-1- APPARATUS AND METHOD-EOR.CANCELI NG ACOUSTI C ECHOES | NCLUDI NG NON- LI NEAR
DI STORTI ONS | N LOUDSPEAKER TELEPHONES This application is related to United
States Applicati BeggReplased 393 726 entitl ed " Appar at us and Met hod for
Adaptively Preco ﬂ H Loudspeaker Distortions” filed concurrently
herewi th 5 an | IMIBlIt he assignee of the present invention, the

di scl osure of which is hereby incorporated in its entirety herein by
reference. An equi valenrt—appti cati on -has—heer—publ i shed -as—+nterrat+-onal
Publication No. WD 96/26624. 10 ——i el d of the

I nvention This invention relates to t/H§il$iSHERT A BEEN) ony, and nore

t
parti cul astg/ogiésgahe suppressi on of edhoes REPILAEDspeakgr PET/UA6O20TS .
Background of the Invention 15 A Toudspeaker tel ephone

systemincludes an output transducer, such as a | oudspeaker, and an i nput
transducer, such as a m crophone. The | oudspeaker produces sound pressure
waves in response to an input signal received fromthe distant party which
is 20 represent ati ve of ABPARRTUS (ANID METHODe #OBr CANSBRRINGNd t he

m crophone recei ves sound PFCUSTEC ERHQRS (INCIUDINA NONWINBARH out put
signal and transmitted toREGTORTIONS: IN,LOYDSREAKER FRUTPHONESs peaker

br oadcasts sound pressure waves into the environnent around the
This application is related to Application

Serial No. 08/393,726 entitled "Apparatus and Method

for Adaptively Precompensating for Loudspeaker

Distortions" filed concurrently herewith and assigned
5 to the assignee of the present invention, the

disclosure of which is hereby incorporated in its
entirety herein by reference.

Field of the Invention
This invention relates to the field of
10 telephony, and more particularly to the suppression of
echoes in loudspeakexr telephones.

Backaround of the Invention
A loudspeaker telephone system includes an
output transducer, such as a loudspeaker, and an input
15 transducer, such as a microphone. The loudspeaker
produces sound pressure waves in response to an input
signal received from the distant party which is
representative of a desired sound'pressure wave, and
the microphone receives sound pressure waves to be
20 converted to an output signal and transmitted to the
distant party. Because the loudspeaker broadcasts
sound pressure waves into the environment around the
. loudspeaker telephone, there is an acoustic path from
the loudspeaker to the microphone which may result in
25 an echo. Typically, this acoustic path includes a
plurality of channels (representing a plurality of
reflections) so that a plurality of echoes reach the
microphone at different times.
If nothing is done to compensate for this
30 acoustic path, sound pressure waves generated by the
loudspeaker will echo back through the microphone to
\\ the distant user. In practice, this means that when



25 | oudspeaker tel ephone, there is an acoustic path fromthe
| oudspeaker to the m crephone which- may reswlt—in an echo. Typically, this
acoustic path inciudes a plurality of channels (representing a plurality of

reflections) so that a plurality of echoes reach the 30 m crophone at
different tivwedenédsznothing is done to conpensate for this acrwsbémeersat h,
sound pressure waves generated by the | oudspeaker will echo back through

the m crophone to the distant user. In practice, this neans that when
-3- specifications, |oudspeakers usually havesno linearity specification at

all. Athree layer fully adaptive feedforward network is discussed in the
Bi rl(;ett et al. | rﬁf etREC@iStant ity IspeakAcotRei spésdin WiANC dld Atrcadckst

Hands- Free Tel ephon k P | EEE
Wor kshop on Neur al tUév\%g%s‘J’\!? ﬁ% rggessﬁgg %@' % gar%ber é?_g 1994,

Ermioni, Geece, pa§esveunsabipn di 1t°h'i1§ rePEFEﬁ&bng:er thaxse hayge Peen
fully adaptive feedagtwmptis nix il drt tocatetiocethésd fechosay speaker phone

transfer functlog using the Sﬁgr”éﬂample, the reference by Park et al.
entitled "Acoustic Echo Cancellatlon for Full-Duplex
Voice Transmission'on Fading Channels" discusses the
implementation of an adaptive acoustic echo canceler
for a hands-free cellular telephone operating on a

10 fading channel. Proc. of International Mobile
Satellite Conference, Ottawa, Ontario, Canada, June 18-
20, 1996. The adaptive lattice structure, which is
particularly known for faster convergence relative to
the conventional tapped delay line (TDL) structure, is

15 used in the initialization stage. After convergence,
the lattice coefficients are converted into the
coefficients fcr_the TDL structure which can
‘accommodate a larger number of taps in real-time
operation due to its compdtational simplicity.

20 Other approaches to echo cancellation are
d1scussed in the reference by Burnett et al. entitled
"Echo Cancellation in Mobile Radio Environments", IEE
Colloquium on Digitized Speech Communication via Mobile
Radio, (Digest No. 139), p. 7/i-4, IEE, London, UK,

25 December 19, 1988. The conventional approach to
providing echo attenuation is to use voice switched
attenuators. As described therein{ the half duplex
channel enforced by such voice operated switches and
the imperfections in the current voice activity

30 detectors may lead to unnatural conversation. Another
solution is to attenuate the echo by means of an
adaptive echo canceler. As also described therein,
this process may be imperfect however, because any
non-linearities in the echo path may cause harmonics

35 which are 1nherently uncancelable While microphones

\ ' and amplifiers have more than adequate linearity



activation function. This network structure inproves the ERLE perfornmance
by 10 dB at | ow to nedi um | oudspeaker vol unes conpared to a NLMS echo
cancelTer. 15 —Not wiThStanarng tte above TETMTTomEd
references, there continues to exist a need in the art for inproved

Ioudspeaker t el ephone systens and S ®gpNgq echoes fromthe
| oudspea®X96265% he ni cr ophone. "o TR SHERTCHAS BCRUSIMN8 t he

Invention It is therefor an object o] theFﬁfeAgﬁg FHavEnti on to provide
i nproved echo cancel lation systenms and net hods for | oudspeaker tel ephones.
It is another object of the present invem8ton 25 to provide inproved

echo cancel | ation systens and net hods for nobil e cellular radiotel ephones.
These and ot herSRRf¥Eckcatdans,, dendEReaL%? dsHpldy ba¥eppeskiRearitant i on by
a | oudspeaker tepephfiratiyst at adbpri sing an echo filter, including a 30 -

| oudspeaker nodel, which bﬂ:@%ﬂ:ﬁk@ﬁn&gn%%ﬂ&%%@e%@ﬁ{:%bﬁ&%l o Most

| oudspeakers generate an actual soun ressure wave ers fromthe
desired sound prefexancegay&hegsr esehingeh L ipkisipat nepgnin  thiart
difference is dfer inprtdrdd loudeplakéencrdladpiet systembd and hdthods

| oudspeaker . F&E:c@f%u%e te%ﬁoﬂba?P&ﬁ‘géﬂeOflo%dspeERHQSPSa@Eé may have a

non-1| i near stress rain curv
mlcrophone

| Summ f th ventior
| It is therefor an object of the present
10 invention.to provide improved echo cancellation systems
and methods for loudspeaker telephones.
It is another object of the present invention
to provide improved echo cancellation systems and
5methods for mobile cellular radiotelephones.
is These and other objects are provided
according to the present invention by a loudspeaker
telephone system compr151ng an echo filter, including a
loudspeaker model, whlch generates ‘an estimated echo
_ signal. Most loudspeakers generate an actual sound
20 pressure wave that differs from the desired sound
pressure wane représented by the input signal. This
difference is due, in part, to non-linear aspects of
the loudspeaker. For example, the diaphragm of a
_1oudspeaker:may have a non-linear stress-strain curve,
25 and the moﬁion of the diaphragm may result in the delay
modulation of higher frequencies by lower frequencies.
Prior art echo cancelers known to applicants, however,
fail to account for non-linear portions of the echo
generated by the loudspeaker, meaning that these non-
30 linear portions may be transmitted back to the distant
party. _
' Accordingly, the estimated echo signal of the
present invention includes non-linear components which
correspond to the non-linear portions of the echo
35 resultlng from non-linear aspects of the loudspeaker.
Therefore, when the estimated echo signal is subtracted

This Sheet Has Been Rei




ahd the notion of the diaphragmmay result in the delay nodul ati on of
hi gher frequenci es by IomeL-LLequenC|es 5 —PRrior art echo-cancelers
known to applicants, however, fail to account for non-linear portions of
the echo generated by the Ioudspeaker, meani ng that these non- |inear

portions nmay Wodenewani tted back to the distant party. 10 PCTNUS96/02073
Accordingly, the estimted echo signal of the present invention i'ncludes
non-|inear conponents which correspond to the non-Ilinear portions of the
echo resulting fromnon-linear aspects of the_joudspeaker. Therefore, when
the estimated echo signal is subtracted AVENDED SHEET WO 96/ 26592 - 3-

speci fications, |oudspenkelie cfipild wibnue genérm@d By t&i%emtk@ hbfs, at

all. Notwit hstandl ngn&Eueqsﬁ? Vxelﬂ@:n:tl'o% e frg{‘grggﬁ: erfer}%hone g_?‘ues to

exist a need in the ar rove speake &ms and
met hods whi ch reducel@%ﬁﬁﬁﬁﬁKQ%nﬁamh@eI§Gé§9€ékerThkﬁtQRanﬂsﬂGpNoﬂéSOSunnary

of the Invention It jSclideela aBbuklieCbath hodePrafiii gbherdvest AAN tO
provide inproved §Chgs€fggiélé§ éﬂL S %5%€§c path from the loudspeaker to
the microphone so that echo effects resulting from the
acoustic path can be reduced.
'In a prgferred embodiment according to the
present invention} an echo-canceling loudspeaker
10 telephone includes an output transducer which produces
a'sound pressure wave in'response to an input signal
which is appliéd'to an audio input thereof. This sound
pressure wave includeé a desired linear component which
is a linear fun¢tiqn of the input signal, and an
15 undesired nop-linéaf component which is a non-linear
function of the‘inpﬁt signal. This sound pressure wave
is transmitted along an acoustic path, and an input
transducer is positioned in the acoustic path to
convert the sound pressure wave into an oﬁtput signal.
20 An echo filter 1s responsive to the input
signal and generates an estlmated echo signal. The
echo filter includes an output transducer model for
generating an egtimaté of the sound pressure wave
including an estimate of the linear component and an
25 estimate_of_thé non-linear component. The echo filter
also includes an acoustic pathjmbdel which generates an
estimate of the acoustic path from the dutput
transducer to the 1nput transducer. A combiner
combines the estlmated echo 51gna1 and the output
30 signal thereby reduq;ng_an echo portion of the output
signal. |
This echo canceling loudspeaker telephone
system reduces echoes caused by the acoustic path from
the;output_tranéduqer pd the input transducer which are
35 a linear function of the ihput signal. This system
also reduces portions of the echoes generated by the
non-linear aspects of the loudspeaker which are a non-



and net hods for | oudspeaker tel ephones It is another object of the present .-
I nvention to prOV|de I mproved echo cancell ation systens and net hods for
nmobt e cél | ul ar Tadr ot el ephones. 15 These —amd—ottrer—objectsar e
provi ded according to the present invention by a | oudspeaker tel ephone
system conprising an echo filter, including a | oudspeaker nodel, which
gener at WO %6593t | nat ed echo signal. Mst | oudspeakers BEHES%OM73n act ual
sound 20 pressure wave that differs fromthe desired sound pressure wave
represented by the input signal. This difference is due, in part, to
non-|inear aspects of the | oudspeaker. F&r exanple, the diaphragm of a

| oudspeaker nmay have a non-linear stress-strain curve, 25 and the notion
of the di aphr abimedy Funghion @fi kBednayt npkana: oRCEPTALBERY . fERtfienci es
by |ower frequgpstén. rédicts aichoeshincens ehaiputk zdghalotapal geeat e

novever T2 (e fEE Wil \H0OR! PIEBL,ROTHBIROL LIS EE0 gener ated by

t he Ioudspeaker neani n non- I por ns may be
transmtted babkan%dw¢%rdmgként party. Accordingly, the estlnated echo

signal of dttbe pY esent i RN ldchB- baﬁbuﬂﬂ?gtrri&udsyﬁakgrceameﬁlﬁ?ﬁé ru&fych
correspond to the npn ear [ cho u n fom
non- 1| i near asp@jc]?% b?clll‘h a&%%%‘éagﬁtg h"éor(g &reg r\e%gﬁngﬁ q.‘h? ed echo

si gnal Is subt putpwt signal, the input signal and the eltlmated echo

signal for modlfying the echo fllter to further reduce
the echo portlon of the output s;gnel. Accordingly,

10 the system can adapt its operation for maximum echo
reduotion in a ohanging environment where the acoustic
path varies. The echo filter modifier may include an
output transducer model modlfler which modifies the

_ estimate of the sound pressure wave including the

15 linear component and the non-linear component. The
echo filter modlfler may also include an acoustic path
model modlfler for 1mprov1ng the estimate of the
acoustic path from the output transducer to the input
transducer. R

20 The acoustic path model is preferably a

finite-impulse-response filter, and the echo filter is

preferably a digital signal processor, allowing
implementationIWith existing hardware. In addition,
the output transducer model preferably includes means

25 for performing a transformation of the input signal.
This transformation is preferably an estimate of a
transfer functlon of the output transducer means, and
the_transfer function preferably includes a non-linear
conponent thereby providing a relatively precise

30 approximation of the output transducer transfer
function.

The non-linear component of the sound
pressure wave represents one of a delay modulation of
the output transducer and/or a diaphragm stress-strain

35 curve of the output transducer. 1In a preferred
embodiment, the output transducer is a loudspeaker, and
the input transducer is a microphone. The output
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t he out put signal generated-by.the m crophone—nen-1inear portiens of the
echo generated by the | oudspeaker can be reduced. This echo filter also

i ncl udes an acoustic path nmodel which generates an 5 estimate of the
acousti c pat Ry bgigséne | oudspeaker to the m crophone so thatpewbssseioiect s
resulting fromthe acoustic path can be reduced. In a preferred enbodi nent
according to the present invention, an echo-canceling | oudspeaker 10

t el ephone includes an output transducer whi ch.guroduces a sound pressure
wave in response to an input signal which is applied to an audi o input
thereof. This soundraneducee wedeliad utes arotssicepath meade Xk owsorent

which is a linear fuyy %ll 21 egf :.I-;hSeHH%'tbéﬂm ,thgnquago &1&5@%& &the

non-1|inear conponent ch1s non-11 near function g t. signal.
Thi's sound pressur e GRIRATEY -t r ARsAREH P TP AFOHES EtPE”b lel, RAYan
i nput transducer is jprRAudecacdirstt proceanisig blpakh oo genmtmglearsound

pressure wave | 1o YL of' 908l acBlersc path forInECHn 1Lk | o

responsive to the inp ener a an esti mat ed 0 signal. The
echo filter incl ude§%l>%\§ﬂﬁu9 chﬁsﬂ%‘é’é‘F Rﬁﬁf@u%P’aﬁEnQP‘ét?nﬁe%ﬁ’P‘%stl mat e
of the sound pressurpa:dw&mgcbmdcngfoﬁ Peidrmtiaigofant bet bnacarof ariEonent

and an 25 estimte of Lhe RO LL"EBE ERUPRIRIN BipoRehe bk'ifit sound

pressure wave. In addition, the combiner may be a

10 subtractor which subtracts the estimated echo signal
from the output signal.
The foregoing and other objects and aspects
of the present invention are explalned in detail in the
draw1ngs and spec1f1catlon set forth below.

15 Brief Description of the Drawings
Figure 1 is a schematic diagram of an echo
.canceling loudspeaker telephone system including a
loudspeaker, a micxophone, and an echo filter including
a model of the loudspeaker and a model of the acoustic
20 path arranged in series, according to the present
invention. ' '
Figure 2 is a schematic diagram representing
a model of the electrical characteristics of the
loudspeaker shown in Figure 1. |
25 Figure 3 is a schematic diagram of an ‘echo
cancellng 1oudspeaker telephone system including a
loudspeaker, a mzcroPhone, and an echo filter including
a model_of the loudspeaker in series with two separate
filters-used to model the acoustic path, according to
30 the present invention.
_ Figure 4 is a schematic diagram of an echo
canceling loudspeaker telephone system including a
loudspeaker, a m1crophone, and an echo filter including
two processing blocks to model the loudspeaker and two
.35 processing blocks to model the acoustic path, according
to the present invention. '



al so includes an acoustic path nodel which generates an estinmate of the
acoustic path fromthe output transducer to the input transducer. A

. eonmbl ner conbi nesTtThe estinmated echo stgmat—and t he

t her eby reducing an echo portion of the output signal. This echo canceling
| oudspeaker tel ephone system reduces echoes caused by the acoustic path
from t heWO@6RE®2 ¢ r ansducer to the input transducer whi cCRCEHPS6OW™ o | near

function of the input signal. This systemalso reduces portions of the
echoes generated by the non-linear aspects of the | oudspeaker which are a
non- WD 96/ 26592 -7- PCT/ US96/ 02073
-5- linear function of the |nput S|gnal Accordingly, this systemreduces

echoes in the output sidekailed Desgxigtioneidhainves
wi t hout the out put transdmeeprasdﬁt lﬁbentlon will ﬁbﬁ BGVEEéﬁﬁﬁbﬁd ng

| oudspeaker tE”ﬁﬂ¥¥“¥%ﬂlﬁyh%&é?nb?féf“ﬁiéﬂ‘ %QQeLE%tES g@glfler responsi ve

to the output signal he esti nat echo signal for
nodi fyi ng t he AFRPHRANYENG GrFUH‘%r i nhdeh prefersed opmbasinemtshe out put

signal . Accordighe pkésehbeifnyeneivm alrelGabwnl. t STRPS Biveétit oy maxi num
echo reduction jp, ah%w%%&-”gbgr‘&hﬂé’é‘{@c{‘tin"“}s v h??f&‘? Y ¢ Sims and
should not be construed as limited to the embodiment
set forth hereln, rather, these embodlments are
provided so that this disclosure will be thorough and
10 complete, and will fully convey the scope of the
invention to those skilled in the art. Like numbers
refer to like elements throughout .
' The echo cancellatlon system 111ustrated in
Figure 1 can be implemented in a loudspeaker telephone
15 such as a hands-free loudspeaker cellular

‘radiotelephone for use in an automobile. When
implemented as a hands-free cellular telephone, speech
signals received from'a_diStant party are transmitted
from a cellular base station (not shown), received by

20 the transceiver of the cellular phone (not shown), and
applied to input node 36 as input waveform W(t).

_ _ As shown in Figure 1, the waveform W(t) is
applied in an analog format at node 36, and converted
to a digital format by A-to-D'converter 30 for use by

25 the loudspeaker model 12. D-to-A ctherter'zs is then
used to convert the waveform to an analog format. The
analog signal is amplified by amplifier 27, and a sound
pressure wave represeﬁtatiVe of the speech of the
distant party is broadcast by an output transducer such

30 as loudspeaker 14. Aocordihgly, the'radiotelephone
user hears sound pressure waveforms which are
representative of the speech of the distant party.
Alternately, the analog signal W(t)} at node 36 can be
applied dlrectly to amplifier 27. If the waveform w(t)

35 is applied in a dlgltal format at node 36, then it can
be applied dlrectly ‘to the loudspeaker model and the D-
to-A converter 26.




path varies. The echo filter nodifier may include an output transducer
nodel nodifier which nedifies-the estimate ofthe sound pressure wave

i nel uding the 15 |inear conponent and the non-linear conponent. The echo
filter nodifier nmay also include an acoustic path,mdel nodifier for

i nprovi ng t hewasbgggddze of the acoustic path fromthe output trcaEsdsoaw?s t o

the i nput transducer. 20 The acoustic path nodel is preferably a
finite-inpul se-response filter, and the echo filter is preferably a digital
'signal processor, allow ng inplenmentation wth.gxisting hardware. In

addition, the output transducer nodel preferably includes neans 25 for
perform ng a transformati on of Theesbudiprfegside whlves hoReeép) Nbd | Lsd S

preferably an estinm f r Mo, ' ‘ ' t r r

means, and the trans%bgrrogf‘_jtf%g%i %ggége‘f%%l;%‘%%ﬁg 6%'&? ggngﬁgflit’p%%?d%%rerlpuodr?ent

t hereby providing a rsilddiplel ¢hapeeige I el d8t porebleehionufptecho)

transducer transfer fpatqit ifYom the geﬁdéﬂpé’ﬁﬁr IR l%ﬂﬁcﬁsphbfesow a

pressure wave reprgesents .qone [ iran er
S SRR Bhela St Yol Al 9Rebleb e B LAV

and/ or a di aphrag ] _ ransducer
preferred enbodi ment by ian dapybt traasducresuch a5 suesprhree, 2@nd Tthels nput
transducer is a nicratereforl@es9vhablé to reduce these echoes in the output

.signal Z(t) generated by the microphone 20 so that the
distant party is not confused by delayed echoes of his

10 own speech. This echo reduction is preferably achieved
by using an echo filter impleﬁented as digital signal
processoxr ("DSP'") 21 to generate an estimated echo
signal, and to subtract this estimated echo signal from
the microphone 20 output signal. Accordingly,

15 amplifier 37 and A-to-D converter 28 can be used to
convert the output waveform Z(t) to an appropriate
digital format.

) The echo filter is preferably implemented as
a digital signal processgor ("DSP") 21 which generates

20 an,estimated'echo-signal Z'(ti in response to the input
waveform W(t). If the input waveform is applied in an
analog format, A-to-D converter 30 can be used to
convert the waveform to a_digitél format. (If Wi(t) is
applied in a digital format, D-to-A converter 30 is not

25 needed.) The input waveform is then applied to
loudspeaker model 12 within the echo filter which
includes a transfer function rep;esentative of the
loudspeaker. This transfer function models both linear
and non-linear aspects of the ioudspeaker 14. The

30 output from the loudspeaker model 12 is applied to the
acoustic path model 34, implementéd within the echo
filter, which represents the acoﬁstic path 18. The

" acoustic path model 34 is preferably implemented as an
adaptive finite-impulse-response ("FIR") filter.

35 Accordingly, the estimated echo signal 2’ (t) from the
acoustic path model 34 can closely approximate the echo
from the loudspeaker received by the microphone.
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transducer nodel and the acoustic path nodel may be connected in series
bet ween the audi o i nput and the conbrner. ITn addition,—tTne acoustic path —

nodel may include a first processing block for generating an 5 estinmate of

t he acoyst.| th for the non-linear conponent of the sound pressure wave
and a s@o’h&‘%ﬁocessi ng bl ock for generating an esti na?grmgsacoustic
path for the Iinear conponent of the sound pressure wave. In addition, the

conmbi ner may be a 10 subtractor which subtracts the estimted echo signal
fromthe output signal. The foregoing and-other objects and aspects of the

present invention are.e ained in.detail in the draw ngs.and, specification
set forth below 15 )ﬂﬂapﬂlve fé}ggrstﬂgﬁénﬁﬂie °0FaPﬂ81@?5ﬁ? gs Figure 1

i s a schenati caye adieenagedn fochexaunte! i in U.GLdHpsentr Noel ephone system
including a | ogdspeakes tc* FAHO0RROAE. , adkk AN X Mkl bgERi NCl udi ng a nodel
according to ¢« REaprLEiof HKRARIPE," FPEETE SR SRBRNintE: COOrI
representing aadapklvefeche estdmation| ox hincloxdimgsai €énbtet irmpulmaespeaker
shown in Figurgedporse filter are FeBp&stfvdly Aidel8ERBEI endiyagram of an echo
' Patent No. 5,131,032 to Esaki et al., entitled Echo
Canceller and Communication Apparatus Employing the
Same," and U.S. Patent No. 5,084,865 to Koike, entitled
10 Echo Canceller Having FIR and IIR Filters for
Cancelling Long Tail Echoes.” Each of the three above
cited references are hereby incorporated in their
entirety herein by reference.
The estimated echo signal 2’ (t) is combined
15 with the microphone 20 ocutput signal Z(t) by a
subtractor 22, also implemented within the DSP, which
subtracts the estimated echo signal from the output
signal. Accordingly, oniy sounds generated at the
radiotelephone will be transmitted to the distant
20 party. In a cellular radiotelephone application, the
output waveform Z(t) (minus the estimated echo signal
Z’(t)) at'output node 38 is applied to the
radioteléphone transceiver (not shown) and transmitted
to a remote cellular base station (not shown). If the
25 transceiver requires an analog output wavefocrm, D-to-A
converter 32 can be used to convert the signal to an
analog format. If the transceiver requires a digital
waveform, D-to-A converter 32 is not needed.
| "The echo filter also preferably includes an
30 echo filter modifier 16 which modifies the operation of
" the echo filter allowing further reduction of the echo
portion of the output signal. The echo filter modifier
monitors the various signals within the echo filter and
modifies the operation of the loudspeaker model and the
35 acoustic path model to further reduce echoes in the
output waveform. Accordingly, the echo filter can




cancel i ng | oudspeaker tel ephone systemincluding a | oudspeaker, a

m cr ophone—and an eche—++ter ineludi ng a nodel—of the | oudspeaker in
series with two separate filters used to nodel the acoustic path, according
to 30 the present invention.. Figure 4 is a schenptic diagram of an echo
cancel i ng | oowiopazdssy tel ephone systemincluding” a | oudspeakeCT/US96/02073

m crophone, and an echo filter including two processing bl ocks to nodel the
| oudspeaker and two 35 processing blocks to nodel the acoustic path,
according to the present invention. WO 96L28§592

PCT/ US96/ 02073 -7- Detailed Description of the Invention The present

i nvention will now meddégcitsecoperatidnitoy arecemndaterchandes cafrersdtece t o

t he acconpanyi ng er\MFEQEch €at‘ﬂ‘x"§£‘ waf %sr g@lﬁgbgglgﬁgt d;t t he present

i nvention are shown IS I n e enb in many

entlon oweve
different forms and shoul d nof*$&edh s%i’rq}‘(?da&saf‘ﬁ?'r?ge'@‘??; e WEbodi ment
set forth herein; reﬂbetrlchhseharﬁnnhrﬂsuxcsabé pnogutiput strdnsiuddy Such

di scl osure will e Loy 18UG0paer 14 © 331}1 18ct2idatf Lplt! diamaugy he

scope of the invention_to ose sk n the ar s refer to
li ke el ements throu§kBdied at input no e A to create a current through the

loudspeaker coil. The current flow is opposed by the
coil resistance io and coil inductance 42, as well as
the back EMF induced by the coil velocity in the
10 magnetic field. By suitable choice of units and
scaling in the model, the voltage at node C may be
equal to the back-EMF as well”as being representative
of the coil velocity. The back EMF from node C is
presented in opposition'to the drive voltage at input A
15 by connection to the positive input of'differencing
operatiohal amplifier 44. The output of amplifier 44
is the sum of the back EMF from node C and a term
proportional to the current in the coil. Amplifier 46
_ _subtracts'the_back EMF to yieid a voltage representing
20 the current in the coil only, and by suitable choice of
arbitrary units, this voltage also represents the force
the coil exerts on the loudspeaker diaphragm by the
current reacting with the magnetic field produced by
. the loudspeaker magnet. As will be understood by those
25 having skill in the art, the term diaphragm is used
throughout this specificatien in its broadest sense so
as to include a planar diaphragm, a dome shaped
diaphragm, or a cone shaped diaphragm.
The force causes an acceleration of the
30 loudspeaker dlaphragm to a certaln veloc1ty which is
.resisted by the dlaphragm s mass or 1nert1a and by air
resistance encountere@ Operational amplifier 48 has a
feedback capacitor 50 representing the diaphragm’'s mass
and a feedbeck resistor 52, which might be non-linear.
35 representing the air resistance acting against the
diaphragm. The current flow through resistor 52
opposes the accelerating force and relates to the air



The echo cancellation systemillustrated in Figure 1 can be inplenented in
a | oudspeaker tel ephone 15 such as a hands-free | oudspeaker cellul ar
radi ot el ephone for US€ 1n an autonobilTe. WVhen inpl enENt ed as a hands-1r1ee
cellular tel ephone, speech signals received froma distant party are
transmtted froma cellular base station (not shown), received by 20 the
transcei W96@659%he cel | ul ar phone (not shown), and appl ﬁ%ut node 36
as input waveform Wt). As shown in Figure 1, the waveform Wt) is applied
in an anal og format at node 36, and converted to a digital format by A-to-D
converter 30 for use by 25 the |oudspeak®r nodel 12. D-to-A converter 26
Is then used to convert the waveformto an _analog format. The anal og
signal is anpl PRESEUES WAPE i Freatesy byaftheadizpirAgh Maameniay e
repr ezent ati ve cofrrehe senssh 5f denerditebaat spaidl dts nodeadecawhiby an out put
transducer suc N aker .14 oL, 4 .t el ephone user
hears sound prggggfgaﬁgﬁgﬁs%%i%%sgﬁggrg%{rrg.g%ayn?aa%%%ghghe sBeech of
the di stant pafdfPhrpgB RAYYMENL+he anal og signal Wt) at node 36 can be
gpp! i efl gi rectly to gﬁp|'l‘l‘1éq5ré§suré wavhe hewever mefdnateds firsmagplied in a
I gital: format . t [ - ap@l | T . he
| oudspeaker mg@}ngﬁdgf'igcﬁ %Ei(?%%\%g%érp%%ﬁ%g ﬁ%‘ﬂh&a&?z &Q
instantaneously displaced to the front of the

loudspeaker, it will be closer to a listener in front
of the loﬁdspeaker.j“Accordingly, é@ﬁnd waves will
10 reach the listener with a shorter time delay than when
the diaphragm is displaced toward the rear of the
loudspeaker. Diaphragm displacements occur with
greatest amplitudé at'low'frequeﬁcies'giving rise to
the non-linear phenomenon of délay modulation {also
15  known as phase modulation) of higher frequencies by
lower frequentieé.' A signal representative of the
'diaphragm dispiécemen; is generated at node D by
resistance GO,Icapacitance 62,'ahd operational
amplifier 64, ﬁhiqh tbgether make up integrator 65.
20 Thus the pressure wa#e signal from the diaphragm
geﬁeréted_at node C’ is subjected to delay modulation
p:oauced by delay modulaﬁdr 66 according to the
diaphragm diSplacemént,Signal generated at node D in
order"to produce the net sound pressure waveform at
25 output node B that is transmitted to a listener.

The diaphragm displacement signal generated
at node D is also néeded to model the diaphragm spring
restoring force that opposes the force exerted by the
coil which is represented by the coil force signal

30 generated by operational amplifier 46. ~The diaphragm
spring is expected to exhibit a non-linear stress-
strain curvé'modelled by-the non-linear resistor 56.
Operational amplifier 58, having non-linear resistor 56
in its feedback path, converts the displacement-related

35 signal generated at node D to a restoring force which
adds in opposition to the coil force signal at the



WO 96/ 26592 _ PCT/ US96/ 02073 -8- The
sound pressure wave, heweve+ss is al so broadcast—along the acaustic path 18
whi ch can include nmultiple channels. A channel is a reflection (or echo)
path fromthe | oudspeaker to the ricrophone. As a 5 result, echoes of the
sound pressureougigsefr € received by an input transducer suchpesmgbdsenhone
20. It is therefor desirable to reduce these echoes in the output signal
Z(t) generated by the m crophone 20 so that the distant party is not
confused by del ayed echoes of his 10 own speegh. This echo reduction is
preferably achi eved by using an echo filter inplenented as digital signal

processor ("DSP") 2Yriputgefcbpeeations] idmiladieeassi 9PRs , r@fstSrsubt ract
this estimted echo,signral, fram.the m crgophong 20 out put signal.
Accordi ngly, 15 arrpl%aﬁ%greds%ef?ﬂy 2 5—‘45#02%&8&"‘28 can be used to convert
the out put waveform Z(t) to afhupprebth apprtinyiage tbeiee.of EaxanEtdid t er
is preferably inpl engiid @@adsngsdifii €¢ HBRAladdicRs8880hobe PFE IFihurhiLh
generates 20 an %stlg‘%ted egho S|€,1r;1al_za";t).. IR resgonse to,.the |qr£ugu _
waveform Wt). | t &S RSUPAWRTEPEPRT | P HaeF 3 R9aAt AL 2P RPS U HHaCU R - D
converter 30 can be neded Bt gabohecpredirteadh\fxfooy theoededtyical digmadt . (I f
Wt) is applied in appdiedatol h8Blouddddiid QRpatt fbdélai s not 25 o
needed. ) The input waveformis tReln@PRl G eder2ad BoBEG namd%s e NI N
the echo filter which : .
present invention, a loudspeaker model 12 including an
10 estimation of loudspeaker non-linearities is included
in the echo cancellation path of a full-duplex echo
canceler in order to improve prediction of'echoes that
will be received back into the microphone 20 of a
loudspeaker telephone. Figure 1 shows inclusion of
15 this model 12 into the block diagram of an echo
canceler. An input speech waveform W(t) is received
from the telephone system,-and_after suitable
processing is applied to input node 36 and then
loudspeaker 14. In a mobile phene system,'auch
20 processing can include demodulation of a digitally-
modulated radio signal, error correction decéding and
speech decoding using, for example, a Residually
Excited Linear Prediction ("RELP") or Vector Set
Excited Linear Prediction ("VSELP") speech synthesizer.
25 The waveform W(t) is the output of such processing, and
may be in a digital format which is more suitable for
processing by the echo eanceie: of the present
invention. 1In this:gase, W}t) can be converted by D-
to-A converter 26 and ampliﬁied by amplifier 27 before
30 being applied to the speaker 14. The loudspeaker 14
broadcasts a sound pressure wave including non-linear
distortion components, into the environment, and some
of this sound pressure wave reaches microphone 20 by a
variety of delayed channels along acoustic path 18,
35 The microphone output waveform Z2(t) is amplified by
amplifier 37 and preferably sampled and A-to-D
converted using A-to-D converter 28 to produce



i ncludes a transfer function representative of the | oudspeaker. This
transfer function nodels both |inear and non-linear aspects of the

|"oudspeaker 14. The 30 output fromrtne roudspeaker rodelr IZ 15 applied to

t he acoustic path nodel 34, inplenmented within the echo filter, which
represents the acoustic path 18. The acoustic path nodel 34 is eferably

i npl enerW@86/268§92an adapti ve finite-inpul se-response (" FIRTTUSHAL0 Eﬁ
Accordingly, the estinmated echo signal Z' (t) fromthe acoustic path nDdeI
34 can closely approximate the echo fromthe | oudspeaker received by the

m cr ophone. WO 96/ 26592 -13-

PCT/ US96/ 02073 _-9- Adaptive:filters used in echo cancellation are

di scussed, fordigdired samples op vavRiqyp Z{t)37 The e¥iginal et al.
entitled "Echosgiddn 'Ffaanbfb&'tnow(ﬂ?tﬂﬁtam oGebBédenb.i)ngaencel lers includi ng

5 adaptive e C [ i §£ﬁ5§e filter
are respectlvg%%?sécal%?e dglui% é%gtape%%% '3% ?519'8%2ﬁﬁ3£€ akl et al.
entitled Echo @m@éu%rcoamales dsperkesr KOS CHOPRRA%y ¥the Same,
and U.S. Pag erdrdér to @36d06e an K@tiﬁﬁté?rﬂ'l(lﬂ)EdflGheEﬁhér&ﬁl‘&ﬁJ | er Havi ng

PR and 1R FALGHS. " ionNaaL) | nonkons o Eahoes. by Faekk Alcddie thr ee

above cited references Bre reby I'ncorpora
22 to leave a residual echo sxgnal E(t) whlch is

‘desired to be reduced.
' If the near-end party is speaking, E(t) also
10 contains_neaf-eﬁd speech which is transmitted to the
telephone'ﬁetwo:k;: The signal E(t), if in digital
form, may be converted to analog form if necessary for
onward transmission using D- to- A convertor 32. 1In a
mobile cellular phone system, other process;ng such as
15 RELP or VSELP speech coding, for example, can be used
to produce a reduced bit-rate representation of the
signal, error correction coding, and digital modulation
on a radio frequency carrier. '
' " 'An echo filter modifier 16 is used to update
20 the coefficients of the acoustic path model 34 so as to
obtain the least mean square value of the residual
E(t). This is done by computing the cross-correlation
between the waveform V(t) at the input of the linear
channel model and the residual error E(t), and
26 determining by how much each coefficient shall be
changed to produce better cancellation. For example,
if BE(t) shows strong correlation with V{(t) delayed by
23 samples, then the FIR coefficient applied to delay
tap number 23 of the filter is adjusted to remove this
30 correlated component from the output of subtractor 22.
This process will be known to those having skill in the
art and will not be described further here. The
inclusion of the transducer model 12 to produce the
waveform V(t), however, permlts 1mproved echo
35 cancellation.
Any modification of either the loudspeaker
model 12 or the acoustic path model 34 is preferably



entirety herein by reference. The estinmated echo signal Z' (t) is combined

15 with the m crophone—=20—eutput signal Z(t) -by—a subtractor--22, also
i.npl emented within the DSP, which subtracts the estimated echo signal from

t he out put signal. Accordingly, only sounds generated at the radi otel ephone

will be tranygégaespat 0 the distant 20 party. In a cell ul arpcrasgsdimrephone
application, the output waveform Z(t) (m nus the estimted echo signal

Z (t)) at output node 38 is applied to the radiotel ephone transceiver (not
shown) and transmtted to a renote cellular hgse station (not shown). If
the 25 transceiver requires an anal og out put waveform D-to-A converter 32
can be used to convdde iwlerSioply the adbsta@st Qshrtes Mat spehking. t remssei ver

requires a digital vef.ar to-A_cQn e ' of, d echo
filter also prefer a%'%/ Jitnlcqrnu&g%og’ﬁ goggaéﬁ%%lé?r?foe#r %rkr%dﬁflpgrg ﬁg"ﬁg‘;‘%ﬁ

nmodi fi es the operatWtp dfo tithe aesddnnlt eehe|wirhows thet Ancerfeuencerehf t he
echo portion of thesndPHouridindbt FhRefsPEd fby tttie TRAIdEPEAKERNI t D Sofidie

! Sldspeaker modeh SRR 548 PPBIEEPE e er AP EhEY  FeBiEE B noes
in the output wavefthensimnadr ditwgngtht hatecthe fidudspeaker to\\he s psuh
PCT/ US96/ 02073 strength out of the microphone. A device that
determines when the micrpphone'signal is substantially
derived from gcoustié feedback is discussed, for

10 example, in U.S; Patent No. 5{263,019 to Chu, entitled
Method and Appazatus'for Estimating the Level of
Acoustic Feedback Between a Léudspeaker and
Microphone, " the disclosure of which is hereby
incorporated in its entirety herein by reference.

15 . The invention may also include the use of the
echo filter mbdifier 16 to adjust the'parameters of the
loudspeaker model 12 in'orde: to further improve echo
cancellation by removing residual distortion components
that are not modeled by the linear FIR filter of the

.20 acoustic path model 34. .

The waveform V(t) is calculated by the
transducer model 12 from the waveform W(t). These
waveforms are assumed to be represented by numerical
samples . . ., W{i-1), wW(i), W(i+1), . . ., and . . .,

25 V(i-1), V(i), V(i+1), . . . . Likewise, the internal
waveforms at nodes B, C, €', D, and I, shown in Figure
2, are_represepted by discrete-time samples. The
computation of the output waveform samples W(i)
proceeds using the following equations:

30 I(i) = ( A(i} + Y*I(i-1) - C(i-1) )/ (R+Y) (1)
C(i) = Cli-1) + ( GID(i-1)) - U(i-1) - I(i) )/X (2)
D(i) = D(i-1) - C(i) | (3)
U(i) = F(C(i)). | | (4)
and ; _ '_ '
35 - W(i) = U(i) - 0.5(U(i+1) - U(i-1))*D(i)*dT (5)

where



-10- nodify its operation to accommopdate changes in the acoustic path as
well as aging of the system Figure 2 shows an anal og nodel of the
elfectrical characterrstrcs of an output (ransducer such 5 as Toudspeaker
14. An electrical input signal is applied at input node Ato create a
current through the | oudspeaker coil. The current flow is opposed by the
coi | reNQ26R6%2 40 and coil inductance 42, as well as PREUSSM0BVF | nduced
by the coil velocity in the 10 nmagnetic field. By suitable choice of units
and scaling in the nodel, the voltage at node C may be equal to the

back- EMF as well as being representativel®f the coil velocity. The back
EMF fromnode Cis presented in gpposition to the drive voltage at input A
15 by connection to the HosF 191 kguEhsr ool ¥ fiuatangeopeAdvided|
amplifier 44. byheheusampleftiamplsphicihgé4 is the sumof the back EMF from

node C and a term proporgiongl,.d o .the. cui Jln the coil. Amlifier 46
subtracts the back EMF t% lyélngh(f g’o&gl fggéggé%?ée'sent_ing 20 the current in

the coil only, and by suft¥hl% neRoildaeay EunFtion yrepresentingsthel t age al so "*i

represents sh_ediapﬁf?lgrhesﬁaﬂiﬂg' @t@‘l’ehfi_-ﬁﬁréhe fﬂ&lﬁﬁﬁﬂmp;d: aphragm by the
mmgnet. As i |1 be. undert A apy Eao LB SAPARMAERE mbe) PraREEPBEC |
t erm di aphr agnfdi¥ided oy Hisigiasmlet figesppr¢ingatdnsh in its broadest sense
so as to.include a plana 1H @ HoAINE ndadOfEnStRREFepresenting the
conversion of diaphragm velocity waveform C(i) to a
10 sound pressure waveform U(i). |
Equation (5) expresses delay modulation of
the pressuré wave U(i) which results from the motion of
the diaphragm. This calculation is done by
intérpolatiﬁg between samples U{i) using the derivative
15 0.5(U({i+1) -'U(i—l))}'by_an amount depending on the
diaphragm instaﬁtaneous displacement D(i) and a scaling
factor dT representing the amount of delay modulation.
For:eiample, if the sample rate is 8k samples
per second, samples . . ., (i-1), (i), (i+1), . . . are
20 125 uS apart. In 125 us sound travels approximately
1.5 inches, so if the diaphragm displacement D were
computed by integrator 65 in units of 1.5 inches, D=1
would signify one whole'sample delay. The formula
would then be 'changed to:
25 W(i) = U(i-1) for D(i) =1
or W(i) = U(i+1) for D(i) = -1
Since D is expected to be less than 0.5
however, equation (5) is more appropriate.

In the equations discussed above, the sign of
30 the delaf modulation has been arbitrarily assumed. It
' may be necessary to flip the sign of the delay
modulation, which is one of the reasons for introducing
the scaling factor dT, which can be positive or
negative. The other reason to include the scaling
35 factor is to permit D(i) to be computed in units other
than 1.5 inches. The units can be chosen to be
suitable for computing the function G(D(i)).



di‘aphragm or a cone shaped di aphragm The force causes an accel eration of
the 30 | oudspeaker diaph+agmto a—certain velocity which is+tesisted by
the diaphragnis mass or inertia and by air resistance encountered.
Operational anplifier 48 has a feedback capacitor 50 representing the

di aphragm s ngpaeaéds 2 f eedback resistor 52, which night be PeRSddrBes 30
representing the air resistance acting against the di aphragm e current
fl ow through resistor 52 opposes the accelerating force and relates to the
air WD 96/ 26592 -16- PCT/ US96/ 02073
-11- pressure wave created by the di aphragm nmovenent. Current sensor 54

generates a signal at node C rphégh E@M&%@ﬁ'féﬂehté abbuhé 65 S1Y fedRVe
created by the di aphragm npve ressure wave, however,

emanates from a moviity b/ &gy, °€ ‘alﬁré’fﬂﬁ"éé'rﬁmcﬂ\%?!ntghgrﬁ?%‘ﬁﬁag’rﬂ jwhich
i nst ant aneousl y di sglageec€(id £h¥(1} ontArfanbigriagydspatkeg , hete vréprdmnts

closer to a Ilstenerthbnfgegnthaé ﬁ@ éﬁﬁﬂ%&kﬁhats%ﬂé% fegves
will 10 reach the |jstener gk orterﬁﬁlnﬁ del aé i en t

di aphragmis di sp a8S& P08, ?h‘é"?‘é%ﬁs’rﬂn e S EGEEpERK P10 B iR aﬁj?ﬂnd

di spl acenents occur waves.gr Theefollowing fmrateqguetibne qtieniwssujit:i ng ri se

to C I(i) = (A(d) + Y*I(i-1) - C{i-1) )/(R+Y) (6)
C(1) = ( G(D(i-1)) + X*C(i-1) - I(i) )/(1+X) (7)
D(i) = D(i-1) - C(i) (8)
10 and |
W(i) = C(i) - 0.5(C(i+1) - C(i-1))+*D(i)*dT. (s)

There are now only two non-linear effects
modelled in these:equations. These non-linear effects
~ . are the delay modulaticn, which is represented by the

15 addition of an amount dT times a distortion waveform
which is the product of the derivative and the integral
of C(t); and the diaphragm stress-strain curve which is
represented by a function G(t).

G(t) can be partitioned into a linear stress-

20 strain.cu:ve-of.slope G, plus the non-linear remainder
G’ (D) = G(D) - G,*D. The purpose of this is to enable
equation {(7) to be replaced with the foilowing small-
signal version: _ N _

C(i) = C(i-1) + ( Ge*D(i-1) - U(i-1) - I(i) )/X. (10)

25 _ This equation can then be used with equations
(6) and (8) to predlct small-signal behavior of the
loudspeaker. The small signal and linear parameters
can then be determined for the loudspeaker by
measurement . _

30 The dete;minetion of the coil resistance 40
and inductance 42 parameters R and Y will be understood
by one having skill in the art, while the diaphragm
mass and linear part of the diaphragm stress-strain
curve G, can be determined by measuring the diaphragm’s

35 wmechanical resonant freduency and Q factor when the
speaker is in its intended housing.



t he non-|inear phenonenon of delay nodulation (also 15 known as phase
nodul ation) of higher frequencies by |ower frequencies. A signal

represent ati ve of the daraphragm dispracenent i s gener atedat node Dby
resi stance 60, capacitance 62, and operational anplifier 64, which together
make up integrator 65. 20 Thus the pressure wave signal fromthe di aphragm
gener at adogenesse C is subjected to delay nodul ati on RGIERSEEROB, del ay
nodul at or 66 according to the di aphragm di spl acenent signal generated at
node D in order to produce the net sound pressure waveformat 25 out put
node B that is transmtted to a |istener-17Fhe di aphragm di spl acenent si gnal
generated at node D is also needed to nodel the. diaphragmspring restoring
force that opposes the f&hecsuablteipnal perameterahire then fixedant ed by

; he ﬁoi | force &idnde %@n—gﬁﬂééﬁtﬁﬁ;f}éﬂ&@,aHiI'loﬂébr@é%ﬂifﬂg?rdei@y The
model | od byt haBA REaPaReE! sTor-Rentded, KPP oRER LiAsTs P IS8T having
non-|inear resitheostiesenstraineccuitiesk ment be dehexmined thy large
di spl acenents r ¢4l RaastirEReht 8N VAR mddun e ol xﬁaﬂ{]%é estoring force
whi ch adds in o 05|L|og tg.the coil fg{ce sgggal:at.t e WD 96/ 26592
PCT/ US96/ 02073 ﬁ%ﬁ;mlng + Lor example, by obs ing with a spectrum
analyzer the intermodulation produced on a two-tone
test between a low frequency sine wave signal that
causes large diaphragm diéplacements and a high
10 frequency sine wave signal that is most sensitive to
phase'modulétion by the'low-frequency diaphragm
displacements. S
The non-linear part of the stress-strain
curve can be'obtaihed_by using a spedtrum analyzer to
15 observe the harmonic distortion of a large, low-
' frequency, sine. wave signal as a function of amplitude -
and finding a fﬁndtidﬁ G’ by trial and error that
explains it. The function can be represented in a
numerical signal'proéessdr'by a lbok-up table.
20 Alterhatively, this curve can be'directly determined by
physiéal méasurements of forée or DC current required
to displace the'diaphragm a measured amount. The
invention may include the provision of a diaphragm
displacement or movement sensor for the purpose of
25 assisting in real-time determination or adaptive
updating of model parameters.
" In practice, a stress-strain curve G’ may be
assumed to be known apart from a scaling factor for a
particular loudspeaker. Likewise, it may be assumed
30 that the linear model parameters resulting in
particular diaphragm mechanical resonances are well
known for a particular loudspeaker size and make.
Small errors in small-signal parameters that effect
small-signal frequency response are not of great
35 conséquence as any system is assumed to have some
ability to adapt linear frequency responses to



i nput of operational anplifier 48. The resistors |labeled R err] may be

equal to 1-ehim Thus, -w-th—appropriate choi ce—of—paraneters and -scalings in
t.he above-descri bed nodel of Figure 2, 5 the sound pressure wave generated
at | oudspeaker output node B.can be predicted framthe electrical signal

applied to t?ﬁﬁ]ﬂg&hpeaker | hput node A. Accordi rdi;'g to a prefpirnadeniors
enbodi nent o e present invention, a |oudspeaker nodel 12 including .an 10
estimation of | oudspeaker non-linearities is included in the echo
~cancel lation path of a full-duplex echo cance/gr in order to inprove

predi ction of echoes that will be received back into the m crophone 20 of a

| oudspeaker tel ephog@mpéndite. 1 ﬁio\é&ainﬁméu_saqmmaﬂ%%mii&e@eLQI tdgei NtO
t he bl ock di agram of n‘gﬁho cg¥ce£%r. An i nput speech waveform Wt) is
received fromthe tEPRYFEh Y 8% M®8nd after suitable processing is

applied to input node 36 and ¥thén loydeppalirertakephans, flsi langhAsne system
such 20 processingg d¢baii ERe Olowdsiiedided 14~ teDEHb At ed

eriley Wl
radio signal, erpor cgorr {f#oqi ecodi ng_and ggeecqﬁgggpdi%a §§ing, for
exanpl e, a ResidﬁalT%cﬁgéh?Qﬁi O REXPSR, BEPUETOR R2REP 1688 or Set
Excited Li near PredreflectionsSHren nepybyhobjectre snd poszgblehzoamyef or m

Wt) is the output pfsshghlcdd OGRHEYAl1yREFaRYe®d Ihy? thelitedtn f Or mat which
is more suitable for grpce55|qg'by the'ggho cance) er_of the presgnt
invention. In this"ERELFORRNT oy ASSOXGADELY edtipyS Fesponse can be

modeled by an acoustic path model 34 including a

10 complex linear FIR filter. The echo or ring-around,
however, is imperfectly modeled due to the non-linear
effects discussed above which are not modeled by the
linear FIR filter thereby resulting in imperfect echo
cancellation. Using the non-linear echo cancellation

15 system shown in Figure 1, however, the channel from
electrical input, to the loudspeaker amplifier, to the
loudspeaker, across the acoustic path;, to the
microphone, and through the microphone amplifier is
more accurately matched by the combination of

20 loudspeaker model 12 and acoustic path model 34,
thereby providing better echo cancellation. It is now
described, with the aid of Figure 1 and the equations
discussed above, how the non-linear transducer model
parameters can be adapted in real time to continuously

25 reduce residual uncancelled echo-distortion residuals.

Referring to equation (9), it can be seen

that the output V(t) of loudspeaker model 12 includes
the sum of two waveforms, C(i) and B(i) = 0.5(C{i+1)-
C{i-1))*D(i), the latter being scaled by -dT. Since

30 the FIR filter 34 discussed above is linear, its output
is the sum of two waveforms obtained by filtering C(i)
and B(i) independently, and adding the filtered
waveforms with a scaling of -dT for the filtered B(i)
output.

35 Since waveforms C(t) and D(t) are calculable
from W(t), B(i) can be precalculated and C(t)} and B(t)
can be independently filtered to obtain samples of



to-A converter 26 and anplified by anplifier 27 before 30 being applied to .
the speaker 14. The |oudspeaker 14 broadcasts a sound pressure wave

i'ncludi ng non-linear distorti on conponents, 1nto the ENVITONMENT, and SONE™
of this sound pressure wave reaches m crophone 20 by a variety of del ayed
channel s al ong -acoustic path 18. 35 The m crophone out put waveform Z(t) is
anpl i fi SWORE268%p| i fi er 37 and preferably sanpl ed and ARGASNRAIArt ed usi ng
A-to-D converter 28 to produce WO 96/ 26592

PCT/ US96/ 02073 -13- digitized sanples of waveform Z(t). The original

speech waveform Wt) is also processed -asi-ng a | oudspeaker nodel 12 and a
model 34 of the nulti-path acoustic coupling fromloudspeaker to

m crophone, i wavefmmea 4 éthranflide (hh TReperhizedy(t) Z6ft] heill dephone

out pgt lsi gnﬁl &fidl tolhy, $t)$d-bt¢;t<tactaﬁdb%héuia1mcb@r d@éc&@ lbeﬁve a |
resi dual ec os t | ed t ce t.he near-en
party is speak atl:e('f(tg lggr%ﬁsec%% a? 2gr]iaE %@echT ticltf S
transmitted t AT maan daeemmtsétmrkeduqmeﬂ@ gtﬁan gguareivalye difgi tal form

may be conver tggk tyesiEaA0 wakEbih BROESSA WHilh EREAEEMGENHE SSion using
D-to-A convertor 32 <>Ifn a nobile cellular phone system other processing
such as )

E(i) = Z(i) - 2,(1) + dT*2,(i) is reduced.
This value of dT is given by the equation:

dT=-—2( Z(l)*(Z(l) 21(1)) ),

where Z,(i) is correlated with Z(i)-Z;(i), for i = 1 to
10 N samples. '

' The amount ALPHA of the Z,(t) waveform that is
combined with BETA of the Z,(t) waveform can be jointly
optimized to obt:ain:- _ _

ALPHA = de - bf ; BETA = af - ce
15 : ~ad - be ad - bc

where: a = [2,2(1)]

™

Q.
]
-

(2,2 (1)1

20 b =2c¢

n
oy

(Z,(1)*Z,(1)]

(Z,(i)*Z(i)]

o
"
™

Fh
L}
M

[Z,(i)*Z(i)]
25 .
Since changing both the amount of Z, and 2, is
approximately equivalent to scaling the FIR
" coefficients, the values ALPHA and BETA can be
impleménted by an overall scaling of the FIR
30 coefficients by multiplication with ALPHA, and by
setting: dT = -BETA/ALPHA.

Extra degrees of freedom to reduce the
residual E(t) can be obtained by using separate
adaptively optimized FIR filters for filtering the B(t)

35 waveform and the C(t) waveform to obtain two waveforms



15 RELP or VSELP speech coding, for exanple, can be used to produce a
reduced bit-rate representat+on of the signals—e+oe¢- correction—coding, and
di.gital nodulation on a radio frequency carrier. An echo filter nodifier 16
is used to update 20 the coefficients of the acoustic path nodel 34 so as
to obtain the g gagisssgean square val ue of the resi“dual E(t). Tiegudssnstone by
conputing the cross-correl ati on between the waveform V(t) at the input of
the linear channel nodel and the residual error E(t), and 25 determ ning
by how nuch each coefficient shall be changed_é&_produce better
cancel l ation. For exanple, if E(t) shows strong correlation with V(t)

del ayed by 23 sanpl eg, ()hqihd 3¢ (£] Rt igendenioe éﬁpbéfﬂréﬂe daly drarTRuMDer
23 of the filter is ad §te t0 renqpve this 30 correl ated .co nent f.rom
Che out put of - subt r acobPEbstentn . HasEver ERRTRCER ity PP SIS PARAD!
skill in the art andexpettimg the dmefifiilcdéntuseherthatifferTioshexctbanohyof

the transducer nodel algcgp_iﬂéo.cuap,e tﬂpﬁg@mgagnby(@ag e \Yns iRREY! S
i mproved echo 35 can ellatlon, An nnj]fl atiqn_of eltélr he |.oudspeaker
nodel 12 or the aéougF?ﬁ'p%Ekﬁ§nﬁ§§e§? L¥s BPEgngﬁ?ym° éiﬁ;hﬁﬁﬁfg§§2
PCT/ US96/ 02073 - 14- physical reality are the most economic in terms of
complexity. Complexity may sometimes be sacrificed,
however, in favor of quick implementations through the
use of existing adap;ive FIR algorithms that are
10 already programmed. An echo cancellation'system with
' separate FIR filters 34,, and 34, is illustrated in
Figure 3. .
' The transducer model 12, in Figure 3 produces
two output ﬁaveforms, a non-delay modulated waveform
15 C(t) (shown as V,(t)) and a distortion waveform B(t)
(shown as Vm(t)).__C(t) and B(t) pass through separate
acoustic path models 34,, and 34,,, each comprising an
FIR filter, the coefficients of which are all adapted
by echo filter modifier 16, in order to reduce the
20 residual waveform E,(t) out of subtractor 22,. Those
having skill in the art will be able to contrive other
variations in this arrangement. For example, the two
FIR filters can be separate for part of the'path and
then summed into a common FIR filter for the remainder
25 of the path. The foregoing embodiment of Figure 3,
using coefficients ALPHA and BETA, is in fact an
extreme version of this principle in which the separate
parts of the filters are reduced to single taps of
weight ALPHA and BETA, respectively. However, all the
30 . values of ALPHA, BETA, and the coefficients of the
common part of the FIR filter may be jointly optimized
instead of optimizing ALPHA and BETA only while
accepting the previously optimized FIR coefficients.
This is a matter of design implementation and a
35 complexity trade off that can be made by persons having
skill in the art while adhering to the basic principles
of the non-linear echo cancellation.



done when only the distant party is speaking. This condition allows a
conpari son of the input waveform Wt) to the residual echo w thout the
interference of ofher sounds not generated by the | oudspeaker. 1n one 5
enbodi nent, this condition is determ ned by conparing the signal strength
into the | oudspeaker to the signal strength out of the m crophone. A

devi ce WR9612682cr mi nes when the nicrophone signal is SM@H&Q‘H y derived
fromacoustic feedback is discussed, for 10 exanple, in U S. Patent No.
5,263,019 to Chu, entitled Method and Apparatus for Estimating the Level of
Acousti c Feedback Bet ween a Loudspeaker-zind M crophone, " the disclosure of
whi ch is hereby |ncorporated inits_entirety herein by reference. 15

The invention may al so iAfcladddtippalsEibyer Hnatc BHOMRY t BRY bRli fier 16 to

adj ust the par ﬁﬁ@l@déd Pefidre loudspeaker madidls 12 andoldgrof Filguireker
| nprove echo cgnc€ tl%ebg,rug_ﬁgggl g?téﬁsé qﬁe@ ggo%l fos) QP”H? ents that

are not nodel e e . line acous I'c pat h nodel 34.
The wavef orm \,Qm}l'r%h(ﬂﬂm a?tiééeﬁyc?h'éa%fﬁ%s’dh(PGFOnﬁdéPnYQrWErﬁq he

vavef or m Wg) . Thi§esE v elae’ @omar e£ 66t G the Raveeprmsasi ethgyhwiner i cal

sanpl es : ' "lg¥éag§aﬁggft vgo %% the 1nt f@gls o] dr%é1n%§i%€) V(i)

V(i+1), |nterna VBVeT orIrE. & , D, and

|, shown in Filoudspeaken modelesdat and Hi2.dwishethe 5arRe HANALOT™M The
conput ati on Oftme DevEg ﬂzﬁveéanMGWeaéul B model of this

filter can be included. A model of the frequency
10 response of the speaker amplifier 27 can also be
included here. This filter should not need to be
adapted and can be set in the factory to model the
anti-aliasing filter and audio amplifier responses. An
anti-aliasing filter corresponding to the signal path
15 from the microphone input 20 through the A-to-D
convertor 28 can be adequately modelled by the FIR
filter or filters used to model the acoustic path.
The technique described above takes care of
one of the non-linear distortion mechanisms of the
20 loudspeaker. The non-linearity, caused by the
| diaphragm spring, can be updated in a similar way. The

diaphragm spring non-linearity is modelled as a
polynomial such as: :
G,*D(t) + G,*D(t)? + G,*D(t)? .

25 Bach of the second, third and higher order distortion
waveforms from amplifier 58 of Figure 2 enters
ampiifier'48 and is subjected to a certain frequency
response before emerging at output B. The distortion
waveforms are also further distorted, but these higher

30 order effects can be neglected without significantly
affecting the ‘model. '

" The frequency response to which the cubic
distortion term, for example, is subjected can be
represented by an FIR filter having tap weights t,, t,,

35 t,, t;, ..., etec. That is, the output distortion

" waveform will be: B ' '
£t *G,*D* (i) + £,*G,*D*(i-1) + t,*G,*D?(i-2)



proceeds using the follow ng equations: 30 () = ( A() + YRI(1-1) -

C(i-1) )/ (RtY) —H-—C(i) =(i-1) + (G0d-1)) - U= =1(i) )/x
(2) D(i) =D(i-1) - i) | | (3 W) = R()
(4) and 35 Wi) = U(i) - 0.5(U(i+1) - WU(i-1))*D(i)*dT (5) where

WO 96/ 26592 wo 9626592 _ PCT/ US96/ Og€riassshiurs Y | S
equal to the coil inductance L divided by the sanple tine spacing; Ris the

coil resistance; Gis a non-linear function representing the 5 diaphragm
spring stress-strain relationship; X represen,g_the di aphragm mass
paranmeter 52 divided by the sanple tinme spacing; and F is a non-Ilinear

function gepresentimgibhﬁaﬁeﬁufms&ngh(ﬁeqﬂua@htﬁgnhyefggﬁéﬂirfaggdyangéi) to
of the presour e wava CEFLarper /R FHE oo Gl BERBEF oty dih e A agm
This cal cul ation i sfddnerbefi aceugliainatd mededcddstppreduay ithe sichy.t he
derivative 15 0.5(U(i+1) - Usinde)thd )i faTeieRt oflcREHE i Pt fodel
5 34 is linear, each of the terms in the series listed
above may be filtered independently and added. Since
each of the terms is in fact just a delayéd version of
the foregoing term, there is really only one waveform
to pass through the FIR filter. This waveform is:
10 . -..r D{i-1), D'(i), D*(i+1),...
The resulting filtered waveform is denoted by:
L eees Zyli-1), Z4i), Zy(isl),
This waveform is then subjected to'the FIR filter
defined by weights, T,, T,, Ty, ..., and subtracted from
15 the residual echo to reduce it. The tap coefficients,
Tor Tys Tar ..., which most effectively reduce the
residual echo can be found by the same technique used
to find the tap weights for the FIR filter of acoustic
path model 34 to reduce the residual by subtracting
20 weighted delayed copies of the W(t) waveform. The
optimum taps, T, T, T, ..;, differ from the known
frequency response of the wmodel, t,, t,, t,, ..., only
by the factor G,. Therefore, an updated value of the
distortion coefficient G, can be found. 1In the same
25 way, any polynomial coefficient of the diaphragm spring
non-linearity can be assigﬁed an updated value which
reduces non-linear echo residuals.
As discussed above with regard to Figure 1,
- the echo filter @ccqrding_to the present invention can
30 be implemented as a digital signal processor 21
including a loudspeaker:model 12, an acoustic path
model 34, a subtractor 22, and an echo filter modifier
16. In this embodiment, theiloudspeaker model and the
acoustic path moéei_eqch comprise a.single processing
35 Dblock, and these processing blocks are arranged in
series. The processing functions, however, can have
other arrangements.



di aphragm i nst ant aneous di spl acenent D(i) and a scaling factor dT
representing the amount of delay nodul ation. For exanple, if the sanple

rate 1s 8k sanples per second, sanples .~ .~ ., (i-1), (T), (T+IJ,
are 20 125 [err]S apart. In 125 [err]S sound travel s approxi rrately 1. 5

i nches, so if the diaphragm di spl acenent D were conput
in unitsW@P/26582 | nches, D=1 woul d signify one whole sa

formul a woul d then be changed to: 25 Wi)

ed by integrator 65
-PEROSOUTS The

Wi-1) for D(i) = 1

or Wi) = Wi+1l) for Di) = -1 Since Dis expected to be |less than
0.5 however, equation (5) is nore appropRBate. In the equations discussed
above, the sign of 30 - the deﬁﬂx nodul ati on haiﬁbeen arbitrarily assuned.

It may be necessary to fFPp E¥RMRIgyn e AFugE

VPR e lofarbech i s one

of the reasonsbirokenntioedutntyg twe pnndeslsgngablocksiTsuchMas: rcoasthe

posi tive or ”e%%tthbﬁ\odyﬂep.oiberaﬁ&aéégh d ?‘é‘tﬂdﬁoﬁé

to permt D(i) e conputed®in units ot

be chosen to b@S8uRtab|d# AW ABUFLEAYTE - fuﬂ'bt'ﬁl”d-ﬁ

:?.EUI actor is
units can
fiﬂ'ent &% 96/ 26592

PCT/ US96/ 02&73 1oilaspehkera:mdbel arxehaabh ef i vstastutpata vy, (k¢awhich

models the non- 1inear aspects qf the loudspeaker 14

'_output;_and a second output Vg (t) which models the

10

15

linear aspects of the loudspeaker output. Accordingly,
the acoustic path model A 34,, models the acoustic path
for the non-iinear'aspects of the sound pressure wave,
and the acoustié'path:model B 34,, models the acoustic
path for the linear aspeets of the sound pressure wave.
Each of the acoustic path models can be independently
modified in order to provide a more accurate estimates
of each portion of the echo signal. '
Accordingly, if the acoustic path 18 behaves
differently with regard to the linear and non-linear

‘aspects of the sound pressure wave, the separate

20

25

30

35

acoustic path model'proéeesing blocks can accommodate
this &ifference. This arrangement allows flexibility
with régard'to the parameters used to model the
acoustic path 18 as well as flexlblllty with regard to
the modlflcatlon of these parameters by echo filter
modifier 16,. Figure 3 shows the subtraction of the

'non-linear echo estimate 2 and the linear echo

estimate Z; by subtractor 22, in a 31ngle processing
operation. These echo estimates may alternately be
performed'separately by'mﬁltiple subtractors, as will
be understood by those having skill in the art.

In yet another embodiment, the loudspeaker
model is broken down into separate processing blocks
12,, and 12,, within DSP 21,, as shown in Figure 4. Here
loudspeaker model A 12,, models the non-linear aspects
of the sound_pressure wave generated by the
loudspeaker, andfloudspeaker model B 12,, models the
linear aspects of the sound pressure wave generated by
the loudspeaker. This arrangement provides flexibility



conver si on of di aphragmvelocity to pressure, in which case.C(i) = U(i). An
arbitrary scaling here-+epresents—the fact that—re-particul IHSGHEST a &gEV
been assuned for 5 defining the conversion of electrical s gnanH#Q §&§ |
waves. The follow ng four equations then result: 1(i) = (

- (i-1) )/ (Rwdpenessz (6) i) = ( (X(i-1)) + X*C(i'l)rcrihﬁia)ozdv_fs(“x)
(7) D(i) = Xi-1) - (i) (8) 10 and Wi) =
Cli) - 0.5(C(i+1) - C(i-1))*D(i)*dT. (9) There are ,now only two

non-linear effects nodelled-in these equati ongg. These non-linear effects
are the del ay nodul ation, which is represented by the 15 addition of an
amount dT tines a dw&thrregardWMmﬁthenpdnaMetessthse@rtmhunaﬁécﬂérize the

derivative and the g ﬁﬁrﬁ-egéug t,) ear;q, g%g dl’%ﬁgﬁ%ﬁ rt&sone%' g_lelggcgve

which is represented by unct] on
linear stress- 20 §Pr99ﬁ11-’cﬁ%"e’-‘2ﬂ &5@8@[ BPF?‘“ﬁF%B thie afhe 1Gidssr
remai nder G (D) = mb@ifieff®6y.] “D. The purpose of this is to enable

equation (7) to Re replaced I LSi 0 C(i)

Cli-1) + ( G[e?’r]*D(.-l)c m%:)met'@d)q%ﬁg ﬁ%a‘z@maé paTH mogel

equatlon can then b&BuRE® Wt‘FP Q%H@l(‘-é}’lﬁnﬂr?%sﬁi%ﬂﬂmq&s for

smal | - si gnal behavi mbdelxhbeth@l»mtﬁﬂiﬁ’ pathefssal ined®td aiaﬁlx-lllllih%&&

parameters can thenagﬁegggeéfnﬂ?éj J&{ndt Qﬁ'esgﬂggpv%\ggr 433' TR T Ybove
with regard to Figure 3. The embodiments of Figures 3

10 and 4 show that the loudspeaker model and the acoustic

path model can be broken down into multiple processing

blocks in order to model the linear and non-linear
aspects of the echo separately. The invention,
however, contemplates that these models can be broken

15 down into separate processing blocks in order to model
other aspects of the echo separately. For example,
separate processing blocks can be provided to model
high and low frequency portions of the echo, high and
low amplitude portions of the echo, etec.

20 It has thus been described how a non-linear
loudspeaker model 12 of loudspeaker 14 can be obtained
and included in the echo cancellation path of a full-
duplex loudspeaker telephone in order to obtain better
echo cancellation by also canceling non-linear

25 distortion products. The technique can be implemented
using a fixed, non-adaptive model of the transducer.
The parameters of these non-linearities can be
determined by measurement, or the technique can include
adaptive determination of the non-linear parameters of

30 the transducer using the techniques described above or
variations thereof that can be derived by persons
having skill in the art of adaptive signal processing.

Accordingly, many modifications and other
embodiments of the invention will come to one skilled

35 in the art having the benefit of the teachings
presented in the foregoing descriptioris and the
associated drawings. Therefore, it is to be understood

i
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30 The determ nation of the coil resistance 40 and inductance 42- -
paraneters R and Y wll be understood by one having skill in the art, while
thedraphragm mass—and-TTmear ~part™ of the draphragmStress-strarn curve
Jerr] can be determ ned by nmeasuring the diaphragms 35 nechani cal

resonant frequency and Q factor when the speaker |s in_its intended

housi NgWO 96:26882 96/ 26592 PCT/US96/02073

PCT/ US96/ 02073 -17- The small -signal paraneters are then fi xed; and the
non-1linear parameters, dT representing delay nodul ati on and G representing
the non-linear part of the stress-strai+25eurve, nay be determ ned by |arge
5 signal neasurenments. Delay nodul ati-on may be-determ ned for npl e, by
observi ng wi t tkats g rinvensirpzée Roke ’~'r‘?1t119r toaaEedi bR B %}ﬁ:
two-torie test &mideirentd @Nsbneﬂaanca‘nalmtwammﬂgaaionénaare;auses | ar ge

- di aphragm di sp] ace ] ignal that is
nost sensiti ve”?\b 'ﬁ%i‘%@% ?a??gae%q"{‘;}m %\?\ﬁlféggency ‘?’éaphr agm
di spl acenent s. appendash-dlaiogr part of the stress-strain curve can be

obt ai ned by using a spectrum anal yzer to 15 observe the harnonic distortion
of a large, low frequency, sine wave signal as a function of anplitude




and finding a function G by trial and error that explains

can be represented in—a—hRureri cal sikgnal processor by a | ogkY le:.
Alternatively, this curve caﬁ‘b“—dfrecfky—deLern1ned by ph SlcachrLAbL

measurenents of force or d to displace the draphregma
measur ed anouwo96/dese2 | nvent i Eﬂ"'gm m% e provision of peflogightadym
di spl acenent or novenent senser §ort se of 25 assisting in

real -time determ nation or adaptive updating of nodel paraneters. In
practice, a stress-strain curve G may be assiyged to be known apart froma
scaling factor for a particular |oudspeaker. Likew se, it nay be assuned 30

that the |inear nodel paraneters rehatt mgehnzpaclamﬂcnruil aphragm
mechani cal resonances are well knogﬂ EQﬁ a°£ﬁg%ﬁ#§giﬂb ggggﬁggrgg}5|ze and

make. Small errors in snaII-S|gnaI paraneters
frequency response HARIHSIHI ‘great 35 consequence as any systemis assurred

to have sone ability to adapt a- ubaaspéalequemay ;rmm&QSat eoundvpféfé@:@%
- 0
o ror s he uas SFUP S Sobochlp FETER, Lo M, BRUEL 58" a5 10 o
5 an audlo input thereof, sald sound pressure wave
1nc1uding a desired_llnear component which is a linear
function of said input signal, and an undesired non-
linear component which is a non-linear function of said
input signal; said sound pressure wave being
10 transmitted along an acoustic path;

a microphone positioned in said acoustic path
for converting said sound pressure wave into an output
signal;

an .echo filter responsive to said input

15 signal and which_generatee an estimated echo signal,
said echo filter comprising a loudspeaker model which
generates an estimate of said sound pressure wave
including an estimate of said linear component and an
estimate of said non-linear component, and an acoustic

20 path model which generates an estimate of said acoustic

~path from said loudspeaker to said microphone; and

a subtractor for subtracting said estimated
echo signal from said output'signal thereby reducing an
echo portion of said output signal wherein said

25 Jloudspeaker model ahd said acoustic path model are
connected in eeries.

2. An echo- cancellng loudspeaker telephone
accordlng to Claim 1 further comprising an echo filter
modifier responsive to said output signal, said input

30 signal and said'estimated echo signal for modifying
said echo filter to further reduce said echo portion of
said output signal.

This Sheet Has Been RTlaced
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frequency response fromthe | oudspeaker 14 to the 5 m crophone 20 across
acoustic path 18 includes reflections from nearby objects and possi ble room
resonances, generalty rererred to by the term "environment . Accordingly,
this response can be nodel ed by an _acoustic path mmdel 34 including a 10
conplex linear FIR filter. The ecPgHm SHEFIUHAS BEEN, hovve ’E’ @sl nmperfectly
nodel edWAs/26892t he non-|inear effects qieppppspd abqgv B3 ot model ed
by the linear FIR filter thereby resttt+reg—+r .upc.fect echo cancel | ati on.
Usi ng the non-linear echo cancellation 15 system shown in Figure 1,
however, the channel fromelectrical inpdf; to the | oudspeaker anpl i fier,
to the Ioudspeaker across.- the acoustic th, cro
t hrough the microphone adpl i fA%@hO- ﬁﬁpgggtE%rtHQA q%Eﬁfhé% g?ﬂ%
conbi nation of aaeokaudgpeakmammelwhb’teandsan@mho: qaamemadhfsar t her eby
provi ding bett gstas §20°Ebl ke nols81 RMSLRGY 14040 woltehshge ai d of
ot

Figure 1 and t uatrons ussed ahove, how the nqn ear tra sducer
model par aneteﬁi@ec&ﬁtb@a'é%l T PFRESYES d'lﬂi‘ﬁ Hﬂ(ﬁ’&é‘%n§5 P8Auce
resi dual unganegkhmetachp- shid dririear respdnehs.ankisid egtimatquafi on (9),
it can be seen _that {he at_ V( | oudspeaker -nodel 12 incl udes the
sum of two vvavgfl&'? ngnd'géfé%dc%@%ne%fto 5(C(i+1)- C(i-1))*D(i), the latter
being scaled by -dT. Since 30 the FIRfilter 34 discussed above is |inear,
its output is the sum ofgfwo Mﬁ\édmf wanekl &hg elowdsgdadktear itedethohe

according to Claim 2 wherein said echo filter modifier

comprises an acoustic path model modifier for improving
10 the estimate of said acoustic path from said
loudspeaker to said microphone.

5. An echo-canceling loudspeaker telephone
according to Claim 1 wherein said acoustic path model
comprises a finite-impulse-response filter. .

15 s, An echo-canceling loudspeaker telephone
according to Claiﬁ 1 wherein said echo filter comprises
a digital signal processor.

7. An echo-canceling loudspeaker telephone
according to Claim 1 wherein said loudspeaker model
20 comprlses means for performlng a transformation of said
input 81gnal, said transformation being an estimate of
a transfer function of said loudspeaker, said transfer
function including a non-linear component.

8. An echo-canceling loudspeaker telephone

25 according to Claim 7 wherein said non-linear component
represents one of a delay modulation of said '
loudspeaker and a diaphragm stress-strain curve of said

loudspeaker.
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and B(i) independently, and adding the filtered wavefornms with a scaling of
-dT for the +H++tered B(iy—eutput.—35. —Sknce wavef Qriggat; and
D(t) are calculable fromWt), Bjmﬂcan be precal cul ated ang gy

aht 7

can be independently filtered-to I[”u"murmm‘f WO 96 PLA

PCT/ US96/ 0207%o 96fdesspavef or s Z[ y (t) respeclpcralsyenivn
t), ahd theé value of dT can be

will be equal to Z[err](t)-dT*Z[err]
conputed to increase the echo cancellation. That is, dT can be conputed to
reduce the nean square value of 5 the residualagyaveformE(t), in which the
sum of the squares of: E(i) = Z(i) - Zerr] (i) + dT*Z[err](i) is reduced.
This value of dT is given by the egraechs: chidel inthdondépeaketi teldphone

correlated with Z(i )%lrglﬁé for i =1 to 10 N sanples. The anpunt
ALPHA of the Z[err](? veformthat is conbined with BETA of the Z[err](t)

wavef orm can be jointly opti nidzdguagpeaker nfom pyeducigg a gpund: pressur®ETA
af - ce 15 wave in respdfiseb€o an input signal whdéh- ibBCappPi&d to
a = [err] [Z[erg](iﬁ]audio input thereof, said sound pressure wave

including a desired linear component which is a linear
function of said input signal, and an undesired non-
linear component which is a non-linear function of said
input signal, said sound pressure wave being

10 transmitted along an acoustic path;

a micfophbne positioned in said acoustic path
for converting said sound pressure wave into an output
signal;

an echo filter responsive to said input

15 signal and which gehera;es ah estimated echo signal,
said echo filter comprising'a loudspeaker model which
generates an estimate of said sound pressure wave
including an estimate of said linear component and an
estimate of said non-linear component, and an acoustic

20 path model comprising a first processing block for
generating an estimate of said acoustic path for said
non-linear component of said sound pressure wave and a
second processing block for generating an estimate of
said acoustic path for said linear component of said

25 sound pressure wave; and _

a subtractor for subtracting said estimated
echo signal from said output signal thereby reducing an
echo portion of said sound signal.

10. An gcho-qanéeling loudspeaker telephone
30 according to Claim 9 further cqmprising an echo filter
-modifier responsive to said output signal, said input
signal and said estimated echo signal for modifying
said echo filter to further reduce said echo portion of
said output signal.

This Sheet Has Been Rerlaced
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i( )]_ 20 —c*: [err] B
s I e 0L

amount of Z[err] and Zerr] is ap lent to scaling the FIR ~

coefficients, the values ALPHA andTHﬁh&HBﬂhH®% ﬁ%lenented an overal

scal i ngwé‘f%tlf@2 FIR 30 coefficients byRERLACH) i catilon RFVH and by

setting: dT -BETA/ ALPHA. Extradegrees oif freedomto reduce the residual

E(t) can be obtained by using separate adaptively optimzed FIRfilters for

filtering the B(t) 35 waveform and the-&Rt) waveformto obtain two

wavef or s WO 96/ 26592 - '

PCT/ US96/ 02073 -20- Z[ ett} (AR Sfhozcanepding; ouksrankatc £ed8PEOBSr at e set s

of FIR coeffi aiceotrslngiowvelaim har eshiexetn phydiemio Eiditer mbdscEpeeti ng t he

coefficient s fier ens of the .

type considergﬁﬁgkgsgb ;E l&ﬁ eﬁ%&%?ﬁgﬁfguﬁgé% at nné%ﬁkaﬁggggg .
he estimate of sald sound pressure wave including sald

5 estimate of sald linear component and said estimate of

said non- 11near component

12. an echo-canceling loudspeaker telephone
according to Claim 10 wherein said echo filter modifier
compriges an acoustlc path model modifler for improving

10 the estimate of said acoustic path from said
loudspeaker to_seid microphone.

13. 'An'echofcanceling'loudspeaker telephone
according to Claim 9 wherein said acoustic path model
comprises a finite-impulse-response filter.

15 14. An echo- canceling loudspeaker telephone
according to Claim 9 wherein sald echo fllter comprlses

S -
oo

a digital signal processor

15. An echo-canceling loudspeaker telephone
according to Claim 9 wherein said loudspeaker model
20 comprises means'for performing a transformation of said
input signal, said transformation being an estimate of
a transfer function of said loudspeaker, said transfer
function including a non-linear component.

16. An echo-canceling loudspeaker telephone
25 according to Ciaim 15 wherein said non-linear cowmponent
represents one of a deiay modulation of said
loudspeaker and.a diaphragm stress-strain curve of said
loudspeaker.
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physi cal reality are the nost econonmic in terms of conplexity

t.hrough t he use of eX|st|ng adaptlve Fliﬂﬂ! that are

programred. An echo cancel t ati-on- ate FIRfil ters 34 €
and 34[err] | woig62682r at ed*in F| ucer nodel PCT[USH6/G2073n
Fi gure 3 produces two output maveforns a non- delay nodul at ed wavef orm 15
C(t) (shown as V[err](t)) and a di'stortion wavef orm B(t) (shown as
Vlerr](t)). C(t) and B(t) pass through separage acoustic path nodels
34[err] and 34[err], each conprising an FIRfilter, the coefficients of
which are all adapted by echo1f7.| t 8n echoféancdbing dovdspeniier telepbome

the 20 residual waveluHr® ] (t) out of subtractor 22[err]. Those
having skill in the art Wi e able_to contrive oth varigtions in this
arrangenment. For exanpl e, the°Pﬁ8uﬁlEF?P?$%$%rdﬂﬁ“ﬁ%%%5bBF83 ycipg %a??“?ﬂ

the path and then suprasbune wayecdmuesponse to an fimputheigeaihi which 26s of

the path. The forggoiga e E%nhuaﬁ.o':i € élefé%ﬂ”'gsﬁgﬁf bbthanpfedbiFé
and BETA, is in fact ‘an extre versi.on BEQ? rInCIE ein ich, the

separate parts of tWAYS HAFY Peﬂﬁﬁéﬁe? Degt WBight 1 PHA
and BETA, respecti velinearHfnmetionabfE shid 3lnmatl signed , AbRHAanBanidestred t he

coefficients of the rhd%%”c thﬁt Fvlvﬁcf:l‘x:i@ra %Yl-li‘inleghrnkhﬁcei)éﬁ rsq,fed

i nstead of optim zi PHA and .BET acceptin VI ou
opti ni zed FI% Coefflé%{§h¥9put signal Yd sound pre suregwave e

10 transmitted along an acoustic path;
input transducer means positioned in said
acoustic path for converting said sound pressure wave
into a output signal;
echo filter means responsive to said input
15 signal for generating an estimated echo signal, said
echo filter means comprising an output transducer model
for generating an estimate of said sound pressure wave
including an estimate of said linear component and an
estimate of said non-linear component, and an acoustic
20 path model for generating an estimate of said acoustic
" path from said output transducer means to said input
transducer means; and
. combination means for combining said
estimated echo sighal and said output signal thereby
25 reducing an echo portion of said output'signal.

18. An echo-canceling loudspeaker telephone
according to Claim 17 further comprising an echo filter
modifier responsive to said output signal, said input
signal and said estimated echo signal for modifying

30 said echo filter to further reduce said echo portion of
said output signal.

19. An echo-canceiing loudspeaker telephone
according to Claim 18 whérein said echo filter modifier
comprises an output transducer model modifier for

35 modifying the estimate of said sound pressure wave
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/"__— .
This is a gn I mpl enentation and a 35 conplexity trade off
t hat ca EB ons having skill in the art while adhering to the
basi c p Sthe non-linear echo cancellation. VWD 96726592

| oudspe Is 12 and 12[err] O‘THISQSHE HA&rBﬂE& T of this
filter a@%gggﬁ%g the anti-aliasing fil tREPLACED ai ned iﬂéﬂgé%gﬁﬁgonverter
26. 5 This filter has sonme effect o ving the | oudspeaker,

and so in the interests of driving the | qQudspeaker nodels 12 and 12[err]
with the same waveformthat drives the Péal Ioudspeaker a nodel of this

filter can be 0 ﬂﬁe the speaker
anplifier 27 can *a%bgéﬁgggsg Igs.here ?’ﬁ¥?} c&;%&? no need to be
adapt ed and carisk estimage pé Fae@dmnﬂetmepomaenmh-a| iasing filter and
audio anplifier responses. An anti-aliasing filter corresponding to the

signal path 15 fromth gonvertor
28 can be adequately no eI | eé‘q %é%%&l@ E_QL& ?*%&gréle}hgnto nodel
the acoustic RAIPT f:ecﬁ‘-hawel@é&qrq@éd sébévécb‘ak%%l'é%ﬁ aoftifdex of the
non-1i near sli Sdotr;im@esrranhaaoﬁas:.@fpaﬁle model modifier for improving

the estimate of said acoustic path from said output

transducer to said input transducer.

21. An echo-canceling loudspeaker telephone
according to Claim 17 wherein said acoustic path model
10 comprises a finite-impulse-response filter.

'22. BAn echo-canceling loudspeaker telephone
according to Claim 17 wherein said echo filter means
comprises a digital signal processor.

23. An echo-canceling loudspeaker telephone
15 according to Claim 17 wherein said output transducer
' model comprises means for performiﬁg a transformation
of said input signal, said transformation being an
estimate of a transfer function of said output
transducer means, said transfer function 1nclud1ng a
20 non-linear component.

24. An echo-canceling loudspeaker telephone
according to Claim 23 wherein said non-linear component
represents one of a delay modulation of said output
transducer means and a diaphragm stress- strain curve of

25 said output transducer means.

25. An echo-canceling loudspeaker telephone
according to Claim 17 wherein said output transducer
means comprises a loudspeaker.

-
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20" | oudspeaker. The non-linearity,

updated in a simlar mey——lh
a .pol ynom al such as:

- 25 Each of the second

frequency response before energlng at" output

caused by the di aphragm
err]*D(t)]

arrpl I fier S58wvwihogresyir € 2 teglt e?ilm ,ﬁmu"mmﬂd

A
i nearit pdel HAB BEEN
r] + derf]*D(t3HPEACED

di storti on waveforns from

i S subj ect eeCTYUssHOMII t ai N
The distortion wavef or ns

are al so further distorted, but these higher 30 order effects can be
neglected wi t hout S|gn|f|cantly affecting theggodel. The frequency response
to which the cubic distortion term for exanple, is subjected can be

represented by an FIR filter Zavi g lethoweafgbé¥ihd Xdddspdakier] telephbfier ],

(i1t er B o] EFoRtteR o R p7oRhB A S AR ¥ahalicer

t[err]*Jerr]*D er r}‘??ni)wmprlsea BHMICKPPROPRgard to the parameters used
to characterize the sound pressure wave as well as flexibility with regard

0 This empodt ment, e acoud o 1 HepBsaRntel 155, TRt icel” teachpofle

processi ng bl ock® fggcordlng to Claim 17 wherein said output transducer
model and said acoustic path model are comnected in
series between said audio input and said combination
means.

28. An echo-canceling loudspeaker telephone
accordihg to Claim 17 wherein said acoustic path model
comprises a fifst processing block for genefating an
estimate of said acoustlc path for sald non-linear

10

component of said sound pressure wave and a second
processing block for generating an estimate of said
15 acoustic path for said linear component of said sound

pressure wave.

29.
accordlng to Claim 17 wherein said combination means
comprises a_subtractor for subtracting said estimated
echo signal from said output signal.

An echo- cancellng loudspeaker telephone

20

30. A method for reducing echoes in a
telephone sYstem including a loudspeaker, said method
comprising the steps of:

- applying an input signal to said loudspeaker
to produce a sound pressure wave which is transmitted
along an acoustic path,

25
said sound pressure'wave
including a desired linear component which is a linear
function of said input signal and an undesired non-
linear component which is a non-linear function of said
30 input signal;
converting said sound pressure wave in said
acoustic path to produce an output signal including an

echo portion;
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nodel i ng the acoustit path for |inear and non- | i near aspects of the sound -
preﬁ’ﬂ'ﬁ yscussed above with regard to Figure 3. The enbodi nents
’mmm]! m ,a‘n‘d‘ﬂ—sﬁowtha‘t—t‘m—lo_ud's’peaker Tooel  an € acoustic
;

at h* ndfdel* c&n be oken down into nmultiple processing blocks in order to
rmdel the linear and non-linear a t BEEW |separatel y. The
i nvent i wo,96kesaever, cont enpl ates tpﬁ-ﬁs%ﬂggé gg%jel S B GCHUSA6HES, 15
down into separate processing bl oc eI ot her aspects of the
echo separately. For exanple, separate processing bl ocks can be provided to
nodel high and | ow frequency portions of33+he echo, high and | ow anplitude
portions of .the echo, etc. 20 .. It has thus been described how
a non-linear |oudspeakedgensyating #n eshidasedierhessigpabeilbt aj ned and

i ncluded in t heedsdie 20C ghkiat h.ﬁﬁu@aéiyrﬁl awhelrkin dsipi @ e dtairdapaaker
t el ephone | n orcLer t.0 O\Ht If}%lgﬁ%%eé? %@;cgkl &k 505 0Yo s&ecglg,cel I ng

non-1| i near e techni que can enent ed
usi ng a flxed saxﬁlknnﬂaneakeWDdﬁhlﬁh xnﬂiQQ%§n§GE€éF ant NORrlaReEET s of

these non- 's“e@&ﬁﬁdrféiat@naha dat esrimatk f dRatoreions  dws ddesaidchni que
can incl ude ada |ve. det m naél on of the non-linear paraneters of 30

t he transducer® dc AR ques descri bed above or variations thereof
that can be derived by p!@nbonsngaﬁar@ aiput sagnad ard eAididaptive signal

processing.  ggtimated echo signal to reduce said echo portion of
said output signal.

10 31. A method accordlng to Claim 30 wherein
sa;d comblnlng step is followed by the steps of:
determining a residual echo portlon of said
output signal remaining after said combining step; and
modifying said estimates of distortions due
15" to said loudspeaker and said acoustic path in response
to said residual echo portion to further reduce said
echo portion of said output signal.

32. A method aécordihg to Claim 31 further
comprising the step of comparing_said input signal with
20 said output signal to determine when said output signal
substantially édmprises only said echo portion, and
wherein said modifying step is performed when said
output signal subétantially'comprises only said echo
poftion. -

- 25 " 33. A method according to Claim 32 wherein
said input signal comprises an input test signal.

This
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WO 96/ 26592 PCT/ US96/ 02073 - 23-
For—exanpte;- the acoeust+e—path nodet—camtre—broken do ' '
bl ocks such as acoustic path nodel A 34[err] and acoustic path nodel B
34[err] within DSP 21[err], as shown in Figure 3. 1In this enbodinent, the
5 | oudsporkssizesrdel 12[err] has a first output V[err] (t)PCORISN20Tdel s t he
non-1inear aspects of the |l oudspeaker 14 output, and a second out put
Vlerr](t) which nodels the linear aspects of the |oudspeaker out put.
Accordi ngly, the acoustic path nodel A 34&err] nodel s the acoustic path 10
for the non-linear aspects of the sound ﬁ ssure wave, and the acoustic
path nodel B 34fgerr] nodel s thegacoustic pathAor the linear aspects of the
sound pressup ve. Each of th®jacoustic q nodel s can be independently
nodified in er to provide a ngre accur timtes 15 of each portion
of the echo Sidnal. Accordingly, |]if the co&%ti path 18 behaves
differently witth regard to the lilnear and »®n-|}§ near aspects of the sound
pressure waye, separate a T pat processi ng bl ocks can
accommpdate |2zt thf s differen¢eg THi s anna i_allows flexibility with

regard to thel ters used thhD el tREFouktic Qath 18 as well as
flexibility

gard to th Sgﬂlf i catijon=f } heseparavers—y echo
filter nodi

iz 16[ err]. Figlire=3 shows thd sporrctron the 25
non- | i near c‘ﬁges imate Z[er ]Ognd he |indar
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estimate Z[err] by subtractor 22[err] in a single processing operation.
These echo esti mat-es—ay—att er nat el y-be—pe+rfornred separatetry—by—rot-ttpte——
subtractors, as will be understood by those having skill in the art. 30

In yet another enbodi nent, the |oudspeaker nodel is broken down into
separate aﬁﬁﬁﬂ&P&ng bl ocks 12[err] and 12[err] w thi n DSPCRUB6/2873Ishown i n
Fi gure 4. re | oudspeaker nbdel A 12[err] nodels the non-linear aspects of
t he sound pressure wave generated by the 35 | oudspeaker, and |oudspeaker
nodel B 12[err] nodels the |linear aspects of the sound pressure wave
generated by the | oudspeaker. Thig arr ardfénent vides flexibility - 26-
That Which Is Cained Is: 1. 4> echo- cancel i ng”ljoudspeaker tel ephone
conpri sing an out put transduc?{ 14) which producds a sound pressure wave
in response to an input signa which is |applied to an audi o input

t hereof, said sound pressure cluding a | conponent which is a
| i near function of said input|gidgnal (W, and gngtion-} | i near conponent
which is a non-linear functioj I(E sqi d i nput si gn@ (MW, said-sound
pressure wave being 10 trh ed along an @ Li.c path (18), and an
i nput transducer (20) positiohgqdsinisaid acoustlir¢zpath (18) which converts
sai d sound pressure wave into a£8ut ut 08
~~
-+t f~
=
[N’
W
1 .
r Hf M)
&
o~

Z\(t

FIG.
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signal (Z), wherein said echo-canceling |oudspeaker telephone is
characterized by: 15 —ap—-eceho—+ter (21)
i nput signal (Z) which generates an estimated echo signal, said echo filter
conprising an output transducer nodel (12) for generating an estinmate of
said sounqu?ﬁﬁgﬁre wave including an estimate of said |ireBusssorgdnent and
20 an estimate of said non-linear conponent, and an acoustic path nodel
(34) for generating an estinmate of said acoustic path (18) from said out put
transducer (14) to said input transducer (20); and a conmbining circuit (22)
whi ch conbi nes said 25 % gi mat ed ech@/si gnal ®@fd sai d out put signal

r

t hereby reduci ng an echo tion of said output si'gnal; and an echo filter
nodi fier (16) responsive sai d out put signal, saild i nput signal and said
estimated echo signal for difying said echo filtdr 30 (21) to further
reduce said echo portion ofgi out put si gnal In said echo filter
nodi fier (16) conprises Elr tput transducer no difier for nodifying
the estimate of said sourd3§§ ure wave i ncl udi
| i near conponent and saic*? M3 [
AVENDED SHEET -27-
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2.7 An echo-canceling | oudspeaker tel ephone according to Claim1 wherein
sai.d echo filter nodifier (16) conprises an acoustic path nodel rodifier
for 5 i mproving the estimate of said acoustic path (18) froem sai-d -

out put transducer (14) to said input transducer (20). 3. An echo-canceling
| oudspeaker tel ephone according to laim1l erein said acoustic path nodel

10 (34) conprises a finhbpakAPYSSENDCREPAES FOR! EANCELINGAT .

echo- cancel i ng | oudspeaker pt6tepheNBcREBE" ENcHubENE RONLATMRRREI N said echo
fil-ter (21) conprises a dipidTRORTIONRIIND LOUERTHARER TEINPHNME canceling

| oudspeaker tel ephone 15 according to Caim1 wherein said output

t d del (12 ises: . f ' t f ti f

said 1 nput Signal (W, sal GPEPaRUPOTRFFOR BEIAGLANGSEPREtaR SCRRRReT or

function of sai dipplpoaticansdudel §&4)08£apd, veansheitiedctAppa?tus

ncluding a non-LiAeqocGORPRBENhdaftivefl BE000RBARAELERMS! aUSPeaker
ereirn said

|
t el ephone according _to alm < € d_non-Tinear C n%onent represents
one of a delay reeufapeakessDigrarbiepal £ihaddgeseurrantiydhardawaphr agm

stress-strgiin cusN@ 85s?8§ned t&atHeOHERUGNLE2HBUHRE! prddint TinveAPion,
echo-cancel i ng | ouds eakir teleggone_agcordln to Claim1 wherein said
out put transducef194¥SEhABIFEe .awpbﬁ spRaReFeby. 1ncapparhbedahbelFhg
| oudspeaker tel eghobeety herein by. reference. An equivalent
application has been published as International

Publication No. WO 96/26624.

10 ' Field of the Invention
This invention relates to the field of
telephony, and more particularly to the suppression of
echoes in loudspeaker telephones. °

Background of the Invention
15 A loudspeaker telephone system includes an

output transducer, such as a loudspeaker, and an input
transducer, such as a microphone. The loudspeaker
produces sound pressure waves in response to an input
signal received from the distant party which is
20 repfesentative of a desired sound pressure wave, and
the microphone receives sound pressure waves to be
converted to an output signal and transmitted to the
distant party. Because the loudspeaker broadcasts
. sound pressure waves into the environment around the
25 loudspeaker telephone, there is ah acoustic path from
the loudspeaker to the microphone which may result in
an echo. Typically, this acoustic path includes a
plurality of channels (representing a plurality of
reflections) so that a plurality of echoes reach the
30 microphone at different times.
If nothing is done to compensate for this
acoustic path, sound pressure waves generated by the

~ AMENDED SHEET



30: according to Caim1l1 wherein said input transducer (20) conpriseé a

m crophone. -28- 9. An echo-canceling | oudspeaker telephone accordi ng
to-Claim1 wherein said output transducer nodel (12) and sai d acousti'c path
nodel (34) are 5 connected in series betiyeen said audio input (36) and

sai d conbi ni ng ci L 2 10, ., An_echo-canceling | o eaker_ tel ephone
according to CIai%?#a%Bé?%%ﬁ et %SB%h??ﬁﬁpg?ﬁ°ﬂgheFH Q}CEB P88,
first processing thecfisbangensent i nIn Ifractias, eshisoneans sRa€ wBEwSti C
patth (18) for said non- |linear conponent of said sound pressure wave and a
second processing block for generating an estimate of said acoustic path
(18) for said linear conponent of said sound pressure wave. 15

11. An echo-canceling Ioudspeaker t el ephone according-to Caim1 wherein
said conbining circuit (22) conpri'ses a subtractor for subtracting said
estimated echo signal fromsaid output signal. 12. An echo-canceling

| oudspeaker tel ephone 20 according to Claiml further conprising a
detecting circuit which determ nes when said output signal substantially
conprises only said echo portion, and wherein said echo filter nodifier
nodi fies said echo

AMENDED SHEET -



filter when said output signal substantially conprises 25 only said
echo portion. 13. A nethod for reducing echoes in a tel ephone system, K
i ncluding a | oudspeaker, said method conprising the steps -of..applying an
i nput signal (W to said |oudspeaker (14) to produce a sound pressure wave

30 . which is transmtted al ong ‘an acoustic path (18), said sound
pressure wave including a |inear conponent ich is a linear function of
said input signal and a non- |linear conponent” which-is a non-linear

function of sai dspeciZdcaitiputs,silgudispeais reomeeatlilyy hedied neo WiteRrATIUN €

wave in said acog quf&@% i kggttglgroduce an output signal including an
echo portion, e|n sal 5 characterized by: generating an

estimated echo S|gnal in résﬁbﬁ?é ﬂ@ygauéuihwuad@pgnMe figleciforwagdi d

estimated echo Sh@&ﬁbrk”ﬁb“@ﬁ%cﬁ%séathHaEﬁeoélgk%EQrEtoﬁi .duR Fe@ e Hidkd
Ioudspeakeé (14) | udes .l i ne non- | i near. conponents,

and an est?mate SRt &Fgﬁgr Rus§die FsﬁeaFansegééFﬁenpgpﬁ Hepfs-gree
conbi ni ng sai d oWepephehgndsiagdNeardleNetwoikke .echerdicgedine bedeee said

echo portion of u 15 rein said conbini ng
step is follomedigbg QHEE ho%kgﬂ%p ofi"Neural Networkswgor Si nai

Proce351ng IV, September 6- a 1994, Ermlonl, Greece,
pages 249-258. In:this reference, the three layer

10 fully adaptive feedforward network is used to model the
room/speakerphone transfer function using the special
activation function. This network structure improves
the ERLE performance by 10 dB at low to medium
loudspeaker volumes compared to a NLMS echo canceller.

15 Notwithstanding the above mentioned
references, there continues to exist a need in the art
for improved loudspeaker telephone systems and methods
which reduce echoes from the loudspeaker to the

microphone.

20 Summary of the Invention
It is therefor an object of the present -

invention to provide improved echo cancellation systems
and methods for loudspeaker telephones.

It is another object of the present invention

25 to provide improved echo cancellation systems and
methods for mobile cellular radiotelephones.

These and other objects are provided
according to the present invention by a loudspeaker
telephone system comprising an echo filter, including a

30 loudspeaker model, which generates an estimated echo
signal. Most loudspeakers generate an actual sound
pressure wave that differs from the desired sound
pressure wave represented by the input signal. This

_ difference is due, in part, to non-linear aspects of
35 the loudspeaker. For example, the diaphragm of a
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the steps of determning a residual echo portion of said output signal ----
remai ning after said conbining step, and nodi fying said estimtes of.: -
di stort.ions due to said | oudspeaker (14) and said acoustiec- path (18),1n;20
response to said residual echo portion to further reduce said echo portion
of said output signal. 14. A method according to Caim 13 further
conprising the step of conparing said inpug3zhgnal wi th said output signal
to determ ne when said output signal 25 ““Sabstantially conprises only
said echo portionloudepedicexi maydhavealidgnnhintap ssreesfotrainwhepysai d
out put signal su bl " i fon, 15 A nethod
hat@ndh&! hofe COIPEE SEife Oaﬂdg%@gép;% Sfigy POLLI Oy o déﬁp%gfay
ie

according to Caim 14 wherein_30 sal plyrng sa

signal to said | CIRAPERKEPR (Q%) higher | figPBnLowent frequencimml to
sai d | oudspgeaker Kd¥dr art lécho Acdmdd kAo N taod] PhandS, WHGH&FdY sai d
step of said ste q:enerati ng sai d estinmated echo signal conprises

of
generating an es&%e DFAH (W PRS0 P 9% RE | HeareekPponent
of said sound presEnemvad donnthg crmiddparke, atddnibie tHatsatkbHE qusti C

Becording to O aiarni tond ndl e AU RS R dR s eile afsdiinch

signal received @Y% tel ephone systemduring a t el ephone conversation so

that saidigpplying, converiidubreRARAL idHe SAMMAdW echo signal of the
present invention includes non-linear components which
correspond to the non-linear portions of the echo
resulting from non-linear aspects of the loudspeaker.
Therefore, when the estimated echo signal is subtracted
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determ ning, and nodifying steps are performed during the tel ephone’”
conversation. 18. An echo-cancelling I oudspeaker t el ephone according to
Claim1 wherein said input signal conprises an input speech si.gnal ¢£cej ved
froma tel ephone systemduring a tel ephone conversation so that said echo
filter nodifier nodifies said echo filter during the tel ephone

conver sat i on. WD 96/ 26592

PCT/ US96/ 02073 -29- 11. An echo- cancellng72§Udspeaker t el ephone accordi ng
to.Cl aim10 wher eiirtfsaie;gaardld:d |t1heerparmat:leaa's ousEnt | ts® sclard otsisiss ke

model nodi fier f oo il | Rt e 10f @iﬂépfﬁc}ﬁsalxg%ﬂ{ f’%ae%q

including said 5 estl t sa1 | 1 near conponent an
sai d non-Iinear (F&Tﬂﬂ@rﬁm@°mm dhese RAganRf-e TR dEh ey Fileghone
according to O aisdiGerg,n sai d echo filter modi fier conprises an

acoustic path nodel modi fier f rovj,n 10 the estimate of said
acoustic path fromsaid | odds ﬁg&ﬁbgP tri GRSHIASFRAISEES pRbh model

echo- cancel i ng | disdgpeear dcﬁ&rephma:e madadpdien pravds simy &)Wlﬂ{sélﬂ’bﬁal d
| ter

izous;\hcegﬁghcglg%‘gﬁ | ng%u spea %‘Hy[ 8 é’&laémaég:cgg‘r fér%eatr];d G4t r%lgl%ﬁrer ein

said echo filter asmestisef £h#i glauad gitgmsuns oessoras discussed above
with regard to Figure-3. The embodlments of Figures 3

10 and 4 show that the loudspeaker model and the acoustic
path model can be broken down into multiple processing
blocks in order to model the linear and non-linear
aspects of the echo separately. The invention,

" however, contemplates that these models can be broken

15 down into separate processing blocks in order to model

' other aspects of the echo separately. For example,’
separate processing blocks can be provided to model
high and low frequency portions of the echo, high and

_ low amplitude portions of the echo, etc.

20 It has thus been described how a non-linear
loudspeaker model 12 of loudspeaker 14 can be obtained
and included in the echo cancellation path of a full-
duplex loudspeaker telephone in order to obtain better
echo cancellation by also canceling non-linear

25 distortion products. The technique can be implemented
using a fixed, non-adaptive model of the transducer.
The parameters of these non-linearities can be
determined by measurement, or the technique can include
adaptive determination of the non-linear parameters of

30 the transducer using the techniques described above or
variations thereof that can be derived by persons
having skill in the art of adaptive signal processing.
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15.. An echo-canceling | oudspeaker tel ephone accordLﬁg_Lg_glgjn19 wher'eirn
sai d | oudspeaker nodel 20 conprises neans for performng a transformation

of -said input signal, said transformati on being an es“mm| m fer
function of said | oudspeaker, said transfer function m', Iﬂ"’”ﬂml near
conponent. 16. An echo-cancel i ng | oudspeaker tel ephone*25¢ dccdrdsng+=to -

G aim 15 wherein said non-linear conponent _hgpresents one of a del ay

modul ation of said | oudspeaker and a di aphragm stress-strain curve of said

| oudspeaker . -30- 17. An echotkathdBrigh I flpimedrIz el ephone

conpri sing: output transduaer nm@ngcthcahggqqhgg1@day§g§kg&e%§5%?ﬁwgge I n
which is ' n audi 0 1 nput ereof ,

response to an input signal 5 appl.ied to_a

sai d sound pressﬁB@pﬁéﬁgnﬁh@Fuﬁwﬁguﬁ &Eégﬁgﬁcﬁﬁhé&#)C@W&GﬁeﬂFoﬂHF@ﬁ Bs a

| i near function sbundi@rbspureSMgmalinaméspbnuade&ibmdim@ﬂt|Eﬂg@hlcquonent
whi.ch is aznon-1Ij sQWNGEL f .saLd i Lanal . ,sai d _sound .pressure
wave bein9510 trgﬁgﬁ?t%%dggkgﬁggaﬁgaégug ?ggngﬁP%iﬁgﬁFeP anéaﬁéeﬁngéns
posi tioned in saPyegsvyst wavgathciludivgnaelinggrssiotponent phéshuie wave

into a output sigigbar function of said input signal (W), and an non-
linear component which is a non-linear function of said
input signal (W), said- sound pféssure wave being

10 transmitted along an acoustic path (18), and an input
transducer (20) positioned in said acoustic path (18)
which converts said sound pressure wave into a output
signal (Z), wherein said echo-canceling loudspeaker
telephone is characterized by:

15 an echo filter (21) responsive to said input
signal (Z) which generates an estimated echo signal,
said echo filter comprising an output transducer model
(12) for generating an estimate of said sound pressure
wave including an estimate of said linear component and

20 an estimate of said non-linear component, and an _
acoustic path model (34) for generating an estimate of
said acoustic path (18) from said output transducer
(14) to said input transducer (20); and

a combining circuit (22) which combines said
- 25 estimated echo signal and said output signal theréby
reducing an echo portion of said output signal; and
an echo filter modifier (16) responsive to
said output signal, said input signal and said
estimated echo signal for modifying said echo filter

30 (21) to further reduce said echo portion of said output
signal wherein said echo filter modifier (16) comprises
an output transducer model modifier for modifying the

. estimate of said sound pressure wave including said
estimate of said linear component and said estimate of

35 said non-linear component.
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echo filter neans responsive to said input 15 signal for generating an
estimated echo signal, said echo filter nmeans conprising an output -
transducer nodel for generating an estimate of said sound pressure wav e
including an estimate of said |inear conponent and

non-1inear conponent, and an acoustic 20 path nodel Tﬂmﬂmmumuﬂirn
estimate of said acoustic path fromsaid output t.rangducer tnemnss t o sai

i nput transducer neans; and conbi nation neans for 'conbi ning said estlnated

echo signal and said output2.si gia edhe-aances insydaudprankash-gdentione of

said output signaleaclBin P i See P iR Ao IR Ng
to daim17 further conp I sing an echo filter nnﬁééd (§$0n5|%§ﬁéo sai d

out put signal, sdilf)i mp@%@%ﬁ&%%%m
modi fying 80 sai dnpahsrifid teafe tez;a‘ltaratdaerofr @w@ aﬁ:&infhtﬁ@Cpam{tom Fraaai d

out put signal. 19. e ho- c ncell eaker__t.el ephone .accordin

O ai m 18 wher ei n S&di cﬁrf |(g'r4|3 A3ss HiP' ttpﬁﬁnﬁ‘f“lacne%ducer
nodel nodifier fdR05 nDdlfylng the estinmate .of said sound pressure wave
WD 96/ 26592 -31- including said estimate of said |linear component and

3. An echo- cancellng loudspeaker telephone
according to Claim -1 wherein said acoustic path model
10 (34) comprises a finite-impulse-response filter.
4. An echo-canceling loudspeaker telephone

according to Claim 1 wherein said echo filter (21)
comprises a digital signal processor.

5. An echo-canceling loudspeaker telephone
15 according to Claim 1 wherein said output transducer
model (12) comprises means for performing a
transformation of said input signal (W), said
transformation being an estimate of a transfer function
of said output transducer (14), said transfer function

20 including a non-linear component.

6. An echo-canceling loudspeaker telephone
according to Claim 5 wherein said non-linear component
represents oné of a delay modulation of said output
transducer (14) and a diaphragm stress-strain curve of

25 said output transducer (14). -

7. An echo-canceling loudspeaker telephone
according to Claim 1 wherein said output transducer
(14) comprises a loudspeaker.

8. An echo-canceling loudspeaker telephone
30 according to Claim 1 wherein said input transducer (20)

comprises a microphone.
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- said estimate of said non-linear conmponent. 20. AHNEEFB“Eahcefrﬁgh_*;"

| oudspeaker tel ephone according to Clain118_mhere|n filter
nodi fier 5 conprises an acoustic path nodel nodifi er m ﬂm
estimate of said acoustic path from said output transducers E
transducer. 21. An echo-canceling | oudspeaker telephone accordlng to Clalm
17 "wherein said acoustic path nodel 10 co ses a finite-inpul se-response
filter. 22. An echo-canceling | oudspeaker teféphone according to Caim 17
wherein said echo filter neans chnpe¢h@scandeb1mgl1eu@aaeabenceetephoﬁe An

echo- cancel | ng | oudleprakay L5! EPLARCL lnneALERT LIG Sacfhe! BkddodheLsi n said

out put transducer npri Ses neans performn transfornati on of
sai d i nput S|gnahmO@%ld<¥2hn§$@r%%}¢oﬁc%%$%bcama%%tm % 634k &Fansfer

function ofg sai d @é&&ﬂé@téaaﬂﬁdgéﬂega@@@weéﬁl satdagedes iﬂEﬁti 086) Nghadi ng
a 20 non-linear copponent, An echo rﬁgcellng | oudspeaker tel ephone

according to C aiff¥3 H %?hn%afﬁrﬁ%h | %85t conponent represents one of a
del ay nmodul ation of said output transducer neans and a di aphragm

stress-strain curve of 25 ?@Id tOW 1L |ng£§% g?&&%yigﬁaﬁpﬂelephon%

echo-cancel i ng | oudspeaker Tel ephOné accor erel n sal
out put transduceram@@n@lngnpml@b%lm.10%@%p%ame$ald acoustic path model

(34) comprises a first processing block for generating

10 an estimate of said acoustic path (18) for said non-
linear component of said sound pressure wave and a
second processing block. for generating an estimate of
said acoustic path (18) for said linear component of
said sound pressure wave.

15 11. An echo-canceling loudspeaker telephone
according to Claim 1 wherein said combining circuit
(22) comprises a subtractor for subtracting said
estimated echo signal from said output signal.

12. An echo-canceling loudspeaker telephone
20 according to Claim 1 further comprising a detecting
circuit which determines when said output signal
substantially éomprises only said echo portion, and
wherein said echo filter modifier modifies said echo
filter when said output signal substantially comprises

25 only said echo portion.

13. A method for reducing echoes in a
telephone system including a loudspeaker, said method
comprising the steps of applying an input sigmnal (W) to
said loudspeaker (14) to produce a sound pressure wave

30 which is transmitted along an acoustic path (18), said
sound pressure wave including a linear component which
is a linear function of said input signal and a non-
linear component which is a non-linear function of said
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WO, 96/ 26592 _ : " PCT/ UsS96/ 02073
-32- 26. An echo-canceling | oudspeaker tel ephone accoerding—to—Crarm1i7

wherein said i nput transducer nmeans conprises a nicr%ﬁhone. 2

7. .
echo- cancel i ng | oudspeaker tel ephone 5 according to MMH&H“E@IMLS& d

out put transducer nodel and said acoustic path nodel
seri es between said audio input and said conhi nati on neans. 23. An
echo-cancel i ng | oudspeaker tel ephone 10 acc6rding to Caim 17 wherein said
ac?yst_lt c p?t h Ugd&bu@m@rﬁm h&fnfdi cohveredass isad.dlsound pregameawave an
estimate of said,acaoustyc path .for i nlJ r f i ound
pressure wave an&nasgﬁfgﬁﬁgﬁF%féégF%% 8F§§kthEﬁgé%gggggﬂgﬂgﬁgﬁé?ﬁﬁ@Fg of
said 15 acousti dngdtiding asnietha peaticonpohereis sadidd meddhed gisessure

wave. 29. An echgh%%%@ﬂ%é&)%%speake‘r t el ephone according to Caim 17
wherein sard conbination neans conprises a subtractor, for, sugt racting said

estimated 20 echo si gnal f GsRerAtdTGuABuEesSiigRLed sFhon or reduci ng
echoes in a tel ephapRnussSitRMdaid Udiptg &ilgnadspeticateins aiaddristithated

comprising the steps ofigrdAP'MA%AE WaPULeIndld Jf° UG RE o
said loudspeaker “(14), which includés linear and

10 non-linear componénts;-and an estimate of distortions
due to said acoustic path (18); and

combining said output signal and said
estimated echo signal to reduce said echo portion of
said output signal;

15 . wherein said combining step is followed by
the steps of determining a residual echo portion of
said output signal remaining after said combining step,
and modifying said estimates of distortions due to said

. loudspeaker (14) and said acoustic path (18) in

20 response to said residual echo portion to further

reduce said echo portion of said output signal.

14. A method according to Claim 13 further
comprising the step of comparing said input signal with
said output signal to determine when said output signal

25 substantially comprises only said echo portion, and
wherein said mddifying step is performed when said
output signal substantially comprises only said echo

portion.

15. A method according to Claim 14 wherein
30 said step of applying said input sigmal to said
loudspeaker (14) comprises applying an input test
signal to said loudspeaker (14) .
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25.t0 produce a sound pressure wave which is transmtted al ong an.acoustic

path, said sound pressure \ |nclud|ng a desired |linear -conponent. which
is-a linear function of |npu yjnal and an undesi red ?'S'H'EEWHAS BEEN
conponent which is a no nctl 0 f said 30 input sitgnal;pee; aAcED
converting said sound pries a| d acoustic path td

out’put signal including an ec o} WO 96/ 26592 PCT/ US96/ 02073 ;33-
geperating an estimted echo si gnal resp%HSe to said input signal.,

wherein said estimted echggesi gnahetnahuae&o&amgt rtasamaqin disshailieans due
to said | oudspeaker.,. which i_ncl u&g |ne r and #n I|nearc1 E‘%%ﬁ ent s,
and an estinate SRiHi SE6Pt Pgn§a& SFSPSQ d9506GEL DI 5EHS £REL i ng
sai d out put signakhengigaiad esmprited geheratdngl: aho esédmatesaifd sadkdo
portion ofsaid 3858%&1%' Q@h (&%) foF SF ngh 1lﬁeEEI QEQ$% d'@g to

Claim 30 erein-sal I'ing ste owed b
determ ning a resaddasowﬂopg@ssmm @ﬁvgaiaadogﬁthrafrll@Salanr @ﬁﬁllﬁ‘iaﬁ& aft er

sai d conbining sitgRg akdustic path (18) for said linear component of

said sound pressure wave.

Ve

\
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nodi fying said estimates of distortions due 15 to said |ou
said acoustic path in response to said residual echo portio

reduce sai-é—echoportion of said output signal. 32. A netho

Claim 31 further conprising the step of conparing said inpu

sai d out put Ul mlu i ne when sai.ggout put signal sub
conprises o M !_ mLm,ﬁ"rt i on, and wherein said nodifyin
perforned when said dutfut*signal substantially conprises o

portion. 25 33. A nethod according to Caim32
I nput signal conprises an input test signal.

dspeaker and

REPACENRET, SHEET
5ignal with 20 |
5t ant1 21AUG 1998
) $tep is

ly said echo

16. A method according to Claim 13 wherein said step of said step of

generating said estimated echo signal comprises generating an estimate of said

acoustic path for said non-linear component of said sound pressure wave and

generating an estimate of said acoustic path for said linear component of said

sound pressure wave.

determining, and modifying steps are performed during

conversation. .

said echo filter during the telephone conversation.

A

ronse
——
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17. A method according to Claim 13 wherein said input signal comprises an
input speech signal received from a telephone system during a telephone

conversation so that said applying, converting, generating, combining,

the telephone

18.  An echo-cancelling loudspeaker telephone according to Claim 1 wherein
said input signal comprises an input speech signal received from a telephone
system during a telephone conversation so that said echo filter modifier modifies
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