂ%—t——f-;—

wherein the maximum damping can be pre-determined by the parameter G, and the sensibility of the filter is controlled
by the parameter B. If B > 1 the damping might by too strong, thereby damping also the desired signal below an appropriate
level.

[0054] According to the present invention the filter characteristic (frequency response) of an employed residual echo
filtering means can be adjusted such that a very sensitive ("aggressive") damping is carried out when no speech activity
of the local speaker is detected. The inventive method secures that the detection of speech activity is satisfying even
when the speaker is moving. In particular, the herein disclosed method is able to distinguish between speech signals
of a local speaker and output by a loud-speaker (i.e. provided by a remote speaker) in a time-variant LRM system. The
filter characteristic of a residual echo reduction means can then be adapted on the basis of the detected speech activity
of the local speaker.

[0055] An example for the detection of speech activity according to the present invention is illustrated in Fig. 2. A
noise estimating means 7 receives the sub-band microphone signals Y{ef2,n) in order to estimate the power density
spectrum Sp,(€2,,n) (in sub-bands) of the background noise b(n) detected by the microphone 1. The ngise estimating
means 7 may, e.g., make use of a minimum statistics in order to estimate the power density spectrum Sp,(Q2, ,n) (see,
e.g., An Efficient Algorithm to Estimate the Instantaneous SNR of Speech Signals, R. Martin, EUROSPEECH 1993,
Berlin, Conf. Proceed., p. 1093 - 1096, September 1993).

[0056] The sub-band microphone signals Y(e*2.,n) as well as the estimate for the echo signal in each sub-band D
(ef%.,n) are smoothed 8, 9 in frequency over the predetermined M sub-bands =0, M- 1.

[0057] A particular efficient smoothing function can be realized by a recursive filter of 1st order for smoothing the
magnitudes or the squares of the magnitudes in positive an negative direction of the frequency range. According to the
present example smoothing is carried according to

S5 emoen o) = %Uﬁ(eio, ) +Dee ’")Iz]

and

-~ ) ~ Py ; 2
3t moon Q) = Sy o () + (1= A )|D(E™ )|, for 0 < <M,
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in the positive direction and

1{+
S":mooxh(QM-l’n)—E amu,(QM zvn)+s M),(QM |an)]

dd,

ddm”,(g;nn) AFIB ad, ,m‘p,(QpH!n) +(1 AF!B) ddmmxh(Qﬂ’n)’ for0 < H < M- 1

in the negative direction. Experiments have shown that for a typical sampling rate of 11025 Hz and M = 256 sub-bands
the smoothing parameter is advantageously chosen as 0.2 <, < 0.8. Smoothing of the sub-band microphone signals
Y(ef n) is performed accordingly in order to obtain the smoothed microphone spectrum S vy.mod(€2,,7)-

[0058] The processing means 8 and 9 are also configured to receive the output of the noise estimating means 7 and
to determine the maximum of the smoothed estimated echo,spectrum given above and the corresponding microphone
spectrum and the estimate for the power density spectrum Sy, (€2,,,1) of the background noise, respectively

i moa (S5 M) = max{ (2 n)vagbb(Qﬂ’n)}

and

8,y (2,,1) = max{S, . o(9,,7), K, 5 (Q,.1) | .

where the background noise is overestimated by K. Experiments have shown that K, may be chosen from2 < K, <16

for satisfying results for the echo suppression. Some distance (difference) w, S.. (Q”, n)-w; S”,. moa (s 1),
where wy and w; are properly chosen weight functions (e.g., depending on Q) or constants, can be used to determine
a distance measure indicative for speech activity by which the filter characteristic for suppressing residual echoes can
be controlled.

[0059] Inthe presentexample, however, itis determined whether a strong level increase or decrease of the microphone
signal and/or the estimate echo signal is detected. Strong temporary level jumps would probably result in artifacts when
the distance measure for determining the speech activity of a local speaker is calculated as follows. If no abrupt level
changes are present, i.e. temporarily relatively homogeneous signals are present, the smoothed output signals of the

processing means 8and9, i.e. S,y oo M and S, com (€2, 1), respectively, are used for signal flank detection
10

0, if (i imeon () >KoSs 10 (Q.n=1)
v (Sz (@ n)<;‘d—sﬁm(n,,n—l»

A(Qp)n) =1 v (S)y.smoolh(np’n) > KAS;y,moolh(Qp:n - ]))

1
V(Syy.:mooxh(n n)<K )y:mooxh(Qp’n l))

1, else

with a detection threshold of typically 4 < K, < 100.
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[0060] By a distance detection means 11 a spectrum distance measure can be determined on the basis of A(,,,n)

and the modified spectra S&J o Qp,n) and Syy,mod(QWn) calculated by the processing means 8 and 9:
(A(Q,,n)C,, if lSd-&.m(Qﬂ,n) > K,S”,_M(Q”,n)],
AQ,ACy, if [KuS, mea (@,m) €Sy QM S KS,, 0 (Q,,m)}

C(prn) =1 A(Q,nn)cl’ if _Klsjjm (Qprn) s S»:mnd (Qy:n) s K4Sﬁm(gp :")]»

MQACon i[5, (Q,m)>K.Sy (@)

else.

[0061] Suitable choices for the detection thresholds are, e.g., Ky = 16, Ky = 4, K3 = 4, and K, = 16. Distances C(Q2,,
n) are specified, e.g., by detection parameters Cy =-0.4, C; = 0.1, C3 = 0.1, and C4 = 0.6. Large positive values of the
spectrum distance measure C(Q,, ,n) indicate that the power density of the microphone spectrum dominates the power
density of the estimated echo. If the power density of the estimated echo significantly exceeds the power density of the
microphone spectrum, strong changes in the LRM system are detected, characterized by a high negative cost parameter
C;.

[0062] The determination of both A(an) and C(QWn) are restricted to those sub-bands that show a significant power
of speech signals. This implies that the sub-bands are restricted to p. € [pgiarts Mend ] Where pgan @and pgng are chosen
corresponding to a frequency range coverage of about 200 Hz to about 3500 Hz.

[0063] An adding means 12 sums up the results C(€2,,,n) for the individual sub-bands

C(n) = ”f:C(Q,,,n) :

H=Hgan

[0064] Subsequently, smoothing over a pre-determined time interval is preferably performed to obtain a smoothed
distance measure C(n).

[0065] The detection result obtained by the distance detection means 12 can now be used for an efficient adaptation
of the filter characteristic of a residual echo suppressing means 6 (see Fig. 1) in dependence of the detected speech
activity as measured by C(n). If no speech activity is detected on the basis of the smoothed distance measure C(n), the
residual echo filtering can be performed by means of the square of the magnitude of the estimated echo D(e%.n) or
the maximum of |D(e*2, )12 and the power density of the residual echo See(€,,n). If, however, a double talk situation
is present, i.e. both the local and the remote speaker are speaking, i.e. significant speech activity is detected, it is
preferred that a Wiener filter characteristic but with a time-dependent filter parameter 3(n) is used. In conclusion, residual
echo filtering according to the present example is carried out by means of the filter characteristic

G s ("™ ,m) = max k;min’amod (™ ’")}

with
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ey o
l—ﬂ(n)—'{—zﬁ, if C(n)>C,

G(em #,n) =4
max{.i’“(ﬂ » n),|l5(e’°" , n)r}

1- B(n) 3 o , lelse.

\

[0066] The parameter B(n) controlling the sensibility of the filter depends on the smoothed distance measure

B, i§CT(n)>Cpy

Aln)= {,0, > f,, else.

[0067] Experiments have shown that suitable values for the 3 - parameters are, e.g., B4 = 1 and f, = 1000. By Cy;,es
a predetermined threshold is given above which significant speech activity of the local speaker is considered to be
present. Suppression is limited by Gpp, €.9., Gmin =0.1.

[0068] The power density spectrum Sye(€2,,,1) of the echo compensated sub-band microphone signals E(e%%,n) can
be recursively determined by

$.@,,m) = 2,8,(@Q,n-1+1-3)|EE"™ n)|*

with a smoothing parameter chosenas 0 <A, < 1. A
[0069] In the present example the power density spectrum of the residual echo S, (€,,,n) is determined by

5@, m=3.(Q,,m|A, "™ ,n) |2

wherein the estimated echo compensation obtained by the echo compensation filtering means 5 I/-\IA(eIQu,n) can be
calculated by methods known in the art (see, e.g., Step-Size Control in Subband Echo Cancellation Systems, G. Schmidt,
IWANEC 1999, Pocona Manor, Pennsylvania, USA, Conf, Proceed., p. 116 - 119, 1999). The estimated power density
spectrum of the audio signal output by the loudspeaker S,,(€2,,,n) is calculated similar to the power density spectrum
Seel€2,,,) of the echo compensated sub-band microphone signals:

§0@,m =4, 5,@Q,n-1)+ (- )X n)f

with the smoothing parameter chosen as 0 <A< 1.

[0070] Fig. 3 shows an overview of the residual echo suppression according to an example of the present invention.
The echo compensated sub-band microphone signals E(et+,n) are filtered by a residual echo suppression means 6.
For this filtering a filter characteristic G, (642+,n) has to be adapted. Adaptation of the filter characteristic G4 (64,
n) is carried out on the basis of the result of the speech activity detection 13 (relating to the speech activity of a local
speaker) C(n) or the smoothed distance measure C(n), to be more specific. In particular, the above mentioned B -
parameter is controlled 14 by the detected speech activity.

[0071] As explained above a means for the detection of speech activity of the local speaker 13 receives the estimate
for the echo sub-band signals D(ef2 ,n) as well as the microphone sub-band signals Y(e'ﬂx,n) and, in addition, the
output of a noise estimation means 7. The power density spectrum of the background noise Sp,,(€2,,1) obtained by the
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noise estimation means 7 is input in an artificial noise generator 15.

[0072] The noise generator is configured to generate artificial noise with substantially the same statistical power
distribution as determined for the background noise by the noise estimation means 7. The artificially generated back-
ground noise sub-band signals B, n) are output, if the output signal output by the residual echo suppressing means
6 would have a power density below the remaining background noise in order to avoid annoying abrupt changes of the
background noise transmitted to the remote communication party. In the present example the residual echo suppressing
means 6 also controls whether this so-called comfort noise shall be output. Thus, the desired signal to be transmitted
to the remote communication party is eventually achieved by synthesizing the sub-band signals

$e™ ny= E(e’™,n)G,_ ("™, n), if nocomfort noiseis tobe 6utput
' B(e’™ ,n), if comfort noise only is to be output.

[0073] Fig. 4 illustrates the efficiency of the herein disclosed signal processing for echo reduction of a microphone
signal by means of a computer simulation study. In all panels the abscissa show the amplitude of a signal in arbitrary
units and the ordinate shows the time in seconds.

[0074] The upper panel shows a simulated speech signal of a local speaker and the second panel a corresponding
microphone signal. The microphone signal comprises the speech signal as well as an echo contribution. During the
simulation run the LRM system was changed by simulating speaker's movements after about 5 second and about 15
seconds. After about 20.5 seconds a double talk situation was simulated for a period of about 7 seconds, i.e. the simulated
speech signal and echo contributions are detected by the microphone.

[0075] The smoothed distance measure C (n) as a result of the speech activity detection is displayed in the third panel.
As can be clearly seen from Fig. 4, the smoothed distance measure C(n) does not or only very slightly respond to the
speaker's movements. In particular, C(n) lies below the threshold Cyy,.es = 1 and, thus, significant suppressing of residual
echoes is carried out when the speaker moves. Contrary, during the period characterized by double-talk the smoothed
distance measure C(n) indicates speech activity of the local speaker. As a result, the eventually obtained desired output
signal S(ef2 n) shows a satisfying concordance with the simulated speech signal of the local speaker.

[0076] Itis to be understood that some or all of the above described features can also be combined in different ways.
Whereas in the discussed example hands-free telephony is considered, the disclosed algorithms can be applied for
reducing the echoes in microphone signals, in general.

Claims

1. Method of reducing an echo for a microphone signal generated by a microphone (1), comprising
echo compensating the microphone signal by subtracting an estimated echo signal from the microphone signal to
generate an echo compensated signal;
detecting a speech activity of a local speaker on the basis of the microphone signal and the estimated echo signal; and
suppressing a residual echo in the echo compensated signal on the basis of the detected speech activity to obtain
an output signal,
wherein the microphone signal is converted to sub-band microphone signals and the estimated echo signal comprises
estimated sub-band echo signals and wherein the echo compensating, detecting of the speech activity and sup-
pressing of the residual echo is carried out in the sub-band regime and wherein the detecting of the speech activity
of the local speaker comprises the steps of:

smoothing in frequency the microphone sub-band signals, in particular, by first order recursive filtering;
smoothing in frequency the estimated sub-band echo signals, in particular, by first order recursive filtering;
determining for each sub-band of a predetermined range of sub-bands a distance between the smoothed
microphone sub-band signals and the smoothed estimated sub-band echo signals;

and wherein

the suppressing of the residual echo in the echo compensated signal is based on the determined distances in
each sub-band of the predetermined range of sub-bands.

2. The method according to claim 1, further comprising

estimating the power density spectrum of background noise present in the microphone signal;
and wherein
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smoothing in frequency of the microphone sub-band signals comprises recursive filtering the power density spectrum
of the sub-band microphone signals to obtain a smoothed power density spectrum of the microphone sub-band
signals;

smoothing in frequency the estimated sub-band echo signals comprises recursive filtering the power density spec-
trum of the estimated sub-band echo signals to obtain a smoothed power density spectrum of the estimated sub-
band echo signals;

and wherein

determining in each sub-band a distance between the smoothed microphone sub-band signals and the smoothed
sub-band echo signals comprises determining in each sub-band the maximum of the smoothed power density
spectrum of the microphone sub-band signals and the estimated background noise power spectrum enhanced by
a first predetermined noise overestimate factor to obtain a modified microphone power density spectrum;
determining in each sub-band the maximum of the smoothed power density spectrum of the estimated sub-band
echo signals and the estimated background noise power spectrum enhanced by a second predetermined noise
overestimate factor to obtain a modified echo power density spectrum;

comparing the modified microphone power density spectrum and the modified echo power density spectrum to
obtain a spectrum distance measure:

and wherein

the suppressing of the residual echo in the echo compensated sub-band signals is based on the spectrum distance
measure.

Method according to one of the above claims, further comprising

estimating the power density of the echo compensated signal;

estimating the power density of the residual echo;

and wherein the suppressing of the residual echo in the echo compensated signal is based on the estimated power
density of the echo compensated signal and the estimated power density of the residual echo.

The method according to claim 3, wherein the suppressing of the residual echo in the echo compensated signal
comprises filtering the echo compensated signal by a filter with the filter characteristic

-

: S (Q,,

A A
where the mid-frequency of the sub-band . is denoted by Q,, 5.5"(Q,,n) and Si.(€2, n) are the estimated power
density of the echo compensated signal and the estimated power density of the residual echo, respectively, nis the
discrete time index and [3(n) is a filter parameter depending on the detected speech activity.

The method according to claim 3, wherein the suppressing of the residual echo in the echo compensated signal
comprises filtering the echo compensated signal by a filter with the filter characteristic

$.(Q,.n)

, ifC Cinves
5.(Q,.n) (n) > Cy,

1-B(n)

G(e’n;',n) = 4 :

max{S'a,(Q 1), ID(e’n‘, n)lz}
Sz (2,.n)

1-f(n)

.

else
or
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Sa(Q,,n)

o if C(1)>Cppee

1-B( )
G(e™™ 1) =4

1- () '5———m+— ID(e(j l else

where C(n) is a measure for the detected speech activity and Gy, is @ predetermined threshold.

The method according to claim 4 or 5, wherein the filter characteristic is limited by max[G,,;,, G(ef*,n)]where Gy,
correspond to a pre-determined degree of suppression.

The method according to one of the preceding claims, further comprising

determining the power density of the output signal and of background noise present in the microphone signal;
comparing the power density of the output signal with the power density of the background noise; and
transmitting the output signal to a remote party, if the power density of the output signal exceeds the power density
of the background noise, or

transmitting artificial noise to the remote party, if the power density of the background noise exceeds the power
density of the output signal.

Method of reducing an echo for a microphone signal generated by a microphone (1), comprising

echo compensating the microphone signal by subtracting an estimated echo signal from the microphone signal to
generate an echo compensated signal;

detecting a speech activity of a local speaker on the basis of the microphone signal and the estimated echo signal; and
suppressing a residual echo in the echo compensated signal on the basis of the detected speech activity to obtain
an output signal,

wherein the microphone signal is converted to Fourier transformed microphone signals and the estimated echo
signal comprises estimated Fourier transformed echo signals and wherein the echo compensating, detecting of the
speech activity and suppressing of the residual echo is carried out in the Fourier regime and wherein the detecting
of the speech activity of the local speaker comprises the steps of:

smoothing in frequency the Fourier transformed microphone signals, in particular, by first order recursive filtering;
smoothing in frequency the estimated Fourier transformed echo signals, in particular, by first order recursive
filtering;

determining for each Fourier component of a predetermined range of Fourier components a distance between
the smoothed Fourier transformed microphone signals and the smoothed estimated Fourier transformed echo
signals;

and wherein

the suppressing of the residual echo in the echo compensated signal is based on the determined distances in
each Fourier component of the predetermined range of Fourier components.

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 processing a microphone signal generated by a microphone (1), comprising

an echo compensation filtering means (5) configured to receive and echo compensate the microphone signal to
output an echo compensated signal based on the received microphone signal;

a speech activity detection means configured to detect speech activity of a local speaker by receiving and analyzing
the echo compensated signal and to output a detection signal;

a residual echo suppressing means (6) configured to receive the detection signal and to receive and filter the echo
compensated signal on the basis of the detection signal to output an output signal;

filter banks (3, 4) configured to convert the microphone signal and another audio signal to be output by at least one
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loudspeaker (2) installed in the same room as the microphone (1);

a background noise estimation means (7) configured to estimate the background noise power spectrum of back-
ground noise present in the microphone signal, and wherein the speech activity detection means comprises

a recursive filtering means configured to smooth the power density spectrum of sub-band microphone signals to
obtain a smoothed power density spectrum of the microphone sub-band signals;

a recursive filtering means configured to smooth the power density spectrum of estimated sub-band echo signals
to obtain a smoothed power density spectrum of the estimated sub-band echo signals;

a determining means configured to determine in each sub-band the maximum of the smoothed power density
spectrum of the microphone sub-band signals and the estimated background noise power spectrum enhanced by
a predetermined noise overestimate factor and to generate a modified microphone power density spectrum of the
determined maximum values;

a determining means configured to determine in each sub-band the maximum of the smoothed power density
spectrum of the estimated sub-band echo signals and the estimated background noise power spectrum enhanced
by the predetermined noise overestimate factor and to generate a modified echo power density spectrum of the
determined maximum values; and

a comparing means configured to compare the modified microphone power density spectrum and the modified echo
power density spectrum and to generate a spectrum distance signal;

and wherein

the residual echo suppressing means (6) is configured to receive the spectrum distance signal and to receive and
filter the echo compensated signal on the basis of the spectrum distance signal.

The system of claim 10, wherein the speech activity detection means is configured to estimate the power density
of the echo compensated signal and the power density of a residual echo present in the echo compensated signal;
and wherein the residual echo suppressing means (6) is configured to suppress the residual echo in the echo
compensated signal based on the estimated power density of the echo compensated signal and the estimated
power density of the residual echo.

The system of claim 10 or 11, wherein the residual echo suppressing means (6) comprises a filtering means with
the filter characteristic

§.(Q,.n)
S (Q,.n)

ee

G(e’™>,n) = 1- B(n)

where the mid-frequency of the sub-band . is denoted by Q,, , §ee(9u,n), gse(an) are the estimated power density

of the echo compensated signal and the estimated power density of the residual echo, n is the discrete time index
and B(n) is a filter parameter depending on the detected speech activity.

The system of one of the claims 10 - 12, wherein the residual echo suppressing means (6) comprises a filtering
means with the filter characteristic

M’ If 6(”) > Clhres
n)

max {S'&,,'(Q”,n),ll‘j(em‘,n)lz}
$.(Q,.n)

else
or
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G(e'™,n) =

where C(n) is a measure for the detected speech activity and Gy, is @ predetermined threshold.

The system according to one of the claims 10 - 13, further comprising

a noise generator (15) configured to generate artificial noise;

a means configured to determine the power density of the output signal and of background noise present in the
microphone signal;

a means configured to compare the power density of the output signal with the power density of the background
noise; and

a control means configured to cause transmission of the output signal to a remote party, if the power density of the
output signal exceeds the power density of the background noise; and to cause transmission of the generated
artificial noise, if the power density of the background noise exceeds the power density of the output signal.

System for processing a microphone signal generated by a microphone (1), comprising

an echo compensation filtering means (5) configured to receive and echo compensate the microphone signal to
output an echo compensated signal based on the received microphone signal;

a speech activity detection means configured to detect speech activity of a local speaker by receiving and analyzing
the echo compensated signal and to output a detection signal;

a residual echo suppressing means (6) configured to receive the detection signal and to receive and filter the echo
compensated signal on the basis of the detection signal to output an output signal;

Fourier transform means configured to Fourier transform the microphone signal and another audio signal to be
output by at least one loudspeaker (2) installed in the same room as the microphone (1);

a background noise estimation means (7) configured to estimate the background noise power spectrum of back-
ground noise present in the microphone signal, and wherein the speech activity detection means comprises

a recursive filtering means configured to smooth the power density spectrum of Fourier transformed microphone
signals to obtain a smoothed power density spectrum of the Fourier transformed microphone signals;

a recursive filtering means configured to smooth the power density spectrum of estimated Fourier transformed echo
signals to obtain a smoothed power density spectrum of the estimated Fourier transformed echo signals;

a determining means configured to determine in each Fourier component the maximum of the smoothed power
density spectrum of the Fourier transformed microphone signals and the estimated background noise power spec-
trum enhanced by a predetermined noise overestimate factor and to generate a modified microphone power density
spectrum of the determined maximum values;

a determining means configured to determine in each Fourier component the maximum of the smoothed power
density spectrum of the estimated Fourier transformed echo signals and the estimated background noise power
spectrum enhanced by the predetermined noise overestimate favor and to generate a modified echo power density
spectrum of the determined maximum values; and

a comparing means configured to compare the modified microphone power density spectrum and the modified echo
power density spectrum and to generate a spectrum distance signal;

and wherein

the residual echo suppressing means (6) is configured to receive the spectrum distance signal and to receive and
filter the echo compensated signal on the basis of the spectrum distance signal.

Hands-free telephone set comprising the system according to one of the claims 10-15.

Vehicle communication system, comprising at least one microphone (1), at least one loudspeaker (2) and the system
according to one of the claims 10 -15 or the hands-free telephone set according to claim 16.
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18. Speech recognition system or speech dialog system comprising the system according to one of the claims 10-15.

Patentanspriiche

1.

Verfahren zum Verringern eines Echos fur ein Mikrofonsignal, das von einem Mikrofon (1) erzeugt wird, umfassend:

Echokompensieren des Mikrofonsignals durch Subtrahieren eines geschétzten Echosignals von dem Mikro-
fonsignal, um ein echokompensiertes Signal zu erzeugen;

Detektieren einer Sprachaktivitat eines lokalen Sprechers auf der Grundlage des Mikrofonsignals and des
geschéatzten Echosignals; und

Unterdriicken eines residualen Echos in dem echokompensierten Signal auf der Grundlage der detektierten
Sprechaktivitat, um ein Ausgangssignal zu erhalten,

wobei das Mikrofonsignal in Mikrofon-Teilbandsignate umgewandelt wird und das geschétzte Echosignal ge-
schatzte Teilband-Echosignale umfasst und wobei das Echokompensieren, Detektieren der Sprechaktivitat und
Unterdriicken des residualen Echos in dem Teilband-Bereich ausgefiihrt wird und wobei das Detektieren der
Sprechaktivitat des lokalen Sprechers die Schritte umfasst:

Frequenzglétten der Mikrofon-Teilbandsignale, insbesondere durch rekursives Filtern erster Ordnung;
Frequenzglétten der geschatzten Teilband-Echosignale, insbesondere durch rekursives Filtern erster Ordnung;
Bestimmen eines Abstands zwischen den geglatteten Mikrofon-Teilbandsignalen und den geglétteten geschétz-
ten Teilband-Echosignalen fiir jedes Teilband eines vorbestimmten Bereichs von Teilbéndern;

und wobei

das Unterdriicken des residualen Echos in dem echokompensierten Signal auf den bestimmten Abstanden in
jedem Teilband des vorbestimmten Bereichs von Teilbandern basiert.

2. Das Verfahren gemaf Anspruch 1, weiterhin umfassend

Schétzen des Leistungsdichtespektrums von Hintergrundgerdusch, das in dem Mikrofonsignal vorliegt;

und wobei

Frequenzglatten der Mikrofon-Teilbandsignale rekursives Filtern des Leistungsdichtespektrums der Teilband-Mi-
krofonsignale, um ein gegléttetes Leistungsdichtespektrum der Mikrofon-Teilbandsignale zu erhalten, umfasst;
Frequenzglétten der geschétzten Teilband-Echosignale rekursives Filtern des Leistungsdichtespektrums der ge-
schatzten Teilband-Echosignale, um ein geglattetes Leistungsdichtespektrum der geschétzten Teilband-Echosi-
gnale zu erhalten, umfasst;

und wobei

Bestimmen eines Abstands zwischen den gegléatteten Mikrofon-Teilbandsignalen und den geglatteten geschétzten
Teilband-Echosignalen in jedem Teilband Bestimmen des Maximums des geglatteten Leistungsdichtespekirums
der Mikrofon-Teilbandsignale und des geschatzten Hintergrundgeréauschleistungsdichtespektrums, erhéht um einen
ersten vorbestimmten Gerausch-Uberschétzfaktor, in jedem Teilband, um ein modifiziertes Mikrofonleistungsdich-
tespektrum zu erhalten, umfasst;

Bestimmen des Maximums des geglatteten Leistungsdichtespektrums der geschatzten Teilband-Echosignale und
des geschéatzten Hintergrundgerduschleistungsdichtespektrums, erhéht um einen zweiten vorbestimmten Ge-
rausch-Uberschatzfaktor, in jedem Teilband, um ein modifiziertes Echoleistungsdichtespektrum zu erhalten;
Vergleichen des modifizierten Mikrofonleistungsdichtespektrums und des modifizierten Echoleistungsdichtespek-
trums, um ein Spektrumsabstandsmaf zu erhalten;

und wobei

das Unterdriicken des residualen Echos in den echokompensierten Teilbandsignalen auf dem Spektrumsabstands-
maf3 basiert.

Verfahren geman einem der vorhergehenden Anspriiche, weiterhin umfassend

Schétzen der Leistungsdichte des echokompensierten Signals;

Schétzen der Leistungsdichte des residualen Echos;

und wobei das Unterdriicken des residualen Echos in dem echokompensierten Signal auf der geschétzten Lei-
stungsdichte des echokompensierten Signals und der geschatzten Leistungsdichte des residualen Echos basiert.

Das Verfahren gemaf Anspruch 3, in dem das Unterdrlicken des residualen Echos in dem echokompensierten
Signal Filtern des echokompensierten Signals durch ein Filter mit der Filterkennlinie
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$.(Q,,n)
$,.(Q,.n)

ee us
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A AN
umfasst, wobei die Mittenfrequenz des Teilbands p durch Q,, bezeichnet ist, Sg(€2,,,n)und S.(Q,,,n) die geschéatzte
Leistungsdichte des echokompensierten Signals und die geschétzte Leistungsdichte des residualen Echos ist, n
der diskrete Zeitindex ist und 3(n) ein Filterparameter ist, der von der detektierten Sprechaktivitat abhéngt.

5. Das Verfahren gemén Anspruch 3, in dem das Unterdriicken des residualen Echos in dem echokompensierten

Signal Filtern des echokompensierten Signals durch ein Filter mit der Filterkennlinie

S (Q -
1= p(m) 2= 2™ it E ) > Cores
e ($2,51)
G(e™™, n) =
max{s'eg (Q” s n)’lb(ejnﬂ » n)lz}
1_ n ~ H
1A @
sonst
oder
(1 B( )S“(Q”’") if C(n)>C
- n)————m—, n re:
3.@,.m) thres
G(e’Q”,n)=4
1- A( )lD(e’““,nlz t
-B(n)l———L1 . sons
i S,.(Q,,
umfasst,

wobei C(n) ein Maf3 fir die detektierte Sprechaktivitét ist und Cy,,es €ine vorbestimmte Schwelle ist.

6. Das Verfahren gemaf Anspruch 4 oder 5, in dem die Filterkennlinie durch max[G,,;,, G(e*%, n)] begrenzt ist, wobei

Gmirn €inem vorbestimmten Grad einer Unterdriickung entspricht.

7. Das Verfahren gemaf einem der vorhergehenden Ansprliche, das weiterhin umfasst

Bestimmen der Leistungsdichte des Ausgangssignals und von Hintergrundgerausch, das in dem Mikrofonsignal
vorliegt;

Vergleichen der Leistungsdichte des Ausgangssignals mit der Leistungsdichte des Hintergrundgeréuschs; und
Senden des Ausgangssignals an eine entfernte Partei, wenn die Leistungsdichte des Ausgangssignals die Lei-
stungsdichte des Hintergrundgerauschs Ubersteigt, oder

Senden kinstlichen Gerduschs an die entfernte Partei, wenn die Leistungsdichte des Hintergrundgeréduschs die
Leistungsdichte des Ausgangssignals Ubersteigt.

8. Verfahren zum Verringern eines Echos fir ein Mikrofonsignal, das von einem Mikrofon (1) erzeugt wird, umfassend:

Echokompensieren des Mikrofonsignals durch Subtrahieren eines geschétzten Echosignals von dem Mikro-
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fonsignal, um ein echokompensiertes Signal zu erzeugen;

Detektieren einer Sprachaktivitat eines lokalen Sprechers auf der Grundlage des Mikrofonsignals and des
geschétzten Echosignals; und

Unterdriicken eines residualen Echos in dem echokompensierten Signal auf der Grundlage der detektierten
Sprechaktivitat, um ein Ausgangssignal zu erhalten,

wobei das Mikrofonsignal in Fourier-transformierte Mikrofonsignale umgewandelt wird und das geschétzte
Echosignal geschéatzte Fourier-transformierte Echosignale umfasst und wobei das Echokompensieren, Detek-
tieren der Sprechaktivitat und Unterdrlicken des residualen Echos im Fourier-Bereich ausgefihrt wird und wobei
das Detektieren der Sprechaktivitét des lokalen Sprechers die Schritte umfasst:

Frequenzglatten der Fourier-transformierten Mikrofonsignale, insbesondere durch rekursives Filtern erster
Ordnung;

Frequenzglatten der geschatzten Fourier-transformierten Echosignale, insbesondere durch rekursives Fil-
tern erster Ordnung;

Bestimmen eines Abstands zwischen den geglatteten Fourier-transformierten Mikrofonsignalen und den
geglatteten geschatzten Fourier-transformierten Echosignalen flir jede Fourier-Komponente eines vorbe-
stimmten Bereichs von Fourier-Komponenten;

und wobei

das Unterdriicken des residualen Echos in dem echokompensierten Signal auf den bestimmten Abstédnden
in jeder Fourier-Komponente des vorbestimmten Bereichs von Fourier-Komponenten basiert.

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

10. System zum Verarbeiten eines Mikrofonsignals, das von einem Mikrofon (1) erzeugt wird, umfassend:

eine Echokompensationsfiltereinrichtung (5), die dazu ausgebildet ist, das Mikrofonsignal zu empfangen und
ein Echo zu kompensieren, um ein echokompensiertes Signal auf der Grundlage des empfangenen Mikrofon-
signals auszugeben;

eine Sprechaktivitatsdetektionseinrichtung, die dazu ausgebildet ist, eine Sprechaktivitat eines lokalen Spre-
chers durch Empfangen und Analysieren des echokompensierten Signals zu detektieren und ein Detektions-
signal auszugeben;

eine Einrichtung (6) zur Unterdriickung eines residualen Echos, die dazu ausgebildet ist, das Detektionssignal
zu empfangen und das echokompensierte Signal zu empfangen und auf der Grundlage des Detektionssignals
zu filtern, um ein Ausgangssignal auszugeben;

Filterbanke (3, 4), die dazu ausgebildet sind, das Mikrofonsignal und ein weiteres Audiosignal, das von zumindest
einem Lautsprecher (2) auszugeben ist, der in dem selben Raum wie das Mikrofon (1) installiert ist, umzuwan-
deln;

eine Hintergrundgerduschschatzeinrichtung (7), die dazu ausgebildet ist, das Hintergrundgeréuschleistungs-
spektrum von Hintergrundgerdusch, das in dem Mikrofonsignal vorliegt, zu schatzen, und wobei die Sprech-
aktivitatsdetektionseinrichtung umfasst

eine Einrichtung zum rekursiven Filtern, die dazu ausgebildet ist, das Leistungsdichtespektrum von Teilband-
Mikrofonsignalen zu glétten, um ein geglattetes Leistungsdichtespektrum der Mikrofon-Teilbandsignale zu er-
halten;

eine Einrichtung zum rekursiven Filtern, die dazu ausgebildet ist, das Leistungsdichtespektrum von geschétzten
Teilband-Echosignalen zu glatten, um ein gegléttetes Leistungsdichtespektrum der geschétzten Teilband-Echo-
signale zu erhalten;

eine Bestimmungseinrichtung, die dazu ausgebildet ist, das Maximum des geglétteten Leistungsdichtespek-
trums der Mikrofon-Teilbandsignale und des geschétzten Hintergrundgerauschleistungsdichtespektrums, er-
héht um einen vorbestimmten Gerdusch-Uberschatzfaktor, in jedem Teilband zu bestimmen und ein modifi-
ziertes Mikrofonleistungsdichtespektrum der bestimmten Maximalwerte zu erzeugen;

eine Bestimmungseinrichtung, die dazu ausgebildet ist, das Maximum des geglétteten Leistungsdichtespek-
trums der geschéatzten Teilband-Echosignale und des geschatzten Hintergrundgerduschleistungsdichtespek-
trums, erhdht um den vorbestimmten Geréusch-Uberschétzfaktor, in jedem Teilband zu bestimmen und ein
modifiziertes Echoleistungsdichtespektrum der bestimmten Maximalwerte zu erzeugen; und

eine Vergleichseinrichtung, die dazu ausgebildet ist, das modifizierte Mikrofonleistungsdichtespektrum mit dem
modifizierten Echoleistungsdichtespektrum zu vergleichen und ein Spektrumabstandssignal zu erzeugen;
und in dem
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die Einrichtung (6) zur Unterdriickung eines residualen Echos dazu ausgebildet ist, das Spektrumabstandssignal
zu empfangen und das echokompensierte Signal zu empfangen und auf der Grundlage des Spektrumabstands-
signals zu filtern.

Das System von Anspruch 10, in dem die Sprechaktivitatsdetektionseinrichtung dazu ausgebildet ist, die Leistungs-
dichte des echokompensierten Signals und die Leistungsdichte eines residualen Echos, das in dem echokompen-
sierten Signal vorliegt, zu schétzen;

und in dem die Einrichtung (6) zur Unterdriickung eines residualen Echos dazu ausgebildet ist, das residuale Echo
in dem echokompensierten Signal auf der Grundlage der geschétzten Leistungsdichte des echokompensierten
Signals und der geschétzten Leistungsdichte des residualen Echos zu unterdrlicken.

Das System von Anspruch 10 oder 11, in dem die Einrichtung (6) zur Unterdriickung eines residualen Echos eine
Filtereinrichtung mit der Filterkennlinie

~

s (82,,1)
G(e’™,n) = 1- f(n)—2
(e"™*,n) B(n)==——L— 5.

mfasst, wobei,\die Mittenfrequenz des Teilbands . durch Q, bezeichnet ist,
Seel€2,,n) und Si(Q,,,n) die geschatzte Leistungsdichte des echokompensierten Signals und die geschétzte Lei-
stungsdichte des residualen Echos ist, n der diskrete Zeitindex ist und B(n) ein Filterparameter ist, der von der
detektierten Sprechaktivitat abhangt.

Das System von einem der Anspriiche 10 - 12, in dem die Einrichtung (6) zur Unterdriickung eines residualen Echos
eine Filtereinrichtung mit der Filterkennlinie

$.(Q,.m . =
1- < s i C(n)> Cypes
- f(n)=——+— See(Q,, ” (n) > Cy,
G(e’™,n) =
max{S;(Q,,,n),lD(ef‘“,n)lz}
1-B(n) x :
L S,.(Q,,n)
sonst
oder
S (Q,,n .~
1- e L if C(n) > Cpes
B(n) S@, (n)>Cy,
G(e’™ ,n) =4
el
| s sons
| B(n) S

umfasst, wobei C(n) ein MaB firr die detektierte Sprechaktivitat ist und Gy, s €ine vorbestimmte Schwelle ist.
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14. Das System von einem der Anspriiche 10-13, das weiterhin umfasst
einen Gerauschgenerator (15), der dazu ausgebildet ist, kiinstliches Gerdusch zu erzeugen;
eine Einrichtung, die dazu ausgebildet ist, die Leistungsdichte des Ausgangssignals und von Hintergrundgerausch,
das in dem Mikrofonsignal vorliegt, zu bestimmen;
eine Einrichtung, die dazu ausgebildet ist, die Leistungsdichte des Ausgangssignals mit der Leistungsdichte des
Hintergrundgerauschs zu vergleichen; und
eine Steuereinrichtung, die dazu ausgebildet ist, eine Ubertragung des Ausgangssignal an eine entfernte Partei zu
veranlassen, wenn die Leistungsdichte des Ausgangssignals die Leistungsdichte des Hintergrundgerauschs tber-
steigt, und eine Ubertragung des erzeugten kiinstlichen Gerdusches zu veranlassen, wenn die Leistungsdichte des
Hintergrundgerauschs die Leistungsdichte des Ausgangssignals libersteigt.

15. System zum Verarbeiten eines Mikrofonsignals, das von einem Mikrofon (1) erzeugt wird, umfassend:

eine Echokompensationsfiltereinrichtung (5), die dazu ausgebildet ist, das Mikrofonsignal zu empfangen und
ein Echo zu kompensieren, um ein echokompensiertes Signal auf der Grundlage des empfangenen Mikrofon-
signals auszugeben;

eine Sprechaktivitatsdetektionseinrichtung, die dazu ausgebildet ist, eine Sprechaktivitat eines lokalen Spre-
chers durch Empfangen und Analysieren des echokompensierten Signals zu detektieren und ein Detektions-
signal auszugeben;

eine Einrichtung (6) zur Unterdriickung eines residualen Echos, die dazu ausgebildet ist, das Detektionssignal
zu empfangen und das echokompensierte Signal zu empfangen und auf der Grundlage des Detektionssignals
zu filtern, um ein Ausgangssignal auszugeben;

eine Fourier-Transformations-Einrichtung, die dazu ausgebildet ist, das Mikrofonsignal und ein weiteres Au-
diosignal das von zumindest einem Lautsprecher (2) auszugeben ist, der in dem selben Raum wie das Mikrofon
(1) installiert ist, einer Fourier-Transformation zu unterziehen;

eine Hintergrundgerduschschatzeinrichtung (7), die dazu ausgebildet ist, das Hintergrundgeréuschleistungs-
spektrum von Hintergrundgerdusch, das in dem Mikrofonsignal vorliegt, zu schatzen, und wobei die Sprech-
aktivitatsdetektionseinrichtung umfasst

eine Einrichtung zum rekursiven Filtern, die dazu ausgebildet ist, das Leistungsdichtespektrum von Fourier-
transformierten Mikrofonsignalen zu glétten, um ein gegléttetes Leistungsdichtespektrum der Fourier-transfor-
mierten Mikrofonsignale zu erhalten;

eine Einrichtung zum rekursiven Filtern, die dazu ausgebildet ist, das Leistungsdichtespektrum von geschétzten
Fourier-transformierten Echosignalen zu glatten, um ein gegléttetes Leistungsdichtespekirum der geschétzten
Fourier-transformierten Echosignale zu erhalten;

eine Bestimmungseinrichtung, die dazu ausgebildet ist, das Maximum des geglétteten Leistungsdichtespek-
trums der Fourier-transformierten Mikrofonsignale und des geschétzten Hintergrundgeréduschleistungsdichte-
spektrums, erhdht um einen vorbestimmten Gerausch-Uberschétzfaktor, in jeder Fourierkomponente zu be-
stimmen und ein modifiziertes Mikrofonleistungsdichtespektrum der bestimmten Maximalwerte zu erzeugen;
eine Bestimmungseinrichtung, die dazu ausgebildet ist, das Maximum des geglétteten Leistungsdichtespek-
trums der geschétzten Fourier-transformierten Echosignale und des geschétzten Hintergrundgerauschlei-
stungsdichtespektrums, erhdht um den vorbestimmten Gerédusch-Uberschétziaktor, in jeder Fourierkomponen-
te zu bestimmen und ein modifiziertes Echoleistungsdichtespektrum der bestimmten Maximalwerte zu erzeu-
gen; und

eine Vergleichseinrichtung, die dazu ausgebildet ist, das modifizierte Mikrofonleistungsdichtespektrum mit dem
modifizierten Echoleistungsdichtespektrum zu vergleichen und ein Spektrumabstandssignal zu erzeugen;
und in dem

die Einrichtung (6) zur Unterdriickung eines residualen Echos dazu ausgebildet ist, das Spektrumabstandssignal
zu empfangen und das echokompensierte Signal zu empfangen und auf der Grundlage des Spektrumabstands-
signals zu filtern.

16. Freisprechtelefonvorrichtung, die das System gemaf einem der Anspriiche 10 - 15 umfasst.

17. Fahrzeugkommunikationssystem, das zumindest ein Mikrofon (1), zumindest einen Lautsprecher (2) und das System
gemaf einem der Anspriiche 10-15 oder die Freisprechtelefonvorrichtung geman Anspruch 16 umfasst.

18. Spracherkennungssystem oder Sprachdialogsystem, das das System gemaf3 einem der Anspriiche 10-15 umfasst.
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Revendications

1. Procédé de réduction d’un écho pour un signal de microphone généré par un microphone (1), ledit procéde com-
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prenant les étapes consistant a :

compenser I'écho du signal de microphone en soustrayant un signal d’écho estimé du signal de microphone,
afin de générer un signal a I'écho compensé ;

détecter une activité vocale d’'un locuteur local sur la base du signal de microphone et du signal d’écho estime ; et
supprimer un écho résiduel dans le signal a 'écho compensé sur la base de l'activité vocale détectée afin
d’obtenir un signal de sortie,

dans lequel le signal de microphone est converti en des signaux de microphone en sous-bandes et le signal
d’écho estimé comprend des signaux d’écho de sous-bande estimés et dans lequel les étapes de compensation
d’écho, de deétection de l'activité vocale et de suppression de I'écho résiduel sont exécutées dans le régime de
sous-bande et dans lequel I'étape de détection de I'activité vocale du locuteur local comprend les étapes
consistant a :

lisser enfrequence les signaux de microphone en sous-bandes, en particulier par filtrage récursif de premier
ordre,

lisser enfréequence les signaux d'écho en sous-bandes estimés, en particulier parfiltrage récursif de premier
ordre ;

determiner, pour chaque sous-bande d’une bande predéeterminée de sous-bandes, une distance entre les
signaux de microphone en sous-bandes lissés et les signaux d’écho en sous-bandes estimes ;

etdans lequel la suppression de I'écho résiduel dans le signal & I'écho compensé est basée sur les distances
determinées dans chaque sous-bande de la bande predéterminée de sous-bandes.

2. Procéde selonlarevendication 1,comprenant en outre I'étape consistant a estimer le spectre de densité de puissance

du bruit de fond présent dans le signal de microphone ;

et dans lequel I'étape consistant a lisser en fréquence les signaux de microphone en sous-bandes comprend un
filtrage récursif du spectre de densité de puissance des signaux de microphone en sous-bandes, afin d’obtenir un
spectre de densité de puissance lissé des signaux de microphone en sous-bandes ;

I'étape consistant a lisser en fréquence les signaux d’écho en sous-bandes estimés comprend un filtrage récursif
du spectre de densité de puissance des signaux d’écho en sous-bandes estimés afin d'obtenir un spectre de densité
de puissance lissé des signaux d’écho en sous-bandes estimeés ;

et dans lequel I'étape consistant & déterminer dans chaque sous-bande une distance entre les signaux de micro-
phone en sous-bandes lissés et les signaux d’écho en sous-bandes lissés comprend

la détermination dans chaque sous-bande du maximum du spectre de densité de puissance lissé des signaux de
microphone en sous-bandes et du spectre de puissance de bruit de fond estime, augmenté d’'un premier facteur
prédéterminé de surestimation du bruit, afin d’obtenir un spectre de densité de puissance de microphone modifié ;
la détermination dans chaque sous-bande du maximum du spectre de densité de puissance lissé des signaux
d’écho en sous-bandes estimés et du spectre de puissance de bruit de fond estimé, augmenté d'un second facteur
predeterminé de surestimation du bruit, afin d’obtenir un spectre de densité de puissance d’écho modifié ;

la comparaison du spectre de densité de puissance de microphone modifié et du spectre de densité de puissance
d’'écho modifié, afin d’obtenir une mesure de distance de spectre ;

et dans lequel la suppression de I'écho résiduel dans les signaux en sous-bandes a I'écho compensé est basée
sur la mesure de distance de spectre.

Procédé selon I'une des revendications précedentes, comprenant en outre les étapes consistant a :
estimer la densité de puissance du signal a I'echo compensé ;
estimer la densité de puissance de I'écho résiduel ;
et dans lequel la suppression de I'écho résiduel dans le signal a I'écho compensé est basée sur la densité de

puissance estimée du signal a I'écho compensé et la densité de puissance estimee de I'écho résiduel.

Procédé selon la revendication 3, dans lequel la suppression de I'écho résiduel dans le signal a I'écho compensé
comprend le filtrage du signal a I'écho compensé par un filtre ayant la caractéristique de filtre :
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ou la mi-fréquence de la sous-bande p est dénotee par Q, , Sg(€2,,n) et S(€, n) sont la densité de puissance
estimée du signal a I'écho compensé et la densité de puissance estimée de I'écho résiduel, respectivement, n est
lindex de temps discret et B(n) est un paramétre de filtre dépendant de I'activité vocale détectée.

5. Procédé selon la revendication 3, dans lequel la suppression de I'écho résiduel dans le signal a I'écho compensé

comprend le filtrage du signal a I'écho compensé par un filtre ayant la caractéristique de filtre :

thres

n —
), siC(n)>C,

max{ie «Q,, n),IDA(ejQ‘ , n)]z}
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sinon
ou
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1ﬂ(n)‘;§ Sl G Ty C

G(em”,n) =

1-f(n)————, sinon
B(n) S

ou C(n)est une mesure de I'activité vocale détectée et Gy, €St Un seuil prédéterminé.

6. Procédé selon la revendication 4 ou 5, dans lequel la caractéristique de filtre est limitée par max[G,;,, G(ex,n)],
ou G, correspond & un degre prédéterminé de suppression.

7. Procéde selon I'une des revendications precédentes, comprenant en outre les étapes consistant a :

déterminer la densité de puissance du signal de sortie et du bruit de fond présent dans le signal de microphone ;
comparer la densité de puissance du signal de sortie avec la densité de puissance du bruit de fond ; et
transmettre le signal de sortie a un utilisateur éloigné, si la densité de puissance du signal de sortie excéde la
densite de puissance du bruit de fond, ou

transmettre un bruit artificiel a I'utilisateur éloigne, si la densité de puissance du bruit de fond excéde la densité
de puissance du signal de sortie.

8. Procédé de réduction d’'un écho pour un signal de microphone généré par un microphone (1), ledit procédé com-
prenant les étapes consistant a :

compenser I'écho du signal de microphone en soustraiyant un signal d'écho estimé du signal de microphone,
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afin de générer un signal a I'écho compensé ;

détecter une activité vocale d’'un locuteur local sur la base du signal de microphone et du signal d’écho estime ; et
supprimer un écho résiduel dans le signal a 'écho compensé sur la base de l'activité vocale détectée afin
d’'obtenir un signal de sortie ;

dans lequel le signal de microphone est converti en des signaux de microphone transformeés par transformation
de Fourier et le signal d’écho estime comprend des signaux d'écho transformés par transformation de Fourier
estimés, et, dans lequel les étapes de compensation d’écho, de détection de I'activité vocale et de suppression
de I'écho résiduel sont exécutées dans le régime de Fourier et dans lequel la détection de I'activité vocale du
locuteur local comprend les étapes consistant a :

lisser en fréquence les signaux de microphone transformeés par transformation de Fourier, en particulier
par filtrage recursif du premier ordre ;

lisser en fréquence les signaux de microphone d'écho transformés par transformation de Fourier estimés,
en particulier par filtrage récursif du premier ordre ;

determiner, pour chaque composante de Fourier d’'une bande prédéterminée de composantes de Fourier,
une distance entre les signaux de microphone transformés par transformation de Fourier lissés et les
signaux d’écho transformeés par transformation de Fourier estimés et lissés ;

etdans lequel la suppression de I'écho résiduel dans le signal & I'écho compensé est basée sur les distances
determinées dans chaque composante de Fourier de la bande prédéterminée de composantes de Fourier.

9. Produit de programme informatique, comprenant un ou plusieurs supports lisibles par ordinateur ayant des instruc-
tions executables sur un ordinateur pour executer les étapes du procédé selon I'une des revendications 1 a 8.

10. Systéme de traitement de signal de microphone généré par un microphone (1), comprenant :
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des moyens de filtrage a compensation d'écho (5) configurés pour recevoir et compenser I'écho du signal de
microphone, afin de fournir en sortie un signal a I'écho compensé sur la base du signal de microphone regu ;
des moyens de détection d'activité vocale configurés pour détecter une activité vocale d’un locuteur local en
recevant et analysant le signal a I'écho compensé et pour fournir en sortie un signal de détection ;

des moyens de suppression d'écho résiduel (6) configurés pour recevoir le signal de détection et pour recevoir
etfiltrer le signal aI'écho compensé sur la base du signal de détection, afin de fournir en sortie un signal de sortie ;
des bancs de filtre (3, 4) configurés pour convertir le signal de microphone et un autre signal audio devant étre
fourni en sortie par au moins un haut-parleur (2) installé dans la méme piéce que le microphone (1) ;

des moyens d’estimation de bruit de fond (7) configurés pour estimer le spectre de puissance du bruit de fond
présent dans le signal de microphone, et dans lequel les moyens de détection d’activité vocale comprennent :

des moyens de filtrage récursif configurés pour lisser le spectre de densité de puissance des signaux de
microphone en sous-bandes, afin d'obtenir un spectre de densité de puissance lissé des signaux de mi-
crophone en sous-bandes ;

des moyens de filtrage récursif configurés pour lisser le spectre de densité de puissance de signaux d'écho
en sous-bandes estimés, afin d’obtenir un spectre de densité de puissance lissé des signaux d’écho en
sous-bandes estimés ;

des moyens de détermination configurés pour déterminer dans chague sous-bande le maximum du spectre
de densité de puissance lissé des signaux de microphone en sous-bandes et du spectre de puissance du
bruit de fond estimé, augmenté par un facteur prédéterminé de surestimation du bruit, et pour générer un
spectre de densité de puissance de microphone modifie des valeurs maximum déeterminées ;

des moyens de détermination configurés pour déterminer dans chague sous-bande le maximum du spectre
de densité de puissance lissé des signaux d’'écho en sous-bandes estimés et du spectre de puissance de
bruit de fond estimeé, augmente par le facteur prédéterminé de surestimation du bruit, et pour genérer un
spectre de densité de puissance d’écho modifié des valeurs maximum déterminées ; et

des moyens de comparaison configurés pour comparer le spectre de densité de puissance de microphone
modifié et le spectre de densité de puissance d'écho modifié et pour générer un signal de distance de
spectre ;

et dans lequel les moyens de suppression d'écho résiduel (6) sont configurés pour recevoir le signal de
distance de spectre et pour recevoir et filtrer le signal a écho compense sur la base du signal de distance
de spectre.

11. Systéme selon la revendication 10, dans lequel les moyens de détection d'activité vocale sont configurés pour
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estimer la densite de puissance du signal & écho compense et la densité de puissance d'un écho résiduel présent
dans le signal & echo compensé ;

et dans lequel les moyens de suppression d’écho résiduel (6) sont configurés pour supprimer I'écho residuel dans
le signal a écho compensé sur la base de la densité de puissance estimée du signal a I'écho compensé et la densité
de puissance estimée de 'écho résiduel.

12. Systéme selon la revendication 10 ou 11, dans lequel les moyens de suppression d'écho résiduel (6) comprennent
des moyens de filtrage ayant la caractéristique de filtre :

G(e’™,n) = l—ﬂ(n)

CO) Cl))
,-\,.\
3
N

A A
ou la mi-fréquence de la sous-bande p est dénotée par €, Sgo(€Q,,,1) , Sie(€2,,n) sont la densité de puissance
estimée du signal a écho compensé et la densité de puissance estimée de I'écho résiduel, n est I'index de temps
discret et B(n) est un parametre de filtre dépendant de 'activité vocale détectée.

13. Systéme selon l'une des revendications 10 a 12, dans lequel les moyens de suppression d’echo résiduel (6) com-
prennent des moyens de filtrage ayant la caracteristique de filtre :

S_(©Q _
1= a2 G Emsc,
(82,0
G(e™ ™ ,n) =
max{S'“ (®) ”,n),‘[)(e’ g ,n),z}
l—ﬂ(n) A ’
| S, (Q,,n)
sinon
ou
S(Q.m)
1-B(n)==—=—, siC(n)>C,,,
B( )See(Qy’ ) (n)>C,,
G(e /% NIOEX
1-B( )ID(em"’”)‘z -
- B(n) = ,  sinon
L Ssz(gy’n)

ol C{n) est une mesure de I'activité vocale détectée et Gy, o €5t UN seuil prédéterming.
14. Systéme selon I'une des revendications 10 a 13, comprenant en outre :
un générateur de bruit (15) configuré pour générer un bruit artificiel ;
des moyens configurés pour déterminer la densité de puissance du signal de sortie et du bruit de fond présent

dans le signal de microphone ;
des moyens configurés pour comparer la densité de puissance du signal de sortie avec la densité de puissance
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du bruit de fond ; et

des moyens de commande configurés pour entrainer une transmission du signal de sortir & un utilisateur eloigné,
si la densité de puissance du signal de sortie excede la densité de puissance du bruit de fond, et pour entrainer
une transmission du bruit artificiel généré, si la densité de puissance du bruit de fond excéde la densité de
puissance du signal de sortie.

15. Systéme de traitement d’'un signal de microphone généré par un microphone (1), ledit systéme comprenant :

des moyens de filtrage a compensation d’écho (5) configurés pour recevoir et compenser un écho du signal
de microphone, afin de fournir en sortie un signal a écho compensé, sur la base du signal de microphone regu ;
des moyens de détection d'activité vocale configurés pour détecter une activité vocale d’'un locuteur local en
recevant et analysant le signal a I'écho compensé et pour fournir en sortie un signal de détection ;

des moyens de suppression d'écho résiduel (6) configurés pour recevoir le signal de détection et pour recevoir
etfiltrer le signal al’écho compensé sur la base du signal de détection, afin de fournir en sortie un signal de sortie ;
des moyens de transformation de Fourier configurés pour effectuer une transformation de Fourier du signal de
microphone et d’un audio signal audio devant étre fourni en sortie par au moins un haut-parleur (2) installé
dans la méme piéce que le microphone (1) ;

des moyens d’estimation de bruit de fond (7) configurés pour estimer le spectre de puissance de bruit de fond
du bruit de fond présent dans le signal de microphone, et dans lequel les moyens de détection d’activité vocale
comprennent :

des moyens de filtrage récursif configurés pour lisser le spectre de densité de puissance des signaux de
microphone transformeés par transformation de Fourier, afin d'obtenir un spectre de densité de puissance
lissé des signaux transformés par transformation de Fourier ;

des moyens de filtrage récursif configurés pour lisser le spectre de densité de puissance des signaux d'écho
transformés par transformation de Fourier estimés, afin d’obtenir un spectre de densité de puissance lissé
des signaux d’écho transformeés par transformation de Fourier estimés ;

des moyens de détermination configurés pour déterminer dans chaque composante de Fourier le maximum
du spectre de densité de puissance lissé des signaux de microphone transformeés par transformation de
Fourier et du spectre de puissance du bruit de fond estime, augmenté par un facteur prédéterminé de
surestimation de bruit, et pour géneérer un spectre de densité de puissance de microphone modifié des
valeurs maximum déterminées ;

des moyens de détermination configurés pour déterminer dans chaque composante de Fourier le maximum
du spectre de densité de puissance lissé des signaux d’écho transformés par transformation de Fourier
estimés et du spectre de puissance de bruit de fond estimé, augmenté par le facteur prédéterminé de
surestimation de bruit, et pour générer un spectre de densiteé de puissance d’écho modifié des valeurs
maximum déterminées ; et

des moyens de comparaison configurés pour comparer le spectre de densité de puissance de microphone
modifié et le spectre de densité de puissance d'écho modifié et pour générer un signal de distance de
spectre ;

et dans lequel les moyens de suppression d'écho résiduel (6) sont configurés pour recevoir le signal de
distance de spectre et pour recevoir et filtrer le signal a écho compense sur la base du signal de distance
de spectre.

16. Kit téléphone mains libres comprenant le systéme selon 'une des revendications 10 a 15.

17. Systéme de communication de véhicule, comprenant au moins un microphone (1), au moins un haut-parleur (2) et
le systéme selon I'une des revendications 10 & 15 ou le kit téléphone mains libres selon la revendication 16.

18. Systéme de reconnaissance vocale ou systéme de dialogue vocal comprenant le systéme selon I'une des reven-
dications 10 a 15.
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