1 B JAN 7005 RESI DUAL ECHO ESTI MATI ON FOR ECHO CANCELLATION Field 5 The
present invention relates generally to echo cancellation systens, and nore
specifically to systens for reducing residual echo in echo cancel I"aEt A
sy'st ems. Background of the Invention 10 In "speaker phone" applicati 091 Q
"near-tal ker" is the person using the speakerphone, and the "far-tal ker" IS
the person on the far end of the tel ephone line. The far-talker's speech is
broadcast (played through a speaker) into the room (or other acoustic
encl osure) that houses the speakerphone and the near-tal ker. An echo 15 is
produced by theRESIDUAIKECHO ESFEMATIONBEORIEGHO CANCELLAFIONom and bei ng
subsequently received at the m crophone. Acoustic echo cancelers (AEC) are
used to cancel the echo received at the m crophone. The acoustic echo
canceler is typically an adaptive filter that nodels the various echo paths
in the room Extrene cases exist where the acoustic echo canceler briefly
fails to cancel the echo, such as 20 pj.f onged double-talk or rapid
near-tal ker novenent. In these cases, ar-tal ker mght hear a short burst
of his/her own voice as an echo. Residual echo suppression techniques
attenpt to renove the echo that renmains after acoustic echo cancell ation,

t hereby preventi R@elvlhﬁnf mwent@lnnglat% generallyda echogranertiatipusystesswand e stil |

al I owi ng the near S v0| ass h 25 undi turbed Resi dual

echo suppr eg’gf%*ﬂ’e?;@. E’tﬂtﬁ&‘erﬁ%l é“ﬁﬁié’ gf?féf}“é[ﬁﬁgg&ecglp CapeelAlifn STy paper s
have been published describing the work. Exanples include: S. Custafsson,
et at, "Conbined Acoustic Echo Control and Noi se Reduction for Hands-Free

Tel ephony, " Si gnal Processi ngBa%@mmﬁﬂoﬁmp.}n\?@hﬁﬁ, 1998, hereinafter
referred to as "CQustafsson;" an . Turbin, et at, "Using Psychoacoustic
Criterid0in
| In “speakerphone” applications, the “near-talker” is the person using the
speakerphone, and the “far-talker” is the person on the far end ofthe telephone line.
The far-talker’s speech is broadcast (played through a speaker) into the room (or
other acoustic enclosure) that houses the speakerphone and the near-talker. An echo
15 is produced by the far-talker’s speech propagating through the room and being
subsequently received af the microphone. Acoustic echo cancelers (AEC) are used to
cancel the echo received at the microphone. The acoustic echo canceler is typically
an adaptive filter that models the various echo paths in the room. Extreme cases
exist where the acoustic echo canceler briefly fails to cancel the echo, such as
20 prolonged double-talk or rapid near-talker movement. In these cases, a far-talker
might hear a short burst of his/her own voice as an echo.

Residual echo suppression techniques attempt to remove the echo that
remains after acoustic echo cancellation, thereby preventing the far-talker from
hearing such bursts while still allowing the near-talker’s voice to pass through

25 undisturbed. Residual echo suppression techniques have been the subject of
research, and papers have been published describing the work. Examples include: S.
Gustafsson, et al., “Combined Acoustic Echo Control and Noise Reduction for
Hands-Free Telephony,” Signal Processing, Vol. 64, pp. 21-32, 1998, hereinafter
referred to as “Gustafsson;” and V. Turbin, et al., “Using Psychoacoustic Criteria in

30 Acoustic Echo Cancellation Algorithms,” Proc. IWVAENC’97, London, pp. 53-56,



30 Acoustic Echo Cancellation Al gorithns,” Proc. |IWAENC 97, London, pp.
53-56, 1 8 JAN 2005 Sept. 1997, hereinafter referred to as "Turbi ﬁ]."@ﬁ[ﬁite
ongoi ng research, current residual echo suppression techniques a & 8t
conpletely effective in renoving residual echo. Brief Description of the
Drawi ngs Figure 1 shows an acoustic echo cancellation systemwth residual
echo estimation; Figure 2 shows a first portion of a cross-term cal cul ator;
Figure 3 shows a second portion of a cross-termcal culator; and 10 Figure 4
shows speech activity detectors in a speakerphone context. Description of
Enbodi nent Sepn 199 heRinatet refende taisl ‘Guries cDéspite ofigodig teberehybaeinent s,
reference is nmade 15 to the acconpanying draw ngs that show, by way of

i |1 ustrat i aesiduspeatiofsuppressiamdiechainuss ine nphécniplethly eiffectevetin semorayg be practi ced.
In the drawings, |ike nunerals describe substantially simlar conponents

t hr oughout Tﬁ%g"%é‘?@r al views. These enbodinents are described in sufficient
detail to enable those skilled in the art to practice the invention. O her
enbodi ments nay be utilized and structural, |ogical, 20 and el ectri cal

changes qmy be nade Wthoutgﬂgmgsrchggoﬁgpmetm%“qﬁ%ge of the present

i nvention. Mreover, it is TO be understoo a e various enbodi nents of
the invention, Rigirbduspgbweard doengittechacanceltdtionaystan avith rgsidua eclol y excl usi ve.
For exanple, a _particular feature, structure, or characteristic described
in one enbcd§lMehel;may be included within other enbodi nents. The foll ow ng
detailed descripti onzi?l th?r«%f ore iS not to b@ [aken in a limting sense,
and the scope of 'BHE 25PRWR AL RIURPOHA OSSR Ay 2%l y by t he appended
claims, along wifipulB&nbub b s&6aRBotion N LA RBNSaleflaMH £ Such  claims are
entitled. The nethod and apparatls of the present invention provide a

mechani dtn to Figure 4 shows speech activity detectors in a speakerphone context.

Description of Embodiments

In the following detailed description of the embodiments, reference is made
15 to the accompanying drawings that show, by way of illustration, specific
embodiments in which the invention may be practiced. In the drawings, like
numerals describe substantially similar components throughout the several views.
These embodiments are described in sufficient detail to enable those skilled in the art
to practice the invention. Other embodiments may be utilized and structural, logical,
20 and electrical changes may be made without departing from the scope of the present
invention. Moreover, it is to be understood that the various embodiments of the
invention, although different, are not necessarily mutually exclusive. For example, a
particular feature, structure, or characteristic described in one embodiment may be
included within other embodiments. The following detailed description is, therefore,
25 not to be taken in a limiting sense, and the scope of the present invention is defined
only by the appended claims, along with the full scope of equivalents to which such
claims are entitled.
The method and apparatus of the present invention provide a mechanism to

estimate residual echo in an acoustic echo cancellation system. An adaptive filter



estimate residual echo in an acoustic echo cancellation system An adaptive
filter, 2 18 JAN 2005 produces an estimate of the echo, and subtractls A1l
estimate of the echo fromthe mcrophone input signal. Wen the echo, and
the estinmate of the echo, do not closely match, an undesirabl e residual
echo remains in the signal. The nethod and apparatus of the present

I nvention provide a residual echo estimator that separately estimtes 5 real
and i nmagi nary conponents of the discrete Fourier transform (DFT) of the
resi dual egphaivses imcsstimatesifnlienghstzat isstitiacaithe esdapendehcehbdtonethn t he vari ous
conponents of the m crophone_input signal. The residual echo estimtor

cal cul at es nnpmhqar@anptamgniaha‘yhﬁaﬁhy %@%@ﬁ?ﬁl%? abtha sehas de Bt ahelyon of the

m crophone i npu t . the echo., A.di ent .a xi mation is used
Gepend ng. dPttehan NEAS e fsidigtivend Al 15 thg gl 1, The DA FREAPRARNSC R k5 ng
Figure | s | echo
estimati onhbq?e@gﬁé oﬁggﬁ?%&??\\%&f& ﬂgﬂgggﬁgﬁﬁgk(?tt*dﬁg?ﬁﬁgy %gglg#%ual echo
estimat of rézEREEbl uﬂ;ageinaryumg@neﬁ&%ftmlmé Bohuridr irafsfoivh DFTjofens t 120, speaker
106, and m crophone 128 eaker phone 102 can include many other circuits
such as 15 rpmdwésdmr\sgth@ﬂrpssuﬁmngrséansam indepenidetas. bemw thef varkus e ot her

circuits are omtted rom ure 1 to ecle rly show novel  portions of
the presentCOTRPBHYS B egb%TaRfé"rqﬁH]Hﬂ'é“gﬁﬁ ﬁfﬂslﬁi&g]s céggg}g%artorl afE’)Fét pl ays

h f h f d
specch 1ol I LR KBS, corf e IEL uPBRRGl g SERERIGEBREIATS o7 ent
al so del ayeﬁ%m\vtikﬁbﬁxh&édheuwdlftf@r%npippafxlﬁmlmg ﬁﬁbd%?érﬂili BortwRAhdthe 20

adaptive fil 112. In some enbodi nents, speech data on node 104 is digital
dat a. | A0t hesetallerbodionthatfe;talkedirgtdlahg t o- anal og (DY A) converter converts

digital data to an analog waveform for, play by spe 6, Also in these
enbodi nent s, deléﬁ"r@ﬂrséﬂ 2 PPELER oned’é‘thag"(]i‘f’ﬁﬂcﬁllatﬂ@laé‘gr%ql“g%?ﬁhosuch as a

register fi és%nﬁqioﬁ.hgﬁetakérﬁ%fet ﬁ)@'mélﬁ'de@taﬁ'fﬁ)rnve filter 112, residual echo estimator

(REE) 116, summer 124, noise reduction (NR) circuit 120, speaker 106, and
microphone 128. Speakerphone 102 can include many other circuits such as

15 processors, amplifiers, and the like. Many of these other circuits are omitted from
Figure 1 to more clearly show novel portions of the present invention. Speakerphone
102 includes speaker 106 that plays speech from the far-talker. Far-talker speech is
received from the far end on node 104, and is played through speaker 106. Speech
data on node 104 is also delayed by delay circuit 108 prior to being operated upon by

20 adaptive filter 112.

In some embodiments, speech data on node 104 is digital data. In these
embodiments, a digital-to-analog (D/A) converter converts digital data to an analog
waveform for play by speaker 106. Also in these embodiments, delay circuit 108 can
be a digital delay element such as a register file or shift register. In other

25 embodiments, data on node 104 is analqg data. In these embodiments, delay circuit
108 can be an analog delay element, such as a lumped or distributed analog delay
line. Delay circuit 108 can be a fixed delay or a variable delay. In general, when the
echo path is larger, the delay in delay circuit 108 is larger. For example, when

speakerphone 102 is used in a car, the echo path is short and the delay of delay circuit



25 enbodi nents, data on node 104 is analog data. In these enbodi nents ﬁﬁi@%
circuiit 108 can be an anal og del ay el enent, such as a |unped or diéﬂiﬂ 0
ahal og delay |ine. Delay circuit 108 can be a fixed delay or a variable
delay. In general, when the echo path is larger, the delay in delay circuit
108 is | arger. For exanple, when speakerphone 102 is used in a car, the
echo path is short and the delay of delay circuit 3 18 JAN 2005 108 is
short. Also for exanple, when speakerphone 102 is used in a | arge conference
room the elBas gkt Also fooegenpleanicbntsheakephaye HI2 islededyin ailargeicdnfdOicei s
correspondingly |longer. In operation, speaker, 106 plays the far-end speech
into an acoQam; the eshapah isderashtand fie delayof delaysircuyiol 0By petresRondangly t i ¢
enclosure i s received at mcrophone 128. The effect of the acoustic

encl osure oR%%e echo is represented by bl ock 130, which contains transfer

function Hl. Thay, Jhsatih %%é(fféﬁ?ﬁ%}rs%@%ﬁgm{sr QL igi%g?ka%us%i% is operated

upon by transfer fdnctidn s then receive m cr ophone 128. In

addi ti on5t OerebAmEntg Aal ecl@sighal 61, dphnHE addbticdsbsiiRieieceised@ar 10 end speech
signal so and near-end noi se signal vO0. Near-end speech signal S.
represent s Bigerhioné 1 2%n Remaffertoiitbe achgicaanclopite lon dhepseho isampresgntediyct i on HZ,

shown in b]ock 132, ,and noise sigpal.vq. represents noi se 138 as nodel ed by

transfer fu £ bﬁh "‘1111?% ORBS t’iaﬁSijﬁT g‘BR““P%ﬂL‘ %a&‘rsd%ﬁ?ynépef%ﬂ,’lai"ﬁlet?@f‘or e,

receives th eakd186 i/ herardd %ﬂ% u\énsférTﬂhaiJnS}lsgr?&’\Q tﬁ%ﬁrgpeg\%djages as zo. 15 yo
ggr e, undesira

and vp , at east %O one CP represent e conponents of zp.

For exanpl epmjiyOplone 108 BCAARIGAYS 66hold¥enhl'e £R4EPHONE 126 alSPRBKEs ndf and
m crophone 128. When a | arge conponent of yo does not get canceled, and

becones 1par enddpetdissigml gral nearind bask sigoaltvheNearend npeech kgndlasy - t al ker can
hear his/her voice after undergoing a delay, and this can cause confusion

during a phetpeesguts ppeegh) Homigpr-ta. teas modeled Yygrapsfeyfagign Hasbewn ithen t he
far-talker BRAL 32 h§h9Re ATRHY rQleshR BSive PV asIbRIGRY ol Rl iltBion
H,, shown in block 134. Microphone 128, therefore, receives the sum of y,, s,, and
v,. This is shown at node 126 as z,.
15 y, and v, , at least to some degree, represent undesirable components of z,.
For example, y, is the echo caused by the coupling of speaker 106 and microphone
128. When a large component of y, does not get canceled, and becomes part of the
signal sent back to the far-end, the far-talker can hear his/her voice after undergoing a
delay, and this can cause confusion during a phone call. Also for example, if v, is
20  unduly large, then the far-talker hears a large amount of noise, and this can interrupt
a phone conversation. In contrast to the above, the near-end speech signal is, in
general, a desirable component of z,, When the near-end speech is faithfully
transmitted to the far end, then effective communications can take place.
Adaptive filter 112 approximates the transfer function of the echo as I:I1 ,and
25  generates an estimate §  of the echo signal y, from the delayed far-end speech signal
X,. Summer 124 subtracts§_ from z, to create e, on node 122. Adaptive filter 112
can be any filter suitable for use in an adaptive echo cancellation system. Examples
include, but are not limited to: S. Gay, S Tavathia, “The fast affine projection
algorithm”, Proc. IEEE ICASSP, Detroit, USA, 1995. pp. 3023-3026; and G.



a phone conversation. In contrast to the above, the near-end speech 15[%‘]9[@005
is, in general, a desirable conponent of zo. Wen the near-end speech*T
faithfully transmtted to the far end, then effective comrunications can
take place. Adaptive filter 112 approxi mates the transfer function of the
echo as A, and 25 generates an estimate y. of the echo signal ya fromthe
del ayed far-end speech signal xa. Summer 124 subtractsto fromzo to create
eo on node 122. Adaptive filter 112 <can be any filter suitable for use in
an adapti v&latkpK cBabedidigtS. dheslpsitiznt A Enidie veesv: Eifficént deast dgudresar e not limted
to: S. Gay, S Tavathia, "The fast affine projection _algorithni, Proc. |EEE
| CASSP, Detfantive alggnthmsgiosk IRyfansyersal fignag, Signal ProgessipgiMagemings enti s, K.

Berberidis, S.,The LidlS,aaA Unified view Efficient |east squares
adaptive alvﬁ[?#ptlfﬂrgg%&rﬁ“ﬁ K% ansversal filtering " |EEE Signal Processing

~Magazi ne, vol. zl_@ Ale, ﬁgrgputth%ﬁd&a?%alo gsﬂma%()?’ll?e cPrafll o sifiite O

resi dual echo esti"iat or to generate an estinma roof the residual

echo. The riesi theatsi@anechss Thewdsriualethe estififte kmtbéltard Mpitab a6isé fduaidnon  (NR)
circuit 120 to reduce the residual echo in eo. Ideally, $ o would natch vy.

exact |y andN&) cixouit t2(ctonmeduica therrksidiah echoaae; eldeallyp gewlouki matell ysa and per haps
sone background noise v.. However, this is practical Ial i npossi ble and ep
al ways conteAreily and sgwounldrgntaingmly dsingergndspersh signal sy and pghapsisome oo = so +

Y. Wh the far-tal k 10 is.sil . - =0 t i t to.th i
educt 1 on aPgeRryHae i o Ve Bisch Rl impe el ol e the - °
far-tal ker dogeaaiduti€of ikdiGual BHoSE" r?é@;ypymeé Lrahlye [CoOunRRGNI S alKee! udes the

background noi se va along with &cl Noi Se Peddction <circuit 120 uses a

noi se spectis sllene i i=NG the idput to te Kok eedoabonr dgaithm ieginpbapkaghlzd noi se. The
quasi -stationary residual echo is estimted separately via the residual 15
echo est i metaskeromeiEpoiseNAVhen thy &3-tallsen is aefivgsibagneise dapendesieablanoj se" esti mate.

'n some enbodl TE0kS) mA2i&thd BUUELL T ndd ¢ Mg it LR Y CoNGsE IbirdAmount of
circuit 120 uses a noise spectral estimator to track the near-stationary background
noise. The quasi-stationary residual echo is estimated separately via the residual

15 echo estimator (REE). NR is then applied using a composite “noise” estimate.

In some embodiments, noise reduction circuit 120 leaves a small amount of
near-stationary background noise to mask residual echo. This can be accomplished
using algorithms discussed in Turbin (see background, above).

Any of a large class of speech spectral estimators could be used to modify the

20 noise power spectral estimate to include residual echo. Examples of suitable noise
reduction algorithms and circuits can be found in: S.F. Boll, “Suppression of acoustic
noise in speech using spectral subtraction,” IEEE Trans. Acoust. Speech Signal
Process. ASSP-27 (April 1979) 113-120; and Y. Ephraim, D. Malah, “Speech
enhancement using a minimum mean-square error short-time spectral amplitude

25  estimator,” IEEE Trans. Acoust. Speech Signal Process. 32(6) (December 1984)
1109-1121.



near-stationary background noi se to mask residual echo. This can be
acconpl i shed wusing al gorithns discussed in Turbin (see background, fbdijil
Any of a large class of speech spectral estimators could be used to nodify
the 20 noise power spectral estimate.to include residual echo. Exanpl es of
sui tabl e noise reduction algorithns and circuits can be found in: S F.
Bol |, "Suppression of acoustic noise in speech using spectral subtraction,”
| EEE Trans. Acoust. Speech Signal Process. ASSP-27 (April 1979) 113-120;
and Y. Ephraim D. Ml ah, " SpeRsiduaEBéiaitstitionusi ng a m ni num nean- squar e
error short-time spectral anplitude 25 estimator,"” |EEE Trans. Acoust.
Speech Signal PPoeewsik Bgwtalsson (weatbackeromd) aboygpysumes thatdheia grig’AN 2005

Resi dual Echo,Esti.mati.on Pri k. by. Gust af _back d, ab

resunme. t harEDedro S Tisce il Vi e B TS el R b em ed o1 5 a
| -val ' ion F lied to the adapt i

F it er out dupetoR B kB LRBRRG fEbREbON B EoD o e et on 1o e

E{1Yn(k)h) (1) E{1Z ,(K)I'"'} - E[LE"(K)I1Z,- E{[1Yn(k)I2} f R(K) _ E{I Zn(k)

(") E{I E k) 42) + E}( n(k)kEéi (é)_ﬂﬂkye %apital | etters represent the

di screte Fourier transfByjd, s* & Y, 1Wé*\cor r espondi {Y) var i abl es
represented by small letters. For dxz E,(‘k) represents DFT conponents
of e,

5 The mapping function is .

_ Elz,®P - EIE,®P - E1T,BF
E|Z,® P - E|E®P + E|T,®F

F (k)

n

where capital letters represent the discrete Fourier transform (DFT) components of
the corresponding variables represented by small letters. For example, E (k)
represents DFT components of e,.
Gustafsson omits details on estimation of E {|Z,(k)P'}, E{[E,(&)I'}, and
10 E{]| fn (%) |*} from their Work cited above, but they are typically estimated using a
“leaky average” of sample values. Experimental results obtained using Euclidean
distances between the true and estimated residual echo power spectrum to measure
the success of the estimator showed that instantaneous values give very good results.
Also in Gustafsson, F, was divided into subbands and each F (k) was replaced by the
15 average value in its subband, although the number and width of the subbands were
not discussed. Where E{| 7 (F)|*} was too small, F,(k) was not included in the
average. Experimental results indicate that low estimation error is achieved when the
subband size is one DFT bin.
Equations (1) and (2), above, make two assumptions: that F, is real-valued,
20 and that s, v,, and y, are statistically independent. Experimental results using

equations (1) and (2) for residual echo estimation yielded signal-to-noise ratios of the



GQustaf sson omts details on estimation of E (Zp(k)I12}, E{IEo(k)j2}, @Bd,q&? g
{1 ' Y(k) 1Z} fromtheir work cited above, but they are typically es$ AN LW
using a "leaky average" of sanple val ues. Experinental results obtained

usi ng Euclidean distances between the true and estinmated residual echo
power spectrumto neasure the success of the estinmator showed that

i nst ant aneous val ues give very good results. Also in Gustafsson, F. was

di vided into subbands and each F. (k) was replaced by the 15 average value in
i ts subbandstiratédRyidbaltebko Spectiiith o] £itbastodboubP 0 SIBO bRtie@erivdtiod of not

di scussed. Were E 17,a (k) 1') was too small, F.(k) was not included in the
aver age. Eepeatioméh)iahow dssgiigsed,ivithi theitveo ashemptianw immindvalliedwoer ror i s achi eved
when the subband size is qQne DFT bin. Equations (1) and (2), above, nake
two assunpEFEPhoptae removed, ndLhe psylisae thewpreseied hat so, v., and yo are
statistically independent. Experinmental results using equations (1) and (2)
for residual echo estimation yielded signal-to-noise ratios of the F (k) 1
8 JAN 2005 esti mpt&NR-ERd AbRuregrenowRower spectrum of, at best, about 2.0 dB.
The derivation of equation (2) is now discussed, with the two assunpti ons
in mnd. The two assunptions are renoyed, and the results are then
presented. 5 The SNR-Ii ke neasurenent S {ﬁ’{k){ﬂ‘r E (IR'(k)IZ)Z 1 E 10loglo
~ k=0 NKn=o EO ({.R (K2 - ~R( i ) 2n

o
N,Eo €10 k-1

s (L,®P - [R,®?’
k=0

The residual echo spectral components

R® = Y, - 7,0 3)

are related to the echo Y, (k) by defining a real-valued transfer function F, such that

R, (k) = F (k) Y, (k) 4)

Assuming that the mapping function F, is real-valued, substituting (4) into (3) and

yields
| 7. = [1-F,®] Y,® )
10 which leads to
E\T,® - WE{D‘;W} ©)

Using the relationship of (4) in (6) yields



k= The residual echo spectral conmponents R (k) = Ya(k) - n(k) (3) are
related to the echo Y. (k) by defining a real-valued transfer functi on1 ft JAN 2005
such that R* (k) = F (k) - YY(k) (4) Assum ng that the mapping function F.

is real-valued, substituting (4) into (3) and vyields 10 which leads to t

(k) =11 - FK)Y] n(k) (5 I (k)YI2Efl PP (k) EI Y'(k)'2) tl-F Using the
relationship of (4) in (6) yields (6) 7 1 6 JAN 2005 EfJRn(k)1Z = F, (k) 1 .
E{I Y (K)I2 (7)) 1 - Fn (k) } Assuming that % vp, and yo are statistically

i ndependent and zero nean, the EEllovvln Jelationships hold true. EI? (k)

", = E(IS kf2EIV | Z] Bk I E" (k) I = E{ISn(k)I2
t E{|v§k)|n( )+ E({IRn( 3? l(z;sb) ) ct%mtﬁz}é& (frogn%Sa) é@d{ nto12)
substituting from (6) and(?) yle ) E{I1? (k))2)-E{IE. (k)I2)= ~1

Pn(k))2 (I Pn(k=2 E{1Y (k)12 (9a) ( 1-Fn(k))2 * tE[1Z"(k)12) - E{I1En(k)I2))
= (1-F' (k)" E{4Yn(k)I2) (9b)

Assuming that s, v, and y, are statistically independent and zero mean, the

following relationships hold true.

E(z,®1 = E|S,®7 + E\V,®P + E)7,®P (82)

EJE®P = ENS,®P + ENV,B, + E|R,BP; (8b)

5 Subtracting (8b) from (8a) and substituting from (6) and (7) yields

Fik
E{[Zn(k)]z}-E{[En(k)]if{ 1 F®

E Y (D) 9
t(l'F,.(k))2 - F, (k) RAGISIRELY

L-F,® - E(Z,007 - EJE,®Py) = 0-Fi®) - E(T,B ©b)

Solving the quadratic equation for F (k) yields two solutions, F (k) = 1 and the more

meaningful solution:

E(Z,® - E(E,®( -~ E(|?,®

F,® = - - A
E\Z,®) - EQE,BP + EQT,®

n

(10)



Solving the quadratic equation for FL(k) yields tw solutions, F.(k), = 1 and
the more rmeaningful solution: _ E{IZR(k)12}-E{IEn(k)12)-E{1]~(k)I2}8 pAN
E{1zZn(k)12) - EEn(k)I2] + E{iyn(k)lI21 (10) 8 1 8 JAN 2005 Experi nental
results with so = 0 showed that the error in the determnistic mapping is
due to the two assunptions in the derivation: that F is real-val ued; and
that so, v., and y, are statistically independent. Experinental results
showed that a 5 nore accurate residual echo estimte was achieved with a
non-real -val ued mapping function F that had been derived w thout the

assunption of sgatistical ipdependence. Repoval of Assupption that F is
Real - Val ued Let ?‘PF@‘TF’%"G%F—S“ES, W(tﬁ)‘n ioﬁpwg(tgﬁot,tﬁ%ﬁéordﬁﬁ SHEMPSYS definition

t hrough (4) .and 10 into (6) .and. ( and finglkd.y i eads to a
famly of érbapﬁ?]gdsn%&tﬁéﬂﬁtgoqaﬁ%] pé'tofl%m tg%]g%ﬂ iag(r)ll.l' t@ﬁgnlgll—%aql'%%l‘%§£i)agéfor ced to
zero, the gphyt \'C,’Qmp% zﬁé—g)niétﬁal'l)eﬁihélz__}kﬁﬂient.wﬁgefma(tﬁ)resdlﬁ shQi&Bfatla® zero, the
solution is Fn(kY = B1? (k)I"} - E[IEn(k)TZ} - EI Yt(k)I1Z EI1z2"(k)1Z} -
E{ 1 E" (k)3 Z)more Echirate fekifihd eclox @tifriateewdsadchicesdwitls a abovent-vhllned mappisg choi ce was
not necessarily better than 15 that already proposed. Restructuring the
probl em hdvwstien F thatddd been derivedwithowy thoassumeision ed statisficabiadependqugy.  separat e
mappi ng functions can be used for the real and imaginary parts of R (k).
Rn(k) =F "(k) - Y (k) (12a) R (k) = F,n(k) P (k) (12b)

Removal of Assumption that F is Real-Valued
Letting F (k)= F, (k) + jF; (k), and carrying this definition through (4) and
10 (5), into (6) and (7), and finally into (9) leads to a family of solutions to the quadratic
equation. When F, (k) is forced to zero, the solution of (10) is realized. When F (k)

is forced to zero, the solution is

F (k)

n

_ \[ E|Z,® - EJE,®P - E17,0BP an

E(Z,®P) - EJE,®P) - E(T,® P

Experimental results showed that this choice was not necessarily better than
15 that already proposed. Restructuring the problem, however, leads to an unambiguous
mapping. Instead of (4), separate mapping functions can be used for the real and

imaginary parts of R (k).

an (k) = Frn (k) ) an (k) (123-)

R, (k) = F, (b)Y, (K (12b)



9 18 JAN 2005 This leads to separate solutions for the real and inaginary
parts.. Equation (10) is replaced by two solutions of the formF, n(k}* & J&N 2005
~ (k) - E~ (k) - Y,?2, (k) Zn(k)-E, ,,(kY"(k) (13) This approach leads to a
significant inprovenent in the experimental results. The residual echo
estimate inproved to 45 dB SNR (noise free case with no near 5 talker). The
nunerically well -behaved formul ati on shown in (16), below, was also used to
attain this result. Renoval of Assunption of Statistical |ndependence

Renovi ngt hel'lss lagdsgo sepataté sudatpes derthercalsadnpagioary partn sEagtion (IOnis( 10) into 10
the foll ow ngl: F., (k) =.1 Z~ (el;_i) 12 - I E'(k) 12 - 2 Re{fn(k) (Sn (k) +V
(k))*) - | Tepipgest by 3wp solutignspof thedoym) | 2.2 Ref 2" (k) (SS(k) + V' (K))")+ | ]~(k) 12
(14) When conbined with (13), this beconmes two equations of the formF,, (k)
Z,, (k)-EER(K)-Yn(k) (S, n(k)+ Vrn(ky3my" ez, (k) - E (k) - Y,, (k)
(S, (k) +V,. (k) +1, ,}(‘rl’g)k)(:l'—?%'"quelg‘l’l:(z\qm?t"ggm depends on tvgqg)unknovms,

t he speech and noi se spectral Cﬂlﬁﬁ(kﬂe%tzs(k) T (ydpcertai nty in the

cal cul ati on of the mapping functi df has been "solated to the cross-term
estimate. Several choices were investigated for 15 approximation of the
cross-termincluding Zn(k)1 "(k), 9,1(k) YMk), and 0.5 [Z, (k) + 9, _r(k)1

B (k). Distortign ggprcgaréﬁ 1hao & sqgniﬁ@asnt {Trgﬁg{rjérr?eqlt &me re])((apelritrnaelfljfJ RS U

The residual echo estimate improved to 45 dB SNR (noise free case with no near

5 talker). The numerically well-behaved formulation shown in (16), below, was also

used to attain this result,

Removal of Assumption of Statistical Independence

Removing the statistical independence assumption tums equation (10) into

10  the following:

1Z,®) - |E,®-2 Rey, BE,® + V,0)" - |7,®)

ntY 2 2 P . p 2 (14)
1Z,®1*- |E,(B)]* - 2 RefY (B)(S,(K) + V, (k)" + | ¥, (R)|
When combined with (13), this becomes two equations of the form
ZZBH-EL®-T BE,®+V, &)-7 %
| F(® - a0 -EL B -Y 8BS, H+ V, (B)-Y & (15)

z,® - E,®-1,®E,,® « 7, ®) + T &

The cross-term depends on two unknowns, the speech and noise spectral
components. The uncertainty in the calculation of the mapping function has been
isolated to the cross-term estimate. Several choices were investigated for

15  approximation of the cross-term including Z, (k) 7 (6, Sn_l(k) y (%), and 0.5[Z, (k)
+ S’n_l(k)] b4 ,(&). Distortion of the near-end was measured as the Itakura-Saito

distortion between §, and s,. Far-end suppression was measured using the echo

10



di stortion between S. and so. Far-end suppressi on was neasured using the
echo 10 18 JAN 2005 return | oss enhancenent (ERLE). Including a cross-ter
was found to neasurably inprove residual echo estimation during 18JAN2005
doubl e-tal k. However, the near-end was not free of distortion and sone

resi dual echo was still audible. Results (discussed below) are shown in
Table 1. 5 Avoiding Nunerical Sensitivity Equation (7) is sensitive to

val ues of F.(k) near one. The alternative fornulation above also suffers
fromthis problen1 I.n one enbodiment, this situation is avoide using 10 R

z (k) = F, nieRym sespeghepceman; (ldy). gnchiding a prosy feym (g Iquad te mpasigad)ly - v, -, (k))
F~(k) i (16; 0.ze Kk r.Pin nall <
10(0§ TI(’II spm angr)g51§uagb§ 0er’?ﬁVlér%Ii/&‘f%rdé\?télm%quﬁé))‘?% ‘e’grri’ HeRt arfe(nrla)ev‘éul g The (
residual echg Gdidtomibe aﬁ@soﬁf'@lle@kl{lﬁte@ﬁjo Wi dtih)aulions, qv&ditd (fd%hﬁ&%él&wgat ely 2
dB to approximately 11.5 dB SNR (noise free case with no near talker) with
t hi s nodi f i emtshowm inTBabk01.No Cross- Cross- terne AEC Onl yNR Onl yterm
C}oss-Yt%rn11'(k) [Z, (k) +

Avoiding Numerical Sensitivity

Equation (7) is sensitive to values of F (k) near one. The alternative
formulation above also suffers from this problem. In one embodiment, this situation

is avoided using

2 2 +
Kb - [ F, (%) ) 2 gy - GO E 2 ®- 1,0 S, 0+ V,®)- 728 ”

1-F, (k) y (k)

10
and set R (k) to zero when f'rzn(k) or I};(k) is small (< 10.0). This change
substantially improved the experimental results. The residual echo estimate as
calculated in (1) improved from approximately 2 dB to approximately 11.5 dB SNR
(noise free case with no near talker) with this modification.
15
Cross- Cross- term=
AEC Only | NR Only N°tecr';’l > f:(CI:)nle(k) ;:’,.(k() :!ﬁ;'z(k) +
-1
No Noise
20 ISD -DT 9.795 9.207 4.425 1.001 0.956
ISD - Near 0.000 0.073 0.381 0.089 0.154
ERLE - Far 46.4 B 44.0 dB -23.8 dB 332dB 35.1dB
Noise
ISD-DT 14.523 9.182 4.321 1.142 1.081

11



(k)S.-r (k)]2 No Noi se | SD-DT9. 7959. 2074. 4251. 0010. 956 | SD

- Near 0. 0000. 0730. 3810. 0890. 154 ERIE - Far46.4 dB44.0 dB-23.8 dB33.2 dB35.1
dB Noi se | SD-DT14. 5239. 1824. 3211.1421.081 11 1 8 JAN 2005 18 JAN 2005
| SD- Near 1. 2190. 1240. 4560. 1560. 220 ERLE-Far53. 6 dB46.9 dB-22.7 dB-1.9 dB43.0
dB Table 1. 5 Sanple results for sinulated near, far, and double talk
scenarios with and w thout noise for various cross-terns. Table 1 shows
experimental results for sinulations with and wi thout near-end noise.

Speech di stortion—during near-and-single-talk—was—reasureqdq—as—the—ttakura 10
Sai to distoriSon NGD het ied8 sp afid2d4o. | The486 r esul 0d5ar e [show.226 r ows
| abel ed "ISBpyNear. T The edn Si [1s avai T I nc om
si mul at or \.@.E%Eﬂ_dﬁfrv gf n6e§%f f@yﬁcxeﬁgﬁé&' r.pt,"tl@gcg he i.%ltz’%(ura Saito
distortion was also used to neasure double-tal k performance. These results
are shown in rows |abeled "ISD - DT.Tabdmlaverage ERLE was used to neasure
performance during far-end single 15 tal k. These results are shown in rows

| abel ed ¥ ERLESampdg results fex simylated pearndar; andidouble talk sceppeipy Wb padi nput , t he
ERLE was normalized by the.pear-end.signal. so..ln both noisy and noise-free
cases, the residual echo W& (W%PPBEHHﬂgﬁggﬁﬁn??EgnﬁB ERLE) during far-end
single-talk when the cross termis set to zero. The cross terns appear to
be inmportant when the near-end is active. In these cases, better 20

per f ormance was Tibleal shees experonentd wesalts folr sindatono s&thtaad mithButriemgend
doubl e-tal k, i
noise. Speech distortion during near-end single-talk was measured as the Itakura-

(¢s)

10 Saito distortion ISD between §, and s,. These results are shown in rows labeled
“ISD - Near.” The clean signal s, was available since a room simulator was used to
genérdte the microphone input z,. The Itakura-Saito distortion was also used to
measure double-talk performance. These results are shown in rows labeled “ISD -
DT.” An average ERLE was used to measure performance during far-end single-

15 talk. These results are shown in rows labeled “ERLE - Far.” Instead of normalizing
by the microphone input, the ERLE was normalized by the near-end signal, s,. In -
both noisy and noise-free cases, the residual echo was well suppressed (-23 dB
ERLE) during far-end single-talk when the cross term is set to zero. The cross terms
appear to be important when the near-end is active. In these cases, better

20 performance was obtained using a guess at the cross term. During double-talk,
substituting ¥ B Z, (k) + §n_l(k)]/2 for the cross term provided very good results
(10-14x improvement in ISD). During near-end single-talk, using I‘;n(k) Z (k) in
place of the cross term gave very good results when background noise was present
(8x improvement in ISD). In both these cases, residual echo suppression was mild

25  and distortion of the far-end was audible.

The results shown above in Table form are now shown in separate equations
for each of the near-end single talk, far-end single talk, and double talk situations.
For near-end single talk, the real and imaginary parts of the residual echo are

estimated by a system using the following two equations.

30
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substituting YO(k)[ZZ(k) + Sp-r(k)1/2 for the cross term provided very good
results (10-14x inprovenent in ISD). During near-end single-talk,j ngJE@g[]US
t(k)2s(k) in place of the cross termgave very good results when background
noi se was present (8x inprovenent in ISD). In both these cases, residual
echo suppression was mld 25 and distortion of the far-end was audi bl e. The
results shown above in Table formare now shown in separate equations for
each of the near-end single talk, far-end single talk, and double talk
situations. For near-end singhe tal,k, the real and i,maginary parts of the
residual echo are esti 5(_1_ (%y.@“@y.é@érﬁn&@izn,@f Ke®BI | owi ng two equati ons.
30 12 1 8 JAN 2005 2 (4 "B (K)- ,(kl)l;,z "TK- Y (k))2 BMM Y' (k) For
far-end single talk, the real and imgi a(k\) parts of the residual echo are
estimated by a systemusing the followng two equations. 2 2 (Z(k)- E, ~(k)-
tm(k))2 = R mk} YC(k) (Z(k)-E (k)-Y~(k))2 R(k)=Y;(k) And for

doubl e-tal k, the real and i ma?}grt%r_yEzzgr_tf (%fz {ks@lﬁﬁtf)i"dual echo are
R:,(k)= in in in in in
()

For far-end single talk, the real and imaginary parts of the residual echo are

estimated by a system using the following two equations.

(Z2(0)- EX(0)- P2 (B

R Ry= -
7,
Ry G®E®-1,6F

()

And for double-talk, the real and imaginary parts of the residual echo are

' 5 estimated by a system using the following two equations.

(Z2(E)- EXB)- ¥, (XZ, (B)+ S, ()2- P (0P
Y, ()

R2(K)=

(Zaf0)- Ex(B)- P, (KZ, 0+ S,,,_ ,(O)2- Yok

Ro(h)= -
7, (k)

13



5 estimated by a systemusing the follow ng two equations. Rnm(k)= (Zrn(k)-

E . (k).(Z (k) +t,("_13(k))/2- t (k))2 t (k) 22(k) (Z4(k)- Ea(k)- t§gkpxQhop+
94, .-1~(k))'2- t (k))2 Y; (k) 13 1 8 JAN 2005 A residual echo estimtor
capabl e of calculating the cross-terns as shown above is shown in, and
described with reference to, the remaining figures. Figure 2 shows a bl ock
diagramof a first portion of a residual echo estimator. 5 Grcuit 200
generates the real part of spectral conponents of f,,, ep and zo. Signals

y' , eo and zp are shown on nodes 114, 122, and 126, respectively, which are
input to w ndow functions 202, 204, and 206 respectively. The index "n" is
t he bl ock i ndex.A r¢siduabedhpsblireatei ¢agable efcdlematingdhe eass-tsansgphoen, i ncl udi ng
rectangul ar,. Hanm ng, .or Hann w ndows. |n sope enbadi nents, w ndow

funct i ons 28PVEREHOVEE 28R destRbe BB ATEEREE 04 e WOMIBRBEHEent 5, AEC and NR
are perforned ingt | " | | | er

Transf orm ( FFT) n%ﬁgg%l?sghgg'ég%ﬁgt&a%%n Sﬁgﬁgsr?g&gglggf Qfeg}dgglnégﬁéa%%l lrlj(garquency

domai n repr efewtt 200 Sherafls thd\RalSlaet ik ecal coRdpoails 80y f QI arliS£, S{%mal& he residual
echo estimator. In other enbodi'nents, AEC and NR ar€" perfornmed in 15 the

frequency dgppd, and 2rue siosdioon tuldec ki, 202 ,an@ 0, respactR@B;, whichwed inpatsto FFT bl ocks
208, 210, and 212 are not present. FFT bl ock 208 genejates tre(k) on node
220, and pr Ymdeasiupefions 24b 208, andf08 respectvalye tibeandex A nwisi the blgeniadet es v, (k)
on node 222. FF'I'.t Iov%k 210 ener at eg E I%E) qn&i SﬂeU?I‘i n@ nct.l on 216
generat es k21 Fable W idqume fyncton-ran e gppliefl; imeiuding fecfangular, Hammigg, ofo 4o 232,
and provi desihRisRRR. 1PsGAM@NbRBMEME GHin@dly fimtBoi¥R M @LRR] Bdege 2. (k) on
node 232. Sumer 226 receives t2 ,(k), E (k), and

' 10  omitted.

In sorﬁe embodiments, AEC and NR are performed in the time domain. In
these embodiments, Fast Fourier Transform (FFT) blocks 208, 210, and 212 are used
to generate frequency domain representations of the signals y,, e, and z, for use in
the residual echo estimator. In other embodiments, AEC and NR are performed in

15 the frequency domain, and window blocks 202, 204, and 206, as well as FFT blocks
208,210, and 212 are not present. S

FFT block 208 generates fm(k) on node 220, and provides the same to
squaring function 214 which generates ¥’ :.(k) on node 222. FFT block 210
generates E (%) and squaring function 216 generates E‘;(k) on node 224. FFT

20  block 212 generates 2m(k) on node 232, and provides the same to squaring function
218 which generates 2;(k) on node 232. Summer 226 receives f;(k), E’;(k), and
- Z;(k) on nodes 222,224, and 230, respectively, and produces
22 (k)- EL(®)- 72 () on node 228.
Circuit 200 generates the real part of spectral components of §_, e, andz,. A
25 complete residual echo estimator includes another circuit corresponding to circuit
200 that generates the imaginary parts of the same spectral components.
Figure 3 shows a block diagram of a second portion of a residual echo

estimator. Circuit 300 receives signals on nodes 232,220,228, and 222, which

correspond to like-numbered nodes in Figure 2. Circuit 300 also receives a signal on

14



Z, (k) on nodes 222, 224, and 230, respectively, and produces Z~(k) IFMJ?WZUUS
Ym( k) .on node 228. Circuit 200 generates the real part of spectral '
conponents of fig, eo and zo. A 25 conplete residual echo estimator

i ncl udes another circuit corresponding to circuit 200 that generates the

i magi nary parts of the sane spectral conponents. Figure 3 shows a bl ock

di agram of a second portion of a residual echo estimator. G rcuit 300
receives signals on nodes 232, 220, 228, and 222, which correspond to

| i ke- nunbemede Bk edhi¢hcoFiesponds 2. th&ipectialcoBPoneatssef arreedowsegitput Siogral on 14 1
8 JAN 2005 node 302, which corresponds to the ectral components of a

previ ous oBOFGIreduchon Srcuioiuch a3 BYRRIeARAIIOR CHE f 0 Eugume b %ﬁ@@%rozducti on

circuit 120 (Figure 1 S r_ 304 | 4Pl iger s and, 30 roduce YA(Kk)
[2 0+ sent e 0s AT protlits B R OR, Senn @R, SRR FRBED o T al'k
event i s PrRseats-telH viteRhidehibld Sk E&&@Hﬁﬁé‘seﬁ 'Mﬁl(iﬁﬁé?bk)zorqd(y@és(:h i's used when
there is near-end speech only. Miltipli'ers 306 and 312 inplenment the

swi t chi ng bEL gan (Ry,odscliiensel wheanhete fsfrearetd sppeshomlyadiiuliptiyrs 306 present. In
sone enbodi nents (soft decision enbodi nents), the cross-terns produced on
nodes 310 &g 332 amplemept e sividchinsmbapuespi qiessderpisiWheadlifferani@peach agtiiited by 10
summer 316.. Asa result, the nunerator produced on node 318 includes
conmponent s 1s BFeSgly h types of cross-terns. In soft decision enbodi nents,

mul tipliers 306 @Remsbhbo@hRAGEIVARIsAR Entdimtits)VAk URSs-idhat pRjdgcd function
of both the spectral conponents and a and [i, and the out puPs are sumred by
sunmrer 316. o1 mdet Bl arelilddireproteced (insargling @niptinales, end acti sominded)by a and [i t ake
on values 15 of "1" or "0," and multipljers 306 and . 312 act as sw tches
that ei thersysmme e Asgerult teaugerataprericehen prdesd 18 feclydep gempenealigh. For
exanpl e, whe ks.a 1. " multiplier 306 acts.as a sw.t.ch es Y, (k)
[Z, (k) + S(c)itlp-)b_o?}f tylpﬁ 9f2;r?sg-tﬁrgge Ilgi%ﬁe dchlqnhﬁngboﬁlments,muVHlphers ?(ﬂid ard 313

produce variable output values that are a function of both the spectral components

and a and B, and the outputs are summed by summer 316.

In other embodiments, (hard decision embodiments), & and B take on values

15 of“1” or*“0,” and multipliers 306 and 312 act as switches that either pass the input
through, or do not pass the input through. For example, when a is a “1,” multiplier
306 acts as a switch and passes I7m K IZ,, k) + S}rn (k)1/2 to node 310. In this
case, multiplier 306 acts as a closed switch and multiplier 312 acts as an open switch.
Also for example, when B is a “1,” multiplier 312 passes ¥_(k)Z, (k) to node 314.

20  In this case, multiplier 312 acts as a closed switch and multiplier 306 acts as an open
switch. The generation of a and B is discussed with reference to Figure 4.

Divider 320 divides the numerator on node 318 by f;(k) on node 222 to
produce li;(k) on node 322. Rﬁ(k) on node 322 represents the estimate of the
square of the real part of the spectral component of the residual echo.

25 Summers 304 and 316, and multipliers 306, 308, and 312 form a cross-term
calculator that calculates the various cross-terms shown above in Table 1. One
skilled in the art will understand that other embodiments can be used for cross-term
calculators without departing from the scope of the present invention. For example,

all or part of circuit 300 can be implemented in software. The software can be

15



case, multiplier 306 acts as a closed switch and nultiplier 312 acts as an
open switch. Also for exanple, when 0 is a "I," multiplier 312 pasdesJM )05
(K)Z A(k) to node 314. 20 In this case, nultiplier 312 acts as a cl osed
switch and multiplier 306 acts as an open switch. The generation of a and P
is discussed with reference to Figure 4. Divider 320 divides the nunerator
on node 318 by Y, (k) on node 222 to produce R (k) on node 322. 1R, (k) on
node 322 represents the estinmate of the square of the real part of the

spectral coexeoutedidn génerdh puipesd chugluteechdigitdl sigBalnprecessai@ (@SB dr 8thér, and

mul tipliers 306, 308, and 312 forma craoss-term cal culator that calcul ates
t he vari ousPresessey- YdyonsT exramiie,H ov gart af et 0q candheimpl@pentedinispecitle art wil |
under st and t hat qt her enbqdi nent Sl' cgn be ltfsed fO{ cros?@'ﬁﬁby cal cul ators
wi t hout dep%‘FP?sﬁg'a* S 8 @B JRPIS AN PeR T IR Erled SHRIT 1 or exanpl e, al |

or part of ci rCuﬁgué%hgaaea%ckrapdgfﬁggﬁﬁ,geéhmﬁyatmécesorsm software can be

15 1 8 JAN 2005 eXecuted on gener ose conputer, a digital signal

processob (&eRkerplivne@bitext. DvubRasikdetectbt 402 feosiverbafirend abdio 6 nedr t  of
circuit 300 can be inplenented in special purpose hardware, such as an

appl i cat i onl@pend flse rdceivegthaneat-enil udip on pad) 6. captugest by miczenbase B2 &1 ock

di agr am of ee activity .detectors .in .a 5 speakerphone context. Doubl e

tal k detect haﬁgge‘i‘%&%ﬂ?é%dl{“ﬁ%tsﬁ P-léﬂﬁ[zgﬁ&??‘ﬁfg(ﬁz equppiP ONGVHCR| 5o recei ves

the near- e”ﬁo@g%ﬁl% Bk W5akeR a%ﬂ%é%&o%e%ﬁéﬁ@?&?ﬁa&ﬁﬁy \%ﬁieﬂto{‘@(w deci si on

enbodi nent s, et ector sets a equat tO one en doubl e-tal k

is active ap@eived the deftPBhdlaudio oaRble P1@IMIcEEmineP ERspBechGignyls laje edesCt Oor 404
receives the near-end audi o on node 126 and determnes if speech signals are

present 100 atthe mecraplomepHovie gataib yaeizeshie ontpuedfispecchhetiviytdstacton il peech
Gener at Gs. VAR RS iny i 08 S0B000e 00 HAFE Mo GrieTess SRBRAPABAG 4101 ¢ set to
EARIC LTS I R T e Sy T S A
near-end speech activity. Otherwise B is set to zero. In soft decision embodiments, a
and P take on real values between zero and one, inclusively. For example, in one
15 embodiment, o takes on a value between zero and one, and P is generated by a
multiplier rather than gate 406. In such an embodiment, the multiplier generates p as
B=(1-a) *(speech activity detector output).
It is to be understood that the above description is intended to be illustrative,
and not restrictive. Many other embodiments will be apparent to those of skill in the
20 .art upon reading and understanding the above description. The scope of the

mvention should, therefore, be determined with reference to the appended claims,

along with the full scope of equivalents to which such claims are entitled.
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and a take on real values between zero and one, inclusively. For exapylg d?
one 15 enbodi nent, a takes on a val ue between zero and one, and a is JAN 700
géenerated by a nultiplier rather than gate 406. In such an enbodi nent, the
mul tiplier generates (3 as a=(1l-a) *(speech activity detector output). It
is to be understood that the above description is intended to be
illustrative, and not restrictive. Many other enbodi nents will be apparent
to those of skill in the 20 art upon readi ng and understandi ng the above
descri pti orWhatheclsiomdas:of the i nvention should, therefore, be determ ned
with reference to the appended clains, along with the full scope of

equi valents to which such clains are entitled. 16 1 8 JAN 2005 What is
claimed js:; 1 1., An a%oushic echg.canqellation system conprising: 2 an
adapt i vel filt er AhrCEPRIceEhS fanGelalion SyIE FAMBHANE R "oy ror term that includes a
3 residugl echo;,n3RghiteFilfefR) Gt afE0 eBfhdtIBAPIn Rort@fPRENAQRdds % cal cul ate
estimates of a real =5 portion and an inmaginary portion of a discrete
Fourier 3raesifieriee{oDkdg of the 6 residual echo. 1 2. The acoustic echo
cancel | ati on system of claim 1l wherein the residual echo 2 estinmator
conprised: 3 a fdlegidugl gphp esHB@lor toindepeaiimily £alegleproastimates phngal conpri si ng
near - end. speegch noi se, and.an .echo of ~far-end spe ; a second i nput
node to ?ec%qrﬁ%ﬂ ﬂ?ganémgng?tﬂoﬁé%%?ﬁaﬂ%wge Boyrgr %anﬁf%%hm(fi W% receive a
differenge,%ghwg%anyhe echo estimate and the 7 conposite signal. 1 3. The
acoustic echo cancellation systemof claim2 wherein the residual echo 2
estimator is configured to calculate the real and imaginary portions of the

DFT of the
1 2 The acoustic echo cancellation system of claim 1 wherein the residual echo
estimator comprises:
a first input node to receive a composite signal comprising-near-end speech,
noise, and an echo of far-end speech;

a second input node to receive the echo estimate; and

a third input node to receive a difference between the echo estimate and the

J SN D Rl W

composite signal.

3. The acoustic echo cancellation system of claim 2 wherein the residual echo
estimator is configured to calculate the real and imaginary portions of the DFT of the

residual echo using the composite signal as an estimate of the near-end speech and

AW N =

the noise when the near-end speech is active and far-end speech is quiet.

4. The acoustic echo cancellation system of claim 2 wherein the residual echo
estimator is configured to calculate the real and imaginary portions of the DET of the
residual echo using an average of the composite signal and a previous output sample

as an estimate of the near-end speech and the noise when both the near-end speech

wnm R W N

and the far-end speech are active.
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3 residual echo using the conposite signal as an estinate of the near-end
speech and 4 the noi se when the near-end speech is active and far-end speech
is quieet. 1 4. The acoustic echo cancellation systemof claim?2 wher &i8n/ANHEL
résidual echo 2 estimator is configured to calculate the real and inmagi nary
portions of the DFT of the 3 residual echo using an average of the
conposite signal and a previous output sanple 4 as an estimate of the
near - end speech and the noi se when both the near-end speech 5 and the
far-end speech are active. 17 1 8 JAN 2005 1 5. The acoustjc echo

cancel | al i on syéﬁh@@p@fstle peliorpapcaliabonesyisterthel olaimy ?dwmre@dh%rezl Batech@at or i s

Fesi dual o HEmAGH Rgoah wﬂﬁo i%@?a%ﬁ”?ﬁd erenaBgborionio dis PRE LS *the ©
near - endy 4 ;S0aeH LRI eV aﬂiﬂ%ere%eansﬂﬂ%a@@ﬁﬁ@nmegau et and the

far-end speec e acoustic echo cancellation system of
claim1l 4urdpbesh alnﬂ(t}idldnllsﬁ@vl&nﬁh)é ﬁ@r-eﬁd spredicis iqoiet aid e fdr-ehdspeolsisve to the
real and_ imaginary portions of the DFT of the 3 residual echo and the

di fferenZe 4s8veeen the echo estimate and the. conposite signal. 1 7. A
speaker phone conprising: 2 an output port to be coupled to a speaker to
project far-end speech into an 3 acoustic environnent; 4 an input port to
be couplgd o a "Pﬂeca[c&?ﬁ’ﬁ%@hc? &nEQ&%'o%@ysftérR%élQﬁl AEQHRE gu%luﬁmg%hﬂms%“nent a
conposite signal conprising near-end speec nol se an o of 6 the
far-end gperdiction cxbuitebgpdnsite té tHetredl ah® irpdgdshrg portionest theBEFE ofthd he echo of
the far-end speech; 8 and 9 a residual echo estimtor to independently
esti mat e3r e@Bldaﬁctchqmgi thediffepence between e echreesipmtepinditheecaiiioside sigead bet ween
the echo of the far-end speech and the estinate

}

=

A speakerphone comprising:
_an output port to be coupled to a speaker to project far-end speech into an
acoustic environment,
an input port to be coupled to a microphone to receive from the acoustic
environment a composite signal comprising near-end speech, noise; and an echo of
the far-end speech;

an adaptive filter to produce an estimate of the echo of the far-end speech;

and

O 0 N N W B W N =

a residual echo estimator to independently estimate real and imaginary parts

et
o

of the DFT of the difference between the echo of the far-end speech and the estimate

[y
—

of the echo of the far-end speech.

8. The speakerphone of claim 7 wherein the residual echo estimator comprises:
a cross-term calculator to calculate an estimate of a cross-term resulting from

a lack of an assumption that the near-end speech, the noise, and the echo of the far-

S W DN

end speech are statistically independent.
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11 of the echo of the far-end speech. 1 8. The speakerphone of claim?7
wherein the residual echo estinmator conprises: 2 a cross-termcalculator to
calculate an estimate of a cross-termresulting from 3 a lack of an 18 JAN 2005
assunption that the near-end speech, the noise, and the echo of the far- 4
end speech are statistically independent. 18 1 B JAN 2005 1 9. The

speaker phone of claim8 wherein the cross-termcalculator is configured 2
to estimate a sum of the near-end speech and the noise differently based on
whether 3 the far-end speech or the near-end speech have energy above a

t hresholld. 91 10 Th¥kpeakerphtnerodictaire 8orhes¢iaithn @osaHenme¢alcul dier is corfigurasr m

| cul at.or i fi 2 1 timate th th ite signal wh
o near - dh & FEERE B84 of iy DB B 854 I oS ST e PR Spoech
has energy tﬁ‘é’%\‘-ﬁn& Kb%eémgretﬁgg%ag-eﬂ@ Rl O:egg%gbgolv_e‘&fﬁl%}f‘o%or | ndi cates the

far-end speec as ‘ener gy ow a thres e speaker phone of claim
8 further conprising: 2 a noise reduction circuit responsive to the real and
i mgi nary parts of the 3 residual echo to produce estinates of the near-end
speech; hnd( a ThespeakerphoneaficlamtSewhersinithedrosskHernm ealeul atnrlis spefagiiedand t he

noi se, the circuit . 5 being responsi.ve tqQ a double-talk indicator, the
circuit gei R gStHBHE Fftj’tf’ﬂ‘@olasttge CAIRRORHE HEna When a agafrend SB?FCQ\?@F";&‘QQ%EFW he

ite signal i i { h. 1 12.
The’ apeat e BRinf bl SHRCERL FRLS B0, BEARERDr HaRRBRTART, 10
conput erq ldel@torAndiBiiiaRe R-cBStpeeB ha3@nk®§ibeldd 2 @ESROIEN an acoustic echo

cancel l ation system 2 the nmethod conprising separately estimating real and
i mgi nary parts of the DFT of° '3 the residual echo. 1 14. The net hod of

cl i m L e N poNe o laim 8 itfher Combprising:
| ~a noise reduction circuit responsive to the real and imaginary parts of the
. tesidual echo to produce estimates of the near-end speech; and
a circuit to estimate a sum of the near-end speech and the noise, the circuit

being responsive to a double-talk indicator, the circuit being configured to estimate

the sum as an average of the composite signal and a previous estimate of the near-

L T - W | SR - S R

end speech.

1 12,  The speakerphone of claim 8 wherein the speakerphone is implemented in a

2 computer.

1 13. A method of estimating residual echo in an acoustic echo cancellation system,

2 the method comprising separately estimating real and imaginary parts of the DFT of
3 the residual echo.

14.  The method of claim 13 wherein separately estimating comprises:
estimating the real part of the DFT of the residual echo from a real part of a

DFT of a near-end composite signal, a real part of a DFT of an adaptive filter output

signal, a real part of a DFT of an error signal generated by a difference between the

»n AW N =

near-end composite signal and the adaptive filter output signal, and an approximation
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2 estimating the real part of the DFT of the residual echo froma real part
of a .3 DFT of a near-end conposite signal, a real part of a DFT of an?@§ JAN 2005
adaptive filter output 4 signal, a real part of a DFT of an error signal
generated by a difference between the 5 near-end conposite signal and the
adaptive filter output signal, and an approxi mation 19 18 JAN 2005 1 of a
sumof a real part of a DFT of a near-end speech signal and a real part of a
DFT 2 of a near-end noise signal. 1 15. The nethod of claim 14 wherein the
square ol téfa suepdf qpasltpacfiof b Tk whr-tibspedchrségiatiatal a eahmri of ad3iT mat ed
according to an equation substantlally simlar to rn(k) = (Z2zZ(k)- Emk) -
Y.,, (Kk)( 1(Q§mn%n4ﬂ¢®qmem@m (k)) R MVNYn(k) 3 wherein: 4 Rrn(k) is the real
part of the DFT of the r esi dual echo; 5 E,n(k) is the real-part of the DFT
of the error signal; 6 ZZ(k) is the real part of the DFT of the near-end
conposit¢ signal ne?mtetﬁmf élﬁrﬁ mewn@r@ﬁl B duafilofkiiereRihrQl thiioFRAPRE] ve (il ter
out put signal; and 8 (§ k) + represents the approximation of the sum of
t he real 2pafet91d®il ecBo islestimbied chcot(hﬁg focareqaatibnsypbstadtially gimilaraond t he real part
of the DFT of the near-end 10 noise signal. 1 16. The nethod of claim15

further conprising: 2 usin the re [ f T,0f. L,he near-end

conposite signal to 3 g%haﬁfémaaégagh( Hgiﬁgawﬁgg}t of the DFT of the
near - end speech signalm™ dthe 4 real & of the DFT of the near-end noise
signal when a near-talker is quiet. 1 17 he met hod of claim 16 wherein the

square of the real part of the DFT of the 2 residual echo is estinated
according to an equation substantially simlar to:

3 wherein:

R_ (%) is the real part of the DFT of the residual echo;

E_(k) is the real part of the DFT of the error signal;

Z_(F) is the real part of the DFT of the near-end composite signal;

Y, (k) is the real part of the DFT of the adaptive filter output signal; and
S,,(k)+ V,_(K)) represents the approximation of the sum of the real part of

O W N N B

the DFT of the near-end speech signal and the real part of the DFT of the near-end

10  noise signal.

1 16.  The method of claim 15 further comprising;
2 using the real part of the DFT of the near-end composite signal to
'3 approximate the sum of the real part of the DFT of the near-end speech signal and the
4 real part of the DFT of the near-end noise signal when a near-talker is quiet.
1 17.  The method of claim 16 wherein the square of the real part of the DFT of the

2 residual echo is estimated according to an equation substantially similar to:

Ry ol B~ £ 02,0 1,0
, 720
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34 R (k)= ~(k) - E4(k)- trn(kK)Z n(k)- Y, 2 (Z"(kK)YW Y, "(k) 20 1 8 JAN
2005 1 18. The nethod of claim 15 further conprising: 2 using a val ug gofaN 7005
substantially zero to approxinmate the sumof the real part of 3 the DFT of
t he near-end speech signal and the real part of the DFT of the near-end 4
noi se signal only when a near-end talker is quiet. 1 19. The nmethod of claim
18 wherein the square of the real part of the DFT of the 2 residual echo is
estimated according to an equation substantially simlar to: 3 m{k)= (ZL(Kk)-
EE(k)- I1?mk))Z Yrn(k) 1 20. The nethod of claim 14 further conprising: 2
using a sumof the real part of the DFT of the near-end conposite signal and
a 3 DFT of a previous output fromthe acoustic echo cancellation systemto
approximate 4 the sumof the real part of the DFT of the near-end speech
signal and the real part of 5 the DFT of the near-end noi se signal when a
double-talk event is present. 1 21. The method of claim20 wherein the
square of the real part of the DFT of the 2 residual echo is estimted
according to an equation substantially simlar to: 3 21 1 8 JAN 2005 Rm k) =
(Zn, (k) - E.gk)- f. (k) Z"iék)+ Sr(n_rl(k))/2 1'rn(k)}2

| 8. The method of claim 15 further comprising:

2 using a value of substantially zero to approximate the sum of the real part of
3 the DFT of the near-end speech signal and the real part of the DFT of the near-end

4  mnoise signal only when a near-end talker is quiet.

1 19.  The method of claim 18 wherein the square of the real part of the DFT of the-

2 residual echo is estimated according to an equation substantially similar to:

(Z20- EX (B~ T2 (b)Y
al()

RE(k)=

1 20.  The method of claim 14 further comprising:
using a sum of the real part of the DFT of the near-end composite signal and a
DFT of a previous output from the acoustic echo cancellation system to approximate

the sum of the real part of the DFT of the near-end speech signal and the real part of

n kW N

the DFT of the near-end noise signal when a double-talk event is present.

1 21.  Themethod of claim 20 wherein the square of the real part of the DFT of the

2 residual echo is estimated according to an equation substantially similar to:
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t(k) 1 where S'(1- 1)(k) represents the real part of the DFT of the previous
output 2 fromthe acoustic echo cancellation system 1 22. The neth

cl ai m-13 wherein separately estinmating conprises: 2 estinmating the i gﬂﬁﬁm%
part of the DFT of the residual echo using an 3 equation that includes a
cross-termresulting froma |lack of an assunption that signal 4 conponents
in a near-end conposite signal received at a m crophone are statistically 5
i ndependent. 1 23. The nethod of claim 22 wherein the cross-termincludes a
product of an 2 imaginary part of a DFT of an echo estimte and a sum of an

i magi nary part of a 3 DFT.of, a ngar - e Si | AN i magi nary part
of a DFT of a near-gn gé?é@b ﬁhﬁﬁqX§@592m§+&ﬂeﬂéﬁﬂaeéﬁﬂ ting the imaginary
part of the DFT of tfe’residual echo 5 i kydes: 6 substituting a different
product for the cross-termas a functlon whet her the 7 near-end speech
signal contains sufficient energy and whether the far-end speech 8 signal
contains sufficient energy. 1 24. The nethod of claim22 wherein the square
of the imaginary part of the DFT 2 of the residual echo is estimated
according to an equation substantially simlar to R (k) 3 (Z,,,(k) E, (k) -

BEISE PR e W e L RAE

i magi nary pabh @BE addisid¥cho Qinthﬁlo%rssfﬁém.s' gnal ;

22.  The method of claim 13 wherein separately estimating comprises:
estimating the imaginary part of the DFT of the residual echo using an
equation that includes a cross-term resulting from a lack of an assumption that signal

components in a near-end composite signal received at a microphone are statistically

w»n A~ W N

independent.

23.  The method of claim 22 wherein the cross-term includes a product of an
imaginary part of a DFT of an echo estimate and a sum of an imaginary part of a
DFT of a near-end speech signal and an imaginary part of a DFT of a near-end noise
signal, and wherein estimating the imaginary part of the DFT of the residual echo
includes:

substituting a different product for the cross-term as a function of whether the

near-end speech signal contains sufficient energy and whether the far-end speech

00 3 O W»n AW N =

signal contains sufficient energy.

1 24,  The method of claim 22 wherein the square of the imaginary part of the DFT

2 of the residual echo is estimated according to an equation substantially similar to

(ZAB)- Ex()- T, 068,00+ V, (1) P2k)
7,®)

Ro(k)=
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7 2M k) is the imaginary part of the DFT of the near-end conposite signal; 8
Y (k).is the imaginary part of the DFT of the adaptive filter output signal;
g and 10 (S, n(k)+ V,,(k)) represents the approxi mati on of the sumidf JANEG

i magi nary part of the 11 DFT of the near-end speech signal and the

i magi nary part of the DFT of the near-end 12 noise signal. 1 25. The nethod
of claim?24 further conprising: 2 using the inmaginary part of the DFT of the
near-end conposite signal to 3 approxi mte the sum of the inmaginary part of

the DFT4of the Wkeiend speech signal 4 and the imaginary part of the DFT

4
of the pear-end,ngise,siqgnal when n tal ker. i quiet. 1 26. The
nmet hod gf cl ai nﬂﬁéb\}%tg?élﬁ?‘gl?%p%rﬁﬁgﬁhgﬁi‘ﬁ?jﬁiéefeﬂg&%ﬁﬁgﬁ‘? part of the DFT 2 of
the resigdual eclpo s ﬁgqﬁlg%ﬁﬁg %Spfhgméﬂh@éhcﬁ%@ﬁi-on substantial ly
simlar to: 3 Rn’('@ (4(k)-Bn( )p-l' u, (k) Zi "(k)- Y~(k)Y2 vyy(k) 1 27. The
met hod Gf cl ai mzZ2¢) fisutht asgicaypan sf thg DFEX afshewgpasenditampomite sighaf antial ly zero
to approxi mate tfie sum of the i maginar 3 ﬁart of the DFT of the near-end
speech $ignal adg® h%thpmwwyarﬁaﬁheﬁhﬁé orepiye fillerontpupeignalend noi se
si gnal nl%(ﬁhen a near-end talker is quiet. 23 1 8 JAN 2005 1 28. The
nmet hod of &#%Gi m 27 wherein the square of the inmmginary part of the DFT 2 of

the resjiydu e | i | Lal |
e SRS BP9 B s A SReL s ki
11 DFT of the near-end speech signal and the imaginary part of the DFT of the near-end

12 noise signal.

25.  The method of claim 24 further comprising:

using the imaginary part of the DFT of the near-end composite signal to

1

2

3 approximate the sum of the imaginary part of the DFT of the near-end speech signal
4 and the imaginary part of the DFT of the near-end noise signal when a near-talker is
5

quiet.

1 26.  The method of claim 25 wherein the square of the imaginary part of the DFT

2 ofthe residual echo is estimated according to an equation substantially similar to:

Zo(k)- Exk)- ¥, (DZ,(B)- Y10

Ru(h)= 2
Po(k)

1 27.  The method of claim 24 further comprising:

2 using a value of substantially zero to approximate the sum of the imaginary
3 part of the DFT of the near-end speech signal and the imaginary part of the DFT of
4

the near-end noise signal only when a near-end talker is quiet.
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Y,-, (k) 1 29. The nethod of claim22 further conprising: 2 using a sum of
the imaginary part of the DFT of the near-end conposite 3 signal and s\Hd
of a previous output fromthe acoustic echo cancellation systemto
approximate the sumof the imaginary part of the DFT of the near-end speech
signal 5 and the imaginary part of the DFT of the near-end noise signal
when a double-talk 6 event is present. 1 30. The nethod of claim29 wherein
the square of the inmaginary part of the DFT 2 of the residual echo is

esti mat el &&cor dihegnetipodaaf @m&ﬂimhv@utﬁasamrbaf thg impgidrpattof I KD k -

(ZZ(k) - ( k XZr +9K ) (k) k ere . S4" 1) (k)
represe I’i]ée‘ieg‘é é‘&/sﬁétﬁrflats a¢°A “Eﬂ:ti’ aafeglv%@ngﬁé%%%l\éﬁy signili%ut * from t he
acoustic echo cancel I ation system 24

Zah)- Ea)- T30y

Ro(h)= -
7, ®)

29.  The method of claim 22 further comprising:

using a sum of the imaginary part of the DFT of the near-end composite
signal and a DFT of a previous output from the acoustic echo cancellation system to
approximate the sum of the imaginary part of the DFT of the near-end speech signal -
and the imaginary part of the DFT of the near-end noise signal when a double-talk

[« Y T "N PR O R

event is present.

—

30.  The method of claim 29 wherein the square of the imaginary part of the DFT

2 of the residual echo is estimated according to an equation substantially similar to:

3
Ry Z2R)- Ex(B)- T, RKZ, B+ S, ,(0V2- PARP
" 52
’ Yin(k)
4 Where S 1)(") represents the imaginary part of the DFT of the previous

5 output from the acoustic echo cancellation system.
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