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application is related to United States application Serial No.
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Echoes [ ncl udi ng Non- Li near Distortions in Loudspeaker Tel ephones, "
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the present invention, the disclosure of_shich is her eby

i ncorporated inits entirety herein by ref er ence.
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Field of the Invention

10 This invention relates to the field of audio
systems, and more particularly to the suppression of

gsound distortion in a loudspeaker.

Backarocund of the Invention

An audio system includes an output
15 transducer, such as a loudspeaker, to produce a sound
pressure wave in response to an input signal
representative of a desired sound pressure wave. Most
loudspeakers, however, generate an actual sound
pressure wave that differs from the desired sound
20 pressure wave represented by the input signal. This
difference is due, in part, to non-linear aépects of
the loudspeaker. In particular, the diaphragm of a
loudspeaker has a non-linear stress-strain curve.
Furthermore, the motion of the diaphragm results in the
25 delay modulation of higher frequencies by lower
frequencies. Accordingly, there have been efforts in
the art to compensate for these and other factors which
cause a loudspeaker to produce an actual sduhd pressure
wave which is different from the desired sound pressure
30 wave.
For example, United States Patents No.
4,426,552 and No. 4,340,778 both to Cowans et al. and



30 wave. For exanple, United States Pat e
4,426,552 and No. 4, 3407778 bothto—towans et -at—and nﬁﬂS%ﬁEEIHASBEHV
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|-165 to |-167, dFecfokirv LomRIfx 'WOGle&ﬁp’éhsEt%r? AthRftisenear

di stortions produced bmpermisskﬁmﬁﬂhmcaueere&l1tsnﬂyﬁamics non- 1| i near
digital signal pro essing. An %r?fé % gggé%{?l gL &r;ﬁr i4g10f aq(au_s r
el ectrodynam c | oudspeaker is eve resu i‘fear O &g
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references, there con I 'NUES exi st need’in  OVE
audi o systenms and netﬂbﬁ%ngﬁmQ#F(iﬂﬁiﬁi%ﬁﬁemeans for reducing distortion in

15 the output signal. The reducing means comprise a non-
linear network arranged for reducing non-linear
distortion by compensating for at least a second or
higher order distortion component in the output signal.

Furthermore, the article by de Vries et al.

20 entitled "Digital Cémﬁensation of Nonlinear Distortion
in Loudspeakers," IEEE, 1993, pp. 1-165 to I-167,
discloses a method to compensate for non-linear
distortions prodﬁced by a loudspeaker in real-time by
non-linear digital signal processing. An electrical

25 equivalent circuit of an electrodynamic loudspeaker is
developed fesulting in a linear lumped parameter model.
The linear modél is extended to include non-linear
effects, and an inverse circuit is implemented in real-
time on a digital signel processor.

30 Notwithstanding the above mentioned
references, there'continues to exist a need in the art
for improved audio systems and methode which compensate
for the non-linear aspects of a loudspeaker. This need
is critical in”telephony and pérticularly in

35 speakerphone applications where a small loudspeaker is
used. This need is even more critical in cellular
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difficult to begin wth. Summary of the Invention
Therefore, it is an object of the present 5 invention to provide an

i mproved audi 0 system -kt is another object of the present
I nvention to provide an inproved cellul ar radi otel ephone.
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function of tlBg@stortions.
It is still another object of the present
invention to provide an improved precompensatlng
15 cellular radlotelephone

These and other'objects'ére provided
according to the present invention by providing an
adaptive precompensating method and system which
modifies the operation of a precompensating filter in

20 an audio system in response to the output of the
loudspeaker. Accordlngly, the precompensatlng filter
operations are not fixed but rather.are varied over
time. Accordingly, the precompeneating filter
operation can be modified to account for aging of the

25 loudspeaker and other effects such as changes in the
environment in which the system is operated.

In a preferred embodiment, a model of the
electrical characteristics of a loudspeaker is used to
derive an approximation of a tranéfer function of the

30 loudspeaker. An inverse of this transfer function is
performed by the precompensating filter on the input
signal which represents the desired loudspeaker output.
The precompensated signal is then applied to the
loudspeaker. Acéordingly, the output of the

35 loudspeaker more closely resembles the desired
loudspeaker output. An input transducer, such as a



30 [oudspeaker. An inverse of this transfer function is perfornmed by
t he preconpensating fi [-ter—omtfe—t nput —s+ghat—whi ch rep#esen%5~the
desired | oudspeaker output. =~ The preconpensated signal is then applied

to the | W&S’ﬁﬁﬂier Accordingly, the output of the 35 geqsinngals
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Because the gﬁg y constrained in its size and
required to produce aﬁgé S#%éssﬁ%%vx/g\@/’e orm having, a 15 rel atively high
anpl i tude, the distortions prodtRe@uapent inveppion oigfrafarabdyn appligfe

pronounced than the to a lsiddp¥dkerntepladugedadiotélephaiglidesiymled For
e ol cu0E0CO g iU Ypd Bl ARIONCRy Ll Bhesion 19 Y3FYiEharry

I nherently noi sy environnen
difficult to begin wiapPropriate\hesamssgrtie iaudppeaksdelanhaper @npéndean

Ibe gsed L 0 dr edug el shdspe ey tdndna aeaebphedetkw Hé‘tfatﬁéﬁi|dhe g
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;%F&gp@ﬁ%:l Ciast t%ic%&§¥h§¥ngglra1 cll nl\}']e rﬁ ﬁlﬁgy aga

sound nore understan r ésen

be applied to hrequized|ite produes §ySPHBﬂuHI?@PQF#nWﬁWﬂﬁvmmehﬂ&lng a
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moni tor the Ioudspeak ec&E&&gpé% er ca% be more pronounced than the
distortions produced in other audio systems.
Furthermore, loudspeaker cellular telephones are often
used in inherently noisy environments, such as an

20 automobile, making their use difficult to begin with.
Accordingly, the precompensating filter can be used to
reduce the distortions generated by the small
loudspeakers used in these applications thereby making
the reproduced sound more understandable.

25 The present invention may also be applied to
hi~-fi audio systems by including a microphone to
provide feedback. 1In either application, the system
can be used to monitor the loudspeaker output and adapt
the operation of the precompensating filter as needed.

30 The system can adapt its operation to account for
aging, as well as environmental changes such as the
acoustical eharacteristics of the space in which the
system operates.

The operation of the present invention can be

35 further improved by including an echo filter which
provides an estimate of the echo or ring-around signal
from the loudspeaker to the microphone. This estimated



the operation of the preconpensating filter as needed. 30 The system can -
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inventi wosamwee 35 further inproved by including an PCliUsgsio2a3er whi ch
provi des an estinmate of the echo or ring-around signal fromthe
-l oudspeaker to the m crophone. This estinated WO 96/ 26624
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present invent rmcludin preconpénsating filter,
and a finite- aSPectﬁrﬁﬁﬂQh?-1@§§§§§ékﬁrlbﬁrthe Pre°°mPensat1n9

filter allows the echo filter to more accurately modify

its own operatlon. .

15 In a most preferred embodiment, both the
precompensating filter and the echo filter are
implemented in a digital signél processor ("DSP"). 1In
this embodiment, analog-toédigital and digital-to-
analog converters can be used.

20 _ Brie esgri of the Drawi
Figure 1 is a schematlc dlagram of an audio

system accordlng to the present 1nventlon including a
loudspeaker, a precompensatlng fll;er, and a finite-
impulse-response filter. '

25 Figure 2 is a schematic diagram representing
a model of the electrical characteristics of the

' loudspeaker shown in Figure 1. '

Detaile ~riptio _  di
' The present invention will now be described
30 more fully hereinafter with reference to the
accompanying drawings, in which preferred embodiments
of the present invention are shown. This invention
may, however, be embodied in many different forms and
should not be construed as limited to the embodiment
35 set forth herein; rather, these embodiments are



25 ° Figure 2 is a schematic diagramrepresenting a nodel of

the el ectrical -characteristires—of—the | ondlspeaker shown i-A—kigure 1
Detail ed Description of a Preferred Enbodi nent The present
invention Wil ywgyhgsgescribed 30 nore fully hereinafter V\i,i.pu nce
to the acconmpanyi ng draw ngs, in which preferred enbodi nen Sﬁﬁfn

the present invention are shown. This invention may, however,

enbodied in many different forns and . shoul d not be construed as
limted to the enbodi nent 35 set forth herein; Tather, these enbodinents
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nunber s refer %ﬂeg(%oehggﬁnéfeﬁgﬁw%gh - The

audi o system 10 shown'in recorrpensatr ng means
such as adaptive 5 preconp?ﬁga?Pﬂﬁ°f?Y§¥9m:E? F@PWFeHBCFh3“¥ﬁe1effects
of non-1inear dmedtdesoprebempehgatt ing medmcencrreaasadapuve

prioferably 1Pl eent e ascBUHRRERkET rifked ¥y $U! Slncidd eha0etAELUdGE an

adaptive echo filter environment a |ons
to the nulti-path non-dARRAL| a3peetd Pt He ayméakeangdueertmearmput

transducer neans, prefpieEeirublyPinprenestés arsqrduah@eaker 14. 2fhe ldystem
conbi nation, the Ry ec%rm%T%gEmgeL lx{;eé%%@i\{(e ejc% hgtfr I erlrsﬁr)(r:\%n ‘g#f??:

operation of each oth RarSct
represented by a en”ﬂ?&ﬁ@ﬁéﬁaluﬂ%ﬁ#QﬁF%?qﬁmﬁuﬁgtﬁthelthh} pafth
non- | i near Comaa%a 1eB!ra:apﬂﬁe<|Ia1dsrmaa&arl muetseth&eix&;}u@f t he

to refuse the non- || naARRSrSF, Ponae’ SrEERERT iidientea’ 48 mickomhent o
preconpensating filteR20. In caphinaeions the mmna&kmgoﬁlltmm
15 echo filter enhance the operation of each other. The
loudspeaker 14 characteristics can be represented by a
transfer function H having both linear and non-linear
components. By approximating an inverse H! of the
loudspeaker transfer function H, the precompensating
20 filter 12 is able to reduce the non-linear distortions
generated by the loudspeaker. A precompensating filter
modifier 34 in the feedback loop from the
precompensating filter 12 thrbugh the loudspeaker 14
and multi-path channel 18 to the microphone 20 and back
25 to the precompensating filter 12 can modify or adapt
the approximated inverse transfer function H? of the
precompensating filter to further reduce non-linear
distortions generated by the loudspeaker. The
precompensating filter modifier can include a memory
30 for storing portions of the various waveforms such as
w(T), v(t), Z(t}, and E(t) for comparison.

The echo filter 16 may be used to generate an
approximation of environmental distortions, such as
echo or ring-around, occurring over multi-path acoustic

35 channel 18 between the loudspeaker 14 and the
microphone 20. This apprdximation can be combined with
the sound signal generated by the microphone 20 through



preconpensating fil te'r 12 through the | oudspeaker 14 and nmulti-path
channel 18 to the m crophone 20 and back 25 to the preconpensating filter

12 can nodify or adapt t he 7approxr mat ed rnverse transfer—functi on
Herr] of the . preconpensating filter to further reduce non-Ilinear

di st ort iwoossgesper at ed by the | oudspeaker. The pr epefssdsong filter
nodi fi er can include a nenory 30 for storing portions of the vari‘ous
wavef orms such as WT), V(t), Z(t), and E(t) for conparison.

The echo filter 16 may be used to generaig_an approxi mati on of
environmental distortions, such as echo or ring-around, occurring

over nulti-pat ombdmation oB5suberaetick meanscegutheaboydbpeadesy 14 and the
mi crophone 20. gBhi %oagaaaéé"aﬁﬂg%ef%%ﬁr%@eﬂﬁgﬂwt%wth pund

signal generate e mcrop
PCT/ US96/ 02039 &8s echo or ring-around in the slgnal 7Modificatiemnbi nati on

or subtracti onmeanss, J.ﬁumﬁd.ﬁﬁgsalbfée?ﬂﬁdbk loop £frém, the é@mCﬁH&eSI red
envi r onnent %I q_l SERE&hgﬂStﬁgc t°f?ée§8§C§aF%o€gf oun in the signal.

Modi fi cation echo filter
5 16 through t Kalsenkt ilﬁct@llcmsaﬁrhp m 4 1leme eghmodify n:s. lter 16,

al ljovvs tﬂe e??&p&tbtﬁbntéon@ﬂltfd’ further rledgeﬁefﬂéléﬂfé&élsofo lelther
reduce the e o.nmanta isto ce ul ar

t el ephone g%;'irgﬁmsnﬁ:%l S MBe &Pn3 f’Fﬁ"é? 6t?j; f eedback
10 of the |oudﬁ>§hkér1@u@maw¢ rréieduegmnﬁlﬂmeryls reduces feedbackBy
conbi ni ng tbe afeenepsaﬁaépémcér |dtiput? to the aﬂgt&‘iih éfd er 16,

di stortions due to non- Ién giﬁ f aker 14 and
di stortions due to '?Rﬁrﬁngp E’FSHRQPe&%aH §oddspeaker 14
to 15 the niandpache @Dltmy Mo dddrosttibust Que tdamoreitiverar al one

woulfl al | ow. Thgpetts éfnetmé er&{mmbh:nnf ahaealstorn&?s R GRS dtor b
ron- 1 near o1 oL QLG5 i g, eom, EhE LR S, L0
di storti on$5 the microphone 20 may be reduced further than either
alone would allow. That is, the precoﬁpehsating filter
12 reduces non-linear distortioﬂs that could not
. otherwise be accounted for by the echo filter 16, while
the echo filter 16 reduces env1ronmental distortions
20 that would otherw1se be unaccounted for by the
precompensatlng filter 12. 1In other words, each of the
precompensatlng filter and the echo fllter reduce
distortions in the feedback loop for the other
Accordingly, the operation of each of the
25 precompensating filter and the echo filter can be
modified to more closely approx1mate a desired level of
operation.
Figure 1 also shows that the precompensating
filter 12, the echo filter 16, precompensating filter
30 modifier 34,'and_the subtractor 22 may be incorporated
 into a single digital signal processor 24 ("DSP").
When implemented as a digital signal processor 24, the
invention hay require a digital-to-analog ("D-to-A")
converter 26 between the DSP 24 and the loudspeaker 14
35 and an analog-to-digital ("A-to-D") converter 28
between the microphohe 20 and the DSP 24. 1In addition,
A-to-D converter 30 and D-to-A converter 32 may be




20 * that woul d otherw se be unaccounted for by the preconpensati ng
filter 12. In other worgs—eaeh—ef the ptreeerpensat i ng -++ter—and t he
echo filter reduce distortions in the feedback |oop for the other.

Accordi ngly, t@g,p,g&g@tion of each of the 25 preconpensati ng&bk&&z‘,ﬁnd
the echo filter can be +~modified to more closely approxi mate a desir'ed
| evel of oper ati on. Figure 1 also shows that the
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PCT/ US96/ 02039 5 he distant |Har§|3’gﬁ‘8F§°§r tesreepivrs B FER to an
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speech waveform Wt) representativ e_di stant, part
recei ved by the attb’l‘%‘b%diﬂdq raé"rscéF’vér mPPBﬁ?aC%H‘F]tﬁ%rtqlé
system base stsysoem, agublnfprocessingbbanpincbsde I‘tgemddtﬁmﬂﬂoeﬂ of a

Eﬁ oi:ggglt ngog:nS?nc Ed‘glgPP“dﬁf q{%&h&fedt %ﬁﬁ?ggf%nalt T?S&St 1At eg radi o
signal, error correct@epeding, ang &Rfesy d&ﬁed§BEe%?#%&xxﬁﬂ#ufﬁiﬂﬂ%&r for
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vverorm W) 1s the Tes profed findar pR8EERion (rysSliN) thetRl | "
digital format which $ynthesizempy @%Mﬁ@rﬂo’w(b} o%:%s@?mgret?]ﬂ{th@fe@n@h
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more suitable for processing by the echo canceler of
the present invention. For example, if the telephone
' supplies a digital signal at input node 36 and requires
a digital signal at node 38, A-to-D converter 30 and D-
20 to-A converter 32 are not needed. If, however, the
telephone provides an analog signal at node 36 and

requires an analog signal at node 38, converters 30 and
32 may be required. Precbmpehsating filter 12 reduces
loudspeaker distortions while echo filter 16 reduces

25 echo and ring-around.

In the loudspeaking cellular telephone
embodiment, the training of the precompensatlng and
echo filters can be performed continuously.

Preferably, the training function is performed when

30 only the distant party is speaking so that the relevant
signals may be more easily isolated. This can be
accomplished by comparing the input signal and the
sound signal to determine when the microphone is
receiving significant sound pressure waves generated by

35 the loudspeaker alone and adapting the precompensating
filter at that time. A device that determines when the
signal out of the microphone is substantially derived



supplies a digital signal at input node 36 and requires a digital
signal at node 38, A-to-D converter 30 and D 20 to-A converter 32 are

not needed. |f, however, the T €] ephone provides an amatog—srymat—at—-
node 36 and : requires an anal og signal at node 38, converters 30 and
32 may Iwowsemss24 ed. Preconpensating filter 12 reduces PpCTUSoGmasa®speaker
distortions while echo filter 16 reduces 25 echo and ring-around.

In the | oudspeaking cellular telephone enbodi nent, the training of

t he preconpensating and | echo filtes can be perforned continuously.
Preferably, the training function is perfornmed when 30 only the distant

party is speakifigom additiddeed buekt is discussalialformekablenr eneasily
oclated: Thisycan ffkent o, 30523Pb13"EY G SHINIE0 s HOAPUR®! 912!
: soun | I'S

and the gnal to détéelm ne
receivi ng si gniMPRAIFAL WD fioF ;ﬁaéémaﬁénwa'abe ’g%‘ﬁﬁ?r a%d&qwstzcss’ee@heck

| oudspeaker al cperwdsh aflaphidapeaRerPaf@ MPErStiony) * the dikllbghrat that
time. A deV|§e of]gshfjcﬁ'} e.rgnh%(_e‘%bvng\%cé Qﬁ%%ﬁﬁd J.r?'J.Q:rLalen% reg]c Qle:_eg-nncrophone

i's substantiall erived
PCT/ US96/ 02039 by reference. Alternately, the tra;n;ng.functzon naym

gcgggt Io igf ?edchmé?bi{éitc%hﬁaliﬁ&dodﬁeélww|@ld§l testt s:.?HaSB Pat ent Noth

o Chu entitle el r i mating the
Level of Acoustic Feedbagk RBQeggg %na%. §€H§%e5%§F aﬁHSEFEroéh
the di scl osur e inputs sigmajhiaghnpdehdf cngy i be uRIIdEsd bynanysognai r et y
her ei n 10 %r:&féxerdﬁlmglﬁhlebﬁaaﬁéhgté\ﬁiitd @dﬁp%ehEBCEhEH HEYa
be preforned peﬁiodlc agy %é usi ng_t est S éH“k N I
i npl ement ed as *of (PARG PG YT FPTPREE 1Sk PlaYsE. SfGnal ﬁtthbﬁe 36 may
be supplied by embodiment, therenwayecbe gto egd floroD-Le@aRogoruerbvexronponent s
such as a 32 tdin%utph%pﬁoaeaﬂr aﬁ&nﬂ@é?tpx@tﬁﬁpléhé)ﬁe&ngeﬂltefn this
enbodi ment, there g\é}? ﬁ_g need {go; {Eﬁ) Atcon\éﬁr& g out put
node 38, and t f&h& n%é 8 Hg*¥i rogy-ner to & °§cﬁ8u§FP?@ eﬁnrk
toget her. t &% edlickarsdgngeakThe trabning sfunatiioms is prreferabhyng function
is preferably performed periodically using test signals which may be

_ supplied by a tape or other signal input means.
. Figure 2 shows an analog model of the

electrical characteristics of a'typioal loudspeaker 14.

20 An electrical input signal is applied at input node A
to create a current through the loudspeaker coil. The
loudspeaker input signal is a precompensated input
signal V(t) from the precompensating filter 12 shown in
Figure 1. The current flow is oppoeed'by'the coil

25 resistance 40 and coil inductanCe'iz, as well as the
back EMF induced by the coil velocity in the magnetic
field. By suitable choice of units and scallng in the
model, the voltage at node C may be equal to the back-
EMF as well as being representatlve of the coil

30 velocity. The back EMF from node C is presented in
opposition to the drive voltage at input node a by
connection to the positive input of diffexencing
operational amplifler 44. The output of ampllfler 44
is the sum of the back EMF from node € and a term

35 proportional to the current 1n_the coil. Amplifier 46
subtracts the back EMF to yield a voltege'representing
the current in the coil only, and by suitable choice of



performed periodically using test signals which may be supplied by a

tape or other signal input—meamrs—— ———igure 2 shews—an—anal og
nmodel of the el ectrical, characteristics of a typical |oudspeaker 14.
20 An el ectri Ggb okiaed S|gnaf is applied at input ‘hode A PCT/USo6iR@8! ©
a current through the | oudspeaker coil. The | oudspeaker 1 nput '
signal is a preconpensated input si gnal V(t) fromthe
preconpensating filter 12 shown in Figure . The current flowis
opposed by the coil 25 resi stance 40 and coi'l |nductance 42, as well as
the back EMF 'Qﬁﬂﬁ&QaE& hh§t§0'£h¥§|€61$é§é’hﬁé&arQBQQQEhEB the force

field. By suitable chqice qf "units and scaljn
vol tage at node C may &R e*5TEReCBatRe i°éhsPe%§ﬂf géaRQFﬁgﬁsbBeF%%
representative of the couident redctisfowitly.thdimadnetiicEfEeldopraddeed by

presented in | ORfRS| fdu%pEQkEQemQ he/€, VA4 389 13hel ﬁHBErBQQSdAbf?Ythose
connection to the p05|t|ve in h erenC|q9 Epratlona

amplifier 44. The ou 3%3 Lt LBy tﬁﬂ art, the Leym. ddaRPEAIM, LS Hused eV
fromnode C and a termhrdﬁghoptophislapeblficammmnunrdms brotliest osénse so

Anpl i fi 46 b t 4 t '
the current in the colls ool pioandony Bhriar GLahifdm Ao ubAeCehahpd o 02

- 10- arbitrar f’ﬁ'ﬁ’l §9'“t'hP§ %oF?‘é@es%ﬁg‘?fi EFRPIAGTs t he force
the coil exerts on the | oudspeakhe ﬂoapereqnségladuaccelerataunreﬁttheacting

B Lne paanet! © dd Chbudipguked. Blaphragn (% | RUASNEALENCHRADN £ ML

be understood by t ose V|ng e art, the diaphragmis
used t hr oughoutrasiissed by £ Ea@%%ﬂh¥?9Wt§;N55§a8€SFn§Eﬁéé apd by air

as to include a pl anarre:bmhmgrreneodnﬁeredlap@berat1onacll anplagier 048 cha® ne

shaped di aphr agm eedback caPFCI Sr ?69? @ﬁﬁi@ %ﬁgehﬁéﬁﬁkggmpédﬁ%?

10 | oudspeaker - dlaphrag S roverocit
the diaphragm s mass @14 Referdbarl pgsiptor 52, which yﬂaﬁﬁebénﬁﬁﬁn%b¥%ﬁr

Qperational anplifiser réprégenting the affdbesietaRrciaceinglagapnes ethe ng
the diaphragms mass diaphragm. The current flow through resistor 52
opposes the accelerating force and relates to the air
pressure wave created by the diaphragm movenient.
Current sensor 54 generates a signal at node €’ which
20 represents this air pressure wave created by the
diaphragm movement
_ The pressure wave, however, emanates from a
moving object, the diaphragm. When the diaphragm is
instantaneously displaced to the front of the
25 loudspeaker, it will be closer to a listener in front
of the loudspeaker. Accordingly, sound waves will
reach the 1istener with a shorter time delay than when
the diaphragm is dlsplaced toward the rear of the
loudspeaker. Dlaphragm dlsplacements occur with
30 greatest amplitude at low frequencies giving rise to
the non-linear phenomenon cf delay modulation (elso
known as phase modulation) of higher frequencies by
lower frequencies.' A signal representative of the
diaphragm displecement is generated at node D by
35 resistance 60, capacitance 62, and operational
amplifier 64, which together make up integrator 65.
Thus the pressure wave signal from the diaphragm




and a feedback resistor 52, which m ght be non-linear, 15 representing :

the air resistance acting against the di aphragm The current flow
ThArouagh resistor 52 OpPPOSES TNe accererarrng force and—Tetat es—to—;
the air pressure wave created by the di aphragm novenent.

Curr ent wo®o6R6824 54 generates a signal at node C which rcmmmmnesents this
air pressure wave created by the di aphragm novenent .

The pressure wave, however, emanates from a novi ng obj ect, the

di aphragm When the di aphragmis -instant aneously di splaced to the
front of the 25 | oudspeaker, it wll be closer to a listener in front

of the | oudspegé«wradnﬂ:caujm@eywsmandumwud delay modgdakibhe |i stener

with a shortergg I t @Q@r di spl aced
toward the rea‘? 6‘?%%@&&%9 gfgﬁglgtéor Gia:féga ?ﬁl%nﬁhgcerrents occur

with 30 gr %‘F%ﬁ%lq’t&?&é"&?‘ef"év\f’ A% PP Dt 41 t he
non-| i near phesodenao gfiroditicay thednett smmq apmsure waviefowm as phase

modul ati on)g ofg Jgahﬁ 'nddef 3¢ heisbyrans ice dPWRS afrmteane&es A signal
represent atlve ragm ﬁg acerrent generat ed_at node D

by 35 resistance 60, s'gp&éwggegmeéw igRal generatedy 1 er
64, whi ch togedthetodenlde :uspalllsbegeeded 66 model theTIdiaphlragpr spsing wave

signal fromt Q@r th 0L 26824 £ £
PCT/ US96/ 020351,%&&&*}{961 Senerat edt ﬁ% rode s, gkerted b Yo thel ay

modul ation ~ coil ﬁflﬁdﬁ’céﬂ E?PHQPQ’F Ry Ahs % d‘-@ £& A49p8lt he
di aphr agm 1b s pjernaratid Sygopergeihenal eampl i ficte 45.i nThe diaphfdgn to

produce the NeipS0Nd Plessaited BYCLABA a porh 1iMaRLLREdE. B (hal i

transmtted to ragm | acenment
si gnal gener at&gFain curve medgdled; By Jfhe) ‘?&fbdéd‘e@é' FB&aPteRe38i aphr agm
spring Opstaticnalf ampdither 5ppdsesiid edreldaearcresiisbyrt b6

coil which is rrte tess%%?% Q-_%hégghco#m‘f’&:&e éiegfalsplacé&engegs ?‘E%ﬁlt

operational_ anplitier ag I.S expec
exhi bit a Hon-signadr genezased at node to a restorlng force Wthh

adds in opposition to the coil force signal at the
input of operational amplifier 48. The resistors
labeled R, may be equal to 1 ohm. B
Thus, with appropriate choice of parameters
20 and scalings in the above-described model of Figure 2,
the sound pressure wave generated'et loudspeaker output

node B can be predicted from the electrical signal
| applied to the loudspeaker input node A. According to
one aspect of the invention, the“mpdel discussed above
25 1is used in reverse to determine the electrical signal
with which to drive the loudspeaker'at input node A so
as to obtain a desired sound pressure wave at output
node B. In other words, the loﬁdspeaker model is used
to determine an approximate inverse of the transfer
30 function of the loudspeaker This'may be done as
'descrlbed below |
_ The desired sound pressure wave is
represented by an input slgnal W(t) which is applied at
node 36, and converted to a dlgltal signal by A-to-D
35 converter 30 if necessary. The precbmpensating'filter
12 generates a precompensated signal V(t) which is
converted to an analocg signal by D-to-A converter 26,



strain curve nodell ed by the non-linear resistor 56. Oper at i onal
amplifier 58, having non—t+rmear—resistor 56 ————+n its feedback—path,
converts the displacenent-rel ated 15 signal generated at node Dto a

restoring for \obhédd adds in opposition to the coil fo mg?% at
t he inpﬁfﬁoc)f op‘erationél*"arrpl ifier 48. The Fesistors reR a e’ed'
Rlerr] may be equal to 1 ohm Thus, with appropriate

choi ce of paraneters 20 and scalings in the_1 ove-descri bed nodel of
Figure 2, t he sound pressure wave generatéd at | oudspeaker out put

node B can be predictgd JJ&EBEQ%_.El eetEigRA ST @Nalis correﬁﬂﬁki §8ntPatbg,

| oudspeaker input node A. Accor mg to one as ,e%é of,llntl e“1 nvention,

t he nodel di scussed ,QUtPYS soufid-pressuxe save W) (kd will e poclose

el ectrical signal appraxtimatiiochof otbe i desited |ammish prleesuze wapat node A
SO as to obtai rké}:g%ﬂnﬁ:%ﬁ W“Q?gﬂéfsﬂ"fd)e.' wave at - out put node B.

In other words, the | oudspeaker nbdel I s -use to determ ne an
approxi mate i nver st of the traft8 BROWRIPN {FHANS P ot hen #oLBHJBRREREFE Thi s

may be done as winveforime ¥’ [{e) ods produced at outputTheddeBi and wayise
pressure wave is t y | t irg{m{ : ) | S | ed
at node 36, an(f eg(’)r%\%?t% %Q tsg g %‘?‘g'f%’g?gs‘?%na ry@k-&t g_&‘%bf@§5 ﬁw&é
converter 30 if neceS&HP}esTREC PERPEABRAI ATy filter 12 generates a

preconpensated signal V(t) which.,sw{i-1), sot\er wed+19 ,an.anal og signal by

D-to- A converter , 6 6 : _
PCT) USo6, 05036 T0 These samfPed®afl®afproximately pgual to the yesult of

necessary. |f signal Sed@y-medudpting|§ ionraktl(F) at the ppdeoGf pof Eigmee
pressure wave W (t) @, repesentedcby samplewpr.oxi neti-an,ob(ihe desiird

sound pressure wave e ' . .

shown in Figure 2, the 'éog%%gl%eégg#ggagx &i%&e\ﬁ%m\fﬁ fl ?t?g B%%%%e%(%fs
out put node B and mayepxesented, byr gawples, by- o RdduddeeDdt) nuneri cal
sanpl es. These 1s pxdamalies .are expressed as: S Wi-1),

Wiy, Wi+l). ... ' Because of non-linear resistor 52 which
represents air resistance, the voltage across the
resistor 52 at node C may be represented by a function
F(U(t)). The function F(U(t)) is a function of the

20 current signal generated at node C’ so that signal
values of function C(t) at node C, represented by
samples, ..., C(i-1), C(i), C(i+l), ..., are given by
the following equations:

: C(i-1) = F(U(i-1))
25 c(i) = F(U(1)) (1)
Cli+l) = P{(U(i+1)) etc.

Integrator 65 integrates the signal C{t) at node C to
obtain the signal D(t) at node D by using the discrete-
time approximations:

30 D(i-1) = D(i-2) - C{i-2)dT
D(i) = D(i-1) - C(i-1)dT (2)
D(i+1) = D(i) - C(i)dT etc.

It can be seen that, to calculate D(i), only C{(i-1) and
thus U(i-1) is needed. Assuming that these samples

35 were computed on a prior iteration and that we now wish
to compute U(i), the delay modulation produced by delay
modulator 66 is represented by a variable time-



10 These sanples are approximately equal to the result of

del ay-nodul ating a signal U(t) at the node C of Figure 2,
represented by sanples,..., O(i-T), U(T), O+, by —tte
di aphragm di spl acenent-rel ated signal D(t) represented by sanples,

., D(™O0962682i ) 15 D(i+1)..... mmmsnon i near
resi'stor 52 which represents air resistance, the voltage acrdss the
resistor 52 at node C nay be represented by a function F(U(t)). The
function F(U(t)) is a function of the -28-current signal generated at node
C so that signal . - values .of function C(t) at node C, represented by
sanpl es, ..., Ghtetpolatipn igttweidn the W'dtd gousd pyessure wawe f ol | owi ng
equat i ons: samples as folfdwsl) 1 Herelll no’gelay modul tfgﬂ =
F(U(i)) ( &), o TR )
etc. Integrator 68{Fhtaftad) Fe ér‘@;nal C(t) at node Cto

obtain the of OBeheRhiless PR 0 %%'1%9 psushessgle Ui

apprOX|nat|on -2)dT
D(i) D6i-1) - C(i-ly¢dh = w(i) + 0.5(w(E2)) - w(i-1))p(i). DGbyl) =

D(i) - C(|)d can be seen hat,.to_calcyl ate 1) onIy
X0 1) anst ) nEhStargpasdd ek, 3 5e) 0Ak. oh S SHELS 00 s
were conputed euch phabrsignaltd Gn awdoﬁhahemgonnecwumagnltude1nm conpute

Uii), the geLaYnBEQwi‘%:ﬂEbmm@ﬁul&l dalay rmdul ator 66 is
ng;EZSEFSZOSg avaria ﬁér example. if tﬁg sampf rate is 8k samples

i nt er pol at t6n berweesonde time Jintemvalpr déslle Walve (i+1), .sanplaee as
follows. If thﬁﬁgﬂssaﬁﬁkﬁe|QM1@Q®WSatbgﬂnd travels approximdtdly 1.6 U(i) =
Wi ) O:J.Qcﬁw € Acco::t' %xrg yl,s eI gXaBBra at&;splacemem:
samples D(i) should be computed by integrator 65 in
units of 1.5 inches. D(i) is expected to be much less
15 than unity with this scaling. 1If D(i) is made equal to
"1 unit, signifying a delay modulation of one whole

sample, then the formula is changed to:

U(i) = W{i-1) for D(i) = -1and
U(i) = W(i+1) for D(i) = +1
20 or: ' '
U(i) = 0.5(W(i) + W(i+1)) for D(i) = 0.5
and :
U(i) = 0.5(W(i) + W(i-1)) for D(i) = -0.5.

Since D(i) is expeéted_to be less than 0.5 however,
25 equation (3) may be more appropriaée
In the equations shown above, the sign of the
delay modulation has been arbmtrarzly assumed. It may
be necessary to change the sign of the delay
modulation, by altering the scaling of integrator 65.
30 This may be accomplished by introducing a scaling
factor into equation (2). Havingldetermined D{(i) from
equation (2), U(i) from equation (3) and C(i) from
equation (1), the current sample ﬁalue I{i) into
operational amplifier 48 can be determined using the
35 following equation: - _
I(i) = -U(i) - (C(i) - C(i-1))*X + G(D(i)) (4)
In this equation, C{i) - C(i-1) represents the rate of
change of voltage at the output of operational



5 ° U(i) = Wi) + 0.5(Wi+l) Wi-1))D(i). (3) Thi s
cal cul ation assunes a scatrmg~tmthe |nt egr at or—65— such—that—si gnal
D(t) is of the correct magni t ude to insert in the above equation.

For exanple, i{yddimesanpl e rate is 8k sanples 10 per Seco”%ﬁlﬁsggrzo
intervals (i-1), (1), (i+1), ..., are 125[err] S apart. In 1 err]s,
sound travels approximately 1.5 inches. Accordingly, the diaphragm

di spl acenent sanples D(i) should be co ed by integrator 65 in
units of 1.5 inches. D(i) is expected to be nuc Tess 15 than unity with
this scaling. If D(i)ams1 B Wmanhox represént's’é“éhe YiUprraohdmd sde! ay
nodul ati on of one whol e raa (it gg tge formulais changed to:

Wi) = Wi-l) for D(??ra“‘e"r%ﬁvdca acitor ‘ﬁ{) = Wi+l) for Di) =
+1 20 or: THei )lon-ﬂlﬁed\tl fu&ct’(oml@()t)f aepbesentsOthe
and &4 hra#?n ‘ri(e\gt'o)rlﬁgV\Ebréé)véf’éugdn)sp'lac@mint curvgs' nce

D(i) is expected to be l'ess ver uati on
mor e appropri ate. ?Stress stra.m FH’V eq'alé?lﬁ?ﬁsa?ﬂ’(ﬁm‘f‘%&é‘deﬁherm gn
of the del ay noskakings) dfathecairarbsistande figmtiech F(t)payghe be

necessary to change t@%ﬁﬁ%@fmaygeEQQEﬁ\gBer X a,r;@cg.ﬂ aﬂx@tlm’: al¢ ggrégg t he

scaling of integrator e acconp I ntroducrin
scal i ng f act or3§8HREG F TR PE? Fﬁﬁ??@t%t%ﬂ%d’%&ﬁ‘tf EBfY “‘aY
equation (2), U(i) frisensddend iion egiatdod 4} )witlomo additiemaat sealgady, the

current sanple valge ' operational anplifier 48 can be
H: fé%%o E?ol | om ng e

det er m ned usi ng quati on: I (i i
SU() - (i) - Ci-1))*X + @ Bhe PrFE?“‘Pensat?‘ﬁ s é’(ﬁ}élalgﬁnﬂ@\‘ﬁ v(t)
(i -1) represents therepieserited by sahphgs, of . volvaga)at viie,ovttpul) of . .
oper ati onal %}9@4&@%4 calculated from the equation shown beiow

V(i) = I(i)*R + (I(i)-I(i-1))*L/dT + C(i). (5)
15 In this equation, R and L are the coil resistance 40
and inductance 42 respectively. In this way, a
sequence, ..., V{(i-2), V(i-1), V(i), ..., of the
requited input voltage samples may be calculated to
produce the sound pressure wave samples, ..., W' (i-2),
20 W' ({(i-1), W' (i), ..., which closely approximate the
desired sound pressure samples represented by, ...,
W(i-2), W(i-1), W(i).... _
The five most relevant equations are collected below:

C(i) = F(U((i)) {1)
- 25 D{i) = D(i-1) - C(i-1}+dT (2}
U(i) = W(i) + 0.5(W{i+1) - W(i-1)*D(i) (3}
I(i) = -U({i) - (C({i) - C({i-1}))}*X + G(D(i)) (4)
V(i) = T(i)*R + (I(i)-I(i-1))*L/AT + C(i) (5)

These five equations contain the following
30 parameters:

Non-linear air-resistance function F
Integrator 65 scaling factor
{delay modulation parameter) _ dT
Diaphragm mass inertia parameter X
35 Diaphragm spring stress-strain function G
: Coil resistance R
Coil inductance parameter L/4T . ¥ = L/AT

This number of parameters is sufficient to implement
the model of Figure 2. Since the parameter dT appears
40 independently only in equation (2), it may be chosen to



anplifier 48, and X represents the di aphragm nass par anet er,

capacitor 50, times dT. The non-linear function G(t)
represents the dl aphragm restoring 1orce versus drspracement curve -—-
5 (stress-strain curve). The relative nagnitudes or scalings of the
ai r - r esM9M6624f uncti on F(t), the di aphragm mass Peu/osso3 X and t he
function t) are assuned to have been correctly chosen so tHat they
may be added in equation (4) with no additional scaling 10 -
factors. The preconpensajgd i nput voltage signal V(t)
represented by samples, ..., V(i-l), V(i), V(i+l),.... may now be

cal cul at ed fr oobtain ethat¢amrresttowwmobakonf delay modulation Mnd is I (i)*R +
(r (i)-1(i-1) )tﬁéf@-fd'ré:(ﬁat r{@e-sal:'ilyl 8 Qist@'ql:i?é V% l% %’}%ﬂ S & the

coil resist anc_F I nd uc;&nce I‘ES Ctl y, a

sequence, .. 13/%? %31""9(‘?“13“ 3 @flowab T nput

vol t age sarrpl eplamq tieatr il ipairatheter dT appeathjcis tilre tﬂﬁultdrw essure wave

sanpl es, Y b - 2)3 rer%assurg th)a g\ﬁg i‘ ar: m_,_.t],yv?q; Cs'h%%' yv\?ppr;)m mat e

t he deS|re soun es re resen

Wi-1), Wi) .above, t ﬁP&lﬁWetﬁ’oéPdFB%@m %cﬁ?&’ﬁwtal‘:@ec§méct ed

bel ow: 1nductancef:(ef)fez:tFﬁ.H brkkerved ' ( )1) V\(25)
i) = i-1) - -1 LUGE) = i

_[I_)( 0? 5( V\(Di( +l )) V\(l N ) D(({E) the amo of delé;)modulatllo ):.s:v_a %'e§ ~ (i)

Ci-1))*X + G(@(l‘ﬁ}) qy)ng ar to gJ.ve anotlwz;)sca]p(qg)’tg (S )'-tIWYI)) L/ dT

+ C(i) (5h0 be necessary to 'Ehaagefthe Baed i € (@Ontai avblig fol | owi ng

20 PATATELSr S atessng che srrppe RALEAEA o TS ABRLIC O

modul ati on parsaﬁﬁait’&) o avoid thlg-rdependence, it maypbgpmemgm nass inertia
FaranEter ~ appropridte %2 transfer tﬁ!EH&MéﬁﬁﬁdaWIEQQOQta@séosﬁﬁé'n
unction e st AnGe

R daay poduiatiop, eai@iiol "l e varvigs op/gges quis
nurmber of lpsarﬂﬁé:tM%esﬁf(FPcF@nbet%lﬁm‘%rmmorder tot mainbadih ©ife Fi gure
2. Since the pameittesdFsgpatar Surveéd Tmfké,pftllﬂelibh.loﬁﬁlhg in equation (2),
it may be Cho%eq%att(?t.ons are obtained.

D(i) = D(i-1) - C(i-1)
U(i) = W(i) + 0.5(W(i+1) - W(i-1))*D(i)*dT
20 Cc(i) = F(U(L)). _ _
CIfi) = -U(i) - (C{i) - C(i-1))*X + G(D(i))
V(i) = I(i)*R + (I(i)-I(i-1))*Y + C(i)

A further simplification is to assume that the air-
resistance function F(t) is linear, and that C(i) =

25 U(i). An arbitrary scaling here represents the fact
that no particular units have been assumed for defining
the conversion of electrical signals to sound waves.
The following four equations then result:

D(i) = D(i-1) - C(i-1) (6)
30 C(i) = W(i) + 0.5(W(i+l) - W(i-1))*D(i)=*dT (7)
I(i) = - C(i) - (C(i) - C(i-1))*X + G(D(i))(8)
V(i) = T(i)*R + (I(i)-I(i-1))*Y + C(i) {9)

The delay modulation and the diaphragm stress-strain
curve are the only non-linear'éffects modelled in the

35 equations listed above. The delay modulation is
represented by the simple multiplicative parameter dT,
and the diaphragm stress-strain curve is represented by
a function G(D(t)). '



-15= obtain the correct amount of delay nodul ation and is

therefore not necessartt+y—equal to—the sanpl e-spaetng. This—ealedtati on
i s all owabl e because the only other place that the paraneter dT appears
is in the ternwoasnéezlT- By replacing the termL/dT with Y ag 2039
above, the ability to independently represent the coil I nduct ance '
effect. i s preserved. I f the anobunt of delay nodulation is
vari ed . by choosing dT to give anot her scal__ilrgg to D(t), it my 10 be
necessary to change the function t) to avoid altering the

stress-strain curve of the di agihea@iinctiofPt{Hk) )T @Y ®edpht St d6REAILRES
it may be nore ppropriate.to trapsfer the del modul at i.on to the
del ay nodul ati on equa#) ]b‘rf’e(af) s§5efﬁafe§3?’?l‘ﬁ ael'o(faesg‘ofg Gﬁcﬁ'ﬂfse%% &/t )
to be altered in ordekinepmuemadnderh@’ (D{tkhre G0 E99- stﬁamht)cur\ik—he Thus,
the followng eq Lﬁlﬂ’rﬂfb% e tPRbak Beeo enable the smalPCis) éq&it:.ons

c S
g((i)l)- F(Ui)) 3 e s‘%(l fieg??%“‘;ﬁe %cht‘r%g ‘%{ﬂ)‘%’f*deé(D('))

V(i) = 1(i)*R+ (1(i)-1(i-1))*P)Cei P(i-1) A {Qfi4Ir S|rrpI|f|cat|on isto
assunme that the air- resi sCdade=fWhEl | on %&‘) is linear, and that C(|)

- i i Y*X 4
par2t5i ClLJJI( :313 ' unf\?saLgi/ter gregnsgglsﬂg&hér?(atﬁ nf n 1) ‘h‘t(ﬁ'e 1ggn\¥e?'s%:6d}
el ectrical signalgt Qﬂ%( Li)rque ?ﬁ Zmeta@edlr} YROU R 1R BRUR' 9?% é

I t:
rC?IS;J Wi) + 0.5(Wibs )detenqmpji) P(Meagyrement . The determlpep}o& of qlpg

- (C(i) - C(i- 1))*X tdi1IDeslisthnce and inductandd )paxametpiB R and Y is
(PC)-T(-1)) Y + Ay pgay h‘:%#rwarfi 30°£F1 Ao MALAIRE BRIoLLCHELARD! 29
stress-strain curVe ark € on RON-TT Near ects node e 35
equations |isted abowrrdinmyy &kid} Hﬁdﬁhﬁtiﬂh i She digphragmnmagshynd he
sinple nul tiplicals va jiRiaanplagt 6I, the dfdShidin HtxRiUsAgEraincetreel 64M be
curve is representexi&a&ermlned by measuring the diaphragm’s mechanical

resonant frequency and Q factor when the 1oudspeaker is

in its intended housing.

The small-signal parameters are then fixed

20 and the non-linear parameters dT, representing delay
modulation, and G’ (D(t)), representing the non-linear
part of the stress-strain durve, may be determined by
large signal measurements. The delay modulation may be
determined by using a spectrum analyzer to cbserve the

25 intermodulation produced on a two-tone test between a
low frequency sine wave signal that causes large
diaphragm displacements and a high frequency sine wave
signal that is most sensitive to phase modulation by
the low-frequency diaphragm displacements.

30 The non-linear part of the stress-strain
curve may be obtained by using a spectrum analyzer to
observe the harmonic distortion of a large, low-
frequency, sine wave signal as a function of amplitude
and finding a function G’ (D{t)) by trial and error that

35 explains it. The function can be represented in a
numerical signal processor such as a DSP by a look-up
table. Alternatively, this curve can be directly
determined by physical measurements of force or DC



a function ¢ D(t)). ' - 16-

The function G D(t)) can be partitioned into a |inear stress-strain
curve of slope err] plrus the non-- I'Tnear rema naer G (D)) A Bt
- err]D(t). The purpose of this is to enable the smaII-S|gnaI

equati omeo9éesm be sinplified to the | i near equati ONS: PCTUS6/02039 D(i) =
D(i-1) -C(i-1) (i) = Wi) | () = - i)
-C(i) - Ai-1))*X + Jerr]*D(i) V(i) = 1(i)*R +
(r¢i)-1(i-1))*y + C(i) 10 The linear pgyaneters in the equati ons shown
above can be determ ned by neasurenment. The determ nation of the

coi | resistanceuzrent ncegpiiarect twadispliace Ehendiaphragm a steasmugktf or ward as

will be undersa,gﬁ%,é% Olrif'enrl%é?ﬁlon PQ?diHé‘iu){dﬁkﬂﬂé P& o be Zhe

di aphragm mass ea art o ragmstress-strain curve can
be det er ni FERAPHEAGR AL ARIAFEMEE LI PE P RERTRE rﬁ"rﬁﬂﬁ &ox the [osonant
frequency and ﬁpfpmﬂewoﬂ%assﬂdminbomdspeaxetlms detexrminatdonnbended housi ng.
The smal | - s gnabaay EN@Bab X5 & the non-1linear
parameters dT, representl n 1%?‘90 £jTatlon and G (D(t

representing the non- Ilriréh%racnﬁﬁrt OFY? L 1§tresasEtIpin. guyEe may be
determ ned by G’ (D{tar)geayt ealassemedr eati sknowrhapdaitafromdel ati on may be

deter i ned by Lediithdt £RRLL g&aaaiﬁxzéic&fﬁpbl%pfasg,e%ﬁ riRbgtggdul ation

produced on a two-t ency sine wave §i gnal
that causes | atlydmay bejasswmednthatprhechiitar aeded payAmereysency 5| ne
wave signateddlaiincs 130 partebalarvaiiphpdis enethdnliahilogeb¥nances he

e L edueny AR RilP (BEH"BAR 1 A ar 1oudapearth® ol phaoa PATL Of

the stress-strail a spec anal yzer to
observe the hd#akshi csm%t%m@ﬁ'o%nasmﬂbﬁlm paramﬁteqaehbyt si ne wave

signal as a fwifdow snlalarplighdlefrequency response are not of great
. ' consequence since any'SYStem'is assumed to have some
15 ability to adapt linear frequency responses to provide
compensation. For example, a manual equalizer or tone

control may be provided.
In a cellular telephone including a
loudspeaker for hands-free operation, the linear
20 frequency response from the loudspeaker to the
microphone includes reflections from nearby objects,
possible room resonances, and other distortions induced
by the environment which are illustrated in Figure 1 by
the multi-path acoustic channel 18:. These
25 environmental distortions, known as echo or ring-around
- can be modeled by an echo filter such as an adaptive
finite-impulse-response (FIR) filter.
Adaptive filters used in echo cancellation
are discussed, for example in U.S. Patent No. 5,237,562
30 to Fujii et al. entitled "Echo Path Transition
Detection." Other echo cancelers including adaptive
echo estimation or a finite impulse response filter are
respectively discussed in U.S. Patent No. 5,131,032 to
Esaki et al. entitled "Echo Canceler and Communication
35 Apparatus Employing the Same," and U.S. Patent No.
5,084,865 to Koike entitled "Echo Canceller Having FIR
and IIR Filters for Canceling Long Tail Echoes." Each



and finding a function G (D(t)) by trial and error that 35 explains it. The
function can be represented—rm—=a— _ nunerical—st+gnal processer—stehr-as a

DSR by a | ook-up table. Alternativel y, this curve can be directly
determ ned by wbwghégs neasurenents of force or DC . PCT/US96/02039
-17- current required to displace the di aphragm a neasured anount .
The invention may include the provision of a di aphragm di spl acenent or
novenment sensor for the Prpose of assisti ng | | n real -time determ nation
or 5 adaptive updating of neéel paranet ers. In practice, a

typical stress-strai nofWne threeCabbvk) ):16@& ﬁ&é&ﬁ%ﬂﬁ‘é Th@rBB known apart
froma scal i-ng factor for: eﬁgartk ular | ouds eﬁﬁgéﬁptb %

may be assumed that tHETERAFAERAL ﬁﬁ?ﬁnﬁ?ﬁﬁ%ﬁ b9 Wg*F eﬁﬁ???cular
di aphr agm nechani cal resonance§he modedededistomtiiorsocan per subtkacted

| oudspeaker size and grom EHe sovH@l bigﬁaprgeﬁ&m |bys't®x@ah19%§ﬁ8hér§ot hat
effect small-signal freguenc reisgnse are %& - consg uence
since any system i égﬁﬂﬁﬁﬂ FRYATEBRERYS §59€%Hﬂ¥ adapte £R

frequency responses txing-gxiced is,cbepevexn: i imperfmctdyamodeled daeuain
equal i zer or tone  pgaNt r:QJ tlmynbﬁ RiA¥hHetbuds eaker effect!sndilseeéééﬁar
t el ephone i ncl udi ng %1 peaker for gaﬂe‘? operat i, Qg he |1 near
20 frequency responseat?‘?"(ﬁn”{(iﬁé’ 8t8spehkBrat H@’ ‘the FC8Po S FlErl 1€t udes
refl ections fron1rmnﬂﬂqpqﬁ§magly. impepﬁestbéeha(nanaeiiBManneresamﬂsother
distortions inducgsl iy did® pRetehBRARBR NG CLbiliylds USka9EaTabGyE] OUr e

1 by t he nultl- 3§h acoustl anne - These envi ronnent
di stortions, known a Qﬂﬁﬂ?Qf“ n& APBEA A" rom ?%ﬁ?qﬁéqﬁ&déPBthﬁoaﬁh%cho
filter such as an ade;mecmpensaftu.ngt Eiltenl 32- trmaﬂmwmc(rspﬁbnél Roesutput

oot oS HEJRAMRNLED, g 4SS B
Transition modeled by the ec o fil ter 16, glvzng better echo
15 cancellation.

It is now described with the aid of Figure 1
how the precompensating filter 12 can be adapted in
real time to adjust the non-linear distortion terms dT
and G’ (D(i)) so as to continuously reduce residual

20 uncancq%gd echo-distortion re51duals Figure 1 shows
an 1npu%§s;gna1 W(t) representative of a desired sound
pressure wave being applied to a precompensating filter
12 according to the foregoing discussion in order to
generate a precompensated loudspeaker input signal

25 Vi{t). The precompensating filter 12 implements an

H of the true non-

inverse operation H?! of an estimate
linear transfer function H of the loudgpeaker. Thus,
if H and H! are perfectly modeled:

HY(W(t)) = v(t) and
30 ‘H{V(E)) = W (t) = W(t).

If H and H?® are close approximations of the true
functions, then the loudspeaker will transform
precomggnsated input signal V(t) into sound pressure
wave W’ (t) which is a close approximation of the

35 desired sound pressure wave represented by input signal
w(it) .

Due to errors in the model parameters,
however, the estimate may not be exact and distdrtions

obw



Detection.”™ O her echo cancel ers including adaptive echo estimation or -
a finite inpul se response filter are respectively discussed in U S

Patent No. b5, 131,032 o Esaki et al. entitlTed "Echo Cancelér and
Communi cation 35 Apparatus Enploying the Sane," and U S. Patent No.
5, 084, W0 %266Mi ke entitled "Echo Canceller Having FI RPCI/USM20BI R Filters

for Canceling Long Tail Echoes." Each - 18-

of the three above cited patents are hereby i ncorporated in their
entirety herein by reference. -19- The nodel ed di stortions can be
subtracted fromthe sound signal generated by the m crophone to 5

reduce the enveaynsehlhlexish dn ithessoundepressurs wavefigmy- afbded i s,
however, i nper{eeétormusiedmates thﬂ‘ough pBé tachust e :mrnl lga%r

| oud Kk ff t t th h
(riter a6, © chandel FE 15 She, mielBphonfo L iRt Y UL HEBR110° Ueing
the pr ecorrpens&(thghawmla;wash%pir\/&dnabmnd poxtoiai.er Thiee whodenel from

el ectrical &npphthOetdif p recdib%@aaeﬂgaﬂwei»lii Snpht ts‘igtnliq w(gjophone 20

out put may. be |ne rized IS nore cur nodel ed by
the echo filteFo I FEBER18E N8 19ut Bufh syl mpgnal % (e) 1870 O

i s now descri brecdeil e h}heeczhod fafltErglfe dnd 1tmmaﬂfaqmea¢srrpapsaazl,ng

filter 12 can be adapt d t
di stortion terQ & a%léh chogg%ilgo wg‘sla?o@g%#ﬁ uou re uc?re& dual
SFamarec

20 uncancel eob%"cW‘RF’bll’s"t%r"c‘ﬁt&"l‘ egha figna l?ov% andgghengyt
si gnal W t30 r eqrles epdrttiiore off sdigdadi Eétl) souzm(t) 1q3|pase§:‘umb\wva bei ng
applied to a péf‘rgéw%tdt&%nf bl Bhe ech&zp@:&ﬂﬁrﬂ'd}g qu rEQQB ng

di scussion in order tQ ener at e a forrpensat ed er I nput
signal 25 V(t)and H@lbrl??c(ﬁ\‘ﬁ’gﬁ?&l:?ﬁg F? Eh X9 %S t‘%‘eaﬁc © tPnderse
operati on H ergmalif mmtalnm;nbheﬁttbﬁ sigmaln®@it) . | i near transfer
function H of the |OUdS&9%&Elca1hEﬁplemenéétf$ﬁy“$fHQ%cﬁlaﬁéﬁt?@éfeCtly

nodel ed:

15 echo cancelers show increasing suppression of the
residual echo portion of signal E{t) as the complexity
of the echo filter 16 is increased. The complexity may
be iﬁcreased by increasing the_number'of coefficients a;
used by the echo filter 16. A limit is reached,

20 however, due to non-linear loudspéaker distortions that
are not modeled by the echo filte%lwhen not also using
precompensatién means. Since a preferred embodiment of

' the present invention reduces such distortions by a
precompensating filter 12, the residual echo portion of

25 signal E(t) may be further reduced. If the
precompensating filter 12 exactly'canceled non-linear
loudspeaker distortions, the residual echo portion of
the signal E(t) could be reduced indefinitely by
improving the linear channel modeling of echo filter

30 16.

A process is now described whereby the
parameteré of the loudspeaker model relating to non-
linear effects may be updated or "learned“fto reduce
the residual echo portion of signal E(t) by improving

35 the approximation of the inverse H™* of the loudspeaker
transfer function H thereby improving the
precompensating filter operation. Corresponding



Herr] (Wt)) = V(t) and 30 H(V(t)) W(t) = Wt). | f
H and Herr] are close apprnxrnarrons of the trve—— functlons —then t he

| oudspeaker will transform .-preconpensated input signal V(t) into sound
pressure wayve ssestd Whi ch™i's a cl ose appr oxi mat i‘on" of the BépuSRMhGasd
sound pressure wave represented by input signal W) . Due
to errors in the nodel paraneters however , the estlnate may not be
exact and distortions -19-

may still exist in the sound pr%ssure wavef or m QI'h| s -~ waveform

propagat es through thesegmamis ©fnthe sRghlls v(EhAWE) Ja%&(z(ttheaﬂﬁiacmpgene

20 creating sound signg | Of; {4 07 ArAund _PQLt |

The whole 5 path fronf%%%%%ﬁ%%ﬂsagﬁ%cg&ngsgggﬁg|%%u Si ﬁ@#lﬁft§4 w 1?5

m cr ophone anplifier wnmmu%m@eg\pgual mtgrder to hastelestimptechon-

filter 16, and its coeﬁﬂé‘ézeraﬁec%beruhrga[ Sighal sequdhts of tAeSE bighsls

chosen to reduce t nean s re.error n its . output estjmated
echo signal Z' (t) rﬁd e % ee&?(? oFPP‘EjﬁCB‘FS 12 f(e(]) tﬂ% H’
preferably a cl oselqudapeakesn f@rr hHBdECﬁDegoQMFmJ@fn.t h:é!es Irgnab 3Et)

and may be subtracted i @BpHdne mtbadussuhaesfgxm ttQ: A cudspelRel EE&hQ!a'
conponent of signal ntati gns of

{
adaptive 15 echo cancéﬁ"%‘? §’esW&ﬁ*ﬁ@?gaEPnaeEﬁﬂB’rré%s‘Yr%r?%bPaFﬁé' 18 BPE’S‘FEIH%
echo portion of signalTh¥ t8igmalt segmenpbeshoyld preafiexdid yebleoskilketbed l6hes

i nereased. The cony exiity The dischfie BAFEPSE MiedifiiPay ;&affghgggumr of

coefficients a[err] . use c 0 fl%

however, due to non- | iH&&H°H qﬁiﬁﬁé’&? 84pee ‘['?‘b’nsdqe}‘?atm’t confainofoflity ed
by the echo filter V\hegerrmtameldsspaschg Accoréingiyensdte oicrephene Ssaurd a
preferred enmbodi ment Qfjgnay tzﬂ%)pmﬁnbe'aa&@t rhfnﬁﬂ@%%t&%%ﬁgdbit%ﬁbo&?

by a reconpensat i filter 12 resid echo
y P P n'%g'-a::'otmd components The coef icients a; of the echo

15 filter 16 are then chosen so that the filter transforms
the segment of signal W(t) to as close a match as
possible to the echo portion of signal Z(t). This
transformed signal is labeled 2’ (t).

Then, a modified waveform W’ (t) is calculated

20 using thencoeff1c1ents that would be transformed to the
actual ecﬂ6 portion of signal Z{t). One method of
deriving the waveform W’ (t) is to use the best
available FIR approximation to the inverse FIR filcer,
or to solve a set of equations for W' (t) samples to be

25 input in order to obtain a close match to Z(t) samples
at the output. '

By fzndlng estimated parameters of the
loudspeaker transfer function H H that transforms the
given precompensated input signal V(t) segment to the

30 modified W' (t) waveform segment, a model that correctly
precompensates at least one input signal segment W(t)
may be obtained such that the overall channel from
precompeﬁgating filter input through the loudspeaker
and multi-path channel is approximately a linear

35 channel. If the waveform W’ (t) segment is sufficiently
representative of all possible waveforms, then the
precompensating filter operation may be correct for all



25 signal E(t) may be further reduced. If the preconpensating filter 12

exactly cancel ed non-1i near | oudspeaker distortions, the residual echo

“portiromof t he—sigmat—TE&(t) c ' i : .
i nproving the linear channel nodeling of echo filter 30 16. A
pr ocesswovesssds descri bed whereby the par anmet ers of rh:uhmmﬂmpeaker nodel

relating to non- | inear effects nay be updated or "learned" to reduce

the residual echo portion of signal E(t) by inproving 35 the approximtion
of the inverse Herr] of the |oudspeakery;. transfer function H thereby

| nproving the preconpensating filter operation. Corresponding

ZPI dsegrreatﬁeﬂfwa\lf&cﬁmmal isrh‘i@t ):r:l.\t‘férj.aamuly Md )actrievidd i thle g
collected in p clude a
menory. In or d%?&?é@%%?}éeg%{#aeh%hgﬁo% &gﬂgt%éém@eéasmmr ge si gnal
segment s of t h¥¥EeLoxms|and $pPacETdreferably collected. In a tel ephone with
a | oudspeaker for hagsiflleqowpbeabkpbaindd HdM itthedimodel ni cr ophone

out put soungd ‘s a n Y, rocessed to determ ne
whi ch partygl sbsp%g |é)r4 %%%hlﬁﬁﬁaﬁba 8 thrr%%{?; JhOLﬁDd preferably be

sel ect ed when mewgﬁrﬁ?é:qsi dnprt 5&9{@%‘5 thaprlied Fa ffhe dpput

m crophone sounsdéimnet tHe noﬁaepeanércmeléalmaﬂgxlre 2 gener at ed speech.

Accordingly, 0efl£LGRNPNS, SOWBana B8 Ake dddent il (15C aTBLE R, 8! MOST
entirely of echo or Ra % e coe i ean S[err] of
the echo 15 finede E@%r’-‘é‘lq a-éﬁdéﬁéébﬁrso 'Flmltm‘!dﬁl faf tFéEUFPaRsiQr s t he

segnent of16i ofitst\(Uded TATOMpAEe BheBsLInals at nddew b:l'eaha bhe echo

portion of si n rrred n IS L abe

Then, a nodi f?%aév\éi(/&e% (?rrmly\ﬂi'ﬂef’sa%aaié Tt elc? S}S(It ﬁ’g ge? ICI ents
that woul d be inputsmaded.t o Thie may betperfames ;hmt nfolllowgnal Z(t)
One et hod of discxid-tif @blaawguﬁggrm W(t) is to use the best

avai l'abl e FI R appr oxi matIl(lr) to(kra [ nV?IfF,, FII)R fd( q_ ) / (R+Y) (10)
15 c(i) = (G(D(i 1)) + X*C(i-1) - I(i))/(1+X){(11)

D{(i) = D(i-1) - C(1i) ' {12)
The inverse of equation (5) is obtained merely 5y
reversing the sign of the delay modulation. Thus if:

' C(i) = W({i) + 0.5(W(i+1) - W({i-1))*D(i)*aT (7)
20 then: _
W{i) = C{i)-0.5(C(i+1) - C{i-1))*D(i)*dT. (13)

The delay modulation parameter dT will now be updated
such that equation (13) more accurately repfoduces the
given waveform W’ (t). This is done by first
25 precomputing the waveform:

B(i) = 0.5(C(i+1) - C(i-1))*D(i),
and then finding 4T such that the sum of the squares of
W'(i)-C(i)+B(i)*dT is reduced. This wvalue of 4T is
given by: '

dT=4-—~2( B(l)*(W(l) -Cc(i)) ).

30 1In other words, B(i) is correlated with W(i)-C(i) over
i = 1 to N samples. '
The non-linear diaphragm spring function G(t)
may now be updated as follows. Equations (6) and (7)
are used to compute samples C(i) and D(i) of signals
35 C(t) and D(t) that would produce the desired sound
pressure waveform. Equation (10} is then used to



or to solve a set of equations for W(t) sanples to be 25 input in order to

obtain a close match to Z{+>—sanptes at t ke—out put. ————— By
finding estimated paraneters of the = ~ | oudspeaker transfer function H
t hat transfor rrg, gi ven preconpensated input signal V(t)pcqassstedead O
the 30 nodifie - wavef orm:segnent, a nodel that.correctly '
preconpensates at | east one input signal segnent W)’ may be obt ai ned
such that the overall channel f#&om conpense_l_tzizrjg filter input through

t he | oudspeaker and nul ti-p#&th channel is approxi mat.ely a linear 35

channel . If_ t he wavef o] \(}'It(et Laﬁ‘?gggni_(iﬁ @fﬁﬂecisqgn!d I(t)rgpveseatsf | aed
of all possible waveforns, then the

reconpensat i ilter _operatio
may be correct for al|the given signal V(t?) as rg:)amp%.es: R}‘M . RexeP eqiﬁt;{]on
ot her waveforns. This {@) tier iiaveeryeetachéa¥ed if the segnents are

| ong enough to contain many exa fe 104 woMaf Qr e (and-seecl{py »x
It will now be expl ai ned how thgn#gggar “'5) -Fta){)arreters can ae updat ed so
(

that a given 5 preconpensaggdfl"ﬂﬁﬁ%°’§i%% 2® SFBFPEF*P02Bh2 i nput
node A of the |oudspegedynsadeled, ¥Bthi guiGs*D® (td. + G,*D°(tiransfothed to a
second given ""ave‘cormc\ge(fg)ic?{epgtﬁt R4 e deteRdRB Y al BBnleHESBREK I eadtle

nodel of Figure 2 is us to, conpute th S|gnaks at ﬂode C
and D from t he SSPEEEFH BRLYPERLIAL pEILET é?r"\%e%“rgppl gfe phat this
i nput node A This nailsee updatesnetebyihder fpddametey G,, which sdifears itie
ﬁguat i ons: i 10 : |1ib(d) Lf §§‘§4ln;i?gm\fﬁ]|§ I),Se/@cff i f%&qﬁéﬁéﬁ (10)
D(i) = D(i-1) - C(i) Aiternat;};.' . the G, (pfz)ametezj S.an é }%ﬁ%rwlﬁnged and
equation (7) is obtai ngdy e yiohylinear coefficienys IB¢isEgn .of. updateday
nDQU|at'On: Thus i f: The megkba éiégﬂgséﬁ(%ﬁagﬂ(hﬁ&)réquire the
Wi -1))*D(i)*dT (7) - _ .
_ calculation of an input waveform W’ (t) to a given
15 filter in order to obtain a given output signal Z(t) as
accurately as possible. This effectively describes
inverting the filter transfer function, which may not

always be possible. Approximations to the inverse
filter may be used if this approach is taken. These

20 approxidigions may be computed, fox, example, by the

£8'disclosed in Roberts & Mullis "Digital

techniq&
Signal Processing”, Addison-Wesley (1987), Chapter 7,
the disclosure of which is incorporated herein by
refererice.

25 An alternative approach is to note that the
sound pressure waveform W’ (t) or input signal W(t) at
the inpﬁt bf the precompensating filter, which is an
inverse of the loudspeaker model of Figure 2, comprises
of the sum of two parts due to the delay modulator 66,

30 which is approximated by equation (13) as:

W(i) = C(i) - 0.5(Cli+1) - C{i-1))*D(i)*dT.
The first,part of the equation C(i) is the non-delay-
moduiaégifwavéform, and the second?part is a'product of
the derivative'and the integral of the same which is

35 scaled by the delay modulation coefficient dT. Since
the echo filter is linear, its output Z’'(t) is the sum
of outputs obtained by filtering the first and second



20 then: W) = Q(i)-0.5(C(i+1) - C(i-1))*D(i)*dT. (13)

The del ay nodul ation paraneter dT will now be updated such t hat

equation (I3) nore accuratery reproduces tie gver—wevefer-m W (t) ——.
This is done by first 25 preconputing the waveform _ -
B(i) = woe6624l ) - C(i-1))*D(i), and then findi nec1vosespgley t hat the
sum of the squares of W(i)-C(i)+B(i)*dT is reduced. This vatue of dT
: _ gi ven by: [err] 30 I n other vvords B(i) is correlated with
V\(l) C(i) over i =1 to N sanples.z3. The non-1|i near

di aphragm spring function (t) may now be updated as foll ows.

Equat i ons (6) padt$79>f equatiore {189d ye@ac-amsmye sap) aiaﬂdﬁlgiml@@l) of

si gnal s bufsd Waq.?%onm% f%adegg Sl £55 W 50U g

pressure vvavef orrq Equati on

-22- conpBfd) sWAB| eampyted dﬂslﬁ‘ﬁeegpaﬁapnﬁ(fﬁ) fFetP)Gi) and t he
gi ven si gnal Where&sanp&.lﬁs 8é€daond Maxt, o€(Yas) Oflay be (dompgutddiwgi:ted to
read: oDl ) % I D ctsGh) 1cé (e, c<'-'>>*x 5

| f functlon G D(t)) is ex ressed Jerr]*D(t) +
Jerr]*Derr](t) + Jerr§ J@[éﬂ"j@t‘)ﬂ are then fll%ﬁlaﬁmeﬂﬂybwe

deter(T ned by asingVews ievid fidxeh 16 msmrﬁsrvﬁﬁcymm«sanfdnt ﬁ:bg? |
rocedur e. nga ranet er err

'@h. ch affects EQ% é%ﬁs c’fal(t):?'9> %ggﬂnégﬁa g ghﬁ% frequency.

Al ternat th%eeg%?tii}vqﬂe}f am?g’@ diggrrgtetbime m:elmje@rmdenctedl byt he
non-| i nearieoetf(ii0i ands 2({ £y s ] ALEHRA thimes- z, Wdyles BETA times z,(t)The

e g ;C;fggsg 50 Va T e B B! PRac (afAREUALE PN, Olpdh) APYL, vaver o m
equals Z(t) as closely as p0551ble The solution for

ALPHA and BETA that reduces the mean square error in
matching Z(i) is:
15

.. de-bf _af-ce
ALPHA 2= b : BETA= —--—d_ B

where a=1?' (25 (1)]
d= Fz2 (1)]
and b= c =2 (z(i)*2,(i)].

Thus, new values ALPHA and BETA for the two signals

20 C(i) and Q(i) are desired to be produced by the model
of Figure 2 given the same precompenseted input signal
V(t). This channel is to be effected by updating the
model parameters. However since a change in overall
scaling can be effected by scaling the FIR filter

25 coefficients, we w111 only update the ratio of the two
signals C(i) and Q(l) produced by the model by updating
the delay modulatlon parameter 4T to a new value
BETA/ALPHA. At the same time, the FIR coefficients of
echo filter 16 are all multiplied by ALPHA. This

30 results in the desired signals Z,(t) and 2,{t} still



15 “filter in order to obtain a given output signal Z(t) as accurately

as possible. This effectTvety describes i Averti-ag the fitter—t+ransier
function, which nmay not al ways be possible. Approximtions to the

I nverse fi moeosasBs be used if this approach is taken. Thesscpiisesn2039
approxi mati ons may be conputed, for exanple by the t echni ques di-scl osed
I n Roberts & Mullis "Digital Si gnal Processing”, Addison-Wsley (1987),
Chapter 7, t he di sclosure of which is mcor_tylrat ed herein by

reference. 25 An al'ternative approach is#to note that the

sound pressure wavef orngeif producedpds &i godl siifrial c’ttha: mokBeclapeiyof the
preconpensating filter at\qiﬂet?{i(%)agt € e'@cv.l%sfi gezl tles gds eaker m)del of

Figure 2, conprises sum of art’s der ay nodul at or
66, 30 which is appr cBHﬂﬁ‘leé’@OB?oeqbatr%ﬁl uz) egho portlon of signgl)Eét)

Cli) - 0.5(C(i+l) - Chirh) ))eD(rb}iuGId compa'i‘@d fid Sltao%rz{evﬂf:ubheaﬁﬂéaéhp&xgh
C(i) is the non-del

y yef or £.56c0 ar t
product of t he %eﬂ%’a{ﬂ%é’mgﬁg ﬁe ﬁt%fr ‘ﬁvg nvvﬂf'gﬁa?ség%ay
scal ed by the del ay nmlﬁ-ﬁtéﬁnceéﬁﬂrﬁi@ﬂtlm'lthe Slcmi@peakethe Theodiapheagm
is linear, its output s?r:.(x{g) stSebBestHain poBmdiilallicded il 8fesbiay also

filteri the first
e O e te of By o S PASpA BAChaNt, TPTEing {BYegpign,af the echo
conput ed by equation (fAltierodbt-he waveform W (t), and D(i) was

13 b ted
(C(lg gﬁé Q((al ;:og]r:)g ?he%’scftl)l & §Hes@B§?]at%f%’t%Pre 2 thﬁsp GPR

16 in the forward dir&itiomntoW, (t} areolvadicnlabed| withfthevosigimls and a
Z[err](t) and Z[err] (tghy ht:l basPeEd | omite leF¢i8E 8nt ! ”EF £ fnﬁtg
denot ed by 10 Z[err I %ﬁcm Eg& % ﬂ })&}A\LPIHA tines elr'lr %s A
times Z[err] (t) cSPEEFIE IRt (foh 1B hARCTRRRREA) 12[ t(bt)°f+i'=s
(BETA)*Z[err](t) 15 value. The change in waveform W, (t)-W(t) is then
filtered by the echo filter 16 to obtain a signal Z(t).
The amount GAMMA of Z,(t) is then found which causes
Z’ (t) to more closely match Z(t). That amount is given
by the following equation:

conput ed using equg ions (6) tOUQQ)xg the samJ'}?xré’d(dﬂ%insEEEdsiﬁ% %gfﬁ
)é $ter

20
%[5 «ED)]

?[Z, (1)]

’
The cubic coefficient is then modified by adding
GAMMA/16 of its original value to its existing value in
order to create the desired signal Z,;(t} to reduce the
residual echo portion of signal E(t).

25 Thus it has been shown above how a non-linear
model of a loudspeaker may be modeled in terms of a
number of parameters and inverted to produce a
procedure for generating a precompensated loudspeaker
input signal that will reduce the effects of

30 1loudspeaker distortion. It has also been disclosed how
loudspeaker linear and non-linear model parameters can
be measured for the purpose of tuning a precompensating
filter, on installation for example. This



equals Z(t) as closely as possible. The solution for ALPH and BETA

that reduces the nean square error in mat ching Z(i) is: [err] .
Thus, new val ues ALPAR and BETA for tThe two srgnars 20 C(i)yand Qi) are—
desired to be produced by the nodel of Figure 2 given the sane

pr econpeMO26/624 nput si gnal V(t). This channel i sPCHUBSNMPecct ed by
updating the model parameters. However since a change in overal

scaling can be effected by scaling the FIRfilter 25 coefficients, we
will only update the ratio of the two -25-signals C(i) and Qi) produced
by the nodel by updating t he del ay .nodul ati on paranmeter dT to a new
val ue BETepe¢Pfication (ad s ddscilasest hew Bounsh gfan dieciconvetted

echo filter 16 @fe€aahicrdprhdnd ictdphy ALRRK. '_sil'#ﬂﬂ by QsiRsd ts in the
desired signals err](t) and Z[err] (t) still..
- 24- ~ bei ng'“ﬂﬁ?ﬂié’bg i 'ﬁ?ﬁﬂ ?#Sﬁa%°tﬂé?p%‘§?l3’clwtf the \atches Z(t)
at the echo filleudggeaksmpmodel paFameherspim, oxder rtesistrcmiessdirelporti on of
signal E(t) 5 iMprdvdaieBietd110TRAREH LY of STHY VonDinatdbheokNEAdIn
loudspeéker and precompeﬁsating_means. Such an
invention can be useful in providing audio systems with
improvéd sound:fidelity as well as in improving echo
cancellation in a loudspeaker te;ephone'or cellular

10 radiotelephone having a full-duplex, hands-free
function. o '

_ As would be understood by a”pefson skilled in
the art, variations in the models and attendant
equations can be made to suit particuiar applications

18 or acqustic loudspeakers. 'Furthermore,'the invention
can be implemented using'special analog signal
processing circuits, special digitallSignéllprocessing
circuits with A-to-D and D-to-A convertors, general .
purpose programmable digital signal processing

20 circuits, or combinations of the above. Accordingly,
many modifications and other embodiments of the
invention will come to one skilled in the art having
the benefit of the teachings presented in the foregoing
descriptions and the associated drawings. Therefore,

25 it is to be understood that the invention is not to be
limited to the specific embodiments disclosed, and that
modifications are intended to be included within the
scope of the appended claims.



ccturtigg 1 ohe’ Eﬂﬁsems“m e JIWHHWJIIIﬂfIfI}H g st r@W‘

pol ynom al coefficients nmay al.so re- 8st fnat ed w t hout

inversion of tyweeee&sa filter 16. 10 Usi'ng the Pgitses02039
preconpensat ed i nput signal V(t) to the nodel of Figure 2, the output
wavef or s Wt) and Werr](t) are calculated with the original and a
slightly nodified polynom al coefficient. For exanple, t he cubic

coefficient & is increased by 1/16th of its 15 value. The change in
waveform Werr] (t)-Wt) is then f iTEneT WHIOR tHeccExiMEdd [ter 16 to
obtain a signal Zerr](t). The anount GAWMMA of Z[err](t) is then found
whi ch causes Z' (t) to nore closely match Z(t). That anmpount is given

by the fol |l ow ng equatlon 20L . An adaptive precompensatlnqE&qqupeaker

The cubic coefficient té&epﬁeﬂen@&ﬁﬁfﬁid@l- addi ng GAMVWY 16 of i ts
original value to its existing y create the desired

signal Zerr](t) to reduce the EH°$Q§B?§E§I 38HOP§8$P?%ﬁPcﬁ 9 IpqﬁﬁffreZS
Thus it has been showsav@oir respenseitd iamcaudio input|signal |wWhiddpdsker

nmay be nodeled in gergpp2ied to aﬂ“&ﬁ&ﬂb(ﬂhpﬂ%rﬁﬁéiééﬁ agsh d N prieddsure
produce a procedure f of gf cﬁr at i ngjﬁas cgmﬁensat ed Ioud%pl&lﬁ

i nput signal that wil2YRdtREIHLLEH G PRt aSPERRT" i |t
‘has al so been di scl oséiineaw functinnisfesiadd auddar inpdt neignadne andraael

parameters can beyABasyred ASK- iih-!”ea‘%u&%%neﬁttﬁﬁiéﬂ £ [ GHRgRRAY Ng

filter, on |nstallat|gnnég£°§xg. ééid auéio input 31gnal

10 a precompensating filter for precompensating
an input signal representative of said desired linear
component to produce a'precompensated output signal,
and for applying said precompensated output signal to
said audio input such that said undesired non-linear

15 component is reduced;

a microphone for converting said socund
pressure wave into a sound signal; and

a precompensating filter modifier responsive
to said sound signal and said input signal for

20 modifying said precompensating filter, to further
reduce said undesired non-linear'component.

2. An adaptive precompensating audio system
according to Claim 1 further comprising:
an echo filter, responsive to said input
25 signal, for generating an estimated echo signal; and
subtraction means for'subtracting said
estimated echo signal from said sound signal such that
an echo portion of said sound signal is reduced.

3. An adaptive precompensating audio system
30 according to Claim 1 wherein said precompensating
filter comprises an echo filter, responsive to said
input signal, for generating an estimated echo_signal,
and subtraction means for subtracting said estimated

This Sheet Has Been Replaced




- 25- specification al so discloses how sound can be converted to a

m crophone out put sound signal by using a m crophone and then used to
adaptively update the Ioudspeaker nmoaer par amat BrS T order—to

successi vel 5 inprove the overal I conbi nati on of, the i
I oudspem;m—eeemaensat—t ng me‘arl‘i'IS §@F‘:Théé$n BEEN i NVRGRVSINOWAN be usef ul

I n provid| W th |rrp|P~(EVbACEibundf|delity as well' as in
| mprovi ng mm ![Dﬂgﬁﬂﬁ[ﬂﬁt ion in a | oudspeaker terephone or cellular 10
radi ot el ep dupl ex, han@§-free function.

As woul d be understog X 8erson skllled in the art, variations in
the model s and 5P trom gaid cﬁ%u’@ar?llgé‘aﬁfaéﬁcbotbﬁttalba@Q}Mul ar

appl i cati ons lportrioacofissatd| souvispesienred. isFuetieedore, the invention

can be inplenmented using special anal og signal processing circuits,
special digital signal processing ,Circuits with A-to-D and D-to-A
convertors, general Bur poRR FHaRfrigePesoppgneating gardig rawstan ng 20

circuits, or ceekordiingnsooflaiw Alwhereifc @aidi 8ghy, £ilterBebmp®iidd cations -

and ot her erbog,i skilled in the
2Tt having o SbRiZabloh eans 4 R NS H, Bal8TBAS AR 00 g
descri ptions ak&SPRBSEsEBCcPaid AnRutisigna Théﬁéflo?-étlfﬂ%wcl ¢cha 0 be

under st ood t hakighalj nandtsa1a i sournt d;@nh& to Fubthed faudde szeci fic

enbodi nment s di ggkﬁ%grtg&ql 3@3& so%%l ggéions are intended to be
e

i ncluded within scope Clainms.
- 26- THAT MHICH IS CLAI VED: ' 1. An

adaptive preconpensatings|oudgpeiieptive peteRPONSaEHP duidiN system
10 according to Claim 2 wherein said echo filter comprises
a finite-impulse-response filter.

6. An adaptive precompensatlng audio system
according to Claim 1 wherein said precompensating
“fllter comprises_a d1g1tal signal processor.

15 7. An adaptive precompensating audio system
according to Claim 1 wherein said precompensating-
filter compriaes means for perfofhing a transformation
of said input signal to produce said precompensated
odtput signal, said transformation being an estimate of

20 a non-linear transfer function of said loudspeaker.

8. An adaptive precompensating audio system
according to Claim 7 wherein said non-linear transfer
function represents one of a delaY’modulation of said
loudspeaker and a diaphragm stress-strain curve of said

25 loudspeaker.

9. An adaptive precompensating audio system
comprising:
output transducer means for producing a sound
pressure wave in response to an audio input signal
30 which is applled to an audio input thereof, said sound
pressure wave including a desired linear component

This Sheet Has Been Re‘p
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a | dudspeaker for producing a sound pressure wave in response to an
audi o i nput signal whi ch—s—5=apptied to an atete—+nput thereefs—sat-ed—
sound pressure wave including a desired |linear conponent which is a
linear functi owméemseiad audi 0 i nput i THISISHEFT AN BEEN |undesi rectrosvemimnear
conponent which .is a non-linear igunctiggpgﬁthalgEa dio input signal; 10
a preconpensati ng np i Laput sigha
representative of“!lall@mnwnmmlliear conpaigyt to produce a
pr econpensat ed out put signﬁ , and for applying said preconpensated
output signal to sdiitiaud @ lipearsfohction ofiishiddesioednpon- sigeal,
sound T pressure wed % Updestrad nlnl) FACEY WhnldHenOWAEED 8 %én-
pr econpensat i ng fiIterl#ﬁﬁﬁqiﬁﬁﬁcFé§ﬁoﬁ§iﬁéia audip damets §4@aadignal and
said input signal for 20 nodifypiecenpdnpacingmemnd ifay bretempehsat thd e
reduce sai d undesirged ngn-J i I.4C : : . ptive
preconpensating audi o 1S§S{€e%1%alag-§§?g|§%t?%;\8 a?fmsflfdurdte é%ego#gp??g?ng:
an echo filter, resporfMRONEAts 2oIPFRAUFE2E RYYFRIPENSAtede PBFREENGiGNAL,
eS_tijmat ed etC_ho tsi gnal ;arfh Eor apflying'_saidupfémip_ 'emaldmrl&ui;pﬁtsﬂbgﬂaﬂiélg
sai estinmated ec s{ anads fr. a opngh S a . echo
portion of said soundmgaliéin%u |1§’_r1gl§}}§eESCﬁ Bty un%é%@;&ﬁAhoga%‘:ﬁ&Q%%
preconpensating audi o egpRanent0 igcxefurad: tad ai m 1 wherein said
precorrpensaltl n? 1o filter COWDbE&&_&mﬁéng:hﬂi]éitﬁéﬁs lnfoaaaaa&i,\éeeb ofidive to
' nput - si gnal, Tor genefaty ’L%@%ng?%' BRLENEPL%rd Wlsata inBlE SYQRARCIESD
means for subtracting saidestl ed ggy_a- in at. for
gmodifying operation of said precompensating means, to

further reduce said undesired non-linear component.

_ 10. An adaptive precompensating audio system

15 according to Claim 9 wherein said precompensating means
modifier comprises an input transducer for converting
said sound pressure wave into a sound signal.

11. An'adaptive precompensating audio system
according to Claim 10 further comprising:
20 echo filter means, responsive to said input
| signal, for generating an estimated echo signal; and
combination means for combining said
estimated echo signal and said sound signal, such that
an echo portion of said sound signal is reduced.

25 12. An adaptive precompensating audio system
according to Claim 11 wherein said echo filter means
comprisés modification means for modifying said echo
filter in response to said input signal, said estimated
echo signal, and said sound signal, such that said echo

30 portion of said sound signal is further reduced.

13. An adaptive precompensating audio system
according to Claim 11 wherein said echo filter means
comprises a finite-impulse-response filter.
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echo signal fromsaid sound signal such that an echo portion of said

sound signal is reduced. 4. An adaptlve preconpensatlng
audi o system according to daim2Z wherern sard echo fItTer conprises &
modi fi cati on neans for nodifying said echo filter in .response to said
i np ' id estimated echo T ) POTUSIE208%a| , tO
furt her reduce said echo portiop *(;'1;B gggﬁigég;b@ gnal .
jmﬂlﬁmuﬂullﬁﬁmpensatl ng audre~system accoriding to daim?2
mher er conprises a-bbnite-inpul se-response filter.
An a apt i vE precorrpensatl ng audi o -system according to Caim1l

mherel n sai d preconpensatlfg An Hdaptdwecprprospensating taldix @ydtem
processor. 15accord1ng td Clafil! AQMreY8 BhCAOHPESSHbeIELAHY hedhdt €M

according to Claimi1, ere|€ a}?gt pr.ecogpensatin filter conprises
means for perfoffiPRE1%e® 3 RiFRY iSjgnal PEPCESSAT | nput signal to produce
sai d preconpensat ed out put signal, said transf or mat I on bei ng an

estimate of 20 a non-lineps, trlgpsgd%&,tfl%c k8Bofbe Oé)%a%a ste
8. An adaptlve rec ensat| ng audi o_s §em accor aim

wher ei n sai d°nofl F?ﬁ 91§ fsk 14 whgre Poﬂa?‘épﬁmger!ﬁ?é‘w a del ay
nodul ati on of swmeans co:hpmiﬁaaaieansalid:rapdrﬁpmimgnsmmmm curve of

sai d 25 | oudspegkgherormation of sald gnguén E%E%F|e63é£; SFRP YRS | ng audio

system conpri sing t ransducer ans for producing a

sound press@ﬁeﬁ%qﬁ%m% SlgﬁaéudF%’-‘?rfﬁE anafifal3o  which is
applied to an avtansfopmetidieedhg ani dssdmate of EHeSYivwerssnteanetendi ng a

desired 'i“fér f&ﬁgEqﬁﬁnof said output transducer means.

16. An adaptive precompensating audio system
comprising:

output tfansducer means for producing a sound
pressure wave in response to an audio input signal

15 which is applied to an audio inpﬁt theredf, said sound
pressure wave including a desired linear component
which is a llnear function of sald audio input signal,
and an undeslred non-linear component which is a non-
linear function of said audio input signal;

20 : precompensating means'for precompensating an
input signal representative of said desired linear
component to produce a precompensated output signal,
and for applying said precompensated output signal to
said audio input such that said undesired non-linear

25 component is reduced; and

input transducer means for converting said
sound pressure wave into a sound signal including an
echo portion; and _ |

echo, filter means for generating an estimated

30 echo signal in response to said input signal and
combining said estimated echo signal with said sound
signal to reduce said echo portion of said sound
signal, and for modifying operation of said
precompensating means in response to said output
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-28’ which is a linear function of said audio input signal, and an
undesired non-1linear comrponment which is a nonm—*i near function—of said

audi o i nput signal; precj?iancatinq neans for preconpensating

an 5 input Sige¥essearesentative of s THISISErTedAS RERT PUIISIENo3s O
produce a preconpensated output signal}, ndEy ag& ying said

. REPEAC] -
et red:nonet T INEMEINL,. (3* Concea: i oo et s

preconpensat i ng nearfs hodPffi&r,* responsive. to sai d sound pressure wave
and to said input si gnﬂlecﬁ‘ﬁrc_afl signdlfaﬁ@gssm_rﬁlj@g sQ_bn&gi,dto T‘-l.lrther

pr econpensati ng neans,_.t r ce said undesired non-linear
conponent . reéﬁcel(?_aianhggésifg rb?rg?'ol%beleéﬁs ?’Fﬁ&ngﬂ o system 15
according to Caim9 wherein said preconpensati ng neans nodi fi er

conpri ses ag i_nputltransducer f ar.conxecsdapeive ﬁ@dﬂ:@@h&duﬂh@sgﬁaﬁow@yﬁgem
into a sound signal. . ¥ : i ve .preconmpensating audi o
system accordin tagcaréillr%gl(sof E?‘?%érlé\ghn%%a%%ngs%%%cgo gxféerexﬂ%%ns
filter means, respdnsialéa goyprdsphpar echo giedidiier sespensivei g amid
esti mated echo signal ;irput signal, said eSOivRitEd ii%u'&'ﬁ‘%ﬂﬁnﬁm &Rabsi 00
sai d esti mat ed ec@%u_kp §I g&d gaidoégynd skﬂﬁg&t.suc t hat an echo
portion of said sound S|31a g reguﬁe%. brasid ion ?f.sa%ﬂ 3ﬁﬂ%tive
preconpensati ng audi o fgl&eanmeansateofurtiper aretiutemsaidniehei poshion exfio
filter nmeans cCoMPrda3ees seRadl §ghaon neans for nodifying said echo
filter in response to said input signal, said estinated echo si gnal
and said sound signal, such that said echo 30 portion of said sound signal
is further reduced0 18. 1An adaphias iprecompevspbingt andiausirstem
system accordi ng taderdifigl toWaEA Bk M 6 MKk 1RGHO dalikil BEhBE&$ter means
conprises a f|n|te-|nggh§ezrespon§e félger. lse- .

prises a finite-impulse-response filter.

19. An adapti?e precompensating audio system
according to Claim 16 wherein said precompensating
15 means comprises a digital signal processor.

_ 20. A method for adaptively precompensating
for diétor;ion in an audio system including a
loudspeaker which produces a sound pressure wave in
response to an audio input signal, the sound pressure
20 wave including a desired linear component which is a
linear function of the audic input signal, and an
undesired non-linear component which is a non-linear
function of the audio input signal, said method
comprising the steps of:
25 providing an input signal representative of
said desired linear component;
performihg_a precompensation function on said
input signal to produce a precompensated output signal;
applying said precompensated output signal to
30 said 1oudsp¢aker té produce an output sound pressure
wave such that said undesired non-linear component is

reduced;

_\'\-
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- 29- 14. An adaptive preconpensating audi o system
according to Claim9 wherein said preconpensating nmeans conprises a
digital signal processor. . AN adaptive preconpensating
audio system 5 according to Caim 14 mhereln sai d preconpensating

neans_ggﬂyﬁﬂgas_aeans_LgL perforn- PCIER960288% 0t | on of
ggég%%ﬁnt 3
i ng_a

ai nput _si pr.oduce out put signal, said
rrat henjillﬂﬂl"lﬂlul tm im)rmatlon be an inverse transfer 10
functi transducer neans3i- 16. An adaptive
preconpensating audio system - conpri sing: out put
transducer neans for prodetemining mdliffenengesbetweenecsaid rdespioresse to an
audi o input si gBahdlpredbisd wivenild ahild cakpardseuhdPpteddigseof . said
sound pressure way i ncluding a desired |1 near conponent which is a
li near functi of38Fis g audi o i nput signal, ~and an undesired non-linear .
conponent which is a nonadaptingrﬁaﬂdNKGNGDMQanatiamdfumm&rnnrﬁnﬂ: si gnal ; :

20 5 p&@QBBHSQSé‘é'E'&&m&ﬂSfJﬁndér @eOPALPReL | FEade said NPUt Si gnal
representative of, said eS|rf3nI|near conponent to prodﬁce a

pr econpensat ed"BAeFAFeS; Rarlinear gompopent, | ving sai d preconpensat ed
out put signal to said audi o input such that sai d undeS|red non- 1| i near
25 conponent is reduced, zfnd‘A method accordiﬁ Utoté for
converting. said spun ressure ve into a soun gnal I'ncludi ng an
echo portion; SAWPrising % CeRS I | ter neans for generating an
estimated 30 echo si ghgberfvmesgom@se echosestiinapivn sfuynetlicando

conbi ni ng gagi dggﬁgfg@é%e&m“?wlec%t Qﬁéﬁand l? %?§é|@§ i reduce

said echo portlTon of said soun si gna i ohsr ati on of
sai d P knput Sfénal. 9 ying op

converting said output_souhd pressure wave to
produce a sound signal including an echo portion; and
subtracting said estimated echo signal from
15 said sound signél to reduce said echo portion of said
sound signai. |

22. A method according to Claim 21 further
comprising the step of adapting said echo estimation
_ function in response to said input signal, said output
20 sound pressure wave, and said estimatéd'echo function,
to further reduce said echo portion of said sound
signal.

23. A method accordlng to Claim 21 further
comprising the step of comparing said input signal with
25 said sound signal to determine when said sound signal
substantially comprises only said echo portion, and
wherein said adapting_step_is performed when said sound
signal substantially comp:ises only said echo portion.

24. A method according to Claim 20 wherein
30 said providing step comprises the step of providing a
test signal.
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pretonpensating neans in response to said out put
electrical signal and sard—TTput—si gngs—to-furttrer r educe—satrd—:

undesi red non-1inear conponent THIS SHEET HWG B %’ daptive
preconpensat i nwms;LsLem_.acr_ojm_ag REPL&CgHM her ei rpcm'gamkm
filter nmeans ri ses an echo nodrf+e+—~esponsj ve to said

i nput si gnal , sal d estl ﬁllﬂi u HIH"HIM“L and said sound signal for
nodi fyi ng operation of er meaRg.to further reduce said
echo portion of sai d sound S|gnal 18. An adaptive

preconpensating audi o system 25accmrmb&ubd(kdﬁc&ﬁﬁh§6tbh6181ﬂ 30 wh&fdih
filter means CO”ani‘ESg?FEBRngséE‘PA‘A Sﬁxﬂ&%%%”%%m}%k&&& an estimate of

19. An adaptive preconpens
wherein said preconpeﬁs&Fﬁh@mislﬁéhnénﬁﬁﬁﬁﬁ|Qﬁﬂ?~@Q&’éﬂﬂaﬁrsFQ%%Ffﬁrocessor
20. A nethod for adagunethivynpbecoapd bedddtseaker.for distortion in an audio

system i ncl uding a | oudspeaker which produces a sound pressure wave in
response to an audi o i nput signal, the sound pressure 20 wave including a
desired li near conponent which is a | i near function of the audio input
signal, and an undesired non-Ilinear conponent which is a non-I|inear
function of the audio input signal, said nethod conprising the steps
of : 25 provi ding an i nput signal representative of sai d
desired |inear conponent; perform ng a preconpensation

function on said
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I nput signal to produce a preconpensated output signal
appl yi ng said preconpensated output_sigpal _to 30 said |oudspeaker to

produce an out put sound pressure wave such that said undesired
non-|inear conponent is reduced; -31-

det er mi ni WP /26628 er ence bet ween sai d desired soulr'lﬁr’g?ggs“ga?e wave
and sai d out put sound pressure wave; and adapti ng
sai d preconpensation function in 5 response to said di fference to
further reduce said undesi red nong /llnear conmponent .

21. A nmethod according to Caim20 furthe conprising the steps of:

perform ng an echqoestlnatlon fungtion to ,\generate an estinmated echo
signal in respenfpPdto said Ml nput sig 1

converting saJEF pit put sound pressyre wave tgﬁ produce a sound
signal includifn cho portio subtracting said

estimated echd @‘,:gnal from sour(;.g gnpl to reduce said echo

portion of sai sound si I 22. A et hod
according to d | furt her conprmS:ﬂg he step of adapting said
echo estlnatloniz: functio sponséD ald I qput signal, said
out put 20 g@nd pressure wafR3 arjd saild &t i jrat egrhtechoW\netgn,
to further redweersatd echo port+ sai d SqUNgh=— -=+-gnal .
23. A nethod agcofding to Crarm ZT[TIT}{ her condrisind the dtep of
conparing saidjinput .signal i th &:; - 4
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25 sai d S‘ouﬁﬁ"m gnal to deternine when said so%@ @lj : '
subsT‘a'l'rr'r-a'I-l-y—corrprl ses—omrty—sat d " - ' aid

adapting step is perforned when said sound signal subatsgntial ly
conprises. only said echo portion. 24. A Ry accordi ng
to Caim20 wpET 30 woRLKINTELIROTUAL IgPERTYOqRGOOIMMOR SES t he Q@ of
providing a test signal. m@m Has Been Repl aced
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In an audio system, a loudspeaker responds to an input signal producing a sound pressure wave having a linear component, which is
linsar function of the input signal, and an undesired non-lincar component, which is a non-linear function of the input signal. Accordingly, it
is desirable to reduce the non-linear component of the output sound pressure wave. An adaptive pmoompensating audio system for leducmg
this non-linear component includes a loudspeaker for producing a sound pressure wave and a precompensating filter for precompensating
an input signal representative of the desired sound pressure wave. In addition, a microphone may be used to convert the resulting sound
pressure wave into a sound signal and a precompensating ﬁlwrmodlﬁermaybeusedtomodtfyﬂmp:ecmpemaﬁng filter in response to
the sound signal. Preferably, the precompensating filter transforms the input signal using an inverse of an estimated transfer function for
the loudspeaker,
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