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AN ADAPTI VE ECHO CANCELLATI ON METHOD

TECHNrCA—Ft Bt Thepresent  TMVenT I om Terates t 0 an adaplive echo

cancel | ation met hod in which adaption of an echo canceller is
prevented in an 5 environment with | ow signal to background noise
ratio. W BACKGROUND OF THE | NVENTI @ursessmn1239 ECho
is a problen1re|ate§0to t he perceived speech quality in t el ephony
systenms with |ong delays, e.g. telephony over |ong 10 di st ances or

t el ephony systens using |ong proce55|ng dblays i ke di gi tal

cel lul ar systens. The ec ﬁyﬁﬁﬂ ¥i£& Mﬁfﬁb conver si on
in the PSTN subscri ber '£§éﬁ?%ce 0 reane ? 'S i&ﬁ D echo

cancellers are usually provided in transit exchanges f or | ong
di stance traffic, and in nobil e serBCHNBCARW RIBLDNG centers 15 for
cel I-ul ar applications. Due to the location of the echo canceller

it is made adaptive; t he sane echo canceller is used for
di fferent sTaecPresgent jipvention medabesNtoTRRs agarpivenerho neeessyr

only betweegethdd St which adap€fbn Sof R eahaOcﬁn&emxea@wpeabbntduemcaﬁ he

non- flxed néﬁ#!ron&ent with low signal to background noise ratio.

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
10 ‘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
15 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

20 the transmission network, e.g. phase slips, three-party calls,
etc.

A problem with this filter adaption process is that the filter
may diverge if the input signal decreases to a level that
approaches the background noise level. To prevent the filter from
25 diverging in situations where the background noise level is
comparable to the signal level, it has been suggested [1] to
' inhibit updating of the filter when the power of the input signal
is less than a given threshold. To overcome problems related to
. using a fixed threshold, the threshold is made adaptive in {1].
30 The method of [1] ‘is based on comparison of the power of the
input signal and the background noise level. The adaption is
prevented if the power of the echo (power of input signal - echo
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generating system now change, the filter will not be able to
10 adapt to the new situation. Thus, the method suggested in [1] is
too conservative, i.e. filter updating is inhibited also in
situations where this should be avoided.

SUMMARY OF THE INVENTION

An object of the present invention is to provide an adaptive echo

15 cancellation method in which adaption of an echo canceller is
prevented in an environment with low signal to background noise
ratio only when absolutely necessary.

This object is solved by the features of claim 1.

BRIEF DESCRIPTION OF THE DRAWINGS
20 The invention, together with further objects and advantages
thereof, wmay best be understood by making reference to the

following description taken together with the accompanying
drawings, in which: '

FIGURE 1 is a block diagram of an echo generating system;
25 FIGURE 2 is a block diagram of an echo cancellation system;
FIGURE 3 is a time diagram of the input signal power to an

echo canceller; and
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Fig. 1 illustrates the echo generating process in a telephony

5 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-

10 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
is transferred to far end subscriber A on the lower two-wire line

15 in Fig. 1. However, the lower two-wire line from subscriber B to
subscriber A also contains an echo of outgoing speech from
subscriber A, which the hybrid at subscriber B was not able to
suppress completely. Similarly the upper two-wire line in Fig. 1
contains echo from outgoing speech f£rom subscriber B.

20 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,
represents speech from subscriber A. The input signal x(n) is
attenuated by the hybrid (the attenuation is represented by the

25 echo path attenuation ERL (ERL = Echo Return Loss)), 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. 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)

30 is also forwarded to an adaptive filter, which models the impulse
response of the hybrid by adjusting its filter coefficients (a
typical filter 1length is 512 coefficients). The resulting
estimate of echo signal s({n) is denoted 8(n). This estimate is
subtracted from output signal y(n), and the resulting error
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E(8(n)-s(n))? = El_-f-;xvz(n) (1)

where Ev?(n) is the variance of the near end noise v(n) (signal

from near end subscriber B during time periods without speech).

However, the error in estimate 8(n) is due to errors in the

estimated FIR coefficients {b,}. These FIR filter coefficient
15 errors may be approximated by (based on eq. (45) in 21

Chy2z . B .1 Bv(n) (2)
E(b, -Db,) 5-p VB (a)

where N is the filter length. Assuming that the filter has
converged in a stationary scenario, the variance of the filter
coefficients is given by (2). Now, if the power of input signal
x(n) decreases, (2) yields an increased steady-state variance of

20 the filter coefficients, and the filter will diverge. If the
power of x(n) increases again, the filter will re-converge, but
the estimation error E(8(n)-s(n))? may be undesirably high before
the filter has re-converged. Hence, some sort of control of the
update process of the filter is desirable in order to prevent the

25 estimation error from increasing too drastically in situations
with non-stationary input signal characteristics.

Fig. 3 illustrates the above described situation in time diagram
form. Curve 1 in Fig. 3 represents the input power R, of input
signal x(n). In this case the signal is rather strong and well
30 above the noise level NL (v(n) with no near end speech),
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Rx
<C {(3)
ERL CNL

where ERL denotes an estimate of the echo path attenuation and C
is a constant safety margin (in the range of 1 to 5 dB).

A problem with the approach described above is its dependence on
an accurate estimate of the echo path attenuation ERL. If a large
15 value of ERL is estimated, the adaption may be completely
inhibited, since R,/ERL may very well be below C-NL for all input
signal levels. Hence, the filter coefficients are frozen, and,
assuming ERL is estimated as the sum of the squares of the filter
coefficients, no new estimate of ERL will be formed. Hence,
20 condition (3) is too conservative. The filter may end up in an
adaption dead-lock. This may for instance be the case for an
input signal similar to curve 3 in Fig. 3, which lies completely
under the dashed line ERL+NL+C (ERL-NL'C expressed in dB).

The basm 1dea in accordance with the present invention to
25 ~ overcome this problem is to control updatlng of the filter by
comparing a short time average R,*™* of the power of x(n} to a long
. time average R,!** of the power of x(n). If the short time average
falls below the long time average, filter adaption is inhibited.

This basic idea may be formalized as follows: the adaption is
30 inhibited if

where D is a predefined constant (for example of the order of -45



where [err](n) is the variance of the near end noise v(n) (signal

from near end subscriber B during time periods w thout speech).

‘However, the error in estinmate [err](n) is due to errors in the

estimated FIR coefficients {b[err]}. These FIR filter coefficient 15
errors may be aggroxi mat ed by (based on eq. (45) in [2]) [err,JE
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(v(n) with Abeneemstant $hdeh) ensures that adaption qfHthe filggr is never
PCT/ SE96/ 0123Rpletely inhibited (when the estimated value of ERL is large,
5 o will be chosen in equation (5), since in this case a will be
less than ERL-NL/R,!*™). By choosing a~1 (for example 0.95), the
filter is at least updated when the short time average R,** of the

input signal x(n) exceeds the long time average R,'**.

The method in accordance with the present invention is illustra-

10 ted in curve 3. The short double arrow R,*“* represents the short

time average. The length of the double arrow represents the time

interval over which the average is formed (typical values are 60-

.70 milliseconds). Similarly the double arrow designated R/

represents the long time average, which typically is computed

15 over a time interval that is at least an order of magnitude

longer than the time period for calculating the short time

average, for example of the order of 4 seconds. Thus, only the

most recent samples are used for calculating the short time

average, while a large number of samples are used for calculating

20 the long time average. As can be seen from the figure the short

time average at sample instant n exceeds the long time average at

the same instant (the distance above the t-axis represents the

_ corresponding average). Thus, in this case {(curve 3, sample

instant n) the present invention would allow filter updating,

25 while the method in accordance with the prior art would inhibit
filter updating.

A preferred embodiment of the method in accordance with the
present invention will now be described with reference to the
flow chart in Fig. 4. In step 10 the next sample of input signal
30 x(n) is collected. In step 12 a new long time average R/



represented by the dash-dotted Iine in Fig. 3. In this case the

filter woul d converge even in the valleys of the curve. However, if
't he distance between nol se T evel NC and tne srgnal s reduced; '
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overconme this problemis to control updating of the filter by

;:_orrpari Ng arahQrdicg Vi B eabbafheht | offtHd19 Rt Phvettiod D dayOBR set
I e average

.af th f I the short
Fal s bel onEPhe: | BRCE | SHESRRAGS o [PLSBNLT 5979 SANGBEbgnoLee. n

this case the right hand side of (4) will always egqual YR/®*.

It will be understood by those skilled in the art that various

15 modifications and changes may be made to the present invention
without departure from the spirit and scope thereof, which is
defined by the appended claims.
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The constant [err] (>0) ensures that adaption of the filter is never
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5 echo path attenuatlon ( L estimate and a noise level estimate
(NL) of said environment, characterized by the steps of:
determining a long time average (R,!**) of recent samples of an
input signal x(n) to said echo canceller;
determining a short time average (R,*™*) of recent samples of
10 said input signal x(n);
preventing adaption of said echo canceller if said short term
average is less than the maximum of said long time average
multiplied by a predetermined factor (y) and a first predetermi-
ned constant (D).

15 2. The method of claim 1, characterized by said predetermined
factor being the minimum of
(a) a second predetermined constant (o), and
(b) a product of said noise level estimate and said echo path
attenuation estimate (ERL) divided by said long term average
20 (R}**) .
3. The method of claim 2, characterized by said first predetermi-
ned constant corresponding to a background noise level of the
order of -45 4BmO.

4. The method of claim 2 or 3, characterized by said second
25 predetermined constant being approximately 1.

5. The methbd of claim 4,'¢haréétefized by said Sécdndhpredeter¥
mined constant being equal to 0.95.

6. The method of any of the preceding claims, characterized by
said short term average being formed over a time period of the

30 order of 60-70 ms.

7. The method of any of the preceding claims, characterized by
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the new sanple is calculated. Simlarly, in step 14 a new short tinme
average R err] including the new sanple s cal - culated. In step 16
[err] is calculated in accordance with (5) above. ~ In step 16 a
reference level Ris calculated in accordance with 5 the right hand
side of relation (4) above. In step 20 the short time average is

conpared to this reference. If the short tine



average falls below the reference | evel filter updating is
inhibited in step 24, otherwise the-filter:is updated in step 22.

Thereafter the algorithmreturns 10 step L0 Tor coffecti ngThe I0 next
sanpl e. In a sinplified enbodi nent of the present invention D may
be set to O, which corresponds to -[err] dBnmO or zero background
noise. In wos¥Re® case the right hand side of (4) will SRSy
[err] It will be understood by those skilled in the art that
various 15 nmodi fi cati ons-8nd changes nmay be made to the present

I nvention wi thout departure fronft Qspi rit and scope thereof, which
IS defined by the appended cl ai ns?
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CLAI V5 1. An adaptive echo cancellation nethod in which adaption

of an echo canceller is prevented in an environnent with | ow signal
to background noi se ratr o, |nc"I"u'a'|"'n'g"'T'ﬁ_§ré'ﬁS of determmrngam 5

echo path attenuation (ERL) estimate and a noise |evel estinmate

(NL) of said environnment, characterized by the steps of:

determ ni ng a wonwid2sme average (Rlerr]) of recent sanpl es opcHSEs/01239

i nput signal x(n) to said echo canceller; - determ ning a short
time average (R err]) of recent sanples of 10 said input signal x(n);
preventing adaption of said echo cancel?%? said short term

average is |less than the nmaxi mum of sai g tinme average

multiplied by a predeterm ned factor [err] and a first predeterm -

ned constant (D). 15 2. The nmethod of claim11, characterized by said
predet er m ned factor permy e T rrmomrof to—= acuuﬂTj
predet erm ned ¢gonstant (a), and (b) a product of said noise
| evel estimateland said echo pat attenuation estinmate (ERL)
di vided by saifl long tg @rr]) . 3. The
met hod of claim 2, char act d St predeterm - ned
const ant corregpondi ng {t &Eﬁkﬁﬁw n0| se level of the or derj of
-45 dBnO. 4, Ihe_r:ef bhad ol 2 or 3, characterized by saild
second 25 br edet er m ned cons ant bel ng apprgél mately 1. .
The nethod of ¢laim4, [Characteri zed by bcl d nd predeter- i ned
const ant bei ng{ equal td 0. 96ALCULATE he nmet hod of any of the
precedi ng cl ai frs, chargcteri zedR M
X
14
carcurate |
Rim
16
CALCULATE |
7
- 18
CALCULATE
-MAX( YRY'.D)
/24
DO NOT

UPDATE FILTER

FIG. 4

22

UPDATE FILTER




sai d short term average being formed over

a tinme period of the 30 RTeger

of +60-70 ns. 7. The et hod of any of the precedl ng clains, copy
chardcrertzen—by WO9T 12230

PCT/ SE96/ 01239 9 A8 @01 3-¥
term average being fornmed over a tinme period of the ord = f 4
seconds. 8. The nethod of claim 2, characterized by % I rst
predet erm - ed constmﬂmmgmbyﬁﬂ&amhem corre to zero
5 backgr ound Roi se. Imernatioarl Bureau

INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(51) International Patent Classification 6 ¢

(11) International Publication Number:

WO 97714230

(71) Applicant (for all designated States except US): TELEFON-
AKTIEBOLAGET ERICSSON (publ) [SE/SE]); S-126
25 Stockholm (SE3.

{72) Inventors; and
(75) Inventors/Applicants (for US only): KARLSEN, Johnny
[SE/SE]; Hallonbergsplan 2, S-172 44 Sundbyberg (SE).

3723 Al
Ho4B (43) International Publication Date: 17 April 1997 (17.0497)
(21) International Application Number: pr:r/szgsrolyg’ (81) Designated States: AL, AM, AT, AU, AZ, BA, BB, BG, BR,
BY, CA, CH, CN. CU, CZ, DE, DK, EE, ES, FI, GB, GE,
(22) International Filing Date: 2 October 1996 (02,40.96) HU, 1L, IS, JP, KE, KG, KP, KR, KZ, LC, LK, LR, LS,
LT, LU, LV, MD, MG, MK, MN, MW, MX, NO, NZ, PL,
PT, RO, RU, SD, SE.§G) SI, SK, TJ, T™, TR, TT, UA,
(30) Priority Data: UG, US, UZ, VN, ARIPO paten t(KE LS, MW, SD, SZ,
9503545-7 11 October 1995 (u.lo.y{ SE UG), Eurasian patent (AM, ABZ, , KG, KZ, MD, RU, TJ,

TM), European patent (AT, BE, CH, DE, DK, ES, FI, FR,
GB. GR, IE, IT, LU, MC, NL, PT, SE,
BJ, CF, CG, CI, CM, GA, GN, ML, MR, NE, SN, TD, TG). .

Published
With international search report.
Before the expiration of the time limit for amending the
claims and to be republished in the event of the receipt of

ERIKSSON, Anders [SE/SE); Smalandsviigen 2, $-757 58 amendments.
Uppsala (SE).
(74) Agents: BJELLMAN, Lennart et al.; Dr. Ludwig Brann
Patentbyrd AB, P.O. Box 1344, S-751 43 Uppsala (SE).
(54) Title: AN ADAPTIVE ECHO CANCELLATION METHOD
(57) Abstract
An adaptive echo canceliation method determines a long time 10
aver age (12) of an input signal and a short time average (14) of the NEXT SAMPLE L~
same signal, and prevents updating of an adaptive filter if the short time
average (14) falls below (24) the long time average. i ‘2
' aacuare |
Rf‘
] 14
CALCULATE
L
1 /13
mwgurx
CALCULATE
R=aux{?RE™.p)
”.
/
27U Y Do NoOT
RBr<R? | UPDATE FILTER
20
N
22
UPDATE PILTER




