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~cellular apph<§ﬂ3?) ocatron ncel
it is made adamsidal signalhe sane echo canceller is used for many

di fferent subscribers in the PSTN. This adaption is necessary not
.only between different calls, but also durlngvgach call, due to the
“non-fixed nature of the tPARKGROUNBNOReTHEr ENVENTIOBhase sl i ps,

three-party calls, 20 etc. The main part of an echo cancel |l er

is an adaptive filter. The
: P Echo fs 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

10 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.

15 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,

20 etc.

The main part of an echo canceller is an adaptive filter. The

filter generates a replica of the echo, which is subtracted from

the near end signal. Due to imperfect knowledge of the echo
generating system, the estimated echo signal always contains

- 25 errors. Hence, in practice, the echo attenuation obtained by
using an adaptive filter is usually at most approximately 30 dB.

For long time delays this attenuation is not enough, and in order

to minimize the audible effects of these errors, a residual echo
suppressor is used. The purpose of the echo suppressor is to

30 further suppress the residual signal whenever this signal is
dominated by the errors in the echo estimate. This is done by
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constructlvely, and the resultlng res1dual signal may therefore
15 exceed the threshold. The result ‘is’ ‘undesirable sporadic
transmissions of residual signals containing residual echo, which

can be very annoying.

A basic problem with echo cancelling is that an echo canceller

‘operates in a wide range of system and signal conditions:

20 (i) = The system may have an attenuation of, say, 6 - 25 dB,
' and may be well described by a linear model.

(ii) The background noise level at the near end may be
. between, say, -65 - -30 dBmO.
(iii) The system may have a poor atténuation and may be poorly
25 modelled as a linear system

Determining proper values of thresholds that give satisfactory
performance of echo suppressors in all relevant situations is a
fundamental problem with control strategies based on power
comparisons. Designing the threshold for case (i) would lead to
30 imperfect suppression of the residual echo for systems described
by case (iii). However, désigning”fOr case (iii) would lead to a
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SUMMARY OF THE INVENTION

An object of the present invention is to provide a new echo
15 canceller and a new echo cancellation method that adapt relevant
parameters to different situations in order to avoid the above

problems.

The basic idea of ‘the present invention is to use dynamic power
estimates non-linear errors, and preferably also linear errors,

20 in the residual signal to determine a dynamic threshold, and to
attenuate the residual signal if the power of the residual signal
falls below this dynamic threshold.

BRIEF DESCRIPTION OF THE DRAWINGS
The invention, together with further objects and advantages
25 thereof, may 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;

FIGURE 2 is a block diagram of an echo cancellation system;
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further objects and advant ages 25 thereof, may best be understood by
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bl ock di agram of an echgaanaed |ptdenSYShiedhtion for two different cases
~ at lowest possible attenuation; :

FIGURE 6a-b are diagrams illustrating the different transfer
10 functions of a non-linear processor in accordance
~ with the present invention for two different cases

at low attenuation;

FIGURE 7a-b are diagrams illustrating the different transfer

functions of a non-linear processor in' accordance

15 with the present invention for two different cases
| at high attenuation;

FIGURE 8a-b are diagrams illustrating the different transfer

functions of a non-linear processor in accordance
with the present invention for two different cases
20 at highest possible attenuation;

FIGURE 9 is a flow chart illustrating the operation of a
non-linear processor performing a preferred em-
bodiment of the method in accordance with the
present invention; '

25 FIGURE 10 is a flow chart illustrating a method for determi-
ning the dynamic threshold in accordance with a
preferred embodiment of the present invention; and
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canceller with a variable center clipper; FI GURE 4 is a
diagramillustrating the transfer function of t he

center clipper of the echo canceller of Fig. % 5 FI GURE 5a-b are
diagrans illustrating. the different tragsfer functions _,

of a non-lineafIBPBEeddor iﬁﬁbébg? gdiagram of an echo cifqqllgy, operating

present invention for two diiff éicerirdzanss with the echo cancelbitimmeséthod of
possi bl e attenuati on; El. GURE 6%3% ﬁgfhéhagrans i I'lustrating the

different transfer 10 the pr entfluuﬁlons ‘of a non-linear processor

i n accordance . with the present invention for two
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7a-b are diagrans illustrating the different transter

functions of a non-linear processor in accordance 15 Wi th
the pregent inygntiHan £8116WPndi dedcdiptidifSelements performing 6hehisghe or
attenuati on; o FI GURE 8a-b, are diagrans il lystrating the different
‘transfer similar funCthQﬁmeSﬁshﬂe%1Hﬁﬂy}éﬁaaﬁ ceReosame reference
accor dance designations. with the present invention for two different
~cases 20 at hi ghest possible attenuation; FI GURE

9 is a flowchart illustrating the operation of a

non-1inear proEkgsol perifustwakes phef eched generating process in a telephony
bodi ment of thg, gpLRodal BuBEER i BRRCR , WMEl 1 the far end subscriber below, is

10 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 ocutgoing

i5 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
in Fig. 1. However, the lower two-wire line from subscriber B to

20 subscriber A alsoc 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 from subscriber B.

Fig. 2 illustrates how the echo back to subscriber A is cancelled
25 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, represented by a filter 10 with
transfer function H(q™?), where g represents the backward shift
30 operator (g'x(n)=x(n-1)), 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
unit 14. The attenuation of filter 10 is represented by the echo
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Fig. 1. wever, ower two-wre: om subscri
far end subscriber A. The coefficients of filter 12 may be
adjusted in accordance with, for example the NLMS algorithm (see

[21).

15 Since adaptive filter 12 mdy not completely remove the echo, the
" echo canceller may be supplemented by an echo suppressor. Figure
3 illustrates an arrangement of this type described ‘in:reference
(1] . Here the echo suppressor has the form of a variable center
clipper 18, which is controlled by the estimated -écho signal
20 " 8(n). The output signal eyc(n) from center clipper 18 may be .
described by '

(R = { 0 . le(n) |<t=818(n)| (1)
e(n) : le(n)|21

where 7 is the variable threshold of center clipper 18 and § is
a constant scaling factor. This transfer function is illustrated
in Fig. 4. Thus, if signal e(n) falls within the center window it
25 | will be completely blocked, otherwise it will pass through center
clipper 18 unaltered. However, threshold 7 depénds on the value
of 8(n). Thus, if &(n) has a low magnitude, threshold % will also
be low. In this case |e(n)| may actually exceed the threshold if
signal e(n) contains significant backgroundﬁnoise from subscriber
30 B. Thus, signal eycc{n) may contain sporadic signals containing
echo and background noise. In this'previously known arrangement
there is no way to avoid this situatibn; s%pce scaling factor §

is a constant.



20 ‘subscriber ‘A al so contains an echo of out goi ng speech from
“subscrii ber .A wg9nisoshe hybrid at subscriber B was not abl e to PCT/SE96/01610
suppress conpletely. Simlarly the upper two-wire line in Fig. 1

contai ns echo from out goi ng speech from subscyi ber B. Fig. 2
illustrates how the echo back to subscriber A'is cancelled 25 at the

near end side (.a sim/lar arrangenent .is,provid ..fa

si de). | nput sf%a?rﬁfﬁfl,t \Ibl?éfr_;._._.‘,___etﬁod"en‘% leg g%ﬂgcr%%t ?ﬁ%_,‘%&bad wuﬁr%ﬁ?%geen °§ to
speech from subisgsi ber1id. Thé*input signal x(n) is attenuated by the
hybrid, represented by a filter 10 with transfer function H(g[err]),
‘where g[err] represents the backward shift 30 ‘oper at or

“(qlerr]x(n)=x(Brigfly, atdea RERFERL odnVYRREioR, diffenr from thegrieprgart in
echo si gnal Sﬁéﬁﬂ:? &£8pbipsd ﬂ%ﬁnélﬁrhﬁﬂée_ﬁbnemin'é'{a;ﬂ'nﬁhrocessing\/_(dtf) fﬂd"ilz_:‘#bidual
may or may not contain near en eech, in su i 0 .o unit 14, e
'at%/enuaﬁi gn ofsﬁﬂl‘ﬂereiﬁ)i-stgéprd%g:&m%}%eng%cﬁogynamlc tHreshﬂéd that may
97/ 23055 depend on both linear and non-1liR€arSESELEE61@nd the determina-
6 path attenpation ERL (ERL = Echo Return, L@ss Th he resul -
‘ting output sigh3® ?%lnﬁtiyﬁﬁ'ﬂfﬁi ﬁéagﬂif’ﬁ Eﬁggﬁggr 18n5h%| g}ﬁgfregx’ 1d. echo
fromthe far end signal. Furthernore, input signal x(n) is al so
~forwarded to aﬁloﬁggrglt’: Xg Hﬁ%{:ggs}ga whi ch nodel s the inmpulse 5

response of t its filter coefficients. The

resulting estimate of echo signal s(n) is denoted [err](n). This

estimte is, ifnhgSHATEE i WinpH¥ind GesSihianagtiegallr eMhPUdPHéctly to $itdidshold

"y(n) (ERLE = Echo Return Lgss Enhancemnent represents the, .obt ai ned )
i nprovifent i R eBRWek t BSGATRLR) R UHd PHET RuPFEfgtaFmined, Fipeg; Bpptod is
~e(n) is forwargiesnéd, agept xamplbt €n d2cbeandpustith ment of the
“filter coefficients and to the two-wire |line back to far end

subscri ber A The coefficients ofRef(inI)t erp R Aray) be1-p)e?(npdjusted in (2)

~accordance with, for exanple, the NLMS al gorithm (see
| where weighting facﬁor p is a constant'between 0 and 1, for
example 127/128. Furthermore, the power may also'be estimated by
| summing the squares of, for example, the last 128 samples of '
15 e(n), but equation (2) requires a less complex implementation.

The non-linear processing is divided into two steps. In the first
step the shape of a transfer function is defined in accordance
with

sgn(e(n)) min(|e(n)|, NL) : R.(n)<TH(n)
e (m) = - (3)

e(n) : R (n)2TH(n)

where TH(n) is a dynamic threshold {(defined below) and NL is a
20 measure of the background noise level from near end subscriber B.
The background noise level NL may, for example, be estimated as
the minimum value of the residual power R, over a long time

interval.

In the second step an attenuation A(n) is determined in accordan-
25 ce with
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[1]. Here the echo suppressor has the formof a variable center

clipper 18, which is controlled by the esti mted echo signal 20

[err](n). The output signal e[err](n) fron1center cllpper 18 may be

descri bed by [err]-is the
vari abl e threshol d of ter Epﬁﬁﬁﬁ?Tﬂé*énd3@)ls R (n)<n§( nst ant scgh#ng
factor. This transfer cti finS(A (A-ustated o R, (nyBTHEI(®) 4. Thus

signal e(n) falls within the center window it 25 wll be conpletely
bl ocked, otherwise it will A pass t&rou h_center clipper 18 unaltered.
Hovever, BeFeshHas AECeRPRRY nohs tvidedelnto 32 %?VFéﬁr]Em thhgsisionly

[err] (n) SR SeRahpYe MBEOLthuAleret Bnds feldr] devle M ldreélsesible. be low In
this case [err]Je(n)[err] nmay actually exceed the“threshold if

signal e(n) contains significant background noise from subscriber 30 B.
Thus, si ghbhaklesr]¢onpengatedt asigspbr agliln)si gffal {3¢oniai natgenuated etho
and backgy oung QREQEW1LH this previously known arrangenent ' there is
no way to av0|% thrs situation, since scaling factor 6 s a
const ant . WD 97/ 23055 32-A(n) _
PCT/ SE96/ 01610 eyp(n) = e.ln) 7 . The préSknt
i nvention wll now be described with reference to Figs. 5-11.

5 Figures 5-8 illustrate this procedure for different attenuations.

Figures 5a-8a illustrate the transfer function defined by the
linear processing in accordance with'the*present invention for
the case R,{n) < TH(n). Similarly Figs. S5b-8b illustrate the
transfer function for the case R.,(n) = TH(n) . As can be seen from
10 these figures the shape of the transfer function depends on
| whether power estimate R.(n) exceeds or ‘falls below threshold
TH(n). If the power estimate exceeds the threshold, the transfer
function will simply be a linear function; represerited by the
straight lines in Figs. 5b-8b. On tHef:other hand, if power
15 estimate R,(n) falls below threshold TH(n), the transfer function
will be non-linear, with a linear part for amplitudes of e(n)
below the noise level NL, and a constant part for values above
the noise level NL. As can be seen from Figs. 5-8 the left hand
figures are similar in shape, but have different attenuations.
20 The same comment applies to the right hand figures. The reason
for this is that in equation (4) the attehuation A (n) depends on
the attenuation A(n-1) of the previous sample.

. As may be seen from Figs. 5a-8a, as iong as R.(n) < TH(n) the
attenuation A(n) will increase, until .signal e(n) will be

25 coﬁpletely suppressed when the attenuation A(n) has reached its
maximum value (Fig. 8a). An essential_difference, as compared to

Fig. 4, is that at this maximum attenuation all values of e{(n)

will be blocked, not only values that fall within a center
clipping window. Thus, in this case signals containing both



Briefly, the present invention differs fromthe prior art in three
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-e(n), the determ nation of a dynam c threshold that may depend on

“both linear and non-linear errors, and the determ na- tion of

‘dynam c scaling factors in this t hreshol d. Non-1|inear processing

-l nstead of conpari ual__si gnal e d|r ctI thr

power estlnatggﬁféaafénfchan_ % 4% %1fi:% ﬁé?ﬂkésséé)ev%%dwhen
for exanpl e i nthaseosdgnadswita constructlvely ’ Rlerr](n) =
[err]Rlerr](n-1) +(1-[err])e[err](n) (2) wher e

‘weighting factor p is a constant between 0 and 1, for exanpl e
127/ 128. Furth@nm;he atherpdand neds anay be ssenndgem Kigs. Sb-&bnmwhgnt Re(n)

.squares of, fog,gxaggl @m(trbe &@ﬁﬁuﬁu%l%@iﬂl' Q§m9(rn)15W.lll Hea ByhedFU§ i SFaled
- (2) reqU|res a fess co ntat 0 g non- | i near

processPng i s URYFdeR P t%F ﬁ1tgﬁeaPPV§tc°n 1tl°§t@$rﬁﬁ§t§h%ﬁél%fthe
~a transfer fungtteauhsieaf ized |nasceeradme@e zero lewklh signal e(n) will be
‘[err] m&ere gH(n) is a dynam c threshold (defined below and NL

is a 20 nme%8arECEPY he background noi se | evel fromnear end subscri ber

B. The background noi se |l evel NL may, for exanple, be estimated as

- the m ni num valye of . § é‘?ﬂéﬂﬁ?a M ek %EEna %Q?grthgﬁ%mum or minimum

“interval. "1t second step a attenuation A er
raccordan- 25 attgguapgpn A(n)), 51gnal e{n) will either be completely

10 suppressed (Fig. 8a) or unaltered (Fig. 5b). Figs. 6 and 7
represent the transitional phase between these two stationary
states. The double arrows in Figs. 5-8 illustrate the fact that
the transfer function may change shape if power estimate R,(n)
falls below threshold TH(n) for one sample and R.(n+l) exceeds

15 threshold TH(n+l) for the next sample, or vice. versa. Thus, .
depending on the result of this test condition, the shape of the -
transfer function may change abruptly, but the attenuation A(n)
will be maintained at approximately the same level, and will only .
change slowly if the changed result of the test peréists..

20 In order to avoid noise pumping effects introduced by this non-
- linear processing in situations with near end background noise,
in accordance with a preferred embodiment of ﬁhe present
invention, comfort noise may be added to the compensated signal

in accordance with

32-A(n) ; Aln)
T —————— . CN(n 6
eyrp{n) 33 e.(n) 33 N (n) (6)
25 where CN(n) represents this comfort noise (generated noise having
the same level as NL). '
Determining threshold n

Threshold TH(n) that is used in the above described non-linear

process may be defined as
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[err] Here the attenHé* di vi ded -

8
into 32 MRBSHut this is only an exanpl e. Both nbFe an ewer
| evel s are possi bl e. Finally, conpensated signal e[err](n) of

(3) is att
illustrate t
illustrate t

accordance with the presenr

TH(n). Siml

enuated in accordancggwith [err] 5 Figures 5-8
his procedure for different attenuations. Fi gures 5a-8a

he transfer func}}hﬁgn?ﬁ%kg}%&x(n) +§(n Hgg(d'ggleneR[arerP]r?ﬁ)esii(gP 'n

arly Figs. 5b-8b illustrate the , ”ﬂ transfer function for

t he case Where]tnis|[@redndtmy . s¢slram frcsern prefeddbly inhthe faggees-

t-he shape, pf
R[err](n)lgx

(42, S 08 RO oo, a0l gpMRLcTaTe

esti mat e Baceeds {definedtplew) + nd Rafm} erRs(n) arefdaEined WIEIIC@@WW- be

a |inear %gn@ LRN, represented by the strai‘'ght lines in Figs. 5b-8b.
On the ot and, if power estimate Rerr](n) falls below threshold
TH(n), the transfer fun o) r be non-linear, with a linear part
for anplitudes of e(n) (tk &” befenprkgﬁ&nse Ievel NL, and a constanf8part

for val ues above

the left han

att enuati ons.

The reason
depends on

Erhoi Be(Reyaf (L) ‘As cah(BEMEBLN from Figs. 5-8
d figures are simlar in shape, but have different
20 The sane coment applies to the right hand figures.

for thigm, (s t=hpRg(zm-1anuau'r—Qr)ge4)1-)the attenuation A(03)

5 Here X(n) is a vector of M (for example 128 256, 512, i. e. the

same as the length of filter 12) samples_of input signal x{n}),

and

In

8(n) is the estimated echo.

equation (7) Ehe first term in'the'parenthesis, a(n)Ry(n),

10

15

20

25

represents the llnear error in the estimation of the echo signal
{the difference between the estimated echo and the best possible
linear echo estimate of this echo) . The second term, B(n)Re(n),
represents non-linear errors 1ntroduced by the echo path, which
cannot be modelled by a linear model (FIR filter).

An important feature.of equation (7) is:the_scaling by scale
factors o (n) and ﬁ(n). It is to be noted that these scale factors
are dynamic (updated every sampling period). The determination of
these scale factors will be described in the nekt two subsec-
tions. However, before these scale factors are further described,
the non-linear process in accordance with the invention will be
described with reference to the flow chart in Fig. 9.

In step 300 the sampling period is updated. In step 310 scale
factor a(n) is determined (will be described in next subsection).
In step 320 power estimate Ry{n) is calculated in accordance with
equation (8). In step 330 scale factor f#(n) is determined (will
be described with reference to Fig. 10 below). In step 340 power
estimate R,(n) is calculated in accordance with equation (9).
Step 350 calculates threshold TH(n) for the current sampling



the attenuation A(n-1) of the-previous sarrpll e. As may be seen from

. Figs..5a-83a, woeohmsmsas Rlerr](n) < TH(n) the at t enuat i BET/SEPHO161] | |
. increase, until signal e(n) wll be 25 conpl etely suppressed when

. the attenuation A(n) has reached its xi rrum value (Fig. 8a). An
 essential difference, as conpared to I's that at thi s ITB.XI mum

- attenuation all values of cked., not —gnl y
“fall within aR&HH4 1o ac‘gfﬁ%’?ﬁf&?ﬁg Wv%laow a%n A< d”r% thllg c%%é'( signal g%‘”er
- cont ai ni ng botdstimata\R, 93} 26@5‘53S1dua1 signal e(n) is calculated in accordan-

| PCT/SE96/01610 th equation (2). Ste 370 tests whether ¢ 1s power estimate
. residual echo an&”‘back&rouné’ noi se wlt be suppresse even

. these signal s fadd scbedomutheyvenyrent threshold. cif tﬂél%t%rth@aﬁd‘s%s CREpepsa-

i seen fromFig ecﬁbs %}laqulﬂ: &rd (aﬂ:)tenuatlon A(ﬁycﬁﬁésciﬂzﬁlaﬁéaquteps 380
- si gnal e[err]

I nearl.y scal of. sig
e(n). If the Mei*%%nd#—?&ﬁ%éﬁ’ﬁ%’ts Tt FFCPHQance with “the, é{h}?ﬁ‘ﬁ oHaIAEﬁ) of
- has reached zeigmdtg\eils (§)0nald @), Wddpditively. On thwadtlesechand, if R,(n)

© Thus, in the two st t'%g ﬁ%s%lﬁl( é;[ ?ﬁ%'})eggggg g% Fyrer?nq T8 attenuation

~attenuation AGYSSE
i suppressed (B®m) 8a)reor oaria:lulerr@cﬂ ((IétgapSSb)IOO Fiagsl 460andr?;5pectively) in

- represgnt the t a asenhet st
S0 G Rt R0 Enbe YR 2 BE 8GUaEEbNHs  (3) ana (4],

states. The str tethe

i the transfer fnmamwmkyclﬁfgigalbha@lgffa &wexr(nds tisngpd Cﬂ[lé‘rtte]d(rf tep 420) in

. falls bel ow t hyeslioidh e Oéqm&@rmé)e amde FEQEELENERY €X6GEERart rbRurns
: threshold TH(n+1) for the next sagng r vice versa. Thus
c

. dependi ng on 4% $tRI10Q73RH; TP i 53017 RIRESTHA O’E)ft]Pﬁenext sampling
. transfer functgganidmy change abruptly, but the attenuation A(n)

15 Determining scale factor o(n)

It has been found that for a FIR filter that is updated using the
NLMS method a suitable algorithm for determining oaf(n) is
described by

T R, (n-1)
= -8B - 2 .
a(n) = (1-L)a(n-1) +p NR, (A1) (10)

where N is the filter length of the adaptive filter in the echo
20 canceller (for example 512 taps) and g is a step length (for
example 1/2, 1/4, 1/8). Furthermore, it is assumed that a(0)=1.
However, for other estimation methods and/or filter structures
a(n)R,(n) should be replaced by an appropriate estimate of the
power of the estimation error, see e.g. [3] for expressions of

25 these errors.
Determining scale factor fR(n

Scale factor B(n) is determined by the correlation between

residual signal e(n) and input signal X(n). In order to determine

this correlation a test variable T,(n) may be formed in accordan-
30 ce with



wi |l be maintained at approximtely the sanme level, and will only

change slow y_if the changed result of the test persists. pcr/sgosdtsio - I n
or der td“@V%%ﬁ 0i se punpi ng effects introduced by this non-

| i near processing in situations with near end background noi se,

in accordance with a preferred embodi nent2of the present

I nvention, confort noise may . be added to the conpensated S|gnal

in accordance with '

CN(n) represents-this. coptmyt=:
same |level as NL). -
Threshold TH(n) that is used in the ahove .descr| %n lﬁ RAN 1 ; e
process rmeyere def FRpYegents expected (3l o34 ore ically, this tes

PCT/ SE96/P1fifple should equal zero if no correlation exilfts between e(n)

) Tovandi % (G kboORRS IEELE S ) St T LCOO SLELELALE (B oimen sy (e

or, pref I'n th

10 ([err]pﬁod:edarereifkdnr)ectneyrbm neqmppt[aglr rorihy fPéYrﬂlﬂ?earJeag:@nésm ghat
chaccordgﬂmlnaee £ha égﬁé'nﬁQr@ﬁéQM@reanglﬁgérﬁﬁé”éstf%ﬁf%b(ééhér§(§?fi§ed

a linear combination of delayed input 51gnals x(n), or
§(n)
h(n)

where h(n) represents the filter _cbefficients of the echo

wher e
(11) t he

hT(n) X(n) - (12)
[Bo(n), hy(n}, .-, hma(n)]f

canceller and N represents the length of filter 12, the test
variable T may be cqmputed using &(n) instead of x(n-k), leading

‘10 to the following expression

Ee? (n) 82 (n) - Be? (n) E&? (n) L (13)

Tn) Ee? (n) ES? (n)

For implementation reasons, it is furthermore advantageous to

consider the equivalent expression

2 a2
_ gl W _1)( 8% (n) _1)} (14)
T(m {[ Ee?(n) N\ EZ (n)

Using the fact that E&%(n)=R,(n) equation (13) may be rewritten

as
e2(n) .\ £2a) o (15)
= - -1 — -1
Tin) (Re(n) ]( Ry(n) )
15 This test variable T(n) does not give any explicit value for

B{n). Instead an average value of this test variable is used for
an implicit updating of g(n), which will be described with
reference to Fig. 10. If the non-linear processor is inactive,
i.e. R.{n) exceeds the threshold and there is no attenuation, no
20 . correlation should be found between e(n) and &(n), which implies
that the average of T(n) should equal zero. If this average is
not zero, it indicates that B(n) is too small, and should be



R[err;](n) = [err]Rlerr](n-1) -+ (1-[err])[err](n) (9) O

‘Hére X(n) ks wowensess of M (for exanple 128, 256, 512, i. e. tRET/SE6/01610

sane as the length of filter 12) sanples of input signal x(n), and
[err](n) is the estimted echo. §quat|on (7) the first termin
t he parenthesi s, [err](n)R[err](n) presents the linear error in

the estinmation of t Sk na (t L farenc b

esti mat ed echd‘r%ﬁ'F(faterede gf’ gs Bl'eljE no éﬁ%r%eart%'ec o§%st?ﬁt° %1 g{@eﬁa%e of
echo). The sedvird =t0ar rwhe[nertrl}?( rf}CREelerin;' pProcessorrggr esemvs,ncmsr hpdicates
errors 'n”od%ﬁ%& pyrt)h%)se% p.?éfbe"‘ﬁ'x'\ﬁhshould be CaBRLLaREgMdel I ed by a

| i near nodel An inportant feature of equation (7)

is the scaling by scale 15 factors [err](n) and [err](n). It is to be
noted that thegenseal q dashoré flow cldec dyinaris fpnag eftkfé/egito%@wﬁé“gfor
period). The determnati on orLS _W I, bed

|
in the hext tWELQFEELRT Pn) Tli"o%spr%ﬁ&’iggal%e??)f‘iefihg’s”@ms35?8 Pgﬁt dPsthe
are further desew kédrt of Fig.the The-procadups mes dd BUARRAidRE asVvEbllows.

the invention will be 20 described with reference to the flow chart in
Fig. 9. : In step 300 the sanpling period is updated. In step 310
scal e N sitaort [eimé (ayerageeTor MndAndwiis drmpletedideeria hame period

subsection). . of 128 é{hﬁi@g 3'?919°‘éﬁ6r%5'ft'1'ﬂ@ &AL cda% (19 uéeﬁalfsyl %r‘égehglng

accordance w quation (8). In step 330 s e factor err

det er mi ned (vvrﬂ (n)28i.e. rBé%&SthEEHW@hTHéﬂePen%@%&%’@esﬂ%i%lf&v)thel peft
step 340 povelhart of FRpliz@ie Rerr](n) is calculated in accordance with
equation (9). St'ep 350 cal cul at es threshol d TH(n) for the current
sanpl i ng WO 97/ 23055

PCT/ SE96/ 0161@ long time average Ty, of T(n) is computed over 2048 samples.
This long time average is used for checking that B(n) is not too
large (i.e. threshold TH(n) is too high). This part of the

_ procedure is only executed if the non-linear processor is active
15 (R.<TH) .

The procedure starts in step 500. In step 510 T(n) is computed in

accordance with equation (15). Furthermore, a first counter CNTg,

is decremented. This counter runs between 1024 and 0 and prevents

B(n) from increasing too rapidly (only one level of 3 dB every
20 1024 sample).

Step 520 tests whether R.>aRy+2BR;. If this condition is fulfilled
and there is no obvious double talk situation, i.e. the condition
2R,>Ry is not fulfilled, the procedure performs step 530. In step
530 short time average Ty is updated, and a second counter CNT,,

25 is decremented. Counter CNT, runs from 128 to 0 and assures that
B(n) is increased only when T has been completely filled with
new samples of T(ri) .

The next step, step 540, tests whether both counters have been
decremented to zero. If this is the case, step 550 tests whether
30 the calculated short time average Tg, exceeds a first limit UL (a
suitable wvalue for UL is 1.2). If this is the case step 560



11 period in accordance with equation (7). In step 360 power
estimate ) of residual signal e(n) is calculated iﬂcﬂﬁ% f
ce with gvcpfkgﬁ%#(a Step 370 tests whether this power estina ée%oqm

falls below the current threshold. If this is the case, conpensa- 5 ted
signal e[err](n) and attenuation A(n) are4cal culated (steps 380 and
390, respectively) in accordance with the first parts of equat i ons

(3) and (ﬂ)lpreaspecuei ol \B dBi anid vedetrs heountets RENTL], (1ONTg, to 1ex¢eeﬂd
threshol d 3} ,?8879%0%3&6@‘3%%”%0 &l 1) %éci:satat ggﬂﬁt E?Re average

are calcu ate respective danc
t he | ower apgr @stbﬂréq@mw QG tengerpspnd PrOCGQCE%ﬁ&t$K/%Py57FL natep

signal e[g#p] (B) dBsSapevkaipdal StrepROtese t 5§ 058aNCR 44
equatlon &g}% Thereaftie)r the fl-ow chart reet u?nén s é)l% to st eg"l\éﬂoo;%% >30
a

re eats t me process for the next sanpllng peri od. 15
Detern1n|ng scal e factor [err](n) It has been found that for a FIR

filter that at ed VS - bl .

al gor! htopbrsTBarerie b e pon1dnir Bciioady 330808 1f a0,

[err] step 580heest sl wketherfR) Eetcebdsgtrﬁ ofRJ.hd fadapt TV e)f ikt added tde
ho 20 | £¢ 512, t | engt

CFoe 20 LonGRigd SyGHag, ORI Shes! 200 cONALLRE Lil 58, SRyl R,

[er r] (0) —IhereafterHe\heve irgocopiirer S¥.nasi snCremestedanay etef 1614

structures [err](n)R err](n) should be replaced by an approprlate
of the estimation error, see e.

estimate Qf th r
eibresm onseBf 639 testﬁ?g‘éﬁeret?eybrgounter CNT, Re8r KPACHS dsé%ﬂee ‘f%]]c‘f%rzo‘m

[err](n) (2048 samples of T(n) have been added). If so, step 630 tests
~ whether the long time average is less than or equal to the
constant LL (a suitable value for LL is 0.4). If this is the case
B is decremented by 3 dB in step 640. Otherwise £ is left
15 ~ unchanged. Finally T,, and CNT, are reset  to zero ‘in step 650.
Thereafter the procedure returns in step 660. o

If tests 570, 620 fail, the procedure will not reduce B and will
proceed directly to step 660. :

In the presently preferred embodiment of the invention the non-

20 - linear part of the dynamic threshold is represented as 8(n)Rg(n).
However, a similar procedure may be based on other quantities
thah Ry(n), for example quantities Ry('n) ~or R,(n) calculated in
analogy with equation (9). '

If computational complexity is a concern, it is even possible ﬁo
25 base a threshold TH(n) on the simple expression f(n)8(n) (where
' f(n) is determined in accordance with the principles described
with reference to equations (11)-(15)). In such a case this
threshold could be compared dlrectly to the amplitude of residual

signal e(n).



Scal e factor [err](n) is determ ned by the correlation between

resi dual si.gmboegsgssand i nput signal X(n). In order to deter nPRESE6/01610
this correlation a test variable T[err](n) nmay be forned in accordan- 30
ce with WD 97/ 23055
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[err] r t e ec%]:%ga e y t tin
vari abl e shouIA\(ljw}ée‘g%%]f 9243 n((§)f cégre I%%%%I &%Ebgé‘éf&ﬂh% Fhe métﬂ&? in
x(n-k), and badmg@mqmmtiﬁeut@eopﬁ@sm§emv@ngn@al Wiy 1t Rew be deEF6é@&ér @1th
Tk(n) may be gLt Ly Fif. tihose lags k that 5 dom nate the echo.

Furt hernore, since t e estimated echo [err](n) is a |inear

conbi nati on of del ayed input signals x(n), or [err]

where h(n) r%prﬁéﬁﬂlﬁneé’ﬁeﬂﬁdde@scﬁﬂeﬁﬁlQd@ﬁﬁvéé trbelemm _signatanc@l) eand
and N represents the length of lt‘i he t«? ¢ I abl e T mayﬂ_g
conput &' usi n&“[t@rurt]s(n nﬁr&fcfs(ﬁe (FEE} |8ard| Hé) 1P p‘f% tsﬁ(;snﬁ}l | O
expressi on computed in accordance w:.{:hre};uations (Bdr- (6ip! menestimator 22

reasons, it ig furthermne aivanl agEOUie! Rinear 3OV U4 ddEoLEURYE! GLh the

expressi on’
first term of eguation (7) by using signals x(n) and e(n).

Similarly, an estimator 24 computes the second term of equation

10 (7) by using signals e(n) and 8(n). Threshold TH(n} is computed
| in element 26 in accordance with equation (7). An element (28)
computes power estimate R.(n) in accordance with equation (2}. A
comparator 30 compares R.(n) to TH(n), and the output signal £rom
comparator 30 determines the shape and attenuation of output

15 signal ey,(n).

Preferably the functions of elements 20-30 are performed by a
microprocessor or a micro/signal processor combination.

It will be understood by those skilled in the art that various
modifications and changes may be made to the present invention

20 without departure from the spirit and scope thereof, which is
defined by the appended claims.
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(3] L. Ljung and T. S&derstrém , "Theory and Practice of
Recursive Identification'", The MIT Press, Cambridge,
Massachusetts, 1983, pp 12-16, B88-96



[err] Using the fact that E[err](n)=Rerr](n) equation (13) nay be’
rewitten [err] 15 |
vari abl e %& ng goes not give any explicit value for [%%J@iéllonsf ead

an average val‘ue*@f—t‘m‘s-‘t—e—t—_arl able is used for an inplicit
updati ng of [ - be descriibed with reference to Fig.
10. If the no "I!“%E Inmﬂﬂi ‘ .S i nactive, I.e. Rerr](n) exceeds
the threshold an eremi ss nG attenuatlﬁhAIMS 20 correlation should be
found between e(n) and [err] (n) ‘which inplies .- t hat the average of
T(n) should equal zero. average is not zero, it indicates
that [err]¥n)2RsSER9 %ﬁ%?? éﬁa°§hﬁﬁFg°€eUS1nQ a model\\f9aNn28eb6 path for

PCT/SE96/Oﬂ6iﬁ1ng a residual 81gnal characterlzed by 13
if no correlation is found avera e of

i ncreased. Si 51 t
T(n)=0) when th eﬁg‘ry%rﬂlﬂgegrrﬁ?%)@‘é%gcﬁo‘ﬂ'%r f(ﬁq’\}'@teﬁ [Afs SF"PrEI rgsédual signal;
thab [err] (n) deseirmcnnlmlggea andnshmnédrberdm:r poesl estimate Jf GéRail@ing

a flow ch ilﬂégfa%fggrrggre og%d q$f%ual sf&ﬂﬁrn1nlng Lerr](n).

This proce ure I's cal chart of Fig. 9.
The procedur edfEGrHéNBETER i dm;ame d:hm@lold that depesity tohi BRiAeiGge

Tlerr] of {MearSefLEPUHBHePYBELtEmkEE Peri od
comparing said residual power estlmate to said dynamic
10 threshold; and
attenuating said residual signal if said residual power
estimate falls below said dynamic threshold.

2. The method of claim 1, characterized by
determining a linear error power estimate of remaining linear
15 error parts of said residual signal; and _
' determining a dynamic threshold that depends on‘ both said
linear error power estimate and'said'non—linear éfror.power

estimate.

3. The method of claim 1 or 2, characterized by increasing the

20 attenuation each time said residual power estimate falls below
said dynamic threshold until said residual signal is completely
suppressed.

4. The method of claim 3, characterized by attenuating said
residual signal as a non-linear function of the amplitude of said

25 residual signal each time said residual power estimate falls
below said dynamic threshold and as a linear function of the
amplitude of said residual signal each time said residual power
estimate does not fall below said dynamic threshold.

5. The method of claim 4, characterized by said non-linear

30 function being a linear function for amplitudes of said residual
signal that are below an estimated noise level and a constant
function for amplitudes that exceed said noise level.



of 128 sanples. This short tinme average is used for increasin
['err]{n) (i .wO9m3essg threshold TH(n)). This corresponds to th@@%"ﬂmﬁﬂ

part of Fig. 10. A long tinme average T[err] of T(n) is conputed
over 2048 sanpl es. This long tinme avezage i's used for checking that
[err](n) is not too |l arge (i.e. threshold TH(n) is too high). This

part of the g .y %fcﬁi-' 'élmhysexeﬁaksetbhtz@e mdlmmpéoeﬁfégﬁom

is active 15 Erocedure starts in step
In step 510 TPﬁ}nBsfeeﬁﬁétEH e sum of s@@é% d&ﬁéé’ﬂP@hneau&ﬂpgﬁr(ggfor'power

Furthernore, agtimatesounter CNT[err] I s decrenmented. This counter
runs between 1024 and O and prevents [err](n) fromincreasing too
rapidly (only one level of 3 dB every 20 1024 sanpl e). Step

520 tests \Ahetyhefrha[@étﬂ];@:[ie:sf R aeime ]5+2k:halr]alakem]zed byt Baddcaprationthseshold
fulfilLed d.t u uhl.e | k tuation, i.e. the
e beingdRfehdl 8o SIS, s (Al

condi t not e procedure perforns step

530. In step 530 short ti r, T @r dated, and a second
counter CNT[err] 25 is decre nﬁéﬁ ﬁtﬁ%%tg#z%mﬁfe f% runs from 128 to

0 and assures that [err](n) is increased only when T[err] has been
conpl etely fiwhettewi th new sanpl es of T(n). The next

step, step 540, Reghs whetdepohelrhesRUfiatleS HBVENDEMHUL signalleebeBilEdecho
to zero. If this I's the case, step 550 tests whet her “30 t he cal cul at ed

short tine avBRBBe TSA exceeds a first linmt UL (a sui tabl e val ue
for UL is 1.2). Rf(hhissia pbeegaeetitepe56F an output sidMAD7#2S305Said echo
PCT/S§86/01610
‘path,
a¢({n) and R(n) are continuously updated scale factors, and

¥ is a constant scale factor.

8. An echo canceller using a model of an echo path for forming a
residual signal, characterized by
i5 means (28) for determining a residual power estimate of said
residual signal; |
means (24) for determining a non-linear error power'estimate
of remaining non-linear error parts of said residual signal;
means (26) for determining a dynamic threshold that depends
20 said non-linear error power estimate; '
means (30) for comparing said residual power estimate to said

dynamic threshold; and
means (20) for attenuating said residual signal if said
residual power estimate falls below said dynamic threshold.

25 9. The apparatus of claim 8, characterized by
means (22) for determining a linear error power estimate of
remaining linear error parts of said residual signal; and
means (26) for determining a dynamic threshold that depends
on both linear error power estimate and said non-linear error

30 power estimate.
—_—_—

LU



14 increases [err] by 3 dB and resets counters CNT[err], CNT[err]
to 1024 and ywo97305428, respectively. Step 560 then al so set SPQT/stlkmrre o
aver age T[erﬁ' and a third counter CNTL to zero and proceeds to

step 570. Step 570 is also perfornmed if the tests in steps 520, 540
and 550 5 fail. Test 570 t?Ot/févnet her the non-1linear
processor is active. If so, ., , °~ step 5 ts whether Rlerr] exceeds
[err]R[err]+[err]Rerr]. If so, T(n) is added to- | ong tine average
T[err]. If not, a constant LL is added to T[err]. Thereafter the
third counter CNTL is increnented in step 610. 10 Step 620 tests
whet her counter CNTL has reached the val ue 2048. (2048 sanpl es of

630 tests whet her the long tine
average is less than or equal t FROM $onstant LL (al|suitable val ue
for LL is 0.4). If this is the [err] is decremgnted by 3 dB in
step 640. O herw [err] is le 't 15 - unchanged. Finally T[err] and

CNTL are resg

of fovaers in ste " Thereafter the Procedure n
returns in s sts 570, 620 fail, |t dur e W
. d directly to step Ggg'ﬁk?be - _

not reduce

T(n) have been added). If so, ste

the presently p f the invention the-nony 20 Ilntﬁr
part of the dyna# c threshold ip represented as [err](n)Refr](n)-

However, a simlar procedure may be based on other quantities t han
Rlerr](n), for exanple quantities R err](n) oECH@r FIROM c4lcul ated in

anal ogy with equation (9). 3 [T conputatronal conplexity is a
~concern, it is even possible to 25 base a threshold TH(n) on the
sinple expression [err](n)[err](n) (where [err](n) is determned in
accordance wth the principles described with reference to
equations (11)-(15)). In such a case t 1 threshol d could be

conpared directly to the anplitude of reSidual®
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signal e(n). WO 97/ 23055
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di agram of an apparatus that perforns the nethod in accordance with
the present invention will now be described wth reference to Fig.
11. A6no -l i near processor. 20 receﬁ%?éﬂiésidual signal e(n) and 5
out puts the p¥ sed signal e[err](n). Qutp signal eferr](n) is
conputed in accordance wth equations (3)-(6). An psti or 22

estimates the power of the linear error in accordapce h the fi
termof equation (7) by using gi S é§n) and e(n .j// Simlarly i?
estimator 24 conputes the secqﬁé??ﬁtn1 equation 10 (7) by usin
S|gnals e(n) and [err](n). Threshold TH(n) is|conmputed . L injelement 2
I n accordance V\P tlon (7). An elenent (P8pr, TER conmput es|power
estimte Rerr] i n“accordance with equatiop (2). conpazg&g%f}O
conpares R err]( 7P TH(n), and the out put gé?i i(yn’ cpnpar-at of
30 determ nes the shape and attenuation ofroa %5 signal ¢[err](n).
Preferably the functions of el enents 20-30{ ar bpoifmanll by a

‘m croprocessor or a mcro/signal processor conbi naf g@ﬁ& | t ﬂn

‘be understood by those skilled in the art at varj ous nodi ficatro
Véngeﬁ—%D wi t hout deparfure

‘and changes may be nmade to t
fromthe spirit and scpge thereof, which ifp defined by the appended

;clains. \\ 16
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CLAI M5 1. An echo cancell ation nmethod us of an echo
path for formng a reS|duaI signal, charac er|z

5

determning a re5|du32112§3 timte of said residlual
determ ning a non-1i power estimate of ré¢ma

non-linear .error parts of said residual signal; Jetermning a

dynam ¢ threshold tﬁﬂ@Uﬂﬁgegggron sai d non- ' ér()w power
esti mat e; sai d residual ppwer estlnate sai d dynam c

10 ~ threshol d; and attenuating /Said|residual signal if
sai d residual power ~estimate falls | ow s@i d dynam c threshol d.

‘3umfn) | | §5A™)
R, <TH . _R,>=TH
A=1 ' - : A=0
| ’ :
“NL e(n) FIG. 5 | e(n)
(o) —(b)
R, <TH “iw'(“) | n.,>=n;fwl’."
A=11 A=10 .
g : : :
WL e(n) .FIC' 6  en)
(a) (b) _
R <1H |5ud™ Re>=TH |fud™
A=21 A=20 %

R <tH {50d™) " | Ro>=TH "M{”}
A=32 ' _ - A=31




2. The nethod of claim11, characterized by determning a |inear

‘error power: e swOsaRs0sst remai ning |inear error parts of PETSEI6/01610
resi dual signal; and : detern1n|ng a dynam c threshold that
depends on both said | i near error i mate and said non-Ilinear
error -power esti mat e. u/ﬁéglod of claim1 or 2,
‘characterized by increasing the 20 atten ation each tine said residual
‘power estimate falls bel ow said dynam c threshold until said
residual signal is conpletely ... suppr essed. : 4. The met hod of
claim 3, char | i | said ‘%ga residual signal as a
-non-linear fupction of the anplitude bf sai d resi dual signal each

time said resj dual power esti pate—fat bel ow sdi d dynami c threshol d
and as a linear function of th§EXT SAMPL@ fde of said residual signal
each tinme saigd residual power!| ‘does_not fall bel ow said

‘dynam ¢ t hreshol d. b5 The nethod of cl—%ﬁ3ﬂ0 characterized by said
non-|inear 30 function . tgon for anplitudes of said
residual si gnal that g?égﬂgﬁéﬁﬂgﬁres¢ﬁﬁa,ed noi se |l evel and a
‘const ant function for anplitudes that exceed said noise |evel.
WO 97/ 23055 | — SE96/ 01610
117 6. The met hod of C&MHI&TEhﬁj\EMr zed said dynam c threshold
‘being formed py the sum of ‘serer==tregr—we=mem=d i near error power
“esti mat es. 330
; DETERMINE B(n) |

I _ __- 340

CALCULATE Ry(m)

] - 8350
TH(r)=7ia(n)Ry (n)+B()R, () o

|
CALCULATE R ()| 360_ FIG. 9

370

R, (n)<TH(n)

?

400
380 . V. _ 410
e, (n)=sgn(e(n))min( |e(n)| ,NL) e (n)=e(n)
390 ' T /
] A(n)=maz(A(n~1)+1, 32)| |A(n)=min(A(n—-1)-1,0)
420

e o(m)= FZZAM) o (n)+A(2) cN(n)




7. The nethod of claim6, characterized by said dynam c threshold 5

bei ng f or nwoo73e8sCcor dance with the fornul a PCT/SE96/01610 _
[err]{[err](n)[err]Rlerr](n) + [err](n)[err]Rerr](n)} wher e
Rlerr](n) is a power estimte of an |npu naI to said echo pat h,
Rlerr](n) is agaper estimate of an out / gnal fromsaid echo 10

c

pat h, rr](n) and [err](n) a onti nuously updated scal e
factors, and M{s a constant|scale factot. 8. An -
echo cancel | er using an echo path for form pO\a 570 ) resi dual

signal, chaggperized by [1 means (R8) for d

power estinate ‘oiqs rldual si ghal ;
determ ning a nor %W{ [yoper estimaf e -
non-|inear error i dual sigpal; ¢

determ ning a dyr at depends 20
power esti nate; nmeans (30) for cjnpari
estimate to said am c threshol d; and ' % means (20) for
attenuatingsag d residugl sid aI i f said - resi dyay power estinmate
d 25 9. The apprlét udB@ claim 8,
characterized b (22) for [determ ni ngZa\|l i Aear error power
esti mate of fvrglnlnglln
and Eeans (26 for detg

WVerror jparts of (Rd> ¢si dual signal;

m ni-ng g dynam qrghrealk) Nhat depends
on both |inear erxor 2% stipdte and saild non-N power
esti mat e. - : :

R, < eans (24) for
of re N _Ni ng

530 590

L~

T, =T, +T(n)-T(n—128)

CNTs2=CNTss—1

540

550

B= B+3_dB
CNT,,=1024, CNT,,=128

T;4=0, CNT, =0
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