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measure that is used in sald echo cancellation method.
BACKGROUND OF THE INVENTION

Echo is a problem related to the perceived speech quality in
telephony systems with long delays, e.g. telephony over long
distances or telephony systems using long processing delays, like
digital cellular systems. The echo arises in the four-to-two wire
conversion in the PSTN/subscriber interface. To remove this echo,
echo cancellers are usually provided in transit exchanges for
long distance traffic, and in mobile services switching centers
for cellular applications.

Due to the location of the echo canceller it is made adaptive;
the same echo canceller is used for many different subscribers in
the PSTN. This adaption is necessary not only between different
calls, but also during each call, due to the non-fixed nature of
the transmission network, e.g. phase slips, three-party calls,
etc.

The adaption of the echo canceller needs to be controlled, since
it must be inhibited during presence of near end side speech,
otherwise the echo path estimate will be degraded. This leads to
a conservative strategy with a well protected estimate. However,
the adaption strategy cannot be too conservative, since this will
degrade the performance of the echo canceller when a fast re-
adaption is necessary due tc a change in the echo path loop. To
overcome the optimization problem, namely fast re-adaption when
the echo path changes and stable echo estimate during double-
talk, a configuration with two echo path estimates may'be used.
Echo cancellers using two filters for echo estimation have been
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10 adaptive foreground filter for echo canceller output, it is very
important that the adaptive background filter is transferred when
it performs better. However, due to problems, partly caused by
the conservative algorithm that is used, this may not occur and
echo cancellation may be inhibited.

15 SUMMARY OF THE.INVENTION

An object of the present invention is to provide a new method of
determining a filter quality measure that may be usded in
selecting the best filter in a dual filter echo canceller.

This method is characterized by the features of claim 1.

20 A further object of the present invention is an adaptive dual
filter echo cancellation method that is less conservative than
the previously known method and avoids the problems of that
method.

This echo cancellation method is characterized by the features of
25 claim 3.

BRIEF DESCRIPTION OF THE DRAWINGS
The invention, together with further objects and advantages

thereof, may best be understood by making reference to the
following description taken together with the accompanying
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FIGURE 2 is a block diagram of an echo cancellation system;

FIGURE 3 is a block diagram of a previously known dual
filter echo canceller;

FIGURE 4 is a block diagram of a dual filter echo canceller
operating in accordance with the echo cancellation
method of the present invention;

FIGURE 5 is a flow chart illustrating an embodiment of the
dual filter echo cancellation method in accordance
with the present invention;

FIGURE 6 is a preferred embodiment of the dual filter echo
cancellation method in accordance with the present
invention; and

FIGURE 7 is another preferred embodiment of the dual filter
echo cancellation method in accordance with the
present invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

Fig. 1 illustrates the echo generating process in a telephony
system. A subscriber A, called the far end subscriber below, is
connected to a hybrid (a hybrid forms the interface between a
four-wire and a two-wire connection, as is well known in the art)
over a two-wire line. Similarly a subscriber B, called the near
end subscriber below, is connected to another hybrid over a two-
wire line. The two-wire lines transfer both incoming and outgoing
speech signals. Outgoing speech from far end subscriber A is
transferred to near end subscriber B over the upper two-wire line
in Fig. 1. Similarly outgoing speech from near end subscriber B
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contains echo from outgoing speech from subscriber B.

Fig. 2 illustrates how the echo back to subscriber A is cancelled
at the near end side (a similar arrangement is provided at the
far end side). Input signal x(n), where n denotes discrete time,
10 represents speech from subscriber A. The input signal x{(n) is
attenuated by the hybrid, represented by a filter 10 with
transfer function H(q?) and a summation unit 14, and the
resulting echo signal s(n) is combined with the near end signal
v{n), which may or may not contain near end speech, in summation
15 unit 14. The attenuation of filter 10 is represented by the echo
path attenuation ERL (ERL = Echo Return Loss). Thus, the
resulting output signal y(n) contains both the near end signal
and echo from the far end signal. Furthermore, input signal x(n)
is also forwarded to an adaptive filter 12, which models the
20 impulse response of the hybrid by adjusting its filter coeffici-
ents. The resulting estimate of echo signal s(n) is denoted §(n).
This estimate is, in a summation unit 16, subtracted from output
'signal y(n) (ERLE = Echo Return Loss Enhancement represents the
obtained improvement in echo attenuation), and the resulting
25 error signal e(n) is forwarded to adaptive filter 12 for
adjustment of the filter coefficients and to the two-wire line
back to far end subscriber A.

A problem with the simple block diagram of Fig. 2 is that signal
y(n) may contain, in addition to the echo signal s(n), a speech
30 ~ signal v(n) from subscriber B. This situation is called double-
talk. During double-talk adaptive filter 12 will try to model not
only the echo signal s{n) but alsoc the speech signal v(n). Thus,
the adaption of filter 12 must be controlled during double-talk.

Figure 3 illustrates a block diagram of a dual filter echo
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side). Input signal n£ %ere n denotes discrete t| 1 epresents
speech froms r“fltﬁ?r linethack rﬁﬁnfa§| W The coeff:.c:.ents from
10 the adaptive background f:.lter 12 are transferred to the

programmable foreground filter 18 whenever the adaptive back-
ground filter 12 is considered better than the programmable
foreground filter 18. This usually occurs when there is no
double-talk. During double-talk the coefficients that were
15 transferred to the programmable foreground filter 18 just before
the double-talk situation occurred are kept for echo cancellation
during the double-talk period. Once the double-talk situation no
longer exists and the adaptive background filter 12 is determined
to give better performance, filter coefficients are once again
20 transferred from filter 12 to filter 1i8.

The method to compare the performance of the two filters
described in [1, 2) may be summarized as follows. The main idea
is to compare the residual energy from the two filters. Thus,
filter coefficients are transferred only if

Ele,(n) |<p-Ele,(n) | (1)
25 where E(.) denotes estimated residual energy level and u is a
constant, which is chosen to 7/8 in [1]. In order to make this

algorithm perform well the following two requirements are
y necessary

Ele,(n) |{<AEly(n) | (2)
Ely (n) | <E|x(n) | (3)

where A is a constant, which in [1] equals 1/8 (corresponding to
30 -18 dB). If the above three conditions are fulfilled the filter
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conditions are simultaneously fulfilled for a predetermined time
period, for example 48 ms.

Since the configuration of [1, 2] only uses the programmable
foreground filter 18 for actual echo cancellation, it is very

15 important that the adaptive filter 12 is always transferred when
it performs better. However, due to the problems stated below
this may not always occur.

One problem occurs if the near end side has a high background
noise level. In this case the residual echo e,(n) will be buried

20 in noise. This means that condition (1) above becomes blind; no
incentive is given to transfer the background filter to the
foreground filter.

Another problem is that condition (2} requires that the echo
return loss enhancement ERLE should have reached 18 dB before any

25 transfer of the background filter can take place. However, this
situation may never be achieved if the background noise level is
high and the echo return loss (ERL) is also high.

A further problem is that the ERLE requirement of 18 dB may never
be fulfilled if the echo path has a high degree of non-linearity.

30 Since the adaptive filter 12 of (1, 2] is allowed to adapt
continuously it will diverge from its optimum during double-talk.
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requi renments ga@celler ofieddgsary thpertWo filters are used completely in
parallel, i.e. residual signals e,(n) and e,(n) are obtained for

both filters, and a decision logic 24 decides which signal to
choose as the actual output signal e(n). Furthermore, as

15 indicated by double arrow 21, both filters may be transferred or
copied.

In accordance with the present invention decision logic 24 uses
the quality measure

ES, )
q; = -—-——""I(J:)Y(n (4)
Ee; (n)

where i=a,p, to decide which residue signal e,(n) or e,(n) to use
20 as the actual output signal. This choice of quality measure will
now be explained.

Considexr the signal

y{n) = s(n) + v(n) (5)

where s(n) represents the echo signal and v(n) represents near-
end noise and speech. From (5) it can be seen that the numerator
25 of (4) is a correlation between the estimated echo and the true
echo, with near-end speech and noise added. This cori:elation will
be high if the filter is well adjusted to the echo path. Since
8;(n) is independent of v(n), the numerator of g; will not vanish
when the background noise level is high. However, since Ee;’(n)
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pr ogr ammabl e foreground filter 18 fgrAaci al echo cancellation, i )
is very 15 | mportant that the adapti% ff¥ref 12 is al ways transferl(ed
when It perforns better. However, due to the_ problens stated bel ow

this map not aifayflfddded. Here A is a predetermined factor and B is a
predetermined offset.

To avoid selecting the adaptive filter during an obvious double-
talk situation, it may also be required that the following
condition is fulfilled

g,>C OR [Ey*(n) <a*NL AND g, > B] (7)

10 before the adaptive filter is selected as the best filter. Here
C represents an offset which is greater than offset B. Furthermo-
re, o is a factor and NL is the measured noise level.

Figure 5 illustrates an embodiment of the method in accordance
with the present invention in which the quality measure '(4) is
15 used to determine the best filter. In step 500 the next sample is
used to calculate new quality measures in steps 510 and 520. Step
530 performs the test in accordance with condition (6}. If
condition (6) is fulfilled, step 540 tests the first part of
condition (7). If this test fails the alternative branch 550
20 including the second part of condition (7) is tested. If either
of tests 540, 550 is successful the algorithm proceeds to step
560. This step tests whether the following condition is fulfilled

Eel(n) < BpEei(n) (8)

where B is a predetermined factor. This step tests whether the
programmable filter has a lower residual signal energy than the
25 adaptive filter. If this is not the case the adaptive filter is
selected as the output filter, and this filter is used to produce
the actual output signal e(n). On the other hand, if test 560
indicates that the programmable filter actually has a smaller



One probl em occurs if the near end side has a hi gh background noi se

level. In th

is case the residual echo e[err](n) will be buried 20 in

noi se. This
i ncentive is

nmeans that condition (1) above becones blind; no
given to transfer the background filter to the

foreground f{ Anot her problemis that conditi uires
that the echgdd%ﬂu return | oss enhancenent ERLE shoul d ha%’%@%‘ﬁé 18 dB
before any 25 transfer of the background filter can take pl ace.

However, this situation may never be achieved if the background

noi se level is hi gh and the echo rePurn loss (ERL) is also high.

A further problemis that fhe ERLE requiregent of ng¥ e
fulfilled i f TeRdaBRhos HEReXgYy, é’% &e&ﬁgge’o’f wﬁ%i}\%’gn%arl & 52%"6‘“ ?heb
Si nce the adaptput $idnak ibPsvép[380 2Bimilarlyvkhe myosrapmable filter will

conti nuously
W7/ 15124

7 Th
filter needs

el ubbh! 1 £ U8 Kedt R idrepPBE0MeRNIE" ARE dPUbbED lidddes 540 and
. PCT/ SE96/ 01317 -
P804Editgence is not restored, which neans that the adaptive

a new convergence period after every double-talk

Si tuat%' on befxg{rﬁi ?&fggﬁeaaseﬁ.ﬂsdmpsffa{mﬁ%ﬁ inRudtdedin Fig. 5,

mabl e
cancel |l er wi

10

15

20

25

. 30

ilter.

Iles that the convergenc Pr cess _of the é—'; Imiecl&o
thenBetiR ARG ales heYe kean, uler £or HHe VREEPRG predetermitie

constants.

A=2

B=0

C=1

a=10

B=1

With thése values it may be seen that condition (6) is less
conservative than the conditions in [1, 2]. For example, C=1
implies that in the stationary case ERLE should be higher than 0
dB. This is much lower than the value 18 4B in [1, 2]. This
condition is further relaxed to q, > 0 when Ey*(n) falls below the

noise level.

Figure 6 illustrates a preferred embodiment of the method in
accordance with the present invention. In this preferred
embodiment steps 500-560 are the same as in the embodiment of
Fig. 5. However, instead of using the selected filter directly to
produce an output signal, this pfeferred embodiment makes a
smooth transition from one filter to the other by 1linearly
combining the residual signals from the two filters in accordance
with step 620. Each time the adaptive filter is chosen as the
best filter, a filter state variable FS is increased in accordan-
ce with step 600. Similarly, each time the progrannﬁable filter is
selected as the best filter, filter state variable PS is
decreased in accordance with step 610. The calculated filter
state variable FS is then used in step 620 to form a linear
combination between residual signals e,{n) and e,(n). Here the
variable 7 represents a transition time, for example 128 sample
periods. As can be seen from step 620 the proportion of a



duplex situation. Figure 4 illustrates an echo canceller using the
net hod of the present invention. In the echo canceller of Fig. 4
filter 12 is an adaptive filter and filter 18 is a programmbl e
filter, as in 10 the prior art echo canceller of Fig. 3. Fbmever I n
the echo WOOHMAMe| | er of Fig. 4 the two filters are UsePcpRERIGRI®! Y i N
parallel, i.e. residual signals e[err](n) and e[err](n) are obtalneJ for
bath filters, and a decision |ogic 24 decides which signal to choose
as the actual output signal e(n). Furthernorge, as 15 i ndi cat ed by
doubl e arrow 21, both filters may be transferred or copi ed.
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(4) is & corr Step of2®epardormse &silineard eciminatdonheof r eg(n) and eefim) .
W th near - end gReoel, aR#iBOIELS M%soﬁ@t&l@ﬂe@e@%h% Wbl exampleleibi g3

f the fil ] d to the .echo path. [ (n) i
: ndtepgndlent e(rﬂal\% n?osfﬁgiushgr‘é?%rn‘?ﬂel% - %’\ﬁlﬁlhtﬁﬁg fanr s, alcrlm‘!ﬂ%ﬁhe
t he backgroundlm@BSECDmbehatsonlgﬂlp#ﬂhﬂhhy'opsumaé Ee[err] (n)

A presently preferred embodiment of the method illustrated in
10 Fig. 6 uses the same values for the predetermined constants A, B,
C. a, B as the preferred embodiment of Fig. 5.

The methods illustrated in Figs. 4 and 5 are concerned with
selecting and using the proper filter for producing the actual
output signal e(n). However, as indicated by the double arrow 21

15 in Fig. 4 each filter may also be transferred or copied to the
other filter. For example, if the adaptive filter is consistently
better than the programmable £ilter, it may be preferable tc copy
the coefficients of the adaptive filter to the programmable
filter. On the other hand, after a double-talk situation, in

20 which the adaptive filter has diverged, it is probably a good
idea to transfer the coefficients from the programmable filter to
the adaptive filter, since the estimated echo of the programmable
filter is probably better than the echo estimate of the diverged
adaptive filter (the estimated echo before the double-talk

25 situation is probably a good starting point for an adaption to a
new echo estimate after the double-talk situation).

Figure 7 illustrates a preferred embodiment of a method for
transferring filter coefficients from one filter to the other
which is based on the same algorithm as the filter selection
30 methods of Figs. 5 and 6. Thus, steps 500-550 are the same as in
Figs. S and 6. If the adaptive filter has been selected as the
best filter a counter COUNT is incremented in step 700. Step 710
tests whether COUNT exceeds a predetermined constant T (for
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8 is used as the denom nator, gferr] will decrease_in the presence
“of near-end speech or noise. Thus, a convenient condition for
decision logic 24 to select residual signal e[err](n) as the "best"

signal, is t§w§ #ﬁ 3€ t hat [err] 5 is fulfilled. Here Ais
predeternmined factor and Bis a predet er mi ned of f set . PCTISE601317 To

avoi d selecting the adaptive filter during an obvi ous doubl e- tal k
situation, it may also be required that the follow ng condition is
fulfilled qlerr] >1€ OR [Ey[err] (n) < [err] N
AND q[err] > B] (7) 10 before the adaptive filter is selected as

the best filteaxangdiee2 047) . IF (INEs errceeds Bf fhis weags thagr bhecrdapiive
of fset B. Furtmrﬁ& has beenr Selécté&d ar frasiey mIHEor& the smapvived fDiter

aceordance 15 COER ERothF CRERTTRHUMIA ol JOFAw{FERPL REO AR, phe counter

measur e' (4) | CONT is yeedt o dwmsy fistept ﬁaObes'rhus.l tigr thenadappabde fikter

next sagple i 0 AR VAN 1043 itPAnERaSYEAS b NLBE GPSodrdihn-
and 520gpSt s °°“515E§ﬁgé? %?ﬁ%eaie:?%st |n%§%gbr3énce mntﬁ condition

(6). If ‘mgﬂﬁhﬁﬁﬂﬁﬁrCG) is fulfilled, step 540 tests the first part of

On the other hand, if the programmable filter has been selected
as the most appropriate filter, step 740 tests whether the
following two conditions are both fulfilled

Eel(n) <p-Eel(n) AND Eei(n) >y? (9)

-J These conditions dimply that the adaptive £filter performs
significantly worse (controlled by the factor #8) than the
programmable filter and that the residual energy must exceed a
certain threshold y?* to avoid taking decisions on low non-
significant energy levels. Suitable values are fS=% and y=-40

15 dBm0. If step 740 is successful the programmable filter is copied
to the adaptive filter (step 760) and counter COUNT is reset to
zero (step 750).

The two situations described so far are the situations in which
filter coefficients are actually copied. However, if test 710

.0 fails the algorithm will proceed to step 790, which implies that
no filter coefficients are copied. This occurs when the variable
count has not yet reached the value T.

Another situation in which no f£ilter coefficients are copied is
when test 740 fails. In this situation the algorithm proceeds to

25 step 770. Step 770 tests whether the following condition
. Ey?(n) > a'NL (10)
. is fulfilled. Thus, step 770 tests whether signal y(n) exceeds

the noise level. If this is the case there probably is a double-
talk situation, since signal y(n) probably contains speech and
the adaptive filter does not perform significantly better than
30 the programmable filter. Consequently the variable COUNT is reset



condition (7). If this test fails the alternative branch 550 20

i.ncluding the second part of condition (7) is tested. If either of
tests 540, 550 is successful the algorithm proceeds to step 560.
This step tests whether the followi ng condition is fulfilled

Ee[err](n) <weswisiec|[err] (n) where [err] is a pE,g.pE% g;g
factor. This step tests whether the programabl e fil 471 ower
resi dual signal energy than the 25 adaptive filter. If this is not the
case the adaptive filter is selected as the output filter, and this
filter is used to produce t he actuall2ut put signal e(n). On the

other hand, if test 560 ndi cat that the ogrammuabl e filter
actual Iy has g"sﬁﬁﬂ’et“ step 786 to fnc?'s Qxlsgls certainly not the

PCT/ SE96/ O131%ime to transfer the adapt:tve fllter to the ;&'ogramableesuiﬂai-.
si gnal energyontthe dthkeirehaitk! |s§3‘f‘céj%€@ptf’46)rﬁq‘i%ﬁ t PRe pro%raﬂﬂlﬁ)g'ét %@?l
€

in step 580. 3Simlarly e filte

test in step %§0“?'é|ﬁ’§'ﬁ#d‘qpaf‘tg¥ﬁ E%Yst@btéﬁdadaptl"e g teF | Thus, snone
I n a pr¥eferredfebbedf idrersfis hoansflerded| Ksseép a1%0) in Fig. 5, t he
foll owi ng val ues have been used for the various predeterm ned

const ant s. . fFZ . B=0 %0. 1o, .
Finally, if step 770 fails, this indicates that no decisions can

be made, and things are left as they are (no filter is copied,
COUNT is not changed) .

In a preferred embodiment of the method illustrated in Fig. 7 the
in following constants are used:

A=]

B=0,125 |,

C=1

a=10
15 B=%

¥3=-40 &BmoO

It will be understood by those skilled in the art that various
modifications and changes may be made to the present invention
without departure from the spirit and scope thereof, which is

20 defined by the appended claims.
REFERENCES
{1) K. Ochiai et al, "Echo Canceller with Two Echo Path

Models", IEEE Transactions on Communications, 25(6) :589-
594, June 1977
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"that 1Tn the stationary case ERLE should be higher than 0 *

2;%2ervat ive t h\z;\rlt Phghgzﬁd;/?! gﬁ: : ; F?y lZ)Ie Sggp gggtmfgndlct:‘mmﬂmnimu!mmé‘
¢ dB. i8S

much | ower than the value 18 dBin [1, 2]. This condition is further
rel axed to qf when Ey[err] (n) falls below the noi se | evel .
Figure 6 ill l}g{)%ﬂ‘é%pa preferred embodi nent of the method i PCIGENNINT
accordance wth the present invention. |In this preferred

erbodi ment steps 500-560 are the sane as in the enbodi nent of Fi g.

5. However, instead of using the selected figter directly to pr oduce
an output signal, this preferred enbodi nent nmakes a snoot h
transition fromone filter to the other b@LAIM®ar|ly 25 conbi ni ng the
residual signals fromthe two filters in accordance with step 620.

Each tinme the adaptive fi]ter i$ chosen, as the 13 best filter, a frltl.tner
state vari abl &-FShi ¢ aSfd FeteTMpg, a quality, REARuIR. FeRfFSenting
Simlarly, eagerfiormanke pfogr &Adktbreihi Anheadaptive echsetancellern t¢hatasst

filter, filtens43k8 ¥o' AR 8e&Ssise 30 decreased in accordance with
step 610. The cal cul at gd ?i I ter§s state variagble FS is ttlg?n used in

step 629 to formeSHimating a corrgdatinn: measyEe Refhweenan fchg Foftaining

e[err](n) and sdgaad] (frh))Hand aheecho estimatihbhesigual (&pr)ds graiwed by

transition ting;sf @51e520pPl e 128 sanple periods. As can be seen from
Of a

step 620 the proportion o WO 97/15124 |
PCT/ SE96/ 01317 eStimating a power measure of a residual signal (e(n)) formed

by the difference between said echo estimation signal (8(n)) and
10 said echo containing signal (y(n)); and
calculating said quality measure (gq) by dividing said
estimated correlation measure by said estimated power measure.

2. The method of claim 1, characterized in that said echo
containing signal (y(n)) may contain, in addition to echo, noise
15 - and speech signals produced near said echo canceller.

3. An adaptive dual filter echo cancellation method in which an
adaptive and a programmable filter (12, 18) are both used for
estimating an echo signal, characterized by the steps of:
estimating a first correlation measure between an echo
20 containing signal (y(n)) and an adaptive filter echo estimation
signal (8,(n));
estimating a first power measure of a first residual signal
(e,(n)) formed by the difference between said adaptive filter
echo estimation signal (8,(n)) and said echo containing signal
25 (y(n));
determining an adaptive filter quality measure (q,) by
dividing said estimated first correlation measure by said

. estimated first power wmeasure;
estimating a second correlation measure between said echo
30 containing signal {y(n)) and a programmable filter echo estima-

tion signal (8,(n));

estimating a second power measure of a second residual signal
(e;(n)) formed by the difference between said programmable filter
echo estimation signal (8,{n)} and said echo containing signal



10 selected filter will increase while the proporti f =
selected filter will deerease. Wen a filter has been consi imum"m"’"’"m " IIII
|y selected for T sanple periods the snooth transition has L M s o

conpl et ed. 5 Step 620 perfornms a |linear conbination of e[err](n)
and e[err] (nwo9msiz4 However, this is not absolutely neces g%@
exanple, it is al so possi ble to use non-linear weighti gE fors

al t hough t he | i near conbination is probably optinal.

presently preferred enmbodi ment of the method illustrated in 10 Flg. 6
uses the same values for the predetern nedlfonstants A B, C a,
[err] as the ﬁ’é{’ rred enbodi nent of Fig. 5. ' The net hods
illustrated i gs' 4 and 5 are concerned with sel ecting and usi ng

the proper filteletfexminioguca ngrogrammabbe filter @uegdtysimPasure( nfqy)

However, as 4}l Qxlaheeéawt@aarée&x?é Horrelatlohi Gheab@ac pfi Iéaeira
may al so be tran_sferred or other filter. For exanple,

0
i f the adaptiSAFMALES Se5o § Enggnt[uF?,sure, better than the progranmmabl e
filter5 it my beowpafingidaid adaphive filterhqueddtyi mpasureofqiheto said .

adaptive fil }ffog{:%nh{&%l%r ?Qiﬁ%@llty measfl.l'::Jet ‘?E; ) %rf- B@t@&ﬁfﬁlﬁé%e&féﬁr

a doubl e-tal % E i.ve h‘l ter diver ed
it is probablSAid tive 21 FBEaOF 574 r%’F NS E?En?é"??oﬁ‘?

pr ogr ammabl e égtimatd @f said ethe sikgumlve fil ter, since the estimated echo
of the progranmabl e filter is probably better than the echo estinate
of the diverged adaptive filter (the estinmated echo before the

doubl e-tal k 2 The Mathed gf FlaimopatFRREAGSIEZR%NPYi ng point for an
adaptiion to a selectnoy esdicl eslaptive £itleert hs dhabfﬁlteﬂ- ktlsatt ugdvesn)the

Figure 7 ill L@%@%ﬁl&??%f@ﬁ% ?EﬂBdéf%ﬂ'#l Q;nlsr et ffo‘?.a.gwn.ng cond%:i.%zh

transferring ter. coefficlents from on e ot
i s based on tRB3Yar® HUYSAleRhias the filter selection 30 net hods of
Figs. 5 and 6. This, si®padap@ivbOfiter hualdty measure (q,) exceeds the sum

of a first predetermined offset (B) and the product of
15 said programmable filter quality measure (q,) and a
predetermined first factor (A); and
selecting said programmable filter as the filter that gives
the best estimate of said echo signal if the condition (i) is not
fulfilled.

20 5. The method of claim 4, characterized by
selecting said adaptive filter as the filter that gives the
best estimate of said echo signal only if at least one of the
following further conditions (540, 550) is fulfilled:
(ii) said adaptive filter quality measure (g,) is greater
5 than a second predetermined offset (C), which is
greater than said predetermined first offset (B),
and
(iii) said adaptive filter quality measure (q,) is greater
than said first predetermined offset (B), and an
30 estimated third power measure of said echo contai-
ning signal (y{(n)) is less than the product of a
measured noise level {NL) and a second predeter-
mined factor (o); and
selecting said programmable filter as the filter that gives
35 the best estimate of said echo signal if neither of conditions



Figs: 5 and 6. If the adaptive filter has been selected as
filter a counter COUNT is increnented in step 700. Step 710“ ﬂ“”"l"“l ”“l
whet her COUNT exceeds a predeterm ned constant T (for

97/ 15124 _ PCT/ SE96/ 01317

11- e Le 2, 047). |f COUNT exceeds T, this nmeans that the adaptive
filter has bﬁ&'ﬁ?'@ét ed T tinmes. Therefore the adaptive fil|PCF/SE6/01317 i S

copied to the programmable filter (step 730) and the counter ~ COUNT
is reset to zero (step 720). Thus, if the adaptable filter 5 S
consistently selected it will be transferregsto the program mabl e
filter. On the other hand, if the programmable filter has been

sel ected (ii3s ahle (ARs) DPpFfePfikxmerifilter, step 740 tests whether the
following two conditions are both fulfilled [err] These conditions inply

that the aptive filter perforns significantly worse
(control | ed bfpt Faer methed| @f r¢laim iy tgharacterizgdoByamabl e filter and

that the resi dualseareestgyxgn}saﬁde&aapdme fllterC?étﬂiél ﬁﬂ@%&% la;;i&eé Ghe
Sii'tabl o val ubeek; eSBindPe’ 88 SR qono siciedonifath BN BLIGYIAS surther
success¥ul t heopddgionmib6e) fis tngt |f913cf<}[34 to the adaptive filter
(step 760) and cquyriesa®@UNEtimatescisdcdnd poweﬂ%éhdmﬁ:t@pig 58%ss than the
product of said estimated first power measure and a

third predetermined factor (8); and
selecting said programmable filter as the filter that gives
10 the best estimate of said echo s:.gnal if condition (iv) is

fulfilled.

7. The method of claim 4, 5 or 6, characterized by using (570,
580) the selected filter for estimating said echo signal.

8. The method of claim 4, 5 or 6, characterized by combining
15 (620) said first and second residual signals ({e,(n), e,(n)),
increasing the proportion of the residual signal that corresponds -
to the selected filter and decreasing the proportion of the
residual signal that corresponds to the non-selected filter.

9. The method of claim 7 or 8, characterized in that said first
0 predetermined factor equals 2, said first predetermined offset
equals 0, and said second predetermined offset equals 1.

10. The wmethod of claim 5, characterized by
copying (760) said programmable filter to said adaptable
filter if said programmable filter has been selected and the
25 following conditions (740) are both fulfilled:
(iv) said estimated second power measure is less than the
product of said estimated first power measure and a
' third predetermined factor (R),
(v} said estimated first power measure is greater than a
30 predetermined constant (y?).

11. The method of claim 10, characterized by



The -two situations described so far are the situations in wh

filter coefficients are actually -eepied. However, if test 71Hii|“c| "IHLII’HHILE“!“

the algorithmw ||l proceed to step 790, which inplies that

coefficients are copied. This occurs when the variabl e count has not
yet reached tweovisizee T. Anot her situation in whi CECQ’QEJ‘%‘#A?
coefficients are copied is when test 740 fails. In thi I i on
the al gorithm proceeds to 25 step 770. Step 770 tests whether the

foll owi ng condition Ey[err] (n) > a NL
(10) is fulfilled. Thus, step 770 t¥8ts whether si gnal y(n) exceeds

the noise level. ddydelilng iﬁ:lddiﬁ')caéaecrtgﬁrﬁe péQPé‘bEéiagéaﬁl Og?ggér has been

tal k situation, _since signal y(n) pro y contai ns Speech
adaptive filt&®1868€340808erform significantly better than 30 t he

\% ogr7 ?rlrg?gléle fil topyifign$esoerEdid hh&pt}itgfré A1 et sd it pe66kammable filter
12 to w%‘ ee rn o lfnhg?ege%oggé%?caa#%%gte rfnfiifusadi rsm%‘%ernf af 'Ir'l)l y°fnotti"¥eﬁé
On

time to transfer the adaptive filter to the programable filter. _
the other hand2.siThee mdthiod/46f f elaff, 11 hecpaegeoarbbe® ihl tAht said fit¥st

T e U O Bt BhEheb Bk 846RLL 2, LA e b rdilermines ookl

filters is tr
equals 0.125, and said second predetermined offset equals 1.

10



Finally, if step 770 fails,

this indicates that no deci sions can be

made, and things are left as they are (no filter is copied, COUNT is
"not changed) In a preferred enbodi nent of the nethod illustrated
in Fig. 7 the 10 foll owi.ng constants are used: A=1

B=0, 125 7124 a=10 15 [err] ylerr]=s;s &BHB

It will be understood by those skilled in the art that vantﬁﬁ? 17

nodi fications and changes nay be nade to the present

i nvention

wi t hout departure fromthe spirit and scope,thereof, which is 20
defined by the appended cl ai ns. f/,

[1] K. Cchiai et alf, "Echo Canceller wth Tw Echo
Model s", | EEE Transacti ons on Communi cations, 25 (6)
594, June 1977 25 [ 2] Us, A 3 787 645
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13 CLAI VB 1. A nethod of
‘determning a quality nmeasure representing performance of a filter
in an adaptive echo canceller, . charac- terized by the steps of: 5
estimati ng awoeysshati on neasure between an echo containin i gna
(y(n)) and an echo estimation signal ([err](n)) produced b?/’c"smms":ai d
filter; estimati ng a power neasure of a residual signal (e(n))
f ormed by the difference between said echo estimation signal
([err](n)) and 10 said echo cont aidi signal (y(n)); and

calculating said quality nmeasure (q) by dividing said esti mat ed
correlation Eﬁafure by said estimted power neasure. 2. The

met hod of c'F 1 __characterized in that said echo cont ai ni ng
signal (y(n)) may contain, fin ggdition to egho, y@oi se 15 anggspeech
signal s produced near said fechg canceller. 3. An adqptiyve dua

filter echo cancell ation
pregrammuable filter (1%

signal, char gxR¥OD Red
correl ation qzﬁiz{e be|w§en an
adaptive filt cho e$tyg ifoj

estimating a first powg

hofl in w®ch an adapti ve 4
p ufged tor T8
FILTER V estimafing a fi
_ conta ning sig
iy (fpr ]
r resi gual
i d adapti Ve
echo estimation signal ([erfr](n)) and said )Eontaining sil &
(y(n)); determ nijng an ?dsﬁtive flilter quality nmegsure (q[err])
by di vi g7 sai @ est]i mat @g{fY{st corrlel ati on nmeasure By said
esti mat ed firs?rggabr'ﬁéas re; 6 — 16 +

ef(‘n.)

x(n)

18 12 10

vV /o2 4/ 1/

| FILTER FILTER |7
FIG. 4 C_[_D H(g~') | ERL
1

| By (977 ) H(g")
5p(n) 5a(m)
24
/ _1 16
eg(n) |
e(n)| DECISION _ 22 \'*‘/“_{_

Locic | ep(m)




estirmating a second correl ati on neasure between said echo 30
(y(n)) and a programnmable filter echo estina-

si gnal

cont ai ni ng
tion_signal

(Terr](n));

resi dual
progr anmabl

cont ai ni ng si gna
PCT/ SE96/ 01317

(y(n));

(qlerr]) by}

said
adaptive fil

qual ity neasgure

fil.ter or s
echo signa
selecting s
esti mat e of
is fulfille
exceeds the
product of
(aferr]) an
selecting s
estimate of

si gnal

estimating a second power neasure of a second
(e[err](n)) formed by the difference between said
echo estimation signal ([err](n)) and said echo
WO 97/ 15124 /SES6/01317
14

5'9'7 £i4

determning a progranmmable filter quality neasure

di vidi ng said esti second correlation measure by
est neasure; 5 conparing said
ter ﬁ?@rr]) to said programmabl e filter

t erm ni ng whet her sai d adaptive

id orearooedre filltesgspi ves the best ~estimate of said
_ 4. The od of claim3, characterized by-10
i d ladapt ESe(h)iy(m) Jas the filter that gives the- best
saldkechqgaﬁpﬁgl only if the follo cordition (530)
] : —tty—sdi d adaptive fil dqualfty neasure (q[err])
sum of a first predeterm ned offset (B) and the
| 5 | CALCULATE g % rannable filter quality neasure
1 a ESpy(n)y(n) {Predeternined first factor (A); and
hi d rfgﬁqiﬁzr+zlter as the filter that gives t he best
saild ech € iff the condition (i) is not
530
540
580
570 /
USE — USE
ADAPTIVE PROGRAMMABLE
FILTER FILTER

| I




ful fill ed. 20 5. The method of claim4, characterized by

selecting said adaptive filter_as the filter that gives the best
estimte of said echo signal only if at |east one of the TolTow ng
further conditions (540, 550) is fulfilled: (i) sai d
adaptive filtwogHsigty measure (qgferr]) is greater 5

than a second preggitzgrm ned offset (C), which is PCT/SE96/01317
greater than said predetermned first offset (B), and
(rii) said adaptive filter quality nmeasure (q[err]) is greater

than said firsf—predeternined of fset (By d an 30

estimated thirf said ecHMo Contai -

ning signal (y{n)|) NEXTceSAMREE t pooduct of a

measur ed noi sej | econd predeter- m ned

Q)

factor ([err]) nd CALCULATE sdl e§rong said programmabl-e filter as the
filter that gijeq 35 Es, @Qmﬁs;t estimate of said echo signal if. neither
of conditions q9 = E‘ez(n) )97/ 15124 WO 97/ 15124

PCT/ SE96/ 01317 FIG. & (i)

and (iii) is ful fﬂ-@—ﬁ he met hod of claimb5, characterized
by sel ectlrég%f %l(}a %éa-filter as the filter that gives the
%“W

610

FS=MIN(FS+1,7){— FS=MAX(FS-1,0)
FS
e(n)=—— ep(n) +— eyfn) |— 5%

]




best: estimate of said echo signal only if the followng further 5

condition (560) is not fulfilled: . (iv) said estinmated second
power neasure is |less than the product of said estinated
first power neasure and a third predeterm ned factor
([-err]); and sel ecting said programmable filter ter

t hat gives 1(3"0”’151%% best estimate of said echo signal if ?%’%?‘?PW’ (iv)
IS fulfilled. 7. The nmethod of claim4, 5 or
characterized by using (570, 580) the selected filter for
estimating said echo signal. égéas-nethod of claim4, 5 or 6,
characteriz i ng 15 (620) first and second residua
signals (e[lern . . 500 i ncreasing the proportion of the
resi dual si gnal Tc n to the selected filter and

dec¢r easi ng tfhe ror—ut—tfe resi dual signal that corresponds
to the non-del ¢ct LASCULATE | 510,520, The nethod of claim7 or 8,
characterizgd intQENA@RiabfirT predeterm ned factor equals 2, said first
pr edet er m ndd Set Aeqtals 0, and said second predeternined of f set
equal s 1. 530 e method of claim$5, characterized by

copying (76Q) sa le filter to said adaptable filter if
sai d prograrmabl e been selected and the 25 f ol | owi ng
conditions ({[740) a ul filled: (iv) said esf{imted second
power neasurle is | eSS § product of sai¢ estinmated
first power {nmeasure third predeterm ned;factor

([err]), said estimated first r asure i p greater than
a 30 i ned const ant (y[fﬁlE (a 11. The net hod
of claim 10 char

740

N Ee:(n)< FEEZ (n,

o AND
~ 200
COUNT=COUNT+1 Ee(n)>7
770
710
N N %
Y ¥
720 couNT=0 COUNT=0} 780 count=0}- 759
. 730
\ 790 760
: CoPY / /
ADAPTIVE Jy— COPY
FILTER TO | 0N PROCRAMMABLE
PROGRAMMABLE o R FILTER TO
FILTER | ADAPTIVE FILTER
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counting (COUNT) each tinme said adaptable filter has been sel eletf
“and copying (730) said adaptive filter to said progranmabl e CofY
filter when it has been selected a predeterm ned nunber_(T) of

<A

ti‘mes. 5 12. The nmethod of claim 11, characterized i n/ER

first pr. rm ned id fi predeqMI@hed of f set
equal s 0. 125, aid seco% pre em&h@ﬁﬁ%e éoa‘bal s 1. 10
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(57) Abstract

In a dual filter echo cancellation method 2 new quality measure im
(Qa. Gp) provides the basis for a new filter selection and transfer method. ‘
The quality measure represents the performance of a filter in the adaptive
echo canceller. According to the method, a correlation measure between
an echo containing signal and an echo estimation signal produced by said-
filter is estimated. A power measure of a residual signal, formed by the
difference between said echo estimation signal and said echo containing
signal, is estimated. The quality measure is calculated by dividing said
estimated correlation measure by said estimated power measure. An
adaptive and programmable filter is used in the echo cancellation and
the quality measures for them both are calculated and compared. The
best of the two filters, as determined by the quality measure, is used for
modelling the echo path (570, 580) and its filter coefficients are copied
to the other filter.
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