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‘I\/arch 2004 Acousti c Echo Cancel | ati on Equi pped with Hova | ng Suppressor
« and Doubl e-Tal k Detector FIELD OF THE | NVENTI ON The i nvent R el ﬁé@é
acéhsttfca(eché)ﬁgenc.elstahon as 5 applied to full-duplex spe "6?{8 4nd _
t el econf er efci ng systens. BACKGROUND OF THE | NVENTI ON To date nost of the
speaker phones operate based on a half 1dupI ex node, i.e., at any given tine
t he speech of 10 one of the two parties at the two sides of the tel ephone
line (i.e., the near-end and the far-end) can pass through to the other

side. A detector on the tel ephone set senses the in-comn aRlRl NQ
sounds and activates the line in one of the two possible ﬂﬁm@m ﬂ““ mmﬁ
Thi s arrangenent creates an annoyi ng choppi ng of the spee
the near-end and far-end parties talk-at the same tine. This pf’%’femis
nore serious if a simlar technique is adopted for a telec
system 20 Full-duplex operation of speakerphones and tel eamm ﬁﬂ@mﬂ@
systens can be realized by using adaptive filtering technlques
filter is used to nodel the acoustics of the roam and obtain a ¥ I'|ca of
t he acoustical 'signal echoes which are com ng 25~ fromthe | oudspeaker and
~ picked-up by the m crophone. 22"d March 2004 2 The acoustical echoes
generated in a normal size office roomusually span over a coupl e of
hundreds of mlliseconds, and increases to several "hundred mlliseconds in
" larger size roons. Th| dema tE\Qj se 5 f adaptive filters with a few
t housand taps to. get a %Hﬁ Ec anee ﬁ@%&ﬁ'&m@dn&ﬂh Thus, the
probl em of acoustic ddewlingSuppressorsand DoublesTalkiDetecforvery | ong

adaptive filters. Such adaptive filters are conputationally very demandi ng
10 in areal-time environment. It -has been noted that this problemis
overcone by bl IELR QRSEHEIGNENTEONI gnal sanples in the frequency domain.
See generally, Ferrara, E. R, "Fast inplenentation of LMS adaptive
filters", |EEEHhansivenbien rekpeeshtoandossgagl e@ﬁopmmsjmlmlas

ASSP-28,5 pp. 4%p@dT5edAug. £b980, ¢ G !
Mtra, "A uni f'agpdfecffrbfa(:h to ti ngﬂ;in—(?‘?égaﬁenccsgon%a}?% :é%atl o%g'o FI R

adaptive digi t are QFeNqHE SYSERNS pn Acoust i c, Speech and Si gnal
Processi ng, vol. ASSP-31, pp. 1073

BACKGROUND OF THE INVENTION
To date, most of the speakerphones operate based on a
half-duplex mode, i.e., at any given time the speech of
10 one of the two parties at the two sides of the telephone
' line (i.e., the near-end and the far-end) can pass
through to the other side. A detector on the telephone
set senses the in-coming and out-going sounds and
activates the 1line in one of the two possible
15 directions. This arrangement creates an annoying
chopping of the speech signals when the near-end and
far-end parties talk at the same time. This problem is
more serious if a similar technique is adopted for a
teleconferencing system.

20 Full-duplex operation of speakerphones and
teleconferencing. systems can be realized by using
adaptive filtering techniques. An adaptive filter is
used to model the acoustics of the room and obtain a
replica of the acoustical signal echoes which are coming

25 from the loudspeaker and picked-up by the microphone.



20. 1083, 1983. However, the frequency domain inplenentation of adaptive
filters as originally proposed in the cited papers introduces sone
excessive delay at the filter output which becones unacceptﬁad@% Zg)'gjgéer

| ength increases. This problem has been resol ved 25 by introdu f E
partitioning on the convolution sum.of the original filter and rearrangi ng
the sumas an aggregate of smaller conyolutions. See generally, Asharif, M
R, and F. Amano, "Acoustic echo-canceller using the FBAF al gorithni, |EEE
Transacti ogiﬁon 30 nicati ons, vol. COW42, pp. 3090-3094, 1994, Soo,
J. S, and™R aReushigal gohoeseugpesiat@d Aineguasspadordize afficeve
filter", | EGENrammialAgousdparSpesedr and StgaplePr 8€essaundyels AgeP- 38, pp.
373-376, 1 q5 ughlLin, System and nethods for an efficiently 35
constr ai negagrle%%%r?%%qrra%’hﬁada%?f:\l/‘%#lef’t er%'? U§qyé?tr.a%No. Ngx8d126 (Jun.
1996) . mid igecemdz0da 3anpgehoadhet heswss epthris dsuggest thesaket i on to

redsce thedr delativie (410 ddAupnay SORBINeAGABLLYCLAbL! 85 gokhay, Create
anot her problem . The reﬁulg%l 1r:lg’ést-ructure converges very slowy. "~ The
as*h

source of PRCEIAtEHPERE cFOPRARPYFRICDY (TS ,nkdiet problemhe present
i nventi on ofseedwthangdoy ardmryllakion ADal YA handeshibakeBh of

i npl enent atj f rtJd ti.qned hl.qck LMS adaptive filters", |EEE Trans.
Si gnal Pr 0ces i(r%&,n%odatpf}vep[ﬁlgﬁ-?%& Nov. 1996, herein incorporated

by reference 10 in its entirety, where it is suggested that the bl ock
| engt h has gienbaaabesier £ h j L In.additian to the
model 1ing qf room gcéustf%s??f%eﬁggé%ﬁé%n%%r b1 s PO 1RSve to be
cortdi der ed 1¥h@ ¥6RIs§imsr eBUiEenBLDE .| nht chantkedmatfedEBaty thdss. 15 ~

" The first, prodlem iss SoPEEEEHEOBYOHIRRISI HFEcdON A dopl thie sJy5Lem t hat

ari ses due ta%ge%osi.tiv f eedback which may build up in a | oop that
i ncl.udes a °0taspeakdt, M%r oFiTEESGYd I’ﬁ?&‘%’d"ei r cFee ogenerdldyhone |ine.
Thi s feedbdekreassesE anRosci |“IFatstoninpl dientsyisi @i apd LNBK@gagt ivevery | oud

and annoyi ig 1RQIySe Whi Gy i t nication. Tq date,. most of the
acg%%sti ¢ echo cancel | ing Egygljéé?riss'asrs%rre t Heft %’2’ e|cnr)]g i &7 p%rlég’? d once the
acoust i cal FEFEH e Yobm ASSRpa8L | &byl H41et 705C Adapt 1980f, i laner . *

Although t mlark) Gheary, sthis BRrRESUNBAGOS. I g, NPLLGOMPG! Gl) Gy ect in
practice. Th Nols ngl S"m s _that the how ing may, start. once the room acoustics
are changefFRIEXD FOEIRG BRENFECTNCPRE (i nieahizatkahaif FIK t he

how i ng gr @daptdrve f dsgithl isiltsewst y difHE cokhnbor dhe aadaptdie filter of
the AEC to oHIul Kl ¥, t t b e system goes to an
uncantrol | és%%gcstg%rg& yf’é&?ggof?ggﬁ%lgggﬁr’ob C('e)]rrr’l %%?% ?i%ﬂ?i’o&%&g‘gests a

si M0 e and 1283 medi?EH sm t hatHewavermedi fhel y §regueheyhowdiomginThi s

mechani sm fiinfgs enemtatical Y 66 aadaphkagedl Parded ths %%H%&%%ﬂ@equency 35
dormai n i npl %@sﬁd a0 otf‘ ethe.ﬁE(%. 22nd gar éh 2004 4 The "secqnd probl em
i s doubl e- FaI - 5fie B r'g1e SFHRAT PAPERE ABErOgicES semehexcessdme signal .
Thi s trans¥ielay gtakhesfidtdrt outpaptwh heh desidnes eitfaccdptidia ARS t0 its
envi ronnentg; 1\han ltel?x%rt?l i ncP2aled"," e@ﬂiéoérégf&l\ )has been resolved
- 25 by introducing some partitioning on the convolution sum
. of the original filter and rearranging the sum as an
aggregate of smaller convolutions. See generally,
Asharif, M. R., and F. Amano, %“Acoustic echo-canceller
using the FBAF algorithm", IEEE Transactions on
30 Communications, vol. COM-42, pp. 3090-3094, 1994, Soo,
J. S., and K.K. Pang, “Multidelay block frequency domain
adaptive filter", IEEE Trans. Acoust. Speech and Signal
Process., vaol. ASSP-38, PP 373-37e6, 1990, and
McLaughlin, “System and methods for an efficiently

35 constrained frequency-domain adaptive filter”, US Pat.
No. 5,526,426 (Jun. 1996).



..5.speech (or any other sound) and the AEC coefficients approach their

‘opti mum val ues, the transmt signal approaches zero. This assures a snall
perturbation of the AEC coefficients around their optimal Vﬁln ﬁ§rcﬁf256)i
their adaptation. However, this does not remain the 10 case when there is
sonme near-end speech. The near-end speech results in a large transmt
(error) signal. This, in turn, affectgzthe setting of the AEC coefficients,
as the transmt signal through the adaptive mechani smgreatly disturbs the
AEC 15 coeffq Gl . .S Lesulis in _an enhancenent of the uncancell ed
echoes. To éie%ﬁéﬁtﬁggé%rré%?éﬁ#s oPRILFRI Y FREECIOR Hee sfefucetReubl e- t al k
in the AEC ¥gdRY aré dthepfregneacy atmadm tadapbivezeiflverdi,stthéance of
the AEC coeffdgtent §n39h€rduP%glgﬁ9bl e- ik Qf'éréttﬁq_sm st Qfcthg avail abl e
echo-cancel lin sgstems SI nR y_Treeze the adaptation ptfocess, Wes a

doubl e-t al KCRRKEEIPE VEEYgRILLFAY - Se&hge sONAICey ofadiiis proklem hawt hod and

appa at us fiseercimerebebbd g thid i ndewklos- bel ¥hd5pi-a8RE Ynventfokat . No.
5, 535, 194-(§$;|e' E%%%%? q_%olyoannto et_al, & Dogbl e-tal k detection in an
echo cancelTef" A G OW Iy, P20 (IARAIYESE) antheELiGhkaDA et al
"Echo cancelhplementapPion Nef 5,p6stdBoratt . bl68K) . IMS s adaptegy wor ks
vel | only wWghtersher ¢ g Signifd£a Lajion_of t echo- pat h
during the dé)ubl e-tal k peri&g.(?{a;nd gﬁ’?ff _ﬁ%oégéﬁ?é for‘{%&f' Pﬁ‘e’ = oy
coeffici ent<893"78687 r HAV-| A996achiexeimiifqorpasaties: das areferencecase.

Thex@ is alimysitsomntdhatys afhetds i pEi 09 shghBareahenal il ﬁé!cﬁ‘)m;gﬁ of
e

time, 35 ~ jncludi duri the double-tal k period. ,Freezin d
Mar ch 2004 %e'A cﬁg?ff‘ei ggt §ﬂaﬁg?ﬁg{:aﬁﬁbpé§tH?EtFEJfHBt lﬁﬁﬁgbpri ate. A
better conprom se solution is to continue adaptati on during doubl e-talk

period, butyus ; I r.on . step.size as disgussed pelow. In this
i nvention V\%HSSdraégggé g'rosi np eﬂﬁl%%ﬁghﬁémgFofog& SRR ]ﬁfblgb?ﬁ?k peri ods
and cont r ol ¥ figtVRe MOy -RIPL 5s tWeichiaprvei S0 pecheomsidefed handEC duri ng

these peri ogs1vEUMMBRYsGECEREhNVENDY EhbhBathba bRVRRE Q) <Weniave devel oped
a real-time software 10 solution to the problem of acoustic echo

cancel lation. . This solution conbines a nunber of signal processing
t echhi ques ThecBiestppubbhemnisf $upprasstohoot apses vl &OoRoGY$hHEMH £ TO

q orot Pl . .
T real 15 Fhacsgrefi ERGE 2kiLog BLENESTE SYSLElve deRi AR pRICH G "
tested. TheMpYopdtidd! subutiona i doppsethatn éntledesney HouaspeaReptive

filtering tReBRbAHBNeTARAI MYERE & OkY S e i ol ut, to the
pr obl em of ovvlﬂ'éﬁgyn%he prlg%ogie%%s%%qﬁ)rﬁ_a %lgghg’&va\% g%é o'?hgﬁe

avail abl e f18§ GAHS SFn 3h @553d3ESE @™y rday i ys 3l nandphakest at i on

and2@uggests amrexyf doiud/eandy afnbpingdutditge awhildh adikhaphtisequgacy that

how i ng occ al utiogds lim ted to the devel oped software. It
H&ﬁmuﬁES?tiB%s o a0 st 0% eté'heo ggﬁélee’lqﬁlicngeg 8tenms, as

|
¢ Q
can be -used In ot i mpl enenf at1 6ns 0

wel | . The | fdBReLbANG fysfiams assvngt that chowbivgullse- sapkrpssbiiem A

si npl e mechententher adetgeicny 8eH8! 8¢t @bk J.Sééﬁefsilﬁo@éffgéeﬂg EHL! ggrv\”ﬁf o
nrsm I C

esul ts i n AEGo QAR ot Lbtabr it | BICPeudhy e e tHaspBbedtBaRLL | on uas
expe$i nent ahsgunptied dsdnotudnipl StR1yeiCHrAlddc tin ot ¥ £k - Woirhd
e onent oBiks S UERSD, 3030 defela LpAL SLds {BecdRigloped gor e e
acoustics are changed due to some movements in the room
and the inténsity of the howling grows very fast. It is
usually difficult for the adaptive filter of the AEC to
30 * quickly react and adapt before the system goes to an
uncontrollable state. To resolve thié problem, this
invention suggests a simple and fast mechanism that can
immediately stop the howling. This mechanism fits very
nicely as an integral part of the proposed frequency
35 domain implementation of the AEC.



22"d March 2004 6 echo cancelling systens as well: Further scope of
applicability of the present invention will becone apparent fromthe
detail ed description given hereinafter. However, it should ﬁedM%},qErzﬁbgod
"that the 5 detail ed description and specific exarrpl es, whil cating
preferred enbodi nents of the invention, are given by way of illustration
only, since various changes and nodi f i‘fat lons within the spirit and scope
of the invention will becone apparent to those skilled in the 10 art from
this detailed description. BRI EF DESCRI PTI ON OF THE DRAW NGS The present
i nvention withe sesens myablen lis deadrdst-ded K.r omhcherdetaidiethadeser i ption

gi ven herei il oyr@nget bgp 2¢O n i ch i.ven hy way of
15 ~ illustration only, a% 9% Eagl%a?eel%%lhoétM ?‘%ﬁ%e o?gtlﬁe%ﬁ: X:

i nvention, AH@MHers Msed o 1adaphisthn ﬁ@@ﬁgtcéeetﬁomfanhel IAE!C tet - up;

FIG 2 depi dits tdmyigestient CONHENT ehspa QE A8 ﬁégﬁmbﬁd“%t h‘é"'lto*&%tif) how i ng

suppgessi on r&%ﬁc}gu I e-tal k detectign;

configurati osg) W aftp¥e REEH TAURDN r’iﬁ’ﬁl skhr BES; @@&érfd-qmmise tal k
det ecti on i rppss@atandhe\dirt hoptpmamer valueshodin@nte yafndie: | RMeH410n: 25
FIG 4 depi &@m’%f’ et - nt _used.to te

I 1lustrat einltpi)rE& C? 'wr?eggggghggﬁoﬁ{ FH‘ é’ Z‘é‘%‘&’@re\"lﬁ"o@efdure I n
accor dance Wi ﬁ%r%@%ﬁ?k@l%d@m\ﬁndotheme Dpten’aﬂowalmmk afArd March

2004 7 FI G fﬂlewreS@dl&ptd@ﬂbhe t adwelRdSCt LRTs PIReRIYiS: 2Pdnkhts %‘?P' ' cation
%ntrolll tr?éh a‘%atlon alﬁorlthm step-size in accorgl‘ance WI a
pre erred enbodi nent” of "¢ +Hve ’E‘?oﬁeaS‘BE‘FAFEEBCDESCﬁIhPT II‘GQIGEWE

| NVENTI ON Tispesainpiresylesbotin ment 4ashyet herhavanti ogmei@fﬁet?sﬂ dhaihe

appended clqlhrirs mayj be fu reciated b rencetothefollowlng-
description of pref el?regagﬁbodg%ﬁ?gg hn n 9% t’(ﬂ%vm A§ 1 Y8 eSEG t shoul d

be 10 under hiignts ke ag enehe s arensldeht i sigdaby khieugf ererce
nunbers. Fi gudabt3k@ns amg@l@gﬁggmacogﬁ &%ﬁﬁlﬂé‘t i op, set - 2‘ d n the

context of tel nf.er enci ng and hand-free teI ephone 'systens.” Thé si gnal
recelved fr &R 39 %ﬁﬁiﬁT his results in an enhancement of the

uncancelled echoes.

To resolve this problem, one should detect the state of

double-talk in the AEC and take an appropfiate action to
minimize the disturbance of the AEC coefficients

20 ' during double-talk periods. Most of the

available echo-cancelling systems simply freeze the

adaptation process, once a double—talk state is

recognized. See generally, Ashley et al., “Method and

apparatus for echo <cancelling with double-talk

25 immunity”, US Ppat. No. 5,535,194 (Jul. 1996), Miyamoto

et al, “Double-talk detection in an echo canceller", US

Pat. No. 4.894,820 (Jan. 1990), and Furukawa et al,

“Echo canceller”, US Pat. No. 5,463,618 (Oct. 1995).

This strategy works well only when . there 3is no

30 significant variation of the echo-path during the

double-talk period and, thus, no adaptation of the AEC

coefficients is required. In practice this is not

necessarily the case. There is always some chance of

. variation of the echo path at any moment of time,

35 including during the double-talk period. Freezing the



15¢1'i ne passes through a hybrid circuit 4 and is broadcast through a

|l oudspeaker 1 in a local roomwhere it can be heard by anybody in the room
*A mcrophone 5 located in the roomis used to pick-up any ;ﬁﬁ“ﬂaﬁﬁﬁbﬁbt'es
in the roomand send them through the tel ephone line to a reno

This arrangenment clearly results in a feedback of echo of the speech of the
renote site party to hinself or herseld, as the m crophone 5 cannot
differentiate the sound comng fromthe Ioudspeaker 1 from ot her sound

act i Vi ti es g i draelori®Burdhd QAUANAHS AMOKLAGBEIALLAN adaptive

filter 2 is ysed to nodel the acoustlcs of t e room an ain a'replica of
t he acoust fcReEignAoRIFRESanFehubiencdfi &8 FPHNLNHE PEasaddlesr 1 and

pi cked- up layxtimey ﬂbamphma}épel'-he,dacauetm@@la @iﬂ%{lQ%rg@Bﬁb%b&dsb@l a nor nal
room 30 usygld ?LSS.L% ger fuesweh g (fd mII nds.., This, .in tur

demands the U an® adapti ve 137 t 8r-/i't h a U R Mg get a
goo& nodel pP¥opdse r@ommtmeshanlﬁmr ﬁqtstdiefcectmgt deubleectial& gnal s are
sanpl ed at gehq doit! @rff it si u | ration
22"d March 2004 8 200 mllisecon s W %%z%t Z)tflt %ﬁ Ogggg)t%ftfgglo sanpl es.
For this eRgFhaanign é%faﬁ%l}@/ewq:lci‘éml%ﬁttm%ﬁe |RQIEHOAH00 taps is required to
achi eve a conplete nodelling of the roomacoustics. Thus, the problemof 5
acoustic e t _of the realization of very |ong adaptive
filters. W%ﬁl %‘%W‘Pﬁf% i npl enentation of |ong adaptive filters
is that thén &hdscimyendtiiconsiel haver geexpepsd ve. re'Bla-ttJmRa, sldftivare

I malenent atd AN ¢ &N £EStRe V t o Q i f [ a real-tine
real i zation of the AE (?C t&ﬁesgéb&g a??ongﬁ%%%%lcl %x C%%qegl\r{llga a(?é'btl ve
filters cafiie r%ﬁhBEéloflo @T@?@ERS eRt awmbiey &ﬁosiﬁga& Paragdssing ocessi ng
strat egy lrtécftﬁqidﬁ&@”“lrtt&t' Hordi-ue tiikher San ATEE 1 it SOldUHHNS

proposed in th 5 IJteratU{_J realizations of filters in the frequency
domai n havé adéce‘?} HelORsPYSEERessTQ dsBOnshERteThe REificd ansas Ftast

Fouri er tr citsf opropésdd Bhrgtmehnt hrs pﬁogmin eweidiovesampuhatinonalalconpl exi ty.
Fi 2 depi t eaI| ation of the AEC SI ng 20
thlgLs Iattertclttnzechﬁllq %‘éﬁ hi c%?%;%{agma |%ﬁ ué Fperqt daptl ve
adj ust nent B t ffe qq -er cThef mr@mseqo s wteicwi veé shgsead xcélm) as insert
to . the P/Ir&pumes) elofaihaiafpt DUt Se f1 €ORYRYS teskish havi ng bl ock
length L. The converter signal Is 25 overlapped with the previous M input
sanpl es and converted into a frequency-domain at FFT 8. The transforned
sanpl es ar hierspeventioni nyiveed easveryeat faitdnve (ebRIPiMAT iken tws hod and

converted fromthe cy-d into the ti nai_n

i nverse FF ]QénQThéePt ﬁé&ﬂdyﬁn%l% oafggut s&}’naﬁe& (srﬂlulq-'slotrhe;t )?%errent ed
wi t3P t he m%?‘fﬁm‘eﬁﬂf— si@fal thg n)avaibakebere fmtmqml intsputirsartpies of the
AEC e(n) anskaiidsdd arsddddiidly tadnldin &\%E?Eﬁeﬁ'tﬁ%u.oﬁ' Qnd‘?s HS o more

conpl ete bl Oé%( d%,e‘?r am of the AEC to g uppr essor 17,
and doubl e-$REEHEYRcFEY R bFBEE@d‘éFénﬁd&ecPulﬂhea‘aalt SuLHRFUSNGF t he AEC
wil | be di Str.hestsedhow]Zind beralrs2004hd sl dicafut ilond.is4 ndtovsi e diagsivar e

set-up whi a LS dt | enent _t{ he AEC and test the |nvent ed
scheres. Ac%%or oe‘?féa 29 t‘{%eed' to §EneF e PEsi BEPd: 3N HRFher
25 . 1mp1ementat10ns of echo cancelling systems, as well.

The invention. also gives a solution to the double-talk
problem. A simple mechanism for detecting double-talk
states 1is proposed. Furthermore, a method for
controlling the step—si;e of the adaptation mechanism
30 which results in a good compromise solution is devised.
The proposed solution was experimentally tested and
found to be very effective in real-world environments.
This solution also is not 1limited to the developed

software. It can be used in other implementations of



5 received (renote) signal. This signal is anplified by anplifier 24 and

passed to a | oudspeaker 25 to broadcast the received signal in the room
*Any sound activity in the roomis picked-up by a nlcrophon N%RBB

m crophone out put and the received (renote) signals are 10 irecte 90 a

sound card 27 for digitization. The digitized sanpled signals are passed to

the AEC software 28 which is run on, for exanple, a Pentium personal

conputer 29, for eval uati on of the AEC perfornmance. After processing these

signal s acc n t he 15 _generated out put sanples (the error

si gnal sanp es |%abgﬁﬁigfgangﬁgpﬁvggegeig'the sound card 27 for digital to

anal og conversion. The output signal which is the transmt. signal is passed

to a secontheeﬁaeea&ebe%f( @gdaesakm )o%htﬁén%ﬁegé%t éﬁ@iﬁﬁ the

| ocal room 23 e sound comn IS seco
cor.r esponds¥i th@cPEEe?l?@ﬂrngn%t’F°I&tthc%éertéﬁ=éﬁé gﬁﬁérép ﬁﬁé gi&vephone

line. The ehfeeetmaffttelire hylotved e, d¢i Eheh18hBet €h@ehsB6o4 | ﬁﬁatstﬁé mul at ed
by UEI ng a E%C | at Qr CI rcuit 0. Th ransmt %na gener ated at
Jp 3sed

25 tRe out pl F PP 1o SRS i OTr<q1EP Bdlehe second
| oudspeaker lBﬂiCAtfmlgt @meambchtmmmumhtsercsﬂ athefinhentiamsnatesi gnal is

added 23 toglibg bg“%éfegf rffﬁlét’@x[da 3 %nl%‘d ,gaﬁcguwg&oag «Eﬁgﬁ%ﬁgord

pl ayer 22, as t d circul ete bl ock

di agram of #R& M%m%tglﬁhlﬂhﬁg@ @d-‘rlé% eapdr seopeheohathe acoustic

gcho cancelkhﬁﬁrehk_:ll@n i1t hllﬁacﬁﬁrtw Yk S&tpptfl%@d rsl&fﬁlé@dlﬁhéhela bl

oubl.e-ta ctor,2Q. T e part are di scussed separately bel ow.
gbl\/arch ?%8’4 Forrik lt‘);agi Sgsgi EECEHR (%’ncel ler is inplemented by

foI |l owi ng the parti t| oned frequency domai n LMVB (PFBLI\/B) al gorithm as

proposed . by I e I: %.}{f%gjn% , "Anal ysr s and efficient
i npl enent at | onlﬂ:? partr t| oned block %’gptr ve filters", ZEEE Trans.
Si gnal Proc&%s @gtesmqt inventien wdg3- pesomeNsore160Ely Theddrstendnce

bet ween t hi §rioiP k@i et iq @i OV tions of
the PFBLMS al gorithm.s tlhat i ns{éri:gﬂr?rlg’ér g&?'e}ﬁnfﬁ@g%hﬁgtl})gﬁéﬁtﬁﬁgh 0 bl ock

| ength, L, PRI ¢ i DAY RR h, VI Clhier@dr &ssTHERN t oP¥e VAR s8fe.

Howa:\ber |, tha‘lrinrs‘ta:atad:rer‘dnorbyneahdothhhl arien’id | Dinitsei wseot hgthel shoul d
be sel ected L RAn t.ho M reduces the convergence rate of
t he PFBLMS gore!ﬁnlr Si grﬁ?@lanap'f&jy,qj}i eamsel ection of L < Mresults in an
i npl ementation that has | ower m sadjustnent than where L - M when the

unconst r ai ned FBLUME RO HBdws e G dY AdRRhAN O Af- AEC

coefficients. The use of an unconstrai ned FBLMS al gorithmfor the proposed
AEC is found to be essential 20 to achieve a real-tine realization of the
AEC, since iFtIGceemsiéﬂfcht@n‘blméagéﬁéﬁblCﬁaﬁfﬁghi‘at%ntbe AECesc'taﬁn@iltei cantly

IOV\erthat\M}@ aghieved if Lpained, FB g hm was to
be used. To rmns?r at e% %‘ﬁ%engilggf(é?’%g Fr}r opao%‘ied k@&bg‘ft i que, a
pr ogPam was dREAGHBY and tested for a real-time inplementation of t he AEC.
By choosi ng and devel opr ng appropriate FFT algorithms and C | anguage

sof t war e, 1l 2 ta t|ve echo cancel ler running at 8 kil o- sarrpl es/s on
a Pentium peF 2rthasIsnerryy raRfigRERk#PRgofoan gxareleed

enmbodi nent &Ed hemmwe@mmg duppiess iR afapibublecbalkaaetlel®ionunni ng at
the sanplin ata%co Kilo-s les/s is e ur vaI g\gt t,o an echo coverage of

1000* ( 2112/ 51 hds. PrRLeTEe AN 8¢ho t06ver age.

35 ~ OJrrentlmcr-.mtexcmal AEC systens have a cover age of less than or equal
to 200 mlliseconds. 22"d March 2004 11 Using a Pentium 166MHz nmachi ne,
as an exanple platform the echo canceller uses only about 40s of the

cent¥l pro i rfy deRictEcry) eKanpl pneet THP serheditent |usrd ytaidesist r at es

that the proflosexit eCimasitatsdi DFeefya H; vi abl e sol ution to the acoustic
echo cancel ling problem
FIG. 5 presents a howling suppression procedure in

accordance with a preferred embodiment of the invention;
and



Howiing is a common problemwhich is usually observed in audio systens. It
'may arise because of the presence of a potential positive feedback in the
*l oop consisting of the | oudspeaker 1, acoustical echo path Jja I t he
10 ~ m crophone 5 and the tel ephone line hybrid circuit 4. 1&8%5‘%%298‘?3 n
around this | oop becones |arger that one at any particul ar frequency the
AEC begins to oscillate at that- frequgncy with a growi ng anplitude. The
system qui ckly makes a very | oud sound which conpletely 15 disrupts the
conmuni cat urther re th ude of t oscillating signal
forces theﬁc)r rcg Pre3my ﬁeﬂ?gb%ugﬂggsg‘gﬁﬁ?ﬁ?’er%ﬂé he FddthRakers) to
their sat uaaploﬂat’eghonlnTmcmtrcnl]tmgt trh@suhdaptataonomlqmathﬂnehavi or of
the circui fyeofbs$;800% %Qlcgeraﬁ\g pt her hand,
di srupt the ?)%_eratzr onno the asi c AE 86 ?‘rgn een %ased on a
li near beh&Pforn¥enthe@nuwhol e system This disruption wor sens the how ing
situation and nakes it even nore difficult to get out of a howing state
onc 25 ~ S i s._enphasized that an early detection of the
ing st Q%Jgii%b PE%&?‘IPHBH. oF &%ESFB‘BEFHEONOV\A ing before it reaches an
unaccept abfrael Mmplanaerqmbdsmimém bor thesuasesifidn i ¢qd fedt ahi on of any
acoustic e g 0 ,Eor t the fregquenc Qmai n
i npl enent a?ﬂgn%ﬁkgﬁéré&ncg%fﬁg%ag kL:Pﬁtll;suggﬂgl %Jv‘#%gopﬁq%lhe% ate (iyl g¥ effective
sol ution t ¥eferenge hoodl ithe sfpplevingn. deporipriiesuslf ypl—)eﬁarseét one

s. ngl e freansoedneMRceoVvaritiiie t1xke @faditly bk AGlksed haitaeﬂsatd' Bet he
iéussed AEC 35 structure results in a separation Qf various frequency

Mar chYWBE6ESEeo iitent ik6r slifmsiitder ryenddentidied by Likrent
frequency referefice pumberee of how i ng can then be detected easily, as it
results in a consistent grow of the signal energy in one of the frequency
bins - nanely, 5 the frequency bin associated with the how ing frequency
The bl ocks Figl-aleghows howgenrraumnassiion eshe kaghkildhtédni aekir-gp 3. As
conpar ed { ani gne? Whirlef0eS A0 conebife Ok i | B SURRRASE-ER, Fig. 3
adds one extra EFT block 18. The outiput. of the AEC is the error 10 signal
bet ween t h&edERRENSFY¥RERMEp bYNE HELIRRY FiffsHg e EXPm anBelRBhODEpPUt e(n)
of 16he P/ smmvpratseresl@;hrbhghhe Inwﬁlagcauanrle:saoanwassnetohaebeded t he
AEC out put Iu tl drff ren bet aﬁplré & t , as shown
in Fig. 2. Thadhs ver ﬁ@nt”ﬁ? nd pF(LB‘Bo €d in the
previ ous p@l@lalr@abiYORBthtilY sorr‘ehell fcbemend’esnqurmr@l &cflocateld hihock | ength
and partiti@ heRa s 'us%d ttohil%‘i'é slg)t R %foulnalvhc%iv ehed qhoyge See

generally, Asharif, M Acoustic ec o cance Ier usi ng the
FBAF 20 al F&9m hand |ﬁr§ Ttaﬁeacithwtbn thgmitpherhonms 1ingl . t@oOR 42, pp.

3020 3094, rififte Sedte). Srmanciﬂi-dﬁgeﬁtwiﬁ: cwéflﬂelr@éulllt@,ck;lufxlgequency
na rocess

domai n adaptive filt | EEE. Tr.ans eec

vol . ASSP—% ‘ﬁ’ 7’? f&gr&heaﬁé’ &&hl re% d P2% %et hods for
an efficierhd yheaﬁgtlrfar aed Kexspieficy -adonthe a:daq;ropleomel t%r '‘candstPat . No.

5, 526, 426 (@i¥FerkifBlatd! Ghe 58{1 ti’sc%?a ‘f-@af@cﬁn p&?&eﬂ?ﬁﬁsgégﬁ&?‘aq inthis
enbodi ment of the invention W I ng, suppr essi on nergi es of
various frddiffhQthamnsymg r?ect#%#ﬁ% 1y the kngalsixpmd- after processing
every block of signals sanples are estimated and the frequency b| n with the
| ar.gest en y is i ified 33 as Pb~ Pb~ is.found.to hav _
relzg'tel vel yir"grpd“ee"e"r{g} Sglhl§a?rnn%¥eﬁge?c{1ﬂanaa f‘ﬂ?@gmﬁdglléi'f@F ?~ 191 t is
assuned t hatsdibvito ngoiad Fheocaesusidied oPi thier agurncynd bobraldh. alhe

at L enuat ed %%’ B oo Ao dopish s BaT s finh D SondSINch Ml o

f requency rtls%trﬂﬂ‘e%smealmneldendr pickedhuvpn pgr tbenwd crsipigren i nver se
FFT (1 FFT) sl8. The tddBustical echoes generated in a normal room
30 usually span over a few hundred milliseconds. This, in

turn, demands the use of an adaptive filter with a few
thousand taps to get a good model of the room acoustics.
_ For instance, if the speech signals are sampled at the

rate of 8 kilo-samples/s, an acoustical echo of duration



5 .~ .domain sanples generated in this way are the output (transmt signal)
sanples. If the bin wth the | argest energy is not excessive, but has
"sremai ned as the bin with the | argest energy over a prescripgﬁdﬁgqﬁzg

bl ocks, say K 34, and its present energy .estimate 10 excee€ grlbed
| evel, say T2, it is assuned that how ing has occurred at that frequency
(bin) 36. The transmt signal at this %requency bin is then attenuated by a
prescri bed factor, say ~2 38. Then, conversion of the frequency domain

sarrp{ ﬁs tP ;)St Ilzgmr d?@%n%%écsmgut a<1115| )edralrl%ﬁ?ét@ AtTdtsre bbﬁ@*d@ﬁahtao@arrpl e?‘
are the out pu ran si gnal.) sanp ctu A ation o
t he howl ing ﬁi‘ﬁrﬁ’ﬂéepssm on® QEn&ERESHE din %aﬁfﬁ‘ﬁt’r gbjué‘gp gtggie"“i:el ection
of the threshlaast el6lo0T~tapd Tis aneliged otbheacdhierneiata ngodPledet ors Q-
and -2 As aeiandngWeetider oan ﬁéa@seic? aﬁﬁug ¥Rt grBBFEﬁ bignes the

| argest signal_energy bins in sence be of
about & wot hi ARFWSHIC Ry cpecHldediog wsrkhak 9f thﬁplr&iﬂl% Ptfat are

Sluggeﬁt ed Lorve'ry a.rdi\g‘%ﬂzh tﬁ.@mﬁfﬁlﬁbr&ﬁ andxeonﬁgo%prml %ﬁihﬁi&h¥ﬁh’éﬂe€f
al so have been dete ed t nu us e i ment al_.t est e how ing
suppr essi on r?é‘l‘ﬁ'a %‘??‘ragf soég%é‘%\?geaﬁgévﬁnﬁﬁ{iﬁﬁslhs (A ﬂ%\eé’n?ﬁteed AEC
system and t esdmgphtaidibondBly | yvaaysh ekpehkiicel.t t o Tizart! eiscond:htelmrns I t

was 30 gener h ppr e d | er all
condi ti ons. ?h@eéj@éeﬁér/ég ltsl \?\];e?éé‘b&é#oréne?é&]a\%%e ees\r/éeorlloolhﬁ%%nd

cont ak¥thed har@hm‘nim%r@ (%bdbm@esk@hmm @frptlye bbEﬁRshel ves, and
computers), uncarpeted floor, and hard walls and ceiling. The 35 acousti cal
echo path - rreasured in the .roomwas about 200 _22"d Narch 2004, 14

m | i seconds. TRRoFPEPHEREdONA L IREMRIGHK I i MG 1RBI: 88ePtiy e g% he echo
paths. Al so, ¢tée bécrefphoad €6 angréatidspeakerby cchassinm\ehardd Jdiaced in
different dir il C was rat.i [oP e 6 was
al so noved t 8)?%%%9?}1}9@' og‘ﬁi’%ggﬁg \5’% %?% "@%eé%&%saregl%cor?’?;po%s to the
maxi mum | oop §hlheknd i s ARengesPrdgde fS@rluftGro@lSng preposest et ntithey

how ing stateyjEurhbete,t %élﬁbardtcidﬁﬁ CHE £Siehat Ofn 3@nat t SRUAL.QE, Was
adjusted to a fairly lowlevel of -6 dB. Despite these 10 ~ very harsh

condi tions, ﬁmaiincé‘é‘é’? tq’f’eerhoWan‘oé}pp?‘é%%‘?W%cﬁaﬁFgﬂFﬁct ed”h’cﬁ' ckly
and prevent edmébnohowlseeg flag tt Fousyisire BraHsE digiM (FRY)S LEp]pjcﬁS:BttIﬁﬂs sedhene

al so works whep [ occurs t han pn frequ ney, gv ough t he
15 schene sup%regs]‘g\\gs g%l comé“*retluoennagl %onﬁpf flt me%lfgf' § lg(?%ccurs at

more than onethﬁquhﬁmytlphéleqbém efl ﬁenﬁahlsm:swpwésm Mﬁé wfindiem at

any gpyen tingnjBecaisgeof tlebﬁn%h%e”e' i\h&%Stbi&aGt WQAgrhle Rehaqesm
easily reacts to the howing in_other aguenc bi ns’ and 20 suppresses them

before they gfoWEELIBH u t rfl3Rpive st agaustipnt | of pdittt e thiFer
corr espondi ngcaawlfubuéassbemone Koréaegeedhatighhe AEG)em£r5n$éntto Bonon- 1

i near state: |rrul faneous, atteny tiQn of nul.t i requen y bins
is al so possi g%‘ ﬁenugtvieﬁ “Sne gg#equac i B &y rltr?e sut?i'e c?ent |y
wor ks wel | . Thaymet t bAogki oﬂ,eof;thI Li-pl e Thequeqoyebtﬁs i sigoalveis

cri ti 68l . - HOWe\@i ool { 4R T BROT pilliALE ff CIHEAEY BhAB1ES NgRESSArY,

i nclusion of this fication to t how i ng suppressor 1s
st rai ght f or wvaF@nVesitednsiakee, aSOfB‘F\%u%%Wa@@é‘hh‘at atal IFE} eGuencyThens

havi ng associ t&ad\mde%&ﬁ;eﬁéﬁraiaaanépec&ar Qiélrrﬁ_; dhhaakRvenkhan
sol ves the probl em of va i.ng. .t oagem al solu % coE(rE%tl ble within
t he structureS6MaH%e t“'r‘?ﬁﬁi R FOWRE rom LBe 35
limted to thefrléléﬂelbﬁya-ldyuramhmo €hbhet inepd @n®ih aid g an AAverider FlFT2004
30 9. The time-domain output signals vy(n) is then
implemented with the microphone signal d(n) to become
the actual output samples of the AEC e(n) and are
transmitted to the remote site. Fig. 3 depicts a more
complete block diagram of the AEC to which the howling
35 suppressor 17, and double-talk detector 20 blocks are
added. The various parts of the AEC will be discussed



15" may al so adopt the invented technique. For exanple, one can use an FFT
15 to convert the output sanples to a frequency domain, inspect the
“transformed sanples in the frequency domai n, exam ne Var'o%ﬁmﬁﬁg%H%BBX blns
as 5 di scussed above, perform attenuation of any of the frequency bin

the how i ng suppressor 17, if necessary, and convert back the output S|gnal
sanples fromthe frequency-donain bacly to tinme-domain using an inverse FFT
(I FFT) 18. These sanples will then be the 10 actual output sanples of the
how i ng suppressor~ Double-talk detection is an inportant and necessary

bl ock for 3ateessful operation of any AEC system The previous proposals
suggest the use of power estimators at the receive and transmt signal
sides and conparisons 15 for detecting the double-talk state. See

gener al | y, FigyafosBows hhe hpsdwpret sek-y&t ¥Birbnhps BAeBcHSedakeel ler”, US
Pat. No. 4i3P4eRent Rthdkawe eindl tebe Rade Nﬁveﬁté@?as@ia%)ne@ scuased sone

difficulties which eX|st w th, the sghenme dISC|O§ %{ﬁ &tﬁ al (US 20
Pat. No. 4TX8§Rr&rBLA¥RE pPGpotdYERd nt? o FERERR ﬁod ) uk5RE et al
met Bod, howeveliyveds (@omeits)vesigndInpl etehs , signak is amgmféedabyecond

adaptive fi l ol I h i nal
adaBtl ve fi }nﬁ)grl f‘#ﬁ%r%’één’%ﬁ%ﬁ%@ﬁ ;&nd"gi%?%%lséerg 2a é g%ggflgéggnd nor e
effecti ve $beureseived ﬁégmadbll@mt@fe FO - kasonnéoﬁﬁﬁhvﬁ?—hfbllém to the

net hods of tMeyamBba eisal pfBRe&Utpkapp &4 anidopgnbie bateh of BBem suspend
the adaptati.on g t he ada t| ve fi ter of tIr‘ngeA(\E OnCSrea 30 _doubl e-tal k
state is r &&H e PREPYL; apd, the recedy, Lometehe819RB18CAESr esponse
chammges whelirdethidet abk aexsstmd Arawdrbedi nBeit dfigtikigakdovant i ofther ovi des a
better way dl n d talk_s r.edugi p-si ze of
the adapti \5@ QI r}erd 0 m&ﬂ%d gg'g&‘%l%a‘%gﬁ ég%ggqu%é%de %‘#gségggﬁgéﬂg both | ow
| evel m sad8usviviel dfs tienadapt i fer f ekamplend & r Bekt igm obessionagat h

vari ations I I ©sn € procedure
bat this edrir}birfgiai&xd%bb ;J@ éﬂra"ﬁ{% &t kné HOBer¥D

scloses tor resolving the prob em of  doubl e-tal k.
The out put power of the AEC, i.e., the power~of the transmt signal, is

esti mat ed tyftaexswcicéém@vtﬂie?@é r@l@‘falsh&né@bmﬁﬁ; W Lras; 0f3 ,t Rebesi gnal
sa es. The esti r 40, ,call Pt~~. is cor‘rgfr th a _threshol d
fOltlﬁ%V\E n Sam

10 tevel , HEE eratec SEPPREET PSSt | ST HRT R FPer ™t han
“ft~ans. 41Figi 1)5 aseudeliveaedt e AEe |S$>umvdt caydt 2@ (fmrbldequmakl state

and, thus, ¢§1eafhogi LBVELERoR. 20 mifb Muthie SELaRaYAbnien—1sAnathich is a

relatlvely | arge step-si ze. the estinat'ed power | arger than Ttrer,s.
15 41, it itraegukedsignalt Hé; ARRs$ed kOt e 8BEENA- tlapﬁsé’?ékérarﬂ t hus,

the al gori thmﬁqsé@tczfz 2y Wich SiSeputtiats ide ¥ dhe WL iroom.rel ati vely

S he_doubl | k, d d [
of he L o ¢ SERNG) PBRBD. THC iy WMD) SO Bt ARIaORObh o Tl k St at ¢

when t he ad@cpﬂtremocbmu ero p;aret rca‘ceuhedAEthm att thenvemofee site tdfe
reflected %ﬁ\ﬁ ]I:éél-?o %e 'f%e%’&c‘é%stﬁélﬁ{ ﬁﬁ{&ecuTéuft Y uation
n t he Al S|n|t|a'I|ze

occurs whe begi nni ng of comuni cati on
25 when t hethECtelepnaneeding tis | GdAULAEeth PR AN af e'iﬂﬁfe’sa]of t he

room This éﬂ?\hliiﬁot ncﬁré@i’eCio on 'mﬁeatﬁaﬁlﬁéﬂuﬁtﬁégﬁaﬂﬁgdrm@atﬁlcﬁtﬁ 0\|N
conygergence, 0 th xecyti on_ st ages is clearly is
und% i rabl et ?OP I?/é 53 L{IL'I yn?)e e&f“f%\} 28 et® by

| eavi ng thepa‘.ssqadstbe tife thecéﬁd: abuulspelaww:w.al ua dfilkcerfedr am@ initial
seconds of @HE [ t ' [ gpal, to the
Ioudspeakergg an 5?%‘% g E%F‘g{‘/e f:\ﬂ %'{%‘?n\gat e Egeg:&g)g? 99 at the
adaptive fither imilatet zeceitvedci shghgledt eﬁhandﬂdmuﬂ'erg’é f'alse The AEC
can " record player 22, as the hybrid circuit leakage.

‘30 Fig. 3 shows a complete block diagram of the AEC and
consists of three separate parts: the basic acoustic
echo canceller (Fig. 2), the echo howling suppressor 17,
and the double-talk detector 20. These three parts are
discussed separately below.



22d ‘March 2004 17 |ater be switched to its normal node of double-tal k
‘detection. Unlike the nethod of Furukawa et al (US Pat. No. 5,463,618], the
‘ proposed doubl e-tal k detector does not 5 need an additionajzfeﬁgQﬂqﬁu4
adaptive filter. Thus, it is much sinpler to inplement. Despite’its
sinmplicity practical tests have shown that it works very well. This
technique is nuch sinpler than the prgyiously reported nmethods and stil
results in very good 10 performance. It should be apparent fromthe
af orenmenti oned description and attached drawi ngs that the concept of the
present apBRPcRITIE nagoysticaderho amanced key alyardmpemsmtmdef byr ed
enbodi ment gol ReWiHGNEhENBaRLt1Ridheal eFBEUBAEY AomASAOTMENPb¥BLIEG Scope of
the invention de ﬁribed I n_the instant %ggchatlon shqul d_be limted solely
by the appBRHBHLERS i  PEOPOSER; dhbertR003 SRR 140 2BRENRRACH 2004 1.
A net hod f Boroajeall,i By ,acdUsiayseibdoandoaprisiegt liﬁpﬂ:éhiéﬁgaﬁlioﬁnl gnal in a
ti mg-domai p<havi Lack .l LlLer th agtitli engt h;
cozéertinggfhggkgggﬁeggasﬁ&ﬁ%ﬁgkggil é%ﬁVﬁe%géﬁﬁgﬁ fo&gggr%ﬁﬁgﬁCy-dpnain
signal in &ignegdudirocaisningy Velteding Rthe 86aRAES/, dBowi n19bgnal into
partitionegngechi epareABBY ChELNEchNCth i SAUAIYeIH Bt G} 9RHa | BhG an
aggregate sum of the partitioned sections; converting the frequency-donain
signal in PFEVEPUGH¥nCFIRAEI t I BRLHBERERELPRMal oF n the t PRBI¥Sa n;
transmtti aggord thut pig shgbalint ke rmmﬁgca&ppemeﬁeagiahsn&h@e v of
freguency- ' | into frequ y.C nents,locate naaplurality o
frgguency %ﬁ%@%ﬁiﬁéﬁgﬁ#yiﬁ% oﬁé%bfeggerﬁﬁgﬁa]f?b %?nggéquéhbywﬁFﬁ% havi ng a
| argest si gFgluneder §p, ded &heensameng t h#loWeygrencfheonpredersed the
frequency- daRidimen@"df this invention disclose that L should be
selected smaller than M. Although L = M reduces the
convergence rate of the PFBIMS algorithm significantly,
15 a selection of L < M results in an implementation that
' has lower misadjustment than where L = M when the
unconstrained FBIMS algorithm is used for adaptation of
the AEC coefficients. The use of an unconstrained FBLMS
algorithm for the proposed AEC is found to be essential
20 to achieve a real-time realization of the AEC, since it
" keeps the computational complexity of the AEC
significantly lower that what would be achieved if the
constrained FBLMS algorithm was to be used.

To demonstrate the efficiency of the proposed AEC
25 technique, a program was developed and tested for a
real-time implementation of the AEC. By choosing and
developing appropriate FFT algorithms and C-language
software, a 2112 tap adaptive echo canceller running at
8 kilo-samples/s on a Pentium personal computer was
30 provided according to a preferred embodiment of the
invention. A 2112 tape adaptive echo cancellor running
at the sampling rate of 8 kilo-samples/s is equivalent

to an echo coverage of 1000%(2112/8000) = 264
milliseconds. This is a fairly long echo coverage.
35 " Current commercial AEC systens have a coverage of less

than or equal to 200 milliseconds.



| ocated at the one of the plurality of frequency bins by a first factor
when a | argest signal energy exceeds the first threshold level. 2. The
“method of claim1, wherein the first threshold level is at Jpagl ABeys 2
times a value of an estlnated | argest signal energy bin in the absence of
howing. nr-.-,.-~. y =, . =B~ 19 9°" September 2003 22"d
March 2004 3. The nethod of cIa|n11 wherein the first factor is about
0.25. 4. The nmethod of claim1, further conprising attenuating the

onents of .the_frequency-domain signal |ocated at the one of

frequency c&n? gﬂ

the plurali?§iB? frBGREALY LPA BymécgéﬁﬁndaFaQPo?xQH@%etRbatﬁ?ﬁﬁst si gnal
ener gy excethbe echecmmhddﬂkﬁﬁuufbéeuﬂl% 5bo§he4mﬂfuniﬁﬁe0béhﬂiél m?ere{nd
the first t evel..is east qut nes a v estimate
| ar gest  si g€£§é§%%?8 %ltl (c?ﬁue) a]f)s%n & of hg\tﬂ]] ng P the® gﬁ%’éﬂﬁ

t hreshol d | @¢BpngErapest tthest t bhe dproposied fEtechnidqueshs| dindaed .a6. The
met hed of clahB1é, s¥hee bR thard LHodAGPechS eQaenglaéegﬁgbiQﬁ second

factor is about 0.5. 7. A nethod for cancelling acoustic conpri'si ng:
receiving an signal in a tinme-domain having a block length smaller than a

partition | Hoglhngchsver¢émmon ferdteken wetd i draustiaamyt BBskidBadeAmi n to a

frequency-dggﬁ&g systems. It may arise because of the presence of

a potential positive feedback in the lobp consisting of

the loudspeaker 1, acoustical echo path in the room, the

10 ' microphone 5 and the telephone line hybrid circuit 4.

Once the gain around this loop becomes larger that one

at any particular frequency the AEC begins to oscillate

at that frequency with a growing amplitude. The system

quickly makes a very 1loud sound which completely

15 disrupts the communication. Furthermore, the large

amplitude of the oscillating signal forces the circuit

components (such as amplifiers and the loudspeakers) to

their saturation region. This, in turn, results in a

non-linear behavior of the circuit. This non-linear

20 behavior of the circuit, on the other hand, disrupt the

operation of the basic AEC whose design has been based

on a linear behavior of the whole system. This

disruption worsens the howling situation and makes it

even more difficult to get out of a howling state once

25 " it starts. Thus, it is emphasized that an early

detection of the howling state and proper remedies to

stop the howling before it reaches an unacceptable level

is very important for a successful implementation of any
acoustic echo cancelling system.

30 Fortunately, the frequency domain implementation chosen
in our embodiments allow adoption of a very effective
solution to provide howling suppression. Howling
usually occurs at one single frequency. Moreover, the
use of FFT blocks that appear in the discussed AEC

35 structure results in a separation of various frequency



si'gnal in a frequency-domain; filtering the frequency-domain signal into
‘partitioned sections; converging the frequency-domain signal into an
“aggregate sumof the partitioned sections; y "~gn~~r sir. ~ughd mtﬂ@004
e 20 9°" Septenber 2003 22"d March 2004 converting t
frequency domain signal in the frequency-donmain to an out put S|gnal in the
time-donmmin; transmtting the aqutput g$pgnal to a renote |ocation
converting t he output signal fromthe tine-domain to a transfornmed out put
signal in a frequency-domain; separating the transformed signal into
f r equency campurRnits |k attdee i mndex y g t ysigngkquiencyd i ferentdent i fyi ng

one of thefﬁl?lléﬂéﬁ Yb®hsf rewcgsraeaﬁcaawm@wiﬁ@eéanswmf BdIer gy,
attenuatln e frequency conponents of the transfar Si. naI Iocated at

the one of tRdrea$ Y of aFr dGuERSPIESNd \ife PRS- ener gy
exceeds a ttl’ﬂe! esill leteigy dnd obenvdr thegfirbquenanshinsed mmfm f romthe

{1 S9UeNCy - ApUT L0ty S4EPISLALIRT LN, ShaRby] T Necddindome . 8. A

tandd ng acoust i SI'Rng: recefvihg-an signal 'in a
time-donmai n having a bl ock Iength snaller than a partition |ength;

The blocks related to howling suppression are

highlighted in Fig. 3. As compared to Fig. 2 which does

not include the howling suppression, Fig. 3 adds one

extra FFT block 18. The output of the AEC is the error

10 signal between the signal picked up by the microphone,

d(n), and the output e(n) of the P/S converter 19. If

the howling suppressor wes not included, the AEC output

would be the difference between d(n) and e(n), 11, '13,

~as shown in Fig. 2. This is very similar to the

15 implementations proposed in the previous publications

with some differences in the election of block length

and partition length, i.e., the selection of L<M, as

noted above. See generally, Asharif, M. R., and F.

Anmano, “Acoustic echo-canceller using the FBAF

20 algorithm” , IEEE Transactions on Communications, vol.

COM-42, pp. 3090-3094, 1994, Soo, J. S., and K.K. Pang,

“Multidelay block frequency domain adaptive filter”,

IEEE Trans. Acoust. Speech and Signal Process., Vol.

ASSP-38, pp. 373-376, 1990, and McLaughlin, “System and

25 methods for an efficiently constrained frequency-domain
- adaptive filter”", US Pat. No. 5,526,426 (Jun. 1996).

Fig. 5 shows an example procedure proposed in this
embodiment of the invention for howling suppression.
The energies of various frequency bins of the transmit
30 (error) signal after processing every block of signals
samples are estimated and the frequency bin with the
largest energy is identified 33 as P,;. If P, is found to
have a relatively large energy, say, greater than a
threshold level T,, it is assumed that howling has
35 occurred at this frequency (bin) 35. The transmit



converting the received signal fromthe tinme-domain to a frequency-domain
'signal in a frequency-domain; filtering the frequency-domain signal into
*partitioned sections; converging the frequency-domai n signal,. nto

gggr egate sum of the partitioned sections; n~,;~r.r~T~t, T! ,aé2~r#{?r_clratap4 r w
~ .. 21 9°" Septenber 2003 22"d March 2004 converting the
frequency-domain signal in the frequeqpgy-domain to an output signal in the
time-domain; transmitting the output signal to a renote | ocation;
estimating a power |evel of the output signal by a short-tinme averagi ng of
a squar ed \wdlamalofat héhpar tfitdpractyscoinods dtherheattenusted- bgnai n si gnal ;

conparing e Raed C¥gbebe, 2R tdy eshahd | &YSlersfh ! B al gorithm
Sl ze \ﬁﬁg ki ?’? be?o&%%

step-size to a first step ¢ he power 1eve alTs e echo
t hreshol d IFRRIUeNGY] s@PPRED t FAUR1GSr | thim stipesdoBain aisecdiestep size

when the popearfdawed axeagdsarn heneebset Frshpiertpvals. whenai neiie second

' ' | | the first, st ize. 9. Th hod of claim 8,
Fur ther _corfPIAThgSeBPLFRy SHRSLAERT | Sim DBCT hESYi ke SEBE S9Pd%r an

initial terfbhmEnsoitmsigral onsanphes. r em)tiehe}hisn wiith Atheicusjest Iec_ho
e . S n
o dom ﬁ%ﬁ%é% i Tena b Shaprly ok, Fnd S5 a0 b 00 10 2
t r ansf or ne'WHehn§heorlagret t ehgroie ?¥eRi vedresfibed onumbert i o£- donai n
blocks, say K 34, and its present energy .estimate
10 exceeds a prescribed level, say Tz,‘it is ‘assumed that
howling has occurred at that frequency (bin) 36. The
transmit signal at this frequency bin is then attenuated
by a prescribed factor, say B, 38. Then, conversion of
the frequency domain samples to time-domain is executed
15 at IFFT 18. The time domain samples are the P/S 19
output (transmit signal) samples.

Actual implementation of the howling suppression scheme
has shown that it is robust to the selection of the
threshold level T, and T, and also to the attenuating

20 factors B, and B,. As a general guideline, a value of T,
about two to three times the largest signal energy bins
in the absence of howling and a value of T, about two-
third of T, was determined to work well. Typical values
that are suggested for B, and B, are about 0.25 and 0.5,

25 respectively. These also have been determined through
numerous experimental tests. ‘

The howling suppression mechanism discussed above was
included in the implemented AEC system and tested under
fairly harsh (difficult to handle) conditions. It was
30 generally observed that the suppression worked very well
under all conditions. The experiments were performed in
a 3-by-5 meter room and contained hard furniture
(wooden desks, almost empty bookshelves, and computers),
uncarpeted floor, and hard walls and ceiling. The

35 acoustical echo path measured in the room was about 200



to a frequency-domain signal in the frequency-donain; partition means for
filtering the frequency-domain signal into partitioned sections;
r~a'~~.lc!'"~, 1 ~~Db 4~~~ 22 9t" Septenber 2003 22"d “hiﬁhMgﬁﬂﬁoo4
sunmation means for converging the frequency-donain signal Tnhto an
aggregate sumof the partitioned sections; inverse transformer means for
converting the frequency-donmain signak4in the frequency-domain to an output
signél in the tinme-domain; output nmeans for transmtting the output signal
to a renpte | ocation; and isolation neans for separating the

frequency- dbikl Fsegepds . | RepHleequaresy icoimhenenbs Hoeahgdtha destaral ity of

frequency m@sehgeé@rgﬁgaébgg ?S@Hé fo@l's@ntﬂﬁé"n%rocgbg}oq{e t&e é)l rality of

frequency ns. having a |larg si gnal energy; adj'ustment neans

for attenu ‘?‘Fﬂfl??f’ek?? ecﬁ.n'éné‘&?r@orrﬂ@ﬂ@ﬁ‘t s apd tﬁéaﬁﬁéquencydxiﬁmemisl gnal
| ocated at diweoniond whEl®!tial Aty vﬂisféif:@ﬂ DI NP d¥m e ifd ;|51§5né act or
ir

I t .sj ener xc eds reshol d | eve
\gg:]glrjss?l care%€) é‘gar%ei | c&a6Ff %F‘&I sPﬁPrEFé’l £5t hiethisstof hr eshol d

| evel is atCowese, meﬂacnmd@st@_mueamimam Bodp nga bl dwd gbsSttise gnal
energy bin pést h@aé\@SEBEEfQ}cEH&A kRQ S%temelrggoo%tl%&bf%hg cgar‘\cel | ation

devi ce of clai wherein t first tor 1s abo
acoustic eclf:l"br@é el ¥he hybrid cdecyr tc simml ators 30t attenvabiosiwas second

adj ust nent akfuStéd@rtatd efaikl a1 éwelévENUSRCY 6 CARPONSELSi P {h8se
10 very harsh conditions, in all cases the howling

suppression mechanism acted quickly and prevented the
howling in the system.

The howling suppression scheme also works when howling
occurs at more than one frequency, even though the
15 scheme suppresses only one frequency bin at a time. If
howling occurs at more than one frequency, the embodied
mechanism suppresses one of them at any given time.
Because of its extremely fast reaction, the mechanism
easily reacts to the howling in other frequency bins and
20 suppresses them before they grow to an uncontrollable
statei,that is, before their corresponding amplitudes
become so large that the AEC enters into a non-linear
state. Although, simultaneous attenuation of multiple
frequency bins is also possible, attenuating one
25 frequency bin at a time sufficiently works well. Thus,
attenuation of multiple frequency bins is not very
critical. However, if attenuation of multiple frequency
bins is necessary, inclusion of this modification to the
howling suppressor is straightforward. For instance,
30 one can attenuate all frequency bins having associated
energies greater than T,.

Therefore, this invention solves the problem of howling.
It is a special solution compatible within the structure
of the PFBIMS algorithm. However, the invention is not
35 limited to the PFBIMS algorithm. Other implementations



f requency-domai n signal |ocated at the one of the plurality of frequency
‘bins by a,. .:~~1 T~ . 23 9t" Septenber 2003 22d March 2004 second

- factor when the | argest signal energy exceeds a second threzrs))a‘o and
remain to be the bin with the |argest energy over a prescri ed"‘%ﬁh@é@ of

bl ocks. 14. The acoustic echo cancellation device of claim13, wherein the
first threshold level is at |east. abg 2 times a value of an estinmated

| argest signal energy bin in'the abselice of howling and the second
threshol d level is about two thirds of the first threshold |evel. 15. The
acousti c ecHBR¥ ahk®? 1381qRh they ilpyegtted) Aephnd augher BPE ¢¥RIPlIestod@ct or i s

abouth. t2_5 &adantheesaemtw_ ags$ Otol scoaf;@ﬂt 0@15? d6tphe eg&p&b&c.&p@ .
cancel l atl on evice, C rysing. 1 npu neans r recervin a Sl al 1 n a
(i o dommi n FERTAGISY SRR o iSPETRIte: CERRS ISTPS0, FARBRCF Bt The
transfornmer fieeggefcy clwmecint, ngxahdneeceavidusi giqdermy t bénsi nes donai n
to a éfeque”&?{?Q&é@é& Sdtg%lﬁé | b3 b EGUERRYAIBR! Noe p%rnéﬂt.t%” {kgns for

filtering the fTrequency-dondinsignal into partitioned séctions; summat i on
means for cofvedyengyt hblnﬁethncéheonﬁiwlsliltywalsumm%magg*'legatlafsum of

;he partitgoﬂ6§e§§$£§PP§hd'ﬁ?ﬁﬁ?&ﬂrﬁﬁﬁﬁoﬁﬁﬁrpﬁﬁﬁﬁiféﬁ@d&!“@%ﬁﬁi@§the "
requency- dopai n n in the fregyency-domain to an output signal in the
ti me- domai n; E%ﬁ?pﬁbgngﬁﬁg“FBFYt'Paﬁgm gﬁaﬁg‘ [LF% tdd‘f"p’Lﬂ“?Pd’Ed‘Fs’t aRenot e
| ocati on \inverse FFT (IFFT) 18. These samples will then be the

10 actual output samples of the howling suppressor,

Double-talk detection is an important and necessary
block for successful operation of any AEC system. The
previous proposals suggest the use of power estimators
at the receive and transmit signal sides and comparisons
15 for detecting the double-talk state. See generally,
Miyamoto et al, “Double-talk detection in an echo
canceller”, US Pat. No. 4.894,820. Furukawa et al (US
Pat. No. 5,463,618) discussed some difficulties which
exist with the scheme disclosed in Miyamoto et al (US
20 Pat. No. 4.894,820) and proposed an improved method.
The Furukawa et al method, however, is expensive to
implement, since it requires a second adaptive filter
run at a decimated rate in parallel with the original
adaptive filter. The present application discloses a

25 simpler and more effective solution to the problem of
double talk.

A common problem to the methods of Miyamoto et al and
Furukawa et al 1is that both of them suspend the
adaptation of the adaptive filter of the AEC once a
30 double~-talk state is recognized. This is a problem,
since sometimes the echo response changes when double-
talk exists. An embodiment of this invention provides
a better way of handling the double-talk states by
reducing the step-size of the adaptive filter of the



24:°9°" Septenber 2003 22"d March 2004 additional transformer neans for
‘converting the output signal fromthe tinme domain to a transfornmed out put

signal in the frequency-donain; isolation means for separ atézmth%lj_gﬁ 200
transforned signal into frequency conponents located in a plurality of
frequency bins; determnation neans for identifying one of the plurality of
frequency bins having a | argest si gnaI1Fenergy; adj ust ment neans for
attenuating the frequency conmponents of the transformed signal |ocated at
the one of the plurality of frequency bins when the | argest signal energy
exceeds a tRAEEshoTnise\asiablas] katdi tiwnalevel enssad jesishantrest mewas f or

[ EL- Si I r ncy.-.donain.1p.
Cetranst or hﬁagﬁgﬁgff@% ok SRR g ot | BRHED Dt BaRioPidns
' oubdsitadinperi

cancel | ati offi & *n&erifd§t neans for receiving a signal in a
ti me-domai n having a block Iength smaller than a partition |ength;

t ransf or ner ng f vertin #]he received si na fromthe tinme-domain
to a frequer}i?(; -'do%naslq{lo“ﬁogrhnlglé)lkanng% e Q]F%%ﬁl%%%/-ﬁ_b%_ﬁl ,1%a?’[“}f’?1ibﬂeﬁ’éans for
filtéring tRdsclegesnéprdosaphvingnthe iprtab i dft dooed es¢a1kaNSTheUMMEL | ]gn
means Tor Comtpid pawbiicok! MRy, (ORI N HIMebe PloAPRLRARIE SUM O
the partitione ectjons; jnverse transtformner ~means for convert the
frequency- dﬁﬁ'ginﬁisi gl eFinaeed r Yuanshogdmiiimer @varasimmtosighal in the
ti me- domai nsqidB8&-MiFued\-6f the signal samples. The estimated
power 40, called P, . is compared with a threshold
- 10 level, Tirans.» If the estimated power, P, .., is smaller
than T, . 41, it is assumed that the AEC is not in the
double—talk state and, thus, the algorithm step-size, u
21, is set equal to K, 42, which is a relatively large
step-size. If the estimated power is larger than T,
15 41, it is assumed that the AEC is in the double-talk
state and, thus, the algorithm step-size, p 21, is set

equal to pu, 43, which is a relatively small step-size.

Since the double-talk detector works based on an
estimate of the transmit signal power, it may wrongly

20 assume a double-talk state when the adaptive filter part
of the AEC has not converged and the
reflected echo at the transmit 1line is excessively

large. This situation occurs when the AEC is
initialized, i.e., at the beginning of communication

25 when the AEC circuit begins to identify the acoustical
echoes of the room. This results in a selection of a

small step-size (4,) , and slow convergence of the AEC at

the beginning execution stages. This clearly is
undesirable. Fortunately, the problem can easily be

30 alleviated by leaving the step-size of the AEC at the
- larger value of iy for the initial seconds of
communication and then injecting a white noise signal to

the loudspeaker 1 and the adaptive filter 2 (during that

period) so that the adaptive filter 2 will be

35 sufficiently exited and converge fast. The AEC can



25' 9" " Septenber 2003 22"d March 2004 out put nmeans for transmtting the
‘out put signal to a renote | ocation; appraisal neans for estinating a power
*level of the output signal by a short tine averaging of a gﬁ ye of
the partitioned sections of the frequency domain signal; t|on neans for
conparing the power level to an echo threshold | evel; and response neans
for setting an algorithm step-size to first step size when the power

| evel falls below the echo threshold FZV and for setting the algorithm
step-size to a second step size when the pomer | evel exceeds the echo
thresholdlxaﬁ&r méemaﬂtdﬁmdseomﬂt§taprmhzeMQdenm¢Idpdﬂhmﬁmmkfirst

step size. (;q: coustlc echo cancell ation device of claim 17, further
conprising 1h T a.|zat|on means for setting the algorithmto the first step
size for an initial termof comrunication with a renote site. _: -:. _
:~fl~ .~ dynlike the method of Furukawa et al S Pat. No.

Al A AL. A9% AL, A9. AS. A" . AT . As. A{s. AsL. AL. A9AL Ahr . A%__h A9h A9U.
Ar.A@&L.A@h?q%@@(§¥&b@1the proposed double-tal or does

{vpke™ ZU] caydeadl &ﬁ\&&&iﬁféﬂ\é}ﬁ] %Mﬁﬁﬁ@a@tm@aﬁnm@a; caitogd caltca] cal] ca]
CRa]CRa]Ca]ga]mucg]%fﬂﬁier to implement. Despite its simplicity
practical tests have shown that it works very well.
This technique is much simpler than the previously
reported methods and still results in very good

10 performance.

It should be apparent from the aforementioned
description and attached drawings that the concept of
the present application may be readily applied to a
variety of preferred embodiments including those

15 disclosed herein. Accordingly, the . scope of the
invention described in the instant application should be
limited solely by the appended claims.
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located at the one of the plurality of frequency bins by a first factor when a largest

signal energy exceeds the first threshold level.

2. The method of claim 1, wherein the first threshold level is at least

about 2 times a value of an estimated largest signal energy bin in the absence of

howling.
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5. The method of claim 4, wherein the first threshold level is at least
about 2 times a value of an estimated largest signal energy bin in the absence of
howling and the second threshold level is about two-thirds of the first threshold

level.

6. The method of claim 4, wherein the first factor is about 0.25 and the

second factor is about 0.5.

7. A method for cancelling acoustic echo, comprising:

receiving an signal in a time-domain having a block length smaller than a
partition length;

converting the received signal from the time-domain to a frequency-domain
signal in a frequency-domain;

filtering the frequency-domain signal into partitioned sections:;

converging the frequency-domain signal into an aggregate sum of the

partitioned sections;
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identifying one of the plurality of frequency bins having a largest signal
energy;
attenuating the frequency components of the transformed signal located at
the one of the plurality of frequency bins when the largest signal energy exceeds a
threshold level; and
converting the transformed signal from the frequency-domain to a

retransformed output signal in the time-domain.

8. A method for cancelling acoustic echo, comprising:

receiving an signal in a time-domain having a block length smaller than a
partition length;

converting the received signal from the time-domain to a frequency-domain
signal in a frequency-domain;

filtering the frequency-domain signal into partitioned sections;

converging the frequency-domain signal into an aggregate sum of the

partitioned sections;
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comparing the power level to an echo threshold level;
setting an algorithm step-size to a first step size when the power level falls
below the echo threshold level; and
setting the algorithm step-size to a second step size when the power level

exceeds the echo threshold level, wherein the second step size is smaller than the

first step size.

9. The method of claim 8, further comprising setting the algorithm to the

first step size for an initial term of communication with a remote site.

10.  An acoustic echo cancellation device, comprising:

input means for receiving a signal in a time-domain having a block length
smaller than a partition length;

transformer means for converting the received signal from the time-domain
to a frequency-domain signal in the frequency-domain;

partition means for filtering the frequency-domain signal into partitioned

sections;
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frequency-domain to an output signal in the time-domain;

output means for transmitting the output signal to a remote location; and

isolation means for separating the frequency-domain signal into frequency
components located in a plurality of frequency bins;

determination means for identifying one of the plurality of frequency bins
having a largest signal energy; and

first adjustment means for attenuating the frequency components of the

frequency-domain signal located at the one of the plurality of frequency bins by a

first factor when a largest signal energy exceeds the first threshold level.

11.  The acoustic echo cancellation device of claim 10, wherein the first
threshold level is at least about 2 times a value of an estimated largest signal

energy bin in the absence of howling.

12.  The acoustic echo cancellation device of claim 10, wherein the first

factor is about 0.25.
13.  The acoustic echo cancellation device of claim 10, further comprising

second adjustment means for attenuating the frequency components of the

frequency-domain signal located at the one of the plurality of frequency bins by a

SURSTITUTE ~7r



$ 10%& ()-L3 109 ()- L-10%& ()- 3
10% () - 10% () - DaRgdEnb@! ! L10%& () -33v! 10%& () - 9(“‘)September 2003
9@ 0% ()-S910%&' ()-L10%&' ()- s 10%&' ()-gXj dEmb@! ! - 10%&' () 5-ng
LI +: 109%' ()-&S) 10%& ()- && S109& ()- ""109%& ()- & 10%& ()- Wme¥eF208cc
10GG 10GE | =10%3G&' () -99610%& ()- 4109 ()-1109%& ()- 9/ 109%& () - #XaBSE70!
 LF109&' ()- 9 109 ()-9-109%& ()-s 109%& ()-9
igg/ﬁ I(' ) - ﬁg%%fé{@t%@@ﬁ%@mst signg? energy exceeds a second threshold level and
10GELY109%& ()-", ! 109%&' ()-&109%&' ()-  @O0%& ()-& 10% ()-&L0%& () - GZ{ dESE70!
10GG 10%@empir fobel thesbin with@ha dargest)endiiy 696 4 prasthBEYBUMbeof blocks.
109& () - FPl moxnb@'! 10G &ML0%5& ()-S 10 10
10" | =109%& ()-L4109%& ()- 1109 ()-9/ 10%& () - CdEmb@!
14.  The acoustic echo cancellation device of claim 13, wherein the first
threshold level is at least about 2 times a value of an estimated largest signal
energy bin in the absence of howling and the second threshold level is about two-

thirds of the first threshold level.

15. The acoustic echo cancellation device of claim 13, wherein the first

factor is about 0.25 and the second factor is about 0.5.

16.  An acoustic echo cancellation device, comprising:

input means for receiving a signal in a time-domain having a block length
smaller than a partition length;

transformer means for converting the received signal from the time-domain
to a frequency-domain signal in the frequency-domain;

partition means for filtering the frequency-domain signal into partitioned
sections;

summation means for converging the frequency-domain signal into an
aggregate sum of the partitioned sections;

inverse transformer means for converting the frequency-domain signal in the
frequency-domain to an output signal in the time-domain;

output means for transmitting the output signal to a remote location:
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having a largest signal energy;
adjustment means for attenuating the frequency components of the
transformed signal located at the one of the plurality of frequency bins when the
largest signal energy exceeds a threshold level; and
additional inverse transformer means for converting the transformed signal

from the frequency-domain to a retransformed outpuj signal in the time-domain.

17. An acoustic echo cancellation device, comprising:

input means for receiving a signal in a time-domain having a block length
smaller than a partition length;

transformer means for converting the received signal from the time-domain
to a frequency-domain signal in the frequency-domain;

partition means for filtering the frequency-domain signal into partitioned
sections;

summation means for converging the frequency-domain signal into an
aggregate sum of the partitioned sections;

inverse transformer means for converting the frequency-domain signal in the

frequency-domain to an output signal in the time-domain:
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time averaging of a squared value of the partitioned sections of the frequency-
domain signal;
relation means for comparing the power level to an echo threshold level: and
response means for setting an algorithm step-size to a first step size when
the power level falls below the echo threshold level, and for  setting the algorithm

step-size to a second step size when the power level exceeds the echo threshold

level, wherein the second step size is smaller than the first step size.

18.  The acoustic echo cancellation device of claim 17, further comprising
initialization means for setting the algorithm to the first step size for an initial term of

communication with a remote site.
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