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Description
Field of Invention

[0001] The present invention relates to audio signal processing, in particular, to gain and spectral shape adjustment
of a speech signal on in a hands-free set based on an estimated local noise and local echo. The hands-free set may be
installed in a vehicle.

Background of the invention

[0002] Noise reduction and echo compensation are important issues in the art of audio signal processing in commu-
nication systems as, e.g., hands-free telephone sets. Two-way speech communication of two communication parties
mutually transmitting and receiving audio signals, in particular, speech signals, often suffers from deterioration of the
quality of the audio signals by background noise. Background noise in noisy environments can severely affect the quality
and intelligibility of voice conversation and can, in the worst case, lead to a complete breakdown of the communication.
[0003] Inthe case of a (telephone) hands-free set, e.g., it has to be avoided that signals received from a remote party
and output by loudspeakers at the near end are fed again in the communication system by 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, if the acoustic echoes are not significantly attenuated or substantially removed.
[0004] Several methods for echo compensation have been proposed and implemented in communication systems in
recent years. Adaptive filters are employed for echo compensation of acoustic signals (see, e.g., Acoustic Echo and
Noise Control, E. Hansler and G. Schmidt, John Wiley & Sons, New York, 2004) that are used to model the transfer
function (impulse response) of the loudspeaker-room-microphone (LRM) - system by means of an adaptive finite impulse
response (FIR) filter.

[0005] In the context of vehicle entertainment and communication system methods for adapting the output volume,
e.g., of aradio, in response to estimated local noise are known. In hands-free communication in vehicles, the microphone
signals suffer from a relatively low Signal-to-Noise Ratio (SNR). Consequently, some noise reduction must be employed
in order to improve the speech signal quality.

[0006] A usual method to improve the signal quality in distant talking speech acquisition is the utilization of multi-
channel systems, i.e. microphone arrays, as described in "Microphone Arrays: Signal Processing Techniques and Ap-
plications”, eds. Brandstein, M. and Ward, D., Springer, Berlin 2001.

[0007] However, a severe problem is caused by time-dependent perturbations resulting in a temporarily varying SNR
and a significantly affected intelligibility of received speech signals, since fast and reliable adaptation of the employed
noise reduction filters cannot be guaranteed, for instance. Moreover, the intelligibility is also affected, since not only the
gain of the wanted signal is insufficient but also the spectral shape of the wanted signal is deteriorated due to perturbations
and acoustic echoes.

[0008] Therefore, there is a need for an improved method for signal processing in hands-free sets on the receiver
side resulting in enhanced audio signals, in particular, speech signals showing less deterioration due to noise and/or
echoes as compared to the art. The method must, in particular, be implemented in embedded systems with limited
computer resources and, thus, has to be designed and optimized in view of low processor loads and little memory
demands.

Description of the Invention

[0009] The above-mentioned problem is solved by the method for audio signal processing in a communication system
comprising a near party and a remote party according to claim 1. The method comprises the steps of

receiving an audio signal (x(n)) by the near party that is transmitted by the remote party;

estimating local background noise by the near party;

estimating local acoustic echo by the near party; and

adjusting the gain of the received audio signal (x(n)) based on the estimated local background noise and the estimated
local acoustic echo.

[0010] The method operates on one side of a communication system, e.g., a telephone system. The remote party at
aremote side transmits an acoustic signal, e.g., a speech signal, to the near party at a near side. Herein, by the expression
"party" a near side or remote side communication device being part of the above-mentioned communication system is
meant. As it is usual in the art, the gain of the received signal is to be adjusted at the near side. It is known in the art to
adjust the gain based on an estimate of the local noise at the near side (i.e., the receiving side in the present context).
[0011] However, in the present invention local acoustic echo is also estimated and the estimated echo is used for
adjusting the gain of the received audio signal. The near party comprises a microphone and a loudspeaker. The local
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echo is the echo component of a microphone signal obtained at the near side that is due to a loudspeaker output. At
the near side the microphone detects this loudspeaker output, local background noise and a wanted signal, in particular,
a speech signal of a near side user. The local echo can be estimated by means of an echo compensation filtering means
as known in the art. By means of a linear (EP 0204718 B1) or non-linear (EP 1020068 B1; WO-A-96/26592) adaptive
filter a replica of the acoustic feedback is synthesized and a compensation signal is obtained from the received signal
(reference signal). This compensation signal is subtracted from the sending signal of the microphone thereby generating
an enhanced resulting signal to be sent to the remote party. It is noted that the echo estimation in the present invention
might be based on a reference signal obtained from the received signal before or after amplification (see detailed
description below).

[0012] Since the gain of the received signal is adjusted depending on both the estimate of the local noise and the
local echo, the signal-to-noise ratio (SNR) can almost be maintained constant (and at a high level) close to the ears of
a local user/speaker at the near side. Thus, the intelligibility of a received speech signal can significantly be improved.
The method is advantageously implemented in a hands-free set telephone set, e.g., a hands-free set installed in a
vehicle. Such a hands-free set is usually provided with both some echo canceling means and some noise reduction
means and, therefore, the inventive method can readily be implemented in present day hands-free sets. The method
successfully operates for both highly time varying local background noise, e.g., caused by changing driving speeds and
road pavements, and changing signal level (power) of the received signals from a remote communication partner whereby
an automatic gain control is obtained.

[0013] According to a preferred embodiment the method may also comprise adjusting the spectral shape of the
received audio signal (x(n)) based on the estimated local background noise and the estimated local acoustic echo. By
adjusting the spectral shape, i.e. equalization, of the received audio signal (x(n)) the quality of the signal is further
enhanced and the intelligibility of a received speech signal received by a hands-free set is significantly improved.
[0014] Equalization (modifying the frequency envelope of an audio signal) can be performed by means of either an
Infinite Impulse Response (lIR) filter or an Finite Impulse Response (FIR) filter. Both kinds of filter have individual
advantages. Whereas finite impulse response (FIR) filters are stable, since no feedback branch is provided, recursive
infinite impulse response (IR} filters typically meet a given set of specifications with a much lower filter order than a
corresponding FIR filter. Efficient processing in terms of computational time may be achieved more readily by IIR filters,
but these filters may suffer demand for permanent stability checks. In particular applications, a small gain peak may be
modeled better by an IIR filter than by an FIR filter and a small attenuation peak may be modeled better by an FIR filter
than by an IR filter.

[0015] Thus, according to an embodiment a desired spectral shape is modeled by both an IIR filter and an FIR filter,
the model results of both filters are compared with each other, e.g. for each frame separately, and (for each frame) the
model result that better matches the desired spectral shape is used for adjusting the spectral shape of the received
audio signal (x(n)).

[0016] The spectral shape of the received audio signal (x(n)) can be adjusted by means of an IIR filter based on the
Inverse Discrete Fourier Transform of the squared magnitude of the desired spectral shape and/or an FIR filter based
on the Inverse Discrete Fourier Transform of the inverse of the squared magnitude of the desired spectral shape.
[0017] Adjustment of the gain and/or the spectral shape of the received signal can efficiently by performed on the
basis of an estimate of the average peak echo-to-noise ratio basically given by the summed up and averaged spectral
estimate for the local echo and the summed up and averaged spectral estimate for the background noise (both at some
time n) multiplied by the gain introduced by the adjustment of the gain (at time n - 1); see detailed description below.
Advantageously, the estimate of the average peak echo-to-noise ratio is smoothed in frequency, e.g., by means for a
first order lIR filter, in order to avoid the generation of artifacts due to outliers and/or annoying abrupt adjustment results.
[0018] 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 an example of the herein disclosed method
for audio signal processing in a communication system comprising a near party and a remote party.

[0019] The above-mentioned problem is also solved by a signal processing means for processing a received audio
signal (x(n})), comprising

at least one loudspeaker configured to output a loudspeaker signal;
at least one microphone configured to generate a microphone signal;

a noise reduction filtering means (e.g., a Wiener like filter as known in the art) configured to filter the microphone
signal and to output a signal representing an estimate of local background noise (present in the microphone signal);

an echo compensation filtering means configured to filter the microphone signal (subtract an estimate of a local
echo from the microphone signal) and to output a signal representing an estimate of local echo present (that is
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present in the microphone signal); and

a gain and spectral shape control unit connected with the noise reduction filtering means and the echo compensation
filtering means and configured to adjust the gain and/or spectral shape of the received audio signal (x(n)) based on
both the signal representing an estimate of local background noise and the signal representing an estimate of local
echo.

[0020] The signal processing means may also comprise an amplifier and the echo compensation filtering means may
be configured to receive a reference signal necessary for adaptation of its filter coefficient either before or after ampili-
fication of the received audio signal processed by the gain and shape control unit.

[0021] According to an example, the gain and shape control unit of the signal processing means comprises an FIR
filter and/or an IR filter configured to adjust the spectral shape of the received audio signal (x(n)). Moreover, the gain
and shape control unit of the signal processing means may comprise a means configured to estimate the average peak
echo-to-noise ratio.

[0022] In one advantageous embodiment the signal processing means may further comprise a means for smoothing
in frequency the estimated average peak echo-to-noise ratio.

[0023] The signal processing means may comprise one or more microphones, in particular, a microphone array
comprising one or more directional microphones and a beamforming means (see e.g., "Adaptive beamforming for audio
signal acquisition”, by Herbordt, W. and Kellermann, W., in "Adaptive signal processing: applications to real-world
problems", p.155, Springer, Berlin 2003) configured to obtain a beamformed microphone signal. In this case the local
echo and the background noise on the near side are obtained from the beamformed signal or from one or more signals
obtained by the microphones of the microphone array before beamforming.

[0024] Moreover, the herein disclosed signal processing means may further comprise a transmitting means for trans-
mitting the microphone signal filtered by the echo compensation filtering means and the noise reduction filtering means
to a remote party.

[0025] Large partsofthe processing can suitably be performed in the sub-band regime. Therefore, the signal processing
means may comprise a first analysis filter bank configured to divide the microphone signal into microphone sub-band
signals, a second analysis filter bank configured to divide a reference signal into sub-band signals to be input in the
echo compensation filtering means and a synthesis filter bank configured to synthesize the microphone sub-band signals
after they have been filtered by the echo compensation filtering means and the noise reduction filtering means.

[0026] The present invention also provides a hands-free set, in particular, installed in a vehicle, e.g., an automobile,
comprising a signal processing means according to one of the above examples of a signal processing means according
to the present invention.

[0027] Additional features and advantages of the present invention will be described with reference to the drawings.
In the description, reference is made to the accompanying figures that are meant to illustrate preferred embodiments of
the invention. It is understood that such embodiments do not represent the full scope of the invention.

[0028] Figure 1 illustrates two alternative examples of a realization of the inventive hands-free system employing a
gain and shape control unit based on estimated echo and noise.

[0029] Figure 2 illustrates an example of the gain and shape control unit of Figure 1 comprising a gain control, a shape
control and an FIR filter in some detail.

[0030] Figure 3 illustrates the gain processing of the gain control of Figure 2 in detail.

[0031] Figure 4 illustrates the adjustment of the gain when the shape control of Figure 2 is active.

[0032] Figure 5 illustrates the adaptation of the FIR filter of Figure 2 by means of the Levinson Durbin algorithm.
[0033] Asshown in Figure 1 arealization of the herein disclosed audio signal processing in a hands-free set comprises
a gain and shape control (GAS) unit 1 which is supplied with a speech signal x(n) that was transmitted by a remote party
and received by the hands-free set. The GAS control unit 1 is provided for enhancing the quality of the received signal
x(n) by an appropriate gain and shape processing and outputs an enhanced speech signal T(n).

[0034] The hands-free set comprises an echo compensation filtering means 2 as well as a noise reduction filtering
means 3. Since filtering of a microphone signal obtained by a microphone 6 is performed in the sub-band regime
(processing in the frequency domain would, of course, also be possible instead), the hands-free set comprises an
analysis filter bank 7 for dividing a microphone signal obtained by the microphone 6 of the hands-free set into microphone
sub-band signals. AccordincA;Iy, the filtered microphone sub-band signals are synthesized by a synthesis filter bank 8 to
obtain an enhanced signal s(n).

[0035] Itis a basic feature of the present invention that the GAS control unit 1 operates on the basis of an estimated
echo component and an estimated noise component present that are present in a microphone signal obtained by one
or more microphones of the hands-free set. In the pregsent example the echo compensation filtering means 2 outputs a
frequency selected estimate of the echo component E(ei* n), where Q, and n denote the frequency sub-band and the
discrete time index as known in the art, to the GAS control unit 1. The noise reduction filtering means 3 outputs the
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square-root of the estimated short-term spectral power density é\.(dﬂk, n) of the noise present in the microphone signal
m(n) to the GAS control unit 1.

[0036] The enhanced speech signal ¥(n) is transmitted from the GAS control unit 1 to an amplifier 4 that supplies an
amplified signal r(n) to a loudspeaker that outputs the processed speech signal with an increased intelligibility due to
the processing by the GAS control unit 1.

[0037] Onthe other hand, a microphone 6 of the hands-free set detects a speech signal s(n) of a local speaker together
with an echo component e(n) produced by the loudspeaker and some background noise b(n) due to noise perturbations.
The microphone signal m(n) = s(n) + e(n) + b(n) is filtered by the analysis filter bank 7 to obtain microphone sub-band
signals that are echo compensated by the echo compensation filtering means 2 and noise reduced by the noise reduction
filtering means 3. The thus enhanced microphone sub-band signals are synthesized by the synthesis filter bank 8 to
obtain an enhanced signal ’s\(n) that is to be transmitted to a remote party by a transmission means (not shown).
[0038] According to one embodiment the filter coefficients of the echo compensation filtering means 2 are adapted
to model the impulse response h g(n) of the loudspeaker - enclosure - microphone system represented by the loud-
speaker and the microphone of the hands-free set as well as the enclosure/room wherein the hands-free set is installed,
e.g., a vehicular cabin. In this case, r(n) is input as a reference signal to the echo compensation filtering means 2 in
order to adapt the filter coefficients of the echo compensation filtering means 2 (e(n) = r(n) * hLEM(n)).

[0039] In an alternative embodiment, the echo compensation filtering means 2 is supplied for adaptation of the filter
coefficients by the signal (n) output by the GAS control unit 1 (before amplification by the amplifier 4). In this case, the
echo compensation filtering means 2 has to perform two convolutions of time-dependent systems namely for the impulse
(frequency) response h,(n) of the amplifier 4 and the impulse response h_ gy(n) of the loudspeaker - enclosure - micro-
phone system, i.e. it models a combined impulse response h gp(n), e(n) =T(n) * ha gp(n), see Figure 1. Either r(n) or
f(n) is input in an analysis filter bank 9 similar to the analysis filter bank 7 for the operation of the echo compensation
filtering means 2 in the sub-band regime. Both analysis filter banks 7 and 9 as well as the synthesis filter bank 8 may
comprise Hann or Hamming windows as known in the art.

[0040] Inthe present example, both the gain and the spectral shape of the received signal x(n) are changed to improve
the quality of the signal transmitted by a remote party. Fig. 2 shows the GAS control unit 1 of Fig. 1 in some more detail.
According to the present invention the gain is controlled on the basis of estimates of both noise and acoustic echo that
are present in the microphone signal m(n). The spectral estimates E(ei**, n) and B(el**, n) obtained by the echo
compensation filtering means 2 and the noise reduction filtering means 3, respectively, are summed up and averaged
(see also Figure 3 illustrating the operation of the gain control 10 in some more detail):

_ 1 Neet2
b(n) = 3 |B(e‘°k,n)|
Neer +1 k=0

where Nger denotes the order of the FFT (number of interpolation points) and, if the shape control is not active,

1 Nepr/2 ]
8N =040 > E(e’“*,n)l.
Nerr +1 k=0

2

Whereas the present invention is particularly useful in the case of a combined operation of the gain and shape control
(see reference signs 10 and 11 in Fig. 2) it can be restricted to the operation of the gain control 10. In this case the
above equation determines the summed up and averaged spectral estimates for the echo. If, however, the shape control
11 is active, the above expression for the averaged estimate for the echo is to be replaced by

1 vge [E@™ )]

Neer 4 i Goes(€/™,0)

2

8(n) =
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where Gp¢(€l, n)is the desired gain that is output by the shape control 11 (see description below). Thereby, independent
functionality of the gain control 10 and the shape control 11 can be guaranteed when both are active.

[0041] Depending on the actual application it is sufficient to use only some portion of the entire bandwidth and, thus,
the summation may be shortened (< Nggy / 2). The normalization factor before the summations is not obligatory.
[0042] Bythe gaincontrol 10 an average peak echo level ep, (n) is determined by smoothing whenever a predetermined
echo-to-noise (ENR) threshold (tgyg 1) is exceeded (see also Figure 3)

— _ . e(n)
&..(n)= Te(n)+(1-1)ép (n-1), Iif mﬂ
€, (n-1), otherwise

ENR,1

where the smoothing constant is chosen as 0 < T << 1. Other ways of smoothing can be used, e.g., by multiplication by
two different time constants for falling and increasing echo power, respectively. For teyg 4 values out of the interval [2,
10] have proven to be advantageous.

The average peak ENR can, thus, be determined by

[0043]

5
Pen () = ) Groan(n 1) 7 €

where pgng(n) is compensated for the gain introduced by the gain control 10 greq im(n-1) and the small constant ¢ <<
1 is added in the denominator to avoid division by zero.

[0044] A desired gain gpes(n) for establishing a constant ENR level (tgng o) in order to improve the intelligibility of the
received speech signal x(n) is determined by

tENRZ .
—e _ fPe(N) <t
gDes(n) = PENR(n) ENR( ) ENR,2
1, otherwise

[0045] For tgyg o Values out of the interval [4, 30] have proven to be advantageous.
A preliminary gain can thus be determined by the gain control 10 as

[0046]
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gReal(n -1 ) Tg,rise,
2 e(n)
for (1 - ag)gReal(n -1 ) + ag gReaI(n -1 ) < gDes(n) and 5_(_[,5 > tENR,1’
n-1)t
gReal(n) = ) greal( ) g.fal é(n)
for (1-a, )Orear(N—1)+ a, Grear(N—1) >gp.s(N) and -B-W > tenrre
Orea(n—1), otherwise

where the characteristic can be adjusted by the positive real parameter oy < 1. The increment and decrement parameters
Tg,,ise and Tg’fa” satisfy

0 << Ty <1<t <.

g,rise <

[0047] The preliminary gain, thus, is adjusted ranging from merely compensating the current signal-to-noise ratio up
to the predetermined limit of tzyg » and can be limited to a maximum allowable gain gy, (see Figure 3):

gReaI,Iim(n) = min {gmax. gReaI(n)} .

[0048] If the shape control is not active, an enhanced signal T(n) = Tgin(N) = YReaim(N) X(n) is obtained. By the
processing described above the gain increases as time-dependent noise increases and also when the background noise
is almost stationary but the speech power of a remote speaker decreases (thereby realizing an automatic gain control).
[0049] In the example shown in Fig. 2 shaping of x(n) is performed by means of a Finite Impulse Response (FIR)
Filter 12 controlled by the shape control 11. It is noted that an Infinite Impulse Response (IIR) Filter could alternatively
be employed. Figure 4 illustrates the operation of the shape control in detail. An average peak echo level is determined
by the shape control 11 by smoothing the estimated echo spectrum provided by the echo compensation filtering means
2 of Figure 1 each time a predetermined ENR threshold (tgyg 1) is exceeded similar to the above-described determination
by the gain control 10 but for each frequency bin

BIE™ Nl (1-BEsn(e™n-1), if 20

- . >t
Esm(ejﬂk ’n): ) ENR,1

Egm(€™,n-1)

with 0 < B << 1. Thus, a spectral average peak ENR is obtained

Penr (€"N) = 1= Es‘m(emk 'n)
’B(ei“*,n)|G ("% n)+¢

Des

that advantageously is smoothed in the positive and negative frequency directions to obtain a smoothed spectral average
peak ENR, i.e. PENR’Sm(eJQK, n). The smoothing can, e.g., be performed by a first order |IR filter. The desired gain vector
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is obtained by (see Figure 4)

GDes(ejOk n-1 )Tg)

éDes(ejnk ,n) = lf ((1 - as) 2 (ejnk ,n - 1 ) + aS(;Des(ejQk l n- 1 )) PENR,Sm(eij vn) > tENR.2

Des

Gp.. ("™ ,n=1)1, , otherwise.

withO<og<land0<<Ty<1<Tg<<ee.
[0050] Afterlimitation of the desired gain in the directions of the maximum gain and maximum attenuation, respectively,
one gets

G (€% ,1) = M { T (M), MEX {1 i (M), Bis (€%, M} |

where Tg max(n) and Tg nin(n) depend on the gain greq im(n) computed by the gain control 10. If only a small gain is
introduced by the gain control 10 (or no gain at all), only a small gain is introduced by the shape control 11 (or no gain
at all). A significant gain introduced by the gain control 10, on the other hand, will result in a significant gain introduced
by the shape control 11 (see also Figure 4).

[0051] In the example shown in Figure 2 the signal fg4in(n) obtained by processing the received speech signal x(n)
by the gain control 10 is shaped. In the shaping process both Discrete Fourier Transformations (DFT) / Inverse Discrete
Fourier Transformations (IDFT) and Nppr multiplications for each frequency bin in the frequency domain are avoided
in view of computational costs. For this purpose, a low order FIR filter is 12 is designed. It is noted that the delay
introduced by the FIR filter is significantly lower than the one that would be introduced by DFT/IDFT processing of Tgin(N).
[0052] Accordingtothe present example, the inverse of the squared magnitude of the desired spectral shape correction
is transformed into the time domain

1

ap, () = IDFT{—mM—
> IGDes (ele ) n)r

with the vector containing the auto correlation coefficients apgg j(n)

aDes(n) = I_aDes,O(n)naDes,1(n)r"'laDes,NDﬂ—1(n)] T

where N denotes the order of the DFT. This vector is shortened to the order of the desired FIR filter (Ngg) + 1:

T
aDes.mod(n) = laDes,mod,O(n):aDes,modj(n)1"'!aDes.mod,NF,R(n)J

by
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aDes,mod (n)
with
Woo O
0 w
Wcut = '1 !
0 0

[0053] The elements of the matrix W, are given by

wcut aDes ( n )

0 0 -0
0 0 -0
NFIR,NFIR O

w, = 1 for ic{0,...Ng}

[0054] The vector of the filter coefficients a(n) of the FIR filter 12

a(n) = |agn).a,n),...ay. |

are determined by the shape control 11 to reproduce the shape Gy.s(€i‘*k, n). For this purpose, the following vector

equation has to be solved

-1 ~
a(n) = Des,mod (n) aDes,mod (n)
with
aDes.mod.O(n) aDes,mod,1(n) e aDes,mod,NFIR -1(n)
aDes,mod,1(n) aDes,mod,O(n) Tt aDes,mod,N,,IR —Z(n)
ADes,mod (n) = . . . .
aDes,mod.NF,R —1(n) aDes,mod,NF,R-Z(n) Tt aDes,mod,O(n)
and

~ T
aDES,mod(n) = laDes,modJ(n)laDes,mod,Z(n)v'"’aDesmod,NFmJ :
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[0055] Theabove vectorequation, e.g., can efficiently be solved by means of the well-known Levinson-Durbin recursion
algorithm (see, e.g., Acoustic Echo and Noise Control, E. Hansler and G. Schmidt, John Wiley & Sons, New York, 2004).
The output of the FIR filter 12 has to be enhanced by the correct gain g..,(n) provided by the shape control 11 (see
Figures 2 and 5). This can be achieved by using the energy of the residual signal e p(n) obtained by the Levinson-

Durbin recursion algorithm
Norr
Oer(N) = ,/ :
’ ep(N)

As already mentioned above an IIR filter may be employed rather than the FIR filter 12 of Figure 2. In this case, the
inverse of the frequency response used for the FIR filter design has to be used

Aper(N) = IDFT {]c;t,es(ei“k,n)\2 }

[0056] After carrying out the same computations described above but using the inverse frequency response ap.s g
(n) an all-pole IR filter results that can be used for shaping the received audio signal x(n).

[0057] Employment of either an FIR filter or an IR filter for the equalization of the received audio signal x(n) exhibits
different advantages. For example, the IR filter may be superior (inferior) to the FIR filter in modeling small gain peaks
(attenuation peaks). Therefore, it might be preferred to model the desired spectral shape by both the IR and the FIR
filters and to compare the model results with each other and choose the better one for shaping.

[0058] For instance, when the Levinson-Durbin recursion algorithm is employed, the prediction error power of the
residual signal is automatically obtained and depending on the prediction error power on a frame by frame basis the
result of either the FIR filter or the IIR filter can be used for the subsequent processing, i.e. shaping. If the Levinson-
Durbin recursion algorithm is not used, the respective prediction error powers of the residual signals can be calculated by

NF|R-1
€prr(N) = 8peso(N)— D, a;(N) Apesjie(N)
i~0
and
NlIR-1
€or(N) = Bpesyro(N)— ZaHR,i(n)aDes,HR,iH(n)
by

that can subsequently be compared with each other for determining the best choice for each frame.

[0059] All previously discussed embodiments are notintended as limitations but serve as examples illustrating features
and advantages of the invention. It is to be understood that some or all of the above described features can also be
combined in different ways.

Claims

1. Method for audio signal processing in a communication system comprising a near party and a remote party, com-
prising

receiving an audio signal (x(n)) by the near party that is transmitted by the remote party;
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estimating local background noise by the near party;

estimating local acoustic echo by the near party; and

adjusting the gain of the received audio signal (x(n)) based on the estimated local background noise and the
estimated local acoustic echo.

The method according to claim 1, further comprising adjusting the spectral shape of the received audio signal (x
(n)) based on both the estimated local background noise and the estimated local acoustic echo.

The method according to claim 2, wherein a desired spectral shape is modeled by both an IR filter and an FIR filter,
the model results of both filters are compared with each other for each frame, and for each frame the model result
that better matches the desired spectral shape is used for the adjusting of the spectral shape of the received audio

signal (x(n)).

The method according to claim 2 or 3, wherein the spectral shape of the received audio signal (x(n)) is adjusted by
means of an IIR filter based on the Inverse Discrete Fourier Transform of the squared magnitude of the desired
spectral shape and/or an FIR filter based on the Inverse Discrete Fourier Transform of the inverse of the squared
magnitude of the desired spectral shape.

The method according to one of the claims 2 to 4, wherein the gain and the spectral shape of the received audio
signal (x(n)) are adjusted based on an average peak echo-to-noise ratio.

The method according to claim 5, wherein the average peak echo-to-noise ratio is smoothed in frequency by an IR
filter.

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 to 6.

Signal processing means for processing a received audio signal (x(n)), comprising

at least one loudspeaker (5) configured to output a loudspeaker signal;

at least one microphone (6) configured to generate a microphone signal;

a noise reduction filtering means (3) configured to filter the microphone signal (m(n)) and to output a signal
representing an estimate of local background noise;

an echo compensation filtering means (2) configured to filter the microphone signal m(n) and to output a signal
representing an estimate of local echo; and

a gain and shape control unit (1) connected with the noise reduction filtering means (3) and the echo compen-
sation filtering means (2) and configured to adjust gain and/or spectral shape of the received audio signal (x
(n)) based on both the signal representing an estimate of local background noise and the signal representing
an estimate of local echo.

The signal processing means according to claim 8, further comprising an amplifier (4) and wherein the echo com-
pensation filtering means (2) is configured to receive a reference signal necessary for adaptation of its filter coefficient
either before or after amplification of the received audio signal processed by the gain and shape control unit (1).

The signal processing means according to claim 8 or 9, wherein the gain and shape control unit (1) comprises an
FIR filter (12) and/or an IIR filter configured to adjust the spectral shape of the received audio signal (x(n)).

The signal processing means according to one of the claims 8 to 10, wherein the gain and shape control unit (1)
comprises a means configured to estimate the average peak echo-to-noise ratio.

The signal processing means according to claim 11, further comprising a means for smoothing in frequency the
estimated average peak echo-to-noise ratio.

The signal processing means according to one of the claims 8o 12, further comprising a microphone array comprising
one or more directional microphones and a beamforming means configured to obtain a beamformed microphone
signal.

The signal processing means according to one of the claims 8 to 13, further comprising a first analysis filter bank
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(7) configured to divide the microphone signal (m(n)) into microphone sub-band signals, a second analysis filter
bank (9) configured to divide a reference signal into sub-band signals to be input in the echo compensation filtering
means and a synthesis filter bank (9) configured to synthesize microphone sub-band signals filtered by the echo
compensation filtering means (2) and the noise reduction filtering means (3).

15. The signal processing means according to one of the claims 8 to 14, further comprising a transmitting means for
transmitting the microphone signal filtered by the echo compensation filtering means (2) and the noise reduction
filtering means (3) to a remote party.

16. Hands-free set comprising a signal processing means according to claim 15.
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