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signals. More specifically, the invention relates to adaptive systems for recovering

several original signals from received measurements of their mixtures.

15 Discussion of Related Art

The recovery and separation of independent sources is a classic but difficult
signal processing problem. The problem is complicated by the fact that in many
practical situations, many relevant characteristics of both the signal sources and the
mixing media are unknown.

20 To best understand the problem, the following problem statement is helpful:
With reference to FIGURE 1 of the drawings, consider N independent signals 102,
5,(t), ... , and sy(t). Independent signals 102 may represent any of, or a combination
of, independent speakers or speeches, sounds, music, radio-based or light based
wireless transmissions, electronic or optic communication signals, still images,

25 videos, etc. Independent signals 102 may be delayed and superimposed with one
another by means of natural or synthetic mixing in the medium or environment 104
through which they propagate. A signal separation process 106 transforms the
mixture of independent signals 102 into output signals 108, u,(t), ... , and uy(t).
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I npl enent at1 on. e specifits ese two s are el aborate
2 separate signals in many practical situations and real world applications.
20 Conventional signal processing approaches to signal separation originate

mostly in the discrete domain in the spirit of traditional digital signal processing
methods and use the statistical properties of signals. Such signal separation methods
employ computations that involve mostly discrete signal transforms and
filter/transform function inversion. Statistical properties of the signals in the form of a

25 set of cumulants are used to achieve separation of mixed signals where these
cumulants are mathematically forced to approach zero. This constitutes the crux of
the family of algorithms that search for the parameters of transfer functions that
recover and separate the signals from one another. Calculating all possible cumulants,
on the other hand, would be impractical and too time consuming for real time

30 implementation.

The specifics of these two methods are elaborated on below.




WO 98/ 58450 PCT/ US98/ 13051 Neurally inspired architecture and al gorithns
foor si gngo ss@B@pati on These sets of neurally inspired adapETASHIFbaches
to signal separation assune that the "statistically independent” signal

vector S4) =l b eSO .l e o' o
m crophones, a {rB& adaptive GpprouthaanoRipnabsepamgiogsent ed by
t he general (s&?&gggtﬁ%gg}ﬁ%%“%@wgperaat%rv rpﬁThen, l\/({%n = t(S(t)) Equation

(1) There mggmeehuek "stastedlbtindepentért sigaal be used to invert the mixing
process, i.e. 10 operator r, in a "blind" fashion er.e nQ a prjori

know edge ectast 8(ths fsq(fhhe -rﬂildu-hé‘)l)}r) 15 E‘Hfﬂdéﬂtprﬁ‘cfme HEN rY§°‘SEe44§§ or t or
the original sources, S( . i HofPs. GRteddR dt€f. static and
dynafri c. R%Yﬁ%?{a?f(b?i i%%eﬁ%lfﬁggh%ﬁnﬁégﬁ%eﬂ%gogo t He nat ur eyof t he

enpl oyed adapt af itQRe sikinglendiroSment bettpresaitédby thexgenemh (static, or dynamid)zat i on
of high order cunulants, etc. 15 The static case. The static case is
linted toopdratontg Bhem constant nonsingular matrix. Let us assune that the
"statistically independent” signal vector S(t) = [slI(t), ... and SN(t)]"'
is mxed tomgnodugs()he signal vector Mt) Specifically, | etEquationi(L) ng
operator t be represented by a constant matrix A nanely 20 Mt) = A S(t)

Equation (2) FIGURES 2A and 2B show two architectuyres, of the si.gnal
separ at i onTherd are seyexak formwdations that gag he usegrtodpyart e MIXIgPIREess, I xi ng

matrix A . U(t) is the,output. ' 4 QL L O
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FI GURE 2B. The architecture in FI GURE 2A necessarily conputes the inverse

of the consvasdteghricsngaticand dynamic.ddditional distingtionsiian bg made;agfaths p) e,

i.e. A-'" exists. The architecture in.Fl Lepose the
restricti oR8MF oqthgpmgﬁgﬁgesﬁg?%m‘g“@ﬁ% (I?E;D %g?{'gl%gﬁ?? ﬂlté eﬁn@ﬁt s of the
matrix D ahﬁmﬁﬁ%&{dnyoﬁﬂilﬁsrdepéuﬂﬁiﬁnﬂsfétc.di agonal elenents of the matrix A .
In this case, however, diagonal 30 elenents of the matrix A are restricted
to aqual "1.0." Thy setictcasey Fhecstaticoepse i limgited to mixing by a constant nonsingular

matrix. Let us assume that the "statistically independent” signal vector
S‘(t) = [s,(f), .. , and s N(t)]T is mixed to produce the signal vector M(y) .
Specifically, let the mixing operator t be represented by a constant matrix 4 ,

namely

20 M@ = AS@) Equation (2)

FIGURES 2A and 2B show two architectures of the signal separation and
recovery network in case of static mixing by a mixing matrix 4 . U(?) is the output
which approximates the original source signals S(r) . Y(7) contains the values that
are used in updating the parameters of the unmixing processes, i.e. W in FIGURE

25 2A and D in FIGURE 2B. The architecture in FIGURE 2A necessarily computes
the inverse of the constant mixing matrix 4 , which requires that 4 is invertible,
ie. 47" exists. The architecture in FIGURE 2B does not impose the restriction in
that upon convergence the off diagonal elements of the matrix D are exactly those
of the off diagonal elements of the matrix 4 . In this case, however, diagonal

30 elements of the matrix A4 are restricted to equal "1.0." By setting the diagonal



WO 98/ 58450 PCT/ US98/ 13051 el enents of D to zero, one essentially concl udes
t.hat thgv(g},ggsqgo process is invertible even if the m xi ngpeaiuses/3os1 not. As
shown in GQURES 2A and 2B, the weight update utilizes a function of the
output U(t) . The update of the entries of these two matrices is defined
by the crélemeitaofisRd te aerosprmessensiablycanclydes thatthe MHXINGRTBPESS 11 recovery,

y Ihs ¢ : e it v
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(4) where rl” is sufficiently small, g iIs an odd function, and Mis the set
of  mi xt uhese two matricheisslefined by therriteriawsed forsignahseparatien, siserigtnaioinal s,

subscript T denotes.transpose, and T denot.es. i NVALSE rapnspose. Note
het  t ho FTRERYEDY, &b pRioyBREaT BiIPRie, TRORLER o of g drad ARSI, Do
related tg.the above 15 diagramas Y(t) = g(U(t)) Equation (5) One uses
Equati on ‘?ﬁ) to update the entries of Win Equation (3). Through this is
an iterative updahexmnplegdns possibleeweight updateofulé/fordine easgovhese t hat t he
product WA is nearly equal to the identity matrix or a pernutation of the
identity nphixXwap@nOn the other hand, in FIGURE 2B, one potEquatieh(3) usef ul
rule for the update of the D nmatrix entries d,, is generically described
as dj =rl1(u,(t)) g(u;(t)) Equation (6) where n is sufficiently small. In
practi ce comkbeiseful functions for f include a cubic function, and for g
i nclude a hyperbolic tangent function. Wen using this 25 procedure, one
conput ational Iy sol ves,¥gy U(t) from Equation (7) below U(t)_= [.I + D|
STMt) Equstiomiiny’ 4 £ ) ))98 K8450 PCT/ US98/ 13051 Equation {4)

g u

where 1 is sufficiently small, g isan odd function,and M is the set of
mixtures, U is the set of outputs which estimate the source signals, subscript T
denotes transpose, and -T denotes inverse of transpose. Note that the

function g plays an additional role in the update which can be related to the above

15 diagram as
Y(t) = g(U®)) Equation (5)
One uses Equation (4) to update the entries of W in Equation (3). Through this is
an iterative update procedure, the entries of W converge so that the product W4 is
nearly equal to the identity matrix or a permutation of the identity matrix.

20 On the other hand, in FIGURE 2B, one potentially useful rule for the update of

the D matrix entries d, is generically described as
d, = nfu (D) gu ) Equation (6)
where n is sufficiently small. In practice some useful functions for / include a cubic

function, and for g include a hyperbolic tangent function. When using this

25 procedure, one computationally solves for U(f) from Equation (7) below

U@ = [I + D' M@) Equation (7)

e R S L



at each successive step and sanple point. This conmputation is a potentially
heavy bwoesissssspeci ally for high dinmensional D. The dynamamusssasesi The
dynam ¢ m xi ng nodel accounts for nore realistic mxing environnents,

defi nes such environnent rmdcfl S eind devel ops an update law, s to recover
the ori gi nalcash gpeeessivg stap and sanaple paintnd hiks computationds A petentialy deawyhe natri x

Aisnolo l:f@f | B reference to the feedback structure
of the sta?ﬁg?&é’%gﬁ%@?)aﬁr [ &slﬁr%ﬂflgﬁaltgj\/i ew Equation (7) where U(t) = I

+ D] -' Mt) asThedgaamicicase.0Thd dvhahdie imidinpanbdel acieouhtsofor ldré reatistid(r) - D
Ut) + Mt) Equation (8) 10 This facilitates the conputation by
i ni tializi Mixingenvirenmentsdefinesepchenyiionmertqnedaivand dovelapsamupdatadawt rary

guess. It js _inportant .hgwever to, ensure the separation of tine scales
bet ween Eq artefone_y}(%‘ingo{ﬂ ﬁ‘ﬂ@i%ﬁ'ﬁ‘lﬂ’gﬁﬁr %ﬁﬁ?’g li ke the one defined by
Equation (6). Tii the@amfc &36,4he thatix WBinddoRger altoRstaintirh&ix( G réfddnée 1 N
Equation (8) sufficiently small. 15 If we assune the dinensionality of

Mt) is N, toghe &edbackistivcture of thel statipexampls it isisinpldetol viewtBguatioméhi ¢ si gnal
separation _al gorjthm can he itten as tlui -ul - E Dr/ui fill for i =
1PN S R AR B COPITHHED o itveh SQUALIOR ot BtAYRARYC BRHAYOROns. | n

addition, the adaptation process for the entries of the matrix D can be
defined by oUilnipl-&/(or -tBIUB, +eM@) the eval uation of 20 functEqusioh (8d ¢
in Equation (6). FIGURE 3 is a pictorial illustration of the dynam c nodel
I n feedback configuration. U(t) approximates S(t) . The function g defines
t he 1@ri t er This fasilitatesthevedrgputatipniby enitidlizing tHealifforotialreguatiorkin Poption 48)i on of

Ut ned | RO Ml Ehesd. L BatResR e RR e i bralg o o
criteria ?&lé&bﬁeh&é@n@tﬁmﬁbﬁﬂt}gﬁﬁ& tHeQspddff proéciurd1liRe fheTone BdAnedby | ed

procedures have been not ed: irst is the application of the signal

separ at i onEquationi(6)sThiaduayt ket énsnuredrbyonaking ) iarfiduation )iaad trdn &iguationa(8)

poi nts of dei.f.a. -.re a'ldl ess of whether each of these points is practically
and physi ¢ 1§)°5%%§}§ ble or not. Thus, the adaptive separation

15 If we assume the dimensionality of M(r) is N, a set of differential equations

that define the dynamic signal separation algorithm can be written as

Tu, = ~u, = ZDIjul tom,

it Equation (9)
fori=1,.,N

This enumerates N differential equations. In addition, the adaptation process for the
entries of the matrix D can be defined by multiple criteria, e.g. the evaluation of
20 functions f and g in Equation (6). FIGURE 3 is a pictorial illustration of the
dynamic model in feedback configuration. U(f) approximates S(f) . The
function g defines the criteria used for weight update of the feedback network.
Application of signal separation criteria for adaptation of parameters. Little
has been outlined in the way of procedures for the application of adaptation criteria
25 within the architectures defined thus far. Two implied procedures have been noted:
First is the application of the signal separation functions, adaptation
procedures and criteria to arbitrary points of data - regardless of whether each of these
points is practically and physically accessible or not. Thus, the adaptive separation

procedure applies the adaptation functions and criteria to each element of the

5



procedure applies the adaptation functions and criteria to each el enent of
the 5 Wo 98/ 58450 PCT/ US98/ 13051 neasured m xed si gnal s pauniuspaiip@sl y and
i nst antWOSA$($8450 after which appropriate paraneter updates are made. The
second type of procedure described in FI GURE 2A uses Iig ation 3% In this
case, the,eldube fkedSignl individually hud istantancgusly, afer WBFh BRATRYEY dat a
points fromthe 5 entire data set. Thus, the rel ated adaptati on process
does not pmrmge@ssp@é‘rsafamﬂdé; but wutilizes the whole data sa;t (g$/elr whi ch a
constant, statjgc mxi [ X Bl inFIGRIRE 2A uskes Equagiont(R)-slnret hod
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met hod nofy . suist &Rk Grifepia is g@]ieﬂitm&rgimadatasptapasqlm’@d 212 PRILHEPR MShen t he
assunption of & static constant matrix is inc(grrecg tggﬁsggp%gg% tht the
unnixi ng dftiredaness This, tresrelatudeadaptation BFOCLEHEIS &Y Be pprodch to signal
separation The representation of..si L X | eRafiftis assuingd to ansf er
f unct i onsutilizesghe PE"%ﬁﬁ%g(‘fﬁr‘gmg?%%%h%t%%\\k/t??%ﬁﬂngﬁtg node] _and nef hod. A
structure fé_]g, %qﬂf&‘gﬁ ki1 nledRdSis Sorabwhinmeoreqobus ithep theubirst i ayeseents ly

isilhl

measur emefP strated in FI GURES 4A and 4B. FI show a
convent i ogalofflinansdthed fatrsnitable forapaldinae sighplgPHraHoY gﬁgﬁ@wﬁﬁ%’)ﬁr}%&%d

separation for a two sjgnal system. | RG4Sy Uf thRNthmixingppr oxi mat e
S, and SZaSSl@PQMrat%atl"rfé’nﬁtiaQ"H@mb‘r%g%gg&%ggél eg %S H . Such a transfer
function %%)roasc"fig nei ther practical or extendible in the case of higher
di n¥hsi on PYMAl S > great er than 20 two di nensjons. Furthermore, the
extensi on of t hphdWragsh femtiondasKRIAPPIeacnine SIgN3 : puncti on domai n has
also elimnated the tinme domain nature of .th : JFB finddiGie ma@yses

t he excl usi on oFha tepraspmtaiief 0 Ef&ﬁlﬂ%% W&ﬁf%r%{é&gg# &8'?5 equati ons. These
architectures for the ' Ehnabdéadiniethdd transfer function donmain
result in HISARRrRAEPAd gg@g{)ﬁ\?{aﬁns which are all i rr&(’adi ments to the design
and 25 i npl enenpagiuefr@foraepuraig twal signalhbyl PERcESSIHIYRINLIS st this

fornmul ation, as expressed, pregl € _gener /it K Qfd AB8h&eRAr ati on
proggdur e measureghess 1ﬂllﬁ%?cgwgﬁq¥vﬂ§%h?‘haé’%d$ﬁeﬁiggﬁgﬁty of the problem

exceeds two. | n.other : reaEhthGen fdrarsiglal neikingrandfseparati BRati on
met hod doe@WS?t’%‘}ﬁ?g?n%{eﬁﬁ%@gaare mre than tyo mixtures andtwo

sources. Qg §ighalisystent, rRteawohiignaty L aedt Us SAPBFRHEE g an

. Such a transfer function approach is

inverts the mixing process modeled as H
neither practical or extendible in the case of higher dimensional signals greater than

20 two dimensions. Furthermore, the extension of the mixing environment to the transfer
function domain has also eliminated the time domain nature of the signals. This also

causes the exclusion of the initial conditions from the set of equations.

These architectures for the separation functions in the transfer function domain

result in three serious shortfalls which are all impediments to the design and

25 implementation of a practical method and apparatus. First, this formulation, as

expressed, precludes the generalization of the separation procedure to higher

dimensions, where the dimensionality of the problem exceeds two. In other words, a

practical formalization of the separation method does not exist when there are more

than two mixtures and two sources. One can illustrate this by direct reference to

30 current methods, where matrix multiplication terms are written out, so that each scalar
equation defines one of the entries of the resulting product matrix desired to be equal

to zero. Since permutations of a diagonal matrix are also allowed, multiple sets of




30 current methods, where matrix nmultiplication ternms are witten out, so
that eactwossmssso equation defines one of the entries of tRET/ERIBNIASHg
product matrix desired to be equal to zero. Since pernutations of a
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time domai RodfithCRRfdr Bpokiits WHose Brdék iddependdnt ahprodictd 6f the eransféer ons.
Hence, the 'method I's not "suitable for real tine or on line signal

sepaoat i oncoripondintzt off the muwihgcenvironment. Hows: eneseanapbdesign vetwWorlynal s t hr ough
medi a or channel m%ir‘rgitfn a h%e(%h quality of signal separation is achieved.
Wiat is ne®GBHEGUre VIR RIXER Of Ty ecover and separate mi xed signal s

transmitted thrqygh MRlihidbcomiiicns kb1 deihed spRa I fomubliofighalia i s of
such high quality as to substantially increase (i) the signal carrying
capacity ofhettirae demiaimandrcaphatbreinjtialized withearbjtrary injtiajfcondisions Heresi thed
signal, or (iii), both., e.nedi,a._or channel.s I ncl ude a conbi nati on of
Wi res, cabF@Q}Od%lFE‘@T's‘B Fec@,r r%l%éqce%rsonr %g'?)a:{%%'{’?aéﬁ Yased frequencies or
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(i) the signal carrying capacity of the medium or channel, (ii) the quality of the

20 received signal, or (iii) both. The media or channels may include a combination of
wires, cables, fiber optics, wireless radio or light based frequencies or bands, as well

as a combination of solid, liquid, gas particles, or vacuum.

SUMMARY OF THE INVENTION

25 The present invention is directed toward a signal processing system for
separating a plurality of input signals into a plurality of output signals. The input
signals are composed of a mixture of a plurality of source signals that have been
affected by a medium. The source signals are associated with a plurality of sources.
The output signals estimate the source signals. The system comprises a plurality of

30 sensors for detecting the input signals and a storage device for receiving and storing
the input signals. The system also comprises an architecture processor for defining

and computing a signal separation architecture, where the signal separation




The output signals estimate the source signals. The system conprises a
pl ural '%&f/ssg’& sensors for detecting the input signals amrdTAS8H3Ye
devi ce rreceiving and storing the input- signals. The system al so
conprises an architecture processor for defining ang conmputijn si gnal
separ at i Ogrchitedhire definesca reMtismshiprhstweegrthe inpmy sigaals nd thePey) %g’lf@b

PCT/ US98/ 13051 architecture defines _a relati ' i t

signal s athd ﬂlﬁéclé%ﬂ?'ﬁi}ip haschoth §?n5tﬂ"§8a{aﬁéet$éf'§@|ﬁg{r$&1ﬁ ﬁjs bo%lﬁrsbgﬁgt ant

par anmet er g geglg 8||t;b ?Smﬁ?irsé@. APuptiateoprot &issr foTB@mp&ﬁ% a atelof changefor eaeh an
or

updat e pr%’é conputi’ng a rate of change for each tinme varying

par anmet er ﬁﬁ@ﬁbabhgg paratheterantnle timeaanting paramefess JoieSpOnss o the e of 5
change associ ate

W th each tinme varyin ar anet er processor
fors conpchangg assesiatest with eachytime yapy %Hg'&ﬁ’e :qﬁea“ge%%'ﬁggte%g?éa%g Elm(?l’(lﬁ
architecture, the,const sicHaf sddagation B cvifdcyire dhp asmstaiter s.
BRI EF %SWWW%QM&VW(%‘S@IS% shows a graphi cal depiction
of the si g%ﬁﬂ%ﬁ&h@ﬂmewaﬁﬁﬁgmmmﬂ&m and recovery problem FIGURES 2A
and 2B show two static neural network structures for signal separation.

FI GURE 3 shows an architecture of the signal separation and recovery 15
network in case of feedhgck: dynam eribii Gf T DIEAVMNGPN nodel s. FI GURES
4A and 4B show a conve et *ﬂi‘ ] "‘ !on representation and nethod
for,gsignal m Xigjg R | SREWS ﬁtgﬁéﬁhiéa@He]ﬁcﬁwoﬁthgrssgqahgqiamonwml!@l\% hows a
process flow diagram of a nmethod of the present invention. 20 FI GURE 5B
shows a caadesdoverygprobleamsf er function frequency donain representation for

signal m xing and_se ti El GURES 6 ' ;g,l{wg,m)del s for

the state spac@lﬁwgééﬂ%%ﬁl&%wF‘@%fﬁﬁ%%%ﬁ%&é@i&gﬁgﬁB show t wo

si gnal Se@ﬁ%ﬁﬂ-&{i&f‘ nodel s for the state space 25 tinme domain architecture.
S

FI GURE 8 Ws a typical DSP inplenentation architecture., FIGQJRE 9 shows a
typi cal DSP i ntFIGURE drshoims @ntanehatecture of the signal separation and recovery

15 network in case of feedback dynamic mixing and separation models.

. FIGURES 4A and 4B show a conventional transfer function representation

and method for signal mixing and separation for a two signal system.
FIGURE 5A shows a process flow diagram of a method of the present
invention.
20 FIGURE 5B shows a conventional transfer function frequency domain
representation for signal mixing and separation.

FIGURES 6A and 6B show two mixing models for the state space time

domain architecture.
FIGURES 7A and 7B show two signal separation models for the state space

25 time domain architecture.

FIGURE 8 shows a typical DSP implementation architecture.

FIGURE 9 shows a typical DSP internal architecture.

FIGURE 10 shows multithreaded adaptation processes.

FIGURE 11 shows one embodiment of a constant width long stack based on a
30 first in first out (FIFO) stack construct and data acquisition process.

FIGURE 12 shows another embodiment of a constant width long stack based

on a first in first out (FIFO) stack construct.




|

FI GURE 10 shows nmultithreaded adaptation processes. FIGURE 11 shows one

" enbodi mentwofosasgsonst ant wi dth | ong stack based on a 30 fir RCTVYSIBNREH out

(FIFO stack construct and data acquisition process. FIGURE 12 shows

anot her enbodi nment_of cqQnst a i dt h | ong,.st.ack sed n first.in
flrst out (PO BIGMRESGRA bl 38 shovangapusuih ssdhs frasmtbadsitidlsings 1oa
and 13B sho bizd {sBBrt Hacky EroREP BinplstAR Whikh e6htdindSillNgledantsels ¥f dat a
poi nts (sho%egg{gﬁgkb%ﬁﬂgnl or(l:g?stoack ich contains all relevant sets of
dat a poi nt s, dai@psiutsetheasured opoompuedaverna windowobfimei ne. FI GURE 14 shows an
audi o application_based on the signal %gpar.at 'bon andth 5. ra:over}/. gro edur es
of this inventionFIGYRER# showsmaaudioapplicatian Based oy the Sigoak sepawtipapd o “pgp
based handhel d devic . eppedded into the m crophone- DSP

i nt er fAce. I'—'Ieﬁiﬁgfg’cgﬂ%@g%gﬁggheng?% of an audi o device suitable for use
with the presentFjGURE! 1 PshowsthfdeGulio ihpusintevtaces wnthe DS based handhedd r ay
devi ce. DETAI LED DESCRI PTI ON OF THE I NVENTI ON FI GURE 5A shows a process

f1 ow di agr andevicezthatetanct emibedded nte she:micrapbenerBRP interfacs.nc| udes: (1)

obt ai ni ng sanpl es 2): (2) int.erpol atij.n . i ock
504); (3) sel ectiﬁﬁ%é&é’&{“ﬁﬁ)%m? ‘SBE?";‘%'(‘Q‘)O%E%‘%S% llt#géa apteir%@teh(me
paraneters (Heohfimation(S5) conputing internal states (block 510); (6)
conmputing outputs (block 512); and (7) storing and/or presenting outputs
(bl ocko514) . Obt aFKGUBEskhshoaes 4 sroan arisropbong arajgdeviee. nul ti - channel dat a
recorded through nultiple sensors, e.g. mcrophones. Such data could al so
cone frompreviously 20 m xed sound tracks, e.g. recording studio m xed
signals. Data can be sanfgkedRED HESCRIPTIEN BE | MEVENQEERs or recall ed
froma storage nedium tape, h drive, etc. Interpolating is
performed for al gPIGUREBSSA Bhowsmaprocessiflow diggrageofph meghod 6f the presemtpl i ng of

h ' | i i bl . g, d
bracti cal, oot HRisssnace (bLEWEURTBRES (rsk MBCCI IR ror e

data points (gt 04 3 leOfinPbarh NI s8I BRRK-506PI@TBbhBGtiiARHaBve

perfoﬁr?red de‘éé%ﬂﬂp%lgoﬁﬁ?mghgpe reat eé)of l%]hes obt ali negpga%rgd) agd %ﬂ ar get

i nput sanpl eparaimeterdblogks308)] (N gomputing internal states (block 510); (6) computing
outputs (block 512); and (7) storing and/or presenting outputs (block 514).

Obtaining samples includes obtaining the multi-channel data recorded through
multiple sensors, e.g. microphones. Such data could also come from previously
20 mixed sound tracks, e.g. recording studio mixed signals. Data can be sampled on line
for a real time process or recalled from a storage medium, tape, hard disk drive, etc.
Interpolating is performed for algorithms that may require oversampling. If
oversampling of the signal is not possible (e.g. prerecorded sound tracks) or not
practical, one can interpolate between sample points to come up with more data points
25 for the same duration of the signal. Upsampling can be performed depending on the
sample rate of the obtained data and the target input sample rate, by upsampling by
certain factor. For example, for making up data of 60 kHz from data sampled at 10
kHz, the upsampling factor is 6. In other words, five points are generated in between
each sample point available.

30 Selecting sample set involves selecting the data points used at each iteration of

the process.




certain factor. For exanple, for meking up data of 60 kHz from data sanpl ed
at 10 g’&f‘wstshﬁ) upsanpling factor is 6. In other words, fPCFySBMIOSIare
gener at Bet ween each sanple point available. 30 Selecting sanple set
i nvol ves sel ecting the data points used at each iterati.on of .the process.
9 WD 98/ 58450 PORpUERg/aisnbe roametersmaninyeiveamphiod patigh usesthe i nyol ve a
met hod whi ch uses {he derivatives of i G RUES 4 Rqnyal ue of
the funct ﬂ%‘hVa("tVﬁéo?L%ﬁEﬁt‘Sﬂt‘?gorflﬂ eﬂéed‘éag{l% §gﬁ%e€g§%&?ers ot hi s case). Mbst
of these PSR S HiSehsky Mosi o¥thedeahethdds aretréferted toas mtdgratian
di fferent ?g%&glgi’atlorgs, le. g. Ru}r)lge Kutta. 5 Conputing internal states
i nvol ves hptiddsgordolving differantiad equations;ihgsBungaleptital ~ states nay also be in
the form of actual states and derivatives, of S , is form
of Sanples in tGomputingdnternal sales 1%%93"?%‘"8]&%5% g‘%’ a??}gtrﬁ%%‘ﬁ%i ;méseerl?t\?gt@ves
using varj ous WG BF ARal TRitEOsIR depivativésvifitbesdi stdtes, enir thee
equations?{aggsdvé)@%gghkg@t a. % Conputing outputs uses the states and
par anet er §oePEPstingsleny tier Stafe viiluds cantbiecompatedofromubieir derivaltveyBsINgi ng t he
architectures of the present invention ,Th%_ﬁfgper.tagi ns .tgs t he yri xi.ng and
the separ aaiiows fypecefintegiiongnethadstor splving di BN & S38F4L i on
di scrimngjion or recovery - depending on the application environnment and
nature of M neasured signals. This distinction sets the 15 mat hemati cal
equrotions and b APRiRbtbut ds thé statés)and parantkters pamatitedreartistel s and  t hus
|

applies to both the mXxing and the separatio prcggtedures. }"I'here gre t hree
sets of archit estistiastiomeambs madsingaieaerizing the archipsures of the Prspsnl . 1.

Transfer functjon-based fr . ' Lti6R b cBssddéTe hii@defined0 2.
State spadBV§ntioa- ﬁwm@ﬁ#ﬁ%@%ﬁ@ﬁ%‘%ﬁﬁ%&s g N&ppi ng. ar chitecture
and net hodye TrRRghelof sepmsitionditaasidatioeatrooyers o dependingjom thesapplieatianon
architecture and nethod FI GURE 5B shows a conventional trgnsfer function
frequency ehwirahmenCd reyure o6 theameasnredcsignaly n ks SSEnAIONSES BiShar ati on.  U(s)
and lSS (s) axglgthematical equations and axioms about both the mixing and separation models and
thus applies to both the mixing and the separation procedures.

There are three sets of architectures and methods which can be itemized as

follows:
1. Transfer function-based frequency domain architecture and method.

20 2. State space time domain architecture and method.

3. Mapping architecture and method.

FIGURE 5B shows a conventional transfer function frequency domain

25 representation for signal mixing and separation. U(s) and S(s) are
multidimensional signals, and U(s) approximates S(s) . H(s) inverts the mixing
process which is modeled as H(s) . The computation of this inverse may involve
construction of conventional signal filters or maximization or minimization functions
or criteria based upon optimal control theory and calculus of variations.

30 For the relationship between the measured mixed signals M(f) and the
original sources of signals S(r) to be represented as a transfer function, one must

assume that the environment is linear time invariant. This is because one can

10
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hul tidi nensional signals, and U(s) approximates S(s) . H(s) inverts

M Xing procgesiiiseh i s nodeled as H(s) . The conputation of PR &Jﬁ%(t%‘t%e
may involve construction of conventional signal f| |ters or nmaxim zation or

m nimzation functions or criteria, bas u t y and
cal cul us of varepresensronly Boeardime yxariant 1e Bﬂ&%‘ﬂ% e?we ng{)ﬁﬁ%ﬁr&é%sﬂ?gj m xed

signals Mt) Ol l gfe} fiirtion, while acbrdingl as
a transfer fun@l"ﬁ“HE% Bﬁgﬂ%ﬁ?ﬁ §%€r§ﬁtﬁo?%2 g?ﬁronnent is linear tine

i nvariant. Thi 3’( HatniBE SRt Rerpe e, B0 assumesftime iM@rigsy & MW@W@S@W%OM
represent only

Inear tine invariant rel trpnshr f i on.
Thus, formul ation Thetetage,JioWeaFr, AN ARPH %‘W@Sﬁé‘ﬁ?@ “2‘3’3 unct i on,

vvhilelncludln nam,cs dfl| r f mdmme

i nvari an® (stagiﬂlﬂ(‘jrﬁ dé‘r@ ‘@' #% Jg‘rafeita‘éﬁtm%%?%ﬁrrgny appl i cati ons
of this fornul ati onﬂlthg rw;%nsﬂ?ﬁb&%enﬂﬁmmlmfm dtgnawcamn@lsmr)ch
many such assunptions can be nmade. The relationship getweenb% r}e Lap
transform of the. sm;rm@dlsa@m@dtsalfs@l‘)nofthem@?%'f: e é‘rﬁlnalée ¢ ané?o

t he neasured mxed sr nal I\‘{SIéh , i.e. Ms) are defined as follows: I\/(s) =
H(s) S(s) Equatq b’ e objective of this invention is, wthout
knowi ng t he act ual H(s) , to obtain H(s) as the inverse of H(s) and t hus
reconstruct t he M(sl)gL ﬁ& signals. The execution of this process flguatiom(10)
signals, i.e. wWigis zilmansionallty of both S and Mis two, is possible
because for t he product 10 H(s)H(s) =01 150r 01 H(s)Hs) =10
Equation (11) Equation (12)

10 The objective of this invention is, without knowing the actual H(s) ,to0
obtain H(s) as the inverse of H(s) and thus reconstruct the original signals.

The execution of this process for two signals, i.e. where the dimensionality of

both § and M is two, is possible because for the product

- 10 .
H(s)H(s) = [ } Equation (11)
01
15 or
. 01 Equation (12)
H(s)H(s) = -

‘- For this two dimensional case, the set of equations that need to be satisfied are

easily solvable. In extending the architecture to more than two signals one equates:

H(s)H(s) = T(s) Equation (13)
20 where 7(s) is of diagonal form. If one equates T(s) to the identity, where all
diagonal entries equal 1.0, then
H(s) = H(s)™ Equation (14)
and therefore

11




For this two dinensional case, the set of equations that need to be
sati sfi e§9g}:“§ﬁ8ea8| |y solvable. In extending the architecardssiadpsre than
t wo S|g‘ﬁ I equates: H(s)H(s) = T(s) Equation (13) 20 where T(s) is of
glnflgioggl e;oglm 1I1(‘) Otnﬁ eqﬂ?t )es T(s) to the identity, where all diagonal

u . 0, en H(s) = H(s)-' Equation (14) and therefore
98/ 58450 | s) dj(H(sht (H(s)) PCT/ US98/ 1%05)1 Equat i gtr‘l“?ti‘g}(%er\é\o
adj (H(s)) is thaemg®)x with (ij)th entry conputed as the (j,i)th cofactor
In turn, the (j,i)th cofactor is (-1" the determ nant of the matrix f or med
la)gfirﬁgo\él na t)he Jé_h([_'?w and the ith colum of H(s) . One can further
: . s) = . | [PLQ% Téyﬁp thzeod; cdat ur
hi gher di %l‘fﬁﬁ(l&ﬁgr bsetz&iga%gg%‘lth\cfﬁg‘l) 1;3yf| ne(}nﬁlﬁgﬂhggﬁ)‘on (?L%?T LIﬁot eet];lg'[,
Ui S. G Pk (s e dder iad O TthEastix hrmed by remewinghe,al
formul ation’o e elements h,(s) of the transfer function H(s) is 10
depepdentjtmmnaﬂdﬂmeqthaaodmnapfsﬁﬁsa\,s One carefusther defiffdi um and t he behavi or
and interactions of the original signal sources or their conponents. The
processes for ghe construction of the elements of the separg@hi.abn (f6) ter
H(sj woul gﬁ{sszqyl rggr}t(ggt the product H(s)H(s) be an identity%tr?& 3r a
permut ati hef , ‘or alternately a diagonal matrix as shown in Equation
(17). The 15 conputation of this inverse becones cunbersonme beyond the two

di rensi onal case. Th dditi ' [
conput at i onal %hlﬂg;l@_rgelelﬂg‘iééé Slﬁgﬁr‘l’g’gé,foer C&eghgg%#ﬁﬁ&ﬁ%%gss%e%p%?p; alt he
signal s a&gn;[eg%yrﬁ(i(daﬂgn '(F(%l YWBL Hab iREAS 858! Sndag: | N

H(s)H(s) = det(H(s)I Equation (17)

The actual formulation of the elements A, (s) of the transfer function H(s) is

10 dependent upon the characteristics of the mixing medium and the behavior and

interactions of the original signal sources or their components.

‘:"The processes for the construction of the elements of the separation

filter H(s) would require that the product H(s)H(s) be an identity matrix or a

permutation thereof, or alternately a diagonal matrix as shown in Equation (17). The
15 computation of this inverse becomes cumbersome beyond the two dimensional case.

The addition of each signal creates a substantial computational burden. Nevertheless,

if one knows the specifics of the signals and the mixing medium this procedure may in

theory be followed.

An example procedure for the utilization of this architecture for signal

20 separation discrimination and recovery can be summarized as follows:

1. Construct and allocate a memory structure which is used for storing the
measurements as well as the results of the data obtained from
processing of the measurements.

2. Construct a transfer function N x N element matrix to be

25 the H(s) transfer function (inverse of the mixing transfer function),
the entries of which are the scalar transfer functions.

3 Receive a new set of measurements, or mixed signals.

12




theory be foll owed. An exanple procedure for the utilization of tnhj

archi tect urewbcbr sgdsgnal 20 separation discrimnation and recoggysiyh”sé
sumari zed as f(§1 ows: 1. Construct and allocate a nmenory structure which
is used for storing the neasurenents ais wel | astghe results of the data
obt ai ned from prockssi nBrasess the ngW e AR const ruct a transfer
function N x N el enent trix to 8 cklteria dddefaaéienst unction (inverse
of the m xing tranrs?er f H%lflf“grﬂg,ngﬁﬁgmtgntri es of which are the sc(g{lél&

al s.

transfer functions.¢3 Reﬁag@mt@mmsfﬁﬁmﬁwucbmntswt%?("é’é?r
12 WD 98/58450 PCT/'US98/ 13

051 4. Process the new set. of :
Eval uate signal sepdrati drecomiutaty ¢videnss f%we&f@ﬁew 8?“%5%@?‘5%&3‘85%
transfer function el emrent aneters accordingly. 7. Accumul ate evi dence
for nodiBication of tranS§f8FUHARY i on paraneters 5 or definitions. .8.
Process the new set oof MpASLSEHRMHe e offilchstréettsdo estimyata he @mg}ﬁah%gnals
(prior to m xing) aﬁd store results of these procfe&%es as_neces %#n,};%.
Eval uate successful separptionto mixing)iand stose FrRepithal tHeeH RREEPES 2510 renory
allocation is insufficient or inappropriate.qo : bt didatosst
modi fi cation of the%il t@fvaf‘tﬁ“fﬁlw‘cﬁgﬁsg'ﬁ SF%”%‘&%qﬁ{aq([)%é%grﬁﬂ%gaé?n el se goﬂt 0
step 2. 12. Go to step 3. l; uffitgerit of isdppropriatego tmstepit o a
state space represer} ati Jﬁ%@'ﬂ}é&g‘?ge‘%mbenef it of i ncplcrudi ng,.t he ﬁf fg&,‘it
of initig conditiong, Thisddifiéatonas thefierformulstion i adpquals coRfiRl% &I EGien
one considers the m xing environnent nodel in the general sense, e.g. the
actual characteristics ofstehd mixing transfer functions can vary in tinme.
This particul ar rreb&od 0{5 &g?te' Rvention is described in the next section.
Stiat e space tine dondgin a @i? Petture and method Fl GURES 6A and GB.&%)W&AA%
mixi ng model s f@fe tdpQrarishtEthenamstet finetion onto a state space representation with the a e

benefit of including the effect of initial conditions. This inclusion becomes especially

®)

15 important when one considers the mixing environment model in the general sense,
e.g. the actual characteristics of the mixing transfer functions can vary in time. This
particular method of the invention is described in the next section.

State space time domain architecture and method
FIGURES 6A and 6B show two mixing models for the state space time
20 domain architecture. FIGURE 6A shows a general framework. FIGURE 6B shows a

special case where 7 and B and are fixed, and its relation to conventional signal

processing. Both models apply to multiple types of separation architectures.
FIGURES 7A and 7B show two signal separation models for the state space
time domain architecture. FIGURE 7A shows a general model and architecture.

25 FIGURE 7B shows a special case, only the model is shown without the arrows in

FIGURE 6A which depict parameter update procedures.
This architecture of the invention models both the mixing and the separation

environments as a linear dynamic system. In this way the parameters of the mixing

environment are represented by the realization p = , B, C, D) as depicted in
30 FIGURE 6A; whereas, p = 4, B, C, D) is the realization of the separation

environment as depicted in FIGURE 7A. These parameters dictate the dynamics of

the environments for mixing and separation. While the realization § 1s quasi-

13




20 domain architecture. FIGURE 6A shows a general franmework. FlIGURE 6B
shows a 6’??&?5%@ case where A and B and are fixed, and itBCTRS/13051 t O
convent I I'gnal processing. Both nodels apply to nultiple types of
separation architectures. FIGURES 7A and 7B show t siﬁgna. sepay, %i on
nodel s f ocorstant andmedelp shrebehavies of ieamnixing enyiopment B¢ 15 7& ¥hows a
gener al nodel %a:!’t ﬁéchi tecture. 25 FIGURE 7B shows a special case, only the
nmodel is bhdelnediByHEe SCRIANORTENE i n FI GURE 6A which depict paraneter

updat e pr oceduie mitilsnddet o6 Sidicspate e domagmarchiteaturdaippli¢sdoh t he
m xi ng and the Separa [

ion environments as a_linear dynam fg%}(stem In this
way the pafaisis eypes of sépaetivivarcijtecemes. rhermedel i an HehiesdwAL EPIEHPT He
realization p = (A, B, C. . D) as depicted in 30 FI GURE 6A; whereas, p = (A
B, G, D) the mathematical 2gUatiORSoOf t he separation environnent as depicted in
FI GURE 7A. These paraneters dictate the dynamcs of the environnments for
m xi ng and-separation. Wile the realization p is quasi 13 Bguiifthy38p0
PCT/ US98/ 130517ganglkant and nodel s the behavior of the mixing environnent
the realization tp is to be defined by the separation process. The m xing
nodel for the state space tinme domain architecture applies to multiple
types of separation architectures. The nodel is an architectural depiction
of 5 the r&a@g@a;igal equations: Equation (18) ne C x+ Ds Egquationi9) 19) On
t he ot her hand, "as shown in FIGURE 7A, the state space tine domain signal
separation architecture can mathematically be described as: 10 i =Ax+Bm
Equation (20) y5p fhe'cthé?hahduatshown (2 FIGURE:7 Ay tht statecspace timerdomain  he
necessary procedure for the utilization, of thi mat.hemati cal structure in
si gnal sepsigml separationechitertysg Fanmathgma %V&Eﬁes?ﬁ@ Bt equires the
definition of a procedure or a set of procedures for the signpal_.se ation,
15 ¢ld scri mypatyon+anad recovery algorithnms in such a way thag%éﬁtéﬁ‘f‘&ﬁ)ése
procedures are exercised, the necessary paranmeters converge to sone stable
or quasi-stable solution,

u=Cx+Dm

Equation (21)

This architecture defines the necessary procedure for the utilization of this
mathematical structure in signal separation, discrimination and recovery. This
requires the definition of a procedure or a set of procedures for the signal separation,

15 discrimination and recovery algorithms in such a way that when these procedures are
exercised, the necessary parameters converge to some stable or quasi-stable solution,
the outputs of the separation and discrimination process are the replicas of, or

sufficiently similar copies of, the original signal sources S(f) .

20 The method of this architecture of the invention:
| 1. is capable of processing of multiple, i.e. more than two mixtures
2. is capable of including the effect of initial conditions directly
3. may be extended to include time variance by assuming that the

matrices (4, B, C, D) and (4, B, C, D) are functions of time
25 4, may allow for incorporation of general nonlinear models, e.g. for the

mixing

14




the outputs of the separation and discrimnation process are the replicas
of , or suffi qiceewdsysesi m | ar copies of, the original signal souPCFaSIBI05)
20 The nethod of this architecture of the invention: 1. is capable of
processing of nultiple, i.e. nore than two m xtures 2. is capable of
including the effect of initial conditions directly 3. may be extEnded tg

i nclude tine variance by a?sg '(ggstpe)t the matrices (A B, C D) cqwmi A, 2)
B, C, D) are functions of fime 25 '4.Ymay allow for incorporation of general
nonl i near nodels, e.g. for the mxing 14 WO 98/58450 PCT/ US98/ 13051 X =
r(x, s, P,) m=iD(x, s, P2) and for the separation z =r(x,m w,) 5 u =
(D(x, m W) Equation (22) Equation (23) Equation (24) Equati og éza

may be extended to includemon@(earPAnd tine variant nodels by &893 “ré”
that the operators r, I', C, 6 in Equations 22-25 are functions of time. 10
In the linear case, one can show the inversion relationship between (A B,
C, D and (A B, C D asahdlférahesegdvatiopuation (19) s =-D-' Cx + D-'" m
Equation (26) and therefore with reference to Equation (21) given that uis

thg estimated source 15 sixggafé, %,1Wﬁ C -D-'"Cand Equation (24)
5 = B, m, W) Equation (25)
? L] 2
5. may be extended to include nonlinear and time variant models by

assuming that the operators T, T, ®, ® in Equations 22-25 are

functions of time.

10 In the linear case, one can show the inversion relationship between
(4, B, C, D) and (4, B, C, D) as follows:
By Equation (19)

s=-D'Cx+D'm Equation (26)

and therefore with reference to Equation (21) given that « is the estimated source

15 signals s ,
A Equation (27)
C=-D C
and
A Equati
= -1 quation (28)
D = -D

Similarly, by substituting s = D 'Cx¥ + D 'm into Equation (18), one can show

20 that
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A D= -D' Equation (27) Equation (28) Simlarly, by substituting s = D-' E
F+D -'w??g§94£quatlon (18), one can show 20 that 15 WO E81/6898H0051
PCT/ US98/ A=A- BDCand AB=BD"' In the event that Dis not a
square matrix, and is thus not invertible, such as the case 5 where nore
measur enment s,or m xtures are obtai ned than sources, one can_follo
general i zed pracedure, ysing the pseudoinverse [D T D -° ask thw@ﬁht
[, FD] whicH Fsda~ &fBar®e matrix, is in fact invertible. In this fashion, one
needs to rebuild the network vvith the appropriate update |aws so that the
networ k paraneters becone the follow ng alternate versions of 10 Equations
(26-30): § -[DTD-1D TCx + [5r]5] -'DTmA C=-[DTD DTC15 A D=
-[DAD] DT A=A- B[YD-'DICA B Equation (29) Equation (30) Equation
(31) Equatiog (32) Equation (33) .

Equation (30)

B =BD"

Inthe event that D is not a square matrix, and is thus not invertible, such as the case
5 where more measurements or mixtures are obtained than sources, one can follow a
generalized procedure using the pseudoinverse (D'D]™ assuming that (D'D) ,
which is a square matrix, is in fact invertible.
In this fashion, one needs to rebuild the network with the appropriate update
laws so that the network parameters become the following alternate versions of

10 Equations (26-30):

= -(D"D)'DTCx + [D'D]'D'm Equation (31)

— - Equation (32)
c =-(D DID'C

- Equation (33)
D = -[D'D)DT
a - == =T=~ Equation (34)
A=4-B[D'DI''D'C
A Equation (35)
15 — q

One may solve for the parametersof 4 , B , C , and D to attain their solutions
precisely or approximately by a variety of suitable computing techniques and

appliances, including a variety of software and hardware components endowed with
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Equation (34) Equation (35) One na
_ : ( y solve for the paraneters
bf and !{3 L%@bﬁ,gd@oft heir solutions precisely or applrooxi mat elpfﬁés 3/1\3/%% ét v
sui tabl e conmputing techni ques and appliances, including a variety of Y

CT (Eoks ionepmbcomeberipagin 10 HRER VG2 AP EE I o
PPl A0 o ROk B hkrc tbediedhidughaluaties obtecwmu itk ural |ty
sources i giedbaeaiongsigmb momuminlipkowrh (e RO

= gnal =" ncnp ke o Boed o SRt TS um e St

i nforn@tion ?%?Pﬁ‘i\ggegtsi?%}?lgc E}F%Jr‘ﬁ%%gﬁ%l%@éfgmgﬁwﬁﬁﬁrf ?&S{l}i' gﬁ‘?ﬁgﬁ ons and

nuneri cal SOkt d QN ’ : :
discrete ti néx‘f%xgglrﬁxﬁf‘agé‘ﬂﬁﬁouthﬁiek’femaé.l nuous (as in analog electronics) and

. Igital computin be. . A
E)Pat O';)[liemslzg??lons?hmga&_eivmal faumb#%ﬂ‘i_' m@%@% w%@gﬁgﬁﬁvﬁgg{ %25%%? ggt ég ng "
Che GE1 I 12t posmizetion Fuschpanfid Syl e sitkiof mcilolls, o coft e A et

ure 1or signal separation discrimnation

~and recovery Wo@ﬁ?)?h\m&&éﬁmﬁ il digial coinputinglma be usedasPRRseRHate a

|

|

i

menory strucfure is used for stori th
The T ol {5 ghlithat e Signebicpartion praiem;y SUUtPH PrOPSTE e SR Rd S8 40 o 10

and set neasurenent, dgta , acqui si.tion '
_ TETIL, . . @EEPJ ing rates. 2. Cons
matrices, A opgmizagion m@,orcﬁglé{f)’ﬁ%%r?@ & “*di mensi ons. 20 3. }?tragglt V](;ogr

new set ' ; i i i
new St Of ToaSU! S3RIY el MRS Aoh of s s hSBTALSSIRALOMI x( i o
rel ated procemdriggination mdalecatesy miayheisunpsaizad %?qu?:wslf gp: annét 19 Lﬁgte i gﬂg

6. Update the elenents of th '
1. Construct ;n%z{lloca ke hemory dmnfti Riifidh Rfuskd €8P storing the

15 measurements as well as the results of the data obtained from

processing of the said measurements, and set measurement data

acquisition or sampling rates.

2. Construct four matrices, 4 , B , C , and D , of appropriate
dimensions.
20 3. Receive a new set of measurements, or mixed signals.
4. Process the incoming mixture signals and measurements by performing

signal conditioning, storage and related procedures.

5. Evaluate signal separation criteria and functions.

6. Update the elements of the four matrices, or a subset of them,
25 accordingly.

7. Accumulate evidence for modification of matrix dimensions.

convergence rates, time constants and other parameters or definitions.
8. Process the new set of measurements to estimate the original signals
(prior to mixing) and store results of these processes as necessary.
30 9. Evaluate successful separation and discrimination indicators.
10.  If memory allocation or data measurement sampling rate is insufficient

or inappropriate go to step 1.
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25 accordingly. 7. Accunul ate evidence for nodification of matrix

di MeNnsi QRses/sgGQIVEr gence rates, tine constants and ot her [PETAIS¥/EI0SI or

grefl mt:ons ? (Process t he new set of neasurenents to estinate the
iginal signals (prior to mxin and store resul

necessary. 30 19, E\lﬁmﬁétfecaﬁgn@égﬁfmﬂé‘@m‘ﬂ&‘?‘?’bﬁ agtﬁ{isf‘ag‘]?c %%}anl?r‘g {?%c?ﬁt%ses =

i ndi cators. If merm%y all ocation or data neasurenent sanpling rate is

|nsuff|C|ent or priate go to step 1. 17 | WO 98/58450

PCT/ US98/ 13051 §1 I(f,o fpsep3cation of the filter formulation is adequate

continue, else go to step 2. 12. Go to step 3. Speci al can

desi gn a speci @peciabegsewbnesan H&lglahémcé%llcaii%rwheﬁ Wénm?lcan?%‘i"h@ﬁgﬁd

t del
(16321) ' caitimgeand separagon mogelare ARAifed fofi BEReaflsad dfins A Exfftns 02,
case is édi #?% Plnat B! Qt Y, 'E"drb!ﬁxhd‘ LPPKGURESEH aridd TBAhisspecielsisais t er ns

and rel at nlques In‘relation to the mxing nodel, this special case
zlls)el ds 53 s%smﬁed;rﬁbﬁoﬁabyi and/ or del ayed versi ons of 10 the sourge signal s
upon | C e mXxing. rix C, oerate
|(i0331dded to t hdncepygntiogal %‘Sf@SBff?é‘Fﬁst‘?%“?r'Bgan gtec %@Ean‘ﬁéélvé}@e‘mégﬁgi:gﬂ
as
Sy vepsi
Simlarly %W"f‘bggﬁ ?ﬁ%‘s sP%éélz:gf)ea @%qsgr%gfnga@tﬁgﬁ?ﬁ (g?l(':ﬂl tectur em%?jr{l S
spegg al cam@saur@é signald fs) aupoatwisith tlid misingl matrit o€ maysdrkmesmlbﬂ%m@r t he
m xtures m, upon which the matrix C operates. _The re tEh
oper at i on dpsratiomisaddedita thewesylzefithe °(BF’3PHB Bper JEPM“BCSWW‘S SRS ¢ he
separ at eq(ﬁbgnal s u Us) = Hs)Ms) [C(s] -A-'"B +DlM's) (Equation 37)
The speci e explicitly brings the congruence of the state space tine

domain 20 architectures with the txansfer - unction nodels.
for the utiMiatiFWSe) =tRdskandhi B Barcmsklsécture formis \;gﬁgﬁgo?x%% ar:
the differences are highlighted as

Similarly, in relation to the separation model and architecture, this special case yields
15 a set of filtered and/or delayed versions of the mixtures m , upon which the matrix
C operates. The result of this operation is summed with the result of the

operation D on m to obtain the separated signals u .
U(s) = H(s)M(s) = [C(sI-A4)"'B +DIM(s) (Equation 37)
The special case explicitly brings the congruence of the state space time domain

20 architectures with the transfer function models. The procedure for the utilization of

the canonical architecture form is very similar; the differences are highlighted as

follows:
1. Instep2, 4 and B can be fixed.
2. In step 6, only the two matrices C and D would need to be updated.
25 Mapping architecture and method

The mapping architecture and method is an alternative embodiment for
facilitating the physical realization and implementation of the previously described
architectures and methods, especially by hardware accelerated emulation or a digital
signal processor device. Towards this goal, the above models can be viewed in

30 discrete time form by simply replacing the time derivatives by samples in time,
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I

.follows: 1. In step 2, A and B can be fixed. 2. In step 6, onlg_ll_thg %l
‘matrices C @obslesygeul d need to be updated. 25 Mapping ar chi t BET{HS2¥

nmet hod The mappi ng architecture and nmethod is an alternative enbodi nent for
facilitating the physical realization and inpl.epen ' latidks. Bedywausly
descri bed arichi 4(Oct atd) anWhergt Ao, ee§p8f:irgllf‘$eb%@%g? har e accel er at ed
emul ation or a digital .80 SShe impRvdtatioh@faligmapping anctitesturdie
above nodel s ‘E?&?’Pl R ceevc\@robq'lg?l’hgg{eg?scret egti me formby sinply replacing the
tine derivatiyRsnbhodanples in time, 18 WO 98/ 58450 PCT/ US98/ 13051 i .e.

i(t) z(t+1) , where z can be x or x in the abagve far | rebRiogW @
conpl et e procedur eLetsthomikingeapvirgRme q%{ﬁéﬁ’&ﬁ‘?mﬂ&n%%?h? ﬁe napplo‘ri?g
architecture and nethod: Let the m xing environnment be represented by the

time domain relation. 5 m(E) = Ps(t) E Mv - A km]k)(t) =1ak=
(Equati en 38) mQre Oisk)) reﬁﬁsia(ﬁfs%'ti%f’h%aéri vative in the cotﬁ nﬁgﬁgs)
time case, k delay sanplesin the dfdcrete tinme case. As before, s(t) is
the source, m(t) is the mxture, and u(t) are the separated out put
signals. The signal separation network will be defined by LIL N 10 u(tg, =

Dr(t) + E Gm\./E@e(@r-prEseﬁ&tthé ki dexivative irkthé cominumus timeg@se. hdglay sarmples in
di mensi ons of and"D’are n x m and the dinensions a; A igm%:tﬁrn d u(n)
General |y, L' thé disaew tihe gask, Asithefarge strhsis thsquece, - m (s e f’ﬁ‘ma)g al so
be considered. Thus the realizati,on can now be expressed as: u(t) = W is
where w = [ DCRre the ggparatgd output Sighgls.

The signal separation network will be defined by

i: A,u®0 (Equation 39)

LI
10 u(t) = Dm(t) + ¥, C,m®() - )3
k=1 =

where the dimensions of ¢ and D arenxm, and the dimensions of 4 isnxn.

Generally, L'> L and N' 2 N, but the case where L' <L and N' < N may also be

considered. Thus the realization can now be expressed as:

u(t) = wo (Equation 40)
15 where
W = [DC,..C i —A ..~Ay] (Equation 41)
and
O = [m()'m W7 gy @57, O O /’T] (Equation 42)

o . . i ,
Note that W is not necessarily a square matrix, i.e. W 1s of dimensionnx [L'm +

20 N'n}.
The mapping model corresponds to the IIR (infinite impulse response) models

in signal processing. Moreover, the special case of FIR (finite impulse response)

models are obtained by eliminating the terms associated with derivatives of the output

signal vector u(f) .
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22? cpT = [m(t)Tn(")T...n(L/)T; u(1)T...u(1l )T] (Equation 40) (Equation
41 Of.(%%&goﬂ) Notle that w | S not necessarily a squar PCT/AISP8/I305% .e. W
s of diIe nnx[L'm+ 20 Nn]. The mappi ng nodel corresponds to the
: (|In inite |rrpulse response) nodels in signal processing. Mreover, the
peci al case Phys ¢dlizatiom: SRICR@URBNnse) nodels are obtai ned by
elimnating the terns associ

od wi : : -
Yrerg][ g;re lI:llé t %eh Sg%%ﬁg%ﬁtbﬁw %Eu%tebﬁ;ﬁléfx%g '&@graalﬂ ?ffgﬁngﬁsgﬂgal
: kb, the@atar: ttanée domhi iteoture
transfer %ung{%lqon- based frequencytdorrati r?parecthi tegturﬂe?pltlhe tg?gd‘:gag; the

E |r gﬁs Flg {T?gp?%??mamtggtnusﬁ ?:?rrgf:dél'yd)e tnmgl:nmginén 2 RPMPUIET PSR F8%8di |y be

_ ram Qr
coded | nexampleprpesdiTes aaye SRR T adsi g a S TR fiprROAGE MiBa Ry 0 Y B
conput g (r) g i ns % ‘cht | é{arb?icﬁ%u&‘? ISXREHLEIMAP bé efsdtiad d1bh eompatibleicamputihgt f or m

Thus, on*rs anong the inplenentation opt '

. . . ong ] ] ions for th

I nvent | OBlaQ@ﬁn'. THk VeFtware ematitiog inambhg thel igylémentation gp‘w}f‘tfp&m‘%r : Zn uage

inaway  that it nmakes it possible to automaticall XSS 794 a IH

Eg\r/ 2 i gﬂ:oag/re{l?cr:nen%g?olwsghc qasling ok °I“§5f§'|. g8 %?‘h“ﬁ%‘ ?&#ﬁ%ﬂk ar‘?giQC/ C++
.0CESSQI: S : 3 '

Code 1o BetetBRsS it BRI I REo R O e B bt o

f upct i ongeaphnpiReddasch BOFORAIR A iantliC1G-+plhavé supposting PrcesserrSpecific
processor’s main program nenory. On the other h

such as addgenerakcqpildrathat phens thersdsito dgceme po g €a 8{5%*&@? %@‘J’ %g? g gggz

to run on 15 l.ti.ple,platfor ' is
accel er atbég!’“é%pé’l"ﬁbﬂt.heﬁ' cﬁpﬁ@ﬁﬁ@g&%@gﬁo %elgtc oégegﬁgrrdﬁa{ Eig%{sdlegt ed from
a higher 4 ey esgo%g%ﬁﬂﬁr&gﬁmﬁ-m&%&yf,Ofm,haadmprdmcaltémﬁscﬁ“cbi gnal

processi ng device or by enbedding the procedure wthi | fi '
as Java are platform independent so that thg algorithm may be coded to Pt?r&')r]; ¢ device

15 multiple platforms in a network environment.
Hardware accelerated emulation. The procedures may also be coded or

translated from a higher level language (e.g. C/C++, FORTRAN, etc.) to a specific

signal processing device or by embedding the procedure within a specific device
program or memory device both inside or outside a signal processor. This constitutes

20 hardware accelerated implementation of the architecture described. Hardware
accelerated emulation implementation could be fast enough for real time on line signal
separation, discrimination and recovery. The devices that may be used for this
purpose include, but are not limited to emerging high power digital signal processors
(DSP), microprocessors, application specific integrated circuits (ASIC),

25 programmable devices, including but not limited to field programmable gate arrays
(FPGA), reconfigurable devices, in system programmable devices, programmable
logic arrays (PLA), or other custom built or programmed automated structures with
pre-specified or custom processor cores that compute fast multiplication and addition
and offer flexible high precision.

30 FIGURE 8 shows one possible DSP implementation architecture 800. DSP
architecture 800 includes one or more A/D (analog to digital) converters 802
connected to a data stack 804. Data stack 804 is connected to a DSP 806 device,
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program or menory device both inside or outside a signal processor. This
consti tugﬁgg@“b@r dwar e accel erated inplementation of the aPEHP¥BHIe
descri bed. Hardware accelerated enulation inplenmentation could be fast

enough for real tinme on line signal eparati on.~Adi s6L:k. 7 and
recovery. WhichiimtumeBasa¢gessi@p MRIMOLY vﬁ:&i&%%&mng D/%u@p%g%‘tfpgﬁlg@e but are

not limted t ' i S ) ; N
mp cro Ip ;no c :§QB\?@%W"§%€(}' ?@‘éﬁ“ﬁ“@%ﬁg Ptsli’ C&!Ivﬁlq?e%;ﬁ' axtﬁgyging P{W& fCl:i)aSﬁ)%%

progr ammb:ga QY kisRon bélow, Difeeeno vonfigtrationsiare possible dependingon themabire gat e
arrays (F , reconfigurable devices, [n system g{?ograrrmabl e devi ces,
pr ogr amablof thd applicatien, apmbepofapixtures Aespd BCRYMY B 1t or progr ammed

Comie fast " mul APkt SRABRA R SR DEP SRR BYF SRR T BURE

preci si on. BNfSo Ditegiatstht BighaDSpatatioh grecessas part af ethet ect ur e
P06, Dep &l e Rcofivarientto Heg e

es one or nore A/D (analog to digjtal)
converters O;ﬁﬁé’edumrulueadpiiwluded tolperfore ather signal Hﬁa?eés‘é%gf‘w"g@ﬁ Pr‘g‘c%‘ﬁ i%ct ed
to a DSP 806 device, 20 WO 98/58450 U ' \ [ifAtd W access
to a nenor ythedeyiee éﬂ@cﬁﬂﬁrﬁf%g(%d?‘bqﬁ c?‘ﬁ%%aiﬁ‘ éolgg \9@'8%3%‘??‘5?? '810. “The
internals of Dob, devi iohfCDePaiewice06ahay inchideracmemory device t s as
shown bel ovﬁm’ﬂéﬁgoﬁ-e%@qggﬁﬁisgﬁﬁrﬁgﬁons ar e1 possi bélvye dependi ng 051%6 e nature
of the appl9opatd MAC (uohiplieniccninulatoe)y904i eniAldd (arithmetic Jogicipit bl ock

di agram depi cti on of typical  DSP devi 806, | ' 9. It
bla gonveni gflmcu{'n@latW‘LSQ@aﬁh%ggl&i @Mgﬁé§§%&ﬁf0ﬁ9gﬁ%s@ alz-aésgg bﬁélr%"t;mgf ot he;nay
procedures al rsffe(a,ggliégg){eg,g&gl g}%cp%i P intinge 3%}@3&1 ROM dstaiphogrimRAMONS

particul ar T8 converters 802 and D/ A converters 810 may be
i ntegrated A obhinsay iBtlde bk or fore muhtipliercanidaddersytAlbHJarithapetigdogice 806

may include a nmenory device 10 902, MAC (nrul tiplier ac or) 904, an
ALU (arit hmmit)&ﬂ&lgﬂ)tmﬁmdﬁ)one%Fn°r§éa‘éﬁf§rﬁ8é‘8r°§’°§’8§?’ ag‘rﬁotilgr sllt 0, internal
accunul ators 912 nd | Skcuft€ S8 ortsdbthersV sy syatelevi ce 902
may i'fcl udeiﬁ"‘ﬂp%&éﬂgﬁaﬁﬁ%ﬁ%gg?gm RAM’ Mﬁg 904 may i ncl ude one or

more mul ti phéfkstor)6lodk gelicratory, b hpat part) meostinkesfice, stapkisi andomIaLY i ncl ude
one or nore adders, |ogic operators, and conparators. 15 Accunul ators 908
may i ncl uderégiE®@scircuits, serial ports, tiners, wait state generators,

clock generators,, a host) BOLLQisiThnsWE:CrhefiRomih RS Rals archraisdidedar y
electrically and these mixtures are digitized and stored. The procedures, algorithms
20 and architectures of this invention are then carried out for the separation,
discrimination, and recovery of the individual source signals. One or more of the
units described, e.g. DSPs and/or DSPs with multiple functional units can be used to
carry out this process for real time operations. The DSP units may be programmed to
| carry out the steps needed to solve the equations that are associated with the
25 algorithm. This program may be obtained by compiling the high level language to
translate the procedure into assembly or machine language which the DSP device can
decode and carry out. Custom crafted machine or assembly language code may
further accelerate the execution of the algorithm by optimizing the procedure for the
DSP functional units.
30 The outputs from these processes which form the approximations to the source

signals may then be stored, converted to analog values, and/or processed further.
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regi sters. One typical procedure is as follows: The incom ng signals are
t.ransdtwsc;s/sqsgct rically and these m xtures are digitizedpan@s3s/t3081. The
procedures, "algorithns 20 and architectures of this invention are then
carried out for the separation, discrimnation,,and regcovery of the

i ndi vi dudixasmplesaf faithergirecessing inpludmsianalicopditioning £lasgBcited, e. g. DSPs

and/ or DSPs with | ti,pl e fungti.onal i ; carry out this

process fT8FOENEAN, H?Wﬁd@ﬁg?%rﬁngr?&eq%gﬁggﬁ ﬁ%%&mngi&g%%ér)ogr ammed to carry

out the steps AeRfgHITRocRbIA thilhaRaleVyeRMertringd euimransmbenafanixtires: ¢ he 25
m

al gorithm Thi's progr may be obtained by conpiling the hi %2 |.evel

| anguage dre greatertsinthe nhimbepofrouties)s underdeternined| (Vhsre HERPAMNOL TIXWRSa ge

whi ch the DSP device cap decode and car Quft,. machi ne or

assenbl y arelrssthea th%a@ngﬁspfewﬂe% v a*a&?e{%‘?eéf g“t ’%ﬂeege@g 3{"?‘{%%58 %}d t he

al gorithm by opt]m zi {xdGres BRWof soratésamatinkiviviy. 30 The

out put s fmmggé@é#%@@ﬁgﬁ%&;ﬂnﬁe agf)roxiomation.s to the source

si gnal s nEyelyReRoiEined i Rewcleaty durthdrmareaadditional srmoe shecking, datapr ocessed

further. 21 WO 98/58450 PCT/ US98/ 13051 Exa letﬁ of fu .&.her ‘8@‘ cessing

i ncl ude sintagaity, aod data identifigation sshemes may erich the pgsibYiHgyan dul ati on,

and ot her operations .for si | ; L b HedppRyaggedur es t hat
lier STy o e 3 o RLBREF ST ia0ey bl (B 2ppR

handl e ov ere nu m Xt ures are])?sreater t han the
nugper of sour?g&,,prbwagfgéqﬁ@rﬁwﬁaﬁbépmgmnmdﬁmtm Banthedeviee Wr e | ess
than the nunber of "sources), varying, (where.the nunber o%ﬁns urcagé and
mi xt ur es which)theneagssany signalseparation,Hssnminatien.anf Jecaysy B Aes are
unknown) hav Been outlined in flowharts. Furthernore, additional error
checki ng, °’HS?‘§1° integrity, and data identification schemes may enrich the
possibilities @ R and BBleriadbi fataphettiia aigonnel | as robust ness and
reliability of T pp : 'hese procedures may, eadli)l. e programred
into the DSP oSevdral fimiliescofiadapiatipe Fﬁ@h’él“ﬁ%ﬁ@é’?&ra}apé?éﬁh? tgl\éﬁg"r ati on,

di scrim nation, and recqvery fungti are. . d. Functions and

crilferi a PHRAMSHY ?‘ﬁrar"i’d‘&ﬁ%éetsi ’%%qgg?sa‘%ﬁpléﬁnﬂpiaggﬁbf adapt ati on techni ques
may be appl i ed NedrfRtiRkpirdd Raticlchitdcnire! @isleséritiddebycEquativads)ands and

met hods of this invéntion. . ) '
FIGURE 2, signal separation in the case of a neurally inspired static architecture

requires the computation of a weight matrix, W . For this, we first introduce the

outer product matrix Q as

20 0 = fwgw)’ Equation (43)

where f and g are two appropriate odd functions, which may or may not be
related, and u is the set of output signals that estimate the input source signals u .
This matrix is a function of time as u is a function of time. Further dependence of
time can be built into the functions f and g .

25  One can consider several categories of adaptation procedures basedon Q in
Equation (43), that yield the # matrix, by integrating one of the differential
equations that mathematically describe the derivative of W, i.e. W . Asan
example, in discrete time digital implementation, # can be computed by Euler

approximation that relates the values of # to W as:

30 W, =W, + th’, Equation (44)
+ ¢
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Neurally inspired static architecture. As described by Equati on%ag% and
FI GURE Qo §i/64asd0 separation in the case of a neurally i nspRGEHSHE1APTC
architecture requires the conputation of a weight matrix, W. For this, we
first introduce, the outer prqduct trix tJ :

=1(u) g( u) Wheaee /%, is tbﬁdeg"ﬁf‘g ‘&ng awgﬁdﬁpf’&‘?ﬁ‘?%%g‘ftﬁﬁg?’i dgg;h ‘Sﬁ% ?:tﬁQr‘r%y or
may not be relate loSci fw oytedUjy Sigqialm, that estimate the

i nput soupwhf#ﬁﬁe dg’eg&gfﬁfése%}{,a???@@%%pgf’gncti{)’ of time as is a
function of tiKgpe Eaté%ds}@és sfepsigitapdateales aredescribedsor bl 1 @s foHYS: he
functions f and g . 25 One can consider several categories of adaptation
procedur es ba_se(z%?p Qin Equation (43), that yield the W mEdquaton (45)
integrati ng’ on& Qhe differential equations that mathematically describe
the derivative of W, i.e. W. As an exanple, in discrete tine digital

i npl enentation, Wcan be conputed by Euler approximtion that rel s the
val yes of WWton\lhpsg)y®0 W,, = W + hW Equation (44) 22 WO 8n 5
PCT/US98/ 13051 where W is the derivative of Wwith respect to tine at tine
t, and h is the step in time between the two successive values of W, i.e.
W,, and W,. Nine categories of weight update rul es are desggi W,
as foll owsWW AE-20F-Q W= r1(Cg-ow W= "q ((XI -QW-r Vg@a‘i’i‘%ﬁ(ﬁ’f
tt(adiag(Q-Q W=rj((xdiag(Q-QW W= 71(adiag(Q-QW-r 10 W=

'‘n(adiag(Q-Q W=1r) (adiag(Q -QWW=r)((xdiag(Q-QWe-r
W = n(adiag(Q)-0) Equation (48)
W = n(ediag(Q)-Q)W Equation (49)
W = n(adiag(Q)-QW 7 Equation (50)
10 W = n(cediag(Q)-Q) Equation (51)
W = n(odiag(Q)-O)W Equation (52)
W = n(adiag(Q)-Q)W ” Equation (53)
where ¢ is a positive number. In Equations (45-53), 1 is the rate of adaptation, where
1) is a number that may vary during the process. The superscript (-T) represents
15 inverse transpose, and diag(Q) is a diagonal matrix where all elements except the
diagonal elements are equal to zero and the diagonal elements of diag(Q) are equal
tothose of @ . diag(Q) is time averaged values of the diag(Q) .
State space architecture. As described by Equations (20-21), signal separation
in the case of the state space time domain architecture requires the computation of
20 matrices 4 , B , C ,and D . For this, we first introduce two outer product

matrices X and L as

K = flu)gx)" Equation (54)
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Equation (45) Equation (46) Equation (47) Equation (48) Equation (49)
Equat i ogyc 5§MsasgEquati on (51) Equation (52) Equation (53)powiesss/1a08ls a
positive nunber. In Equations (45-53),,n is the rate of adaptation, where
tl is a nunber that may vary during the process. The superscript (-T)

represents, 15 ?‘fﬁf’se transpose, and diag(Q is a diagonal Bghdtion (8here all
el enments e ce&'% e diagonal elenents are equal to zero and the di agonal

el enents of diag(Q are equal to those of Q. diag(Q is tinme averaged

val ues of | 364 IRl Ppiditfate ST Rinca6hs, Whickmafies edyarad bby Equat i ons
(20-21), vgpég}.ﬁa'lej sep%a?ri on a:i)rrl) the case of the state space tine donain

ar chi t ectrelated; andii # ds thenset obomtputignals Biat egtimate theinpupsoures siguals sapd D .

For this, we fjirst introduce two,outer prpduct ..matric K L as K =
f(u)g(x)r mqisdhe sst of saixtures igesiyed.and oy {she setofintemal Sates. fT?'g%g(u)T

Equati on ) I : WO wri Assfdrh@NBurthdei ch nmay or
mqaygnot b‘é‘g@r°8¥%t%§§?éth°ﬁ‘g%ﬁﬂf?§hg ’se"?pof Olft gffﬁ’gigg%m s that estimte t%e

i nput  soudependéngd af sinfe danite bulleimethedfunotiotisuyesandegei ved, and x is the set

of internal states. These 5 nmatrices ,are_functjons of ti(rega %f u m, and X
are functions ©necangonsidprseyeral categeriasaf aafaqoprfgo%eéi}pq; B PF Knto the

functions_f, gnd ¢ . | [ ver t L€ Sisfiiming Wit ads on
procedure%ndo séﬁggﬁat%h%égggeﬁﬁﬁgéﬁﬂgﬁ%ng ?@1%2’?;%{%& yield the C and D
mat ri ces, giges Hhe @pédiaicas@sf theistaldspade tihfe dgmmainaépresentativin, t he state space
time domalrn representation, 10 matrices A and B are fi xed. Ai before with W

. B9 i nt egpatricengd oamsl & anedixedi Pyschedareivith JuabY BHEeTEHRE ORGPt i cal | y
descr i be &Qﬁr%‘éag%’cf‘%h‘éﬁﬁ;a; Saftithabcally 86scrib8 hedrallvEof e dhd o) oi¥anpl €

was given
canobtain ¢ and D . Anexample was given in Equation (44).

Nine categories of weight update rules are described for C as follows:

C = n(YI-K) Equation (56)
15 C = w(yI-K)C Equation (57)
C = nyIi-5c7 Equation (58)
C = n(ydiag(K)-K) Equation (59)
C = n(ydiag(K)-K)C Equation (60)
C = n(ydiag(K)-K)C T Equation (61)
20 C = n(ydiag(K)-K) Equation (62)
¢ = n(ydiag(K)-K)C Equation (63)
C = n(ydiag(K)-K)C " Equation (64)
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" Nine categories of weight update rules are described for C as follows: 'n

(yl -K) 15 dosrs 8:{4 yl-Kk\C C =Tl (yl -KC-T C = d BCT/Y§98/18051
(y diag(K) -K)C C = 11(yd|ag(K) KYC -r )20 C=rl 8/ ((jylalg?% - K) C—@t) Ir)

di ag(K) -K)CC-rI K) C T24E t
Egﬂ:t : 82 ggg\)vhexgquatoi%ﬁl ?gg% Eﬁlt})gfq %’ﬁ”(géé)" "%ﬁlﬂgﬁe( ﬁ%&fq q]ﬁg?négﬁy( 62)
| W%@ %ﬁﬁﬁ Afatri

diag(K) is t\) &Qgén@é%} es R d%a%)é%%%)gh namhgree ?/egl ?zggdby
aver agi ng one or mgquml(m.mj, rpbehdnamgcéﬁ@dapmmnxwmrﬁ TEX‘:ft?a@%bPé' that may
(56-64),,9g is the rate of adaptation, wher IS .a.nu vary
g ﬁ(rj i glga'zJ ? E) pvmehlgngﬂmp?nwr élé\elsﬁPcfé‘ZQBt (FﬁﬂFB’?é?ﬂ“% R M %@gﬁgh spose,

i s, a, diagona chtkis
el enenfs  ar 8% fiag( %8 4‘83‘3}%%3%5?3&5?0%% L@%ﬁgi‘ﬁf?}?@%a&bﬁl&ﬂ are elqual
to those of 'ﬁaﬁflﬁ%ﬂ?ﬁfd the AhgoRallernents of (zﬁéﬁ(K)Carer&qnpbmi%ngi y, nine
categories o vve t update rules are described for D as follows:

of K . K was described in Equation (54).

Correspondingly, nine categories of weight update rules are described

for D as follows:
10 D = nw(od-L) Equation (65)
D = n(oI-L)D Equation (66)
D = n(-L)D T Equation (67)
D = n(ediag(L)-L) Equation (68)
D = n(adiag(L)-L)D Equation (69)
15 D = w(adiag(L)-L)D ™ Equation (70)
D = n(ediag(L)-L) Equation (71)
D = n(adiag(L)-L)D Equation (72)
D = n(ediagL)-L)D 7 Equation (73)

where o > 0 and diag(L) is time averaged values of the diag(L) , which may be
20 realized by averaging one or more samples of the diag(L) matrix.
In Equations (65-73), 1 is the rate of adaptation, where ) is a number that may

vary during the process. The superscript (-T) represents inverse transpose,
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10 D =rl(al- D=rl(al-L)D D=rl (al-L)D-T D =rl(adiag(L) -L) D=
rl(adi ag‘((t% ﬁ@ 15 D=rl(adiag(L)-L)D D = TI (adi ag(L) - L)pcTiaIses/13051

rl (adi ag( D=rl((x dlag(L) -L)D -T Equation (65) Equatlon (66)
Equation (67) Equation (68 Equation (69) Equati oné uat ion (71)
Equat i on @ )diagid aisiachagona) matixrwhere allwlmwtws@ﬂ}heu agqrﬁg Q%P‘é@é‘?j

Al os oA Egph hedinednd TeeRfof il bl PS8 1D DEPWA 1 €

adapt at i Ofje & E ud@nq“}pn‘oer that may vary during the process. The
superscrip f represents inverse transpose, 25 WD 98/58450
PCT/ US98/ 13051 Egatichsa§646)) and é65€ﬂ3ag:onhl beenmbinediirea varety of WayenSCce X cept

t he di agonal elenents a ua zer and the di l., el t f
di adi( L) gameecmpn%arpﬁ{w%& and oo petmitot £ egief on (55

Equations (56-§4 p?,q% I tbhéndahllPinspiéd viafis. Si nce
5 ni ne categori esp ar a&ﬁé %o?ﬁ%leguﬁﬁmgmaﬁﬁgr mut a?l onsﬁarg p055| bl e.
Mappi ng aafdhitestaie i.e. Ed[haomtiik)ralsotdppiy topthe mappmgmclmwnam €i nspi red
static architecture e. Equatiogns (45-53 y, |ng

ar chi t ect mmneﬁmofp'bmrmre §S‘-‘611be&ﬁ-ﬁ amatEx e dé% Sa(éb'%l&ra??ga

Equati ons i A mendion n%ta%n%ﬁ%onsxstent we rewrite the nine categones of weight update

10 rules of this invention for the mapping architecture case. First, redefine L as:
L = fu)g(®)T Equation (74)
where the dimensions of f{z) isnx 1, and the dimensions of g(P7 is 1 x N, where

N = (L'+1)m + N'n in the notation of Equation (42).
Then, the following categories of weight update rules can be designed:

15 W - N (o] - L) Equation (75)
W = (0] -L)W Equation (76)
W = nnoy-Lyw ' Equation (77)
W = n(diag({L|0]) - L) Equation (78)
W = n(diag([L|0)) - L)W Equation (79)
20 W = n(diag((LI0)) -L)W T Equation (80)
W = n(diag(IL|0]) -L) | Equation (81)
W = 1 (diag([LI0]) - L)W Equation (82)
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t he di nension notation consistent, we rewite the nine categories of weight
update 10 welgmso this invention for the nmapping architect uPETRSIFI30B] I St
redefine L as: L = f(u)g((D T Equation (74) where the dinmensions of f(u) is
n.x 1, and the dinmensions of g((DTis | x N where N=(L"+l )m+ Nnin

the notation gf - WT oh44)\w -Then, the follow ng categories Biuatidn(8s
update rul es canF@e e(S| gr%eg?) W= rl ([110] -L) Equation (75) = 11?[I)I0]

8 V\/EEqu?f[ [ on(é?G) 2“‘QSW (Tgi;l 1(%& 0] thg) Wh;' Equation (77) W= fl (diag([LIO])

- quati o RS (75C8H)ag (4 the f whe AoMber thal siapyafl |
-L)W-TquaHnon(ﬁ%gO)s_‘N: flﬁdi ag([LIOO] dﬁi&f%uag ireg)ﬁn%(%l) Wa.:m'.i'gl'( g?a%([_LIU]Oi)
- L) V\Fquatl( ggura@l ﬂE;eproms. 931&5@9&@7 et 1(r 1)Sepresgus inverse transpesggand (digg(L) Lisw - T

uation In uat i, -83), t] | he,. d ion,

o3 number 4 flRgoRRl AR hets Al FgEnS eppehe dccinRir ElepRrCheT saiflig e ©
reDresf“tS 'é}:‘ﬁ%éﬁiatggﬁase‘?&ﬁ ts ﬁf‘% (B9 (dre eiﬁal tethdsaepngl . ThE howativh efral |

el ements except the~diagonal elenents are equal to zero 5 and the di agonal
el enents of siferg(ds neu-squae alatrixoof dineasiof nix N chimposed af pesitiyd mahbenalpha s t o

tims ¢ Egaﬁesim”?sf et mgerat P o AR HRePaT i PO RES St SERe e B8 £
g agonal el HEAE oith bt “ctRluioh Biafiet SGRAARE Udfondl APhtgRIN

col ums f r ony k n suBfatrix0 6baingd dpttakiyg thedirst yoolynnisifrom ab er Bges @& quantity or
more sanples. W-T signifies transpose of the pES,EUdOi. verse of é‘t}ﬁ
non- sd0ar e nsignify time-averagerover ene.Ar more samalase MEquis ﬁ%sWSPPFﬁ e

?ZC\: ralized ;\’é’e% DinD&s8 bE %e%%fs%w\% kx| ACL 6ROt hat hepade hatidifs otPdat €
this generalized W can be straightforwardly factored out in terms of the update laws
for the components matrices D , C , C, ,and 4, .. 4, .

Real ti I ! .

15 The architectures and procedures described above can be augmented with
additional techniques to improve the signal separation and recovery procedures.

The unmixing (or, adaptive network weight) matrix entries may be updated for
single instants of arbitrary data points calculated or obtained. Although by this
method of application, it is possible to achieve real time on line signal separation, the

20 method is also highly prone to errors since it allows a single point to alter the
trajectory of the evolving solution. Another procedure for updating the parameters of
the separation process applies the criteria to the entire data set, or selected data points
from the entire data set. This method lacks causality essential to practical
implementation: The related adaptation process does not progress in time or per

25 sample, but utilizes the whole data set, including values in superseding instants.
Moreover, a constant, static mixing matrix is assumed to apply over the whole range.
Although this method is somewhat more robust than the first, it is essentially an
offline method not suitable for real time signal separation. Furthermore, when the

assumption of a static constant matrix is incorrect, the accuracy of the unmixing

30 process suffers.
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for the conponents matrices D, C, CL, and A, ... AN, Real tine on line
par ametg{J gg?qggdatipn 15 The architectures and procedures geyusofexsabove
can be : % nted with additional techniques to inprove the signal
separation and recovery procedures. The unni Xi n% (or, adaptive network
\é\l&l ght) matri x|Obntimi1cam mulyithyeaded ddepsationr FIGYRE1O shaws &i‘ﬂlgu’é?adﬁﬁibi trary
ata points cal cul ated or, obtai.ned. Al thou ' it
appl i cat i 8#APIALON HIOFRIERS tﬁeé(erlagsxgg isgpfgattx%ﬁrgg ?%%g (H;Irl"%§ Ibfa%&ls?iag’r?g{m gggar ation,
the 20 ”Eg%hgr%vérﬁ rpala%?et@ ﬁhﬁ%ﬁ H¥relifoethE BKElildode sistainkl tvoretsi ngl e poi nt
to alter | aj ectory of the evolving solution. Another procedure for
updating phRnjeterastimetion. OEachireetanglp zepaesents greparation BResesAtWE criteria to

the entire dat t, | ected dat i, . f '
'S e hgqgiﬁa%gi?@wgénoﬁ%;? paramesgts B proaieed R Rk ledihe oL
rel ated adapt ati pn f: ' '
u%ﬁ] O@teeagéﬁgﬁz gx% Hﬁ?;%?% s Bhe ﬂ{aﬁt&z gfd%e§s', fHR separfién resbits Rl €, but

utilizes & I ng va I n Superseding instants.

MOr eover , ywhiQPars rdstirtedsamt brie ofinoreglavaiprocesses. assumed to apply over the
whol e range. Although this method is sonewhat nore robust than. the first,
it is essenti alThusaheachipointie tims; HEE isanors thanMlePrpesssy 88 FERFHONS gnal

separation. FEurth wh h ' : | '
o mor r et figgh bt ace JFrored  Dep R ¥ig Spotealioh, cnpRIEAOER T
98/ 53450 REL/ BSR4 188 VAric W vyO U Suppdst) foh exanpld, amoyg sepamted SERALRE 10

shows mul t1t"hr eaded adag?atlon processes. Several signal separation
processes onbya siaglnsignahpbinterest needseto begsiimatedn dn that 535 @&m‘s‘é{B@P}Fi%n and

reduce the |ikelihoo f _sustajned ji.nc : L&heoNn. Each
rectangl e ‘T‘Wé’é‘é??ﬁ%g‘égg’é%}zﬁ? pﬁ@“ﬁb@c@s‘é&%iﬁna?ﬁgﬁ@& “g’é‘.”ﬁﬁ‘{eng 0 logac haC
process, tﬁé;gceggflg{{ﬁg SleSgRdred.| I driofer eR&mpROthededundantior slave)proeesar

appl i ed. each point I'n tine, there is one master process, .the separation
resul ts frresaltswhayche comeparepwithdbigsefraan gheomasterpipeess pad/er §\°6€9§§b%t. ®Thus at

h int intinme, th ' h '
o uhi CIHBeETPEBtSIBAD RO N5 TG COL R A pricas L Aatalauhg (esults

out put 10sef&¥g{e§>em iaiiEati’onVlﬁiliﬁt@Ic}f (35 d9dEWhén P privess shouldeexpirel 3Vhamong

separated sign only a single signal of interest neeafl&o be esti mat ed.

In that casmastehproeess@upiteshe skave process takes its place. InFIG , at time index
t,, process 1 expires. At that point, depending upon the quality measure of their

separation results, the best one of the other three slave processes may take its place as
20 the master process.

Formation of a data buffer or set (long stack) to be used for parameter
adaptation. As discussed, the application of signal separation criteria and computation
and adaptation of separation parameters are executed on either a single data point or
on the whole data set obtained. Both of these are of limited use. In the case of the

25 single data point, it is possible and probable that a single or a series of noisy points
would change or divert the trajectory of the adaptation parameters from their ideal
solution. On the opposite end of the spectrum, applying the separation criteria to the
whole data set is often impractical since (i) the storage of every data point may not be
possible and (ii) the latency created by the processing of all data points may be

30 unacceptable.

For this reason, the present invention involves the creation of a real time on

line running time window the size and contents of which can be adjusted depending
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master process that optimzes the quality of that signal of interest,
wher eas \Wph@/sgespr ocess results are ignored. | n another exaR@IAS%/13es1
redundant (or slave) process results may be conpared with those fromthe

master process and/or those fromother 15 sl ave, proce . (Da.access the
success oMpem¥prieUsFaleHa WP%F‘&EE%’_E, e(%“‘évaﬁtﬁé‘f‘!s' 5??3“%%?’ h?s’t%eth%est
2 2 B nRhlsor R phrbullPEARAMOR TR CARBROVONd gerleraip easuithien &

mast er pr ss expires, a slave ocess takes its place. In FIGURE 10, at
time i ndexhe lebel diis@6@ss ofithe spparation dktdisdraninptidmprocesspsunli pagamesers ashe

quality neasure of their separation resujts, the best one of e ot her
three sl apewsr spastumsofithe meagured PES“'@’F‘@E“é{ %gnalszétapﬁgcq}ﬁgpﬁ?ntgrog Ss.

For mati on of at a buf . sety . hmaf ranet er
adap* at i oifSP#Y egpgwggtg%cfgﬁgﬁéls,acgﬁe iétugﬁqobygg S| gna‘llllg &s%&ﬁgggéﬁﬁﬁgi teria and

conput at i GRocea dTREIRRAR AtdcR I besembdingd inra siomgerdecs, adigitaboransleg on ei t her
a single data point or on the whole data set obtained. Both of these are

of |im t edecsdingimeditmw. case of the 25 single data point, it is possible and
pr obabl e t hat singl e, or erie f ' ' or divert
the trajectory o %%‘38??‘8&%‘83%Ré@é’?‘gﬁ?of%ﬁn’%t'?h‘%%%‘§£a|_ so(_? uti on. On
the Oppowsﬁ@a@&ee&fama. m%mamgm@wawa ehis e b dere is by simplg t o t he
whol e data Set 1s often inpractical since (i) the storage of every data

poi ¢ nBy ebiminiting fpamshetataaetthé pldest data peintsn hivmey bedopy by ganyRistBg si ng

f all dat | 30 t.abl e. ' t
nvent i on 4 ABOIVAR! PHAFIQLYPEAREK seoroR iRV 1T, FIGERE 1 R 0w
the size MLEYES Qhstdh Glies hehackalist Gifla des o it GuP EFIPO) 8R6EB8450

PCT/ US98/ 1 upon-various criteria iInposed upon the neasured signals,
separ at ed @ingtfadtand datatdequisitiomprocess t The shadedfegidreindinatesdhe eontemppf cat i on.

These criteria would generall asure., the,level .of s

separ at i orthg ﬂoﬁ%kilm%ﬂaﬂ‘%’n %’P‘geéé@?{" tupe ﬁp‘b’af‘éﬁ%f‘a?s“gé&g%%%g{ Sté'%g‘ct rum of
t he peasur 4 £qySy is 12 tBeybhae Mis poit, thE bidéstodatd st id

sepé‘ggt ed g&leﬁg%@@fgg Si g‘rq’g‘;hgtgalglrhsbgﬂguieggd blé?hﬂ(;“’hurran user of the

separ at i ondeléted Goasthe Stnek) dioge tiatthis isasimplifiechilswmation of the inventigeardkyvi ce, a

digital or analo recordi dium _.The cont.epts.of the, d be
O e oo B o Pl B ISR e 268033l
strai ght T ornarde YA plograin Ba¥ed¥n dNAvértioR o seltitg a data set:

1. Set the length of data stack.

20 Initialize parameters of signal separation.

2
3. Obtain the set of measurements of the current time instance.
4 Is this a useful data set or point?
No — Is it desirable to perform separation on this data set?
Yes — Go to step 6.
25 No — Go to step 3.
Yes — Is the data stack full ?
No — Store data point as the most recent data point.
Yes — Discard oldest data point store this data point as the
latest.
30 5. s it desirable to perform separation on this data set?
Yes — Go to step 6.
No — Go to step 3.
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10 elimnating fromthe data set the ol dest data poi '
_ _ _ : points. This may be done
?)1/ CO”M&*/&Q% a first infirst out (FIFO type stack aBCS‘hISﬂN%;Oﬁl FI GURE
. FI I"1"'shows one enbodi ment of a constant width long stack based
on a first in first out (FIFQ stack  construct and data acquisition
ngezz. Tha ts_r(aded le rthe pignalfeparatioRPIOSEIWAt s of the |ong stack in
se. Unti] sa e tine = [ '
| . ek d. 15
When sanple ti nJe = wtﬁ‘ﬁgag?é‘&fg\l{%ﬁ%{gf)%tﬂ%&%(t)ozrgt&% iéﬁ';t)oi np%gﬁlﬁ?’g}fﬁdest dat a

set is deleted fromibhbasst teldataNpdck. that this is a sinplified ill [

. . * t
of the invention an the stack may not be of FIFOt gpor of. consu;n{atlon
width. Thef pr ocgdur elfichtakpoing 1macl@da¢rwﬂ1@t®ﬂieéuﬁ9eé§,9g eFSRUFUPRPIORTSS-
invention for selectjng a data .set: | . Set the length of data stack
2.1mitialize pa?-anetférsgp%?t‘@ﬁqéﬁf@%zgr ation. 3.(btain the set of -
rreasu’r?errents of the ﬁgr_!;eg t6'sﬂ3§ lfinstance. 4.1s this a useful data set or
point? No --+ Is it desirable to performseparation on this data set? Yes
-+ Go to step 6. 25Yblp— Is iEdesimablettepedice viagk size? | s the data stack full ?
No -4 Store data point as the npst recent data point. Yes --+ Discard '
gl destbldata poi n]E store tNPs"dQloaMﬁEﬁpﬁr as the latest. 30 5. Is it
esirable to perform sepa LOBAB stdpi s data set? Yes --+ Go to step 6. No
--* Goto step 3. 29 WO 93?&84?8 EC%TC?US%/ 13051 6. Performthe s}{ﬂnalo '

fggﬁ? ation procR@spessible toliftrbdhice laescies insethelprocess, thetiinone May oMK Ehe he

ts of the separation roc in th ' i
Feached, excatlbef Werignabispeben prpHRAL AL A PU P et Ut o e fAREARME" 1 S
separati oni n% taa§1 l; es,fra érotf\Xr;?thlébs mhble%oﬁt%één@l? available. :

Stochastic or deterministic selection of a subset of elements (short stack) from

the long stack for application of adaptive parameter estimation criteria. Prior to the

15 execution of the signal separation and discrimination algorithms, in particular, prior to
the application of the adaptive parameter estimation criteria, one needs to select which
data.points from the long stack to use. A simplified illustration of the concept is
shown in FIGURE 12. FIGURE 12 shows an example of a constant width long stack
based on a first in first out (FIFO) stack construct that is seven elements deep. The

20 shaded region indicates the contents of the long stack in this case. Until sample time
=7, every data set obtained is stored. When sample time index = 7, the stack is full.
Beyond this point, the oldest data set is deleted from the stack. Two elements are
selected from the long stack to form the short stack at each process time index. These
elements are shown as black squares.

25 No such selection is required if one uses either the latest set of results and
measurements or the entire set of results and measurements. The latter computation is
noncausal since present outputs will depend on future mixtures. Hence the latter
computation' can only be performed offline. As already presented in real time
execution of the signal separation and discrimination algorithms this is often not

30 practical.

It may be desired that one uses a select set of the entire data stack available -

either by deterministically, randomly, or pseudorandomly selecting a set of points
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Yes -- Is it desirable to reduce stack size? No -+ Go to step 3. Yes --
to step yhookidgddo | S Possible to introduce latencies into tPETPSeHENS] that
is one may output the result of the signal separation performed on sanpl es

obtained prior to the current time  instance,. rather t he sanpl.e_ nost
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or deterministic process based on original and separated signal and mixing

characteristics at the time of the computation. Computations of updates for the
network may all be causal, i.e. the present value of the output depends only on present

20 and past values of the mixture.
FIGURE 13 shows the application of the separation criteria using a set of data

points (short stack) from a long stack which contains all relevant sets of data points,
measured or computed over a window of time. In FIGURE 13, it is shown pictorially
the construction and elements of the long and short stacks. The long stack is N

25 elements wide and M elements deep. The functions are grouped by their time index k.
There are N time instances which contain M results of the computation, including the
measured signals and the estimated original sources or the separated signals, the
results of intermediate computations, and various functions thereof. The contents of
the long stack represent a moving window or history of measurements and

30 computations. The most recently measured and computed data points are appended to

the stack entry with the latest index whereas the least recent set of said points are
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Recursive procedures for adaptive parameter estimation. In a variety of
20 applications, especially when high accuracy of the separation process is desired, one
may recursively apply the signal separation process, that is the outputs from the signal
separation process can be treated as inputs to the next separation process until desired
accuracy is achieved. Each successive process of separation may use the same or
different model, architecture, and parameters from the previous process. This method
25 may also be combined with other real time on line procedures of this invention, such
as the multithreaded adaptation procedure.
s udio signal . licati
For speech, speaker, and/or language recognition and processing, given the
computational challenges associated with these processes, or due to objectives of user
30 privacy and/or surveillance, it is desirable to obtain noise free clear signals, e.g.
speech segments that are uncorrupted by noise, environmental sounds, and other

speakers. The signal separation architectures and algorithms of this invention may be
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integration towards realization of the whole system on a single chip. FIGURE 14

20 illustrates the application specific system in the framework of the hardware
accelerated implementation option shown in FIGURE 8.

FIGURE 15 shows three audio input interfaces to the DSP based handheld
device that may be embedded into the microphone-DSP interface. On the very left is
the prevalent interface to a microphone 1502. Microphone 1502 is connected to an

25 A/D converter 1504, which is in turn connected to a DMA (direct memory access)
channel 1506 and DSP or voice processor chip 1508. In the middle it is shown that
microphones 1502 in a straightforward way, as is the case in FIGURE 14. This may
use another A/D converter 1504 and perhaps more importantly another DMA channel
1506 of the DSP or processor chip 1508. On the very right we show a potential way

30 in which this impact could be reduced using a multiplexer 1510. The select signal to
multiplexer 1510 is not shown, but it may be generated from the sampling clock in a

straightforward way. Note that in the case of the multiplexed input, the impact on the
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mul tiple versions of speech (and other) signals. These nmay be the m xture
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signal s or 'speech segnents. These segnents will contain |ess noise and

ot her sources of interference than the 5 original signals picked up by the
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single chip. FIGURE 14 207illustrates the application specific systemin
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chip 1508. In.,the mddle.it is sho hat .. m ¢roph 1502 in a .
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the DSP or processor chi e very right we show a potential way
30 i n whi céonivhiter IatBde¢dsomtput channedil fi28chndgithey cutputs 16232. e édthoagh §1.is The

| ect si | t ltipl 1510 | t sh but it b ted
From the Sty Brbb ns Sat SPAS BOF SrRPe RaICIoRbend R Perd bid cace of
the mul ti playrsdr. BPMEL ahRndriRd Giraslenidne siddlar to the one shown in FIGURE 17

20 would be desirable to pick up sounds from all directions. Some of these directions

may be disabled. This smart microphone contains microphone elements 1605
depicted in its schematic in FIGURE 16. The device is minimally capable of audio
signal separation and recovery tasks. Additional features may be added by
programming these features as well onto the digital signal processor. This device may

25 be used as a replacement for ordinary microphones after being pre-programmed or
used in new audio interfaces that exploit its flexibility by online programming.
Although it is drawn larger than the conventional microphone to illustrate its
components, it may actually be of comparable size or smaller due to its high level of
integration.

50 Microphone technology and microphone arrays. A microphone is a device that
converts acoustic energy received as vibratory motion of air particles into electrical

energy sent along the microphone cable as a vibratory motion of electrons. Once this
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m cr ophones after being pre-programmed or wused in new audio interfaces
that exploit its3fl exfreihdncy résponse dffiaxis sagieoas(l hgut ofitheheffghisi t is drawn
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Is a device that conver acoustic energy received as vibratory notion of
air particles inso el gslf noiselor tisnimhepentroise keveing t he ni cr ophone cable as a
vi bratory notion of electrons. Once this

20 6. distortion, in other worgs, the deviation from a linear response to
acoustic energy
With the exception of a few exotic types based on heated wire or a cloud of

jons, all practical microphones make the conversion of acoustic energy to mechanical
energy via the mechanical vibrations of in response to sound waves of a thin, light

25 diaphragm. Generally this diaphragm is circular in shape and clamped at its
periphery, although other shapes do occur and including the thin ribbon variety
stretched between clamps at each end. It appears therefore that the energy conversion
in microphones commonly takes place in two stages, albeit simultaneously: acoustical
to mechanical and mechanical to electrical.

30 In the first stage, the two main ways in which a microphone of any transducer
type extracts mechanical energy from the sound wave are pressure operation and

pressure gradient operation. The distinguishing feature of pressure operated
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vi brations of The seeensbstage may ¥s7:d Yangty Of e@ptrg:a[]g,@%atp; B‘H’PC‘EQ% COMFSgm

General |y, thi.s diaphna | | reu A : '

peri pher é‘,’e %q%g%adﬁeg{aﬁgﬁi %ﬁeg%ye{sb éclg&ggécluermgﬁﬁ | 2@1"8‘%}. ngegﬁgattﬁ)ﬁ ri bbon
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pressure operation g4lconductor in an electric field generates an EMF causing flow of
current in the conductor
2. ribbon microphone based on the same principle as the dynamic
microphone, where the ribbon acts as the diaphragm and the conductor
20 3. condenser (capacitor or electrostatic) microphone based where the
transducer element is a capacitor which varies based on the vibration of
the diaphragm
4, electret microphone which uses a polarized or neutral diaphragm with
| the fixed plate coated with electret material (back polarized)
25 5. piezoelectric microphone using crystalline or ceramic materials which
possess piezoelectric properties where vibrations of a diaphragm are
transmitted to the bimorph (oppositely polarized slabs joined to form a
single unit) by a rod giving rise to an alternating voltage at the output
terminals proportional to the effective displacement
30 6. the carbon microphone, used in many telephones, which uses granules
of carbonized hard coal that when subjected to external pressure

variations will cause their areas of contact to increase or decrease
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t he conduc on ni crophone based on the same principle as the
dyngni ¢ m cr oMicrumachiredeapamtive micraphanes. Most piticon mieronbenessee based
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30 6. t hesitigbheRipsioe baekingke, chirseOnithe backplateawusinbeles arei formed by usg el es
anisotropic etching. The diaphragms of the silicon microphones can be thin Mylar
foil, polyester, a low pressure chemical vapor deposition (LPCVP) silicon nitride film,
etc. For the two chip structural microphone silicon direct bonding, anodic bonding, or
20 polymer adhesives are used to assemble the diaphragm and the backplate. Such
assembly progress always involves laborious alignment procedures, and given that
most bonding processes also involve procedures that affect integrated electronics and
change the material characteristics it seems that microphones with single chip
solutions should be preferable.
25 The fabrication process sequence of this microphone uses seven masks
including silicon anisotropic etching and sacrificial layer etching. It is claimed that
diaphragms with corrugations have several advantages for the design of silicon
condenser microphones. First, the corrugation reduces the intrinsic stress of the thin
diaphragm which results in higher sensitivity. Second, it can be fabricated by use of a
30 single wafer process. Acoustic holes are produced automatically after the air gap is

formed, i.e. the sacrificial layer is removed and the diaphragm is released. The
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¢ e terial
char act eri st i cBelatedgreenssingaechmiques ghaligmsfeatures en thefront gids Or%éd’f’n%ﬂ ©ns
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i dFophon@%%‘é’é‘%B%%ﬁ’d%j?ﬁg %e?nn%l "(':riﬁ%\%%s}i%@%ﬁ@ﬁ?&%ﬁ%%&?@gpﬁ% and
sacrificiglg hang 3@ upisd\thre id 1.5 Jﬁhahiﬁk)idifabﬂxfagnfﬁaa%ﬁ&gﬂ&nvﬂitghmnf rugati ons
have several advantages for the design of silicon condenser. m crophones.
First, thpateonr Attheisamertimie thas theradignmept diaphragmy isqnadss mugh thigker, large-

area diaphragms can be partially etched using "mesh" masking patterns in these areas.

The mesh-masking technique exploits the etch-rate differences between (IQO) and

20 (111) planes to control the depths reached by etch pits in selected areas. The large,
partially etched diaphragms (2 to 3 mm squares) are sufficiently robust to survive
subsequent IC-processing steps in a silicon-foundry environment. This reported size
will decrease with the availability of smaller feature sizes. The thin alignment
diaphragm can be processed through these steps because of its very small area. The

25 partially etched diaphragms can be reduced to useful thicknesses in a final etch step
after the circuits have been fabricated. This technique has been successfully employed
to fabricate microphones and on-chip CMOS circuits.

Use of micromachined piezoelectric microphones creates the opportunity to

build electrothermally tunable resonant frequencies. Specific devices with this

30 property achieve resonant-frequency modulation, f;, via the thermal expansion induced
by on-diaphragm, polysilicon heaters. A near linear decrease in f,, with increasing

resistor power at the rate of -127 Hz/mW has been measured between 20.8 and 15.1
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di aphragm whi ch results in higher sensitivity. Second, it can be fabricated
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etch step jableh otf*&?%f‘f E{[Srgxw"f&éixpﬁ?dﬁloﬂ@@& habsligatbmaller srripéimengionshas been

successful I'y enploye I cate m crophones and on-chip CMOS circuits.
Second, so far there has been little need to pack microphones very closely since the

20 primary motivation of building microphone arrays is to provide the necessary input to
beamforming algorithms, which, due to the large wavelength associated with most
audio signals (0.1 - 1.0 meter) require large separation of microphone elements. For
example, a one dimensional microphone array used for identifying speaker location
includes 51 microphones are arranged in a line with a uniform separation of 4 cm

25 across a distance over 2 m. This arrangement provides selectivity without spatial
aliasing for frequencies up to 4000 Hz.

Only with the advent of technology and new algorithms, with the
understanding of the workings of the inner ear, we now have a reason to build
structures resembling the inner ear, to do the kinds of signal processing needed for

30 truly smart audio interfaces. From this point forward in this description, the term
microphone array is used to refer to compact structures, less than 5 cm in any

dimension. At this size, a single device or interface can contain the array and there is
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20 testing, and one-time factory calibration in order to generate reliable measurements for
diagnosis and control. Such one-time factory calibration, however, is not sufficient
for generalized use due to, e.g. radiation, device aging, and temperature variations.
Furthermore, when one considers tightly coupling similar and even disparate MEMS
devices on the same substrate, external fixes to the problem would overcome the

25 advantages of miniaturization afforded by MEMS.

This application of the invention uses integrated adaptive systems alongside
the acoustic sensors because it provides the ability to modify the relationships on or
offline in the presence of anomalies and nonlinearity. In addition, using modular
design structure renders the augmentation of the signal conditioning system

30 straightforward.

Digital signal processors. There exist many digital signal processors (DSP) for

audio, speech, and multimedia applications. It will be up to the tradeoffs in a
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coupling gim rrectlon St cijes?g\ﬁeer}ro% Bgf%;eaﬁ)%y Q@\ﬁ\ysxcally committed. Moreover, it also

gives a fairly accurate performance estimate provided that the described devices can in

20 fact be physically realized.
Programmable logic can be an integral part of the related development process.

A programmable DSP core (a DSP processor that is designed for integration into a
custom chip) may be integrated with custom logic to differentiate a system and reduce
system cost, space, and power consumption.

25 Signal conversion, conditioning and interface circuits. Signal conversion,
conditioning and interface circuits are readily available as discrete components, e.g.
A/D and D/A converters, memory IC's, timers, op amps, filters, etc. For the sake of
rapid prototyping and programmability it may be desirable to use programmable
devices, both analog and digital.

30 Many digital (field programmable gate arrays) FPGA vendors are offering
increasing complexity and gate and pin count devices for programming. Further

reference is made to reconfigurable hardware in its various forms, which include
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What is claimed is:
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0 hnade

refetence is al 0 anal og programmability of  hardware, e g

El ecd i calgohifRRee, Anesiphal séperhtinn @chitesitaredefnmg a refationshipdetvietPIAE ageous to

conbi ne anal og, digital and m.xed sjgnal.progra b&Sthetd cust om

el et r oni dnpwdaignalsandthe BP@Pbs‘g%aﬂﬁéhgff‘ﬁguc&?Rﬁ' ag@éo&sgﬁﬁ nay ciz,aéﬁllﬁt;s‘{‘)hdbe

beneficial,.to pursue mcircuits and structures that can ultimtely be
Vi i APt

i nt ébr at ed"™9 ngsi de acoustic sensing devices. The foregoing
desgsiption of daty/sratéssor forsothpatinga eate of cange forrach sises vagying

illustration and description. It is not .intended to be e ' to
| i mit3 the parametat arghthe gime yarying PREANGLES 1R f%ﬁPQ{é?"g‘Qég? ’%)Sf%% ,L“ys?r’%%"d
nodi fications and.15 vari all | be apparent to practitioners skilled
in this arwtﬁF?cri\témFH?gHbéﬁ&?ﬂgﬁeq g scope of the invention be defined by
t he 5‘,%0' | owi ng ClagioEput PEbdekidr foraguiputing the outphtsignals based waghe signaly \\p

16
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separation architecture, the constant parameters, and the time varying parameters.

1 2. A signal processing system according to claim 1, wherein the plurality
2 of sensors are arranged in a sensor array, the sensor array having a directional

3 response pattern.

1 3. A signal processing system according to claim 2, wherein the

2 directional response pattern of the sensor array is capable of being modified by

3 performing signal processing on the input signals.

1 4. A signal processing system according to claim 1, wherein a quantity of
2 the input signals and a quantity of the output signals are not equal.

1 5. A signal processing system according to claim 4, wherein at least one
2 output signal is a function of at least two source signals.
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PCTf US98/ 13051 CLAIMS 1 1. A signal processing systemfor separating a

pl uralitwoos/sgasput signals 2 into a plurality of output spgpkssnzpbe | nput
signal s being conposed of a mxture of a 3 plurality of source signals

t hat have been affected by a nmedium the source signals 4 being associ ated
wi tth a plural Bty of? Sispplddgcessing system accardifgioclaim 4.iuhereip at feaskowy ce 5

si gnal s, : CRIPSIRIJFY: ral ity of sensors for detecting the
i n%ut Si Shgblgtsgl@&gg}storagdelﬁge?\%i%@e%g‘rgllcrges%ﬁbi ng and storing the input
signals; 8 an architecture processor for defining and conmputing a signal
separation 9 architecture, the signal separation architecture defining a
rellati onshi p Het wedhsignal procassipasysiemsrerdingitotdainolitwhereisithmal s, t he

rel,at i onghi i s and, 1.l t] varyin raneters;
12%an upaipButone SORA ABhall N BREA SIS oB A piutaity b FEert ) R0 HBF o var vi ng
13 3par amgystemand the time varying paranmeters in response to the rate of

change associated 14 with each tine varying paraneter; and 15 an out put
processor for conputing the output signals based on the signal 16
separation arghitecture, the constant pargneters, and the tjnme varying
paﬁarret ers. ZS'A srbﬂﬁvﬂmf%%éggsﬁbst%'%{g@ﬁg@éaﬁiw EEHIRtE 1, wherein the
plaralit : L : array
Rt ng o orPate SRAPUPuPLENAS IAERFAIY ot oF RAS e T gl BEFAR L T
acéor di ngutput sigralsnpeevionsly siceived inphit dignels; amhprevioaslywoagpueal sutpwr of t he
sensor array is capable of being nodified by 3 performng signal

pr ocessi ﬂé"%ﬁ the input signals. 1 4. A signal processing system according
to claim1, wherein a quantity & 2 the input signals and a quantity of

t he out put signals are not equal. 1 5. A signal processing system according
tolclai m 4, wherei A signdl pasdessing system at¢osdingitgany ohe ofickhline1i8on of at | east
t sourcg signals. 43 W) 98/ 38450 PCT/ US98/ 13051 6. A signal processing
sy4t em aWEBEHT thG Stepalseparatign Peiire igdefiped;by afiate snace rapreseptatior ar e

fugct i OnghaPéstdbl RS PAGSnshipWBiilveen the input signals and the output signals.

1 »10. A signal processing system according to claim 9, wherein the

2 computing of the output signals is based also on current states of the state space

3 architecture.

1 11. A signal processing system according to claim 9, wherein the

2 computing of the output signals is based also on previously computed states of the
3 state space architecture.

1 12. A signal processing system according to claim 9, wherein the

2 computing of the output signals is based also on current states and previously

3 computed states of the state space architecture.

1 13. A signal processing system according to any one of claims 9-12,

2 wherein the state space representation is mapped onto a finite impulse response (FIR)
3 filter.




1 7. A signal processing systemaccording to claim11, wherein the 2
conput i ngook/ss4se out put signals is based al so on a plural i pgT/USIYIIDSEY Nal
states of the 3 system 1 8. A signal processing systemaccording to claim

1, wh in th ti f th t put sj. | i b d al t | t
ondof the i otk o el Brofessing sy fiehbaceardifb Ry Sad SRR $1200 00 1 nout
sigpal s, v@l%il%jﬂrtﬁé’ &t%%h!cecr@gﬂ%rﬁﬂi&ﬁs%’é péd Shid'k Bfindte Imphlse irépohsedr 0CESSi ng

system according to any one of clainms 1-8, 2 wherein the signal separation
ar chi t ect(liR) filer.def i ned by a state space representation 3 that establishes
the rel ati onship between the input signals and the output signals. 1 ;1.0.

A signal processing systemaccording to claim9, wherein the 2 conputing of

t he, out put signals S : @5:@5 \he space 3
archi tecture. i}a'lll.A}@?gﬁ%ﬁ%rﬁ%c%%g%%&g%?é{m a c%lr?é:j?ﬁfgﬁtngst %flg’i m 9,

whey ei N twikereinaheittifel spacenepiebentatidrpig tgeferglizddstoiasndiminear thing vanantpr evi ousl y
conputed states of the 3 state space architecture. 1 12. A signal

protessi fynetiat em according to claim9, wherein the 2 conputing of the

out put signals is based also on current states and previously 3 conputed
states of the state space architecture. 1 13. A signal processing system
accprding to apy ONR rdthéd fursEpating a plurdly F hpult SighkRtiatesPplatality of
representation is mapped onto a finite inpulse response (FIR) 3 filter. 44
VO D8/ 584B0pRGignaisothe 1608 Sighalsbeing edmprsed of s oxixtira gf 8 pluralityafsewgeng t o
any one of clai 9-12, 2. wherein the state space representat.ion i.s mapped
ontd an iwab‘ﬁ %ﬁ%%&aﬁ&%ﬁ%gm “t"i’lt% s?‘?’?? gllg'na% e ﬁsg‘f‘ﬁtﬁgl‘“&'

pr ogessi ngnaytit 0F Sur@s HhE Quipdt SigkaleRGtimAtisg Be¥oute binals; thémedod the state
space repreesentation 1s generalized to a nonlinear tine variant 3

fungti on.commBingA net hod for separating a plurality of input signals into a
plurality of 2 qufpuf si gnal s, the input signals being conposed of a
mxture of a plEFXIngthe BPULHEPAIS 3 signals that have been affected by a
medy um  the SoysGss fleIMAltSignaisng associ ated with

8 defining a signal separation architecture, the signal separation architecture
9 defining a relationship between the input signals and the output signals, the
10 relationship having constant parameters and time varying parameters;
11 initializing the constant parameters and the time varying parameters;
12 computing a rate of change for each time varying parameter;
13 computing the time varying parameters in response to the rate of change
14 associated with each time varying parameter; and
15 computing the output signals based on the signal separation architecture, the
16 constant parameters, and the time varying parameters.
1 17. A method according to claim 16, wherein the rate of change of at least
2 one set of time varying parameters is contained in an array having at least two
3 dimensions.
1 18. A method according to claim 17, wherein at least one of the arrays
2 includes a function of the outer product of an expansive function of a set of the output
45
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4 a plurality of sources, the output signals estimating the source signals,
t he met hwe dg/584361Pr i Si ng: 6 receiving the input signals; 7p&t/psdshdodine

i nput signals; 8 defining a signal separation architecture, the signal
separation architecture_ 9 defining a relationship between the input

si ghal s apepalsaranged in a §irsyone dimensionad agray and »eemprssiue fungtion o€ @ setrof

par anet er L: ' -nar ;A Jnhtializing the constant
parﬁmatertgegn ut%gg%l%{%&ﬁfﬁﬁﬁgﬁﬁ&n&tdéﬁésjb@%%uti ng a rate of change
for each tinme varying paraneter; 13 conmputing the tine varying paraneters
in response to the rate of change 14 associated with each tine varying
parbnet er; andl%5 cOrpethedgcaondingte plaim d bgwhersinghe signahsepatationgnal

par Aot eritcipeiise SaE bh Mrard SorkR 5 SR T SlaPseR fnd REptonilip; ' "0
chapge ofbe@\k,eénetﬁgynpuzs@ﬂgs%ﬁaﬂggoﬁtbggﬁigﬁwi ng paraneters is contained in an

array having at |east two dimensions. 1 18. A nethod according to claim
17, wherein at |east one of the arrays 2 includes a function of the outer
product of an pansi ve, functian of a.s of the. output 45 HI EFT HAS
BEEN W0 98/ B0 PRmobAcenine D oBi Iphoreiie irh A shange of ableas

di rensi ongle i8f §f¥imé Vskyth ERA i¥ Bohtdhiel i AraPhavihg 8f leadt thige out put
signal s ar rgasnge %Pn %’ys ond one ldi (r)ren{s?llgorlla?nar?ﬁy. x}g%fg-e A et hod

accdor di nglimengibms. m 16, wherein the signal separation 2 architecture is
defined by a state space representation that establishes the rel ationship
3 between the input signals and the output signals. 1 20. A method
aceprding o il M ASneiOPE&IRIhE %o it 28] whlteUR 10kt Sle b3 brrags ONe et Of
time varying paraneters is contarned in an array having at least two 3

di nensi oriacludesZilfunétiored fadowecmodict@fan exparisiveFlnctidnesfad set af theaagputone of
the arrays 2 _includes a_function of aﬂ out er_ product ,of an expansive

funtti on S8nals aeanged in y8rs ope dimensiangharay adasrmepressivenfunction obpset of
di nensi ongler i b@les AP thePsti PPARSTEN RchltOSirAfYRd 9 a Jeciill dBe dimensional

5 array.

.

] 22. A method according to claim 17 or 20, wherein at least one of the

2 arrays includes a function of an outer product of at least one expansive function of a

3 set of the output signals arranged in a first array having at least two dimensions and at
4 least one compressive function of a set of the output signals arranged in a second array
5 having at least two dimensions.

| 23. A method according to any one of claims 16-22, wherein a plurality of
2 the methods are overlapped in time.

1 24. A method according to claim 23, wherein at least one of the methods

2 uses a predetermined set of constant values or a random set of numbers for initializing
3 the parameters.

] 25. A method according to claim 23, wherein at least one of the methods

2 uses parameters computed previously by another method overlapping in time.
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4 internal states of the state space architecture arranged in a second one
di mensi omalbs/Se486ray. 1 22. A method according to claim 17 RCT/QSP8/1308Ir ei n at
| east one of the 2 arrays includes a function of an outer product of at

| east one expansive function of a 3 set of the output signals arranged in a
first array having at |east two dinensions and at 4 |east one conpressive
fungtion of a 5@t Of Jﬁ&ﬁowé&mingweﬁhﬁ 23! WhBERLat 18ast oAE 6P THE rAEthSds isS

havi ng at | east two di nensions. 23. A nmethod according to any one of

cl azns l@eRRinatederein a plurality of 2 the nethods are overlapped in tine.
1 24. A nmethod according to claim 23, wherein at |east one of the nmethods 2
uses a predeterm ned set of constant values or a random set of nunbers for
initializing t he . étauﬁ : ' | 3,

whe¥ ein at | ea%%’ onégggﬁgﬁégéﬁz?lﬁéé% 3@%9%}%%??Hgfﬁ&@e§h%w ously
by anot hegaraméteactompintddtppprediouslytterminatéd mthés/ 58450 PCTI US98/ 13051 26. A
nmet hod according to claim23, wherein at | east one of the nethods is 2
termnated. 1 27. A nethod according to claim 26, wherein at | east one

met hod uses th 2 r r A ' y I et m.nat ods. 1
28. t]An acousti ¢ si gﬁg@g&é@;ﬁ#ﬁg{ggﬁﬁ%@@gg}ﬁg%ﬁﬂgbégéﬁﬁ%@gaﬁgu%ﬂ urality
2 03 si gnetlstgral¥ idtca 91&1&* iof&‘ut?fxt ﬁFﬁay,tth@i@na&ignam Beinglieriposed)ofd s bei ng
conposed of a 3 mxture of a plurality of source s&gnal s that have been

af f 2ct ed mixtarerof @i phwrplitynaf sonrce signels thatdhaae betreafiestedby s imadiumygheh a
plurality of sour . the autput..sigpal,s 5.estinmating.the.source signals,
the4syste‘°?‘r’|“5‘ifrﬁﬂﬁrfaiﬁe%[.‘g %Ssa‘“ﬁﬁeﬁr“&ﬁ?3”‘6?‘5&885%’%9’ g}ben(ggp‘gt F#1* Yet ecting the
i npyit si o@hhting ke d0MRH sigal) MeSsystenbPEdhiprigpgrosed of a set of functions of
a set of the source signals; 8 a’storage device for receiving and storing

t he6i nput si gnapbiraliy afiacoustic sensorsifor detectingstbe irfpat sigoalsnthednputgignalsput i ng
an acoustjc signal 10.discrignation architecture,. the architecture

def 7 ning %F‘?%F‘g‘f‘??ﬁ_t‘? I?fﬁ_sﬁte‘fflv@_é%lqnﬁ@?Fﬁﬁiﬂt}ltf‘isqmﬁ 8ﬁﬂ$§; and the output
sigpals, the rel@atiQupbice fOa¥tdiding QRa sARinghAE APt GpRalgNd time 12 varying
paranmeters; 13 an Update processor for comnputing a rate of change for each

tin® varyi ng anarchitecture processor for defining and computing an acoustic signal

10 discrimination architecture, the architecture defining a relationship between the input
11 signals and the output signals, the relationship having constant parameters and time
12 varying parameters;
13 an update processor for computing a rate of change for each time varying
14 parameter and the time varying parameters in response to the rate of change associated
15 with each time varying parameter; and
16 an output processor for computing the output signals based on the acoustic
17 signal discrimination architecture, the constant parameters, and the time varying
18 parameters.

1 29.  An acoustic signal discrimination system according to claim 28,

2 wherein the plurality of acoustic sensors are arranged in an acoustic sensor array, the

3 acoustic sensor array having a directional response pattern.

] 30. An acoustic signal discrimination system according to claim 29,

2 wherein the directional response pattern of the acoustic sensor array is capable of
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14 paraneter and the tinme varying paraneters in response to the rate of
change awemsisgdsed 15 with each tine varying paraneter; anpci/Gsemiosit put
processor for conputing the output signals based on the acoustic 17 signal
di's¢crimnation archjtecture, the canstant paraneters, and the tinme varying
18 par ane P%.m"%‘f(’}id. byaprogessing:qtdhe ignals gﬂﬁ"%’&ﬁi’ﬁﬁ‘hﬁ?‘?%ﬁ“%?@ﬁ%%&%r ding to
cl aim 28,a&u¥@@§&g&%'pl urality of acoustic sensors are arranged in an
acoustic sensor array, ‘the 3 acoustic sensor array having a directional
response pattern. 1 30. An acoustic signal discrimnation system according
to claim?29, 2 wherein the directional response pattern of the acoustic
sendor array i 3l.capd asousticsignabdisgyimgupipnsysensygoniuso glaipe?hg modi fi ed

acost o SuREPd by bR I A SIGR e Bak T HE bR FRRE B tepsi o

accordi ngedual.cl aim 28, 2 wherein a quantity of the input signals and a
quantity of the output signals are not 3 equal. 1 32. An acoustic signal
di scrim nation systemaccording to claim3 1, 2 wherein at |east one

out put signal ks a functiqgn of at.|east two source sjgnals.. 1,33. An
acoEsti Cc si gnaﬁ'di sé‘l”i‘ﬁ‘f’ﬂgﬁ S&P"Z%_ﬁ‘éﬁ%@&ﬁé{?‘ﬁﬁ' ?cﬁofd"ggﬁ’néa’ﬂ?’ 2 wherein at
| eagt twopRereRitt 1645008 Sutpasignal s d AMStih of E'tﬂe&@'?@o%&%@?igﬁhl@.na' .1 34. An
acoustic signal discrimnation systemof claim28, wherein the 2 conputing
of the output signals is based also on internal states conputed on at |east

3 one previous_tinme,instant. .1 5. ,An acoustic signal disgcrimnation
system of cl ai #1128, ARRASPUSE signal élsﬁwtiméyﬁtF“kq‘?@gm%l?ta%‘Fbﬁxl s is based
al s9 on aj, '-%p#g 'f&?i tsi.gnal s,

previ ousl y%@@&%ﬁ%ﬁ‘?@%% a sz,n%an r??]g\??gﬁesﬁaéle?gprp%&tsé@agut put 4
signals. 1 36. An acoustic signal discrimnation systemaccording to any
one of 2 clai 28-35, wherein the signal separation architecture is

defiined by a st@te éﬁe?@@“s@ signst _g’sSEWF‘éﬂqt’(?ﬁ systsm fglaim 2% I’f\_é‘?r?iﬂg’e
rel ati onsgimn il Wrehe Sitpul SEHHs SivaSe aisP0f idtbhalstel Pothpated Bt ableast

3 one previous time instant.

] 35. An acoustic signal discrimination system of claim 28, wherein the

2 computing of the output signals is based also on at least one of the input signals, the
3 output signals, previously received input signals, and previously computed output

4 signals.

1 36.  An acoustic signal discrimination system according to any one of

2 claims 28-35, wherein the signal separation architecture is defined by a state space

3 representation that establishes the relationship between the input signals and the

4 output signals.

1 37. An acoustic signal discrimination system according to claim 36,

2 wherein the computing of the output signals is based also on current states of the state
3 space architecture.
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1 37. An acoustic signal discrimnation systemaccording to claim 36, 2
wher ei n waes/semput i ng of the output signals is based al so rOT/USS8/I8081 St at es
of the state 3 space architecture. 48 WD 98/ 58450 PCT/ US98/ 13051 1 38. An

acoustic sign dis rimnation gstemaccordrn q, wherein the
conputing of t @fo ‘éﬁ‘ﬁﬁéﬁ"@i Iscrypnagion sygte r?C%‘tr ’h'gsto amMb.st at e space

3 af chi t eghdief tﬁ@@&Hb@tﬂmQ&hﬁéoh@ﬂﬁﬁlgﬁmﬁxsﬁfﬁé’d R4S ohlsted SKthe Sate %ﬁé’@ An
acoustic signal discrimnation systemaccording to claim3 erein the
conput i nearcliitecture computed shghlkehst ons poavieus tihe instantt he current stat es and 3
al so the states of the state space architecture conputed on at |east one
previous tinme 4 instant. 1 40. An acoustic si gnal di scrim nation system
accprding to on I 30 .

rep]r)esent ati on I's néggédéggts?ngp?l?%lﬁ%w%ﬁ&lﬂ res h?é ) filter. 1

41.2 An aowhertinths t@npiting cfthe outpat digimls isHaeed sles oh theQurrent sfates@ng of 2
clainms 36-39, wherein the state space representation is mapped onto an

| nf3 nite atksq the states of dhe,wets spyce arghiteriure.computad on Ahleastoenstpreviohs)tiae

fr|n1 ARl system according to any one of 2 claims 36-39, wherein the
sta e space representatron is generalized to a nonlinear tine 3 variant
function. 49

1 40.  An acoustic signal discrimination system according to any one of

2 claims 36-39, wherein the state space representation is mapped onto a finite impulse
3 response (FIR) filter.

1 41.  Anacoustic signal discrimination system according to any one of

2 claims 36-39, wherein the state space representation is mapped onto an infinite

3 impulse response (IIR) filter.

1 42.  Anacoustic signal discrimination system according to any one of

2 claims 36-39, wherein the state space representation is generalized to a nonlinear time
3 variant function.
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