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(57) Abrége/Abstract:

A reception signal (x(n)) Is iInput to an echo generator system (1). An observation signal (z(n)) Is gathered from the system. The
reception signal Is filtered to produce an echo prediction signal (y(n)). The echo prediction signal I1s subtracted from the
observation signal to produce an error signal (e(n)). The observation signal (z(n)) Is decomposed into M spectral components
relating to different frequencies of the spectrum. M corresponding spectral components of the echo prediction signal (y(n)) are
obtained. M quantities, each having a value with progressive variation representative of a degree of similitude between,
respectively, one of the M spectral components of the observation signal and the corresponding spectral component of the echo
prediction signal, are calculated. At least one spectral shaping of the error signal (e(n)) Is carried out as a function of these M
calculated guantities so as to adapt the filtering and/or to deliver the output signal from the echo canceller.
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ABSTRACT

CANCELLATION METHOD AND ECHO

ECHC

IMPLEMENTING H A PROCES

A reception signal (x(n)) 1s 1nput to an echo
generator system (1). An observation signal (z(n)) 1s
gathered from the system. The reception signal 1s
filtered to produce an echo prediction signal (y(n)). The
echo prediction signal is subtracted from the observation
signal to produce an error signal (e(n)). The observation
signal (z(n)) 1is decomposed into M spectral components
relazing to different frequencies of the spectrum. M
corresponding spectral components of the echo prediction
signal (y(n)) are obtained. M quantities, each having a
value with progressive variation representative of a
degree of similitude between, respectively, one of the M
spectral components of the observation signal and the
corresponding spectral component of the echo prediction
signal, are calculated. At least one spectral shaping of
the error signal (e(n)) 1s carried out as a function of
these M calculated quantities so as to adapt the

filtering and/or to deliver the output signal from the

echo canceller.

Figure 6.
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ECHO CANCELLATION METHOD AND ECHO CANCELLER

IMPLEMENTING SUCH A PROCESS

The present invention relates to the field ot
echo cancellation. It relates 1in particular, but not
exclusively, to acoustic echo cancellers for hands-free
telephone installations.

An echo canceller, a basic diagram of which 1is
shown in Figure 1, processes on the one hand a reception
signal x(n) originating from a distant device and applied
to an input of a local system 1, and on the other hand an
observation signal z(n) emanating from the system 1, so
as to produce another signal e(n) which 1s returned to
the distant device by way of a communication channel. It
is assumed that the signals x(n) and z(n) are digital
signals, sampled for example at 8 kHz for speech in the
telephone band, or at 16 kHz 1n broadband.

The echo canceller represented 1n Figure 1 1s
intended for a hands-free telephone installation. The
local system 1 thus comprises a digital/analogue
converter 2 to which the recepticn signal x(n) 1s
applied, a loudspeaker 3 receiving the amplified analogue
output from the converter 2, a microphone 4 which picks
up the local speech P and also ambient nolse B and echo
components EC of the reception signal which are due to
the acoustic couplings between the loudspeaker 3 and the

microphone 4, and an analogue/digital converter 6 which
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produces the observation signal z(nj by digitizing the
amplified output from the microphone 4 .

The echo canceller comprises a digital filter 7
which delivers an echo prediction signal y(n) from the
reception signal x(n). This filter, which has finite
impu_se response (FIR) 1n the case considered with
reference to Figure 1, models the response of the echo
paths within the system 1. The error signal e(n) 1s
delivered by a subtracter 8 which deducts the echo
prediction signal y(n) from the observation signal z(n).

So as to include the wvariability of the echo

paths, the echo canceller is often adaptive, that 1S to

say the coefficients of the filter 7 are adjusted
dynamically by an adaptation control module 9
implementing an appropriate adaptation algorithm. In
general, the adaptation of the coefficlients is performed
as a function of the input signal x(n) and of the error
signal e(n). Numerous possible adaptation algorithms are
known, especially diverse versions of the gradient
algorithm.

Frequently, the adaptive echo canceller 1s
associated with a voice activity detector and with a
double-talk detector, which are not represented 1n Filgure
1. These detectors are used to disable the adaptation of
the coefficients of the filter 7 when the reception
signal x(n) does not include any voice activity, and when

decorrelated voice activities are present i1n the signals
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x(n) and z(n). Thus, in these two particular cases, the
signal z(n) does not represent a good observation of the
echo paths which can be exploited Dby the adaptation
cont-ol module 9. It 1s known that the double-talk

detector is the source of numerous difficulties for the

designer of an echo canceller. In particular, these
detectors are frequently disturbed when the ambient noilse
B is relatively sizable. Furthermore, it is often tricky
to discriminate between double-talk situations, and

on/off adaptation control based on such discrimination,

impairs good convergence of the algorithm.

There are various possible ways of carrying out

the filtering of the reception signal x(n), which are 1in
their turn compatible with various types of adaptation
algorithms. In the conventional case of Figure 1, an FIR
filter 7 1is used which <carries out the convolution
between the reception signal and the estimated 1impulse

response, N samples in length, of the echo paths.

In the embodiment represented 1in Figure 2, the
filtering is carried out in the frequency domain. This
implementation 1is well suited to the long 1mpulse
responses of the echo paths and to the high degree of
correlation exhibited by the speech signals. The
convolutions are replaced by term-by-term products
between the Fourier transforms of the reception signal
and of the impulse response, and calculated according to

a fast convolution technique OLS (Overlap-and-Save) oOr
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OLA (Overlap-Add) (see J.J. Shynk : "Frequency-Domain and
Multirate Adaptive Filtering", IEEE SP Magazine, January
1992, pages 15-37). To calculate convolutions using an
FIR filter with N coefficients, the OLS or OLA technique

works on successive blocks of 2N samples of the signals,

which exhibit overlaps of size N.

The adaptation control means can be devised sO as
to calculate the gradient according to an unconstrained
algorithm, such as that described by D. Mansour et al. 1in
"Unconstrained frequency-domain adaptive filter"”, IEEE
Trans. on Acoustics, Speech and Signal Processing, Vol.
30, No. 5, October 1982, pages 726-734. Such 1s the case
in the example represented 1in Figure 2. A constrailned
gradient algorithm may also be employed (see for example
FE.R. Ferrara: "Fast implementation of LMS adaptive

filters", IEEE Trans. on Acoustics, Speech and Signal

Processing, Vol. 28, No. 4, August 1980, pages 4/4-47/5),
the adaptation control means then including projection
means for taking account of the fact that the ZN
filtering coefficients in fact represent only N terms of
the impulse response.

In order to reduce the delay i1inherent 1in block
processing and to improve performance, the filtering 1in
the frequency domain can be performed with a partitioning

of the impulse response (see J.S. Soo et al.: "Multidelay

Block Frequency Domain Adaptive Filter"”, IEEE Trans. on

Acoustics, Speech and Signal Processing, Vol. 38, No./Z,
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February 1990, pages 373-376). Another possibility 1s to
employ an overlap technique such as that described by
O. Alt Amrane et al.: "Low-Delay FPFrequency Domain LMS
Algorithm", IEEE Proc. ICASSP'92, Vol. 4, March 1992,
pages 9-12.

On the other hand, echo cancellers 1n the fre-
quency domain have the advantage of lending themselves
well to processing operations for reducing noise 1n the
error signal (cf. J. Boudy et al.: "A globally optimized
frequency-domain acoustic echo canceller for adverse

environment applications", Proc. of the Internatiocnal

Workshop on Acoustic Echo and Noise Control, Roros,
Norway, June 1995, pages 95-98; or 1nternational patent
application W096/23384).

In the echo canceller of Figure 2,
serial/parallel converters 11, 12 respectively receive
the signals x(n) and z(n), and cast them into the form of
non-overlapping successive segments of S samples, S
being an integer less than or equal to the length N of
the impulse response. The echo prediction signal y(n) 1s
also produced in the form of corresponding segments of S
samples. The subtracter 8 then carries out the operation
e(n)=z(n)-y(n) 1in parallel so as to produce the error

—

signal in the form of segments of S samples which are

next cast back into seguential form by a parallel/serial

converter 13.

Owing to the convolution technique employed,
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which is an OLS technigue in the case represented, the
Fourrer transforms of the signals x({(n) and e(n) are
carried out on blocks of length 2N samples, by units 16,
17 implementing a conventional fast Fourler transforma-
tion (FFT) algorithm. The successive blocks of the
reception signal x(n) are constructed by a unit 18 so as
to exhibit overlaps of 2N-S samples. These blocks are
numbered by an index k. On recelving a segment of S
samples of the signal x(n), the unit 18 builds block k by
dele-ing the oldest S samples of Dblock k-1, while
shifting the remaining 2N-S samples and introducing the
S new samples. The successive blocks of the error signal
e (n) are constructed by a unit 19 from the segments
delivered by the subtracter 8 so that each block of
length 2N begins with N zero samples and the last N
samples of two successive blocks exhibit cverlaps of N-3
samples. The Fourier components obtained Py transforming
the blocks k of the reception signal x(n) and the error
signal e(n) are denoted X (f) and Ey(f) respectively

(1<f<2N). For a sampling frequency of 8 kHz, typical

sizes of segments and blocks for filtering 1n the
frequency domain are S=32, 2N=256.

The Fourier components produced by the units lo,
17 are supplied to the adaptation control means 9 which,
in the example illustrated by Figure 2, consist of 2N
independent modules 9.f (l1<f<2N) each receiving the

corresponding components X, (f) and Ej (f) and respectively
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producing the 2N complex coefficients serving 1in the
filtering in the frequency domain. The filter 7 1is
composed of 2N complex multipliers 7.f each receiving a
Fourier component X; (f) and the corresponding coefficient
delivered by the adaptation control module 9.f, and
delivering a Fourier component Y, (f). In practice, given
the symmetry properties of the Fourier transform, 1t 1s
possible to obtain the 2N components Y, (f) by means of
N+1 rultipliers only. A unit 21 effects an inverse fast
Fourier transform (IFFT) of the block of 2N components

Yy (£ . A unit 22 constructs the echo prediction signal

v(n) segment by segment on the basis of the blocks of 2N
samp.es delivered by the unit 21. The unit 22 extracts
the last N samples of each block received from the unit
21 and, when S<N, also carries out the overlap-adds
necessary for reconstituting the successive segments of
the filtered signal y(n).

As is well known, the fast Fourier transforms can
be replaced by fast Hartley transforms which lead to
spectral components which are directly related to the
Fourier components (see T.W. Wong et al.: "Adaptive
Filtering Using Hartley Transform and Overlap-Save
Method", IEEE Trans. on Signal Processing, Vol. 39, No.
7, July 1991, pages 1708-1711).

Figure 3 shows another possible embodiment of an

adaptive echo canceller which employs sub-band

decomposition. We consider by way of example the case 1n
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which four sub-bands are envisaged. We denote Dby

Xy (n' o yqy (R, z(;y(n’) and e ;) (n’) the components

relating to sub-band 1 (1<1<4) of the signals x(n), y(n),
z(n) and e(n).

!

The signals x(;)(n’) and z ;) (n') are obtained by
deccmposing the signals x(n) and z(n) by means of two
decomposition stages, the first stage comprising a module

D, D' with one 1input and two outputs of the type

represented in Figure 4, and the second stage comprising

two modules D, D' of the same type, whose 1inputs are
resgectively linked to the two outputs of the module of
the first stage. Each module D or D' comprises a low-pass
filter 23 and a high-pass filter 24 both receiving the
input signal from the module and two circuilts 26 which
sub-sample the output signals from the filters 23, 24 by
a factor 2, so as to produce the two output signals from
the module D, D'.

The sub-band echo canceller 1includes an adaptive
filter 7 for each sub-band, which filters 1n the time
domain the corresponding component xLi)Uf) of the
reception signal so as to produce the component y(i)(nﬂ
cf the echo prediction signal which 1s subtracted by a
subtracter 8 from the component Z (1) (n") of the
observation signal. For each sub-band, a module 9

controls the adaptation of the filter 7.

Means for recombining in two stages construct the

/

error signal e(n) from the four components € (1) (n")
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delivered by the subtracters 8. The first stage comprises
two modules R with twc inputs and one output of the type
represented in Figure 5, and the second stage comprises

P
p—

a single module R of the same type, the two 1inputs of

which are linked to the outputs of the two modules of the
first stage. Each module R comprises two circults 27 for
oversampling the two input signals from the module by a
factor 2, a low-pass filter 28 and a high-pass filter 29
respectively receiving the two oversampled signals
produced by the circuits 27, and a summator 31 which adds
toge-her the output signals from the two filters 28, 29
so as to produce the ocutput signal from the module R.
Various conventional forms for the decomposition
and recombination filters 23, 24, 28, 29 are known and
these may generally have finite or 1infinite 1mpulse
response, for example conjugate quadrature filters (CQF),

quadrature mirror filters (QME") , or else wavelet

decomposition filters (WDE") . Moreover, a direct-
decomposition structure of the cosine-modulated filter
bank type may be used instead of the multistage structure

(see H.S. Malvar: "Extended Lapped Transforms:

Properties, Applications, and Fast Algorithms", IEEE
Trans. on Signal Processing, Vol. 40, No. 11, November
1992, pages 2703-2714, or P.P. Vaidyanathan: "Multirate
Digital Filters, Filter Banks, Polyphase Networks and
Applications: A Tutorial", Proc. of the IEEE, Vol. 78,

No. 1, January 1990, pages 50-93).
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The adaptation algorithms 1mplemented by the

modu_es 9 of the sub-band echo canceller may be o©of the
same type as those commonly used to adapt the full-band
time filtering. There are however algorithms which are
especially well suited to the sub-band structure, such as
the fast recursive least square algorithm (RLS) with QR
decomposition (cf. F. Capman et al.: "Acoustic echo
cancellation using a fast-QR-RLS algorithm and multirate

schemes", IEEE ICASSP'95, Detroit, 1995; or international

patent application W096/21313). It 1s also possible to
use convergence parameters and/or adaptation algorithms
which differ from one sub-band to another. In particular,
in the sub-bands relating to the lowest frequencies 1t 1is
possible to use an algorithm (such as the fast QR-RLS)
which is more efficient than 1n the higher sub-bands,
wherein an algorithm which 1s less demanding i1n terms of

computational resources may be used (such as an NLMS).

In certain echo cancellers, the coefficients of

the echo prediction filtering are frozen duriling
operation. These coefficients can be fixed; they are then
determined once and for all so as to take 1into account,
for example, the responses of the loudspeaker 3 and of
the milcrophone 4, direct couplings Dbetween the
loudspeaker and the microphone, and possibly 1ndirect
couplings 1f the loudspeaker and the microphone always
remalin in the same positions. The coefficients can also

be determined by learning, either when switching on the
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echo canceller or periodically, by bringing about
convergence of an adaptation algorithm on a signal
superimposed on or substituted for the reception signal
and having decorrelation properties similar to those of
white noise.

FEcho cancellers are also known 1n which there are
several echo prediction filters, the signal transmitted
towards the communication channel beling obtained by
selecting one of the filters according to predefilined
criteria such as minimization of the energy of the error
signal, or else by combining the outputs from several
echo prediction filters (see W. Armbruster: "Wildeband
Acoustic Echo Canceller with Two Filter Structure”,
Signal Processing VI : Theories and Applications, 1992,
pages 1611-1614, or J.S. Soo et al.: "A Multistep Size
(MSS) Frequency Domain Adaptive Filter"™, IEEE Trans. on
Signal Processing, Vol. 39, No. 1, January 1991, pages
115-121). The echo canceller can for example 1include one
or more adaptive filters operating with different
convergence parameters or according to different
adapzation algorithms, and/or one or more filters with
fixed coefficients, and/cr one or more filters whose
coefficients are determined by learning.

A primary object of the present invention 1is to
improve the convergence and/or the quality of the output
signal from an echo canceller, especially from an echo

canceller which involves a spectral resolution (filtering
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in the frequency domain or by sub-bands).

The invention thus proposes an echo cancellation
method, wherein a reception signal 1s 1nput to an echo
generator system, an observation signal 1s gathered from
said system, the reception signal 1s filtered so as to

produce at least one echo prediction signal for

predicting an echo of the reception signal 1n the
observation signal, and an echo prediction signal 1s
subtracted from the observation signal so as to produce
an error signal. According to the 1nvention the
observation signal 1is decomposed 1nto M spectral
components relating to different frequencies of the
spectrum, M denoting an 1integer greater than 1, M
corresponding spectral components of an echo prediction
signal are obtained, M quantities are calculated from the
spectral components of the observation signal and of the
echo prediction signal, each of said M guantities having
a value with progressive variation representative of a
degree of similitude between, respectively, one of the M
spectral components of the observation signal and the
corresponding spectral component of the echo prediction
signal, and at least one spectral shaping of the error

signal is carried out as a function of said M calculated

quantities.
The M quantities afford information relating to
the presence of interferences (ambient noise or local

speech) in the observation signal, this lnformation being
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frequency-selective and having progressive variation,
thus ensuring a richness of information and an accuracy
whicn are substantially greater than the conventional
doukble-talk detectors which are essentially Dbinary
decision type over the whole spectral band.

When the filtering of the reception signal 1s
adapzed as a function cf the reception signal and of the
error signal, the spectral shaping of the error signal
can serve to produce a filtered error signal used for the
adaptation of the filtering of the reception signal. The
shaping then consists 1in attenuating, preferably 1n a
non-linear manner, the spectral components of the error
signal for which the quantity calculated manifests a
relazively weak similitude between the corresponding
spectral components of the observation signal and of the
echo prediction signal.

The spectral shaping of the error signal can also
serve to produce a post-filtered error signal which the
echo canceller transmits towards the communication
channel. In this case, the post-filtering tends rather to
attenuate, preferably 1n a non-linear manner, the
compcnents of the error signal for which the quantity

calculated shows a relatively large similitude between

the corresponding components of the signais y(n) and
z(n) .
Contrary to the customary practice 1n the field

of double-talk detectors, the spectral components of the
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echo prediction signal rather than those of the reception
signal are compared with the corresponding components of
the observation signal so as to quantify the degree of
similitude between these components. Thus, the temporal
aspects of the echo paths are already taken 1nto account
by the filtering carried out on the reception signal.

It 1is noted that 1f the echo canceller 1s
provided with several echo prediction filters, 1t 1s
conceivable for the echo prediction signal, on the basis
of which the M quantities representing the degrees of
similitude are calculated, not to be the same as that
which 1s subtracted from the observation signal ¢to
produce the error signal subjected to the spectral
shaping (filtering and/or post-filtering). Provision may
in particular be made for a filter with (fixed
coefficients to be employed specially to produce the echo
prediction signal serving in the calculation of the M
similitude quantities.

When the M spectral components of the observation
signal and of the echo prediction signal are Fourier
components of these signals, 1t 1s advantagecus for the
quantity representative of the degree o0of similitude
between two corresponding Fourier components of the
observation signal and of the echo prediction signal to
be a value of a function of coherence between these
Fourier components. This arrangement will advantageously

be adopted in an echo canceller with filtering 1in the
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frequency domain, since calculations <o¢f Fourier or
Hartley transforms are 1n any event necessary 1n thils
case. These arrangements are also applicable in the case
of filtering in the time domailn.

The use of the coherence function has already
been proposed in double-talk detectors (cf. T. Gansler et
al.: "A double-talk detector based on coherence", Proc.
of the International Conference on Signal Processing
Applications and Technoclogy, Boston, October 1935, pages
332-336). Apart from the different application context,
it may be noted that these authors <calculate the
coherence between the observation signal and the
reception signal, and hence do not correct the acoustic
channel, and that the decisions taken 1n conjunction with
the calculated coherences are of a binary nature.

Alternatively, 1t 1s pcssible to replace the
coherence function by a decreasing function of the
absolute value of the angle formed, in the complex plane,
between the corresponding Fourier components of the
observation signal and of the echo prediction signal.

This decreasing function may 1n particular be the cosine,

or the cosine squared, of the angle bounded by fmn/2. It

may be shown that this cosine 1is directly related to the
coherence function. The advantage of this formulation 1s
that the cosine, or its square, can be calculated simply
without requiring a memory necessary for calculating the

averages which are used to obtain the wvalues of the
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coherence function. The measurement therefore more
rapidly reflects the variations 1n the signals.

In the case of a sub-band echo canceller, the M
spectral components of the observation signal are
obtained via a decomposition into M sub-bands of the
observation signal, the same sub-band decomposition 1s
performed on the reception signal so as to produce M
corresponding spectral components o©of the reception
signal, the echo prediction signal 1s produced 1in the
form of its M spectral components respectively delivered
by the M adaptive filters to which the M spectral

compcnents of the reception signal are respectively

applied, and the error signal 1s produced 1n the form of
M corresponding spectral components each of which 1is
obtained by subtracting a spectral component of the echo
prediction signal from a correspondlng spectral component

of the observation signal. In this case, the quantity

representative of the degree of similitude Dbetween two
corresponding spectral components of the observation
signal and of the echo prediction signal 1S
advartageously a value of a function of normalized
intercorrelation between these spectral components.

Other features and advantages o©f the present
invention will emerge 1n the description below of non-
limiting embodiments, with reference to the appended
drawings 1n which:

- Figure 1, previously commented upon, 1s a basic
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diagram of an adaptive echo canceller with full-band
filtering in the time domain;

- Figure 2, previously commented upon, 1S a basic
diagram of an adaptive echo canceller with filtering 1in
the frequency domain;

- Figure 3, previously commented upon, 1s a basic
diagram of an adaptive echo canceller with sub-band
filtering:

- Figures 4 and 5, previously commented upon, are
schematic diagrams of decomposition and recombination
means of the echo canceller of Figure 3;

- Figure 6 1s a basic diagram of an adaptive echo
canceller according to the present invention;

- Figure 7 1is a schematic diagram of a coherence
computing unit of the echo canceller of Figure 6;

- Figure 8 1s a schematic diagram of means for
filtering the error signal 1n an echo canceller according
to F_gure 6;

- Figures 9 and 10 are graphs 1llustrating
possible forms of non-linear functions which can be used
tc implement the 1nvention;

- Figures 11 and 12 are diagrams of wvariant
embodiments of the filtering means of Figure 8; and

- Figure 13 1s a schematic diagram of means
allowing the implementation of the present 1invention 1n
an adaptive echo canceller with sub-band filtering.

Figure 6 enlists the basic diagram of the echo
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canceller of Figure 1, appendling thereto three modules
32, 33, 34 serving in the implementation of the present
invention. The module 32 calculates M quantities which,
with a certain spectral resolution, characterize a degree
of similitude between the observation signal z(n) and the
echo prediction signal y(n). The module 33 1s a filter
which, on the basis of these M quantities, carries out a
spectral shaping of the error signal e(n), and supplies
the signal thus shaped el(n) to the adaptation control
module 9. The module 34 1s a post-filter which carries
out another spectrai shaping of the error signal e(n) on
the basis of the M quantities so as to transmit the
signal thus post-filtered e2(n) towards the communication

channel to which the echo canceller 1s linked.

Although the diagram of Figqure ©6 has been
established in the case in which, according to Figure 1,
the echo cancellation relies on full-band filtering 1n
the time domain, it will be understood that the appending
of three modules such as 32, 33, 34, makes 1t possible 1n
general to implement the 1invention 1in any type of echo
canceller.

In the case of Figure 6, the M quantities
calculated by the module 32 are values of a coherence
function between Fourier components of the observation
signal z(n) and corresponding Fourler components of the
echo prediction signal y(n). The module 32 can then have

the construction represented in Figure 7.
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In the module 32 of Figure 7, serial/parallel
converters 36, 37 respectively receive the signals z(n)
and vy(n), and cast them 1nto the form of successive
blocks of M samples. These Dblocks may generally be
overlapping or non-overlapping. The Fourler transforms of
the signals y(n) and z(n) are carried out on these blocks
of length M samples by units 38, 39 implementing a

(m) and Y _{m)

conventional FFT algorithm. We denote by Z o

P
the mth Fourier components delivered by the units 38 and
39 in relation to the block of rank p of the observation
signal z(n) and of the echo prediction signal vy(n)
(1l<m<M) .

For each frequency 1ndex m, the Fourier
components Zp(m) and Yp(m) are supplied to an associated

unit 41.m which calculates the corresponding value of the

coherence function mscp(m). These units 41.m all have the

same construction. In the example considered, the
coherence function employed 1s the squared modulus of the
coherence ("magnitude sqgquared-coherence”), which 1is
expressed as:
Y };,Z(m) k
msc (m) = - =7 (1)

Yo (m)y p (m)

where ng(m) and y%z(m) denote the spectral power
densities, estimated at the moment of block p for the mth
frequency, of the signals y({(n) and z(n), and ng (m)

deno-es the cross spectral density of these two signals,
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estimated at the moment of block p for the mth frequency.
These spectral power denslities can be calculated simply

by the module 41.m with the aid of an forgetting factor

A such that 0<<A<l, as follows:

YY YY
Y, (m) = Ay, m)+(1-A)y Y (m)|’ (2)
L LL
Y ) = Ay 7 (m)+(1-Ay | Z(m)|? (3)
Yz YZ :
Y, m) = Ay 5 m)+«(1-A) Y (m)[Z,(m)] (4)
where |. }2 denotes the modulus squared and (.) " the

conjugate of a complex number.
For each spectral component 1ndex m, the quantity

msc, (m) exhibits a progressive variation, 1ncreasing

P

between 0 and 1, as a function of the degree of simili-
tude between the Fourier components Zp(m) and Yp(m). This
quantity 1s updated with each new block of M samples.
Figure 8 shows a schematic diagram of the filter
33 and of the post-filter 34 which process the error
signal e(n). These processing operations are here
performed in the frequency domain, the filters 33 and 34
sharing the circuilts which produce the Fourier components
Ep(m) of the error signal e(n). These circults comprise
a serial/parallel converter 53 producing blocks of M
samples of the error signal e(n) 1n the same way as the

converters 36, 37 of Figure 7, and an FFT computation

unit 54.
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The filter 33 includes M circuits 56.m (l<mgM)

each calculating, for a respective value msc,(m) of the

p(
coherence function, the value taken by an increasing non-
linear function FNL1. The non-linear function FNL1 has
for example the form represented in Figure 9, defined by
three parameters al, bl and Tl such that 0<al<pbl<l and
0<T1l<1l : the function FNLI1(x) 1s equal to Tl for 0Os<x<al,
it increases from Tl to 1 as X 1ncreases from al to bl,
and is equal to 1 for bl<x<l. The parameter set T1l, al,
bl can be identical for each of the M Fourier components,
or it can be different from one Fourier component to
another. The values adopted for these parameters can be
determined experimentally or by simulation as a function
of the particular application and of the characteristics

of the terminal equipped with the echo canceller. Each

value FNL1(msc,.(m)) produced by a circuit 56.m 1s

P

supplied to a respective multiplier 57.m which also

receives the corresponding Fourier component E_(m) of the

P

error signal. The wvalues Elp(m) delivered by the M
multipliers 57.m are supplied to an IFFT computation unit
58 which obtains thelr 1inverse Fourier transform 1n the
form of a block of M samples. A parallel/serial converter
59 forms the filtered error signal el(n) on the basis of
the blocks delivered by the unit 58.

This signal el(n) 1s exploited by the adaptation

control module 9 1n the same way as the signal e(n) 1n

the conventional case of Figure 1. The adaptation of the
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filter 7 can be carried out according to any appropriate
algorithm.
The post-filter 34 1includes M circuits 6l.m

(1<m<M) each calculating, for a respective value msc,. (m)

P
of the coherence function, the value taken by a
decreasing non-linear function FNLZ. The non-linear
function FNL2 has for example the form represented in
Figure 10, defined by three parameters a2, b2 and TZ such
that 0<a2<b2<l and 0<T2<1 : the function FNL2(x) 1is equal
to 1 for O<x<a2, it decreases from 1 to T2 as X increases
from a2 to b2, and 1t 1s equal to T2 for bZ2<x<l. The
parameter set T2, a2, b2 can be 1identical for each of
the M Fourier components, or 1t can be different from one
Fourier component to another. The values adopted for

these parameters can be determined experimentally or by

simulation. Each wvalue FNLZ(msc,.(m)) produced by a

P

circuit 6l.m 1is supplied to a respective multiplier 62.m
which also receives the corresponding Fourier component

E.(m) of the error signal. The values EZ_(m) delivered by

P
the M multipliers ©62.m are supplied to an IFFT

P

computation unit 63 which obtains their 1nverse Fourier
transform 1in the form of a block of M samples. A
parallel/serial converter 64 forms the post-filtered
error signal e2(n) on the basis of the blocks delivered
by the unit 63.

When modules such as 32, 33, 34 (Figure 6) are

provided within the framework of an echo canceller



10

15

20

23

CA 02227480 1998-01-20

- 723 -

operating by filtering in the frequency domain, 1t should
be noted that the spectral resolution used for the
coherence calculations can be equal to or less than the
spectral resolution of the filter for modelling the
echoes. In other words, with the notation of Figure 2, 1t
is possible to have M=2N or M<ZN. On the other hand, the
rate of updating of the coherence calculations, which
corresponds to the rate of renewal of the blocks p of the
M samples in Figure 7, can be different from the rate of
renewal of the blocks k of 2N samples in Figure 2.

Furthermore, 1t 1s possible to subdivide the
spectrum of the signals 1into Q sub-bands (Q>1) for the
filterings of the error signal. The values of the
coherence function for the frequency components
pertalining to a given sub-band are then averaged, and 1t
is tnhe average value thus obtained which 1s fed to the
non-linear functions FNL1 and FNLZ. The value of a non-
linear function for a given sub-band then serves to
weight each of the Fourier components of the error signal
which pertain to this sub-band.

Figures 11 and 12 show such implementations for
the filter and the post-filter of the error signal 1n the
case of an echo canceller working 1n the frequency domain
in accordance with Figure 2, the values of the coherence
function mscp(m) (l<m<M with M<ZN) being obtained by a

module 32 complying with that represented 1n Figure 7. It

1is assumed that the gth sub-band (1<g<Q) covers Mq
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Fourier components of the signals z(n) and y(n) for which
the module 32 has calculated the values of the coherence
function, and covers Nq Fourier components of the error
signal, calculated by the FFT unit 17. The subdivision
into QO sub-bands can be uniform (M1=M2=...=MQ and
Ni=N,=... =Ng) or non-uniform, for example according to

a Bark scale such as used 1n the field of psycho-

acoustics.

The filter of the error signal represented 1n
Figure 11 comprises Q 1ntegration circuits 66q (1<g<Q)
which each calculate the arithmetic mean value of the Mq
values of the coherence function which relate to sub-band
0, and Q circuits 67.q which calculate, for the averages
delivered by the integration circulits 66.gq, the values
taken by the increasing non-linear function FNL1 which
can be identical or different for each sub-band. The
filter further comprises 2N multipliers 68.f (1<f<Z2N)
each receiving a respective Fourilier component Ek(f) of
the error signal as well as the value delivered by the
circuit 67.q, where g denotes the sub-band pertaining to
the Fourier component f of the error signal. In the case
of Figure 11, the filtered error signal el(n) 1s not
produced explicitly in the time domain, but 1in the form
of its 2N Fourier components El, (f) which are the
weighted Fourier <components of the error signal,

respectively delivered by the multipliers ©68.f. These

components El, (f) are respectively supplied as filtered
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error signal to the 2N adaptation control modules 9.f
which are of the same type as those shown 1n Figure 2.

The Q integration c¢ircuilts 66.9 also form part of
the post-filter of the error signal represented in Figure
12, which also comprises Q circulits 69.g which calculate,
for the averages delivered by the 1integration circuits
66.9q, the wvalues taken by the decreasing non-linear
function FNLZ which can be 1dentical or different for
each sub-band. The post-filter further comprises 2N
multipliers 71.f (1<f<2N) each receiving a respective
Fourier component E, (f) of the error signal as well as
the value delivered by the circulit 69.gq, where g denotes
the sub-band pertaining to the Fourier component f of the
error signal. The welghted Fourier components E2k(f)
respectively delivered by the multipliers 68.f are
supp-.lied to an IFFT computation unit 72 producing blocks
of 2N samples. From these blocks, a unit 73 similar to
the unit 22 of Figure 2 constructs segment by segment the
post—-filtered error signal e2(n) which a parallel/serial
converter 74 casts back i1nto sequential form.

As has been 1ndicated earlier, an advantageous
alternative of the 1nvention consists 1in replacing the

function of coherence between the components Z.(m) and

P

Yp(m) by a decreasing function of the angle wp(m) formed,

in the complex plane, between the complex numbers Z. (m)

P

and Yp(m) which, in the case 1llustrated by Figure 7, are

produced by the FFT units 38 and 39. In other words, the
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angle mp(m) 1s the argument of the complex number

Z . (m)/Y~(m). If a and a’' denote the real parts of Z_(m)

P %

and Yp(m) respectively, and b and b’ denote their

imaginary parts, then:

P

aa' +bp'

/(aZ+b2) (al2+b|2)

coscpp(m) =

This cosine of the angle @p(m), bounded between

-t/2 and +mn/2 (since a phase shift of T 1mplies a

presence of interferences, given that compensation of the
acoustic channel has already been carried out 1n the
signal vy(n) by the filter 7), 1s another normalized

measurement of the degree of similitude between the

components Z,(m) and Yp(m) , which has the advantage of

P
being easily calculated block by block without having to

store amounts for carrying out averagings (according to

relations (2) to (4)). In practice, 1t will be possible

to calculate the square a,(m) of coswp(m) so as to avoid

P

the square root calculation which 1t will be possible to

take into account 1n the definition of the non-linear

functions FNL1 and FNLZ.

In this alternative, the units 41.m of Figure 7

are devised so as to deliver ap(m)=0 1f aa'+bb’'<0, and

ap (m)=(aa+bb’) 2/[ (a2+b2) (a’2+b'2) ] otherwise. These

quantities . (m) can be processed 1n a manner simlilar to

P

the mscp(m) by filters and post-filters such as those
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shown diagrammatically in Figures 9 to 12.

In the case of a sub-band echo canceller, the
spectral resolution required according to the invention
does not result from a Fouriler transform, but from a
decomposition into M sub-bands. The M quantities serving
to quantify 1in a progressive manner the similitude
between the signals z(n) and y(n) can then be the values
taken by a function of normalized intercorrelation
between the spectral components Z (1) (n") and Y (1) (n")

(Figure 3), such as

Ely, (n)z  (n)]?
Ty > o 2 (3)
where E[.] denotes the mathematical expectation. The
mathematical expectations of relation (5) can be

calculated by exact averaging over an analysis window, in

which case the L are updated with each new window, or

1)
py means of an forgetting factor in a manner similar to

relations (2) to (4), 1n which case the r can be

1)
updated with each sub-sampling time. The value of L (1)
increases progressively from 0 to 1 according to the

degree of similitude between the signals z iy (n’) and
Y(l) (n’) .

Each processing path of a sub-band i can then be
supplemented with the means represented in Figure 13,
which comprise:

- a unit 76 calculating the value L of the

1)
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normalized intercorrelation function for the components
z(i)(rf) and y(i)(n’) supplied respectively by the
decomposition means D' and by the filter 7 relating to

sub-band 1;

- a circuit 77 calculating for the wvalue of ri)
the value taken by an increasing non-linear function FNL1
which may be o0of the same type as that represented
graphically in Figure 9 and which may be different from
one sub-band to another;

- a multiplier 78 which weights the spectral
component e(i){nf)nof the error signal, delivered by the
subtracter 8, by the value supplied by the circuit 77,
and which supplies the weighted component el(i)(nf) to
the adaptation control module 9 relating to sub-band 1i;

- a circuit 79 calculating for the value of L(q)
the value taken by a decreasing non-linear function FNLZ
which may be o0of the same type as that represented
graphically in Figure 10 and which may be different from
one sub-band to another; and

- a multiplier 81 which weights the spectral
component e(i)(nf) of the error signal, delivered by the
subtracter 8, by the wvalue supplied by the circuit 79,
and which supplies the weighted component eZ ., (n") to
the appropriate module R of the recomblnation means.

The M circuits 77 and the M multipliers 78

relating to the various sub-bands constitute, 1n a manner

similar to the filter 33 of Figure 6, the filter which
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carries out the spectral shaping of the error signal as
a function of the M quantities (i) for the adaptation of
the filtering of the reception signal x(n).

The M circuits 79, the M multipliers 81 and the
recombination modules R constitute, 1n a manner similar
to the post-filter 34 of Figure 6, the post-filter which
carries out the spectral shaping of the error signal as
a function of the M guantities (i) for the production of
the output signal from the echo canceller.

For the calculation of the mathematical
expectations of relation (5), the unit /6 can comprise
three averaging circuits 82, 83, 84 respectively

receiving the successive values of y yy(n’)-z 4, (n’), of

2
(1

yz(l) (n’) and of =z

)(nf) from a multiplier 86 and from
two squaring circuits 87, 88. The quotient of relation
(5) 1s calculated by a divider 89 receiving the numerator

from a squaring circuit 91 and the denominator from a

multiplier 92.

In the above description and the appended
drawings, embodiments of the 1nvention have Dbeen
presented on the basis of hardware layouts of modules,
units or 1individualized <circuits, so as to make the
explanation as clear as possible. Those skilled 1n the
art will appreciate that the 1nvention can also be
implemented differently, in particular by programming an
appropriate digital signal processor as 1s usual 1in the

art of echo cancellers.
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WHAT IS CLAIMED IS:

1. An echo cancellation method, wherein a reception signal

(x(n)) 1s 1nput to an echo generator system (1), an

observation signal (z(n)) 1s gathered from sailid system,

the reception signal 1is filtered so as to produce at

least one echo prediction signal (y(n)) for predicting an

echo of the reception signal 1in the observation signal,

and an echo prediction signal 1s subtracted from the

observation signal so0 as to produce an error signal

(e (n)), the method comprising the steps of:

decomposling the observation signal (z{(n)) 1into M

spectral components (Z,(m); 2z (n’)) relating to

different frequencles of the spectrum, M denoting an
integer greater than 1;

obtalining M corresponding spectral components

(Yo (m) ; vy (n7)) of an echo prediction signal
(y(n) ) ;
calculating M guantities (mscp(m); op(m); r() from

the spectral components of the observation signal

and of the echo prediction signal, each of said M

quantities having a value with progressive variation

—

representative of a degree of similitude between,

respectively, one of the M spectral components of

the observation signal and  the corresponding

pr—

spectral component of the echo prediction signal;

and

#

carrylng out at least one spectral shaping of an

error signal (e (n) ) as a function of said M

calculated guantities.

2. A method according to Claim 1, wherein the
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filtering of the reception signal 1s adapted as a
function of the reception signal and of an error signal,
and wherein a spectral shaping of the error signal (e(n))
is carried out, producing a filtered error signal (el(n))

as a function of which the adaptation of the filtering of

the reception signal (x(n)) 1s performed.

3. A method according to Claim 1 or 2, wherein a
spectral shaping of an error signal (e(n)) 1s carried
out, producing a post-filtered error signal (eZ(n))

t ransmitted towards a communication channel.

4 . A method according to any one of Claims 1 to 3,
wherein the M spectral components (Zp(m) ,Yp(m)) of the
observation signal (z(n)) and of the echo prediction

signal (y(n)) are Fourier components of said signals, and
wherein the quantity (mscp(m)) representative of the
degree of similitude between two corresponding Fourler
(m) , ¥

components (Z (m)) of the observation signal and of

% P

the echo prediction signal is a value of a function of

coherence between sailid two Fourier components.

5. A method according to any one of Claims 1 to 3,
wherein the M spectral components (Zp(m) ,Yp(m)) of the
observation signal (z{(n)) and of the echo prediction

signal (y(n)) are Fourier components of said signals, and

wherein the quantity (ap(m)) representative of the degree

of similitude between two corresponding Fourier

components (Zp(m),Yp(m)) of the observation signal and of
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the echo prediction signal 1s a value of a decreasing
function of the absolute wvalue of the angle (cpp(m))

formed, 1n the complex plane, between said two Fourier

components.

o . A method according to Claim 4 or 5, wherein M

Fourier components (Ep(m)) of the error signal (e(n)) are

obtained, which correspond respectively to the M Fourier
components (Zp(m},Yp(m)) of the observation signal (z(n))
and of the echo prediction signal (y(n)), and wherein
each spectral shaping of the error signal (e(n)) includes
a welighting of each of the M Fourier components thereof

p(m)) by an amount having a non-linear dependence on

the wvalue of that of the M quantities (mscp(m); ap(m))

which represents the degree of similitude between the
corresponding Fourier components (Zp(m), Yp(m)) of the

observation signal and of the error prediction signal.

7. A method according to Claim 4 or 5, wherein a
number 2N at least equal to M of Fourier components
(Ey (f)) of the error signal (e{n)) 1s obtained, wherein
the Fourier components of the signals are distributed
into several predetermined sub-bands, and for each sub-

pand a mean value of those of the M gquantities (msc, (m) ;

P

. (m)) which represent degrees of similitude between the

p(
Fourlier components relating to sailid sub-band of the

observation signal and of the echo prediction signal are

calculated, and wherein each spectral shaping of the
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error signal (e(n)) 1includes a weighting of each of
the 2N Fourier components thereof (Ex(f)) by an amount

having a non-linear dependence on the mean value

calculated for the sub-band pertalining to said Fourier

component of the error signal.

ﬁ

8. A method according to any one of Claims 6 to 7, wherein

the filtering of the reception signal 1s adapted as a

function of the reception signal and of an error signal,

and wherein a spectral shaping of the error signal (e(n))

1s carried out, producing a filtered error signal (el (n))

as a function of which the adaptation of the filtering of

the reception signal (x(n)) 1s performed, wherein for the

production of the filtered error signal (el(n)), said

non-linear dependence being defined by an i1ncreasing non-

linear function (FNL1).

. A method according to Claim 8, wherein the filtered error

signal (el(n)) 1s produced by applying an inverse Fourier

ﬁ

transform to the weilghted Fourier components (Ely,(m)) of

the error signal.

A method according to Claim 8, wherein a Fourier

F

transform of the reception signal (x(n)) 1s performed so

as to obtain a number ZN, at least equal to M, of Fourier

components (Xx(f)), and an echo prediction signal (y(n))

1s produced 1n the form of 2N Fourier components (Y, (f))

obtained by weilghting the Fouriler components (Xy(f)) of

the reception signal Dby respective adaptive complex

o
P

coefficients, each of said coefficilients being associated

with a welghted Fourier component (Elyf)) of the error

signal which 1s wused, with the corresponding Fourier
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component (Xyf)) of the reception signal, to adapt the

value of said coefficient.

F

A method according to any one of Claims 6 to 7,

ﬁ

wherein a spectral shaping of an error signal (e(n)) 1is

carried out producing a post-filtered error-signa.

(e2 (n)) transmitted towards a communication channel, and

wherein for the production of the post-filtered error

signal (e2(n)), said non-linear dependence 1s defined by

a decreasing non-linear function, the post-filtered error

signal (eZ2(n)) being obtained by applyling an inverse

Fourier transform to the weighted Fourier components

(B2, (m) ; E2y(f)) of the error signal.

A method according to any one of Claims 1 to 3,
wherein the M spectral components (z(;),(n’)) of the
observation signal are obtained by a sub-band

decomposition of the observation signal (z(n)), wherein

the same sub-band decomposition 1s performed on the

reception signal (x(n)) so as to produce M corresponding
spectral components (x(,(n’)) of the reception signal,

wherein the echo prediction signal (y(n)) 1s produced in

the form of M spectral components thereof (ygy(n’))

respectively delivered by M adaptive filters to which the

pr——

M spectral components (x(),(n’)) of the reception signal

are respectively applied, wherein the error signal (e(n))

1s produced 1n the form of M corresponding spectral

components (e)(n”)) each of which 1s obtained by

subtracting a spectral component (y.i,(n’)) of the echo

prediction signal from a corresponding spectral component

F—
—

(z¢y(n”)) of the observation signal, and wherein the

b

quantity (r(;) representative of the degree of similitude

between two corresponding spectral components
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ﬁ

(z¢iy (n"),y)(n")) of the observation signal and of the

fr—

echo prediction signal 1s a wvalue of a function o

normalized 1ntercorrelation between said two spectral

components.

13. A method according to Claim 12, wherein each spectral

shaping of the error signal (e(n)) 1includes a weilighting

F

of each of the M spectral components thereof (e (n’)) by

an amount depending 1n a non-linear manner on the wvalue

10 (r;;) of the intercorrelation function between the

corresponding spectral components (z)(n’),vyiy(n’)) of

the observation signal and of the echo prediction signal.

14. A method according to Claim 13, wherein the filtering

-

15 of the reception signal is adapted as a function of the

reception signal and of an error signal, and wherein a

spectral shaping of the error signal (e(n)) 1s carried

out producing a filtered error signal (el (n)) as a

Pﬁ

function of which the adaptation of the filtering of the

20 reception signal (x(n)) is performed, and wherein for the

production of the filtered error signal (el(n)), the

amount for weighting each spectral component (e, (n’)) of

the error signal 1s an 1increasing non-linear function

F
pra—

(FNL1) of the wvalue (r(;,) of the intercorrelation

25 function, and wherein each filter (7) to which a spectral

g

component (x)(n’)) of the reception signal is applied is

adapted as a function of saild component (x:i)(n’)) and of

the corresponding welghted spectral component (el ;) (n’))

F

of the error signal.

30

15. A method according to Claim 13, wherein a spectral

—
P—

shapling 0! an error signal (e (n) ) 1s carried out

producing a post-filtered error signal (e2 (n) )
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transmitted towards a communication channel, and wherein

for the production of the post-filtered error signal

(e2(n)), the amount for welghting each spectral component

ﬂ

(e(1, (n")) of the error signal 1s a decreasing non-linear

PN

ﬁ
p—

the value (X (iy) of the

function (FNLZ) O:

intercorrelation function, and wherein the post-filtered

error signal (eZ(n)) 1s obtained by a recombination, dual

F

of the sub-band decomposition, o©f the weighted spectral

ﬁ

components (eZ¢),(n’)) of the error signal.

16. Adaptive echo canceller, wherein a reception signal

(x(n)) 1s 1nput to an echo generator system (1) and an

observatlion signal (z(n)) 1s obtained from said system,

comprising: filtering means (/) for producing, by

filtering the reception signal, at least one echo

prediction signal (y(n)) for predicting an echo of the
reception signal 1n  the observation signal; and
subtracter means (8) for producing an error signal
(e(n)) by subtracting an echo prediction signal from the

observation signal, characterized 1n that it further

comprlses: means (38 D’ ) for decomposing the
observation signal (z(n)) 1nto M spectral components
(Zp(m); 2z(,(n")) relating to different freqguencies of

the spectrum, M denoting an 1integer greater than 1;

means (4l.m;/0) for calculating M quantities (mscy(m);

op(m); r@uy) from the M spectral components of the

observation signal and M corresponding spectral

e

components (Yp(m); Vy¢)(n’)) of an echo prediction signal

pr—

(y(n)), each of said M quantities having a value with

progressive variation representative of a degree of

similitude between, respectively, one of the M spectral

components of the observation signal and the

corresponding spectral component of the echo prediction
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signal; and means
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(33,34;77,78,79,81,R) for spectral shaping of the error

signal (e(n)) as a function of said M calculated
quantities.
17. Adaptive echo canceller according to Claim 16,

further comprising adaptation means (9) for dynamically
adjusting filtering parameters used by the filtering
means (/) as a function of the reception signal and of
the error signal, wherein the spectral shaping means
comprise a filter (33;77,78) to which the error signal
(e{(n)) 1s fed and from which the output signal (el(n)) is

supplied to the adaptation means (9).

18. Adaptive echo canceller according to Claim 16 or
17, wherein the spectral shaping means comprise a post-
filter (34;79,81,R) to which the error signal (e(n)) 1is
fed and the output from which delivers the output signal

(e2(n)) from the echo canceller.

19. Adaptive echo canceller according to any one of
Claims 16 to 18, wherein the means (7) for filtering the
reception signal (x{n)) are arranged to perform a

filtering 1n the frequency domailn.

20. Adaptive echo canceller according to any one of
Claims 16 to 18, wherein the means (7) for filtering the
reception signal (x(n)) are arranged to perform a
filtering 1n M sub-bands with which the M spectral

components of the signals are respectively associated.
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